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WELCOME

2

A MESSAGE FROM THE

IFT BOARD PRESIDENT

On behalf of the International Foundation
for Telemetering (IFT), it is my pleasure to
welcome you to the 40th annual
International Telemetering Conference,
ITC/USA. This year's ITC committee, led
by the General Chairman, Bob Arnold, and
the Technical Chairman, Mike Mottern, has
again assembled an outstanding technical
and social program. The dedication, innova-
tion, and professionalism of this all-volun-
teer team is the principal reason ITC
continues to be executed with precision,
and for 40 years has been "the must attend"
conference for the telemetry industry.

This is a very special year for the IFT, marking our 40th anniversary
of promoting telemetry through our foundation and annual confer-
ences. The past 40 years have been a time of great achievement for
us, the most notable of which is our unbroken track record in host-
ing conferences every year since our inception with an all-volunteer
staff. On top of that, we have made a strong commitment to pro-
moting the art and science of telemetry within academia, establishing
telemetry-focused programs at five major universities: New Mexico
State University, the University of Arizona, Brigham Young University,
the University of Missouri-Rolla, and the University of California at
Santa Barbara. We are pleased with both the individual results at
these universities and the synergistic connections that have developed
between them over the past 40 years — all in the name of technolo-
gy innovation. Do be sure to welcome the students attending the
conference and take time to hear these future telemetry profession-
als present their technical papers in the various sessions. I am certain
you will mark the interactions with these outstanding young people
and their professors as a highlight of your time at ITC and will feel, as
I do, that the future of the industry is in good hands.

The IFT exists solely to serve the needs of the telemetry industry and
the telemetry professional. To this end, we continu-
ally solicit your comments on how we can bet-
ter serve your needs. Contact one of us at
ITC or through the "telemetry.org" web
site. Also, take some time this week at
ITC to relax, have fun, meet new col-
leagues, renew relationships, and
"recharge your batteries."  The ITC work-
ing committee has provided the opportuni-
ty to do so... take advantage of it!
— Ron Bentley

Ron Bentley
Board President

International Foundation
for Telemetering

DoD Notice
The Department of Defense finds this event meets the minimum reg-
ulatory standards for attendance by DoD employees. This finding does
not constitute a blanket approval or endorsement for attendance.
Individual DoD component commands or organizations are responsi-
ble for approving attendance of their DoD employees based on mis-
sion requirements and DoD regulations.

1st row (left to right): Mike Gaines, Bob Arnold, Barbara Oakes, Mike Mottern,
Thai Takeuchi, Rich Bailey, Sarah Miller
2nd row: Tom Berard, Sid Jones, Tammy Knott, Dick Fuller, Norm Lantz,
Beth Cooper-Joseph, Helene Hallczuk
3rd row: Chris Nixon, Sandy Rogers, Michael Rosen, Cliff Aggen, Ron Bentley,
Cheryl Weiss, Diana Bladen-Tufts
4th row: Keith Wilson, Chuck Buchheit, Steve Proudlock, John Jensen
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WELCOME

JOIN US!
On behalf of the entire ITC organizing committee, we cordially invite you to
attend the 40th International Telemetering Conference in San Diego, California.
This year’s program is focused on real-world telemetry instrumentation solu-
tions and the great changes sweeping the community as telemetry becomes
more vital to our everyday operations.

Invited guest Dr. James R. Schlesinger will open the conference program as our
keynote speaker. His kick-off presentation will provide stimulating dialogue on
management of the frequency spectrum. Dr. Schlesinger will be followed by a
group of distinguished experts in the telemetry field as members of our Blue
Ribbon Panel. The panel will address “Transitioning from Spectrum Allocation
Ownership to Capabilities-Based Spectrum Policy and Strategies.”  

This year’s technical program is as robust as ever, providing over 100 technical
presentations examining all aspects of telemetry real-world solutions, as well as
11 outstanding one-day short courses that range from the basics of telemetry
to performance-based sensor selection.

This being our 40th year of service to the industry, we are especially delighted
to be celebrating with an anniversary luncheon, where a seasoned panel of flag
officers will share 40 years’ worth of experiences from their test ranges.

None of our program agenda would unfold without the tremendous support of
our event sponsors, whom we graciously acknowledge below and thank for
their commitment and generosity.

Looking forward to seeing you soon! — Bob and Mike

DoD Notice
The Department of Defense
finds this event meets the
minimum regulatory standards
for attendance by DoD
employees. This finding does not
constitute a blanket approval or
endorsement for attendance.
Individual DoD component
commands or organizations are
responsible for approving
attendance of their DoD
employees based on mission
requirements and DoD
regulations.

Robert J.Arnold
ITC/USA 2004 General Chairman

46th Test Wing
Air Armament Center, Eglin AFB, FL

Michael M. Mottern
ITC/USA 2004 Technical Chairman

BAE Systems
Eglin Division, Eglin AFB, FL

Gold Sponsors

General Dynamics Advanced
Information Systems

L-3 Communications

Teletronics Technology
Corporation

Silver Sponsors
ACRA CONTROL

BAE Systems

Herley Industries

M/A-COM

Nova Engineering

ITC/USA 2004 CONFERENCE SPONSORS

Tha
nk

You
to All ITC Volunteers!

ITC continues to be run by an all-volunteer organizing committee, without whom the
conference would never come to pass. The Board of the International Foundation for
Telemetering wishes to thank all ITC volunteers, and the companies who sponsor them,
for their generous contributions to making this forum the premier event it has been for
the past 40 years.

Welcome
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ITC/USA

2004

Welcome

to

ITC/USA

2004
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SETUP

6:30 PM
8:30 PM

ITC/USA 2004 Icebreaker: Celebrating 40 Years of Telemetering Excellence
Location:Terrace Pavilion (by the pool area)

CLOSED

TU
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DA
Y,

OC
T.

19

8:00 AM 

Opening Ceremony and Blue Ribbon Panel • Location: Regency Ballroom
Invited Keynote Speaker: The Hon. Dr. James R. Schlesinger, Former Secretary of Defense

Transitioning from Spectrum Allocation Ownership to Capabilities-Based Spectrum Policy/Strategies
Moderated by Mike Mottern, BAE Systems

Panel: Philip Coyle, Gerhard Mayer, Jean-Claude Ghnassia, Lt. General (Ret.) Gordon Fornell, John Bolino

CLOSED

11:00 AM Exhibits Are Open from 11:00 AM to 7:00 PM

OPEN
11:00
AM
to
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PM

Technical Session Rooms > Royal Palm 1 Royal Palm 2 Royal Palm 3 Royal 
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Exhibits Are Open Until 7:00 PM
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,O

CT
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8:00 AM Exhibits Are Open from 8:00 AM to 12:00 PM
OPEN
8:00 
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to

12:00
PM

8:30 AM Technical
Sessions:

7.
Range

Commanders’
Council TM
Group Open

Forum

8.
Telemetry Band 
Augmentation

9.
Ground
Systems

Architectures

10.
COTS

Devices &
Integration

11.
Antennas

12.
IEEE

802.11

12:00
PM

40th Anniversary Luncheon • Location: Regency Ballroom
A distinguished panel of flag officers will discuss 40 years of telemetry

Dr. Richard Hallion, Former Air Force Historian; Brig. Gen. Robert Reese, Commander, White Sands Missile Range;
Rear Admiral David Venlet, Commander, Naval Air Warfare Center, Weapons Division

CLOSED

2:00 PM Exhibits Are Open from 2:00 to 6:00 PM
OPEN
2:00 
PM
to

6:00 
PM

2:30 PM Technical
Sessions:

13.
Applications of

XML

14.
Space Link Extension

15.
Safety, Security
& Integrity I

16.
Timing &
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17.
Modulation &

Coding I

18.
Onboard
Architec-
tures II
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8:00 AM Exhibits Are Open from 8:00 AM to 12:00 PM / Exhibitor Feedback Meeting 9:00 a.m. to 10:00 a.m. – Exhibitor Lounge
OPEN
8:00 
AM
to

12:00
PM

8:30 AM Technical
Sessions:

19.
Safety, Security
& Integrity II

20.
Link Protocols &

Performance 

21.
Time-Space
Positioning

22.
Modulation
& Coding II

23.
Network &
Transport
Protocols

24.
Sensors

25.
T&E/S&T Spectrum
Efficiency Program

Exhibits Are Open Until 12:00 PM
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CONFERENCE
AT A GLANCE CONFERENCE AT A GLANCE

Times and locations subject to change. Consult on-site program for latest information.

CONFERENCE AT A GLANCE



SHORT COURSES
• MONDAY

Short Course Who Should Attend? Description Instructor Location

Basic Systems 
Engineering

Beginning 
telemetry 

professionals

Addresses telemetry system design from the system perspective.
Includes a brief discussion of CCSDS packet telemetry and band-
width efficient modulation.

Mr. Norm Lantz,
Consultant

Royal
Palm 1/2

Intermediate 
Concepts

Experienced
telemetry 

users

Discusses technology covering the entire telemetry system. Specific
topics include MIL-STD-1553, Consultative Committee for Space
Data Systems (CCSDS) packet telemetry, rotary head recorder
techniques, open system architectures, and range communications.

Mr.Tim Gatton,
General

Dynamics AIS

Royal
Palm 3/4

CCSDS Telemetry 
and Command

Intermediate
telemetry

professionals

Addresses the CCSDS recommendations for packet telemetry and
command systems. Also provides an overview of the Space
Communications Protocol Standards (SCPS).

Mr.Amit Puri,
Avtec Systems Pacific 5

Introduction
to GPS

Beginning 
technical 
personnel

Provides a fundamental understanding of GPS/Navigation Message
and insight into where GPS technology is headed. Includes a basic
overview of inertial-sided GPS systems and differential GPS in real-
time systems.

Mr. Karl Horton,
DRS Training &

Control Systems

Garden
Salon 2

Fiber-Optic
Communications
Fundamentals

Technical
personnel

Relates the basics of fiber-optic systems and components, including
optical fibers, light sources, detectors, and optical amplifiers.
Coursework also covers the impact of these various components on
system performance.

Dr. Stephen
Schultz,

Brigham Young
University

Pacific 4

Image Compression
with JPEG 2000

Technical 
personnel

Provides a half-day overview of image compression fundamentals,
followed by a half-day overview of JPEG 2000. Numerous examples
and demos will be included.

Dr. Michael W.
Marcellin,

University of
Arizona

Pacific 6

Performance-Based
Sensor Selection

Telemetry 
test 

engineers

Teaches students how to interpret transducer specifications, define
performance characteristics for specific applications, and select the
best transducer for their applications.

Mr. Jon Wilson,
The Dynamic

Consultant, LLC
Pacific 7

Basics of Signals &
Modulation

Beginning 
technical 
personnel 

Teaches basic concepts necessary to understanding the data commu-
nications process within the telemetry system. Emphasis is on
graphical representations with minimal mathematical requirements.

Dr. Steve Horan,
New Mexico

State University
Dover

Advanced Modulation

Technical 
personnel with
some telemetry 

background

Explores modulation techniques currently employed or proposed for
telemetry. Material covers the legacy PCM/FM waveform, SOQPSK,
and Multi-h CPM. Demodulation techniques for these waveforms
are also addressed, with particular emphasis on synchronization
techniques and performance.

Mr.Terry Hill,
Quasonix, LLC Sunset

Principles of Telemetry
Ground Station

Antennas, Positioners,
and Controllers 

Beginning 
telemetry 

professionals

Provides insight into various RF feeds and optics, positioners, the
controller, and other elements of a telemetry tracking ground
station, as required.

Mr. George R.
Blake

Royal
Palm 5/6

Basics of Telemetry
Networks

Technical 
personnel

Provides an understanding of network models, applicable network
technology, design issues associated with telemetry networks, and
end-to-end telemetry applications.

Mr. Paul
Hashfield/

Mr. Jim Kaba,
Sarnoff

Corporation

Sunrise

*Short course certificates provided upon request. For complete short course descriptions, go to www.telemetry.org.
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>MONDAY, OCTOBER 18, 2004 • 9:00am–5:00pm
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KEYNOTE ADDRESS:
MANAGEMENT OF FREQUENCY SPECTRUM

Tuesday, October 19, 2004
8:30am – 9:15am • Regency Ballroom

Invited Keynote Speaker:
The Honorable Dr. James R. Schlesinger
Former Secretary of Defense

Join a stimulating dialogue on management of
frequency spectrum with one of the nation’s 
foremost authorities.

Dr. Schlesinger is currently chairman of the board of trustees for
the MITRE Corporation and senior advisor for Lehman Brothers.
He is also counselor and trustee of the Center for Strategic and
International Studies and chairman of the Executive Committee
for the Nixon Center. Dr. Schlesinger has held previous positions
as Secretary of Energy and Secretary of Defense. He was also
director of Central Intelligence and chairman of the Atomic
Energy Commission.

BLUE RIBBON PANEL:
TRANSITIONING FROM SPECTRUM ALLOCATION
OWNERSHIP TO CAPABILITIES-BASED SPECTRUM
POLICY/STRATEGIES

Tuesday, October 19, 2004
9:15am – 11:00am • Regency Ballroom

Hear from the industry’s leading experts and learn about
the impact of capabilities-based spectrum policy/strategies
on the telemetry industry.

Panelists:
Mr. Philip Coyle
Former OSD Director of Operational Testing & Evaluation
Mr. Philip Coyle is senior advisor to the president of the Center
for Defense Information and is a private defense consultant. He
is a recognized expert on U.S. and worldwide military research,
development, and testing on operational military matters, nuclear
weapons technology, and national security policy and defense
spending. Mr. Coyle was previously Assistant Secretary of
Defense and Director of Operational Test and Evaluation.

Dr. Gerhard Mayer
Director, European Society of Telemetering
Dr. Mayer is an honorary and visiting professor for applied infor-
matics at the Institute of Computer Science, University of
Salzburg, Austria. He lectures and oversees student projects in
the acquisition and transmission of real-time data for various
applications in a local and wide area (global) environment.
Previously,Dr.Mayer worked for the German Aerospace Research
Center, where he was responsible for aerospace systems design,
analysis, and operation of ground and onboard systems.

Mr. Jean-Claude Ghnassia
Flight Test Instrumentation, Airbus, France
Mr. Ghnassia is a flight test instrumentation manager for Airbus
France and a coordinator for the ITU Region 1 in ICTS. He is also
an alternate European member of TSCC. Mr. Ghnassia participat-
ed in flight test instrumentation of all European commercial air-

craft — from the Airbus A300 to the A380 and the ATR twin pro-
peller aircraft — and he introduced the first Airbus digital teleme-
try system into the A320 program.

Lt. General (Ret.) Gordon Fornell
Former Commander, Electronic Systems Center, Air Force Materiel
Command
General Fornell served in senior acquisition leadership positions
in Air Force Systems Command and Air Force Materiel
Command. He was commander of two major Air Force organi-
zations, the Armament Division at Eglin AFB, Florida, and the
Electronic Systems Center at Hanscom AFB, Massachusetts.
General Fornell was also the senior military assistant to the
Secretary of Defense, serving both Secretary Casper W.
Weinberger and Secretary Frank C. Carlucci.

Mr. John Bolino
Joint Forces Command
Mr. Bolino is assigned to the office of the Chief of Staff, USJFCOM.
He was previously director of Defense Test Ranges and Facilities
in the Office of the Under Secretary of Defense for Acquisition,
Technology, and Logistics. He previously served four years as a
senior vice president with the Electronic Warfare Associates
Corporation. Before joining the OSD staff, Mr. Bolino had a full
career in defense acquisition with the Navy Department, culmi-
nating in the position of deputy program manager for the S-3
Viking aircraft.

Moderator: Mr. Mike Mottern
Vice President & General Manager, BAE Systems

Mr. Mottern is vice president of BAE Systems Technical
Services and general manager of the Eglin Division. He
directly manages the Operation and Maintenance of
Test Ranges and Technical Facilities for the Air Force's
Air Armament Center at Eglin Air Force Base. Prior to
his 12 years with BAE Systems, Mr. Mottern served 26
years in the Air Force as a fighter pilot and test pilot,
and was commander of the Test Wing at Eglin.

40TH ANNIVERSARY LUNCHEON:
A DISTINGUISHED PANEL OF FLAG OFFICERS
REFLECTS ON THE PAST 40 YEARS OF TELEMETRY

Wednesday, October 20, 2004
12:00pm – 2:00pm • Regency Ballroom
Former Air Force historian Dr. Richard Hallion and flag
officers from the military services will share their unique
experiences as we reflect on the past.
Dr. Richard Hallion
Former Air Force Historian
Brigadier General Robert Reese
Commander,White Sands Missile Range
Rear Admiral David Venlet
Commander, Naval Air Warfare Center,Weapons Division
Due to recent military reassignments, updates to the flag
officer panel will be included in the on-site show guide.

ITC/USA’04 GUEST SPEAKERSITC/USA’04 GUEST SPEAKERS
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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." The 
IFT was confirmed as a nonprofit corporation in accordance with the applicable laws of 
the State of California on May 11, 1964. Our "Articles of Incorporation" are on file with 
the State of California. 
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. 
Participation in the IFT and the ITC does not require membership in the traditional 
sense; dues or membership fees are not required. 
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 also sponsors the 
Telemetering Standards Coordination Committee and the International Consortium for 
Telemetry Spectrum. 
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 IFT has established and continues to 
support programs at New Mexico State University, Brigham Young University, University 
of Arizona, University of Missouri – Rolla, and University of California Santa Barbara. 
The Foundation maintains master mail and email lists of personnel active in the field of 
telemetry for its own purposes. These lists include 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 or corrections can be 
added to these lists by visiting the IFT/ITC web site, www.telemetry.org. The web site 
also provides information about the ITC and other telemetry and IFT related activities. 



International Telemetering Conference (ITC) 

The International Telemetering Conference (ITC) is the primary forum through which the 
purposes of the International Foundation for Telemetering (IFT) are accomplished. It is 
the only nationwide annual conference dedicated to the subject of telemetry. The 
conference generally follows an established format which includes presentation of 
tutorial courses and technical papers, and exhibition of equipment, techniques, services 
and advanced concepts provided, for the most part, by the manufacturer or the 
supplying company. 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 Chair and a Technical 
Program Chair selected and appointed by the IFT Board of Directors. Both chairmen are 
prominent in the organizations they represent (government, industry, or academia) and 
are generally well-known and command technical and managerial respect. Both have 
most likely served the previous year's conference as Vice Chairs. In this way, continuity 
between conferences is achieved and the responsible individuals can proceed with 
increased confidence. The chairs are supported by a standing Conference Committee of 
over twenty volunteers who are essential to the conference organizational effort. Both 
chairs and 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 their 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 which 
provides the major financial support for each conference. Although the annual chairs 
and the standing committee are credited for successful ITCs, the exhibitors also deserve 
high praise for their faithful and generous support. 
A major feature of each annual ITC is the proceedings in CD-ROM format. The CD 
contains proceedings and technical papers from multiple prior conferences as well as 
the current conference and is included with a paid regular conference registration. The 
CD is also is available for purchase after the conference through the IFT/ITC web site, 
www.telemetry.org. 



 
Report to IFT   

Telemetry Learning Center at 
University of Missouri – Rolla 

September 2004 
 
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 in 1998, over 70 students 
have worked on projects initiated at the TLC, while many more have been 
involved with projects which were partially designed or implemented at the 
center.  A few hundred students have seen the effects of the TLC and the 
IFT through the development of new courses, and modifications to existing 
lecture and laboratory classes, and by participating in a distance education 
program.  The TLC has influenced traditional lecture courses, such as 
advanced communications, electromagnetic compatibility, digital signal 
processing, capstone design, real-time digital signal processing, and 
introductory system design classes.   
 
Research projects supported by the TLC include structural health monitoring 
of civil engineering structures, sensor networks, health monitoring and 
performance analysis of composite materials, telemetry for autonomous 
vehicles, solar powered automobiles, and SAE formula race cars. 
 
The technical breadth of the telemetry community, combined with the 
flexibility of the IFT support, has made the TLC a particularly useful and 
adaptable center. The TLC is often used to support projects initiated outside 
the center.  This support has provided welcome relief to many teams who 
have discovered that they overlooked, or failed to allocate enough resources 
for, the telemetry and data logging aspects of their designs. 
 
Faculty specializing in communications, image processing, electromagnetic 
compatibility and power distribution all participate in the TLC activities. 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 (USC) 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. 
 
The IFT funds have been used to leverage additional support from a variety 
of public and private sources, providing students with improved test 
equipment including high frequency signal sources, scopes, spectrum 
analyzers, printed circuit board fabrication equipment, SMT assembly and 
rework stations, and assorted test equipment. 
 
Travel funding has also been supplied by the IFT, to allow students to attend 
the ITC/USA conferences.  In addition to providing technical stimulation for 
the students, it has given some Midwestern students their first taste of Las 
Vegas and Southern California (and some have never been the same since). 
 
The faculty, staff and students at UMR would like to thank the IFT, and 
ITC/USA participants, for their support, guidance, and encouragement over 
the past six years.   



University of California, Santa Barbara 
Telemetry Center Report – Fall 2003-Fall 2004 

 
Faculty Advisors: Ronald A. Iltis and Hua Lee 
{iltis,hualee}@ece.ucsb.edu 
Website: http://telemetry.ece.ucsb.edu/ 
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. IFT support has also 
complemented government and industry-sponsored projects in radiolocation and 
communication networks. Projects continuing and completed in the Telemetry Center include: 
1. Terrestrial radiolocation using direct-sequence (DS) spread-spectrum signaling. (DARPA 
and IFT.) 10/01-2/03. 
2. New synchronization algorithms for DS-CDMA and GPS applications. (NSF and ONR.) 
ONR project completed 12/02, NSF completed 9/04. 
3. Smart antenna algorithms for frequency-hopping communications. (Cubic Defense 
Systems and UC MICRO) completed 8/03. 
4. Development of a programmable FSK – slow frequency hopping radio based on the 
TRF6900 and PIC �-controller (Cubic Defense Systems and IFT.) Completed 9/03. 
5. Forward looking sonar image processing algorithms.  (Sonatech Inc.) Continuing through 
8/05. 
6. Synthetic aperture ground penetrating radar. (Department of Energy.) Continuing through 
8/05. 
Significant new funding has been obtained beginning 9/04 to match IFT funding.  These 
include: 
1. NSF grant “Adaptive Radiolocation for Mobile Sensor Networks.” 9/04 – 9/07. 
2. NSF grant “Noncooperative Beamforming for Ad hoc Networks.” 9/04 –9/07. 
3. AFOSR/STTR grant with Toyon Corp. “Seamless Sensor Network Communications.” 
9/04—6/05. 
4. U.S. Navy/Naval Postgraduate School fellowships (2) for underwater acoustic 
communications and signal processing research. 
A large NSF equipment proposal focusing on underwater acoustic telemetry is also pending. 
The major hardware items purchased using IFT funding include 
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. 
4. Four TRF6900 ISM-band transceivers plus PCB fab for programmable FH radios. 
Specific research topics are now described in more detail. 
Radiolocation (Sponsors: DARPA,NSF  and IFT) 
The radiolocation project began as a DARPA funded effort and is continuing with a new NSF 
grant.  The goal is to jointly estimate times-of-arrival of direct-sequence spread-spectrum 
waveforms in an Ad hoc network in order to determine relative ranges and position.  Key 
algorithms developed for this project include Generalized Successive Interference 
Cancellation (GSIC) combined with matching pursuits (GSIC/MP).  GSIC was successfully 
demonstrated in the IFT-funded DSP hardware (Pentek 4291.)  We are now working on 
GSIC/MP implementations in reconfigurable hardware (FPGAs) as part of the NSF project.  
Additional research on distributed estimation is also included in the NSF effort, focusing on 
nonlinear filtering and information graph-based data fusion for Ad hoc networks.  Publications 
resulting from this research include: 
[1] R. A. Iltis and S. Kim, “Geometric derivation of expectation-maximization and generalized 
successive interference cancellation algorithms with applications to CDMA channel 
estimation,” IEEE Transactions on Signal Processing, Vol.51, pp. 1367-1377, May 2003. 
[2] S. Kim and R. A. Iltis, “A matching pursuit/GSIC-based algorithm for DS-CDMAsparse 
channel estimation,” IEEE Signal Processing Letters, Vol. 11, pp. 12-15, Jan. 2004. 
[3] S. Kim, A. Brown, R. A. Iltis, T. Pals and H. Lee, “Geolocation in Ad hoc Networks using 
DS-CDMA…” Invited paper submitted to IEEE JSAC special issue on Military 
Communications. 
Frequency-Hopping Wireless Networks 
This project consists of two components (a) fabrication of fully programmable slow frequency-
hopping radios and (b) development of smart antenna algorithms for FH communications.  A 
programmable FSK/slow FH radio was fabricated using the TRF 6900 and PIC �-controller.  
A new smart antenna algorithm based on the maximin algorithm was developed for slow FH 
Ad hoc networks.  Publications in this area include: 
 [1] D. Doonan, R. A. Iltis and H. Lee, “Design and development of advanced transceiver unit 
for wireless mobile sensing systems,”  Proceedings of the 2003 International Telemetering 
Conference, Las Vega, NV, Nov. 2003. 
 [2] M. K. Park and R. A. Iltis, “A beamforming algorithm for slow FH spread-spectrum 
systems,” Signal Processing, Vol. 84, pp. 1101-1113, 2004. 



 
Synchronization Algorithms for DS-CDMA and GPS (ONR, NSF and IFT) 
These projects focused on tracking-mode receivers for direct-sequence CDMA systems.  
Sequential Monte-Carlo filtering was introduced for DS-CDMA synchronization as an 
alternative to delay-locked loops and extended Kalman filter techniques.  The EKF was 
applied to GPS synchronization and anti-jamming in a space-time adaptive processing 
(STAP) framework.  Publications resulting include: 
 [1] S. J. Kim and R. A. Iltis, “Space-time adaptive processing for GPS receiver 
synchronization and interference rejection,’’ IEEE Transactions on Aerospace and Electronic 
Systems, Vol. 40, pp. 132-144, Jan. 2004. 
 [2] R. A. Iltis, “A Sequential Monte Carlo filter for joint linear/nonlinear state estimation with 
application to DS-CDMA,” IEEE Transactions on Signal Processing, Vol. 51, pp.417-426, Feb. 
2003. 
Noncooperative Beamforming for Ad hoc Networks 
We have recently applied ideas from Game Theory to beamforming and space-time coding in 
Ad hoc wireless networks.  The goal is to use practical iterative minimum mean-square error 
(IMMSE) algorithms to maximize decoupled SNR and capacity measures.  This work is 
funded under a new NSF grant, and initial publications include 
 [1] R.A. Iltis and S.J. Kim, “Weak duality and iterative beamforming algorithms for Ad hoc 
networks,”  Proceedings of ASAP 04, Lexington, MA, March 2004. 
 [2] R. A. Iltis and S. J. Kim, “Noncooperative iterative MMSE beamforming algorithms for Ad 
hoc networks,” Submitted to the IEEE Transactions on Communications. 



REPORT on University of Arizona Telemetering Related Activities 
Assisted/Enabled by IFT Funding  

Support from May 2003 to May 2004  

By: John A. Reagan, ECE IFT  

. Summary of Activities  

 
1) Web-Course Offering of ECE 485/585 - Radio Waves and Telemetry  

The Radio Waves and Telemetry course was offered in 2003-2004 in web format 
with only minor alterations to the Spring 2002 and Spring 2003 offering. The course 
was offered in web format, broken into three 1-unit modules (as ECE 485A, 485B & 
485C), in Spring 2004 to over thirty ECE undergraduates and to about a dozen off-
campus graduate students (as ECE 585A,585B & 585C).  Performance was quite 
good by both the undergraduate and the graduate students, demonstrating that the web 
format can indeed by a very successful way to offer the course.  

 
2) IFT Fellow(s)  

Mr. Steve Prochazka was awarded the UA IFT Fellow position at the end of Spring 
2003 for the 2003-2004 year.  Steve worked in Fall 2003 to prepare for assisting with 
the ECE 485/585 web course in Spring 2004.  Unfortunately, he accepted a job 
opportunity with Boeing just as the spring semester began. Matt Bolt stepped in as a 
backup to complete the IFT Fellow responsibilities for the web course through the 
rest of Spring 2004.  Matt will be finishing his MS Thesis project work this summer 
so we are looking to identify a new IFT Fellow for 2004-2005.  

 
3) Supervision/Support of Senior Capstone Projects  

A total of four different Senior Capstone Design Projects (ECE 498A-B) on 
telemetering related projects were initiated (two completed) in 2003-2004. The titles 
of the projects/students involved are as follows:  

Sensor Array Networking and Data Telemetering System (498A&B) 
        Students- G. Mavros, K. McKearney, B. Park and Y-B Ryu  
        Supervisors - Drs. J. Reagan and K. Thome  

Micro-Pulse Lidar Energy Monitoring System (498A&B) 
 Students - A. Adjalla, D. Moss, and J. Gibbons  
Supervisor - Dr. J. Reagan  

Robot Soccer 1 (498A)  
Students - H. Akatsuka, T. Chen, B. Hogan and M. Song  
Supervisors - Drs. M. Marefat and J. Reagan  

Robot Soccer 2 (498A)  
        Students - W. Chu, S. Kook, A. Kumar and T-Y Lee  



Supervisors - Drs. M. Marefat and J. Reagan  

 
4) Robot Soccer and Robotics/Sensor Networks Projects  

Dr. Michael Marefat continues to mentor students on the computer vision and 
artificial intelligence aspects of the robot soccer project.  As noted in 3), we again 
sponsored two robot soccer senior capstone projects.  Dr. Marefat has expanded this 
activity to more general robotics related activities at the graduate level, addressing 
problems in hardware/software for implementing Collective Robot Teams and 
Distributed Resource Allocation approaches in optimizing sensor network 
applications. Two graduate student papers related to these research activities have 
been submitted for the upcoming 2004 ITC.  

 
5) Student Satellite Space Grant/SPAR

2

C Projects  
After a strong student satellite effort last year, involving several ECE students and 
two senior capstone projects, the project has been largely on hold this year awaiting 
new launch opportunities after the cancellation of the planned Baikonur, Kazakhstan 
launch in May 2003.  Attention this year has been focused on assisting the support of 
a number of Space Grant Research Intern projects.  A total of six ECE  undergraduate 
student interns were partially supported (each receiving 25% support from IFT funds) 
on a variety of projects, one of which was specifically on continuing CubeSat 
Development.  The IFT support for this was split between funds still remaining under 
the student satellite category and from this year's SPAR

2

C (an ECE undergraduate 
student assistance program) allocation.   Providing 25% support to six student Space 
Grant Interns was felt to be excellent leveraging of IFT funds. Added details about 
the six student projects are included as an attachment to this report.  Renewed student 
satellite activity (particularly a project to test a balloon-borne transceiver system) as 
well as continued Space Grant Intern support is anticipated for next year, and funding 
for at least some of these activities is included in the UA request for IFT support next 
year.  

 
6) UA Solar Racing Team Project  

UA is now into building/preparing to compete its third generation solar powered 
racing car, Turbulence.  The team was not able to progress to a point to compete in a 
race this year, so time has been spent on completing the new vehicle and 
testing/planning for next year's race.  This has also been a year of transition as the 
previous Team Faculty Advisor, Dr. Dunbar Birnie, has accepted a new position at 
Rutgers University in Fall 2004. Fortunately, Dr. Hugh Barnaby, Asst. Prof. in ECE, 
has agreed to become the new Team Faculty Advisor and he is already well underway 
in getting the team redirected.  A new Student Team Leader, ECE student Scott 
Corral, has been selected. IFT funds set aside for solar car projects in last year's UA 
funding request will be used this summer.  

 
7) IFT Telemetering and Senior Project Laboratory Equipment Refresh  



Four new computers plus assorted plug-in cards were purchased with IFT funds to 
refresh the computers in the IFT Telemetering and Senior Project Laboratory, housed 
in ECE Rm. 304.  This equipment was acquired under the UA Computer Refresh 
Grant Program, allowing the equipment cost to be spread over 4 years, but the 4th 
year cost is absorbed as a part of the refresh grant. The lab serves students doing 
telemetry related senior projects, the robot soccer activities and the advanced robotics 
projects being pursued by Dr. Marefat.  

 
8) October 2003 ITC Las Vegas Meeting  

Four ECE students and the ECE IFT Coordinator attended the 2003 ITC in Las 
Vegas.  Two student papers were presented there, and graduate student Joseph 
Dagher received a best student paper award for his paper.  ECE Professor Dr. Michael 
Marcellin also again presented his short course in image compression (as he did at 
ITC 2001 & 2002).  

 
9) October 2004 ITC San Diego Meeting  

Several ECE students were encouraged to submit abstracts for papers they proposed 
for presentation at the 2004 ITC to be held in San Diego, October 18-21, 2004.  A 
total of six abstracts were submitted (although not clear that one completed all the 
necessary steps), mostly dealing with either senior capstone projects performed this 
year or the robotics work being initiated by Dr. Marefat.  It is expected that most if 
not all the students will be able to follow through and submit full papers by the 
deadline 



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. Drs. Deva Borah, Charles Creusere, and Raphael 
Lyman continue as faculty with the program. Dr. Sheila Horan continues as the chair of the 
Telemetry Standards Coordinating Committee’s coding and data compression subcommittee. 
 
II. Scholarship Program 
The IFT-sponsored scholarship program continues to support students at the undergraduate 
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 2004-2005 academic year 
scholarships will be presented at the ITC in October. 
 
III. ITC Participation 
NMSU will again participate in the 2004 ITC.  Dr. Horan will again be presenting the basic 
modulation techniques short course on Monday.  The program will again have a boot and a 
paper presented at the Conference. 
 
IV. Educational Programs 
Dr. Stephen Horan continues as a member of the Universities Space Research Association 
(USRA) Science and Engineering Education Council. This council assists the USRA 
management in directing association educational activities for the association membership.  
During the 2003-2004 academic year, the Klipsch School of Electrical and Computer 
Engineering offered a robot soccer senior capstone design class supported by the IFT.  The 
IFT support provides for construction materials, electronic and mechanical supplies, and a 
teaching assistant for the class.  
 
In 1999, NMSU won an Air Force grant to design and build a cluster of nanosatellites as part 
of the University Nanosatellite program.  The cluster is called the 3 Corner Satellite and the 
nanosats were designed by university students, staff, and faculty at Arizona State University, 
the University of Colorado, and New Mexico State University.  The university teams worked 
together to design, to fabricate, and to test three nanosats.  Each university was assigned 
lead responsibility for specific subsystems used in all three nanosats with the final nanosats 
being assembled from these common components.  Originally designed for launch on the 
Space Shuttle, the nanosats are now scheduled to launch on the Delta IV Heavy 
demonstration flight.  The two nanosats scheduled for launch weigh 24.5 kg (54 lbs) and 21.3 
kg (47 lbs), respectively.  The third nanosat was built for the original launch configuration and 
is now used for ground system check-out, operator training, and problem resolution.  The 
objectives of the two NanoSat-2 payloads are to demonstrate miniaturized component and 
collaborative formation flying of nanosat technologies, scientific imaging, and to demonstrate 
a standard deployment system for future Government small satellite missions.   



 
During 2003, NMSU received a second Air Force grant to begin the design and fabrication of 
a follow-on nanosatellite as part of the Nanosat 3 program.  This satellite is being designed to 
measure near ultra violet radiation from the earth’s atmosphere. NMSU has offered an 
interdisciplinary senior design project involving the Electrical Engineering, Mechanical 
Engineering, Industrial Engineering, Engineering Physics, Computer Science, and Physics 
programs to design the NMSUSatellite.  The IFT support for the NMSU capstone design labs 
offered through the Klipsch School of Electrical and Computer Engineering allow students to 
participate in these satellite design classes. 
 
V. Outreach Program Support 
The Telemetering and Telecommunications program continues to provide technician support 
for the New Mexico Boosting Engineering Science and Technology (NM-BEST) program run 
by Dr. Sheila Horan. 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 
in the schools form teams to build a robot to meet a specified challenge problem. The school 
robots then compete against each other to determine the winner who then proceeds to the 
regional and national competitions. 
 
VI. Research Programs 
There are two major NASA research grants with the group that started in May 2003: satellite 
communications research under sponsorship of Goddard Space Flight Center and planetary 
radio frequency modeling and planning under sponsorship of Glenn Research Center. The 
satellite communications research is looking at the design of an autonomous reconfigurable 
receiver for the Space Network and protocols for automatic cluster network configuration. The 
planetary modeling research is looking into applying link-planning techniques for radio system 
design for rovers on Mars. 
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The robot soccer senior design project started in 1998 with a grant from the IFT and a 
grant from Motorola.  In 1998, twelve students participated in the program, designing 
their robots over two semesters.  The format of the original competition was a one-on-one 
shoot-out style game.  In the first year, the level of play was rather limited.  By the third 
year, twenty four students were involved, and the level of play had increased 
dramatically, receiving national media attention.  
 
Based on the success of the robot soccer senior design project, in 2001, the Electrical and 
Computer Engineering department completely reformatted their senior capstone design 
course.  At that time, the robot soccer class was re-formatted to a one-semester course.  In 
2003 the competition was changed to a two-on-two game patterned after the international 
RoboCup soccer rules (www.robocup.org).   In April 2004, BYU held its sixth annual 
robot soccer competition.  Forty students (eight teams of five) competed in a double 
elimination tournament that was viewed by over 300 spectators.  The tournament was 
covered by three local television stations and one local newspaper.  
 Funding from the IFT has played an enabling role in the success of the program.  IFT’s 
initial three year grant was crucial in winning department and college support and 
external industrial funds.  During the past six years we have leveraged IFT funds to 
receive additional support from Motorola, Micron, Raytheon, National Instruments, and 
the US Air Force.  
 
The impact of the robot soccer program on students and undergraduate education has 
been substantial.  In addition to the 168 students that have participated in robot soccer, 
the course inspired our current senior capstone design course which services 
approximately 165 students every year.  The systems level design that is required by the 
robot soccer course is similar to the systems level design that is essential in designing 
state-of-the-art telemetry solutions.  One of the senior design projects inspired by robot 
soccer is the software radio project which directly prepares students for jobs in the 
telemetry industry.  
 



In addition to undergraduate education, the robot soccer course has also had a significant 
impact on graduate education.  In 2001, a robot soccer team developed a small controller 
board that featured a 30 MHz microcontroller, motor encoder decoder chips, and several 
pulse-width modulated motor driver chips.  (This board has since become a commercial 
product marketed to the mobile robot community.)  In 2002, the controller board was 
used as the basis for an autopilot design for small unmanned air vehicles.  The successful 
deployment of the autopilot has resulted in research contracts to BYU that currently 
exceed $2M.  The autopilot technology (which has also been transitioned out of the 
University) is planned for military in deployment in Iraq and has the potential to save the 
lives of military personnel.   Currently over a dozen graduate students at BYU are 
supported on UAV research that traces its beginnings to the robot soccer program.   IFT 
funds have allowed the robot soccer project to evolve and improve over the last six years.  
We expect that the next five years will see similar improvements.  One of our current 
research projects with the UAVs is to use on-board cameras for image-in-the-loop control 
to facilitate collision avoidance and terrain-based guidance algorithms.  As this research 
matures, we plan to migrate image-directed control into the robot soccer project.  
Currently, an overhead camera is used to provide global knowledge to the robots.  
Removing the overhead camera and placing cameras on-board the robots, substantially 
increases the difficulty of the problem.  It also enhances the relevance to the telemetry 
community.   



 
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. 



44th Annual report of the Telemetering Standards 
Coordination Committee 

 
To:  Directors of the International Foundation for Telemetering 
 
Subject: 2004 Annual report 
 
With a diverse membership, representing government, aerospace industry and 
manufacturers the TSCC offers a forum for discussion of issues for the 
telemetry community. From reviewing proposed standards to discussion of 
upcoming technologies the TSCC serves as a knowledgeable source of 
information and ideas for the telemetry field. 
 
The TSCC held two meetings during this reporting period. The first meeting 
was held in conjunction with the 2003 International Telemetering Conference 
in San Diego, Ca and the second was held in the spring at White Sands 
Missle Range in New Mexico. 
 
The committee decided to continue to sponsor a session at the ITC with a 
focus on new technologies that the industry needs to embrace and for which 
new standards are needed. There is such a session at this ITC. 
 
The TSCC reviewed proposed changes to the IRIG 106 Chapter 10, the Solid 
State recorder standards during the last twelve months.  The changes to that 
standard have been approved and an updated version of the standard is in the 
release process. 
 
Respectfully submitted, 
 
Scott Brierley 
Chairman, TSCC 
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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 na tions. 
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. 
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ICTS Overview 
 
 
Background.   Due to world-wide competition for scarce and valuable frequency bands 
electromagnetic spectrum encroachment has become an international issue.  It is important 
that we, the telemetry user and provider community, better protect and defend our spectrum 
assets to ensure their future availability for 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 may be a database that 
contains a list of frequency allocations assigned to individual nations and regions for 
telemetering, information on telemetry sciences and 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 represent 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 that support the goals of the ICTS and have a business or professional stake in 
the use of the telemetry spectrum. The ICTS produces and exchanges information that would 
be useful in developing a united front to support a common cause.   
 
 
Charter and By-Laws. The IFT approved the charter and by laws (available at 
www.telemetry.org/ift/icts.htm).  An overview of the his tory 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. 
 
 
2004 Meetings. The ICTS hosts meeting bi-annually in association with three international 
conferences: Fall in the United States (International Telemetry Conference), Spring in Europe 
(European Telemetry Conference or European Test and Telemetry Conference).   
 
The ICTS held the 9th meeting in October 2004  (ITC - Las Vegas) and the 10th meeting in 
May 2004 (ETC - Garmisch).   
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ICTS Newsletters 
 
The Region I Coordinator publishes and circulates the ICTS Newsletter courtesy of the 
French Société de l'Electricité, de l'Electronique (SEE).   23 Newsletters have been published 
since the inception of the ICTS.  2004 Newsletters covered many topics including: 
 

• WRC 2007 Agenda : Preliminary Analysis of Point 1.5 (#19)  

• WRC 2007 Agenda (#20) 

• Results of the 9 th ICTS Meeting (#20) 

• SG-8 Meeting in Geneva (#20, #21) 

• Results of the 10th ICTS Meeting (#23) 
 
 

Back issues of the ICTS Newsletters are available at 
http://www.see.asso.fr/main.php/ICTSR1newsletter.php/  
 
The Region 3 Coordinator publishes and circulates ICTS news as a component of the regular 
newsletters that are produced by the Southern Cross Chapter of the International Test and 
Evaluation Association [ITEA]. Courtesy of the Systems Engineering and Evaluation Centre at 
the University of South Australia – these newsletters are web-published at:  
http://www.unisa.edu.au/seec/news/newsletters.asp 
 
 

Meeting Reports 
 
9th Meeting Report.  
 
The 9th ICTS General Meeting was held during ITC 2003 in Las Vegas, on October 21st.  
After a welcome speech a formal ICTS in troductory presentation was made to enable the 
non-members present to better understand what the ICTS stands for, as well as the 
difference between this working group and the other Conference sessions. 
 
This session was dominated by the success in World Radio Conference (WRC) 2003 on 
Agenda Item 2.12 (Telemetry Band Augmentation) relative to future frequency band allocation 
for high bit rate telemetry. ICTS members in France, Germany, Australia, and the US 
effectively campaigned to include the studies and reports necessary to raise this issue at 
WRC 2007.  It is now on the 2007 agenda as Item 1.5 in Working Party 8B. 
 
Other General Session presentations included: 
 

• An activities report by Region coordinators gave a list of actions undertaken, mainly 
concerning WRC 2003 preparation, 

• A comprehensive presentation given by Ms. Carolyn Kahn (Mitre Corp., USA) on the 
economic impact of Telemetry, 

• An overview on 3 -30 GHz research projects by Mr. Saul Ortigoza (DOD, USA), 
• A report on 3-30 GHz spectrum studies by Mr. Darrell Ernst (Mitre Corp., USA), 
• Presentation of a study on effects atmospheric absorption on telemetry links versus 

frequency band,  
• Presentation from Korea on telemetry and use of electronics in Korea  
• Global Spectrum Utilisation Matrix by Mr. Mikel Ryan  (DOD, USA), 
• Report sent by Mr. Viv Crouch (DSTO, Australia) on global utilization maps.  
• Discussion about the ICTS strategy to maintain and increase the support to the 

National Authorities, with some kind of coordination between members, to ensure all 
our  needs are taken into account. 
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Due to the importance of this session, an extra meeting was held the next morning, 
conducted by Mr. Ken Keane (USA), providing an interesting report of the WRC 2003 
meeting, and discussion on what action to take with regard to ICTS support of commitment to 
the National Authorities at the various working group meetings relative to Agenda Item 1.5. 
 
 
10th meeting Report 
 
The General Session of the 10 th ICTS meeting  was held during ETC 2004 in Garmisch-
Partenkirchen, Germany, on May 25th. After the standard welcome, the three Regional 
Representatives presented their business reports.  
 
A mail from Mr. Frank Kitchen (United Kingdom) gives a report about contacts with Mr. 
Worthington (UK MoD), who sits in the IFPG (International Frequency Planning Group), and 
invited Frank to represent the ICTS in a future meeting, which will debate the ITU proposal.  
Several very valuable presentations followed. Their contents are posted on the ICTS web site: 

• Economic impact of telemetry  (Ms. Car olyn Kahn, USA) 
• 3-30 GHz Research Projects (Mr. Saul Ortigoza, USA)  
• WG1 report, 3-30 GHz Spectrum Studies   (Mr. Darryl Ernst ,USA) 
• Unmanned Aerial Vehicles – Telemetry Spectrum Concerns (Mr. Mikel Ryan, 

USA) 
• Data Growth in Aeronautical Telemetry (Mr. Darryl Ernst, USA) 
• Preparation in Europe Within the CPG of CEPT (Mr. Strick, Germany) 
• WRC07/1.5 Preparation in the USA  (Dr. Sid Jones, USA)  
• ICAO and IATA Position on WRC07/1.5 (Mr. Darrell Holtmeyer, USA)  
• CITEL (ITU Region II) Preparation (Mr. Ken Keane, USA) 

 
 
The elections for the ICTS Officers and Regional Coordinators will be held in October in San 
Diego. A meeting of the SFCG (Space Frequency Coordination Group) will take place on 15 
September 2004 at PERROS-GUIREC (France). Mr. Darrell Ernst (USA) will make an ICTS 
presentation and of the different actions for WRC 2007 Agenda Item 1.5. The same week the 
ITU WG8B will be held in Geneva, covering the same agenda point.  
 
A meeting was called on 23 June 2004 in the Toulouse Airbus Facility for all national 
telemetry frequency authorities, users and manufacturers to prepare the French position. This 
position will be ready for presentation at the next European meeting (August 2004) before the  
WG8B . All the presentations made in Garmisch are posted on the ICTS web site 
(www.telemetry.org).  
 
International Awareness Generation 
 
On an opportunity basis, ICTS members have provided presentations at professional forums 
being held around the world to help draw attention to:  the global dimension of the telemetry 
spectrum issues and the need for urgent attention to be paid to WRC-07 preparations.  These 
forums have included: the ITEA Instrumentation Workshop (Lancaster, USA),  the European 
Telemetry Conference (Garmish, Germany),  the 5th T&E International Aerospace Forum 
[London, UK],  the Defence Experimentation Symposium [Edinburgh, Australia], the Society of 
Flight Test Engineers Symposium (Wichita, USA), the Space Frequency Coordinating 
Council, the Air Standardisation Coordinating Committee (Edinburgh, Australia),  ICAO 
Working Aeronautical Panel Working Group F (Montreal, Canada) , the Australian 
International Aerospace Congress (Brisbane, Australia), the International Telemetry 
Conference (Las Vegas, USA), the Systems Engineering Test and Evaluation Conference 
(Canberra, Australia), USPACOM Conference (Hawaii, USA) and others.  
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Special Topics 
 

 

WRC 2007 Agenda  
WRC resolution 230 (Appendix 1) has laid the path for the next step, conducting strudies 
leading to a recommendation. Now that the subject of telemetry has been well and truly taken 
on board with Point 1.5 in the WRC 2007 Agenda, we must not waste time in defining the 
contributions to be transmitted to our respective National Agencies. A suggestion for the main 
topics could be as follows: 

• Clarification of the telemetry terms of reference in order that the definition be 
proposed to the ITU; 

• Definition of the foreseeable needs for the civil and military fields of application; 

• Proposal of some solutions with regard to the best adapted but already occupied 
wavebands likely to lead to an effective sharing of these wavebands. 

 

SG8 Meeting in Geneva  
The first meeting since the WRC 2000 of the ITU-R’s SG8 in which the Point 1.5 was be 
discussed was from 25 November – 2 December 2003 in Geneva. WRC 2007 Agenda Item 
1.5 involved the allocation of additional wavebands to aeronautical telemetry. During the 
various Working Group meetings France presented two contributions (R03-WP8B-C-0027 
and R03 -WP8B-C-). These have led to a CPM Text co -drafted with the USA with support from 
the other represented nations. After several amendments this draft document was adopted in 
plenary session by WP8 on 28 November, and requires research into the definition of 
telemetry and aeronautical tele-command, the justification of extra needs, and the possible 
allocation of wavebands as well as possible sharing conditions with users already present on 
the wavebands that might be used for telemetry purposes in the future. This includes the two 
contributions referred to above. 

During informal discussions with the USA delegation, attendees decided to draw up a general 
progress report at the ETC 2004, 24-27 May 2004, in Garmisch-Partenkirchen, in order to 
coordinate the various players and the contributions being prepared as well as prepare for the 
next WP8B meeting (7 - 16 September 2004 in Geneva). It is clear that contributions will be 
required for this session at the ITU. 

Consultation between all interested parties, users, constructors and administrations should 
help to define the main areas for research. This will take time so it is important to take action 
quickly. With regard to this subject Mr. Jean-Marie Bergès (Region I Coordinator) pointed out 
that a meeting between the French representatives of all parties interested in Point 1.5 will be 
held in Paris on 12 January 2004.  
 
 
Summary 
 
The work of the ICTS is in full swing.  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 published 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. 
 
With the WRC 2003 approval of the Telemetry Augmentation Study, ICTS members will be 
fully engaged in preparation for WRC 2007. The ICTS will stand ready to be a conduit for 
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information exchange as each nation studies this critical topic.  The ICTS will distribute 
studies and technical reports to members in support of this agenda item.  
 
The next several years will be very busy for the ICTS and its members. Future Meetings will 
be: 
 
 12th ICTS, 8-10 November 2004, Adelaide, Australia (SETE Conference) 
 13th ICTS, 7-9 June 2005, Toulouse, France (ETTC Conference) 
 14th ICTS, 24-27 October 2005, Las Vegas, USA (IT Conference) 
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Appendix 1 
 
World Radio-communications Council Resolution 230 
 
 
 

RESOLUTION  [COM7/5]  (WRC-03) 
Consideration of mobile allocations for use by wideband aeronautical 

telemetry and associated telecommand 
The World Radiocommunication Conference (Geneva, 2003) 

 
Considering 

a) that there is a need to provide global spectrum to the mobile service 
for wideband aeronautical telemetry systems; 

b) that there is an identified need for additional spectrum required to 
meet future wideband aeronautical telemetry demands; 

c) that there is also a need to accommodate telecommand operations 
associated with aeronautical telemetry; 

d) that there is a need to protect existing services, 
 

Noting 
a) that a number of bands between 3 GHz and 30 GHz are already 

allocated to the mobile service, without excluding the aeronautical 
mobile service, on a secondary basis; 

b) that any spectrum allocated to the mobile service above 3 GHz 
(to include aeronautical telemetry) is not a substitution for existing 
allocations used for aeronautical telemetry purposes below 3 GHz, 
the requirement for which will continue, 

 
Recognizing 

a) that there are emerging telemetry systems with large data transfer 
requirements to support testing of commercial aircraft and other 
airframes; 

b) that the future technologies and performance expectations for 
airborne platforms contemplate a need for real-time monitoring of 
large data systems with multiple video streams (including high-
definition video), high-definition sensors, and integrated high-speed 
avionics;  

c) that the 2000 Radiocommunication Assembly approved Question 
ITU-R 231/8, titled: "Operation of wideband aeronautical telemetry 
in bands above 3 GHz", with the target date of 2005; 

d) that those studies will provide a basis for considering regulatory 
changes, including additional allocations and recommendations, 
designed to accommodate justified spectrum requirements of 
aeronautical mobile telemetry consistent with the protection of 
incumbent services, 

 
Resolves that [WRC-07/a future competent conference] be invited to: 
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1 consider the spectrum required to satisfy justified wideband 
aeronautical mobile telemetry requirements and associated 
telecommand above 3 GHz; 

2 review, with a view to upgrading to primary, secondary allocations 
to the mobile service in the frequency range 3-16 GHz for the 
implementation of wideband aeronautical telemetry and associated 
telecommand; 

3 consider possible additional allocations to the mobile service, 
including aeronautical mobile, on a primary basis in the frequency 
range 3-16 GHz for the implementation of wideband aeronautical 
telemetry and associated telecommand, taking into account 
considering d) above; 

4 designate existing mobile allocations between 16 and 30 GHz for 
wideband aeronautical telemetry and associated telecommand, 

 
 
invites ITU-R 
 

to conduct, as a matter of urgency, studies to facilitate sharing between 
aeronautical mobile telemetry and the associated telecommand, on the 
one hand, and existing services, on the other hand, taking into account the 
resolves above. 

ADD COM7/353/7 (B13/361/7) 
 

 



 
 

TUESDAY, OCTOBER 19   2:00PM-5:00PM 
 
SESSION 01 – International Consortium for Telemetry Spectrum (ICTS) 
Chair:  Timothy A. Chalfant, 412 TW/ENI, Edwards 
Royal Palm Salon 1 
 
2:00 pm   Welcome; ICTS Overview                               Tim Chalfant 
      ICTS Business Report     Darryl Holtmeyer 
      Region 1 Coordinator Report    Jean Marie Berges 
     Region 2 Coordinator Report    Viv Crouch 
        Region 3 Coordinator Report    Darrell Ernst 
  WG 1 Report, 3-30 GHz Spectrum Studies Report Mike Ryan 
  WG 2 Global Spectrum Utilization Matrix Report Gerhard Meyer 
  Special Topics 
 
 
SESSION 02 – Signal Processing 
Chair:  Tim Gatton, General Dynamics Advanced Information Systems 
Royal Palm Salon 2 
 
04-02-01 “Analysis of FM Demodulator Output Noise with Applications to FM  
            Telemetry,” Dr. Rajendra Kumar, CA State University Long Beach, Dept.  
  of Electrical Engineering 
 
04-02-02 “Object Recognition by Ground-Penetrating Radar Imaging Systems  
  with Temporal Spectral Statistics,”  Sashi Ono and Hua Lee, University 
  of California Santa Barbara, Dept. of Electrical & Computer Engineering 
 
04-02-03 “How Well Does a Blind, CMA Adaptive Equalizer Work in a   
  Simulated Telemetry Multipath Environment,” Eugene L. Law,   
  NAVAIR, Point Mugu 
 
04-02-04 “The Research on the HSP50214 PDC Chip Applying to FDM   
  Telemetry System,”  Peng Song and Wei Zhang, North China University  
  of Technology;  Dr. XiaoLin Zhang, Beijing University of Aeronautics & 
  Astronautics 
 
04-02-05 “The Research of a New Multiuser Detection Scheme Combining 

 Decorrelating Detector and Partial Parallel Interference Canceller,” 
  Yongjian Wang and Tingxian Zhou, The Research Center on   
  Communications, Harbin Institute of Technology, China 
 
04-02-06 “The Application of Digital Demodulation Technique for Frequency  
  Modulation Signal in Telemetry Receiver,” Peng Song and Xia Qi,  



  North China University of Technology; Dr. XiaoLin Zhang, Beijing   
  University of Aeronautics & Astronautics; Xue Cao, China Luoyang   
  Optoelectro Technology Development Center 
 
 
SESSION 03 – Onboard Architectures I 
Chair:  Raymond J. Faulstich, Naval Air Systems Command, Patuxent River 
Royal Palm Salon 3 
 
04-03-01 “Implementing a Tactical Telemetry System for Multiple Launch 
  Rocket System (MLRS) Stockpile Reliability Testing,”  Corry B. Cox, 
  Redstone Technical Test Center, Redstone Arsenal 
 
04-03-02 “Miniature Telemetry System for the Compact Kinetic Energy  
  Missile,” M. Shannon Haataja and Mark Ambrose, Redstone Technical  
  Test Center, Redstone Arsenal 
 
04-03-03 “An Instrumentation Control System that Utilizes an Avionics Pilot 
  Display Interface,” John A. Wegener and Robert N. Zettwoch, 
  Boeing Integrated Defense Systems 
 
04-03-04 “The Design of a Single Card Telemetry Module for Smart 
  Munition Testing,” Stephen Oder, Christina Dearstine, Amy Webb, 
  John Muir, Inder Bahl, Larry Burke and Weyant Stone, M/A-COM, Inc. 
 
04-03-05 “Joint Range Systems Interoperability Achieved Through the 
  Implementation of the Test and Training Enabling Architecture 
  (TENA),” B. Gene Hudgins, TENA Development Team Lead, BAE   
  Systems; Jason Lucas, Fl 2010 Deputy, Technical Project Mgt., 
  Eglin AFB 
 
04-03-06 “Implementation of a 30-Channel PCM Telemetry Encoder,” 
  Dr. Jung Sup Kim and Myung Jin Jang, Fourth System Development  
  Center Agency for Defense Development, South Korea 
 
 
SESSION 04 – Data Storage and Retrieval 
Chair:  Dr. Kurt Kosbar, University of Missouri-Rolla 
Royal Palm Salon 4 
 
04-04-01 “Extension of a Common Data Format for Real-time Applications,”  
  John A. Wegener and Rodney L. Davis, Boeing Integrated Defense  
  Systems  
 
04-04-02 “Data Storage Suited to Flight Data Recorders,” 
  Alan Fitzgerald, Adtron Corporation 



 
04-04-05 “The Wallops Flight Facility Rapid Response Range Operations 
  Initiative,” Steven E. Kremer, NASA Goddard Space Flight Center,  
  and Jim Bishop, LJT & Associates, Inc. 
 
 
SESSION 05 – Networked Data Acquisition (TSCC) 
Chair:  Terry Straehley, Straehley Associates 
Royal Palm Salon 5 
 
04-05-01 “Alcatel 9910 OMNISAT:  A New Modular, Continuously Tunable 

Earth Observation Data Acquisition System Hosted in a Commercial 
Off the Shelf Industrial PC,” Lucien Hermans, Alcatel  
Bell Space, Belgium 

 
04-05-03 “A New Class of Precision UTC and Frequency Reference Using 
  IS-95 CDMA Base Station Transmissions,” Bruce M. Penrod, 
  EndRun Technologies 
 
04-05-04 “A Feasible Architecture for Large Area OTH C2 and Data Collection, 
  Leveraging Developed Commercial Technologies,” Emilio J. Power, 
  Reliable System Services Corporation 
 
04-05-05 “Network Connections Beyond IEEE 802.11,” Robert N. Zettwoch, 
  Boeing Integrated Defense Systems 
 
04-05-06 “Resource Allocation in Sensor Networks Using Distributed   
  Constraint Optimization,” Sumit Chachra, Theodore Elhourani, 
  Dr. Michael Marefat (Faculty Advisor), and Dr. John Reagan (Faculty  
  Advisor), University of Arizona, Dept. of  Electrical and Computer   
  Engineering 
 
 
SESSION 06 – Integrated Network Enhanced Telemetry Special Session 
Chair:  Daniel Skelley, NAWC Aircraft Division, Patuxent River 
Royal Palm Salon 6 
 
2:00-5:00pm  
Recognizing the inability of current telemetry technology to meet emergent needs within 
the Major Range and Test Facility Base, the Director of the Central Test and Evaluation 
Program launched the Integrated Network Enhanced Telemetry Study.  This Session 
will discuss the results of this Study and the plans for a future development program to 
mature and deploy the architecture. 
 
 
WEDNESDAY, OCTOBER 20  8:30AM-5:00PM 



 
 
SESSION 07 – Range Commanders’ Council, Telemetry Group -  Open Forum 
Chair:  Daniel Skelley, NAWC Aircraft Division, Patuxent River 
Royal Palm Salon 1 
 
The Telemetry Group of the Range Commanders’ Council is responsible for the 
publication of numerous standards and procedures that guide the telemetry community.  
Prominent among these is IRIG 106. 
 
This session will consist of briefings on the technology focus, current activities, and 
projected future efforts by each of the five committees that make up the Telemetry 
Group.  All are welcome to attend.  Questions and comments are encouraged. 
 
8:30am Telemetry Group Overview, Dan Skelley, NAWC Aircraft Division, 
  Patuxent River 
 
9:00am Vehicular Instrumentation and Transducer Committee Brief, Ray 
  Faulstich, Naval Air Systems Command, Patuxent River 
 
9:30am Recorder and Reproducers Committee Brief, Joe Lloyd, Naval Air 
  Systems Command, Patuxent River 
 
10:00am RF Systems Committee Brief, Ron Pozmantier, Edwards AFB 
 
10:30am Data Multiplex Committee Brief, Ted Takacs, Naval Air Systems 
  Command, Patuxent River 
 
11:00am Telemetry Networks Committee Brief, Fil Macias, White Sands Missile 
  Range 
 
 
SESSION 08 – Telemetry Band Augmentation 
Chair:  Timothy A. Chalfant, 412 TW/ENI, Edwards 
Royal Palm Salon 2 
 
04-08-01 “Telemetry Link Reliability Improvement via “No-Hit” Diversity 
  Branch Selection,” Robert P. Jefferis, TYBRIN Corporation 
 
04-08-02 “Dynamic Tracking Phased Array Data Links,” Dewayne Brown, 
  Honeywell Aerospace, NNSA-Kansas City Plant 
 
04-08-04 “Challenges of Optimizing Multiple Modulation Schemes in 
  Transponder Design,” Dr. John S. Fairbanks, L-3 Communications 
  Telemetry-West 
 



04-08-05 “Effects of Non-Linear Amplification on N-GMSK and N-FQPSK 
  Signal Statistics,” Maria C. Gonzalez and Dr. George R. Branner 
  (Faculty Advisor), University of California Davis, Electrical and Computer  
  Engineering 
 
 
SESSION 09 – Ground Systems Architectures 
Chair:  James W. Yates, L-3 Communications, Telemetry-West 
Royal Palm Salon 3 
 
04-09-01 “Telemetry Best Source Selection at White Sands Missile Range,” 
  Richard (Ray) Engler and Johanna Kirby, Telemetry Data Center, 
  Systems Engineering Branch, White Sands Missile Range 
 
04-09-02 “The Modular Range Interface (ModRI) Data Acquisition 
  Capabilities and Strategies,” Thomas M. Marler, TYBRIN Corporation 
 
04-09-03 “Using Telemetry Front-end Equipment and Network Attached 
  Storage Connected to Form a Real-time Data Recording and   
  Playback System,” Tim Gatton, General Dynamics Advanced Information 
  Systems 
 
04-09-04 “EMI and Software Improvements to the Solar Miner IV Telemetry 
  Processor,” James Dean, Chad DeConink, Sarah DeConink, 
  Brad Martin, and Dr. Kurt Kosbar (Faculty Advisor), University of Missouri- 
  Rolla, Dept. of Electrical and Computer Engineering 
 
04-09-05 “The Base Station Telemetry Data Processing System for Unmanned 
  Helicopters,” Bin Xu, Dr. Xiaolin Zhang, Guolei Lu, and Weiwei Hu,  
  Beihang University, School of Electronic & Information Engineering 
 
 
SESSION 10 – COTS Devices and Integration 
Chair:  Kevin E. Crawford, NASA Marshall Space Flight Center 
Royal Palm Salon 4 
 
04-10-01 “CVSD Modulator Using VHDL,” William T. Hicks and Dr. Robert E.  
  Yantorno (Faculty Advisor), Temple University 
 
04-10-03 Real-Time TENA-Enabled Data Gateway,” Preston Hauck and 
  Joachim Achtzehnter, NetAcquire Corporation 
 
04-10-04 “Design of a Software GPS Receiver and Its Matlab Implementation,” 
  Dr. Yun Zhao and Qishan Zhang, Beijing University of Aeronautics and 
  Astronautics, China 
 



04-10-05 “Soft Seamless Switching in Dual-loop Dsp-fll for Rapid Acquisition 
  and Tracking,”  Weigang Zhao, Tingyan Yao and Qishan Zhang,  
  Beihang University, School of Electronics and Information Engineering;  
  and Jinpei Wu, Wuyi University 
 
 
SESSION 11 – Antennas 
Chair:  Robert C. Buck, 746 TS, Holloman  
Royal Palm Salon 5 
 
04-11-01 “Orthogonal Dual-Antenna Transmit Diversity for SOQPSK in 
  Aeronautical Telemetry Channels,” Michael A. Jensen, Dr. Michael D.  
  Rice, Thomas Nelson, and Adam L. Anderson, Brigham Young University, 
  Dept. of Electrical and Computer Engineering 
 
04-11-02 Comparison of Alamouti and Differential Space-Time Codes for 
  Aeronautical Telemetry Dual-Antenna Transmit Diversity,”  Michael A. 
  Jensen, Dr. Michael D. Rice, and Adam L. Anderson, Brigham Young  
  University, Dept. of Electrical and Computer Engineering 
 
04-11-03 “Integration of S-band FQPSK Telemetry Transmitters and GPS  
  Based TSPI Systems with Closely Spaced Antennae-A Success 
  Story,” Robert W. Selbrede, 412 TW/DRP, and Ronald Pozmantier, 
  411 FLTS/TS, Edwards Air Force Base 
 
04-11-04 “Integrating a Limiter/Filter/Amplifier into a Conformal Wraparound 
  GPS/TM Antenna Substrate,” Scott Kujiraoka, Dr. Marvin Ryken and 
  Rick Davis, NAWC Weapons Division, Pt. Mugu 
 
04-11-05 A Multifunction Satellite Backhaul System for Aircraft Flight Test 
  Applications,” John J. Bell, James Mileshko, Edward L. Payne and Paul  
  A. Wagler, ViaSat, Inc. 
 
 
SESSION 12 – IEEE 802.11 
Chair:  Dr. Charles H. Jones, 412 TW/ENTI, Edwards 
Royal Palm Salon 6 
 
04-12-01 “Advanced Instrumentation Control Systems,” Grady Baker,   
  NAVAIR, China Lake 
 
04-12-02 “Throughout Performance of IEEE 802.11e With IEEE 802.11a,   
  802.11b and 802.11g Physical Layers,” Vishal S. Shah and 
  Todor Cooklev, San Francisco State University, School of Science & 
  Engineering 
 



04-12-04 “Survey of Detection Methods for ARTM CPM,” Erik Perrins and  
  Dr. Michael D. Rice, Brigham Young University, Dept. of Electrical & 
  Computer Engineering 
 
04-12-05 “Sensor Array Networking and Data Telemetering Group,”  
  George Mavros, Kathleen McKearney, Bomi Park, and YoungBeom Ryu 
  University of Arizona, Dept. of Electrical & Computer Engineering 
 
 
SESSION 13 – Applications of XML 
Chair:  Diarmuid Corry, ACRA CONTROL, Inc. 
Royal Palm Salon 1 
 
04-13-01 “Description Language for a Self-Describing Data System,”  
  Lee H. Eccles, Boeing Commercial Airplanes 
 
04-13-02 “XML:  A Global Standard for the Flight Test Community,” 
  Diarmuid Corry and Alan Cooke, ACRA CONTROL, Inc. 
 
04-13-03 “Advanced Data Description Exchange Services for Heterogeneous 
  Systems,” Greg Hupf and Rodney Davis, Command and Control 
  Technologies 
 
04-13-04 “Ontology-Driven Translator Generator for Data Display    
  Configurations,” Dr. Charles H.Jones, 412 TW/ENTI, Edwards Air Force  
  Base; Dr. Ronald Fernandes, Dr. Michael Graul, and Burak Meric,   
  Knowledge Based Systems, Inc. 
 
04-13-05 “The Timeliness of Asynchronous Packet Multiplexing in Switched 
  Ethernet,” Qiao Li, Dr. Xiaolin Zhang, Huagang Xiong, and Yuxia Fei,  
  Beijing University of Aeronautics and Astronautics 
 
 
SESSION 14 – Space Link Extension 
Chair:  James W. Harris, NASA Dryden Flight Research Center 
Royal Palm Salon 2 
 
04-14-01 “Using the CCSDS File Delivery Protocol (CFDP) on the Global 
  Precipitation Measurement Mission,” Timothy J. Ray, NASA Goddard 
  Space Flight Center 
 
04-14-02 “Flying CFDP on Messenger,” Christopher J. Krupiarz and Brian K. 
  Heggestad, The Johns Hopkins University Applied Physics Laboratory; 
  Richard D. Carper, Space Data Systems 
 
04-14-03 “Testing of a DTN Protocol-CCSDS File Delivery Protocol Inter- 



  implementation Testing Final Report,” Richard D. Carper, Space 
  Data Systems; Massimiliano Ciccone, European Space Agency; Kathy 
  Bryan Rockwell, Jet Propulsion Lab, CA Institute of Technology 
 
 
SESSION 15 – Safety, Security and Integrity I 
Chair:  Terry Hill, Quasonix, LLC 
Royal Palm Salon 3 
 
04-15-01 “Total Border Security Surveillance,” Fredrick W. Herold, Fredrick  
  Herold & Associates, Inc. 
 
04-15-02 “Securing Telemetry Post Processing Applications with Hardware 
  Based Security,” Jeff Kalibjian, Atalla Security Products, Hewlett 
  Packard Corporation 
 
04-15-03 “A Comparison of MMSE and CMA Equalization Techniques for  
  ARTM Tier-1 Waveforms,” Dr. Michael D. Rice, Brigham Young   
  University, Dept. of Electrical and Computer Engineering; Ed Satorius, 
  Jet Propulsion Laboratory 
 
04-15-04 “High Altitude Transmitter Flight Testing,” K. Dewayne Brown, 
  Honeywell Aerospace, NNSA-Kansas City Plant 
 
 
SESSION 16 – Timing and Synchronization 
Chair:  Paul A. Kennedy, NASA Marshall Space Flight Center 
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ABSTRACT 
 

This paper presents analysis for evaluating the probability density function (pdf) of the 
noise at the output of the frequency demodulator. It is shown that the noise is non-
Gaussian and that for low to medium signal-to-noise power ratios, its pdf differs very 
significantly from the Gaussian pdf commonly assumed in simplified analysis. These 
results are very important for analyzing the performance of the PCM/FM type of 
modulation schemes used in telemetry systems as illustrated in the paper. 
 

INTRODUCTION 
 
This paper presents an exact analysis for the probability density function (pdf) of the 
noise at the output of a frequency demodulator. In the literature [2-3], the FM 
demodulator output noise is assumed to be Gaussian distributed at high signal-to-noise 
power ratio (SNR). At low SNR, it is analyzed in terms of a Gaussian noise and a 
sequence of impulse functions (clicks) based on the classical theory propounded by Rice 
[1]. In such an analysis, assuming relatively low bandwidth of the post demodulator 
video (LPF) filter, the variance of the total noise power at the filter output is evaluated. 
The probability distribution of the filter output noise is assumed to be Gaussian. While 
such an analysis is adequate for the case of analog information signals such as speech, for 
the case of digital signals, one of the most important characteristics of the noise is its pdf.    
 
This paper presents an exact analysis of the FM demodulator output noise. It is shown 
that the pdf is given in terms of Hypergeometric function. The derived expression is 
applicable to all SNRs. At relatively low to medium SNR levels, the pdf of noise differs 
drastically from the Gaussian pdf with the difference becoming progressively smaller 
with increasing SNR. At high SNRs (>25 dB), the difference is relatively small. 
However, since the typical SNR used in digital telemetry is in the 10-15 dB range, the 
non-Gaussian distribution is very important in evaluating the probability of bit error. Due 
to the analytical difficulties, the analysis does not take into account the effect of video 
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filter following the FM demodulator. However, this effect is expected to be relatively 
small when the video filter bandwidth is of the order of the IF bandwidth which has been 
shown to be optimum from earlier simulation results.   
 

SIGNAL MODEL 
 

The signal at the output of the IF filter or at the input of the frequency demodulator is 
given by 
   )t(n))t(tcos(A)t(v sIF +θ+ω=    (1) 
where ωIF denotes the IF frequency, θs(t) is the signal modulation and is equal to 

∫ ττ
∞−

t
f d)(mD  where Df denotes the frequency modulator sensitivity and m(t) is the 

message signal. The term n(t) represents band limited ‘white’ noise with one-sided power 
spectral density equal to N0 and assumed to have a Gaussian distribution. The variance of 
n(t) is equal to N0BIF where BIF is the IF filter equivalent noise bandwidth. The noise 
term n(t) may be expressed in terms of the following in-phase and quadrature 
representation 
   )tsin()t(y)tcos()t(x)t(n cncn ω−ω=    (2) 
where xn(t) and yn(t) are baseband ‘white’ noise processes with (one-sided) power 
spectral density 2N0 and of bandwidth BIF/2. The processes xn(t) and yn(t) are 
independent Gaussian and have variance σ2 = N0BIF. The frequency demodulator output 
may be expressed as the derivative of the phase θT(t) of the received signal v(t) expressed 
in AM-PM form  with θT(t) given by 
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θ−θ+θ=θ −
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tan)t(
snn

snn1
sT   (3) 

where θs(t) denotes the desired signal and Rn(t) and θn(t) represent the amplitude and 
phase of the additive noise n(t) with its complex envelope given by 
 
   )t(j

nn
ne)t(R)t(g θ= ; )t(yj)t(x)t(g nnn +=   (4) 

The complex envelope of the received signal is similarly given by 

   )t(j
s

seA)t(g θ=      (5) 
In the first instance it is assumed that the modulation index is relatively small (θs(t) is 
small compared to θn(t)  ). In this case the noise term in (3) may be approximated as 
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Equivalently one may express φn as 
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Differentiation of (7a) with respect to the time t yields the following expression for the 
FM demodulator output noise. 
 

]y)xA[(

yxy)xA(
2
n

2
nc

nnnn
n

++
−+=φ
&&&      (8) 

In the following, an expression for the pdf of nφ& is derived which is valid for the 
complete range of SNR. 
 

DEMODULATOR OUTPUT NOISE DISTRIBUTION 
 
To derive the requisite pdf, the set of random variables (RV) X1, X2, X3, and X4 are 
defined for notational convenience by 
  n4n3n2n1 yX;xX;yX);xA(X && ===+=   (9) 

then the desired RV nφ& may be expressed in terms of RVs X1, X2, X3, and X4 as 

  )XX(/)XXXX( 2
2

2
13241n +−=φ&     (10) 

From the discussion of the in-phase and quadrature representation of n(t) in (2), it follows 
that X1 and X2 are independent and Gaussian distributed with variance σ2 = N0BIF. 
Therefore X3 and X4 are also Gaussian and probabilistically independent. The power 

spectral density (one-sided) of  )t(xn& is given by )f(P)f2()f(P
nn x

2
x π=& where )f(P

nx is 

the power spectral density (PSD) of xn(t), and thus the variance of )t(xn& denoted by 2
dσ  

is given by 

  ∫ π=σ
∞

0
x

222
d df)f(Pf4

n
     (11)

For the case when the IF filter is assumed to be ideal with bandwidth BIF = 2 B, 2
dσ  may 

be evaluated to be 

  3/)B2( 222
d σπ=σ       (12) 

Note however that (11) is more general and applies to any filter shape. Similarly the 

variance of )t(yn& is also given by 2
dσ . It easily follows as is well known that the cross 

correlation function of yn(t) and )t(yn& denoted by )t(y)t(y)(R nnyy nn
τ+⋅≡τ &&  is given 

by 

  
τ
τ=τ

d
)(Rd

)(R
nn yy &       (13) 

and thus the variables yn and ny&  are uncorrelated if R(τ) has a maximum at τ=0 which is 
true for most practical filters including the ideal filter case. Because of the Gaussian 
distribution of the two variables, it follows that they are also statistically independent. 
Similarly the variables xn and nx&  are also independent. In summary, X1, X2, X3, X4  are 
statistically independent and Gaussian distributed random variables. In order to evaluate 
the pdf (probability density function) of nφ& , a set of intermediate random variables Y1, 
Y2, Y3, Y4 is defined by 
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To evaluate the pdf of the random vector Y=[Y1 Y2 Y3 Y4 ]; the set of equations (14) are 
solved for the value of the random vector X = ]xxxx[x 4321= with 

]yyyy[yY 4321== . The desired solutions of (14) are given by 
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In (15) x1 and x4 (respectively x2 and x3) have same sign. Thus there are four possible 
solutions for (15). Considering first the solution with all  signs positive, the Jacobian J of 
the set of equations (15) may be shown to be 

  
)]yy(y4[
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y
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J
424 −

−=
∂
∂≡      (16)

In (16),  A  denotes the determinant of any matrix A. As the random variables X1, X2, 
X3, and X4 are statistically independent, the joint pdf of the random vector X denoted by 

)x(fX is given by 

  )x(f)x(f)x(f)x(f)x(f 4X33X2X1XX 421
=    (17) 

and the component (corresponding to the selected solution from (15)) of the pdf of the 

random vector Y denoted by )y(f1
Y is given by 
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Y 43211
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In the subsequent development )y(f1
Y and its integral with respect to components of y  

are referred to as pdf and marginal pdfs respectively. The actual pdf is the sum of such 
components evaluated for all four solutions in (15). In equation (18), g1, g2, g3, and  g4 
represent the components of the vector function )y(g . The various functions appearing in 

(18) are given by 
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where σ2 and 2
dσ  denote the variances of random variables X1 and X3 (respectively X2 

and X4 ). Now the product of the last two terms in (19) may be written in the following 
form 
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Substitution of (19) and (16) in equation (18) yields the joint pdf of the random vector 
Y . The desired joint pdf of the random variables Y1, Y2 is obtained by integrating the 

joint pdf )y(f1
Y  with respect to y3, y4. Since only the last two product terms in (18) are 

functions of y3, the marginal pdf of Y1, Y2, Y4 is given by 
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The integral in (22) may be easily evaluated by substitution from (20) and is given by    
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With the substitution for the integral from (23) and the expressions for )(f
1X  and )(f

2X  

from (19a,b) in (22), the desired marginal pdf of Y1, Y2, Y4 is given by 
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Finally the marginal pdf of Y1, Y2 is obtained by integrating the right hand side of (24) 
with respect to y4. Letting I represent the following integral 
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With the change of variables )y/y(v 24= , the integral may be rewritten as 

  dv)vexp()v1(y2I
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Using the identity 3.389/1 of [4 ] reproduced below 
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where 21F represents the Hypergeometric function. The application of identity (27) with 
ρ = 1/2 and ν = 1/2 yields 

 ]4/;2/3,2/3;1[F]2/1,1[B]4/;1,2/1;2/1[F]2/1,2/1[BI 2
21

2
21 ββ+β=  (28) 

where B denotes the beta function (Eulers’s integral of first kind) [4]. Representing the 
)(F21 functions in terms of their series expansions, the integral I may be expressed as 
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where the coefficients ck may be evaluated in terms of the coefficients in the series 
expansions of the )(F21 functions appearing in (28), such an evaluation is carried out in 
the subsequent development. Therefore, the marginal pdf of the random variables Y1, Y2 
is given by 
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Now the pdf of the desired random variable 21 Y/YZ ≡  is given by [5] 
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Substitution of the joint pdf of Y1, Y2 from (30) into (31) results in the following 
expression for the pdf of Z 
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Using the identity 3.351 in [4] reproduced in equation (33) below 
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where Γ( ) denotes the gamma function. The integral in (32) denoted by I2 is given by 
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Substituting for I2 from (34) into (32), the desired pdf fZ(z) may be expressed in the 
following form 
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Form the definition of the coefficients ck given implicitly by equations (28)-(29) and 
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using the series expansion for the Hypergeometric functions [4], the expression for ck is 
given by 
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Therefore, substituting the expansion for the gamma function, one obtains the following 
expression for the summand in (35) 
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where in equation (38) w has been defined as 
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From equation (38) it follows that 
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Finally the substitution of (40) into (35) results in the following expression for fZ(z) 
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It may be shown in a manner similar to the derivation of )z(f1
Z that the component of the 

pdf fZ(z) corresponding to the negative sign for x1 and x4 in equation (15) is obtained by 
replacing the positive sign associated with the second term in (41a) by negative sign. The 
solution corresponding to the other two solutions are identical to the first two solutions. 
Hence the pdf fZ(z) is equal to four times the first term in (41a), i.e., 
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where using the definition of the hypergeometric functions, the 22F ( ) function has been 
simplified to the 11F  ( ) function and the Γ(3/2) has been replaced by (1/2) Γ(1/2). 
Equation (42) with (41b) represent the final desired result. Finally substituting the values 
of the beta and gamma functions : B[(1/2), (1/2)]=π  and π=Γ ]2/1[ , the expression for 
the pdf fZ(z) simplifies to 
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More conveniently defining the normalized random variable Ψ=Ζ/(2πB) in view of (12), 
(frequency fluctuation normalized by the filter bandwidth in rad/sec), the pdf of the RV 
Ψ is given by 
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where )B2/(df πσ=σ  in equation (44) and thus 2
fσ represents the variance of the 

normalized frequency fluctuations. Note that under the high SNR condition and ideal 

filter shape usually treated in the literature, .)A3/( 2
l

222
f σ≡σ=σ  

 
Comparison with Gaussian pdf: 
Figure 1-2 plot the pdf of the demodulator output noise as computed from (44) for the 
input SNR = (A2/2 σ2) equal to 12 and 20 dB respectively plotted versus ψ normalized by 

σl where )A3/( 222
l σ=σ is the variance of ψ predicted on the basis of linear Gaussian 

assumption. As may be observed from these figures, the pdf as computed from equation 
(44) differs very markedly from its value predicted from the linear theory for SNR up to 
15 dB with lower SNR resulting in higher difference.  For an SNR equal to 20 dB the 
difference is relatively small. Table 1 below shows the rms value of the noise σf as 
computed from (44) and its value σl as predicted from linear approximation for various 
values of SNR. 
 

Table1. Comparison of theory with Gaussian approximation 
SNR (dB) σl σf 20*log(σf/σl) 

6 .2046 .305 3.47 
8 .1625 .1895 1.34 
12 .1025 .1062 .308 
15 .0726 .0738 .142 
20 .0408 .0410 .042 
25 .0230 .0230 0 

 
While the linear theory gives good approximation for the noise variance for SNR greater 
than or equal to 12 dB, the results in terms of pdf differ significantly at these SNRs. For 
example, at SNR of 12 dB, at l/x σψ= equal to 5, the value of pdf predicted from linear 

approximation is 5105.1 −× compared to 4101.1 −× predicted from the results of this 
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paper. Thus the non-Gaussian nature of the noise is of high significance in determining 
the  probability of bit error in digital communication even when the correct variance can 
be evaluated by an independent means. 

 
   Figure1. FM demod output noise pdf (SNR = 12 dB) 

 
  Figure2. FM demod output noise pdf (SNR = 20 dB) 

 
 

 
 
Probability of Bit Error: 
To evaluate the impact of non-Gaussian noise distribution on the digital signal bit error 
probability Pe, the probability of error is computed both with Gaussian and non-Gaussian 
distribution given by (44). For the case of bipolar NRZ signaling, the sampled signal at 
the FM demodulator output takes values V± for some voltage V. The sampled output 
SNR equal to (V/σf)2 is dependent upon the input SNR, the modulation index and several 
other factors. In this paper to evaluate the impact of non-Gaussian noise distribution, the 
probability of error is computed for a given output SNR both for the Gaussian and non-
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Gaussian distribution of noise both with the same variance. The non-Gaussian noise 
distribution is parameterized by the input SNR. Figures 4 compares the results for the 
non_Gaussian noise distribution corresponding to input SNR of 12 dB. The figure shows 
in very clear terms, the difference in Pe resulting from the non-Gaussian distribution. 

 
      Figure 3. Probability of bit error for NRZ signal (SNRi = 12 dB) 

 
CONCLUSIONS 

 
The paper has presented an exact analysis of the noise at the output of FM demodulator. It has 
been shown that for low to medium SNRs the pdf of the FM demodulator output noise differs 
significantly from the Gaussian pdf. A detection example has been presented to illustrate 
possible impact of the non-Gaussian noise on the probability of detection error. The derivation of 
the paper assumed low modulation index and does not include the effect of the post 
demodulation (video) filter on the probability distribution (the effect on the variance is implicitly 
accounted for in the detection example). For the digital modulation schemes, earlier simulation 
studies show that the best performance is achieved when the video filter bandwidth is of the 
order of the IF bandwidth. In such cases the impact of the video filter is expected to be relatively 
small. A semi-analytical approach can be used to evaluate the impact of video filter under more 
diverse conditions. 
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ABSTRACT 

This paper describes a new approach to object recognition by using ground-penetrating radar (GPR) 
imaging systems. The recognition procedure utilizes the spectral content instead of the object shape 
in traditional methods. To produce the identification feature of an object, the most common spectral 
component is obtained by singular value decomposition (SVD) of the training sets. The 
identification process is then integrated into the backward propagation image reconstruction 
algorithm, which is implemented on the FMCW GPR imaging systems. 
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INTRODUCTION 
 
Object recognition has become a suject of importance in imaging and sensing applications. In the 
past, the recognition process has been mainly conducted based on the objects’ spatial features. In 
ground penetrating radar (GPR) imaging, the reconstruction is the microwave reflectivity profile of 
the object, which does not necessarily resemble the normal surface configuration. Thus, recognition 
based on spatial variation has not been an effective approach in the subsurface imaging applications. 

 

One potential method for object recognition in GPR imaging is to perform object identification by 
using spectral contents. Each material type reacts to microwave illumination in a unique manner. It 
gives a distinct variation within the operating frequency band. Given a set of training signals, the 
unique spectral features can be obtained from the most significant commonality. This can be 
achieved by first forming a correlation matrix among the training signals. Subsequently, singular-



value decomposition (SVD) procedure can be applied. The most common feature among the training 
sets can be identified by a linear combination of the training set using the elements of the 
eigenvector corresponding to the most significant SVD component as the coefficients of the 
combination. This signal pattern can then be utilized as the identification feature for recognition of 
that particular object type. 

 

For GPR systems operating with FM-CW illumination, the image formation procedure is in the 
multi-frequency tomography format. Thus, the recognition with spectral contents is most suitable 
because of the structure of the backward propagation image formation algorithm, where the spectral 
variation of the reconstructed images is readily available. Therefore, with an identification feature 
pattern corresponding to an object type can be formed for each GPR image with minor modifications 
to the tomographic image reconstruction algorithm. 

 

This paper includes theoretical analysis of the formulation of the identification features, algorithm 
structure associated with the backward propagation image reconstruction algorithms, and full-scale 
experiments with data from field tests. 

 
 

OBJECT RECOGNITION IN GPR IMAGING 
 
One of the important extensions of GPR imaging is the capability of object recognition. The basic 
procedure of a recognition task is the matching of the detected signals against the identification 
pattern. The identification pattern is often termed the ID feature, or ID vector for multi-dimensional 
cases. The crucial step in object recognition is not necessarily the matching process. Instead, it is the 
formulation and formation of the ID features, which is the key to the successful execution of the 
recognition task. 

 

The development of the pattern recognition associated with imaging systems has been largely in the 
stage of recognizing objects based on two- or three-dimensional spatial features. This approach is 
based on the functions and concepts of the human visual and perception procedures. However, this 
technique has limited capability because GPR images are quite different from typical visual images 
due to the bandwidth, resolution, operating configurations of the data-acquisition systems, as well as 
the physical interactions between the targets and microwave illumination. Thus, in this paper, we 
utilize an alternative approach to facilitate the recognition process, which is to operate the 
recognition procedure based on the spectral statistics at a target position, instead of the spatial 
features. 

 
The image reconstruction procedure is implemented based on the multi-frequency tomographic 
version of the backward propagation algorithm. The final image is the superposition of all the 
coherent sub-images. This means that, at any target location, the spectral content of the superposition 
is readily available. 



 

As mentioned earlier, the most crucial step is the formation of the ID features, which can be 
conducted in different ways. One is to formulate the ID features completely based on theoretical 
models. Another approach is to construct the ID features from a set of so-called training vectors.  If 
feasible, the collection of the training vectors is typically performed through laboratory experiments 
in a controlled manner to ensure high accuracy.  Previous results have shown that when trained 
correctly, the SVD method can reach equilibrium in as few as 50 training sets. Yet, when the 
theoretical model or laboratory experimental data are not available, field-test data can be used as the 
training vectors, which is common in practice. 

 

The most common and robust approach to the formation of an ID vector from a set of training 
vectors is direct averaging. In many applications, it is adequate in terms of accuracy and 
convergence especially when the training data are obtained in controlled laboratory experiments and 
the data size is sufficiently large. When we utilize field-test data for training, this approach is often 
ineffective due to the phase perturbation associated in wave propagation and variation of magnitude 
due to different range distances. Thus, instead, a SVD technique is used for the training process for 
improved accuracy and consistency. 

 

From a set of training vectors, we first form a cross-correlation matrix R from corresponding data to 
one unique target type. R is an NxN square Hermitian-symmetric matrix and the elements of the 
matrix represent the correlation among the training vectors. 

 

                                         R = E{ SSH }                                                    (1) 

 

where S is the vector representing the collection of training vectors. Subsequently, a SVD is 
performed and the correlation matrix R is partitioned in the form of 

 

                                        R = U Λ UH                                                      (2) 

 

where U is the orthonormal matrix, which is the collection of the eigenvectors, and Λ is a square 
matrix and its diagonal elements are the singular values. The variation of the singular values 
provides important information in terms of the quality of the training vectors. If the training vectors 
are of good quality, the singular values will be clustered with one or very few dominant components. 
If the training vectors are not well correlated, the singular values spread. This also means the 
magnitude of the most significant singular value is an indication of the level of commonality among 
the training vectors, which represents the degree of confidence as well as the upper bound of the 
recognition process. 

 

 

 



Subsequent to the decomposition, the elements of the eigenvector corresponding to the most 
significant singular value are used as weighting coefficients of the linear combination of the training 
vectors to form the ID vector of the corresponding object type, 

 

                           s* = s1/u11 + s2/u12 + …+ sN/u1N                                  (3) 

 

where u1k is the kth element of the eigenvector corresponding to the most significant singular value. 
In practice, the elements can be complex. The magnitude of the elements provides the normalization 
factor to equalize the variation among the training vectors and the phase provides the correction of 
various phase perturbations in wave propagation and data acquisition. 

 

As we complete the backward propagation image formation procedure, a GPR image is formed. If 
any particular location is of interest, it can be selected for the recognition procedure. Once a target 
location is selected, the algorithm traces back to obtain its spectral contents prior to the superposition 
process to be used as the test vector. Then the test vector is normalized and matched against the ID 
vector by a simple inner-product operation. Since both the test and ID vectors are normalized, the 
magnitude of the inner product is bounded between 1.0 and zero, which represents the probability of 
the match. 

 

It should be noted that the recognition produces a quantitative indicator as the probability of the 
match, instead of the traditional binary outcomes in many recognizers, which provides the 
opportunity for further analysis and investigation. In many GPR field operations, this technique 
provides (1) the confidence level of the ID vector from the magnitude of the most significant 
singular value and (2) the numerical results of the matching process, which is proven to be of great 
importance. It should be also pointed out that the computation of the recognition procedure is the 
inner product of the normalized spectral content of a particular location with the ID feature. Thus, 
the result of the recognition process is independent of the variations in the image profiles. 

 

The technical description of this section is focused on the formation of ID vector and matching 
operation corresponding to one object type. Yet, with minor modifications, this concept can be 
extended to the recognition tasks for multiple object types by expanding the SVD procedure to 
analyze the commonality as well as difference among the ID vectors corresponding to multiple 
object types for further improvement of the performance of the recognition tasks. 

 

EXPERIMENTS AND RESULTS 
 
To evaluate the feasibility of object recognition with GPR imaging systems practice, the object 
recognition algorithm was applied to identify buried specimens underground. The SVD training 
approach was selected for the experiments to formulate the identification feature of the recognition 
process. Then the identification features are subsequently incorporated into the image reconstruction 
process. 



 

A a field test, forensic specimens were buried at two locations and GPR data were acquired on a 
monthly basis over a period of 24 months. The data acquisition process was conducted at the 
Anthropological Research Facility operated by the University of Florida. The stepped-frequency 
GPR system was operating over the spectral range of 200-700 MHz with 85 frequency steps. A 6.1 
meter by 4.9 meter grid was constructed over the test site.  Ten transects were taken at each site with 
the middle two transects crossing over the width of the test side.  Data were acquired with an 
increment of 15cm along each gridline and 60cm spacing between grid lines. The initial results 
successfully demonstrated the feasibility of detecting the specimens.  

 

The utilization of recognition procedure in conjunction of the image reconstruction algorithm results 
in a significant reduction of false-target identification rate. The object recognition image shows the 
correlation between the target’s spectral content and the identification feature with a percent match. 
The percentage-match indicator provides added flexibility to visualization. 

 

 

 

 
 

Figure (1): Florida test site with data collection grid marked. 

 

 

 

 

 

 



 

 

 
Figure 1: (top) Image formed by backward propagation algorithm. 

     (bottom) Resultant profile of recognition process. 

 

 

CONCLUSION 
 
This paper describes an important extension of the GPR imaging capability into object recognition. 
Instead of the conventional recognition techniques by spatial features and shapes, this approach is 
based on the spectral feature of the object within the operating frequency band. Because of the 
unique computation structure of the backward propagation image reconstruction algorithm, the 
object recognition process can be fully integrated into the overall image formation process without 
substantial increase of computation complexity. 
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ABSTRACT

This paper will present the results of experiments to characterize the performance of a blind,
adaptive constant modulus algorithm (CMA) equalizer in simulated telemetry multipath
environments.  The variables included modulation method, bit rate, received signal-to-noise ratio,
delay of the indirect path relative to the direct path, amplitude of the indirect path relative to the
direct path, and fade rate.  The main measured parameter was bit error probability (BEP).   The tests
showed that the equalizer usually improved the data quality in the presence of multipath.

KEY WORDS

Adaptive equalization, multipath fading, CMA equalizer, telemetry, PCM/FM, SOQPSK-TG,
ARTM CPM

OVERVIEW

Multipath can be a significant problem in some aeronautical telemetry flight tests.  Flight tests were
performed at Edwards AFB to characterize the telemetry channel in their high desert environment
[1].  One possible solution to the multipath problem is an adaptive equalizer [2].  Reference 2
presents results with a blind, adaptive equalizer based on the constant modulus equalization
algorithm.  The Nova Engineering MMD44 demodulator was also used for the test results reported
herein.  The multipath fading was generated using a Rohde & Schwartz (R&S) SMIQ signal
generator operated with 2 paths and a 10 Hz fading rate.  The measurement interval was 10 seconds.
Therefore, approximately 100 fades occurred in each measurement interval.  The SMIQ can generate
delays in steps of 50 ns.  The delays determined in reference [1] were usually less than 400 ns so
delays of 50, 100, 200, and 400 ns were used in this experiment.  The bit rates used for these tests
were 2, 6 and 10.5 Mb/s.  The modulation methods used were pulse code modulation/frequency
modulation (PCM/FM), shaped offset quadrature phase shift keying (SOQPSK-TG), and Advanced
Range Telemetry (ARTM) continuous phase modulation (CPM).  



TEST SETUP AND TEST RESULTS

The R&S AMIQ generator was used in conjunction with the R&S SMIQ to generate the modulated
radio frequency (RF) signals as shown in figure 1.  The RF signal was applied to a telemetry receiver
and the intermediate frequency (IF) output of the receiver was connected to a Nova Engineering
model MMD44 demodulator.  The data and clock from the MMD44 were connected to the AMIQ to
allow measurement of the BEP.  The SMIQ output level was adjusted to produce signal energy per
bit to noise power per Hz ratios (Eb/N0) for the direct signal path of approximately 15, 25, and 35 dB
for each bit rate.  This paper uses refection coefficient (Г) to be consistent with references 1 and 2
but the hardware used for the test is programmed in terms of excess path loss.  The second ray path
loss was set to 10 dB (Г2=0.316) and the BEP was measured over a 10 second interval.  The second
ray path loss was decreased and the BEP measured.  This process was repeated until the BEP
exceeded 10-3.  A decision was made to declare “acceptable” performance to be a BEP of 10-5 or
lower.  Additional measurements at higher second ray path losses were performed when the BEP
was larger than 10-5 with a 10 dB loss.  For comparison purposes, the test was also performed using a
conventional single symbol demodulator/bit detector for 10.5 Mb/s PCM/FM.  A few tests were also
performed at a fade rate of 1 fade/s to verify that the 10 Hz fade rate was not a significant factor in
the results.  The results were essentially the same at 1 Hz and 10 Hz fade rates.

 

R&S
AMIQ

R&S
SMIQ
Opt. 14

Telemetry
Receiver

Nova
MMD44

I

Q

RF

IF

DATACLOCK

Figure 1.  Test setup.



Figure 2 shows measured BEP values
versus Г2 for 10.5 Mb/s NRZ-L
PCM/FM with a receiver demodulator
and single symbol bit detector.  The
first value in the ordered pairs in the
legend is the second path delay in ns
and the second value is the
approximate Eb/N0 value of the direct
path in dB.  Note that bit errors start to
occur at a Г2 value of about 0.5 or
lower and bit errors start at higher
values of Г2 with the higher value of
Eb/N0.  Higher values of Г2 indicate more
severe multipath fading.  Also, the worst
performance (lowest value of Г2 for a
given BEP) occurs for a second path delay of

Figure 3 shows the measured BEP
values versus Г2 for 10.5 Mb/s NRZ-L
PCM/FM with a Nova MMD44
demodulator with equalizer off.  Note
the clustering of the data by Eb/N0
values with the 35 dB Eb/N0 values
having the higher  values of Г2.  The
values of Г2 are higher for figure 3
than for figure 2 which shows that the
Nova MMD44 performs better under
these multipath conditions than does
the receiver demodulator/bit
detector used in figure 2.

Figure 4 shows the measured BEP
values versus Г2 for 10.5 Mb/s NRZ-L
PCM/FM with a Nova MMD44
demodulator with equalizer on and
equalizer gain at the default value of
314.  Note that the values of Г2 are
higher for figure 4 than for figure 3
which shows that the Nova MMD44
equalizer is reducing the multipath
effects.  The equalizer performs best
with the 35 dB Eb/N0 values especially
with the 50 and 100 ns delays.  The
poorest equalizer performance was
with the 400 ns delays.
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Figure 2.  Measured BEPs for 10.5 Mb/s NRZ-L
PCM/FM with receiver/bit sync.
 100 ns which is a delay of about one bit time.
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Figure 3.  Measured BEPs for 10.5 Mb/s NRZ-L PCM/FM with
Nova MMD44 (equalizer off).
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Figure 4.  Measured BEPs for 10.5 Mb/s NRZ-L PCM/FM
with Nova MMD44 (equalizer on).



Figures 5 and 6  show the performance with SOQPSK-TG modulation and with the equalizer off and
on. Note that the values of Г2 are usually higher for figure 6 than for figure 5 which shows that the
Nova MMD44 equalizer is reducing the multipath effects in most cases.  The exceptions are slight
degradation with an Eb/N0 value of 15 dB and the shorter delays.  Interestingly, the equalizer did the
best with short delays at 35 dB and the worst with short delays at 15 dB.  The longer delays had the
worst performance with the equalizer off.  
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Figure 5.  Measured BEPs for 10.5 Mb/s
SOQPSK-TG with Nova MMD44 (equalizer off)
 
 Figures 7 and 8  show the performance with ARTM
on. Note that the values of Г2 are usually higher for
Nova MMD44 equalizer is reducing the multipath e
degradation with an Eb/N0 value of 15 dB and the 5
performance of ARTM CPM with no equalizer for 
greater than 10-3 for a Г2 of 0.316.  The equalizer pe
especially for the shorter delays. 

During these tests several instances of “anomalous”
ometimes the equalizer would converge on an erro

Nova Engineering is working on a solution to this p
convergence on a sub-optimum solution.
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The results presented in Table 1 are the highest value of Г2 for which the BEP is approximately 10-5

for each modulation method, bit rate, Eb/N0 value, and equalizer state (off or on (Nova EQ indicates
the equalizer is on)).  Some conclusions from looking at this data are: the lower bit rates are affected
less by multipath than the higher bit rates, ARTM CPM is the most susceptible to multipath of these
modulation methods and PCM/FM with the Nova demodulator is the least susceptible, the most
dramatic improvement with the equalizer was for ARTM CPM with 400 ns delays.

Table 1.  Measured Values of Г2 which resulted in a BEP of 10-5 for Various Test Conditions.
Modulation Bit Rate

(Mb/s)
Eb/N0 
(dB)

Demodulator/
Bit Detector

50 ns
Г2

100 ns
Г2

200 ns
Г2

400 ns
Г2

PCM/FM 2 15 Nova 0.58 0.59 0.59 0.56
PCM/FM 2 15 Nova EQ 0.58 0.6 0.68 0.79
PCM/FM 2 35 Nova 0.93 0.89 0.82 0.75
PCM/FM 2 35 Nova EQ 0.92 0.93 0.93 0.9
PCM/FM 10.5 15 Nova 0.54 0.51 0.51 0.51
PCM/FM 10.5 15 Nova EQ 0.71 0.79 0.77 0.64
PCM/FM 10.5 15 RCVR 0.39 0.25 0.3 0.3
PCM/FM 10.5 35 Nova 0.71 0.69 0.72 0.68
PCM/FM 10.5 35 Nova EQ 0.98 0.98 0.9 0.79
PCM/FM 10.5 35 RCVR 0.52 0.35 0.41 0.4

SOQPSK-TG 2 15 Nova 0.43 0.43 0.43 0.32
SOQPSK-TG 2 15 Nova EQ 0.32 0.39 0.45 0.5
SOQPSK-TG 2 35 Nova 0.9 0.87 0.78 0.63
SOQPSK-TG 2 35 Nova EQ 0.93 0.91 0.89 0.85
SOQPSK-TG 10.5 15 Nova 0.4 0.33 0.22 0.22
SOQPSK-TG 10.5 15 Nova EQ 0.41 0.53 0.63 0.5
SOQPSK-TG 10.5 35 Nova 0.72 0.55 0.38 0.38
SOQPSK-TG 10.5 35 Nova EQ 0.95 0.93 0.89 0.67
ARTM CPM 6 15 Nova 0.42 0.43 0.31 0.18
ARTM CPM 6 15 Nova EQ 0.5 0.53 0.62 0.65
ARTM CPM 6 35 Nova 0.85 0.58 0.35 0.22
ARTM CPM 6 35 Nova EQ 0.9 0.9 0.85 0.78
ARTM CPM 10.5 15 Nova 0.39 0.3 0.15 0.12
ARTM CPM 10.5 15 Nova EQ 0.28 0.35 0.45 0.4
ARTM CPM 10.5 35 Nova 0.63 0.41 0.23 0.19
ARTM CPM 10.5 35 Nova EQ 0.91 0.88 0.79 0.56



SUMMARY

The results reported in this paper show that the Nova Engineering MMD44 does a good job of
correcting for multipath impairments at high values of Eb/N0 (35 dB).  The performance at an Eb/N0
of 15 dB was usually fairly good but there were a few instances of degradation with short delays.
The best performance was usually with the shorter delays except for the 15 dB Eb/N0 with equalizer
case where the best performance was with the longer delays.  Other findings include: the lower bit
rates are affected less by multipath than the higher bit rates, ARTM CPM is the most susceptible to
multipath of these modulation methods and PCM/FM with the Nova demodulator is the least
susceptible, the most dramatic improvement with the equalizer was for ARTM CPM with 400 ns
delays, during these tests several instances of “anomalous” equalizer performance were noted, that
is, sometimes the equalizer would converge on an erroneous solution which resulted in a BEP of 0.5.
This erroneous solution problem is a significant limitation on the usefulness of this equalizer for
flight test applications.  Nova Engineering is working on a solution to this problem.
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ABSTRACT

The content of this paper is putting forward an idea that applies the software radio technique to the 
subcarrier demodulation of frequency divided multiplexing telemetry system. Firstly, the article 
explains the basic thought and application of the software radio. It introduces the main function and 
the use of the programmable downconverter in HSP50214/ HSP50216. Secondly, it discusses the 
merit and shortcoming about the method of the subcarrier demodulation of frequency divided 
multiplexing telemetry system in common use. Finally, the article aims at ± 7.5% proportion 



bandwidth FM subcarrier channels that in common use in the military standard, introducing 
HSP50214/HSP50216 programmable downconverter in achievement of design and simulation result. 
The main problems in the design are discussed and a conclusion obtained.
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Programmable Downconverter, Frequency Divided Multiplexing Telemetry, Software Radio

THE DIGITIZED TECHNOLOGY OF THE SIMULATION SYSTEM ----SOFTWARE 
RADIO

With the development of digital signal processing technology, computer technology and large-scale 
integrated circuit (LSI) technology, a lot of systems that were realized by analog circuit will be 
replaced by digitized technology gradually. Developing fast software radio technique is a typical 
example. The software radio is the application based on radio station originally. Its central idea is to 
construct a hardware platform in common use with opening, standardization and modularization. It 
will achieve the various kinds of function by software, for example, frequency band, modulate type, 
data form, encrypt mode, communication protocol and so on. It makes broadband A/D and D/A 
converter closed to the antenna as much as possible, in order to develop the high flexibility and open 
radio communication system of new generation. Because of many reasons, such as speed of the 
device, the ones that can realize now are still just after intermediate frequency.

In the radio communication field, more and more systems adopt the software radio technique in 
High-Tech fields, such as mobile communication, military communication, electronic warfare, digital 
TV, etc. Among radio telemetry and remote control field, it pays close attention to the software radio 
technique too, but the application is not enough. The telemetry receiver based on PC bus of digital 
microwave, which is adopted by HSP50214 of Intersil Company, is a very good example that the 
software radio is used in telemetry field [2]. 

In fact, with the development of software radio technique, its application range isn’t only limited to
radio station, but can utilize software radio technique to realize the function instead of analog 
technique in other fields. This paper is just one of them, its main idea is that it intend to apply 
HSP50214/16 which is applied in the subcarrier demodulation of a frequency divided 
multiplexing(FDM) telemetry system, that is, to use the digital discrimination in subcarrier 
demodulation.

PRIMARY FUNCTION OF HSP50214/HSP50216
The implementation of the software radio can mainly be realized in three ways: DSP�FPGA/CPLD, 
and special chips.



The advantage of using DSP is flexible to realize and easy to change algorithms. The disadvantage is 
the slow speed and it can not be used in many situations where highly real-time is required. The 
advantage of using FPGA/CPLD is fast and easy to change the function. But because of the 
integrated level and other problems, many complicated functions can not be realized in a single chip. 
The advantages of using special chips are high speed, highly integrated. The disadvantages are lack 
of flexibility and difficult to alter functions. The method adopted in this paper is the third one 
above-mentioned, that is, adopt HSP50214 special-purpose chip.

Digital down frequency conversion and demodulation is one of the main technologies in software 
radio. There are many varieties of digital down frequency converter among them. At present, the 
most advanced and powerful one is the HSP50214/HSP50216 of Intersil Company.

A. Main Function of HSP50214B
There are three Primary functions of HSP50214B:

(1) Digital down conversion: Including local numerical control oscillator (NCO) and digital 
mixer, it can move center frequency of useful signal to zero frequency. The resolution in 
frequency of the NCO is high and the single carrier is easily selected in digital channel of 
broad band

(2) Low pass filter: it can filter signal out of the band and acquiring useful signal. 
HSP50214B programmable FIR filter also can be designed for the matching filter.

(3) Sample rate conversion: In order to process the following signal, the sample rate can be 
reduced. Because decimation factor is broadly in range of change, the digital channel for 
broad or narrow band can be designed, as well as high processing gain is acquired.

B. Main Application of HSP50214B
Digital software radio receiver for single channel
Base station for FDM system
Base station for TDM system
Base station for CDMA mobile communication
Demodulation: AM, ASK, FM, FSK, PM, PSK
Again sampling filter and interpolation filter
Resolution ratio of 14bit in processing

SUMMARY OF FDM DEMODULATION SYSTEM
The method for subcarrier demodulation of FDM generally is divided into three kinds. The first is 



phase locking discriminator. The characteristic of method is narrow bandwidth, losing lock possibly 
and small volume. The second is average in pulse. Generally, the average in positive and negative 
pulses are adopted, which characteristic is that bandwidth is wide, linearity is pretty good and not 
losing lock, but the volume is large. We mostly adopt this way among the application of telemetry 
equipment formerly. For example, this way are always adopted in FDM telemetry system in U.S.A. 
and China. The third is the digital discriminator, in which there are two kinds of methods actually. 
One is digital phase locking loop, another is lookup table or calculating.

The phase locking loop and lookup table in the digital discriminator can be referred to the list of 
references [3] and [5]. The digital discriminator mentioned in the paper is different from two ways 
above. It adopts HSP50214B of Intersil Company which use Digital Programmable Down converter 
to realize the function of subcarrier demodulation.

DESIGN SCHEME OF FDM SYSTEM USING HSP50214B AND CALCULATION OF 
PRIMARY PARAMETER

According to the telemetry standard of U.S.A. and China, FDM telemetry system can be divided into 
proportional bandwidth (PBW) FDM telemetry system and constant bandwidth (CBW) telemetry 
system. The paper takes proportional bandwidth FDM system as an example to illustrate the design, 
the standards of 15% proportional bandwidth is shown as table 1. There are 25 channels in all.

Table 1: The ±7.5% subcarrier channel of proportional bandwidth FM
Channel Centre frequency (Hz) Channel Centre frequency (Hz)

1 400 14 22,000
2 560 15 30,000
3 730 16 40,000
4 960 17 52,500
5 1,300 18 70,000
6 1,700 19 93,000
7 2,300 20 124,000
8 3,000 21 165,000
9 3,900 22 225,000
10 5,400 23 300,000
11 7,300 24 400,000
12 10,500 25 560,000
13 14,500

A. Synthetical Design of FDM Demodulation Part
The frequency of receiver is S band. Because of being limited by the device performance, it is 
difficult to process the radio frequency sampled directly. On reserving software radio in common use, 



flexible and open, it has adopted that the scheme of digital intermediate frequency. The structure 
block diagram of the whole system is as Figure. 1 shows.
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Figure. 1  Block diagram of FDM receiver system
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Considering reliability, it is best to design an independent board for each channel of FDM 
demodulation. If considering the volume, it is also can designed that 2 or 4 channel into one board. A 
HSP50216 includes 4 channel digital down converter and demodulator. So HSP50214B in Figure. 1 
can be replaced by HSP50216, but its each channel can be set up and controlled separately.

The design of subcarrier demodulator can be synthetically designed with digital receiver and the 
existing receiver can also be utilized. There are two kinds of methods to compose the system. One is 
using HSP50214B to carry out the first FM demodulation, outputs from the intermediate frequency 
of the receiver, and then the demodulated digital parameter is sent directly to each channel of the 
subcarrier demodulator without A/D converting, in order to carry out the second FM demodulation. 
The other is to output from behind the video demodulation of the receiver, and then enters each 
channel of the A/D converter.

HSP50214B is a general device, and the primary application is for the receiver, so the speed of the 
frontal data processing can be reached to 65 MSPS, there will have lots of redundancy to subcarrier. 
The speed of A/D converter is slower than the receiver and the cost reduces much more at the same 
time.

The digital signal after the subcarrier demodulation can be sent into computer to store or process 
directly, it can also be passed through the A/D converter to display at the same time.

B. Design of Digitized Subcarrier Demodulation Unit
This unit is the core part of the subcarrier demodulation, which mainly complete the frequency 



movement (to move subcarrier signal to zero intermediate frequency) and the demodulation of FM 
signal. The control circuit of microprocessor should offer to the command of set up frequency and 
bandwidth for the digital subcarrier demodulation unit. Specially, we can store setting format of 
different standards in advance according to different commands, such as the different standard of 
proportional bandwidth and constant bandwidth. According to the needs of user, it also can be set 
that non-standardized for each channel separately. The hardware system of digital subcarrier 
demodulation unit shows in Figure. 2 

When sampling a radio signal with very high frequency, it dose no good to increasing the quantifying 
SNR if the sampling frequency is too low. So the sample rate of band-pass should be selected as high 
as possible, in order to make the instantaneous sample bandwidth as wide as possible. But with the 
increasing of sample rate, another question is that the speed of dataflow after sampling is too high, it 
causes signal processing speed not to match. Especially, some calculation amount of synchronous 
demodulation algorithms is heavy. It is difficult to realize the real-time processing to mass datum. So 
the dataflow must be lowered after A/D converting. CIC and HB filters of HSP50214B are the high 
efficient filters which apply to decimation.

Because what be processed is to the subcarrier, the frequency processed is lower than radio 
frequency. The highest frequency of proportional bandwidth is 560 KHz in this paper, and the one of
constant bandwidth is only 3.84 MHz. So it can be used to the theorem of low pass sampling directly 
instead of band-pass.

Input 
unit

Carrier
NCO

CIC
Filter

HB
Filter

255�
FIR
Filter

Multi-
phase 
Filter�

Interpola-
tion HB 
filter

AGC

Coordinate 
conversion Output 

unit

Frequency 
discriminator

Input level 
detecting

Control 
interface

IN[13:0]

C[7:0]

AOUT[15:0]

BOUT[15:0]

SEROUTB

SEROUTACOF

SOF

CLINK
PROCCLK

M

�

f

I

Q

Again
sampling
NCO

Figure.2  The hardware structure of digital subcarrier demodulation unit

A fewer decimation are only needed after sampling. The demodulation of FM signal can be 
accomplished in two steps. Firstly, the phase is gotten by transform rectangular coordinate into polar 
coordinates. Secondly, the frequency is gotten by differencing the phase.

The highest and the lowest subcarrier channel can be used to explain the principle of subcarrier 
demodulation. The central frequency of the highest subcarrier is 560 KHz and the NCO frequency of 



HSP50214B is set as 560 KHz, then, the orthogonal local oscillators cos( 0n) and sin( 0n) are both 
multiplied by the input signal sequence and centre frequency is moved to zero frequency. The result 
of simulation is shown in Figure. 3.

Figure.3  560KHz digital downconverter of subcarrier channel

Similarly, when frequency is 400Hz, the result is shown in Figure 4.

Figure.4 400Hz digital downconverter of subcarrier channel

CONCLUSION

The central idea of this paper is to apply software radio method into subcarrier demodulation of the 
FDM telemetry system. Specifically, we use HSP50214/HSP50216 as the core module of 
demodulation to realize the demodulation of the FDM telemetry system. Author has used HSP50214 
to realize the demodulation for FM signal in IF of the telemetry receiver. About subcarrier 
demodulation of the FDM telemetry system, Author only simulate it in Sinmulink/Matlab after 
scheme designing. 



The scheme in this paper has 5 advantages: The first is less peripheral chips, it can be realized by 
using HSP50214/HSP50216 and a few peripheral chips; The second is stable frequency, while the 
center frequency of devices using discrete components will drift as the changing of temperature; The 
third is high precision, the internal process precision of HSP50214 is 14-bit, which is far beyond the 
analog method; The fourth is this chip is programmable, so it is easy to use and can be repeatedly 
designed; The fifth is that the debugging is no need, as the working process is digital; The last 
advantage is that the digital signal can be input to computer directly for processing.

The calibration of FDM telemetry system is an important problem. Before FDM demodulation 
system working, the signal generator utilizing DDS is used to accomplish calibration of system. This 
function can be designed as a part of demodulation.

The work needs to be done is how to acquire and send the multiple digital parameters into computer 
after demodulation.

REFERENCES

[1] Yang Xiaoniu, Lou Caiyi, Xu Jianliang. Radio principle of the software and application.
Electronic Industry Press�2001.1.

[2] Song Peng, Zhang Xiaolin, Cao Xue. An Application of Software Radio in Telemetry Receiver, 
Radio Engineering, 2004.2

[3] Richard G. Vorce. A Tunable Multiplex Discriminator with Digital Output. ITC/1985.

[4] Digital Signal Processing Techniques Used to Demodulate Multiple Types of Telemetry Data, 
ITC/1990.

[5] Sun Fayu, Wang Ruixiang. The Digital Multiplex Discriminator Technology of FM/FM 
Telemetry System, TT & C�1997.4.

[6] HSP50214B Date Sheet. Intersil Corporation.



  

THE RESEARCH OF A NEW MULTIUSER DETECTION SCHEME 

COMBINING DECORRELATING DETECTOR AND PARTIAL 

PARALLEL INTERFERENCE CANCELLER  
 
 

Yongjian Wang, Tingxian Zhou 

The Research Center on Communications of Harbin  
Institute of Technology,Harbin, China 

 
 
 
 

ABSTRACT 
 

The decorrelating detector can afford good data estimates because it does not need to know many 
parameters of the received signal. However, it shows great performance deprivation when the 
background noise is high. On the other hand, partial parallel interference canceller(PPIC) has the 
potential to combat the near-far problem and have much lower computation complexity. But its 
performance depends on the initial data estimate. An improved PPIC scheme is proposed in this 
paper to combat the near-far problem. It utilizes the advantages of the two detectors by combining 
them. The focus of this paper is on the BER performance and the near-far resistance capability of the 
proposed scheme. Computer simulations demonstrate that the proposed detector has good BER 
performance and near-far resistance capability. 
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ⅠINTRODUCTION 
 

The direct-sequence code-division multiple access(DS-CDMA) is the most widely used mobile 
communication technology in 3G. The capacity and performance of DS-CDMA system is limited by 
MAI. Especially in the environment when the near-far problem is severe[1~2]. Verdu proposed the 
optimum detector. Unfortunately, it has exponential computational complexity on the order (2 )KO , 
here K is the number of users. Therefore, some suboptimal multiuser detectors were proposed to 
mitigate MAI and combat near-far problem[2]. An important example is decorrelating detector[3~5] 



  

with an output that is multiuser interference-free and whose bit error rate(BER) is therefore 
independent of the interfering amplitudes in theory. In addition to this near-far resistance property, 
the decorrelating detector does not require an estimate of the received signal’s amplitudes. But, the 
decorrelating detector will enhance the system’s background noise. Especially when the background 
noise is high the performance deprivation is severe. However, partial parallel interference 
canceller(PPIC)[6] deals with the received data with parallel mode whose initial data estimates adopts 
the output of matched filters. It has advantages such as little time delay and resistance to near-far 
problem. Especially it has much lower computation complexity compared with other multiuser 
detection scheme. But its performance depends on the initial data estimates greatly. As the 
description in the later part of the paper, like parallel interference canceller, in order to improve the 
performance of PPIC, multistage detection is adopted and the decorrelating detector is used as the 
initial data estimates in this paper. 
 
In this paper, a new partial parallel interference canceller is proposed, which combines an 
decorrelating detector with the conventional PPIC to get improved near-far resistance capability. The 
remainder of the paper is organized as follows: In the SectionⅡ,the system model to be studied is 
described. In Section Ⅲ,the structure of the proposed detector is given in detail along with the 
output data analysis. Some numerical results are given analysed in Section Ⅳ.This paper ends with 
some concluding remarks in Section Ⅴ. 
 
 

ⅡSYSTEM MODEL 
 

As known to all, DS-CDMA is the most popular among the spread spectrum techniques for multiple 
access applications. Therefore, in the paper, a system model based on DS-CDMA scheme will be 
discussed. 
 

Assuming that there are K users in the system which share a channel and the modulation is BPSK, 
the baseband model of the received signal at the receiver can be written as: 
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where ( ) ( ), ,bk k kE d t c t and kϕ are bit energy, information bit, signature waveform and the carrier 

shift of kth user, respectively. The kτ is the time delays of users at the receiver end. Under synchronous 

condition, we have 1 2 0Kτ τ τ= = = =L . The noise ( )n t  is a complex additive white Gaussian 

noise(AWGN) with zero mean and two-sided power spectral density(PSD) of 0 / 2N . The kd and 

{ }1, 1kc Î + -  with the duration of bT (bit duration) and cT (chip duration), respectively, are assumed 



  

to be independent identically distributed(i.i.d) random variables. The processing gain is N , here 

/b cN T T= . At the receiver end, the arrived signal is passed through a group of correlators in order to 

recover the information data transmitted by each user. Hence, the output of the kth correlator under 
synchronous condition would be: 
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It is easy to see that kn  is a complex Gaussian random variable with zero mean and variance of 
N0/2. For the sake of simplicity, hereafter, we will consider the first user as the one of interest. 
 
 

Ⅲ THE PROPOSED MULTIUSER DETECTION SCHEME AND ITS ANALYSIS 
 
Parallel interference canceller(PIC) subtracts out MAI estimates, therefore it has the potential to 
combat the near-far problem. As stated in [2], by improving the accuracy of data estimates, 
especially the initial(first stage of a PIC) data estimates, the PIC can suppress the interferers much 
more efficiently, i.e. more near-far resistant. Du Lin etc in [7] proposed one multi-user detector 
which combines PIC and adaptive MMSE. In this scheme, the MMSE is used as the initial data 
estimates. The scheme has two drawbacks: First, the initial data estimate can be more accurate if 
other detection method is adopted as the initial data estimate; Second, with the increase of the stages, 
the depravation of performance will be great. Although the adoption of multistage scheme can 
enhance the performance of proposed scheme in [7], for a large number of users, when multistage 
PIC scheme is used, performance improves very slowly as the number of stages goes higher. While 
the decorrelating detector has simple structure and provides significant performance improvement 
over conventional matched filter[3]. Furthermore, the decorrelating detector can provide good initial 
data estimate, because it can completely remove the interfering signals in theory. Divsalar in [6] 
showed that the cancellation of the entire interferences from each user is not necessarily for PIC. 
Instead, partial removal of interference enhances the performance drastically. This kind of detector 
was named partial parallel interference canceller(PPIC) where a small portion of the interference is 
cancelled in early stages since the decisions are not that reliable. Consequently, as the number of 
stages increases, the amount of the partial cancellation is increased since it is assumed that more 
stages result in better quality of data in the sense of BER. In a PPIC detector, the output of the 

thm stage is based on a weighted sum of the output of the ( )1
thm - stage’s data estimate ( )1

1
md -%  and 

the interference canceled version of matched filter(MF) output at the ( )1 thm - stage ( ) ( )( )0 1
1 1

md I --% . 
The idea to use weighted sum originates from the joint observation of ( )0

1d%  and ( )1
1

md -% [6]. Here, the 



  

output of the 
thm  stage of a PPIC detector is[8]: 

( ) ( ) ( ) ( ) ( )0 1 1
1 1 1 1
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where mλ , ( )0
1d% , ( )

1̂
mI  and ( )1

1
md -%  are the partial cancellation coefficient, MF output, interference 

affecting the first user, and the output of the soft ( )1
thm -  stage of a PPIC detector, respectively. In 

this paper, we use soft PPIC[6,8] because of its simpler structure .And for the initial data estimates we 
use decorrelating detector because it need not know the perfect knowledge of the user’s parameters[2]. 
Figure 1 shows the block diagram of a conventional soft PPIC detector. 

 
 
 
 
 
 
 
 
 
 
 

Figure 1 The principal block diagram of one stage of a conventional soft PPIC detector 

In our scheme, we use the decorrelating detector as the initial data estimate of a soft PPIC detector. 

The received signal ( )r t is passed on to one decorrelating detector and be demodulated. Then we can 

get the output signal, we call it ( ) ( )0
DDd t .We can rewrite ( ) ( )0

DDd t as the following form: 

( ) ( ) ( ) ( ) ( ) ( ) ( )0 1 1
DDd t R t r t Ad t R t n t- -¢= = +                                      (5) 

Here ( )1R t- , A and ( )d t¢  are the cross-correlation, the amplitude and the demodulated information 

data by the decorrelating detector(in actual communication system, ( ) ( )d t d t¢ ¹ ,where 

( ) ( ) ( ) ( ) ( )[ ]1 2, , , , ,k Kd t d t d t d t d t= L L is the transmitted information data. ( ) ( )0
DDd t can also be 

rewritten as the matrix form: ( ) ( ) ( ) ( ) ( ) ( ) ( ) ( )0 0 0 0
1 2, , ,

DD DD DDDD Kd d d dt t t t= ¢é ùë ûL . ( ) ( )0
DDd t is used as the initial data 

estimates in a soft PPIC. After being processed by the PPIC, the output data can be expressed as 

( )D t ,where ( ) ( ) ( ) ( ) ( ) ( ) ( )1 2, , ,m m m
KD t d d dt t t ¢= é ùë û

% % %L ,here m is the number of stage of a PPIC. The 

proposed scheme’s block diagram is drown as Figure 2. 
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Figure 2 The block diagram of the proposed scheme 

In order to derive the data output of the proposed scheme, we give the structure of the ith stage of a 
soft partial parallel interference canceller. It is drown as Figure 3: 

 
 
 
 
 
 
 
 
 
 
 

 

 

Figure 3 The ith stage of a soft partial parallel interference canceller 

According Figure 2, 3 and (4), the output of the ith stage of the proposed detector for the first user(the 
one of interest) is: 
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where ( ) ( ) ( )1 1i i
k kS d c t- -= %% .Since the signals of ( ) ( )1 ,id t%  ( ) ( )0 ,DD bd t iT-  ( ) ( )1 ,i

kS t-%  ( ) ( )1
1

i
bd t T- -% are 

sampled at t=iTb, the time shifts may be omitted from all signals in order to obtain a simpler notation. 
After the simplification, we have: 
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For a single stage detector(i.e. i=1), we have ( ) ( ) ( )1 0 0
1 1 1
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Using (10) and (9), we can get: 
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where the first, second and the third components of (11) are refered as desired data information, 
residual interference and the background noise, respectively. For a two-stage detector, we have: 
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Substituting (9) into (12),we can get: 
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Again, applying (10) into (13), yields: 
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For a two stage of the proposed scheme, (8)~(14) constitute all of the steps of the data detection.In 
general, for an M-stage soft PPIC detector with the decorrelating detector as the initial data estimate, 
the output for the first user(assumed to be the desired user) can be expressed as: 
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where for convenience, i is used as the index of term of (15) and m is the number of 

stage. m

iM
λå Õ is defined as the sum of all products of i of mλ s where 1, 2, ,m M= L and 
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Ⅳ SIMULATION RESULTS AND ITS ANALYSIS 

 

It can be seen that for a large number of interference cancellation stages, the expression for the 
corresponding output of the proposed scheme becomes very complicated. Therefore, the analysis of 
the BER performance is very difficult. Instead of the analytical study of multistage detector we will 
take advantage of computer simulations. We use MATLAB as the simulation software.Figure 4 and 5 
shows the BER performance of the proposed scheme. In Figure 4 and 5, the processing gain N=32 
and 64 respectively, Eb/N0 varies from –8 to 0dB. The user number K is 12 and 0 2ϕ π£ £ . In order 
to achieve a good confidence level, 100 packets of 10000 bits will be run for each simulation. And 
we use a two stage of the proposed scheme(i=2). Figure 4 and 5 are given in the following. 
 

In the two figures, CD denotes the conventional detector, DD denotes the decorrelating detector, 
DD+PPIC denotes the proposed scheme whose initial data estimates adopts decorrelating detector 
and CD+PPIC denotes the conventional PPIC whose initial data estimates adopts the matched 
filters. 1 0.3λ = and 2 0.5λ = are used here for the simulation of the proposed scheme. From the two 
figures, we can see that the BER performance of the proposed scheme are better than CD, DD and 
CD+PPIC. It can be seen show that the proposed scheme has good BER performance. Because for 
the application of the mobile receiver, the BER is restricted below 10-3, we can see that, in Figure 4, 
the processing gain N is 32, here if Eb/N0 is greater than –2.3dB, then the requirement of the 
practicable application can be satisfied. Especially, in Figure 5, when the processing gain N=64, if 
Eb/N0 is greater than –5dB, then the requirement of the practicable application would be satisfied 
well. Furthermore, in actual communication system, the processing gain N can be much greater than 
64. Now, the BER performance will be much better than what the two figures have shown. Also, we 
can see that although only two stage(i=2) is adopted, the performance enhancement is obvious. The 
method overcomes the drawbacks of the PIC whose performance enhance slowly with increase of the 
stages. 
 



  

 
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 4 the BER of the proposd scheme(N=32,K=12)    

 
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 5 the BER of the proposd scheme(N=64,K=12) 

In order to demonstrate the near-far resistance capability of the proposed scheme, we use the curves 
of the BER versus the difference between the ( )2, ,iSNR i K= L of the interfering user and 1SNR of 
the desired user. If the BER of one detector is lower, then the near-far resistance capability of one 
detector of this kind of detector is better. Figure 6 gives the near-far resistance performance of the 
proposed scheme compared with CD,DD,PPIC. From these curves of Figure 6, we can see the BER 
variation is almost constant when 1iSNR SNR-  varies from 0~10dB.That is to say the proposed 
scheme is near-far resistant. And that the near-far resistance of the proposed scheme DD+PPIC is 
better than CD,DD and CD+PPIC.  
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Figure 6 The near-far resistance performance of the proposed scheme (N=64,K=12) 

 

 

ⅤCONCLUSION 
 

In this paper, we proposed a new multiuser detector scheme which combines the decorrelating 
detector and a soft PPIC[6]. Here the output of the decorrelationg detector is adopted as the initial 
data estimates of PPIC. Computer simulations demonstrate that the proposed scheme has better BER 
performance than CD, DD and CD+PPIC. Numberical analysis of the BER performance from Figure 
4 and Figure 5 and the near-far resistance performance from Figure 6 show that the proposed scheme 
has better BER performance and are more near-far resistant. Therefore, we can say that the proposed 
combined multiuser detection scheme is a good scheme for near-far resistance and has actual 
meanings. 
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ABSTRACT

Combined with an example of digital telemetry receiver design, this paper mainly discusses 

the application of software radio in telemetry receiver. The paper begins with an introduction of 

applying high efficiency digital filter and math analysis in quadrature digital frequency 

modulation and demodulation to digital frequency conversion technique. Next, Simulink/Matlab 

is used to simulate digital telemetry receiver. The method of simulation, analysis and calculation 

of performance and result of simulation are all available. In the end, the paper discusses digital 

telemetry receiver design and implement by making use of software radio technique, the circuits 

apply HSP50214 chip of Intersil Co., CPLD implements of Altera Co. and PC Bus. The sample is 



an expansion card for personal computer. Result of test, performance of the receiver and 

conclusion are given out, which show fine performance of receiver and can be apply to practice. 

The lever of this technology has reached first class in the world.

KEY WORDS

Software radio, telemetry receiver, digital frequency modulation and demodulation   

PREFACE

There are two directions in the development of telemetry receive system. One of them is 
large-scale integration telemetry ground receiver station, which characteristics are excellent 
performance and complete function. Another one is miniaturized, portable telemetry receiving 
equipment, its characteristics are small volume and low price, which is suitable for lab test, 
outfield test and small-scale telemetry receiving mission. It is very important equipments in need 
in telemetry of guided missile too. 

In the past and at present, the telemetry receivers developed, manufactured or used in China and 
abroad are all analog. That means besides the part of radio frequency (RF), the part of 
intermediate frequency (IF) is also analog. According to the development of software radio 
technique, DSP technique and CPLD technique, the after part of IF in telemetry receiver can be 
completed by digital technique, which means applying software radio technique to digital down 
converter and digital demodulation in telemetry receiver.

Digital telemetry receiver which is applied software radio has flexible application, strong opening, 
small hardware volume and low cost. For example, the demodulation modules in telemetry 
receiver used in the past and at present must be replaced before changing to other demodulation 
methods. If the software radio technique is applied, the same functions can be accomplished by 
simple setups.

THE DIGITAL DEMODULATION FOR FREQUENCY MODULATION SIGNAL

A. Sequence Decimation and High-efficient Digital Filters

In telemetry receiver, decimation is needed in sampling signal to meet the demands of following 
signal processing. Decimation rate is decided by the IF bandwidth of useful signal. In high bit 
rate, decimation rate is lower to satisfy no distortion in signal. On the other hand, raising 
decimation rate and reducing sampling rate in low bit rate in order to gain higher order of digital 



filter and improve system performance.

High-efficient digital filters used in software radio are mainly FIR Filter, HB Filter and CIC 
Decimating Filter.

B. Quadrature Digital Demodulation for Frequency Modulation Signal

Demodulation methods can be roughly divided into two kinds: coherent demodulation and 
incoherent demodulation. Generally speaking, the performance of coherent demodulation is better 
than incoherent demodulation. In digital domain, coherent demodulation is commonly used. 
Digital coherent demodulation is similar to analog coherent demodulation in principle; both of 
them need a local carrier which has exactly the identical frequency and phase as modulation 
signal to coherent demodulate. The output of demodulation will be seriously distorted with the 
unsatisfied identical frequency and phase. Because quadrature digital demodulation can 
overcome these weaknesses to a certain extent, so it is usually used.

a. Quadrature Transforming Adopted the Digital Mixing Method 

The so-called digital mixing quadrature transforming is that the orthogonal local oscillators 
cos(ω0n) and sin( 0n) are both multiplied by the input signal sequence, then let them pass 
through the low-pass filter to achieve orthogonality, as Fig.1 shows.

Digital local
oscillator

LPF

Sample

LPF

x(t) x(n)

cos(�0n)

sin(�0n)

Fig.1 Baseband Quadrature Transforming for Real Signal

From the figure above, it can be seen that the generation and multiplication of the two orthogonal 
local oscillators is the result of mathematical operation which means orthogonality can be 
guaranteed completely. In addition, signal spectrum will be moved to zero frequency through 
quadrature transforming adopted the digital mixing method, which is beneficial to the following 
filter and demodulation.

b. Digital quadrature demodulation for frequency modulation signal



The expression of frequency modulation signal:

])(cos[)( 00 φω ++= ∑ nmknAnS c      (1)

In the expression, k is a factor of proportionality, 0φ  is constant. The signal will be moved to 

zero frequency by digital mixing quadrature transforming and after the orthogonal decomposition, 
the result is:

Inphase component: ])(cos[)( 00 φ+= ∑ nmkAnX I  (2)

Orthogonal component: ])(sin[)( 00 φ+= ∑ nmkAnXQ       (3)

The ratio of orthogonal component to inphase component make arc tangent operation will get the 
phase information:
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Then carrying on difference to phase can get modulation signal. 

)()1()( nmnn =−−φφ   (5)

FM signal has strong ability of resisting mismatch of carrier when the method of quadrature 
demodulation is used to demodulate. And when there are differences in frequency and phase 
between the local carrier and the carrier of the signal, the inphase component and orthogonal 
component can be expressed as: 

])(cos[)( 0 φω ∆++⋅∆= ∑ nmknAnX I   (6)

])(sin[)( 0 φω ∆++⋅∆= ∑ nmknAnXQ    (7)

Similarly, the ratio of orthogonal component and inphase component make arc tangent operation 
will get modulation signal:
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Therefore, when there are constant difference in frequency and phase in carrier, demodulation 
output will increase a direct-current component ω∆  , so subtract the direct-current component 
from the output can get the original modulation signal.



USE SIMULINK/MATLAB TO SIMULATE DIGITAL DOWN 

CONVERSION AND DIGITAL FREQUENCY MODULATION AND 

DEMODULATION

The digital demodulation part mainly includes the following three segments: digital down 
conversion, digital filter and digital frequency discriminator. All of them can be realized by the 
special-purpose devices, they can also be realized by programmable devices such as DSP and 
FPGA. The development period will be shorter if the special-purpose devices are used, but it is 
limited by conditions, such as function of the device and speed, etc. At the same time, it can be 
designed flexibly by the programmable devices, the quick development of the device provides 
very good guarantee to the speed, but on the other side, the design period is relatively longer. 
Considering the system designing requirements and factors above synthetically, the HSP50214 of 
Intersil Co. was used as the digital demodulation chip in this system.

A.System Performance

According to the system request of missile telemetry system and the level of techniques at present, 
the technical performance are following:

� Bit Rate:  ≤2Mbps
� Output of IF: 160MHz (first frequency of down converter)
� Sampling Rate of Band-pass�48Mbps 
� Demodulation Type: FM
� Video Bandwidth: ≤1.4MHz adjustable in succession
� IF Bandwidth: ≤4MHz adjustable in succession
� Size (the part of RF included): full-size ISA, which can be put in computer 
� Control Bus: ISA Bus
� Control Functions of Computer: Tuning of local oscillator, IF and video bandwidth, AGC 

time constant

B. Sample and Orthogonalize of Signal

In this system, 160MHZ IF signal is acquired to digital domain by sampling rate of 48Mbps at 
first. Take the highest bit rate of 2Mbps as the example, the following will explain the process of 
sampling and orthogonalize of signal.
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Fig.2 Sampling of the Signal and Orthogonality of the Spectrum
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(a)Spectrum of Signal Sampling at 48Mbps (b)Spectrum of the Signal after it multiplies the Quadrature Local Oscillator

As Fig. 2(a) shows, the centre frequency of the signal is 16MHZ after 48Mbps sampling. Because 
the signal is real signal, there will be mirror image frequency on � 16MHZ. Then 
superheterodyne mixing is carried on in the analog part, in fact the signal of �16MHZ is the 
original signal spectrum and the signal of 16MHZ is the mirror spectrum of the original signal.

In order to move centre frequency of original signal to zero frequency, here the signal is 
multiplied by orthogonal local oscillator�the frequency of which is 16MHz�. Because the signal 
multiplied by ωje  in time domain is equivalent to signal ads ω  in frequency domain, so after 
the signal multiplied by 16MHZ orthogonal local oscillator the spectrum is as Fig. 2(b) shows. 
From the figure, the centre frequency of original signal is zero, and on �16MHZ there is an 
inhibitory mirror image frequency needed.

C. Decimation and Filter of Signal

In HSP50214, the AGC loop needs six clock periods to make operation, so the sampling rate of 
signal must be reduced, and the maximum order of real symmetrical FIR filter is:

2)1(PROGCLK/N SAMPTaps ×−= f    (9)

In the expression, PROGCLK is the processing clock speed,  SAMPf   is the sampling rate of the 

signal dealt by FIR. So:

2)1(NTaps ×−= R    (10)

R is the decimation rate before FIR filtering for the system. It can be seen that the decimation rate 
is bigger in earlier stage; the FIR filter order is higher in later stage.

In order to suppress the mirror frequency and noise out of useful band, resisting aliasing filter 
should be adopted before decimation. Both CIC decimation structure and HB decimation 
structure require the bandwidth of the signal to try their best to be narrow, usually useful signal 



bandwidth should not exceed 1/8 of sampling rate after decimation in CIC, 1/4 of sampling rate 
after decimation in HB.

As to 2Mbps bit rate, signal spectrum is concentrating on the inside bandwidth of [�1Mz, 
1MHz]. Because the signal will be decimated 6 times at least, the useful bandwidth of signal has 
already been 1/8 of the sampling rate after decimating 6 times of CIC, so it will skip over HB 
decimation at this moment. The spectrum is as Fig.3 shows after six orders of CIC filtering and 
decimation.
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Fig.3 CIC Filter and Decimation
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(a)Spectrum of the Signal after Six Orders of CIC Filtering (b)Spectrum of the Signal after Six Times of Decimation
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There are many decimation methods when modulation terminal is the signal in low bit rate, which 
can still keep the low decimation rate, increase CIC decimation rate or use HB decimation after 
CIC decimation. The system performance will be different depending on the decimation method; 
the best method of different bit rate must be decided by practice.

Different windows function leads differences in characteristics of stopband and transition band of 
filter. The transition band of Rectangular window is the narrowest in common use, but there is 
rise and fall in pass-band and relatively bad suppression in stopband. The stopband of Blackman 
window is the best in suppression, but at the same time the transition band is the widest. Because 
there are more factors which will influence actual signal, what kind of window function will have 
better function is also decided by practice.

D. Digital Quadrature Demodulation

Carry on pole coordinate conversion of signal in plural domain; it will get the phase information 
of signal as Fig.4 (a) shows:



Go on difference for phase, it will get the frequency information of signal as Fig.4 (b) shows. Go 
on video filter by FIR filter, it will get demodulation output signal as Fig.4(c) shows. Comparing 
Fig.4(c) with Fig.4 (d), it can be found out that demodulation output signal is the result of 
limiting bandwidth of original modulation signal then adding to noise. There is not obvious 
distortion in the waveform.

IMPLEMENT OF DIGITAL DEMODULATION TECHNIQUE FOR 

SIGNAL IN FREQUENCY MODULATION IN TELEMETRY RECEIVER
A. Circuit Design and Implement
The structure diagram of the circuit is as Fig.5 shows:
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Fig.5 Structure of the Circuit
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B. Test results and Analysis of Performance

The signal with only 100 KHz frequency is inputted in modulation, and amplitude of which is 
invariable. Change the frequency deviation of the signal generator then observe the virtual value 
of the output voltage, the result is as Fig.6 shows, except that voltmeter changes the rang of 
measurement which  causes the jump of the output amplitude with 600 kHz frequency deviation, 
the virtual value of output voltage that measured in voltmeter at the same rang has the linear 
relationship with frequency deviation of the signal. 
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Fig.6 Test of Demodulation Linearity

CONCLUSION
In the telemetry receive station based on PC bus; telemetry receiver is important assembly. With 
expending of the telemetry application domain, the demand for the small volume, low price 
portable telemetry receiving equipments is increasing day by day. Thus, we have developed the 
telemetry receiver based on  ISA bus: according to the development of receiver techniques and 
combining to software radio techniques, the systematic design plan of only one down frequency 
conversion in preceding analog circuits  have proposed. With the application of software radio 
theory confirming the digital demodulation algorithm and the simulation of full process of digital 
demodulation by Matlab in the after part of IF, Debugging of the primary product and 
performance testing have been finished. The test results indicate its technique level has already 
reached the international advanced level.

The next job can be add demodulation modes, such as PM, BPSK, QPSK, etc, raise the bit rate of 
demodulation output further and realize PCI bus controls the interface. The final target of the 
development is making the function of the receiver more perfect. 
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ABSTRACT 
 

The Precision Fires Rocket and Missile Systems (PFRMS) Program Office continually undertakes 
Stockpile Reliability Testing (SRP) to ensure the validity of the accumulated weapons and increase 
the shelf life of these weapon systems. MLRS is a legacy weapon system that has been undergoing 
SRP testing for over 20 years.  The PFRMS Program Office has a need for a miniature Tactical 
Telemetry System that will  monitor the fuze performance of the MLRS Rocket during SRP testing.  
This paper will address a technical approach of how a sma ll Tactical Telemetry System could be 
built to meet this requirement.   The Tactical Telemetry system proposed in this paper will monitor 
fuze functions, operate across the wide environmental spectrum of the SRP tests, and physically fit 
in the nose area without altering the overall tactical rocket appearance or operation. 
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INTRODUCTION 
 
A Tactical Telemetry System to monitor fuze performance of the MLRS Rocket during SRP testing 
presents a myriad of design problems.  Size is the major design constraint, as there is approximately 
20 cubic inches in which a telemetry transmitter, PCM encoder, signal conditioning electronics, 
battery, and S-Band antenna must fit.  Figure 1 shows the conical nature of the Fuze cavity in which 
the TTS will be mounted.  To further complicate matters the TTS must be able to survive all of the 
environmental stresses that a Tactical SRP MLRS round must endure.  The primary environmental 
concern is cold testing (-34ºC) due to the size constraints of the TTS and its corresponding battery.  
Another concern is not altering the overall tactical rocket appearance or operation.  These concerns 
purport multiple problems such as antenna design, how to turn on the TTS (no umbilical), and 
mounting the TTS. 
 



 
 

Figure 1: MLRS Fuze Cavity 
 
 

Telemetry Transmitter 
 

The TTS will utilize the MACOM MA06836 transmitter.  The transmitter was developed by 
MACOM in cooperation with the CTEIP HSTSS Program.  The MA06836 is a half watt transmitter 
that is 1.125 inches square.  The transmitter is frequency programmable across the entire lower S-
Band in .5 MHz intervals and is programmed via a 10 header.  This transmitter was chosen for the 
MLRS TTS primarily for its size.  Figure 2 is a picture of the MA06836 compared with a nickel.  
The MA06836 has an on board linear voltage regulator for use in a 3.3 Volt system or a 5 Volt 
system.  Preceding variants of this transmitter have been flight tested successfully by several HSTSS 
partners [1]. 
 
 

 
 

Figure 2: The MA06836 Telemetry Transmitter 
 
 
 



PCM Encoder 
 

The PCM Encoder for the TTS will be an in house (RTTC) design, whose foundation is the new 
MAX II series CPLD from Altera.  The other major components of the encoder include a 16:1 
Multiplexer (MUX), a 12 Bit Analog to Digital Converter (ADC), and a Pre-Modulation Filter 
(PFM).  The encoder will be JTAG programmable and configured for the TTS as a 20 word 
RNRZ_L PCM frame at 10 bits (easily configured for 12 bit resolution) per word.  Figure 3 presents 
a block diagram of the PCM Encoder.   

 
Figure 3: Encoder Block Diagram 

 
The centerpiece of the design is the MAX II device.  This CPLD promises lower power 
consumption, more logic elements, and half the cost of traditional CPLD’s [2].   Due to the small 
space and environmental conditions that constrain the TTS, lower power consumption was the major 
factor in selecting this device.  According to the Altera MAX II Power Calculator Spreadsheet the 
total power consumption of the device with this design is 43.4mW.  As seen in Figure 3 the CPLD 
houses all of the logic control, address lines and enables, for the encoder as well as the internal 
multiplexer and 15 bit randomizer.   
 
14 of the 16 inputs of the 16:1 Multiplexer are used for signals, 8 for the fuze data and 6 for 
housekeeping and/or spares.  Channel 16 is grounded so that the multiplexer node may be shorted to 
ground between address changes.  This helps to reduce any adjacent channel crosstalk [3].  The 12 
bit ADC is clocked by the CPLD and all 12 bits are pipelined to the CPLD.  However, for the TTS 
12 bit resolution is not a necessity, so for ease of programming only the 10 most significant bits are 
used.  A 6-Pole Bessel passive filter is implemented for the Pre-Modulation Filter.  The filter output 
is amplitude adjustable and the cutoff frequency is set at 0.7*(Bit Rate).   
 
The size of the encoder is dependant on the size of the components.  The multiplexer is available in a 
28 Pin SSOP, the Analog to Digital Converter is available in a 24 pin SOIC, and the CPLD is 
packaged in a 100 pin TQFP.  The remaining components should fit splendidly onto the board size 
shown in Figure 4.  All of the components are rated for industrial standards and should survive the 
harsh environments for SRP testing.  However, environmental testing will be conducted on the TTS 
design to verify this. 



 

 
 

Figure 4: Encoder Board Size  
 
 

Signal Conditioning Electronics 
 

The MLRS Fuze has 8 signals that are to be monitored.  Dependant on the fuze (standard or 
extended range) the signals vary in polarity.  Due to the size constraints a ‘one size fits all’ approach 
will not work here.  However, a card swap may be employed.  The signal conditioning printed circuit 
cards will be identical with separate discrete component values.  This will allow for a cost reduction 
as only one board will have to be spun.  A simple jumper structure, employing 0805, 0 ohm resistors 
as jumpers, will allow the board to be populated for either the standard or extended range fuze.  The 
gain resistors will have to be adjusted for each channel as will the capacitor values for the signal and 
anti-aliasing filters.  The circuit topography for a single channel is shown in Figure 5. 
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Figure 5: Signal Conditioner Topography 



 
Battery  

 
The first step in selecting a battery for a design is determining the voltage needed and the power 
consumption of the design.  The TTS will be a 3.3 Volt system and Table 1 shows an estimated 
worst case power budget.   
 

 Power Supply Power 
Part Voltage Current Dissipated 

PCM Encoder 3.3V 34mA 112.2mW 
Signal Conditioning 3.3V 25mA 82.5mW 

Transmitter 3.3V 450mA 1.485W 
    
  total 1.68W 

 
Table 1: TTS Power Budget 

 
Energizer released a new e² line of Lithium batteries with rated operating temperatures of -40ºC to 
60ºC.  The AA variant is a 1.5 Volt, 2900mAH, battery that is able to deliver 1500mW of continuous 
power discharge for over an hour.  Four batteries in series will produce 6 volts of power, which will 
allow enough over range for linear regulation as well as yield a longer time to cutoff.  However, 
extensive battery testing will have to be implemented to prove this battery for flight.  Current test 
plans include temperature soak and cycling, constant power discharge, and max discharge.    
 
 

Antenna 
 

In order to mount an antenna without physically altering the rocket, Haigh-Farr developed an 
antenna that mounts on the umbilical door of the rocket.  This antenna, shown in Figure 6, has been 
successfully flown with previous MLRS telemetry packages and performed exceptionally.  The 
umbilical doors are turned down and the patch antenna is bonded to the metal surface.  Because the 
MLRS spins, the patch antenna essentially produces the same pattern as that of a traditional wrap 
antenna.   

 
 

Figure 6: MLRS Patch Antenna 



 
 

Conclusion 
 
The electrical design for the TTS is near completion.  Turning on the TTS on is the last piece to the 
electrical design.  Because there is no way to mount an external line to the TTS in order to send relay 
commands, two ways to power up the system are being studied.  One involves using the launcher 
umbilical signals to power up the TTS.  The trouble with this approach is the small amount of time 
between the fuze signals being active and missile launch, as well as once the unit is on there is no 
way to turn it off.  The second choice involves using a small RF receiver such as those used in 
keyless entries for automobiles.  A programmed pattern can be transmitted to the TTS to turn the 
unit on and off.  The disadvantage of this action is spectral inefficiency and powering the receiver 
chip.   
 
The mechanical design is still underway.  Designing a way to mount the TTS electronics inside the 
fuze cavity presents some interesting challenges, especially when trying to mount the TTS in such a 
way that it can be easily removed.  Installation safety must also be considered as the TTS will be 
installed in a tactical rocket with a live fuze.   
 
A Tactical Telemetry System for MLRS would aid the PFRMS Program Office in discovering any 
potential problems during SRP testing as well as help them diagnose any failures during the test.  
The TTS will be designed to accommodate both the standard and long range fuzes of MLRS and 
survive the harsh environments of stockpile reliability testing.  The goal for the TTS is a package 
that fits in the fuze cavity of the MLRS rocket, is easy to install and uninstall, and deliver high-
quality fuze data during flight.   
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ABSTRACT 
 

The Compact Kinetic Energy Missile (CKEM) is currently being developed as the Army’s newest 
hypervelocity anti-tank missile.  The project has recently transitioned from the Science and 
Technology Objective phase to the Advanced Technology Demonstration phase.  Science and 
technology phase flight testing required the development of a miniature telemetry system for 
measuring the super sonic flight dynamics of the airframe, as well as, monitoring of the on board 
flight computer.  Design challenges included a small mechanical envelope, limited power budget, 
numerous analog measurements, computer serial stream processing, and harsh launch and flight 
dynamics.  Two versions of the system were developed in support of the partnership effort between 
the Army Missile Research, Development, and Engineering Center (AMRDEC) and industry.  This 
paper will focus on the successful design, development, and flight tests of the CKEM telemetry 
system. 
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INTRODUCTION 
 

In support of the science and technology objective phase of the CKEM missile program, the 
telemetry branch of the U. S. Army’s Redstone Technical Test Center (RTTC) was tasked to design 
and build an airborne telemetry kit for the purpose of measuring in-flight airframe and 
environmental parameters of the two test vehicles.  Since the program is a combined effort between 
the AMRDEC and industry, several variants of the missile were flight tested.  RTTC provided 
telemetry kits for two of the three variants. 



The designs had to survive high launch shock g-levels, as well as, varying temperature extremes.  
Both designs were required to monitor similar analog parameters such as high frequency vibration, 
motor pressures, power supply voltages, and thermocouple measurements.  In addition, each missile 
variant required the monitoring of a digital serial stream from the flight computers.  While the 
physical mounting schemes varied slightly, the overall available volume was identical. 
 
 

TELEMETRY KIT ELECTRONIC DESIGN 
 

The two designs can be broken up into five major sections: the encoder section, signal conditioning 
section, power conditioning section, the transmitter, and antenna.  A simple block diagram of the kit 
can be seen in Figure 1. 
 

 
 

Figure 1. CKEM Telemetry Block Diagram. 
 

In general, the power conditioning, signal conditioning, and encoder were each contained on a single 
circuit card.  The transmitter was a procured off-the-shelf Emhiser Research, Inc., channelized 
digital 1 Watt transmitter and the antenna was a specifically designed wrap-around antenna designed 
and manufactured by Haigh-Farr, Inc. 
 
Signal Conditioning:  The primary purpose of the signal conditioning board is to condition the 
transducer outputs to acceptable analog-to-digital converter input levels and perform the desired 
cutoff and anti-aliasing filtering.  This was accomplished using standard differential input 
instrumentation amplifiers, along with active anti-aliasing filter and gain amplifiers.  All transducer 
outputs were scaled to +/- 10 volts. 
 
In order to measure the vibration and shock environment of the airframe, miniature piezoelectric 
accelerometers had to be monitored.  As a result, the signal conditioning design was required to 



provide a constant current source and an AC coupled input.  A traditional second-order voltage-
controlled voltage source active filter was used to set the -3 dB cutoff frequency and gain. 
 
 

   

+
-

DC Vin

R1 R2

R3R4

C1

C2

Vo

 
 
 
     Av = (R3/R4) +1     (1) 
 

Fc = 1/(2? (R1*R2*C1*C2)1/2)   (2) 
 
 

Figure 2. Basic second order VCVS filter [1]. 
 
Similar signal conditioning was used for the pressure, temperature, and rate sensor transducers.  
Most power monitor voltages were single ended measurements with operational amplifier isolation, 
while some monitor voltages were measured differentially with an instrumentation amplifier to help 
isolate grounds.  
 
Power Conditioning:  The initial version of the CKEM telemetry kit did not contain a power 
conditioning board.  All necessary regulated voltages were provided to the kit from the missile.  
However, the second version of the kit only received battery power from the missile and therefore 
was required to generate its own internal voltages.  This additional requirement created a packaging 
challenge since no additional space was allotted to accommodate the new power board. 
 
The supplied battery voltage ranged from 12.5 to 20 volts at 3 amps.  The telemetry kit required 
seven different voltages ranging from 2.5 to 20 volts at various current levels.  With the wide 
varying voltage range provided, a combination of DC to DC converters and linear regulators were 
necessary to provide all the needed voltages.  Given the size constraints on the board dimensions, an 
adequate single packaged DC to DC converter could not be used. Therefore, a custom, multiple DC 
to DC converter power board was designed.  With the relatively large size of the inductors needed 
for higher current DC to DC conversion and the board layout issues associated with such designs, 
the power board became one of the more challenging aspects of the design.  High quality miniature 
inductors were used along with ultra low ESR capacitors to minimize the DC to DC converter 
frequency noise.  The final design operated well over the battery input voltage range and pulled a 
maximum of 800 mA at 12.5 volts under full load. 
 



PCM Encoder:  While there are slight difference between the two versions of the kits, each encoder 
is basically made up of two high speed analog multiplexers, either one or two analog to digital 
converters, and a field programmable gate array (FPGA) for data formatting and control. 
 
 

 
 

Figure 3.  PCM Encoder Block Diagram 
 

The sixteen channel multiplexers were chosen for their fast switching speed and low on-resistance.  
To minimize crosstalk, signal conditioned analog inputs are arranged between the two multiplexers 
such that no two consecutive parameters within the PCM frame are on the same multiplexer.  
Additionally, one input channel of the multiplexer is connected to ground.  This grounded channel is 
addressed between every switch to another analog input.  The ground addressing also aids to reduce 
multiplexer crosstalk [2].  Multiplexer enabling and channel selection are controlled by the FPGA. 
 
The analog to digital converter (ADC) is a 12-bit, 800 kHz, CMOS, capacitor based SAR with 
parallel outputs.  The device has a standard +/- 10 volt input range and is operated off of +/- 5 volts.  
Conversion ‘start’ and data off-loading are all controlled by the FPGA in coordination with the 
multiplexer addressing. 
 
The heart of the encoder is the Altera FPGA.  The initial version of the encoder used an 
EPF10K30E, while the second version used an EPF10K50E.  Each device contains 30,000 and 
50,000 typical gates, respectively [3].  The FPGA directs all data controls, including multiplexer 
enabling and addressing, ADC control, and flight computer serial stream communication.  Within 
the FPGA itself, all data formatting is accomplished to produce the PCM stream for transmitter 
modulation.  Bit rates for the two kits are 2.7 Mbs and 4.4 Mbs.  The FPGA code was developed 



using the Altera Max Plus II software development tool and is downloaded to the FPGA 
configuration device via JTAG port. 
 
The sequencing of the analog parameters and sample rates are established by the telemetry frame.  
This frame also establishes the location of the serial stream information within the PCM stream. 
 
 

 
 

Figure 4.  CKEM frame format. 
 

Each version of the encoder was required to receive an asynchronous flight computer serial stream 
with specific formatting.  Both serial interfaces were RS-422, burst mode and each supplied clock, 
data, and frame synchronization pulses.  One stream had a 100 Hz update rate with a 1 MHz data 
rate and 150 32 bit words while the other had a 400 Hz update rate with a 2 MHz date rate and 151 
32 bit words plus 16 bits of cyclic redundancy code.  The latter stream used the Synchronous Data 
Link Control protocol which forced the FPGA to remove inserted zeros from the data prior to 
insertion into the PCM stream. 
 
Complete serial data packets were transmitted within one single telemetry frame.  Due to the 
asynchronous nature of the serial stream, dual port RAM within the FPGA was utilized to buffer the 
serial data.  The serial data was buffered as twelve bit words to more readily fit in the telemetry 
frame that is dominated by twelve bit digitized analog parameters.  As can be seen in Figure 4, the 
150 32 bit words are actually represented as 400 12 bit words within the frame. 



 
 

TELEMETRY KIT MECHANICAL DESIGN 
 

The mechanical designs for both versions of the telemetry system were very similar.  Both consisted of 
printed circuit cards and a transmitter enclosed in a 6061-T6 aluminum housing.  The differences were 
electrical interfaces and only one version having power conditioning.  Both versions encompassed 
approximately 6.3 cubic inches and weighed approximately one-half pound.  Each unit had to operate 
over a temperature range of  -40°C to +95°C, at altitudes of up to 10,000 feet and each had to withstand 
95g launch shock. 
 
In the first version, the telemetry system was located in the center body of the missile sandwiched 
between two other electronic units.  The volume budget in this version of the missile did not warrant 
a conventional wiring harness interface.  The solution was two 1.75” diameter circuit card interfaces 
and a pass-through card.  The circular cards were located at either end of the telemetry system while 
the pass-through card was internal to the unit.  Signals from the forward and aft electronic units 
interfaced and passed through the telemetry system through these circular cards.  The second version 
had the telemetry system housed in the nose cone of the missile and utilizing a conventional wiring 
harness interface.     
 
Since both versions had to sustain high vibration and shock levels the circuit cards were oriented 
orthogonal to the axis of flight.  The circuit cards in both versions were fabricated using  0.063” FR4 
laminate and utilized solder mask over bare copper construction.  All components were adhered to 
the board prior to conformal coating with the exception of the 0805 discrete chip components.   
 
The power conditioning card in the second version presented a design challenge not only 
mechanically but also electrically due to the wide range of magnetics on the board.   Component 
locations, net lengths, trace routing and ground plane connections were critical for optimal electrical 
and thermal performance. 
 

 
 

Figure 5.  Signal Conditioning Card, Encoder Card, Power Card. 



 
 

Figure 6.  Telemetry Kit Assembly. 
 
 

FLIGHT TEST RESULTS 
 
Four missile flight tests have been conducted with the CKEM telemetry kit on board, three with 
version one and one with version two.  On flights one and two, the telemetry kits performed 
flawlessly and provided good telemetry data from launch to impact.  In fact, the telemetry kit from 
flight one was recovered and found to be in complete working order. 
 
 

 
 

Figure 7.  CKEM Missile Flight. 
 



 
Figure 8. Chamber Pressure Flight Test Data 

 
Flight three did experience an anomaly in that telemetry dropped out shortly after launch.  Since the 
version of the kit flown received its regulated voltages from the missile, it could not be determined if 
the telemetry kit failed or the missile power supply failed.  However, the fourth and final flight, to 
date, was successful with the telemetry kit again providing good data from launch to impact.  This 
flight used the second version of the CKEM telemetry kit. 
 

CONCLUSIONS 
 
This effort has yielded a miniature telemetry kit meeting the needs the CKEM hyper-velocity missile 
program.  Kit capabilities included digitizing 30 analog channels, monitoring flight computer data, 
and generating required DC voltage levels.  Robust packaging met all environmental and mechanical 
constraints presented in the design goals.  The kit’s transmitter and antenna provided the necessary 
RF link margin to meet the flight test requirements and provide the necessary data to move the 
program forward.   
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ABSTRACT 
 
Flight Test instrumentation control units have traditionally been low-technology units with 
mechanical switches, readouts, and perhaps an RS232 interface.  As the complexity of Flight Test 
Instrumentation systems and operational requirements increase, and as cockpit space becomes 
scarce, these control units are no longer sufficient.  These control units need to provide capabilities 
commensurate with the complexity of the instrumentation systems they control.  
 
This paper describes an instrumentation control system that uses a Boeing Integrated Defense 
Systems (IDS) Flight Test Instrumentation designed Instrumentation Control Unit (ICU).  The ICU 
communicates with the avionics system to allow pilot control via existing aircraft displays.  By 
taking advantage of a relatively simple protocol to interface with the avionics system, the substantial 
cost of reprogramming the avionics software is avoided, and software control is shifted to the Flight 
Test group, thus allowing a tremendous increase in system flexibility at reasonable cost. Functions of 
the unit can be changed relatively quickly and inexpensively.  This promises a wide range of future 
applications, such as in-flight monitoring of flight-critical instrumentation parameters by the pilot, 
control of the instrumentation system via uplink (with pilot override), and real-time in-flight 
selection of telemetered data streams and parameters. 
 
This paper describes the baseline instrumentation control system and requirements to be used on the 
EA-18G Flight Test Program, plus additional future capabilities. 
 
 

KEYWORDS 
 
Keywords: Instrumentation system control, flutter, uplink, iNET  
 
 
 

1 



 
 

INTRODUCTION 
 
The EA-18G System Development and Demonstration (SDD) Program for Boeing IDS Flight Test 
Instrumentation represents a significant step forward into a 21st century instrumentation system.  
This program represents the first opportunity to monitor a significant number of Ethernet-based and 
Fibre Channel-based  data streams, in addition to traditional analog parameters.  Because of the 
number and bandwidth of the data streams, the flight test telemetry system is also significantly more 
complex than for previous aircraft flight test programs, transmitting two combined data streams with 
multi-mode (PCM-FM and SOQPSK) transmitters through multiple antennas.  In addition, the 
instrumentation system includes a Fibre Channel Interface Unit1, solid-state video and data 
recorders, and a video encoder. 
 
If this increase in complexity and data bandwidth were not enough, several critical Flight Test 
support features have been removed from the aircraft’s Advanced Mission Computer (AMC) 
Operational Flight Program: 1) the Head-Up Display is no longer able to display Flight Test 
parameters (such as Flight Test AOA and AOSS), 2) support for previous flight test control panels is 
not available, and 3) support for the Boeing Flight Test Instrumentation built Flutter Exciter Control 
Unit (FECU) has been removed.   
 
In an effort to address these control issues, and to reinstate critical flight test functions, the Flight 
Test Instrumentation department at Boeing IDS Saint Louis has developed a Flight Test 
instrumentation control system using an avionics pilot display interface.  This system supports the 
current requirements of the EA-18G SDD program, and provides an extensible platform on which 
future advancements can be made. 
 
 

SYSTEM CONFIGURATION 
 
The aircraft configuration for the instrumentation control system is shown in Figure 1.  There are 
three primary components of the control system: 1) The Instrumentation Control Unit (ICU), 2) the 
Instrumentation Multiplexer Unit (IMU), and 3) the Auxiliary Control Panel (ACP).  The ICU is the 
“smart” box of the system, which communicates with the pilot via the AMC, pilot display, and 
Auxiliary Control Panel.  It controls the instrumentation system through the IMU, which provides an 
interface to discrete and serial control signals required by the instrumentation equipment.   
 
The ICU communicates with the avionics system via a dedicated avionics format.  This allows the 
ICU to control the display of information and receive pushbutton information directly without 
intervention from the AMC.   
 
The ICU communicates with the IMU via two RS232 interfaces.  The first RS232 interface conveys 
control commands from the ICU through the IMU to the target equipment, and likewise receives 
status back from the target and controls operation of the ACP.  A control line from the ICU tells the 
IMU to ignore RS232 information and pass it through to additional IMU’s or to the ACP.  The 
second RS232 interface allows the Ground Support Unit (GSU) to program any target device 
through the IMU’s RS232 multiplexers.  A control line originates in the GSU and is used to initiate 
pass through mode.  This mode eliminates the need for the control system to handle a large number 
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of complex protocols at varying speeds, while allowing a single-point connection for pre-flight 
loading of the instrumentation equipment. 
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Figure 1. Instrumentation Control System EA-18G Aircraft Configuration 

 
In addition, the IMU buffers the serial data streams sent to the onboard recorder, and selects up to 
two streams to send to the GSU and up to two streams to send to the ICU for in-flight monitoring of 
Flight Test parameters.  The GSU connection is used in pre-flight checkout of the instrumentation 
system, and this configuration simplifies selection of the desired stream while eliminating the 
problems caused by connecting a “Y” bundle to high-speed serial lines. 
 
The ICU also supports a dedicated Flight Test 1553 bus, in which it is the Bus Controller (BC).  This 
is currently used to retrieve specified Flight Test parameters from the onboard data system.  This 
1553 port may also be used for a variety of future applications, as described later in this paper. 
 
This system architecture allows the instrumentation control system to perform the following tasks: 
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• Control and status monitoring for all instrumentation equipment, through discrete lines or 
RS232, with pilot inputs from either the pilot display or Auxiliary Control Panel. 

• Display of status information such as Run Number and Media Time Remaining on the pilot 
display, and conveying this information to the Data System for telemetry to the ground. 

• Display of Flight Test parameters on the pilot display, computed with appropriate calibration 
information. 

 
 There are a number of significant advantages to this control system architecture: 

• The dedicated avionics format requires no ongoing avionics support after its initial 
integration checks with the Flight Test equipment.  This allows Flight Test to change pilot 
displays and overall system function without incurring costly and time-consuming avionics 
support. 

• The dedicated avionics format is implemented in production avionics software, allowing 
Flight Test to use this mode on any future production aircraft.  It is not a special “patch” for 
Flight Test. 

• Large wiring bundles for the PCM data and system control signals are isolated to the IMU. 
• The IMU is a modular design, which accommodates future changes in instrumentation 

requirements by adding additional modules. 
• The system provides a single connection point for pre-flight loading and checkout of 

instrumentation equipment. 
 
 

SYSTEM SOFTWARE DESIGN PHILOSOPHY 
 
The system design philosophy of the instrumentation control system is to allow an Instrumentation 
Engineer to program pilot menus, displays, and control functions using a PC-based software tool.  
The tool creates load information that is then loaded from the GSU to the ICU during pre-flight. 
 
To this end, the firmware of the ICU has been designed to provide a stable platform of system 
functions driven by the ICU load information.  These functions include displaying menu items and 
readouts (such as media time remaining), responding to pilot button pushes, transmitting and 
monitoring discrete control lines, and transmitting RS232 commands and requesting RS232 status.  
The basic functionality is strictly provided by the load information; the ICU simply responds as 
programmed by the software load. 

 
To accommodate future growth, the ICU firmware has been designed to be event-driven, and to 
respond to a number of events in addition to pilot button pushes.  For example, commands can be 
received from the pilot display or Auxiliary Control Panel, and future applications may receive 
commands from 1553 messages or from an uplink receiver.  In addition, status updates are required 
periodically from equipment such as the onboard recorder.  In the ICU firmware, all of these events 
are treated equally to trigger specific actions, resulting in a very flexible, extensible architecture that 
is driven by the software load.  Not only can menus be changed readily, but the overall function may 
be reprogrammed with an appropriate load. 
 
An example is shown in Figure 2.  Here, the menu shows “Run Inc” to increment the run number on 
pushbutton 1.  When pushbutton 1 is depressed, it triggers the “DDI:Run Inc” item in the Event list, 
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which points to a table of functions in the Task List, causing the internal run number counter to be 
updated, as well as the counter on the pilot display and the console display.  The event list also 
shows (with dashed arrows) that other events may update the run number: either the glare shield 
panel or uplink receiver command may also update the run number. 
 

Button 1 – “Run Inc”
Button 2 – “Record On”
…..

Menu 1

Button 1
Depressed

Run No. Counter: Increment
DDI: Display Run No.
Console Panel: Display Run No.
Done
…..

Task Table
DDI: Run Inc
Uplink Rx: Run Inc
Glare Shield: Run Inc
…..

Event List

Event:

New Run
No. Shown
On DDI &
Console

Result:

 
Figure 2. ICU Menu Example 

 
Another aspect of the system design philosophy relates to the presentation of Flight Test parameters 
on the pilot display in-flight.  Boeing IDS Flight Test has developed an integrated system known as 
the Flight Test Client-Server System (FTCSS) that generates load information for the data system, 
created from a database that includes calibration information for each Flight Test parameter.  When 
Flight Test parameters are required on the pilot display, the system retrieves this calibration 
information for the specified parameters and includes it in the ICU load files.  
 
 

DETAILED DESCRIPTION OF INSTRUMENTATION CONTROL SYSTEM UNITS 
 

The ICU consists of a General Purpose Processor (GPP) and a 1553 I/O Board, built into a chassis 
with a backplane, with I/O coming from “microD” connectors on each board.  This concept is an 
outgrowth of the Second Generation Onboard Processor2 (OBP), and the ICU uses a short version of 
the OBP chassis and the OBP’s GPP processor.  The ICU measures approximately 6.9 inches wide 
by 6.13 inches long by 4.5 inches high (not including mounting feet) and weighs approximately 8.5 
pounds. 
 
Figure 3 shows the ICU internal operation.  It consists of a PowerPCTM with significant operating 
speed and storage capacity.  In its OBP implementation, the GPP will contain a real-time operating 
system that will not be available in time for use in the ICU; thus the operating system has been 
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created from new and existing code written in C.  The GPP provides one RS422 interface which is 
connected externally to the 1553 I/O Board, and one RS232 interface that communicates to the IMU 
Control RS232 interface.  It also provides two 10BaseT Ethernet ports that are not used in the 
current ICU implementation; these ports will be implemented for future ICU applications once the 
real-time operating system is in place to provide Ground Support communication. 
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Figure 3. ICU Block Diagram 
 
The 1553 I/O board communicates with the GPP via a processor communication bus.  One 1553 
interface acts as a Remote Terminal (RT) on the Avionics 1553 bus, and provides communication 
with the AMC to display information on the pilot display and to receive pushbutton commands from 
the pilot from that display.  A second dedicated Flight Test 1553 bus provides communication with 
the data system, providing run number information to the data system and receiving selected 
parameters for display from the data system.  This dedicated bus also provides for a wide range of 
future expansion capabilities. 
 
The 1553 I/O board also contains a multiplexer which allows  serial communication from the GSU 
to be passed through to an IMU RS232 multiplexer (and then on to the target equipment), or allows 
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the GPP serial interface to communicate directly with the GSU to send and receive ICU and IMU 
setup and control information. 
 
The 1553 I/O Board also receives two serial PCM streams for receiving Flight Test parameters for 
pilot display.  The current VHDL implementation does not currently support decommutation of these 
streams, but this feature is planned for future applications.  Logic on the 1553 I/O Board is 
implemented in programmable logic using VHDL.  This allows upgrading functionality of the ICU 
without circuit board changes. 
 
The IMU block diagram is shown in Figure 4.  The IMU uses plug-together modules that allow for 
additional modules as instrumentation system requirements increase.  The basic IMU for the EA-
18G consists of a 16 Channel In/32 Channel Out Discrete Board, 28 Channel RS232/4 Channel 
RS422 Board, and two 8 Channel PCM boards with an endplate.  It routes power, TTL RS232, and a 
slow-speed I/O bus down an interconnect bus for each module.  The basic IMU is approximately 5.5 
inches wide by 5.08 inches long by 3.50 inches high (not including connectors) and weighs 
approximately 5.0 pounds. 
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Figure 4. IMU Block Diagram 
 

The microcontroller receives RS232 commands from the ICU, and either passes them through or 
decodes them to select the appropriate bilevel, RS232 or PCM output.  The serial protocol from the 
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ICU is relatively simple, resulting in a fairly simple firmware and hardware implementation in the 
IMU.  The 16Channel In/32 Channel Out Board provides optically isolated groups of discrete levels.  
The RS232/RS422 board multiplexes signals to and from multiple RS232 and RS422 channels; the 
serial connections default to Transmit/Receive sets, but can be set in groups to the full 
Transmit/Receive/RTS/CTS configuration for a reduced number of channels.  The 8 Channel PCM 
Boards buffer serial PCM data and clock as differential RS422 pairs, and select 4 streams for output 
(two for the ICU and two for the GSU); the Mux outputs are tri-state devices attached together, 
minimizing stub wire lengths, and allowing a number of 8 Channel boards to be ganged together. 
 
The Auxiliary Control Panel consists of two physical panels, one located on the Glare Shield and 
one located in the console. The Glare Shield Panel provides functions like Run Number Increment 
and Record On/Of (with lighted feedback from the recorder end-of-tape indication) which are 
needed even when the Flight Test page from the ICU is not shown on the pilot display.  The Console 
Panel provides a sunlight-readable Run Number display, along with a hard wired switch to control 
Flight Test Master Power, and houses the microcontroller electronics.  The microcontroller monitors 
button pushes and conveys these to the ICU through the IMU.  Run number and switch lamp control 
are also commanded through the RS232 from the ICU. 
 
 

ADVANCED CAPABILITIES 
 
The modular architecture of the IMU and flexible hardware and software design of the ICU lend 
themselves to a number of advanced capabilities.  Most notably, the event-driven software design 
philosophy allows the software load to make minor menu changes, or to create entirely new 
“personalities” for the ICU.  Past history with the Onboard Processor3 further indicates that users 
will identify new and creative uses for a flexible tool that were not envisioned by the original 
designers once the tool is available. 
One advanced capability is reinstatement of a Flutter Exciter Control Unit capability lost in revisions 
to the avionics software.  The FECU is a Boeing Flight Test designed box that communicates with 
the avionics system to control the pilot display and to receive programming and operating commands 
from the pilot, using a protocol similar to the dedicated avionics format used by the ICU.  With the 
ICU implementation, the ICU acts as a conduit through which the existing FECU (without design 
changes) can communicate with the pilot and AMC, regaining the previous functionality.  Some 
additional avionics support is still required, however, to implement shutdown capabilities. 
 
Another potential application that has significant implications in the future operation of 
instrumentation systems is the incorporation of an uplink receiver to control instrumentation system 
components.  The operating system of the ICU is designed from the ground-up to support control of 
the instrumentation system from multiple sources in a seamless fashion, and the flexibility of the 
IMU provides a hardware connection to a future uplink receiver through several possible 
mechanisms.  This would allow an instrumentation engineer on the ground to control 
instrumentation system functions such as run number and telemetry antenna selection, and to retrieve 
status information such as media time remaining.  Another potential function that has significant 
implications with the iNET4 system to be implemented later in this decade is that the ICU could 
command selection of specific flight test parameters for telemetry from an iNET-capable data 
system through the uplink.   
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Further hardware architecture enhancements are also possible.  The system has been designed, for 
example, to allow multiple IMU’s that may be located near groups of instrumentation equipment to 
minimize wiring.  An additional architecture enhancement is the incorporation of a Boeing 
IntelliBusTM  interface, which provides a daisy-chained serial bus architecture to which are 
connected conditioning devices to deliver RS232 and/or discrete control throughout the aircraft with 
minimal wiring intrusion. 
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Figure 5. Advanced System Capabilities 

 
Other advanced capabilities include more elaborate tab displays of Flight Test parameters on the 
pilot display, by implementing the ICU’s IRIG 106 Chapter 4 decommutation capabilities.  The 
storage capabilities in the ICU allow for a large number of possible parameters to be displayed and 
the OBP capable processing horsepower of the ICU can also be used to provide displays derived 
from multiple Flight Test parameters.  Further, the implementation of a second-generation Onboard 
Processor on the aircraft could also allow for significant, flexible, computational horsepower in the 
display of Flight Test parameters. 
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CONCLUSION 
 
The instrumentation control system is flexible and modular, allowing for changes in the 
instrumentation system requirements.  The system design allows maximum flexibility in redefining 
menu operations and functions and system functions with minimal impact on hardware and 
firmware.   
 
Since it is implemented using a dedicated avionics format for communication with the avionics 
system, day-to-day changes in what is controlled and how information is displayed is under control 
of Flight Test engineering, and does not require time-consuming and expensive avionics software 
and integration activities.  The architecture supports software tools for creating ICU menus that are 
powerful and flexible, and allows functionality to be changed by loading a new software load. 
 
The current implementation in the EA-18G reinstates and provides significant in-flight monitoring of 
instrumentation system performance and Flight Test parameters by the pilot, and provides a 
convenient one-stop Ground Support hookup to program and verify all instrumentation components. 
 
Advanced application of the instrumentation control system includes reinstatement of the lost Flutter 
Exciter Control Unit capabilities, and seamless uplink capabilities. 
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ABSTRACT 
 
M/A-COM, Inc. has developed a miniature Tactical Telemetry Module (TTM) for medium power 
(500 mW and 1 W) telemetry applications.  The TTM demonstrates system integration of a multi-
channel PCM encoder, lower S-band transmitter, and power regulation onto a single printed wiring 
board (PWB).  The module is smaller than a standard business card and utilizes both COTS and 
M/A-COM proprietary technologies.  The PCM encoder is designed for eight (8) analog inputs, 
eight (8) discrete inputs, and one (1) synchronous RS-422 serial interface.  Data rates of 300 kbps to 
6 Mbps are supported. The module incorporates a frequency programmable, phase-locked FM S-
band transmitter.  The transmitter utilizes M/A-COM’s new dual port VCO and high efficiency 500 
mW and 1 W power amplifier MMIC’s. Additionally, switching power regulation circuits were 
implemented within the module to provide maximum operating efficiency.  This paper reviews the 
design and manufacturing of the Tactical Telemetry Module (TTM) and its major components, and 
presents system performance data. 
 
 

KEY WORDS 
 
Single Card Telemetry Module, Transmitter, Power Amplifier, PCM Encoder, Voltage Controlled 
Oscillator, Power Regulation. 
 
 

INTRODUCTION 
 
M/A-COM has produced a set of rugged, small, low cost transmitter modules for use in ballistic and 
commercial telemetry applications.  These transmitters utilize direct frequency modulation, which 
results in a miniaturized system.  These transmitters are compliant with IRIG 106-01, and can 
provide an output power level of up to 1 watt. 



 
There is a need for highly integrated, low cost telemetry systems for munitions testing that can 
measure analog, digital, and discrete signals and provide 1 W to 2 W of RF output power.  These 
telemetry systems must withstand setback accelerations of 30,000 G’s, vibration levels of 30 G’s in 
any direction up to 20 kHz, and temperature extremes of -40°C to +85°C.  This paper describes the 
design of a single card telemetry system combining M/A-COM’s transmitter technology, a CPLD 
based PCM encoder, and power regulation circuitry on a business card size printed wiring board.  
The performance data for this single card telemetry solution is included, and a system block diagram 
is shown in Figure 1. 
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Figure 1 – TTM System Block Diagram



 PCM ENCODER 
 
The PCM encoder receives analog and digital data from several sources, organizes the data into a 
data frame, and sends a randomized serial data stream to the transmitter for modulation and 
transmission.  The PCM encoder has an overall data rate of 1 Mbps and provides eight (8) analog 
channels that are sampled at 200 samples per second (sps), with 12 bit resolution.  There are eight 
(8) discrete channels sampled at 400 sps and a serial RS-422 interface that can process data at 1 
Mbps, and a 6-pole Bessel pre-modulation filter is provided to limit the transmitted bandwidth per 
IRIG 106-01.  
 
Figure 1 shows a block diagram of the PCM encoder.  The analog data is level-shifted to +5.0 V 
maximum and then buffered and filtered to prevent aliasing.  It is then processed through a parallel 
interface A/D converter, and the 12-bit digital word is input to the CPLD at a maximum sampling 
rate of 62.2 ksps.  The discrete data is buffered and then sent to the CPLD, and the RS-422 serial 
data is interfaced through RS-422 transceivers, along with the clock, load pulse and frame 
synchronization signal.   
 
The CPLD is the heart of the PCM encoder, and it organizes the input data into the data frame 
format.  It uses a state machine to control the assembly and routing of the data, and it implements all 
of the logic to control the interfaces to the A/D converter, RS-422 data interface, discrete interface, 
and the randomized output data stream.  It uses the onboard 20 MHz crystal oscillator, and divides it 
down to 2 MHz to supply the A/D converter and to 1 MHz for the PCM encoder system clock.  
 
The randomized PCM serial data stream is then processed through a 6-pole Bessel filter to limit the 
transmitted RF bandwidth.  It is set to a break frequency of 0.7 times the data rate, as stipulated in 
IRIG 106-01.  The Bessel filter characteristic is chosen for its maximally flat delay characteristics 
over the filter pass-band.  Figure 2 presents the measured frequency response of a prototype pre-
modulation filter. 
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Figure 2 – Frequency Response of Pre-Modulation Filter 
 
 

TRANSMITTER 
 
The transmitter implements a 1 W power amplifier, a dual port voltage controlled oscillator, and a 
digitally programmable phase-locked loop. 
 
The 1 W MMIC power amplifier is a 3-stage device, which is designed using small signal and 
nonlinear FET models, and loadpull data obtained at the operating bias point.  The product is fully 
matched to 50 ohms on both the input and output.  The first stage FET uses a 0.6 mm gate periphery 
driving a 2.4 mm second stage FET, and two 5.8 mm gate periphery FETS are used in the third and 
final stage.  This amplifier is fabricated using M/A-COM’s GaAs MSAGTM process.  The process 
features full passivation for increased performance and reliability.  The devices on this repeatable, 
near-enhancement mode process operate from a single +5 V supply voltage.  A negative voltage is 
not required because the FET is designed to operate with a 0 V gate bias.  The only external 
components required for the power amplifier are for supply line bypassing.  The bias networks are 
implemented on the MMIC, minimizing the number of external components required.  Additional 
biasing chokes and DC blocking capacitors are not required. 
 
Figure 3 shows the typical measured performance. The amplifier has greater than 31 dBm (1.26 W) 
output power and greater than 45% power added efficiency (PAE). 
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Figure 3 – Measured performance of the 1 W MMIC HPA @ VDS = 5.0V 

 
The dual port VCO is based on M/A-COM’s existing lower S-band single port heterojunciton 
bipolar transistor (HBT) VCO (FE55-0006).  The dual port design has a second independent input 
for modulation (data) in addition to the traditional tune input.  This architecture allows each input to 
be optimized for its intended function.  The modulation input sensitivity can now be optimized for 
the data rate of the system while the tuning input sensitivity is large enough so the VCO can tune 
across the entire lower S-band.  The high-sensitivity tuning input of a single port VCO can be used 
for both tuning and modulation when the data rate is high enough (10 Mbps).  However for lower 
data rates, the amplitude of the data signal must be divided down significantly for optimum 
frequency deviation of the carrier signal.  The signal-to-noise ratio at the VCO is degraded and this 
causes a higher bit error rate.  The dual port VCO alleviates this problem by allowing the data signal 
to stay at a much higher amplitude when it is input to the VCO. 
 
Another issue with using a single input VCO for a directly modulated PCM/FM system is when the 
transmitter is tuned across the band rather than operating at a single frequency.  The sensitivity of 
the tuning input varies greatly over the band of operation, which means the frequency deviation of 
the carrier does not remain at the value for optimal bit error rate of 0.35 times the data rate when 
different frequencies are used.  The DC voltage on the modulation input is a constant value, unlike 
the DC tuning voltage, which changes with frequency.  Therefore the sensitivity of the modulation 
input and the deviation are much more stable when the frequency is changed. 
 
The new design is packaged in the same 4mm 16-lead FQFP-N type package as the FE55-0006 with 
the same pinout except for the addition of the modulation input.  This way either VCO can be used 
on the same transmitter, allowing for a range of data rates to be used without sacrificing bit error rate 
performance. 
 
M/A-COM has implemented a new COTS phase-locked loop (PLL) into the design of the 
MATMTMU004.  The PLL contains an embedded field programmable EEPROM, providing non-
volatile storage of the transmitter frequency.  M/A-COM's graphical user interface (GUI) utilizes a 



simple drop-down menu that allows the user to change the frequency of the PLL through the use of a 
standard PC parallel port and the M/A-COM programming box. (See Figure 4)  In addition, a test 
pin has been added for the user to monitor signal lock detect. 
 

    
 

Figure 4 – M/A-COM GUI and Programming Box 
 
Figure 5 shows the modulated output spectrum of the TTM centered at 2210.5 MHz. The spectrum 
shows that the peak frequency deviation is set to the optimum value of 0.35 times the bit rate or 350 
kHz.  The deviation is calculated using the RCC Document 118-98 Pseudo-Random Pattern Method.  
The null spacing is measured, which is the frequency spacing between the first two nulls on either 
side of the center frequency.  The frequency deviation is calculated by subtracting the null spacing 
divided by two from the bit rate.  In this case the null spacing is 1.3 MHz and the bit rate is 1 Mbps, 
yielding a peak deviation of 350 kHz. 
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Figure 5 – TTM Modulated RF Output Spectrum  
 



POWER CONDITIONING 
 
The power conditioning circuitry allows the TTM to be operated from an unregulated system 
battery.  The TTM has an input voltage range of +9.0 to +17.0 VDC.  The components on the TTM 
operate from either +5.0 VDC or +3.3 VDC.  In order to implement the TTM on a small circuit board, 
the power dissipation must be kept to a minimum.  The input supply voltage is dropped down to 
+5.0 VDC using a switching regulator.  A switching regulator provides a very efficient way to drop 
the input voltage down to the required voltage.  The switching regulator has an internal power 
switch and comes in a small surface mount package.  The high switching frequency of 1.25 MHz 
allows for filtering of the spurs to be implemented with small surface mount components.  This is 
important since any noise on the transmitter power input can modulate the transmitter and show up 
in the RF output.  A low dropout, linear regulator generates +3.3 VDC from the +5.0 VDC switching 
regulator output. 
 
There is voltage protection circuitry on the TTM to prevent damage when the applied input voltage 
is outside of the operating range.  A voltage monitoring circuit switches off the input to the 
switching regulator when the voltage goes above +18 V.  Reverse bias protection up to -40 V is 
included on the primary input. 
 
 

PRINTED WIRING BOARD DESIGN 
 

The printed wiring board (PWB) for the single card solution is a double-sided design incorporating 
the transmitter, PCM encoder and power conditioning into a compact module.  The three 
functionalities are partitioned on the board, and each has its own unique construction characteristics.  
The transmitter utilizes controlled-impedance lines and thermal vias to spread heat from the power 
amplifier.  The power conditioning uses large copper runs to reduce inductance and to aid in heat 
dissipation, while the PCM encoder has high interconnect density and a component layout that 
enables a smooth flow of signals through the board, which minimizes crosstalk.  A picture of the 
front and back sides of the board is shown in Figure 6. 



 
 
 

 
 

Figure 6a – Front View of Single Card Solution PWB 
 
 
 
 
 
 
 
 
 

 
 

Figure 6b – Back View of Single Card Solution PWB 
 



CONCLUSIONS 
 

M/A-COM is working with multiple customers on small telemetry transmitters and telemetry 
systems for advanced munitions.  Our most challenging design task has been the development of 1 
W high efficiency power amplifiers.  The 1 W power amplifier described in this paper represents 
significant technology advancement for small, high power telemetry systems.  By packaging this 1 
W transmitter on a circuit board along with a PCM encoder and power conditioning, M/A-COM is 
able to provide a compact, low cost telemetry design solution for projectile and missile applications. 
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INTRODUCTION 

Just over a year ago, miltary events in Iraq, a country the size of California and with a 
population of about 25 million, transfixed the population of United States and, indeed, the 
world. Iraq was feeling the prosecution of Operation Iraqi Freedom (OIF) by the United 
States Military and its coalition partners..  As Iraq’s dust-blown landscape was being criss-
crossed at a lightning-fast pace by U.S. forces with the ancient city of Baghdad at the 
converging point,  the day and night skies over Iraq were filled with swarms of aircraft and 
missiles, each using the ultimate in target identification and guidance systems.  This rapid 
domination aspect, the “Shock and Awe,” of the operation would last just over three weeks 
and would bring all organized Iraqi military forces to their knees.  While the operation’s  
success can be largely found in its Joint Forces application of military power, it is also 
found in the military’s devotion to “training the way you fight.” The result of that field-
proven approach can be read in the Third Infantry Division (Mechanized) After Action 
Report, Operation Iraqi Freedom (3 July 2003) 
(http://www.globalsecurity.org/military/library/report/2003/3id-aar-jul03.pdf): ʺThe roots 
of the divisionʹs successful attack to Baghdad are found on the training fields of Fort 
Steward, Fort Irwin, and Kuwait.  The division crossed the line of departure with a mature 
and trained group of staff officers, commanders, and soldiers.ʺ But it is not enough to 
gather military forces in a difficult environment and subject them to individual and group 
challenges, the measure of the training of the men and women of the military and the 
weapon systems they use must be taken accurately and timely. 

On the geographically dispersed Department of Defense (DoD) land, air, and sea test and 
training ranges that dot the United States from border to border and ocean to ocean is 
where much of the warfighter’s training takes place.  These ranges have prepared the U.S. 
warfighters for many years.  Some early ranges, using wooden rifles, cut-out tanks, and 
airplanes dropping sacks of flour, trained troops before World War II.  But now, the 
complexity of weapons and the complexity of weapons training have increased 
tremendously.  And as the complexity of systems and system events has grown, so have 
the number of data points that give value to the event and the equipment required to 
capture those data points.  This technology and sophisticated growth of weapons, weapon 
systems, and systems of systems has spiraled upward at an ever-increasing rate, 
particularly in the last three decades, driving a parallel evolution of the range 
instrumentation systems required to capture and translate the data generated on the range. 
This data, streaming in to collection points from sensors and telemetry systems, provides 
weapon and training systems affirmation, or, perhaps more importantly, can ensure safe 
and effective weapon system operation and training.  The data also invariably affects 
almost every aspect of range operation and management, from mission definition to 
budget approval.  
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As each range’s mission was evolving and expanding in response to the technology of 
weapons growth, the evolving instrumentation suites, including the sensors, hardware, 
software, and networks, grew in a vertical “stovepipe” fashion that was often individual to 
the range.  Individual ranges became effective within their boundaries; however, their 
ability to share data laterally in real-time was minimal.  This vertical  growth did not allow 
for taking easy advantge of the growth in modeling and simulation and its revolutionary 
application to training.  It also did not allow easy movement to range resource reuse and 
range interoperability, concepts that were being forwarded in the late 1990s by the 
Foundation Initiative 2010 (FI 2010) project, which is sponsored by the Office of the 
Secretary of Defense (OSD) Central Test and Evaluation Investment Program (CTEIP).  To 
bring the efficiency and economic advantages of  interoperability and reuse to the DoD test 
and training ranges, FI 2010 has developed and is continuing to refine its Test and Training 
Enabling Architecture, TENA.   

Interoperability can be defined as the characteristic of an independently-developed 
software element that enables it to work together with other elements toward a common 
goal.  Interoperability focuses on what is common among software elements.  Reuse is the 
ability to use a software element in a context for which it was not originally designed, so 
reuse focuses on the multiple uses of a single element, and it requires well documented 
interfaces. To achieve interoperability, a  common architecture, an ability to meaningfully 
communicate (including a common language and a common communication mechanism), 
and a common context (including the environment and time) must be present.   

DOD INITIATIVES LEAD TO INTEROPERABILITY, REUSE AND TENA 

TENA was not the initial concept at achieving interoperability and reuse; this enabling 
architecture and requisite software came from an evolutionary track that began with two 
DoD initiatives, the Joint Advanced Distributed Simulation (JADS) Program and the High 
Level Architecture (HLA) for Modeling and Simulation (M&S).  The JADS program was a 
joint experiment to determine the feasibility of using simulators in testing environments, to 
investigate new evaluation methodologies, and to determine economic and performance 
benefits of integrated simulator technologies.  JADS confirmed the usefulness of combining 
simulators with live systems for test and evaluation (T&E) purposes.  HLA, sponsored by 
the Defense Modeling and Simulation Office (DMSO), created a technical architecture for 
the DoD modeling and simulation community to promote interoperability and reuse 
among simulation assets.  TENA builds on the efforts pioneered in JADS and the HLA to 
support interoperability between the live testing/training range domain and the larger 
modeling and simulation community.   

Since achieving true range interoperability requires the use of a common architecture 
(including a common language, communication mechanism and context [including the 
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environment and time]) to meaningfully communicate across divergent systems, and range 
resource reuse requires well-documented system interfaces that ensure commonality, the 
TENA architecture is a technical blueprint for achieving that vision of an interoperable, 
composable set (composibility is defined as the ability to rapidly assemble, initialize, test, 
and execute a system from members of a pool of reusable, interoperable elements) of 
geographically distributed range resources—some live, some simulated—that can be 
rapidly combined to meet new testing and training missions in a realistic manner.   
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Please refer to Figure 1.  TENA includes several components, including a domain-specific 
object model that supports information transfer throughout the event lifecycle, common 
real-time and non-real-time software infrastructures for manipulating objects; as well as 
standards, protocols, rules, supporting software, and other key components.  Within the 
TENA concept, a common Logical Range Object Model (LROM) is defined as that which is 
linked into all interoperating applications on the network.  This object model defines the 
TENA objects that are available for any participating application to either publish (send), 
subscribe (receive), or both.  The definition of the object model and the use of common 
middleware data distribution enable interoperability.  Each interoperating application may 
translate from the TENA object model formats to local data representations as required. 

Figure 1.  TENA Architecture Overview 
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Through the use of utilities and a growing number of common tools, TENA also provides 
enhanced capability to accomplish the tasks which have been routinely performed on the 
test and training ranges in support of exercises.  Refer again to Figure 1.  The steps in many 
of the tasks are automated and information flow is streamlined between tools and the 
common infrastructure components through the enhanced software interoperability 
provided by TENA.  TENA utilities facilitate the creation of TENA-compliant software and 
installing, integrating, and testing the software at each designated range.  This complex 
task falls to the Logical Range Developer, which, in this phase, performs the detailed 
activities described in the requirement definitions and event planning, and the event 
construction, setup, and rehearsal activities of the Logical Range Concept of Operations.  
While there is still a lot of manual exercise and event setup required at ranges, TENA tools, 
as they are developed and become accepted across the range community, will make 
exercise pre-event management easier. 

MILITARY EXERCISES USE TENA  

TENA has become an important factor in range instrumentaion and data gathering 
systems, particularly as an interoperability enabler in United States Joint Forces Command 
(USJFCOM) Joint National Training Capability (JNTC) military exercises.   In March of this 
year, Major General Gordon C. Nash, United States Marine Corps Commander, Joint 
Warfighting Center and Director for Joint Training, USJFCOM, spoke before the House 
Armed Services Subcommittees on Readiness, Terrorism, Unconventional Threats, and 
Capabilities on the JNTC.  Addressing Range Instrumentation as part of the progress in 
implementing the JNTC, Maj. Gen. Nash said that JNTC was playing a key role in 
upgrading  instrumentation systems employed on the many service ranges used for test 
and training throughout the country. “These upgrades, employing a consistent set of 
standards and protocols, are ensuring a level of service interoperability never seen before. 
Additionally, through the investment incentive offered by the JNTC Joint Management 
Office, modernization of service-centric range instrumentation and telemetry systems is 
moving forward at an accelerated pace.  Modern instrumentation systems will comply with 
the Test and Training Enabling Architecture (TENA), an architecture and interoperability 
standard that shares information among instrumentation systems, simulations, and real-
world command-and-control systems.”  Further in his speech, Maj. Gen. Nash addressed 
the use of web-based technologies to investigate and develop advanced concepts in joint 
training.  One example was that “a web-based  repository browser is being developed to 
hold all object model specification requirements for the Test and Training Enabling 
Architecture (TENA).  This repository acts as the access mechanism to build an instance of 
a TENA event.” http://www.jfcom.mil/newslink/storyarchive/2004/sp031804.htm). (pages 
18, 20 of 24)  (See figure 1 in this paper for representation of the repository).     
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As for joint training successes, while there were earlier ones, Maj. Gen. Nash said a “bigger 
opportunity” occurred in January 2004 when the JNTC conducted a large-scale military 
exercise, the Western Range Complex (WRC) Horizontal Training Event.  Designed to test 
and evaluate warfighters and warfighting concepts, the exercise spread its personnel and 
equipment and its data gathering and distribution networks from coast to coast, from the 
Fort Irwin and Twentynine Palms ranges in California to the USJFCOM location in Suffolk, 
Virginia, with several exercise and data points scattered between the two coasts in Nevada, 
New Mexico, Kansas, Alabama, Florida, and Georgia.  Hundreds of air sorties and days of 
ground maneuvering played out the various scenarios as exercise data flowed from several 
disparate instrumentation systems: Advanced Range Data Systems (ARDS) for fixed and 
rotary wing aircraft, ARDS-Lite (a scaled-down ARDS) for ground vehicles, Integrated GPS 
Radio System (IGRS) for ground troops and vehicles, and Air Warrior for fixed wing 
aircraft.  TENA was designated by JNTC to “connect” these individually distinct systems 
and the geographically separated ranges and allow a smooth data flow to TENA-enabled 
displays and data analysis points.   

The WRC exercise was the first pre-initial operating capability, Live, Virtual, and 
Constructive (LVC) event conducted by the JNTC.  The event’s live activities were 
conducted on the United States Western Ranges in conjunction with a U. S. Army National 
Training Center (NTC) rotation, a U.S. Air Force Air Warrior segment, and a U. S. Marine 
Corps Combined Arms eXercise (CAX) at Marine Corps Station Twentynine Palms, 
California.  Devised for the exercise, the integration and instrumentation solution (See 
Figure 2) linked the exercise locations using TENA.  Live air and ground tracks from the 
NTC, Nellis AFB (Air Warrior), and Twentynine Palms ranges were integrated, and then 
distributed to USJFCOM to create a LVC Joint training environment.  Resource reuse, a 
TENA capability, was demonstrated with the utilization of the RangeView and the 
Personal Computer Debriefing System (PCDS) as data displays in the exercise.  TENA 
implementations of these systems were developed for previous events.  The data from 
January’s Horizontal Event indicates that TENA performance met the JNTC expectations, 
and it will be used for the remainder of the JNTC 2004 exercises.  However, striving to 
improve and refine the middleware and its uses, TENA users and developers gathered 
“lessons learned” during and following the January event.  For example,  (1) continue to 
refine the JNTC Object Model (JOM) and retrofit the changes to applications already used 
in JNTC events in order to build toward a set of “plug and play” applications that can 
quickly be drawn from to support future Live JNTC events; (2) define and implement 
comprehensive JNTC event Participant Identification and Time-History and Event Archive 
Tools; and (3) improve coordination between the JNTC event Range Integration, JNTC 
communications and networking support team, analysis team and scenario/force structure 
activities.  It is expected these and other lessons learned will improve TENA’s overall 
performance. 
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However, TENA’s first use in a military exercise was in Millennium Challenge 2002 
(MC02).  MC02, a USJFCOM exercise held in July and August 2002, was a joint experiment, 
transformation event, and major field exercise.  The exercise was designed to test some of 
the then current key USJFCOM strategic concepts and capabilities and to concentrate on 
the future concepts and capabilities of the U.S. Army, U.S. Navy, U.S. Marine Corps, U.S. 
Air Force, and the Special Operations Command.  This also extended to the data-gathering 
and data-distribution networks used throughout the range community for testing and 
training, and in particular, the concepts and capabilities of range interoperability and 
resource reuse.  For the MC02 live events, TENA was chosen as the data distribution 
system enabler. 

USJFCOM and a MC02 Western Range consortium developed and designed a range 
integration package which supported the then USJFCOM Commander’s intent that “…the 
live portion of the event will…demonstrate the ability to link existing ranges within a joint 
event…”.  This goal was accomplished by extracting live-force participants’ track and 
status data at the instrumented data fusion points at each range and delivering the data to 
TENA software gateways which “standardized” the various range data formats.  The 
standardized data was then distributed over the MC02 Range Integration network to the 
USJFCOM Joint Training, Analysis, and Simulations Center and other event locations, 
where the live data was fused with the model federation picture.  Also included in the 
original intent for MC02 was the need to provide a seamless “ground truth” picture of the 
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combined live and virtual joint forces participating in the event.  Accomplishment of the 
MC02 goals depended largely on a data distribution system capable of seamlessly linking 
the various data points, requirements that even at that early stage of TENA development 
were well within the range of TENA capabilities. 

The overall concept of the MC02 Range Integration effort was to share time-space-position 
information (TSPI) data between the ranges involved in the event.  This data were 
distributed in a common format and represented on a common range display such that it 
was transparent to the casual viewer that the data was coming from several different sites 
across the country.  Any editing/smoothing was left as a range-specific function in an effort 
to remain as close as possible to “range ground truth”.  As shown in figure 3, the scope of 
this Range Integration effort was to integrate TSPI data from the following range facilities: 
Land Range (LR) and Electronic Combat Range (ECR) at NAVAIR, China Lake, California; 
Sea Range (SR) at NAVAIR, Pt. Mugu, California; National Training Center (NTC) at Fort 
Irwin, California; Nellis AFB, Nevada; Southern California Logistics Airport (SCLA), and 
Southern California Offshore Range (SCORE) with the simulated environment of the MC02 
project.  Each range had the capability to send, receive, display, filter, and log the data 
using the gateway approach with a custom user interface and a common display picture. 

The initial concept of the gateway implementation was to build a core piece of software 
with as many common features as possible based on the TENA Middleware framework 
using a common MC02 object model.  Two legacy range applications were adapted to use 
the TENA Middleware for MC02.  These two applications, the TSPI Internal Entity Re-
formatter (TIER) and the RangeView display application, provided range system interfaces, 
local data format translations, and display capabilities.  TIER was adapted to use TENA as 
a “Gateway,” translating range information from the legacy application format to the 
TENA objects, while RangeView was made a native TENA display application that would 
be used in future exercises.  TIER implemented the unique range data systems interfaces, 
and RangeView provided additional display and analysis capabilities.   

As the conduit for Ground Truth TSPI data from the various ranges to Command and 
Control Systems at USJFCOM, TENA met the test objectives for each of the exercise 
rehearsals and, during the MC02 execution, worked reliably for days without failure. 

TENA also offers a significant benefit, realized in Millennium Challenge 2002, auto-code 
generation.  The TENA Middleware is designed to enable the rapid development of 
distributed applications that exchange data using the publish-subscribe paradigm.  While 
many publish-subscribe systems exist, few possess the high-level programming 
abstractions presented by the TENA Middleware.  The TENA Middleware provides these 
high-level abstractions by using auto-code generation to create a complex Common Object 
Request Broker Architecture (CORBA) application.  As such, the TENA Middleware offers 
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programming abstractions not present in CORBA and provides a strongly-type-checked 
framework interface that is much less error-prone than the existing CORBA API.  These 
higher-level programming abstractions combined with a framework designed to reduce 
programming errors enable users to quickly and correctly express the concepts of their 
applications.  Re-usable standardized object interfaces and implementations further 
simplify the application development process. 

 

TENA’s performance in Millennium Challenge 2002 met all requirements, and it was 
accepted as the JNTC Instrumentation Architecture and scheduled for use in the USJFCOM 
exercise, Roving Sands 2003.  However, as the exercise was entering the final planning 
stages, Operation Iraqi Freedom drew most of the scheduled participants to a real conflict 
thousands of miles away, and Roving Sands 2003 became a mostly simulated exercise.   

To replace the live-event portion of Roving Sands 2003, the Joint Combat Identification 
Evaluation Team (JCIET), a multi-Service unit at Eglin Air Force Base, Florida, whose 
mission is to reduce battlefield fratricide, collaborated with USJFCOM to schedule a live-
event exercise, Joint Combat Identification Exercise 2003 (Joint CIDEX 2003), for August 
2003.  Working through the short planning cycle, JNTC Range Integration and 

Joint Training, 
Analysis, and 

Simulation Center

Global 
Command &

Control System

IntegratingIntegrating
SoftwareSoftware

TENA Gateway

Command, Control, 
Communications, Computers, 
Intelligence Feed

Electronic Combat 
Range/China Lake

Nellis AFB

National Training 
Center/Ft. Irwin

Land Range/
China Lake

Sea Range/
Point Mugu

TENA Gateway

TENA Gateway

TENA Gateway

TENA Gateway

TENA Gateway

US Marines/So. California
Logistics Airfield

Model & Simulation
Feed

JointJoint
NetworkNetwork

Figure 3.  MC02-TENA Range Integration 



 10

Instrumentation and members of the FI 2010 TENA Development Team made TENA a 
parallel part of the data network, allowing an evaluation of the middleware’s 
interoperability capability.    

The Joint CIDEX 2003 scenario was staged across four southern states and the northern 
Gulf of Mexico as a small ground war in southern Mississippi supported by air-to-ground 
and air-to-air missions flown by fixed-wing aircraft instrumented with ARDS pods.  The 
scenario also employed Former Soviet Union (FSU) air defense vehicles, CH-47 Chinook 
and Mi-8 Hip helicopters, and Navy RQ1L Predator Unmanned Aerial Vehicles (UAVs), all 
of which were equipped with ARDS-Lite.  Fort Rucker, Alabama, provided a Virtual 
Constructive Simulation capability for the exercise.  TENA’s parallel role to the data-
gathering systems was that of an interoperability interface between the employed 
individually distinct instrumentation systems in the aircraft and ground systems. A TENA 
object model, which had been originally developed for Roving Sands 2003, and 
RangeView, the native TENA data display developed for MC02, were used in the exercise, 
demonstrating the resource reuse capability of TENA. 

CONCLUSION 

In his book, Wars of the Jews (78 A.D), the Jewish historian Flavius Josephus  observed and 
wrote about Roman soldiers as they prepared almost daily for battle, saying their 
“exercises were unbloody battles, and their battles bloody exercises. It is the reason they 
bear the fatigue of battle so easily.”  Today’s military exercises range from small-unit 
maneuvering to large-scale Joint Services exercises, such as Millennium Challenge and the 
Joint National Training Capability exercises scheduled for 2004. Simulated and constructive 
and live-fire events are blended to present representative scenarios spread across several 
ranges. The data collected, whether from a maneuvering tank platoon, or the employment 
of armor and infantry divisions and hundreds of aircraft sorties, is invaluable in preparing 
the warfighters to “bear the fatigue of battle.”  As the DoD land, sea, and air test and 
training ranges embrace the challenge of supporting the warfighters training needs, range 
interoperability and range resource reuse become increasingly important.  FI 2010’s TENA 
Middleware offers effective, efficient, and economical solutions to those requirements.  
Additional information about TENA can be found at its website:  http://www.fi2010.org. 
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ABSTRACT 
 
 The function of a PCM telemetry encoder, installed in moving vehicles such as automobiles, 
aircraft, missiles, and artillery projectiles, is to transform many physical variables, such as 
velocity, shock, temperature, vibration and pressure, into digital data. Also, the encoder is 
required to make a data frame composed of digital input signals and frame synchronous data. 
The framed data is supplied to the input of a transmitter. 
 There are three critical considerations in developing a PCM telemetry encoder to be installed in 
an artillery projectile. The first is the performance consideration, such as sampling rate, data 
receiving rate and data transmission rate. The second is the size consideration due to the severely 
limited installation space in an artillery projectile and the last is the power consumption 
consideration due to limitations of the munition’s power supply. To meet these three 
considerations, the best alternative is a one-chip solution.   
 Using a commercially available TMS320F2812 DSP chip, we have implemented a 30-channel 
PCM telemetry encoder to process randomized data frames, composed of 16-channel analog data, 
14-channel digital data and 2 frame synchronization data per data frame, at 10Mbps transmission 
baud rate.  
 This paper describes the structure of the 30-channel PCM telemetry encoder and its performance.  
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INTRODUCTION 
 
 The purpose of a telemetry system is to collect data at a place that is remote or inconvenient and 
to relay the data to a point where the data may be evaluated. Typically, telemetry systems are 
used in the testing of moving vehicles such as automobiles, aircraft, missiles, and artillery 
projectiles. Telemetry systems are a special set of communication systems [1].  Generally, 
telemetry systems are composed of the following six subsystems: data collection subsystem, 
multiplex subsystem, transmitter, receiver, demultiplex subsystem and data processor [1]. This 
paper focuses on the multiplex subsystem. If the multiplex subsystem separates data, from the 
data collection subsystem, in the frequency domain, it is referred to as a frequency division 
multiplex (FDM) subsystem. If the multiplex subsystem separates data in the time domain, it is 
referred to as a time division multiplex (TDM) subsystem. When we use a pulse code 
modulation (PCM) technique in a TDM subsystem, the TDM subsystem is called as a PCM 
telemetry encoder.   
 A PCM telemetry encoder is composed of three subsystems:  a commutator, a encoder, and a 
digital MUX. The commutator samples, sequentially, the analog signals from N sensors and 
holds each amplitude value for some pulse period and creates a pulse amplitude modulated 
(PAM) pulse sequence. This PAM sequence is applied to the encoder, which quantizes the pulses 
and converts each pulse into a binary word, resulting in a bit sequence. The data word is 
nominally 8-bits long, but can be as long as 16 bits. The bit sequence is applied to the digital 
multiplexer, which combines data words, timing, and frame synchronization. This bit stream is 
provided to the transmitter. 
 There are three critical considerations in developing a PCM telemetry encoder installed in an 
artillery projectile. The first is the performance consideration, such as sampling rate and data 
transmission rate. The second is the size consideration due to the severely limited installation 
space in an artillery projectile and the last one is the power consumption consideration due to 
limitations of the munition’s power supply. To meet these three considerations, the best 
alternative is a one-chip solution.   
 As semiconductor technology progresses, there are many kinds of chips, such as micro-
controllers, digital signal processors (DSPs), gate arrays and application specific integrated 
circuits (ASICs), available for a PCM telemetry encoder. By comparison, we could conclude that 
the DSPs were the most suitable chips in physical size, function, performance and developing 
flexibility. The TMS320F2812 was selected for the PCM telemetry encoder because of its high 
sampling rate, high operating speed and high transmission rate.  
 Using a commercially available TMS320F2812 DSP chip, we have implemented a 30-channel 
PCM telemetry encoder to process randomized data frames, composed of 16-channels of analog 
data, 14-channels of digital data and 2 frames of synchronization data per data frame, at 10Mbps 
transmission baud rate.  
 

 
THE TMS320F2812 DSP 

TMS320F2812 STRUCTURE 
 Figure 1 shows the overall block diagram of the TMS320F2812. The TMS320F2812 has various 
modules to support its signal processing function. All modules can be categorized into three 
main groups : memory, control and peripheral. The memory group, consists of the flash memory, 
the single access RAMs (SARAMs), and the boot ROM. The control group contains the CPU, 
the timer and the system controller. The peripheral group includes the peripheral interrupt 



expansion (PIE), the external interrupt controller (EIC), the serial communication interfaces 
(SCIs), the serial peripheral interface (SPI), the multichannel buffered serial port(McBSP), the 
enhanced controller area network(ECAN), the event managers(EVA, EVB), the 12-bit  analog-
to-digital converter(ADC), and the multiplexed general-purpose input/output(GPIO). 
 Of the various modules inside the TMS320F2812, the ADC, the SPI and the McBSP module 
perform the main functions for implementing the 30-channel PCM encoder.   

McBSP

12-Bit ADC

SPI FIFO

FIFO

 
Figure 1 Block Diagram of the TMS320F2812 [2]. 

 
ANALOG-TO-DIGITAL CONVERTER (ADC) MODULE [3] 
 Analog signals are stored at the result registers after converting digital data through the analog 
MUX, the sample-and-hold(S/H) circuit, and the 12-bit ADC. The sequencer 1 and 2 controls the 
converting function as the value being set into the ADC control register. The 150MHz system 
clock is the ADC clock source and the high-speed prescaler divides the system clock. The output 
of the prescaler is used for the ADC clock. 
 
MULTICHANNEL BUFFERED SERIAL PORT (McBSP) MODULE [4] 
 The McBSP module is composed of a transmission port and a reception port. The transmission 
port of the McBSP module is only used for implementing the 30-channel PCM encoder.  
 The McBSP module is further composed of control register group and data register group. The 
control register group includes the McBSP control registers, multi-channel control registers and 
FIFO control registers. 
 



SERIAL PERIPHERAL INTERFACE (SPI) MODULE [5] 
 The SPI module has a high-speed synchronous serial input/output port. This allows a serial bit 
stream of programmed length (one to sixteen bits) to be shifted into and out of the device at a 
programmed transmission rate. Therefore, the SPI is normally used for digital serial 
communications between the DSP controller and external peripherals or another controllers. 
Even though the maximum SPI transmission rate is 37.5MHz, which decides digital channel 
receiving rate, we set SPI transmission rate to 10MHz. 

 
 

DESIGN AND IMPLEMENTATION 
OUTPUT FORMAT 
 For sending various kinds of data at radio frequency in a PCM telemetry system, it is essential 
for source data to be formatted into a data frame. When many words are sent to the receiver, the 
data has to be composed in the sequence form as shown in Figure 2. Without any sign of the start 
or end of the sequence, the receiver cannot recognize the start or end point of the sequence, and 
the receiver cannot decode the received data. Therefore, the frame synchronization data is 
essential to show the sequence start or end point. This process can be handled in software and 
can be programmed in the DSP chip, so that a developer can implement any form of frame as 
long as the DSP hardware can support it. 
 Figure 2 shows the implemented frame structure for the 30-channel PCM encoder, in which 16-
analog channels, 14-digital channels and 2-frame synchronization channels are supported. One 
frame consists of 32 words. The 16-analog channels are provided in parallel and 14-digital 
channels are provided in serial to the 30-channel PCM encoder. One word is composed 16 bits. 
The data transmission rate and digital data receiving rate are 10MHz.   

W1 W2 W16 W17 W30 W31 W32 W1

1 2 15 16 1 2 15 16 1 2 15 16 1 2 15 16 1 2 15 16 1 2 15 16

SA1 SA16 RD1 RD14 FS1 FS2

1st Frame = 32 Words 2nd Frame

Detailed
Frame

100nsec

Framed Data
(10Mbps)

SA1-16 : Sampled Analog Data 1-16
RD1-14 : Received Digital Data 1-14
FS1&2 : Frame Sync Data 1&2
W1-W32 : Word 1- Word 32  

Figure 2 Output Data Format of the 30-Channel PCM Encoder 
 
HARDWARE STRUCTURE 
 As previously indicated, there are many modules in the TMS320F2812 DSP chip. Some of them 
are used for implementing the 30-channel PCM encoder. These are CPU, McBSP module, ADC 
module, SPI module, RAM, Flash memory and Clock. The CPU, ADC module, SPI and McBSP 
modules are directly used for data processing such as sampling, receiving and transmitting data.  
The other modules are used for supporting the operation of the ADC, SPI and the McBSP. The 
operation of the encoder starts with the 16-analog inputs at the ADC and digital inputs at the SPI 
as shown at Figure 3.  
 The ADC module converts analog input data into digital data and saves it at RAM. The SPI 
module receives digital input data and saves it at RAM. The CPU formats these RAM data into 



frame data composed 32 words. The flash memory is used for loading and running the source 
code of the encoder. The clock module supplies the needed clock for the CPU. The McBSP 
transmits the framed data.  
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Figure 3 30-Channel Encoder Structure Embedded in the TMS320F2812 
 
SOFTWARE STRUCTURE 
 The main flow of the 30-channel PCM encoder software is shown in Figure 4. When the system 
starts by power-on or system reset, the “Initialize System” service routine starts. This service 
routine initializes the system control registers, PLL, the system clock and so on. This service 
routine enables the SPI pins and McBSP pins to be added in the selection part of the GPIOs.  The 
“Initialize SPI” service routine initializes the SPI control registers to the wanted state. At this 
routine, we can determine the SPI baud rate, Master/Slave selection and so on. The “Config & 
Start ADC” service routine enables the ADC module to start to convert analog signals into 
digital data. The “Set McBSP Control Registers” service routine initialize the McBSP control 
registers to the wanted state. At this routine, we can decide data transmission rate, frame length 
and so on. The “Start SPI Communication” service routine initiates SPI FIFO register 
transmission for serial data between the master and the slave processor. The master mode of the 
SPI module has to transmit one word to receive one word because the SPICLK signal is only 
active when the master has words to transmit. With 16-bit words, loading the first word with 
800016 means the MSB (Most Significant Bit) is a “1”. Since the SPI module transmit MSB first, 
this data bit can be used as the “Frame Sync” pulse over the SIMO pin. The last procedure that 
the SPI module performs, is loading the  “dummy data” as zeros for the remaining 13-word 
period. The “Clear Input/Output Register” service routine resets all values of the randomizer 
registers.  
 In the “main loop”, by branching to the “Get SPI Data” service routine, adapts the “polling 
method” instead of the “interrupt driven method”. After loading 16 channels of analog data to 
RAM, done by “Load 16 Analog Conversion Words” service routine, the main program waits by 
polling the SPI RX FIFO interrupt flag. 
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Figure 4 Flowchart of the 30-channel PCM Encoder Software 
 
 Once the number of words stored in the SPI RX FIFO registers is greater than or equal to the 
value of the RXFFIL bits (in this program, the value is 14), the main program not only sets the 
SPI RX FIFO interrupt flag to 1, it also accesses to the “Get SPI Data” service routine. When the 
“Get SPI Data” routine runs, it loads the SPI Rx FIFO registers into the RAM. This function 
assumes that a global variable, named “Digital Offset”, has been declared in the main function. 
“Digital Offset” serves to give the “Get SPI Data” routine a starting point in the array to begin 
loading the words from the SPI module. After adding two frame sync words to RAM, the 
“Randomizer” service routine activates before returning to the main program, if desired and the 
service routine clears the SPI RX FIFO interrupt flag in the SPI module.  
 The “Randomizer” structure is shown in Figure 5. It is composed of a shift register and module-
2 adders (exclusive-OR gate). The output of the “Randomizer” is generated by the module-2 
adding the framed data to the module-2 sum of the 14th and 15th stage output of the shift register. 
The output of the “Randomizer” is also the input to the shift register. The “Randomizer” is a 
very critical service routine for developing the 30-channel PCM encoder because it takes most of 
the CPU processing time. If the time for randomizing by the CPU is not coordinated with the 
time for the transmission by the McBSP module, transmission errors occur. Therefore, the 
processing time coordination between the CPU and the McBSP is the most important factor. The 
limitation CPU instruction cycles per frame of the “Randomizer” are about 7,200 CPU 
instruction cycles. If we design this “Randomizer” by using the “bit oriented technique”, it takes 
about 16,000 CPU instruction cycles per frame.  Therefore, the “Randomizer” was designed by 
adapting the “group oriented technique”, requiring about 1,800 CPU instruction cycles per frame.  



 In branching to the “Writing to TX FIFO Registers (McBSP)” service routine, located in the 
“TX Loop”, we use the “polling method” instead of the “interrupt driven method”. Once “the 
McBSP TXFIFO interrupt flag” has been set to 1, the main program branch to the “Writing TX 
FIFO Registers(McBSP)” service routine, loads the RAM data to the FIFO registers and clears 
“the McBSP TXFIFO interrupt flag”. At this point, the program loops back to the start of the 
main loop, and will continue doing this, infinitely, until the encoder is turned off.  
 For better performance, the “CODE_SECTION pragma” to the “main loop” and to the “writing 
McBSP TX FIFO function” was adapted. 
 

 
Figure 5 “Randomizer” Structure [6]. 
 

TEST RESULTS 
 The implemented 30-channel PCM encoder test was performed using three types of tests. The 
first test was the loop back mode test, in which the analog channels are provided by the power 
supply and the digital channels are provided by the SPI module internally. The second test was 
the communication mode test, in which the analog channels are provided by the power supply 
and the digital channels are provided by the slave mode of the PCM encoder by using the other 
eZdsp board. As 14-digital channels are too long to see from the monitor of the logic analyzer, 
the test was performed with the 18-channel PCM encoder, composed of 2-digital channels. The 
last test was the lab test, which was conducted by connection with the receiver composed of the 
bit synchronizer and decommutator. In this test, the analog channels are provided by the function 
generator and the digital channels are provided by the SPI module internally. The test setups are 
shown in Figures 6, 7, 8.  
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Figure 6 The Loop Back Mode Test Setup         Figure 7 The Communication Mode Test Setup 
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Figure 8 The Lab Test Setup 
 
 Figure 9 through Figure 12 represent the output waveforms of the encoder. The output rate of 
the encoder is 10 Mbps, so one bit is 100nsec duration. Also one channel period is 1.6 µsec and 
one frame period is 51.2 µsec, shown in Figure 9. Figure 9 and Figure 10 are the output 
waveforms of the loop back mode, in the case of activating the randomizer and the de-
randomizer. The ‘FSX’ and ‘DX’ in Figures 9 through 11 represent ‘transmission frame 
synchronization pulse’ and ‘transmission data’. The SIMO, STE and CLK represent ‘slave input 
mast output data’, ‘slave transmit enable signal’ and ‘SPI clock signal’. The left part of Figure 10 
(a) shows, when the 3V signals are applied to the 1st and 2nd analog input ports, “DX”, “SIMO” 
and “STE” pins are operating correctly. Figure 10 (b) is the enlargement of part “A” of the 
Figure 10 (a) and it shows that the signals coming from the “DX”, “SIMO”, “STE”, “CLK” pins 
are operating correctly.  
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Figure 9 McBSP Output Waveforms of the Loop Back Mode 
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oom-in View (b) Figure 10 McBSP and SPI Output Waveforms of the Loop Back Mode (a) Z
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 Figure 11 shows the communication mode output waveforms of the 18-channel PCM encoder at 
10 MHz SPI clock rate, in the case of activating the randomizer and the de-randomizer. Very 
short single wires were connected between two eZdsp boards to avoid poor noise performance, 
which can easily happen in this single-ended transmission at high signaling rates [7]. Figure 11 
(a) shows data is shifted in through the SOMI pin on the rising edge of the incoming CLK signal. 
The master mode performed its role satisfactorily. Figure 11 (b) indicates two digital words 
received from the slave can be transmitted through the DX pin. 
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Figure 11 The Output Waveforms of the Communication Mode of the 18-channel PCM Encoder 
(a) Focusing on SOMI (b) Focusing on DX 
 
 Figure 12 shows the output waveforms of the lab test, in the case of activating the randomizer 
and the de-randomizer. The recovered analog signals for the channel 1, 2, 8 and 16 are shown in 
Figure 12 when the input signals are sine waves of 1500mVp-p, 750mVdc offset and 100Hz. This 
result shows that our 30-channel PCM encoder is performing correctly in a real test setup. 
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Figure12 The Output Waveforms of the Lab Test 

CONCLUSIONS 
 The PCM telemetry encoder is one of the important elements in a PCM telemetry system. The 
performance trend of a PCM telemetry encoder is changing to accommodate a larger number of 



channels and higher rates of transmission speed. Besides these improvements, there are size and 
power consumption considerations in developing a PCM telemetry encoder installed in an 
artillery projectile. To meet these considerations, the best alternative is the one-chip solution. A 
TMS320F2812 DSP chip was selected as a target device to develop a PCM telemetry encoder.   
The 30-channel PCM telemetry encoder was implemented by using the CPU, McBSP module, 
ADC module, SPI module, RAMs, and Flash memory in this DSP chip. The encoder has a data 
randomizer implemented by software. The randomizer plays an important role for transmitting 
secure information. It is a very critical service routine in developing the 30-channel PCM 
encoder because it takes most of the CPU processing time. If the time for randomizing by the 
CPU is too long, and it is not coordinated with the time for the transmission by the McBSP 
module, transmission errors occur. We implemented a fast speed randomizer by adapting the 
“group-oriented technique”. The performance of the 30-channel PCM telemetry encoder was 
verified through several tests. 
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ABSTRACT 
 
The HDF5 (Hierarchical Data Format) data storage family is an industry standard format that allows 
data to be stored in a common format and retrieved by a wide range of common tools.  HDF5 is a 
widely accepted industry standard container for data storage developed by the National Center for 
Supercomputing Applications (NCSA) at the University of Illinois at Urbana-Champaign.  The 
HDF5 data storage family includes HDF-Time History, intended for data processing, and HDF-
Packet, intended for real-time data collection; each of these is an extension to the basic HDF5 
format, which defines data structures and associated interrelationships, optimized for that particular 
purpose.   HDF-Time History, developed jointly by Boeing and NCSA, is in the process of being 
adopted throughout the Boeing test community and by its external partners. The Boeing/NCSA team 
is currently developing HDF-Packet to support real-time streaming applications, such as airborne 
data collection and recording of received telemetry.  The advantages are significant cost reduction 
resulting from storing the data in its final format, thus avoiding conversion between a myriad of 
recording and intermediate formats.  In addition, by eliminating intermediate file translations and 
conversions, data integrity is maintained from recording through processing and archival storage.  
As well, HDF5 is a general-purpose wrapper, into which can be stored processed data and other data 
documentation information (such as calibrations), thus making the final data file self-documenting. 
 
This paper describes the basics of the HDF-Time History, the extensions required to support real-
time acquisition with HDF-Packet, and implementation issues unique to real-time acquisition.  It 
also describes potential future implementations for data acquisition systems in different segments of 
the test data industry. 
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INTRODUCTION 
 
Data users throughout the industry do two things: 1) acquire and store data and 2) create answer sets 
from that data.  This raw and processed data have historically been stored in a variety of physical 
and logical containers and formats, most of which are proprietary, and it has been necessary to 
translate the data from format to format.  These format conversions are expensive (in terms of time, 
money, and storage space) and are prone to error.  Furthermore, the modern testing environment 
frequently involves a number of independent data sources that cannot be easily merged into a single 
cohesive entity for evaluating the performance of the test article.  As well, many of these formats 
have shortcomings, such as a size limitation, or the inability to store varied kinds of data.  Finally, 
after the data has been analyzed it is necessary to archive it in some fashion, and the storage 
container often separates the data from setup information that for interpretation. 
 
The ideal solution to this problem is a flexible storage container without a size limit, used to store 
and merge many types of data, including raw data, from a variety of sources.  This container is able 
to collect the raw data, add in processed time history for selected events, and hold setup information 
for eventual archival.  The solution is a single container for the data throughout its lifetime, from 
start to finish, that contains everything needed to understand and interpret the data. 
 
 

A PARADIGM SHIFT IN DATA COLLECTION 
 
As shown in Figure 1, traditional data collection within the test community has proceeded as 
follows: 1) set up the data system to collect data, 2) collect the raw data, 3) process the raw data into 
answer sets and analyze it, and 4) archive the data and (maybe) the data system setup.  However, in 
the last few years this scenario has started to break down for a variety of reasons: 
 

• No longer is the only source of data the IRIG Chapter 4 PCM stream.  On modern aircraft, it 
has been joined by Chapter 8 Mux-all and digital video, and more recently by various Fibre 
Channel and Ethernet data sources.  On military programs, ten or more independent streams 
have been required, and recent commercial programs have seen nearly 30 independent 
streams. 

• Data collection is no longer the purview of stand-alone hardware sequencers: PC-like 
processors, such as the PowerPCTM, and digital signal processors are now becoming available 
in military data collection equipment1,2.  Furthermore, data collection systems that combine 
data collector, data combiner, and recorder (either as a single entity or coordinated separate 
packages) are becoming available in the military arena3.  In commercial flight test, high 
horsepower PC’s with high-bit rate connectivity have been the norm for a while. 

• Lastly, data collection has become and is becoming more network centric.  In addition to the 
sources of data being Ethernet and Fibre Channel based, the iNET program4 promises to 
make data collection and transmission network centric as well. 

 
Thus, the test community is currently poised to begin collecting and handling data in a new and more 
effective way.  The infrastructure will soon be in place to: 
 

2 



• Take in raw data from multiple sources, along with setup information and related 
documentation 

• Store the raw data in a single container 
• Re-transmit, view or process the data while the test is taking place 
• Store the raw data, processed data, and all related setup documentation in a single, self-

describing container without format conversions and a plethora of different media 
 
HDF-Time History and HDF-Packet have the potential to play a significant role in providing this 
infrastructure. 
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Figure 1. Traditional Data Flow 
 

THE HDF-TIME HISTORY DATA FORMAT 
 
Approximately three years ago, an initiative was started from Boeing’ Enterprise Laboratory 
Organization to create a common data format which could be used by the test community throughout 
Boeing, and eventually throughout the industry.  The team included representatives from a variety of 
test community users at various Boeing sites including Saint Louis, Puget Sound, Canoga Park, 
Huntington Beach, Philadelphia, and Wichita.  At that time the team chose to tackle the “answer set” 
part of the problem, since it was not so implementation-specific as the data collection part of the 
problem.  The team chose the HDF5 data format, created and maintained by NCSA, based at the 
University of Illinois at Urbana-Champaign.  This was a widely-supported industry standard that did 
not suffer from the 2 Gigabyte limit common to the majority of competing formats.   
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Working with NCSA, the team extended the format structure to support time history data common to 
the test community.  This extension included not only specific data structures to support test data, 
but also interrelationships between the data structures and data elements.  This format is known as 
HDF-Time History (previously “HDF-Boeing”).    The team has created a simple, straightforward 
Application Program Interface (API) in C++ to read and write the data format, and has incorporated 
this capability into tools such as translators and viewers, including QuickView a Windows-based 
analysis tool widely used throughout the Boeing enterprise.  
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Figure 2. HDF-Time History file example 

 
Figure 2 shows an example HDF-Time History file, opened in a simplified viewer application 
program.  This illustrates how the format has been tailored to store test data.  The file appears much 
like a file system structure.  Following the root file name are attributes that specify things like format 
version number.  After that is a definition section that identifies global information such as the 
format in which time is stored.  The main part of the file starts with the event (which could be, for 
example, a wind-up turn by the vehicle); a typical file has many events.  Within each event, there 
can be multiple sources of data, but in this example there is only one source.  The source has an 
independent parameter array or arrays (usually, but not necessarily, time) that identify the specific 
time and date at which each data point occurred.  Finally, the data itself is stored by name under a 
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“Parameters” folder; a real data file has many parameters, but this example has only one.  The right-
hand pane shows a portion of the data stored in “Altitude” in a tabular form. 
 
This specific example is tailored to meet the needs of Boeing IDS Flight Test, but the format allows 
additional attributes and data structures to be defined as needed by the end user.   The format 
supports multi-dimension arrays, data grouping and compound data types,  data storage options 
(including compression).  HDF-Time History also supports data tagging (such as identifying “bad” 
data points), data abstractions such as categories and aliases, and event markers. 
 
A primary feature is the ability to store any type of data, such as audio, video or documents.  This 
provides for the capability to store data system setup information such as instrumentation system 
setup (i.e. the gain and filter cutoff, and specific serial numbers of data collection instruments for 
each parameter), calibration constants and calibration curve-fit information for each transducer, and 
the format from the data collection system. 
 
HDF-Time History and HDF-Packet are non-proprietary, open-source formats. 
 
 

ADVANTAGES OF A SINGLE-CONTAINER SOLUTION 
 
The advantages of the HDF5 data storage family solution are illustrated in Figure 3.  These include: 
 

• A single container is used from the setup of the data collection system, through the data 
collection, through processing and data analysis, to final archival of the data.  The data can 
be self-documenting. 

• The approach handles multiple streams, both for input and output.  Users can view and 
process the data while the test takes place.  Data can be re-transmitted in the case of 
telemetry dropouts.  There are, however, certain limitations and bottlenecks (for example, 
TM bandwidth). 

• What was once post-test processing can now be done during the test. 
• Handling and converting of data post-test can be reduced or eliminated.  Reduction in the 

number of conversions results in greater data integrity from start to finish. 
• Engineers can focus on analyzing the performance of the vehicle under test rather than 

storing and accessing data.   
• Eliminating unnecessary conversions and data storage, and improving data access and 

integrity results in significant cost and schedule savings. 
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Figure 3.  Single Container Solution 
 
Some of these advantages may be subject to limitations; for example, telemetry bandwidth 
significantly impacts the ability to process data during the test for airborne military applications, but 
this is not nearly such a limitation for flight tests of large commercial aircraft where test analysis 
personnel may be onboard. 
 

THE HDF-PACKET REAL-TIME FORMAT 
 
Figure 3 also shows an implementation of HDF-Packet real-time data collection.  Here, the HDF5 
container collects data from multiple sources onboard a test aircraft.  A subset of the onboard data is 
telemetered to the ground, and can be re-transmitted in the case of TM dropouts.  On the ground, TM 
from the test aircraft and test missile are recorded directly into an HDF5 container, along with time 
space position information (TSPI) data.  During the flight, analysis engineers can access and process 
telemetered data.  Post flight, the airborne media is downloaded directly into the HDF5 container.  
Setup information, such as calibration information, is merged into the final data container, either pre-
flight or post-flight, depending on the implementation. 
 
This picture is obviously an idealized case. There are many implementation-specific issues that 
hinder this ideal data flow, and in some cases there are enabling technologies required to take full 
advantage of the single container solution. 
 
Aware of these implementation issues, the Boeing/NCSA team set out in early 2004 to take a 
measured, step-by-step approach to implementing the HDF-Packet real-time data collection 
approach.  They set out to do several things during the year: 
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• Implement an API to allow real-time storage and retrieval of multiple streams on an 
appropriate platform 

• Demonstrate performance using real hardware 
• Investigate implementation of the format for future applications such as military fighter 

aircraft, for which the HDF5 platform support did not exist (i.e. the systems do not run 
Windows, Linux etc.) 

• Begin work to make HDF-Time History and HDF-Packet Boeing enterprise-wide standards 
 
The first major issue in implementing a real-time data container is that incoming data may be well-
defined and highly structured, such as a traditional IRIG 106 Chapter 4 data stream, shown in  
Figure 4.  However, it may also be random and irregular, and the content of the data may either be 
well-defined or not defined.  In some cases, the data may be proprietary such that those collecting 
the data may not have any direct knowledge of the data structure.  The approach taken by the team 
was that the content of the data is not of concern to the data collection algorithm.  The algorithm’s 
responsibility is simply to collect it. 
 

Undefined,
ill-defined
Content

Well
Defined
Content

Structured,
Regular
Data

Irregular,
Random
Data

PCM

Fibre
Channel

XML

Bit
Bucket Simulations

Proprietary
Data

Container 
Responsibility

Implementer/Site 
Responsibility

 

Figure 4. Types of Data to be Recorded 
 
Variable length data comes from network-based sources, such as Fibre Channel or Ethernet.  
Although the structure of these streams may be well-defined (to someone), the data collector does 
not know the length of the data packets, or when they will occur.  In addition, the algorithm is not 
dealing directly with the occurrence of the packets on the bus, but with the format imposed by the 
network interface (NIC) that is collecting the data.  The NIC may buffer or structure the data in some 
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way, or may even combine messages that originated on different busses into a single output block.  
The algorithm must therefore be tolerant of a wide range of data lengths and data rates, without 
significantly compromising throughput to the storage media.   
 
Other issues not common to ground-based systems come into play for data collection algorithms in 
airborne or other hostile environments as well: 
 

• Power may drop out during collection. 
• For recording telemetry data, the link may dropout or there may be bit errors in the stream. 
• For systems that telemeter some portion of the data to the ground, latency may be an issue. 
• The data needs to be accessible while it is written, either for TM transmission or re-

transmission, or for data processing and analysis by onboard personnel. 
 
These issues constrain the implementation of the algorithm to take care in buffering and in handling 
abnormal operating conditions.  Data written before an interruption (e.g. a power dropout) must not 
become “orphaned” and thus unreadable. 
 
The team plans to implement and test the fixed-length API, then proceed to the variable-length API.  
The API is simple, and consists of only a handful of functions, with the intention of keeping the 
overhead as low as possible and improving overall speed. 
 
Once the fixed-length and variable-length APIs are working and optimized, the team will 
demonstrate the operation of the software on a PC-based platform, writing and reading data to 
airborne hardware.  This benchmark will be compared to writing and reading  the data to high-speed 
storage (such as a very large RAM-disk) to determine whether the limitation is in the algorithm or in 
the hardware. 
 
 
 

FUTURE IMPLEMENTATION OF THE HDF-PACKET FORMAT 
 
Clearly, the infrastructure in some parts of the test community readily supports the HDF-Packet 
format than that in other parts of the community: 
 

• Ground test and large airborne platforms that accommodate PCs and network connections 
and mass hard drive storage are most immediately applicable to the format. 

• Military and commercial applications on smaller vehicles are less amenable. 
 
However, this does not mean that HDF-Packet is not suited to military airborne applications; it 
simply means that some enabling technologies (many of which are becoming available now) need to 
be put in place.  As shown in Figure 5 the increasing availability of high-power processors in data 
collection systems and recorders promises to provide appropriate platforms in the near future5.  In 
addition, the iNET initiative promises to improve overall test performance, in part by allowing 
ground personnel to dynamically select parameters to telemeter for different test points during a 
flight.  This dynamic telemetry capability complements very well the ability of HDF-Packet to allow 
data monitoring and processing while a test is taking place. 
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Figure 5.  Implementation for Airborne Military Applications 
 
There are several points associated with the HDF-Packet implementation as shown: 
 

• The underlying HDF5 code that runs under HDF-Time History and HDF-Packet supports a 
number of platforms, such as Windows and Linux.  However, because it is intricately linked 
to these platforms, it cannot be ported to another operating system simply by compiling the 
application and running it under the new operating system.  However, this porting task 
primarily involves converting to and from the numeric formats native to the operating 
system, and associated verification testing.  It is not a major cost. 

• A preliminary “stream” implementation for the basic HDF code exists.  It is possible that this 
implementation could be ported to run on a stand-alone processor, such as Boeing’s Second 
Generation Onboard Processor6. 

• HDF-Packet is designed to be compatible with IRIG Chapter 10 data recording, as shown in 
Figure 5 .  HDF-Packet code running on an onboard processor or “smart” data system creates 
an output stream in one of the Chapter 10 formats (e.g. Chapter 4 or Chapter 8 PCM) for 
recording on a Chapter 10 recording device.  Alternately, the chapter 10 media can be 
downloaded directly into an HDF-Packet/HDF-Tie History container post flight.  

 
These points are currently being investigated by the Boeing/NCSA team, not for immediate 
implementation, but to guide the growth of the format into 2005 and beyond. 
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CONCLUSION 
 
HDF-Time History has already demonstrated a capability to store processed data in a common 
format, with common tools.  HDF-Packet promises to extend this capability to its logical next step, 
allowing real-time acquisition of data from multiple sources into a single container.  
 
Placing setup data, raw data, and processed data into a single container results in substantial cost and 
time savings, and allows engineers to focus on the performance of the test article rather than on 
accessing the data and converting it between formats.  The non-proprietary nature of the HDF5 data 
storage family supports a Boeing-wide and industry-wide standard. 
 
The Boeing/NCSA team is developing C++ APIs to acquire both fixed length and variable length 
data into the HDF-Packet container.  The team will also demonstrate algorithm performance with 
real hardware. 
 
HDF-Packet is readily adaptable to test platforms that use networked PCs and high-speed, high-
capacity hard drive data storage.  The infrastructure to support alternate implementations for the 
airborne military environment is also attainable in the near future.  Some test infrastructure 
improvements, such as iNET, promise enhanced capability in an HDF-Packet data collection 
scenario. 
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Introduction 
 

Flight data recorders must operate in the most demanding environments. Data storage 
technologies have advanced beyond magnetic media used in tape and disk drives to the 
functional storage equivalents built using flash memory. Flash-based storage delivers high 
immunity to shock, vibration and wear out. Additionally, flash exceeds the performance and 
security found in disks and tapes. 

This broad topic covers many applications, each sharing the basic components of a processor, 
storage, I/O, and system interface as shown in the figure below.  

 
Figure 1  Basic components 

This paper focuses on the storage element as required by several fundamental applications. These 
applications include: 

• Health and Usage Monitoring Systems (HUMS) 
• Airframe monitoring  
• Mapping and mission data transfer  
• Voice and video data recording  
• Electronic countermeasures  
• Surveillance recording  
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Each of these applications place different demands on the storage device used for recording and 
information retrieval. Quantitative differences include:  

• Storage capacity  
• Read and write performance  
• Environmental durability  
• Fixed or removable operation  
• System interface 
 

Fundamental to all of these applications is the need to employ a cost effective storage medium. 
To achieve cost effectiveness requires leveraging industry-standard component technology and a 
successful transition from commercial to military level COTS reliability.  

Environmental hardening of commercial computer disk and tape drives has been attempted and 
accomplished in the past through the use of: 

• Dampeners to absorb shock and vibration 
• Heaters to ensure operation of the media above freezing  
• Atmospheric sealing to eliminate vacuum and contamination of the media chamber  

 
The design and cost of mechanical systems to absorb shock and vibration and to heat and cool 
disk and tape drives adds significantly to the cost, weight and size of the original commercial 
storage device as shown in the table below.  
 

Flight Hardened Storage 

Storage Device Volume Weight Power 

3.5-inch hard disk 10GBytes 680 cc 8 kg 41 W (with heater) 

DAT drive – 5GBytes 2540 cc 12 kg 25 W (with heater) 

3.5-inch flash disk – 
10GBytes 

380 cc 2.5 kg 12 W (no heater required) 

Table 1 Storage device comparison 
 

SOLID STATE ALTERNATIVE  

A recent trend of employing solid state technology in the form of flash memory has proven to be 
successful in reaching high capacity densities in small volumes, with low power and decreasing 
costs. The solid state nature of flash memory allows full environmental durability without the 
extra mechanical support hardware required for tape and disk media.  

When implemented as a disk or tape replacement, flash memory has proven to offer improved 
performance, higher reliability, significantly higher data integrity, and lower power operation 
than its magnetic counterpart. 
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Technology of system interface management 

The interface technology designed for traditional media of disk and tape is now being adapted to 
storage systems built with flash memory. Advancements in the management of flash memory 
now allow the rapid implementation of practically any computer interface now used in standard 
tape and disk storage systems.  

In the same way that the ISO seven-layer communication standard opened the architecture for 
reusable communications elements, the standardization of storage interfaces allows cross 
platform and application implementation of storage. 

A well behaved system stratifies to these storage system elements:  

• Application 
• Operating system storage management  
• Storage command and status protocol  
• Electrical interface  
• Mechanical connection  
 
By adhering to these layers and standards, it is possible to integrate flash media to a number of 
standard storage interfaces and to incorporate a wide range of emulations to match application 
requirements. 

The layers diagram below illustrates the fundamental layers of a storage implementation that 
allows interface, emulation and media to be tailored to the application requirements.  
 

 
Figure 2 Storage layers 
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Flash-based storage systems are available today with the following characteristics: 

• Emulation 
• Fixed disk  
• Removable disk  
• Tape  

 
• Direct attached interfaces 

• SCSI 
• IDE / ATAPI  
• USB  
• Firewire 

 
• Network attached  

• Ethernet TCP/IP  
• NAS / NFS  
• SAN / iSCSI 

 
Traditionally storage has connected as direct attached to the processor through SCSI, IDE, and 
serial interfaces. Many versions of these interfaces exist as illustrated by the timeline chart 
below.  

 
Figure 3 Timeline 

 
Managing these interfaces for installed equipment through spares has proven to be very difficult. 
Commercial product life cycles are too fast to meet the long term defense and aerospace 
requirements.  

Flash disks available today have targeted the legacy SCSI and newer IDE interfaces, and are 
looking forward to the next generation interfaces of high speed SATA, Ethernet and Firewire. 

Following commercial standards, enhanced to airborne requirements, the next generation aircraft 
systems will implement data networks based on Ethernet. This allows for distributed storage and 
supports high availability operation to overcome failures within the network. The nature of direct 
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attached storage does not allow sharing or failover in case of a CPU failure. High availability 
network management, built into the operating system or as a separate middleware layer, allows 
redundant storage across a network with failover capability. 

As shown below, the flight data recorder can now share the storage elements in a distributed 
system. 

  

 
Figure 4 Storage in a distributed system 

 

FLASH PERFORMANCE  

Flash storage systems can exceed the performance of magnetic media principally through the 
elimination of the time-wasting mechanical motion required to find the data. The sequential or 
track oriented nature of tape and disk data requires seek operations to find the information. Flash 
is a random access technology and does not add latency overhead to data transfers. 

The true performance of a storage system is not indicated by the bandwidth of the data payload 
bus as often sold by the disk industry. Interface modes such as Ultra-160 or UDMA-100 only 
indicate the transfer rate and not the end-to-end rate. The overall effective throughput depends on 
the random nature of data access and the data transfer block size. The following table shows an 
example of a random access benchmark using small file transfers, which shows how seek 
operations slows down a higher-rated hard disk drive when compared to a flash disk.  

 
Random access 

Small file transfers 

Flash Disk 
Ultra-20 Wide S35FB 

Sequential rate up to 40MB/s 

Hard Disk 
Ultra-80 Wide Quantum 

Sequential rate up to 160MB/s 

Sustained read  8.8 MB/s  1 MB/s  

Sustained write  9.5 MB/s  1.5 MB/s  

Burst read Avg / Peak  36 / 37 MB/s  10 / 152 MB/s  

Burst write Avg / Peak  34 / 37 MB/s  65 / 91 MB/s  

Track to track seek max  0.5 ms  16 ms  

Track to track seek avg  0.5 ms  8 ms  

Rotational latency  0 ms  4.17 ms  
Table 2 Flash versus Disk 
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Flash tape drives offer a similar speed advantage over magnetic tape-based tape drives. As files 
are transferred the tape must frequently relocate to find and write file markers. A rewind 
operation can add more than five minutes to a tape data transfer, whereas a flash-based tape drive 
can rewind in about 500 microseconds.  

Higher performance flash memory will enable applications that have found transfer rate 
limitations in applications such as electronic countermeasures, threat tracking and recognition, 
surveillance and video recording. 

 

TECHNOLOGY OF FLASH MANAGEMENT 

With flash maturing to achieve storage grade operation, it is now feasible to characterize flash as 
a truly advanced version of tape and disk media. This new understanding means systems 
designers can move forward with solid state flash implementation, taking advantage of disk and 
tape storage technology that is appropriate for the application.  

Decreasing cell geometry, change over from single- to multi-level cells, and more dense control 
architectures, make flash-based storage systems more dependent on defect management. The 
flash disk manufacturer qualifies the flash and verifies the effectiveness of the controller-based 
algorithms to validate write endurance, data disturb and data retention.  

With modern write endurance and defect management techniques there are very few applications 
that are limited by write endurance. The two most important management techniques to extend 
the write endurance life of flash are wear leveling and spare sectors. Spare sectors are just like 
spare tires, they are replacements for failed sectors. When a sector fails during a write or has a 
correctable read error, it is retired and the data is written to the spare sector. This technique is 
also used in hard disk drives to overcome similar failures.  

The inherent write endurance is effectively increased through the use of wear leveling techniques 
that even out the write cycles across a flash array used in a solid-state disk. The controller that 
manages the flash keeps track of the write usage within the flash array and moves the writing 
around the array to prevent concentrated write areas. Even static or read-only areas are moved to 
accommodate the leveling of writes.  

To combat data disturb errors, the defect management in the flash controller detects data errors 
and corrects data errors on the fly using error correction codes (ECC). Just like magnetic media, 
ECC is used to manage random bit errors to significantly increase the data integrity above the 
inherent media quality. 

The archive quality of flash data, i.e. the time that data can be stored without power, is the 
retention time. A typical value is 10 years at 25 degC, and is significantly better than magnetic 
media. 
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SECURITY 

While all tape and disk magnetic media-based drives have erase capabilities, flash-based storage 
offers significantly faster erase and sanitize operations, as well as erase operations that do not 
require processor activity. 

One special feature of a flash disk or tape is the auto resume operation, active during intermittent 
power conditions, that automatically restarts the secure erase function when power is restored to 
the drive. Progress indication is available during each secure erase command operation. Erase 
operation progress, including both the sequence step and step percent completion, is available 
through the drive interface. An option is available to connect a push button or other actuator to 
manually initiate a configured secure erase operation. 

 

Flash Characteristics for Securing Sensitive Data 

Feature Technique Available in Disk or Tape 

Fast erase Bulk erase memory No 

Sanitize erase Overwrite erased memory Yes, 10x to 100x longer 

Write protect Disable writing to all or portions of the 
memory array 

Limited 

Read protect Password protect areas for read back with 
varying access for writing 

Limited 

Table 3 Security features 
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Several standards exist that define the secure erase operations. There is ongoing activity to 
standardize these for flash memory. 

 Specification Device Clear Sanitize 

D
oD

 

NISPOM 8-306 
DoD 5220.22-M 
1995 Original 

FEPROM Performs a full chip 
erase as per 
manufacturer’s data 
sheets. 

Overwrite all addressable 
locations with a single 
character then perform a full 
chip erase as per 
manufacturer’s data sheets. 

D
oD

 DoD 5220.22-M 
NISPOM 
Supplement 1 

FEPROM 
& 
EEPROM 

Not Specified. Overwrite all locations with a 
character, its complement, then 
a random character. 

N
SA

 

NSA 130-2 EEPROM Same as sanitize 
operation. 

Overwrite all locations with a 
pseudo-random pattern twice 
and then overwrite all 
locations with a known 
pattern. 

A
rm

y 

AR 380-19 FEPROM 
& 
EEPROM 

Perform a full chip 
erase as per 
manufacturer’s data 
sheets. 

Overwrite all locations with a 
random character, a specified 
character, then its complement.

N
av

y 

NAVSO P-5239-
26 

EEPROM Erase per 
manufacturer’s 
specifications. 

Erase, program all locations 
with a random pattern, wait 2 
minutes, erase, program all 
locations with another random 
pattern, verify the random 
pattern. 

A
ir 

Fo
rc

e 

AFSSI-5020 FEPROM 
& 
EEPROM 

Erase, verify then 
overwrite all bit 
locations with arbitrary 
unclassified data. 

Erase, verify then overwrite all 
bit locations with arbitrary 
unclassified data. Declassify 
the media after observing the 
respective organizations 
verification and review 
procedures. 

R
C

C
-T

G
 IRIG 106-03 FEPROM 

& 
EEPROM 

Not specified. Erase; Write 55h: Erase; Write 
AAh; Erase; Write single file 
containing string 
“SecureErase” repeated to fill 
all available space. 

Table 4 Security standards 
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CONCLUSION  

Solid state flash disks are a drop-in replacement for traditional disk and tape storage devices. 
Flash disks function like hard disk and tape drives with many of the same features, using the 
same industry-standard interfaces and connectors. Unlike disk and tape, flash disks provide 
extreme ruggedness under the conditions that are demanded of flight data recording applications. 
Flash exceeds the durability requirements, improves wear-out rate and performance without the 
additional mechanical apparatus for dampening and environmental controls required by hard disk 
and tape drives.  

APPLICATION EXAMPLES  

Helicopter Health and Usage Monitoring System  

In this HUMS application, the storage device must provide a small amount of storage with the 
ability to remove the data via a transfer to a PCMCIA card. This megabit RS422 interface 
incorporates a robust protocol between the host and storage device using CRC to validate the 
data stream for both reading and writing.  

During flight, up to 128Mbytes of flight information is written to flash memory. Once on the 
ground, a large PCMCIA card is inserted by the ground crew to extract the recorded information. 
One of the many flexible features of this design includes the fast expansion from 128Mbytes up 
to 2GBytes by changing one plug-in module.  

UAV flight recorder  

This is an example of a non-removable flash tape that replaces a DAT tape drive for recording 
airframe and systems operations in an Unmanned Airborne Vehicle (UAV). The two problems 
with the initial DAT system were: 1) the operating temperature range required special heaters for 
environments below freezing; 2) and despite mechanical dampeners and environmental harden 
packaging, the overall vibration and shock caused unpredictable failures.  

Flash tape, operating with the command set and storage capacity of a DAT drive, provides an 
operating range beyond the envelope of the UAV operating environment. This allows the 
elimination of the heaters and their respective controls, and the reduction in weight and volume 
through the elimination of special packaging required for the DAT.  

With the benefits of size, weight and reliability, and no system modifications required the flash 
tape drive functioned as a drop-in replacement for the commercial DAT drive within the UAV 
computer system.  
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Map and mission transfer  

Loading the flight mission and maps into an aircraft is accomplished through a data transfer unit 
to a removable disk cassette. In this system a ground based station transfers mission information 
and maps to a flash disk cassette which is transported to the waiting aircraft. These time-critical 
operations require high speed writing and reading.  

The durability of flash provides two types of protection, first the disk must survive the handling 
when transporting the cassette across the flight line to the aircraft, and second the durability must 
exceed the mission environment for shock, vibration, altitude, and temperature.  

A flash disk replaced the original design that used a hard disk. With this implementation the 
additional features of heaters and mechanical dampeners were eliminated.  
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Abstract 
 

While the dominant focus on short response missions has appropriately 
centered on the launch vehicle and spacecraft, often overlooked or afterthought 
phases of these missions have been the launch site operations and the activities 
of launch range organizations.  Throughout the history of organized spaceflight, 
launch ranges have been the bane of flight programs as the source of expense, 
schedule delays, and seemingly endless requirements.  Launch Ranges provide 
three basic functions: (1) appropriate geographical location to meet orbital or 
other mission trajectory requirements, (2) project services such as processing 
facilities, launch complexes, tracking and data services, and expendable 
products, and (3) safety assurance and property protection to participating 
personnel and third-parties.  The challenge with which launch site authorities 
continuously struggle is the inherent conflict arising from flight projects whose 
singular concern is execution of their mission, and the range’s need to support 
numerous simultaneous customers.  So, while tasks carried out by a launch 
range committed to a single mission pale in comparison to efforts of a launch 
vehicle or spacecraft provider and could normally be carried out in a matter of 
weeks, major launch sites have dozens of active projects with dozens of 
separate sponsoring organizations.  Accommodating the numerous tasks 
associated with each mission, when hardware failures, weather, maintenance 
requirements, and other factors constantly conspire against the range resource 
schedulers, make the launch range just as significant an impediment to 
responsive missions as launch vehicles and their cargo. 
 
 The obvious solution to the launch site challenge was implemented years 
ago when the Department of Defense simply established dedicated infrastructure 
and personnel to dedicated missions, namely an Inter Continental Ballistic 
Missile.  This however proves to be prohibitively expensive for all but the most 



urgent of applications.  So the challenge becomes how can a launch site provide 
acceptably responsive mission services to a particular customer without 
dedicating extensive resources and while continuing to be cost effective and to 
serve other projects? 
  
 NASA’s Wallops Flight Facility (WFF) is pursuing solutions to meet exactly 
this challenge.  NASA, in partnership with the Virginia Commercial Space Flight 
Authority, has initiated the Rapid Response Range Operations (R3Ops) Initiative.  
R3Ops is a multi-phased effort to incrementally establish and demonstrate 
increasingly responsive launch operations, with an ultimate goal of providing 
ELV-class services in a maximum of 7-10 days from initial notification.  This 
target will be pursued within the reality of simultaneous concurrent programs, and 
ideally, largely independent of specialized flight system configurations.   
 

WFF has recently completed Phase 1 of R3Ops that included an in-depth 
collection (through extensive expert interviews) and limited software modeling of 
individual launch operations processes by various range disciplines.  This 
modeling is now being used to identify existing inefficiencies in current 
procedures within each process and to show interdependencies.  Existing 
practices are being tracked to provide a baseline as new procedures are 
implemented and evaluated.  Technology infusion efforts have been identified 
and are currently underway in the area of space-based range safety and 
communications.  

 
Phase II of this effort will involve evaluation and implementation of real 

time software process flow tools, software integration of processes already 
defined into an integrated model, and spiral software development of the process 
flow tools.  The technology efforts will begin maturing with flight demonstrations 
and integration into the operational environment.  The completion of Phase II will 
enable R3Ops efficiencies to meet the requirements of many upcoming 
commercial and government programs.  A critical duty in this phase will be the 
identification of an effective software tool that meets launch range requirements 
in a responsive multi-user environment. 
 
 
Introduction 
 

With the knowledge that today’s range environment does not support the 
vision and goals of R3Ops, the WFF has taken the initial steps necessary to 
move toward the desired outcome.  The two challenges that the range faces 
today are the cost of range services, and the lead time to launch.  Today’s 
national ranges are constrained from meeting these challenges by inefficient 
range and launch processes and procedures and restrictive ground and vehicle 
communications and safety systems.  
 



This paper will address a range vision focused on R3Ops, along with 
short- and long-term strategies to meet this vision.  This vision identifies key 
characteristics that the range must possess in order to overcome today’s 
constraints, and recommends a strategy for meeting this vision.  Specific areas 
addressed include processes and procedures relative to range operations and 
asset deployment, and the potential to augment automated range assets to 
streamline range operations and logistics to realize significant cost savings.  
Included is a discussion of technology advancements and potential infusions that 
will enhance range efficiency and reduce cost, including low cost launch vehicle 
transceivers for space-based data communications, use of existing commercial 
and Government systems for space-based vehicle tracking, and incorporation of 
autonomous systems for flight control and safety. 
 

R3Ops Range Vision 
 
The reality facing the range of today is that it is a large, fixed geographical 

location.  Payloads must come to the range to be launched.  Inflexible legacy 
systems impair integration of new functionality and data interfaces.  Range 
tracking infrastructure dominates both the landscape and the budget.  Operations 
costs are high due to low levels of automation and the need to retain skilled 
operators even when no launches are scheduled.  Safety is viewed as a hurdle to 
be overcome, and not an enabler of mission success.  This reality is not reflective 
of what is possible and it is not the range envisioned by NASA’s Wallops Flight 
Facility (WFF).  Achievement of the R3Ops concept will require targeted process 
and technology development. 
 

Appropriate range process and technology development requires a long term 
vision of what the range should be at some point in the future.  The range vision 
supporting R3Ops will be described by two key characteristic capabilities or 
vision elements.   

 
The first characteristic is that the range will be largely infrastructure-less with 

respect to tracking and data services.  Current tracking and data systems used in 
support of most launch missions are ground based radar, telemetry, and 
command destruct systems.  Such systems are notoriously large, expensive to 
maintain and operate, and time consuming to configure.  An infrastructure-less 
range is not dependent on the existence of such ground-based assets.  In an 
infrastructure-less paradigm, launch vehicle tracking will be accomplished 
through the elimination of radar tracking and the implementation of the 
combination of on-board autonomous GPS/INS tracking and safety systems and 
space-based communications systems.   Telemetry systems will be replaced by 
spaced-based systems.  Command destruct range safety systems will be 
accomplished initially by space-based systems and later by on-board 
autonomous destruct systems. 
 



An infrastructure-less range is essential to the R3Ops range vision because it 
will provide a level of launch responsiveness not envisioned from similar launch 
systems in the past.  The space-based systems require little configuration and 
will eliminate a significant portion of the mobile range transportation cost for 
mobile operations.  It is clear that the ability of current ground-based systems to 
support R3Ops is severely limited.  An added benefit is also the reduction in 
operational cost.  By purchasing data and communications capability as needed, 
the cost of the ground infrastructure is dramatically reduced or eliminated as data 
services become purchased per launch rather than requiring a perpetually 
funded standing range operations team.  An infrastructure-less range will 
therefore reduce cost and increase the responsiveness and deployment 
capabilities of the range. 
 

The second key characteristic of the R3Ops range vision is that the range will 
be highly automated.  Range operations are among the least automated of all 
operational processes.  This is true across the ranges in existence today.  The 
R3Ops vision is a range whose setup and operations are computer-based and 
controlled by user friendly software in which users will select services they 
desire.  Once range services are selected, the software will configure the range 
and provide the user with projected costs.  This will allow the user to investigate 
support scenarios to optimize cost and mission support.   
 

Beginning in control center and payload support functions, automation must, 
by the long term, be required as a fixture in all range safety and launch 
management functions.  Automation is typically achieved through the 
development or integration of software tools.  This will require capture, 
management, and engineering of the processes and knowledge to support 
ongoing range activities.  These tools are currently being developed at NASA’s 
Wallops Flight Facility.  This knowledge and process engineering activity will 
enable the development of both automation systems as well as mission and 
range management tools supportive of the range vision.  So the automated range 
is one in which routine functions of data management, distribution, archival, and 
post flight analysis is highly automated.  Mission managers will need to plan 
missions through the use of knowledge-based tools that anticipate mistakes and 
problem areas and assist in the planning, testing, and launch activities if the 
responsiveness and launch frequency needs are to be met. 
 

The opportunities are many for range operations responsiveness 
improvements in this area.  However the opportunities for range operations cost 
savings are also significant.  The combined result will be a more efficient, less 
costly range that is more available than ever anticipated in the past.   
 

These range vision characteristics and capabilities will provide the framework 
for the R3Ops development efforts.  At the current time and even throughout the 
near term, the nation’s launch ranges meet virtually none of the goals set forth in 
the characteristics above.  However, a reasonable evolution from the current 



state of each range vision element to the desired future state is not difficult to 
describe.  The following section describes the technologies and tools required to 
meet the R3Ops vision. 
 

R3Ops Technologies and Tools 
 

The following discussion describes the strategy to overcome the constraints 
of today’s range, and meet the vision of the future.  The discussion will address 
the evolution which is necessary in range process and procedures, and 
technology developments which are necessary to achieve rapid response for 
launch and operations. 

 
The two primary areas of focus to realize the R3Ops vision are space-based 

range capabilities and automated processes and tools. 
 

The space-based range technology is an essential element in providing an 
Infrastructure-less Range.  Ground-based command destruct systems located at 
both the launch site and downrange will be eliminated, and replaced by the on-
board system.  Down range tracking assets will also be eliminated, with position 
data transmitted through space assets.  Since this technology is vehicle-based, it 
provides flight termination, communication, and/or tracking from virtually 
anywhere.  This technology provides the functional capability only while the 
mission is underway, as opposed to ground-based systems, which are 
permanent or semi-permanent.  All of these features provide for a more cost 
effective, highly available range.  Space-based range initiatives include: 

 
• Autonomous flight safety systems.  
• Efficient low cost launch vehicle space-based communications 

systems.  
• Automated wind profile measurement systems for range safety and 

mission assurance.  
 

Automated processes and tools are critical for realizing the goals and vision 
of R3Ops.  These initiatives will provide tools that define, improve, and 
implement the specific range architecture; the processes, procedures, reviews 
and approvals; and, hardware configurations, setup, and tests required to 
support a rapid response capability.  This is an essential element in providing a 
highly automated range.  Mission managers can operate remotely though the use 
of these tools, providing for highly responsive range operations, while reducing 
costs.  Automated processes and tools initiatives include:  
 

• Automated range operations process workflow tools.  
• Advanced range simulation and performance verification systems.  

 



In the sections below, initiatives, technologies, and range capability 
enhancements that directly benefit the R3Ops vision will be discussed in detail. 
 

Autonomous Flight Safety System  
 

One of the most onerous requirements imposed on launch operators is that of 
ensuring flight safety through multiple methods of vehicle tracking and a highly 
reliable, redundant Flight Termination System (FTS).  Because of the reliability 
and redundancy requirements, ensuring range safety is not inexpensive.  Getting 
an FTS evaluated and certified for flight is timely and expensive for a program.  
Deployment of multiple ground based tracking and command systems takes time 
and adds to the cost.  Launch operators must maintain agreements and pay for 
services that are required to maintain safe communications with the vehicle 
throughout its powered flight regime.  This requires ground tracking and 
command assets to be deployed around the world to maintain this 
communications coverage to ensure vehicle performance parameters are 
monitored and destruct actions can be initiated in the event of an anomalous 
flight situation.   
 

WFF has embarked on an effort to develop a new way of providing this 
service reliably without the need for ground tracking assets outside the launch 
head coverage area.   
 

The Autonomous Flight Safety System (AFSS) project seeks to develop an 
autonomous on-board system that can augment or replace the function of the 
traditional ground commanded Range Safety system.  The motivation for this 
project is to decrease range operations costs by negating the need for ground-
based command systems that are required at the launch site and along the 
downrange trajectory, to provide global coverage for mission operations thus 
enabling safe launch environments where no range may exist, and to increase 
responsiveness for launch operations by decreasing vehicle range safety 
certification timelines and reducing the risk of ground system failures that can 
create launch delays and cancellations. 
 

The AFSS will use redundant on-board navigation sensors and flight 
processors to monitor the progress of the launch vehicle with respect to multiple 
flight termination criteria and if necessary, terminate the flight.  The feasibility of 
automating the flight safety decision process was verified with the successful 
completion of AFSS Phase I begun under the WFF managed Advanced Range 
Technology Initiative (ARTI) in January 2001.  Phase II was undertaken as a joint 
effort between Kennedy Space Center (KSC) and WFF.  Lockheed Martin Space 
Systems Company, Huntsville, AL was selected as the prime contractor to 
develop and refine the flight algorithms and demonstrate a Government furnished 
flight prototype system based on GPS receivers and flight processors.  The 
program is now in Phase III of the development effort under a WFF managed 
effort with KSC as a development partner.  Phase III of the project will result in an 



autonomous flight termination system demonstrated by both simulations and 
actual flights.  It has been proposed to use the DARPA FALCON Small Launch 
Vehicle (SLV) as a test bed to focus the technical and environmental subsystem 
performance requirements.  

 

Low Cost TDRSS Transceiver (LCT2) 
 
Space-based communications is essential to meet the responsiveness goal of 

the R3Ops vision.  There are several space-based communications initiatives 
underway.  The LCT2 is an effort currently underway to make Tracking and Data 
Relay Satellite System (TDRSS) communications flight hardware more 
economical and less intrusive for flight vehicles with low weight and power 
margins.  In the long term, the LCT2, coupled with the AFSS, will provide a 
complete space based Range Safety and flight communications system, 
providing global coverage and unparalleled responsiveness for mission 
operations.  While the AFSS will provide onboard flight termination, the LCT2 is 
essential in providing range safety data and telemetry to the ground.  This 
information is critical for failure analysis of a mission.  The LCT2 will provide data 
through a TDRSS spacecraft throughout the entire launch phase.   
 

By utilizing space-based communications assets for range tracking activities, 
the LCT2 will lower launch operations costs by eliminating launch head and 
downrange telemetry asset requirements; provide increased range availability 
and operational response time by reducing the possibilities of launch 
holds/cancellations due to range instrumentation issues; and enable 
remote/austere launch operations by providing truly world-wide telemetry 
transmission capability to any launch control location.  The LCT2 project will 
provide a product that can be transferred to industry to enable future range 
operations cost savings and enable rapid response range operations which are 
essential for the realization of the R3Ops vision.   
 
 

Wind Profiling 
 
Wind profiling is necessary for ELV operations to assure that the launch 

vehicle will not encounter winds that will cause a structural breakup or ones that 
may cause a loss of launch vehicle guidance control.  Wind profile 
measurements from 60,000 to 80,000 feet are required in order to perform the 
pre-launch analysis to determine the degree of risk.  Current range systems used 
to obtain the wind profiles include radar measurements of wind balloons and 
wind profilers.  These instruments are suitable for operations at fixed sites, but 
become timely and expensive for mobile or remote operations because their 
physical size makes transportation costly and they require staff of approximately 
six to operate.  



 
Technology development initiatives are currently underway at NASA’s 

Wallops Flight Facility to eliminate the need for radar tracking.  One of these 
initiatives is to develop a GPS Sonde system that communicates to ground 
processing systems using space based communications systems such as Iridium 
and GlobalStar.   
 

The goal of the WFF initiative is to provide the range with a means of 
obtaining cost effective and timely wind profile measurements anywhere a launch 
site is established.  WFF plans to achieve this goal further by integrating the GPS 
Wind Sonde system into a processing system that will provide the wind profile 
necessary for the range. 
 
 
Automated Range Operations 
 

Automated range operations are one of the key deficiencies of our national 
ranges.  Development of tools is essential to realizing the vision of the range.  
These tools are necessary to realize the lead time to launch objectives of R3Ops.   

 
NASA Wallops Flight Facility’s automated range operations initiative is an 

effort to incrementally establish and demonstrate quantifiably responsive launch 
operations. This objective will be pursued within the reality of simultaneous 
concurrent programs and largely independent of specialized vehicle, payload, 
and launch site configurations. 
 
Specifically, the objectives are as follows and will be pursued sequentially: 
 

• Document current range operations processes and identify the critical 
path. 

• Develop a mechanism for creating, updating, and reviewing range 
operations procedures. 

• Develop and/or integrate software automation tools that expedite and 
enhance range operations processes. 

• Develop tools, principles, and recommended best practices to optimize 
routine missions.  

• Develop the interfaces between the tools and range users to enhance the 
automation processes. 

 
Automated range operations will include the development of a collection of 
process definitions, optimizations, and enabling tools.  This will require the 
capture, management, and engineering of the processes and knowledge that are 
required to support ongoing range activities.  This knowledge and process 
engineering activity will enable the development of the automation systems as 
well as mission and range management tools supportive of the future FALCON 



range.  Thus, the automated range is one in which routine functions of data 
management, distribution, archival, and post flight analysis is highly automated.  
Mission managers will need to plan missions through the use of knowledge-
based tools that anticipate mistakes and problem areas and assist in the 
planning, testing, and launch activities if the responsiveness and launch 
frequency needs are to be met. 
 

Advanced Range Integrated Simulation Environment (ARISE) 
 
Vehicle and ground subsystems required to support a successful launch 

operation are myriad, complex, and in many cases tightly coupled. Opportunities 
for testing, validation and certification in an all-up integrated configuration have 
historically been limited, and in some cases simply not feasible. The inability to 
"test-as-fly" has contributed to several in-flight failures of critical range 
subsystems. The impact of such failures is compounded during mobile launch 
operations since for such missions the range will typically deploy only the 
minimum required complement of instrumentation. This factor has also made the 
insertion of modernized subsystems and advanced concepts into the range 
instrumentation complement exceedingly difficult resulting in an inordinately long 
lag time between the ready availability of new technologies and their operational 
deployment in any single range subsystem. 

 
ARISE was initiated to develop a simulator capable of emulating, through 

both hardware and software in an integrated manner, the full spectrum of 
systems involved in launch operations. This includes systems that emulate the 
launch vehicle, the range, and external participating elements such as GPS and 
satellite data relay constellations.  ARISE will offer a unique national capability 
that will serve multiple purposes, including a test bed in which new range or 
vehicle technologies (hardware, software, or processes) can be integrated for 
validation and demonstration without requiring active range systems that are 
difficult to schedule, and expensive test flights.  The type of tests supported by 
ARISE will span the spectrum from the conduct of the checkout of an individual 
range subsystem to the execution of a full-blown end-to-end range verification 
test.  Ideal uses include the validation of eventual autonomous flight termination 
systems space-based transceivers.  ARISE will also offer a valuable training 
resource for new range personnel.  In all cases the article under test will be 
exposed to high fidelity simulations of any systems that cannot feasibly be 
exercised such as the launch vehicle and certain vehicle subsystems.  

 
The development of ARISE is critical for realizing the goals and vision of he 

range.  ARISE is an essential element in providing a Highly Automated Range.  
The development of this simulation environment will provide for highly responsive 
Range Operations, especially during crucial Test and Evaluation, while reducing 
costs and increasing Range Safety.   

 



Summary 
 

Today’s national ranges impose many constraints on the goals and objectives 
of the R3Ops vision.  This outline of the next generation range and its defining 
characteristics provide a vision of the future range and one that meets the 
challenges.  The development of the technology and tools presented are crucial 
in order to realize this vision and to provide a cost effective, highly available 
range.   
 

The R3Ops objectives are achievable, but only through a continuing process 
of incremental implementation of new technology and process adaptation at the 
systems level, and a commitment by the Government to enable and support the 
endeavor. 
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INTRODUCTION 
 
Alcatel Bell Space has offered since many years its versatile OMNISAT demodulator, which is 
able to handle data streams from a wide variety of Earth Observation Satellites (data coming from 
more than 30 satellites are currently demodulated with OMNISAT equipment all over the world). 
In order to expand the capabilities of the existing OMNISAT demodulator, Alcatel Bell Space 
(ABSp) has developed, in cooperation with ESA, a new earth observation data acquisition 
system : the Alcatel 9910 OMNISAT. 
 
The new product integrates signal processing functions of a complete receive chain (from RF 
signal to the decoded bit-stream) into one single and modular equipment. The functionality is 
split over an X-Band Downconverter (XDBC), a High Data Rate Demodulator (HDRD) and a 
Data Ingest and Front End Processing function (DIFEP). A High Data Rate Test Modulator 
(HDRM) provides loop-back test functionality. It is compatible with the current generation 
OMNISAT and can be use as direct replacement for it. 
 

 
Figure 1 : OMNISAT chassis with opened keyboard drawer 

 
Up to 4 Demodulator boards HDRD can be housed in the same crate, for the parallel receiving of 
multiple downlinks. On the same manner, up to 2 Data Ingest and Front End Processing functions 
DIFEP can be housed in one crate. 
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The equipment is able to process signals with a bit rate up to 500 Mbit/s; it is delivered either 
with pre-configured missions characteristics for which Alcatel gives support, or customer 
configurable for any number of missions. 
 
The functionality is hosted into a COTS industrial PC platform, in order to provide a cheaper, 
reconfigurable equipment as a core building block of present and future acquisition facilities. 
This new OMNISAT architecture permits a significant reduction both in investment and 
ownership cost, compared with the previous generation. 
 
This paper describes the architecture of the OMNISAT equipment, which is based on the latest 
System On Programmable Chip (SOPC) technology. 
 
Thanks to the modular architecture of the OMNISAT, the product can target the low-end market 
(minimum configuration, e.g. only a demodulator function) as well as the high-end market (a full-
blown OMNISAT, e.g. with conversion of a signal from RF frequency to a decoded bit stream, or 
multiple demodulators in one single unit). This makes the Alcatel 9910 OMNISAT product a 
very powerful solution for all data acquisition facilities. 
 
Figure 2 shows a block diagram of a typical OMNISAT equipment configuration. The 
architectural design of the individual functional building blocks of the OMNISAT equipment is 
presented hereafter. 
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Figure 2: a typical Alcatel 9910 OMNISAT configuration 
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HIGH DATA RATE DEMODULATOR (HDRD) 
 
The HDRD is a demodulator that consists of single PCI board, which contains all the analogue 
and digital circuitry. The main function of the HDRD is to receive a digitally modulated IF signal 
and to deliver at his output the digitally demodulated (and decoded) data. 
 

 

Figure 3 : Demodulator board 

 
The HDRD can cope with a variety of modulation schemes: BPSK, QPSK, OQPSK, Unbalanced 
QPSK and Asynchronous QPSK ; 8PSK is on the roadmap. The maximum symbol rate of the IF 
signal is limited to 250 Msym/s (that is 250 Mbit/s BPSK, 500 Mbit/s QPSK, 750 Mbit/s 8PSK). 
 
The HDRD IF input frequency is selectable in the range from 70 MHz to 850 MHz (typical 
values are 375 MHz, 720 MHz, 750 MHz). The demodulator achieves very fast carrier frequency 
acquisition (acquisition time < 400 ms) by employing FFT-based frequency estimation 
algorithms. 
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Figure 4 : Demodulator block diagram 

 
The HDRD analogue front-end  performs optional IF filtering, gain adjustment and  complex 
(I,Q) downconversion to zero IF. The complex baseband signal is then low pass filtered and  
sampled by two analogue to digital converters.  
 
The remaining part of the demodulator functionality is implemented in programmable digital 
hardware, and is split over two Field Programmable Gate Arrays (FPGA).  
 
The largest FPGA is a high speed device from the Altera Stratix family, which hosts the high 
speed digital hardware blocks (digital integrate and dump filters, timing error detectors , carrier 
phase/frequency error detectors, differential decoders, Viterbi decoder).  
 
The second FPGA is an Altera Excalibur device which contains an embedded ARM processor 
core. The embedded software that runs on the ARM typically performs the lower rate digital 
demodulation functions. These functions are: Fast Fourier Transform (FFT) aided acquisition of 
the true carrier frequency,  loop filtering of the timing error signals and the phase error signal, 
Automatic Gain Control (AGC) loop filtering, lock detection, signal quality estimation (e.g. 
Es/No) and low-level monitor and control functions.  
 
A PCI interface chip on the HDRD board allows the communication between the host computer 
PCI bus and the digital hardware on the demodulator board.  
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The HDRD has two digital data outputs (ECL) and two corresponding clock outputs which are 
directly accessible from the back panel of the equipment. In order to support a variety of extra 
digital output requirements, a dedicated Digital Output Board is developed. This board is 
internally connected to the HDRD such that a maximum of 8 HDRD digital outputs can be 
provided (differential data + clock for data1, data2  or merged data 1+2). Additionally, this 
dedicated output board provides alternative electrical interfaces such as LVDS, RS422, TTL, and 
an Optical interface. 
 
 

X-BAND DOWNCONVERTER (XBDC) 
 
The X-band Down Converter converts the RF 8.0 to 8.4 GHz input band to a fixed IF frequency 
of 720 MHz. The IF output of the XBDC is internally connected to one of the two IF inputs of the 
HDRD. 
 

 

Figure 5 : Down Converter board 

 
The XBDC physically consists of an external RF band-pass filter and a shielded module, 
containing the following functionality: power supply filtering, the RF input chain, LO and 
reference generation, the IF output chain and monitoring and control. A single downconversion 
stage is used for reasons of cost and implementation simplicity. 
 
An XBDC module takes the place of two full size PCI boards.  
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HIGH DATA RATE MODULATOR (HDRM) 
 
The HDRM is a modulator developed for testing purposes: it generates a digitally modulated IF 
signal that can be used in loop-back tests. Therefore the HDRM has two IF outputs, one is 
connected to one of the IF inputs of the HDRD (internal loop back), the other is connected to an 
N-type connector on the back panel of the equipment (for external loop-back tests). 
 

 

Figure 6 : Test Modulator board 

 
The HDRM supports the same modulation schemes as the HDRD, and the same range of IF 
frequencies. 
 
The in-phase and quadrature test bit streams are either internally generated by Pseudo Random 
Pattern Generators, or taken from external data-clock inputs. In the baseline equipment, 4 ECL 
interfaces are provided on the HDRM board for the data and clock inputs of the external 
modulation data. A separate dedicated Digital Input Board (DIB) has been developed to support 
other electrical interfaces  (LVDS, RS422, TTL, Optical) when needed. The HDRM modulator 
functions are located on a single PCI board containing all the analogue and digital hardware 
circuitry. The PCI bus interface allows the HDRM modulator functions to be monitored and 
controlled via the standard COTS computer. 
 
The HDRM board also contains a fixed noise source of which the output can be added to the IF 
signal. This feature supports testing of signal to noise ratio conditions ranging from 0dB to 18 dB 
Es/No. 
 
 

DATA INGEST AND FRONT-END PROCESSING 
 
The Direct Ingest and Front-End Processing (DIFEP) are a high performance data acquisition and 
first- level processing system. It is highly configurable, supporting a wide range of missions. It 
includes the ingest boards, the associated software and the mission specific support packages 
(including level 0 processing). 
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The ingest boards receive data and clock from the High Data Rate Demodulator via external 
wiring, and host the frame synchronisation functionality of the receive chain. One ingest board is 
capable of handling the full bitrate for BPSK and QPSK, two ingest boards are needed in case of 
Asynchronous QPSK. 
 
The mission specific software support packages includes frame synchronisation and decoding 
(frame synchronisation, derandomisation, deinterleaving, Reed-Solomon error detection and 
correction, CRC error detection, time tagging, quality annotation, decrypt, decompress) up to 
ISP / VCDU level depending to the concerned mission. A quicklook functionality is available. 
 
The DIFEP software consists of a set of separate modules, each performing a specific task. 
Several modules may be linked together forming a complete processing chain, or run separately 
for stepwise processing. For multi-channel missions, several processing chains may run in 
parallel. The linkage between subsystems may be disk and/or IPC mechanisms, thus, providing a 
large number of processing combinations. 
 
The hardware is designed for real-time ingest and processing of data, but it is also well suited for 
hardware accelerated offline processing of frame synchronisation, PRN descrambling, CRC 
checking and Reed-Solomon decoding. 
 
The DIFEP may also be configured with output capabilities for testing and/or data retransmission 
purposes. 
 
 

FRONT-END PROCESSING OUTPUT BOARD 
 
The Alcatel 9910 OMNISAT can be equipped with one or two output boards that host playback 
functionality. These Front-End Processing output boards transform the stored data into a 
data+clock signal which can be fed to the input of the High Data Rate Modulator. In case of 
Asynchronous QPSK, two output boards are needed for full playback capacity. 
 
 

STORAGE OF ACQUIRED DATA 
 
For high-rate systems Wide-Ultra 320 SCSI 15k disks are well suited to insure the reception of 
all data during reception. In addition, Wide-Ultra 320 SCSI RAID controllers can be used to 
allow for striping to balance the data load on several disks (typically 2) and to increase the fault 
tolerance of the equipment. 
 
For mid-rate systems, standard Wide-Ultra 160 10k SCSI disks with standard controllers are 
proposed ; for low-rate systems, both SCSI and IDE disks can be used. In this case, the data can 
be stored on the system disk of the host computer. 
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OMNISAT HOST COMPUTER 
 
The OMNISAT Host Computer is a 4U height, 14-slot rack-mount COTS Industrial PC with 6.4" 
LCD display, built- in slim keyboard and Touch Pad drawer. The chassis is depicted in Figure 7 : 
Alcatel 9910 OMNISAT hardware. The PC’s backplane (PCI) hosts the processor board (an SBC 
- Single Board Computer) and the OMNISAT specific boards (HDRD, HDRM, DIFEP).  
 
 
 

 

Figure 7 : Alcatel 9910 OMNISAT hardware  

Up to 12 slots are available ; examples of full configurations are given below 
• XBDC (2 slots) + HDRD (2 slots) + DOB + HDRM (2 slots) + DIB + DIFEP  (2 slots), a 

complete receiving system for low cost configurations 
• 4 HDRD + 4 DOB, four channels in parallel 
• 2 DIFEP, two channels data ingest and front-end processing 
 
The Single Board Computer is equipped with a Pentium 4 processor, contains 1 Gbyte RAM and 
supports a 64-bit / 66 MHz PCI bus. An on-board Ultra-320 SCSI controller allows the use of 
high speed storage. Optionally an external SCSI RAID controller can be used, depending upon 
the required performance. The board also contains a dual 10/100/1000Base-T Ethernet, 
BCM5703/5704 controller (64-bit PCI-X). 
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The SBC operating system is Linux, with RTAI real-time extensions to support high-speed 
interaction with the OMNISAT specific hardware. The performance of the Linux operating 
system is both processing and cost efficient, and is well proven in other ABSp products. 

 

Figure 8 : Software architecture  

The Single Board Computer hosts the OMNISAT monitoring and control software, which is 
socket based. This Software architecture allows several monitoring clients and one control client 
to connect to the system (via TCP/IP) at the same time. Clients can run either locally or remotely. 
Examples of clients are the GUI (a local client), the operational control centre or the RS232 
interface. 
 
 

MONITORING & CONTROL 
 
The graphical user interface (GUI),  provides a user-friendly interface to the monitoring and 
control software. It can run locally on the equipment, or remotely via Ethernet / TCP/IP, on any 
Linux, Unix, or Windows platform. IEEE488 and RS232 data link for Monitoring & Control is 
provided as well. 
 
A scheduling function allows for the complete automation of system operations according to a 
spacecraft pass schedule over earth station. 
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CONCLUSIONS 

 
Thanks to its modular design, the Alcatel 9910 OMNISAT is the ideal receiving equipment for 
all earth observations stations.  
 
A variety of modulation/decoding schemes are supported, which allows for the reception of all 
types of signals ; additionally, the Alcatel 9910 OMNISAT is capable of handling the storage of 
the processed data stream.  
 
Thanks to its modular design, the OMNISAT product can target the low-end market segment by 
providing only a subset of its total functionality (e.g. only one demodulator function, converting a 
signal from IF frequency to a decoded bit stream), as well as the high-end market (a full-blown 
Alcatel 9910 OMNISAT, e.g. with conversion of a signal from RF frequency to a decoded bit 
stream, or multiple demodulators in one single unit). This makes the Alcatel 9910 OMNISAT 
product a very powerful solution for all data acquisition facilities. 
 
The Alcatel 9910 OMNISAT is compatible with 
 
• The existing OMNISAT equipment 
 
• The existing earth observation satellites  
 
• The future earth observation satellites 
 
and is field-upgradable for any mission after installation. 
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A NEW CLASS OF PRECISION UTC 
AND FREQUENCY REFERENCE USING 

IS-95 CDMA BASE STATION 
TRANSMISSIONS 

Bruce M. Penrod 
EndRun Technologies�

ABSTRACT 
 

A new class of precision timing and frequency reference is introduced that indirectly receives 
GPS timing and frequency information via TIA/EIA Standard IS-95 Code Division Multiple Ac-
cess (CDMA) mobile telecommunications base station transmissions.  Like cell phones, these 
products operate indoors without external antennas and provide accuracy, low cost and ease of 
installation.  The technology fits particularly well in IP network synchronization and quality-of-
service monitoring applications where rooftop antenna installation is often impossible.  The sali-
ent characteristics of the IS-95 CDMA signals that make them suitable for this purpose and a 
general CDMA timing receiver architecture are described.  Performance data versus similar ref-
erences that use conventional GPS reception are also presented. 
 
 

KEYWORDS 
 
IS-95 CDMA, indirect GPS, UTC, time dissemination, frequency control 

 
 

INTRODUCTION 
 
This year, products based on a new way of obtaining precision, UTC traceable time and fre-
quency will be on display in the exhibit area of the ITC 2004 meeting.  Though the exhibit area 
might be deeply buried within the hotel in a windowless room, these new products will receive 
GPS-derived, UTC-traceable time and frequency indoors, using cell phone antennas. 
 
Indirect GPS is arguably the best description for this new technology that has been made possible 
by the rapidly expanding, global deployment of IS-95 compliant mobile telecommunications sys-
tems.  Since IS-95 system time is by definition equal to GPS time [1], base stations operating in 
these systems act as repeaters of the GPS timing information they receive from the satellites in 
order to synchronize themselves. The spread-spectrum modulation scheme employed in IS-95 
systems has striking similarities to that of the GPS, and allows the underlying GPS time refer-
ence to be extracted from the base station transmissions with a high degree of precision.  This 
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new approach eliminates the cost and hassle of installing a rooftop antenna for timing users that 
are within range of one of these base stations. 
�
Why IS-95 Systems Are Synchronized to GPS Time   
Like the GPS, IS-95 is a spread-spectrum system that uses CDMA techniques to differentiate 
multiple, simultaneous users of the same frequency channel.  In the GPS, all of the satellites 
transmit simultaneously on the same frequency, but  each satellite uses a different pseudonoise 
(PN) spreading code to distinguish its transmissions from those of the other satellites.  In the IS-
95 system, all base stations transmit on the same frequency and they also transmit the same PN 
spreading code.  How does this work? 
 
Each base station transmits the code with a different time delay offset relative to the on-time 
code.  Since the base stations are not moving and the range of their coverage is intentionally very 
short, this relative time offset can be made large enough that a mobile unit could never be close 
enough to one base station, and far enough from another, that the codes received from the two 
base stations would line up and interfere with each other.  The typical light speed propagation 
delay from a base station to the edge of its coverage cell is about 10 microseconds.  In an IS-95 
system base stations transmit with code offsets that are multiples of about 50 microseconds, al-
lowing them to have a timekeeping error budget on the order of 10 microseconds and still main-
tain adequate separation from the PN codes transmitted from neighboring cells. 
 
It should be evident that each base station must have a way of knowing when to begin transmit-
ting its replica of the PN code relative to all of the other base stations in the system.  There really 
is only one globally available option for maintaining this level of synchronization.  For this rea-
son, the IS-95 standard defines CDMA system time to be GPS time and requires that base sta-
tions be synchronized to GPS time to less than 10 microseconds, even during periods of GPS sat-
ellite unavailability lasting up to 8 hours [2]. 
 
IS-95 systems takes advantage of this inherent level of synchronization to implement an efficient, 
soft hand-off call transfer strategy as the mobile user moves through the cells.  This feature is 
based on the ability of the mobile handset to calculate the correlator offset to the neighboring 
base stations with sufficient accuracy to allow a much abbreviated search when changing over.  
This results in many fewer dropped calls.  It turns out that dropped call statistics kept for each 
base station provide a key indicator of timing impairments in the CDMA system [3]. 
 
How IS-95 Systems Are Synchronized to GPS Time   
The timing and frequency signals transmitted by the typical IS-95 base station are sourced from 
either one or two high performance GPS timing receivers equipped with state-of-the-art disci-
plined oscillators.  Since it cannot be assumed that the typical base station will have a climate 
control system, the GPS timing receiver(s) at each base station is(are) equipped with either a ru-
bidium vapor local oscillator or an ultra-stable, ovenized quartz local oscillator with software 
temperature compensation.  Such elaborate means are needed to ensure that the base station will 
maintain the required timing accuracy during GPS signal outages.  During such outages, the base 
station timing must flywheel on the free-running stability of the local oscillator. 
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IS-95 SYSTEM OVERVIEW 
 
Figure 1 depicts the general architecture of an IS-95 CDMA network [4].  One or more base sta-
tions are connected via dedicated wire lines to a Mobile Telephone Switching Office (MTSO).  
The MTSO is responsible for coordinating the base stations that are connected to it and interfac-
ing their voice and data traffic to the Public Switched Telephone Network (PSTN).   The MTSO 
is also responsible for maintaining system time and monitoring the timing status of its connected 
base stations.  This function requires the co-location of at least one GPS time and frequency ref-
erence receiver.  Each base station must also independently maintain system time and frequency, 
so a co-located GPS time and frequency receiver is required at those locations as well. 

Figure 1 – CDMA Mobile Telecommunications System 
 
Worldwide, IS-95 CDMA cellular systems generally operate in two carrier frequency bands.  The 
original analog system, known as the Advanced Mobile Phone System (AMPS), occupies the 869 
to 894 MHz band, commonly referred to as the cellular band.  The largest CDMA provider using 
the AMPS cellular band is Verizon Wireless [5].  More recently, the Personal Communications 
System (PCS) was introduced, operating at 1930 to 1990 MHz—the PCS band.  U. S. Sprint is 
the largest CDMA provider using the PCS band.   
 
Due to more rapid signal attenuation at the PCS carrier frequency, PCS offers providers the abil-
ity to space the coverage cells more densely in heavily populated urban environments and thereby 
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handle more traffic.  However, the cellular carrier frequency offers better performance in terms 
of range and building penetration [4].  For the purpose of transferring time and frequency to sta-
tionary users inside of buildings or at the fringes of a coverage area, this is a definite advantage.  
 
In a mobile telecommunications system, transmissions from the base station to the mobile user 
are on the forward link.  Transmissions from the mobile user to the base station are on the re-
verse link.  As with the GPS, time and frequency transfer via the IS-95 CDMA technology is pas-
sive, or receive-only.  The precise time and frequency information is contained in the transmis-
sions on the forward link, and it is not necessary to handshake with, or be a subscriber in order to 
just listen to these transmissions.  Consequently, the reverse link will not be discussed here. 
 
Forward Link Structure 
Mobile telephones when first energized must receive and decode the system timing information 
on the forward link in order to initiate or receive calls.  The forward link is composed of multi-
ple, simultaneous channels.  Multiplexing is by a set of orthogonal covering codes that bi-phase 
modulate the data stream in each channel priot to PN code spreading.  These covering codes are 
chosen from a set of order 64 Walsh functions.  The channels consist of the pilot channel, sync 
channel, up to 7 paging channels and up to 55 traffic channels. 
 
Rejection of narrowband signal interference as well as neighboring base station interference is 
via direct-sequence, PN code bi-phase modulation.  The Walsh-covered channel data is spread 
with two different PN codes designated I and Q.  The resulting pair of bit streams are used to 
modulate the I (cosine) and Q (sine) radio frequency (RF) carriers to generate a form of quater-
nary phase-shift keying (QPSK). The PN codes are 215 chips long, and the chipping rate is 1.2288 
Mcps, so the code repeats every 26.666… milliseconds.  Isolation between base stations is ac-
complished by assigning each a PN code offset that is a multiple of 64 chips, which equates to 
multiples of 52.0833… microseconds.  512 such offsets span the full length of the PN code. 
 
For time and frequency transfer, only two of the channels must be demodulated.  Figure 2 shows 
the details of the generation of the pilot and sync channels at the base station.  The pilot channel 
is broadcast at the highest power level of the forward link channels and is unique in that its data 
is all zeros.  Since the pilot data is constant, the receiver’s initial PN correlation search may use 
longer integration times to bring the signal up out of the noise.  After pilot phase lock has been 
accomplished, it provides the reference phase for coherent demodulation of the remaining data 
channels. 
�

Sync channel data is a fixed-length message sent at 1200 bits per second (bps) that the receiver 
uses to establish GPS, UTC and local time.  Prior to transmission it is convolutionally encoded 
using a rate ½, constraint length 9 encoder, effectively creating two symbols for each bit of data 
to allow error correction at the receiver.  Each symbol is then repeated once, and a block of 128 
of these is interleaved to provide temporal diversity for burst error mitigation.  This block of 
symbols is transmitted at 4800 bps as a frame with each frame being aligned with, and having the 
duration of, one repetition of the PN code.  Three contiguous frames compose a superframe.   
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Figure 2 – Pilot and Sync Channel Signal Structure 
 
The time-of-day information contained in the message is valid four superframes after the end of 
the last superframe containing the message.  Since each base station transmits its PN code with 
an offset delay relative to the zero offset PN code, the PN code offset of the specific base station 
is also contained in the sync channel message so that this fixed delay can be corrected. 
 
The waveforms that compose the transmitted forward link signal are coherent with the co-located 
GPS time and frequency reference.  The PN codes, Walsh functions, frames and superframes all 
began synchronously with second 0 of GPS time, and are again aligned with every even GPS 
second thereafter, except that superframes are coincident only every third even second [1].  Dur-
ing normal operation, this even second alignment to GPS time is at the 1 microsecond level [2].  
Although the IS-95 standard does not require base station RF carrier frequency control to better 
than 5 x 10-8 [2], in practice they are precisely phase locked to the GPS reference frequency. 

 
 

IS-95 CDMA SIGNAL RECEPTION 
 
Figure 3 depicts the general architecture of a receiver specifically designed to demodulate and 
recover the underlying precision time and frequency signals present in the forward link transmis-
sions of an IS-95 CDMA network. 
 
Front End 
The desired signal band is pre-selected using a surface acoustic wave (SAW) filter appropriate 
for the particular system carrier frequency.  Following pre-selection filtering, the signal is ampli-
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fied with automatic gain control due to the wide dynamic range of the received signals.  The sig-
nal is then downconverted in quadrature to a low intermediate frequency (IF) suitable for digitiz-
ing with high speed analog-to-digital converters.  Prior to digitizing, the I and Q signals are 
bandpass filtered to match the IS-95 bandwidth of 1.25 MHz. 

Figure 3 – CDMA Time and Frequency Receiver 
 
Frequency Plan 
The receiver operates with a 10 MHz reference oscillator.  Signals required for IS-95 demodula-
tion are synthesized from this reference.  Since the clocking frequencies needed for digital signal 
processing (DSP) of the IS-95 signal are not direct divisions of 10 MHz, a DSP reference fre-
quency is synthesized via a separate crystal oscillator phase locked loop (PLL).  This DSP refer-
ence oscillator frequency is divided as needed in the DSP field programmable gate array 
(DSPFPGA) to perform the final downconversion and baseband processing.  It also provides the 
reference for the 1st local oscillator (LO) RF PLL synthesizer. 
 
Digital Signal Processing 
The DSPFPGA performs high speed multiply-and-accumulate (MAC) arithmetic for the final 
conversion to baseband of the digitized I and Q signals.  It synthesizes I and Q replica waveforms 
by modulo-2 additions of the various divisions of the DSP reference frequency, and generates the 
I and Q PN codes via linear feedback shift registers (LFSR).  The I and Q PN codes then spread 
the replica waveforms, which are then multiplied with the received signal and accumulated for 
some integer number of symbol intervals.  These accumulations are then passed to the microcon-
troller for interpretation. 
 
The high-performance microcontroller receives the raw baseband data from the DSPFPGA and 
controls the stepping of the phase of the DSPFPGA correlators to implement the pilot channel 
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PN code search.  After pilot detection, the early-late correlator powers are used to phase-step the 
correlator so as to maintain PN code phase lock.  While PN code locking, the I and Q correlator 
sums are used to phase adjust the DSPFPGA-generated 2nd LO so as to align it with the pilot car-
rier phase.  These code and carrier phase corrections are used to implement an outer PLL using 
the digital-to-analog converter to phase lock the 10 MHz reference oscillator to the received sig-
nal.  This approach optimizes the short term stability of the time and frequency outputs of the 
receiver by taking advantage of the higher resolution and lower noise characteristics of the carrier 
phase measurements to smooth the code phase measurements. 
 
Sync Channel Data Decode and Timekeeping 
Once pilot code and carrier phase lock has been attained, the sync channel correlator sums con-
tain symbol data.  The microcontroller de-interleaves these and processes them using a Viterbi 
decoder to recover the transmitted sync channel data.  Real time is maintained in the microcon-
troller using the DSPFPGA-generated 1 kHz interrupt that is coherent with the 10 MHz reference 
oscillator.  The location of the superframe boundaries relative to the 1 kHz interrupt is measured 
in the DSPFPGA.  After successful data decode, as validated by the CRC, the microcontroller 
commands the DSPFPGA to synchronize the 1 kHz interrupt to the appropriate superframe 
boundary, advanced by the decoded base station PN offset.  During the millisecond prior to the 
next second, the DSPFPGA is commanded to output the 1PPS synchronous with the next milli-
second.  After the intial synchronization of the 1PPS, all phase alignment is maintained via fre-
quency control of the 10 MHz oscillator, so that the outputs have very low phase jitter. 

 
 

PERFORMANCE CHARACTERISTICS 
 
Spread spectrum systems are ideal for high precision time transfer, so the performance of the de-
scribed CDMA receiver in terms of its precision and short term stability is very similar to that of 
a well designed GPS receiver.  Since the CDMA time scale is in fact phase locked to the GPS 
time scale, the long term frequency accuracy and stability of the technology is essentially equal to 
that of GPS.  Its limitations are in its absolute time accuracy and medium term frequency stabil-
ity.  The limitations are due to several factors which are discussed in decreasing order of magni-
tude. 
 
Propagation Delay 
Depending upon the density of the cells in an area, which is generally a function of the expected 
number of simultaneous users and/or the density of signal-obstructing buildings, the time transfer 
uncertainty due to propagation delay ranges from less than 5 microseconds (urban, dense) to as 
much as 25 microseconds (suburban, sparse).  Since it is always present and has the largest po-
tential variation, this is the dominant factor in limiting the absolute time accuracy.  Since both the 
base station and the receiver are stationary, it has no affect on the stability or absolute accuracy of 
the frequency that is transferred. 
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IS-95 Timing System Requirements 
The system is not intended to disseminate time to a level of accuracy beyond the stated require-
ments of the IS-95 standard, or 10 microseconds.  Though the equipment that is being used to 
maintain that level of accuracy is normally much better than that [2], service providers have no 
responsibility or motivation to ensure any higher level of accuracy continuously.  Although an 
alarm is generated immediately when a base station GPS receiver is operating in flywheel mode, 
it does not necessarily cause the base station to be turned off, and the system does not provide an 
indication of the GPS timing status in the forward link data. 
 
A visit to the base station by a technician might not occur until the base station experiences a sta-
tistically significant upturn in its dropped calls [3].  Service providers are motivated to maintain 
an acceptable level of service, and dropped calls represent loss of revenue.  The 10 microsecond 
timing sub-system error budget allows flywheel operation to continue without interruption of 
service while the severity of the problem is being evaluated.  
 
What this means to time and frequency dissemination over the IS-95 airwaves is that a very 
small, but not negligible, probability exists that the time being transferred is from a high stability 
oscillator that has been free-running for some fraction of a day.  This is the dominant factor limit-
ing the medium term stability of the realized time and frequency transfer. 
 
Base Station Switching 
From time to time, base stations are taken down for various reasons.  When this occurs, the sig-
nals from neighboring base stations become receivable and the receiver will begin to track the 
strongest one of those.  Due to the change in propagation delay from the new base station, this 
switchover can cause a step transition in the timing output.  Depending upon the drift rate of the 
local oscillator in the CDMA receiver,  a transient in the frequency output can occur while it is 
being brought back on frequency.  The frequency transient can be controlled by using a higher 
stability local oscillator, just as is done in conventional direct GPS receivers. 
 
Multipath 
Due to its specific utility as an indoor antenna alternative to rooftop antenna direct GPS, multi-
path effects are significantly greater than they are with rooftop mounted GPS antennas that have 
clear visibility to the horizon.  Rearrangement of the furniture or relatively small movements of 
the antenna can, by altering the strength of the direct signal relative to a long delayed reflection, 
cause larger timing variations than might be expected.  In urban canyon installations of direct 
GPS, where only one or two satellites may be visible and there are multiple signal paths due to 
reflections off of taller adjacent buildings, similar instabilities are seen as the satellites move 
across the sky. 
 
Due to the correlation properties of the CDMA PN codes, timing shifts due to variations in the 
multipath reflections inside of a building are bounded by the width of a PN code chip to about 
800 nanoseconds.  In most situations, multipath induced instabilities are secondary in magnitude 
to those that could arise from GPS flywheeling intervals at the local base station, but multipath 
phenomena will be experienced more often and by more users. 



 
 

 
 

9

PERFORMANCE DATA 
 
Figures 4-6 represent data gathered during November 14 – 24 of  2001 at the EndRun Technolo-
gies facility in downtown Santa Rosa, CA.  The reference for the time interval measurements was 
a high performance GPS timing receiver disciplining a rubidium local oscillator, with rooftop 
mounted antenna, tracking a full constellation of satellites.  The phase residuals of the digital 
phase lock loop controlling the rubidium oscillator were continuously monitored during the data 
logging.  Figure 4 shows these residuals plotted along with ambient temperature.  With SA being 
off, the phase error was maintained at less than 10 nanoseconds, with the measurements exhibit-
ing a peak time deviation (TDEV) of less than 3 nanoseconds. 
 
The cellular band CDMA receiver was equipped with a miniature, dual-inline packaged (DIP) 
oven controlled crystal oscillator (OCXO). This OCXO exhibits a temperature stability of about 
2 x 10-9/°C and a short term stability of about 2 x 10-10 at one second.  The antenna was a ¼ wave 
monopole with magnetic base attached upside down to the metal framework that supports the 
acoustic tiles in the suspended ceiling.  This is a recommended configuration as it places the an-
tenna above most obstructions inside of a typical room and provides some ground plane.  

Figure 4 – GPS Disciplined Rubidium Residuals Nov. 14-24, 2001 
 
Figure 5 shows the time interval measurements of the CDMA 1PPS versus the direct GPS 1PPS 
plotted along with the ambient temperature.  Data was collected at 10 second intervals and the 
plot was smoothed over ten samples.  The propagation delay is about 2.5 microseconds.  The 
peak-to-peak phase “wander” of about 600 nanoseconds, not diurnal in nature, seems to be typi-
cal of this base station, the timing sub-system of which is believed to have been supplied by Lu-
cent [5]. 
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Figure 5 - CDMA 1PPS vs GPS 1PPS Phase Nov. 14-24, 2001 
 
Figure 6 shows the Allan deviation of these time interval measurements, again with 10 sample 
smoothing applied.  The short term stability is similar to that of a conventional direct GPS re-
ceiver with an equivalent oscillator, while the longer term stability is degraded relative to direct 
GPS due to the characteristics of this particular base station.  It is not known if this performance 
is typical of Lucent supplied equipment.  

Figure 6 – CDMA 1PPS vs GPS 1PPS Allan Deviation Nov. 14-24, 2001 
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Figure 7 – CDMA Receiver TCXO 10 MHz Phase vs UTC(NIST) September 2001 
 
Figure 7 was provided by Michael Lombardi of the National Institute of Standards and Technol-
ogy (NIST) in Boulder, CO [6].  It shows data collected over the month of September 2001 on 
one of these CDMA receivers equipped with the standard temperature compensated crystal oscil-
lator (TCXO).  The 10 MHz output was divided down to 1PPS and compared against the UTC 
(NIST) timescale.  As such it provides information only about the frequency accuracy and stabil-
ity of the received CDMA signal. 
 
Status logging was not performed during the logging period, so the exact cause of the phase steps 
is not known.  They could be either from base station switching or short signal outages, during 
which the 10 MHz TCXO frequency would accumulate phase error fairly quickly.  Since, the 
CDMA receiver algorithms currently do not attempt to maintain strict coherence between the 
phase of the 10 MHz output and the 1PPS output following periods of signal outage, these accu-
mulated phase errors would persist exactly as shown by Figure 7.  Phase shifts of the magnitudes 
shown in Figure 7 would not be seen with higher stability disciplined oscillators. 
 
Of particular interest in this data is the much better phase stability during the long, continuous 
tracking intervals.  The deviation appears to be diurnal with about 100 nanoseconds of peak-to-
peak movement.  It is believed that the timing sub-system for this base station was provided by 
Motorola [5].  It is not known if this performance is typical of Motorola-supplied GPS timing 
sub-systems. 
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CONCLUSIONS 
 
A new technology has been introduced that offers a promising alternative for terrestrial based 
time and frequency dissemination using modern wireless techniques.  CDMA mobile telecom-
munications background information, including system standards and signal characteristics, and a 
timing and frequency optimized CDMA receiver architecture have been presented.  Performance 
limitations have been discussed, and long term data taken by two independent sources in two 
geographically remote locations has been presented.  These indicate the reliability, and perform-
ance capabilities of the new technology.  The economic and practical advantages of indoor opera-
tion are gained with a marginal tradeoff in absolute timing accuracy relative to conventional, di-
rect GPS.    
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ABSTRACT 
 
Reliable System Services Corporation (RSS Corp.) presents the feasibility of a low cost, low power, 
high capacity, robust RF Communications Network using SATCOM and UAV relays.  The 
developed architecture will be suitable for OTH Large Area Test and Training exercises as well as 
applications for OTH Digital Battlefield scenarios.  A specific application is shown for the planned 
Littoral Combat Ship (LCS) missions, although the developed architecture will have broader 
applications for any surface combatant requiring an Over-the-Horizon (OTH) data link to distributed 
players and sensors.  A conceptual design for the IP network radio system will implement RSS Corp. 
developed secure IRIDIUM global full duplex data links and Harris Corp. developed long range high 
bandwidth 802.11 full duplex data links. 
 
The results will be significant, and the developed system could be a cornerstone of the future digital 
battlefield combat communications architecture.  The developed technology will also have 
significant use in any application for Test, Evaluation and Training Ranges requiring net centric, 
command/control and wide bandwidth TLM data collection from distributed remote players and 
sensors. 
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802.11, Command and Control, Data Collection, IRIDIUM, Communications Relay System 
 

INTRODUCTION/BACKGROUND 
 

Many advanced sensing devices are being utilized in a wide array of data collection platforms 
including maturing surface and underwater autonomous vehicles.  The volume of data from the 
sensor suites on these platforms is increasing significantly.  The data is usually required to be 
disseminated, processed and displayed to the user within a very short time frame, depending upon 
mission requirements.  The platform might require remote command and control (C2) for new 
mission plans, the reconfiguration of a sensor’s parameters or direct vehicle control.  A need exists 
for exfiltrating large amounts of data and providing C2 to the sensor in near real time.  There are 
inherent data throughput limitations with today’s existing communication systems, but through 
advancements in commercial wireless technology solutions exist for high data rate networked data 
links. 



 
 

 
Reliable System Services Corporation (RSS Corp.) is under contract for a study/development 
program to analyze, develop and demonstrate the feasibility of a low cost, low power, high capacity, 
robust RF communications network using UAV relays.  The developed architecture will be suitable 
for use in a Navy tactical environment.  A specific application would be for the planned Littoral 
Combat Ship (LCS) missions, although the developed architecture will have broader applications for 
any surface combatant, test range or training range requiring an Over-the-Horizon (OTH) data link 
to distributed sensors and platforms.  A conceptual design for the IP network RF Data Link System 
will be developed, and an optional early demonstration will be performed as a bridge to more 
extensive development, testing and demonstration.  Throughout this paper, the System will be 
referred to as the Communications Relay System (CRS). 
 
A prototypical example to illustrate the applicability of the CRS System Architecture is the Littoral 
Combat Ship (LCS).  The LCS will be a focused mission ship, and deliver mission capabilities for 
enhanced mine warfare, improved shallow-water ASW, and an effective counter to small craft.  
Additional missions include Maritime Interdiction Operations (MIO) and Intelligence, Surveillance, 
and Reconnaissance (ISR).  
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 1 Communications Relay System (CRS) Architecture 
 
Figure 1 illustrates a possible CRS architecture, using the LCS mission as an example.  The figure 
shows the LCS with an Advanced Detection System (ADS), a SPARTAN Unmanned Surface 
vehicle (USV), Remote Minehunting System (RMS) Unmanned Undersea Vehicle (UUV) and an 
airborne sensor.  A variety of deployed surface, ground or air sensors could be included as well.  The 
basic problem addressed by the CRS architecture is how to communicate among this diverse set of 
vehicles and sensors.  The deployed vehicles will not necessarily be within LOS (Line of Sight) of 
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the LCS.  Thus, an Over-the-Horizon (OTH) communications network is required.  Optimally, a 
satellite solution would be employed to provide this capability.  Regretfully, operational and 
technical constraints preclude their use for wider-bandwidth sensor data, but could be used for lower 
rate C2.  As shown in the figure, a VTUAV (Vertical Takeoff Unmanned Airborne Vehicle), the 
FireScout, is shown to be acting as a surrogate satellite; ie, to relay sensor and C2 data between the 
LCS and deployed sensors and vehicles.  A Tactical Common Data Link (TCDL) is included for 
primary UAV control.  Multiple UAV relays could be employed in this architecture to either 
increase range or capacity.  A satellite relay (IRIDIUM) is also included as a potential backup 
LOS/OTH C2 mechanism.  
 

CANDIDATE TECHNOLOGIES 
 
802.11 (x) technology is a prime candidate for the CRS. The unique points of 802.11 include the 
ability to support multiple data rates from 6 to 54 Mbps utilizing a variety of modulation techniques, 
the use of convolutional error detection and correction, and the application of Orthogonal Frequency 
Division Multiplexing (OFDM). 
 
The OFDM system provides data payload communication capabilities of 6, 9, 12, 18, 24, 36, 48, and 
54 Mbps.  Reducing the amount of Forward Error Correction (FEC) increases this data rate to 72 
Mbps.  The occupied bandwidth of the signal is 16.6 MHz, regardless of data rate.  This results in a 
>3 bits per Hertz occupancy factor at 54 Mbps.  The system uses 52 subcarriers that are modulated 
using binary or quadrature phase shift keying (BPSK/QPSK), 16-quadrature amplitude modulation 
(QAM), or 64-QAM. Forward error correction coding (convolutional coding) is used with a coding 
rate of 1/2, 2/3, or 3/4.  The OFDM symbol duration is 4 microseconds, regardless of data rate.  A 
guard interval of 0.8 microseconds for multipath rejection exists.  The waveform is coincidentally 
well matched to the expected ocean environment (for multipath rejection) when using low-height 
sensor antennas. 
 
A key feature of the 802.11(a) implementation suggested in the 802.11(a) specification is the use of 
an inverse- FFT to generate complex waveform data, which is subsequently modulated onto a carrier 
and amplified.  The precise, and deterministic, nature of the waveform generation process allows for 
tightly packing the carriers by placing each carrier in the null of an adjacent carrier’s spectrum.  At 
the receiver, an equivalent technique is used (FFT) to extract phase and amplitude information.  
Vendor implementations typically partition the transceiver into two integrated circuits: The first, an 
RF front end, which contains a bi-directional amplifier unit (LNA, power amplifier), RF to IF 
Converter, and coherent (IQ) detector;  and a second integrated circuit, the baseband processor, 
containing the A/D converters and signal processing software (AFC, FFT, coding, 
interleaving/mapping, wave shaping, filtering). 
 
Wireless networks operate either in ad-hoc (aka Independent Basic Service Set, IBSS) or 
infrastructure (aka Basic Service Set, BSS) configurations. In an ad-hoc topology, total cross 
connectivity is achieved, but at an expense of network bandwidth (effective data throughputs).  The 
Infrastructure topology is more conducive toward point-to-point operation, but limits the 
“interactivity” of the network.  The disciplined nature of the Infrastructure topology, however, 
provides excellent control of remote data sources and maximizes data throughput, and is the 
preferred architecture for ocean sensor applications. 



 
 

 
A summary of the benefits of the 802.11(a) solution, adapted for tactical application, is provided 
below. 

 Open Systems, Network-based Architecture 
• Provides net-centric operation in military frequency bands 
• Compatible with standard addressing, e.g., IP addressing and network topologies 

 High capacity bi-directional half-duplex bandwidth 
• Up to 54 Mbps transport rates at short ranges 
• Effective transports rates of 6 to 8 Mbps at long range (50 to 100 nautical miles) 
• Can autonomously adjust to max supportable data rate per link conditions 

 Standard networking interfaces 
• Standard Ethernet-based physical device interfaces 
• Flexible message protocol capabilities via firmware modification 

 Robust data/messaging capabilities 
• Data Packet structure with guaranteed ARQ delivery  
• Advanced OFDM waveform with convolutional coding and scrambling 
• Multiple levels of CRC data protection and integrated encryption 

 Coupled to COTS 802.11x evolution/standard products 
• COTS product evolution driven by commercial market 
• Highly integrated solutions 
• Low cost, low power device technology 

 
CONCEPTUAL SYSTEM DESIGN 

 
The use of wireless technology, whether 802.11 or other wireless standard, in the ocean environment 
is attractive from a number of viewpoints.  The system designer must address numerous design 
issues, however, to produce an effective data link product.  These system design issues include 
environmental conditions, effective data throughputs, protocol considerations, COMSEC 
considerations, link performance and hardware (terminal and antenna) considerations.  These items, 
summarized below, will be considered as part of the CRS Conceptual design, after completion of 
GOTS/COTS Device Assessment. Significant analysis, modeling and test have been performed by 
RSS Corp. and Harris Corp. with regard to these factors, and will be utilized in the design.  It is not 
our intent to repeat analysis which has been completed to date.  Rather, we will draw from the results 
of applicable analysis and apply those results to the CRS design analysis. 
 
Based on the results of the system analysis, a conceptual CRS design will be created and 
performance predictions for the CRS will be generated. 
 

ENVIRONMENTAL CONSIDERATIONS IN THE DESIGN OF THE CRS 
 
One of the limiting factors of performance is the environment in which the communication system is 
operating.  RF communications at the ocean surface provide an interesting and complex set of 
requirements for designing links.  Three of the greatest concerns are multipath (also a problem in 
office environments), the effects of wave occlusion which cause periodic dropout, and the 
assessment of over water path loss, which may vary significantly from conventional LOS path loss 



 
 

models.  These provide obstacles that increase the level of difficulty of the RF link, but can be 
understood through initial modeling, analysis and testing, and overcome by proper system design. 
 

MULTIPATH EFFECTS 
 
Scattering and reflection of RF signals by the ocean surface causes multipath propagation between 
the data collection platform and the surface sensor, resulting in signal fading.  The effects of 
multipath are exacerbated by low elevation angles between the sensor and receiver, and by the use of 
low-gain omnidirectional antennas, both common elements in typical distributed sensor applications.  
Characterization of multipath fading is needed to support link performance predictions.  A suitable 
model for multipath fading in an ocean environment has been identified for use in characterizing 
over-the-water links, and a computer simulation based on the model has been used as an aid to link 
and protocol performance assessment. 
 
A Matlab Monte Carlo simulation was performed to generate time sequences of signal envelope 
values and estimate statistical distributions of fade depth, durations of fade outages below a specified 
threshold and durations of non-outage intervals above the threshold.  Results obtained from the 
multipath simulation were used to select the fade margin value that will be used in RF link budget 
calculations and to account for fading in link protocol analysis.  
 
A fade threshold of –4.5 dB was used to evaluate fade interval statistics.  The plot on the left of 
Figure 2 shows a 60-sec record of received power in the simulated fading signal.  The plot on the 
right shows a cumulative probability distribution (CDF) derived from simulation runs of much 
longer duration.  Observe that the signal fades below the –4.5 dB threshold about 10 percent of the 
time.  This implies that 4.5 dB of fade margin would make the link 90 percent available against 
multipath fading.  The simulations showed that mean duration of intervals above the –4.5 dB 
threshold is 3 sec and mean duration of outages below the threshold is 0.3 sec. 
 
Based on this, the link protocol would have to accept degraded data packets 10% of the time.  This 
does not imply lost data; rather, it implies that an ARQ protocol with retransmission of missed 
packets is necessary. 

 
Figure 2  Simulation Results indicated the use of a 4.5 dB Fade Margin in Calculating 
Link Performance 
 
 



 
 

WAVE OCCLUSION EFFECTS 
 
At low elevation angles there is potential for wave action to block the direct RF line-of-sight path 
between the sensor antenna and the UAV relay.  Blockage durations, intervals between blockages 
and probability of blockage all affect the design and performance of the communication link.  A 
Harris developed computer program, based on the accepted Pierson-Moskowitz wave spectrum, was 
used to simulate the ocean surface and quantify blockage statistics.  This program collected statistics 
of blockage duration and intervals between blockage events under a variety of antenna height, RF 
path elevation and sea state conditions.   
 
Using the described ocean surface model, statistics were generated for a number of elevation, 
antenna height and wind speed conditions.  These statistics can be used to evaluate alternative link 
protocols in the presence of wave blockage.  Figure 3 provides examples of the probability 
distributions that resulted from the wave blockage simulation.   
 
The left portion of the figure shows the probability distribution of blockage time for a 3 degree 
elevation angle at Sea State 6, with a 1 ft antenna height.  As shown in the figure, an average 
blocking duration of 1.7 seconds can be expected under the assumed conditions.  95% of the 
blockages are expected to be less than 3.7 seconds in duration. 
 
The right portion of the figure shows the statistics of the non-blocked intervals.  Referring to the 
figure, the average non-blocked interval is 5.4 seconds. 95% of the non-blocked intervals exceed 1.7 
seconds. 
 
Results of the completed wave occlusion simulation will be used to predict the performance (data 
throughputs, latencies, data quality) of the selected CRS architecture.  The results also suggest a high 
rate burst-data link to transport data within the non-blocked intervals. 
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Figure 3  Expected Wave Occlusion (3 deg. look angle, 1 ft antenna height, SS6) 

 
LINK PERFORMANCE 

 
A link budget spreadsheet exists to assist in computing a carrier-to-noise performance metric (C/kT) 
as a function of path loss, transmitter power, antenna gains, multipath effects, and receiver 
sensitivities. The spreadsheet does not compute free-space propagation loss.  Instead, an external 



 
 

propagation model was used to generate loss data that was transferred to the spreadsheet for the 
remaining link budget calculations.   
 
The propagation model is the Advanced Refractive Effects Prediction System (AREPS). AREPS is 
an operational planning aid developed by SPAWAR and currently in use in the Navy.  AREPS 
models many of the factors that affect radiowave propagation in the maritime environment, 
including atmospheric refraction and surface reflections.  For the purposes of performance 
predictions, only standard or normal atmospheric conditions were modeled.  In other words, 
propagation anomalies such as ducting were not considered.  Specular reflections from the ocean 
surface play an important role in RF link performance and were addressed using AREPS. 
 
An example of the influence of surface reflections on propagation loss appears in the left-portion of 
Figure 4.  This figure plots 2 GHz propagation loss as a function of range under calm sea conditions 
(wind speed = 0), and reflects a sensor (eg: surfaced AUV) to aircraft link.  In this situation, the 
surface is smooth and the reflections are specular in nature.  The sensor antenna is 1 ft above the 
surface, and circular polarization is employed.  The solid curves correspond to aircraft altitudes from 
10,000 to 50,000 feet.  The dashed curve is free space loss at 2 GHz.  Because of surface reflections, 
propagation loss can be more or less than free space loss, depending on whether the reflected signal 
adds to the direct signal in a constructive or destructive phase.  Thus, link calculations based on free 
space propagation loss can be deceiving. 
 
As a further example of the limitations of free space analysis, consider the right-portion of Figure 4 
which compares propagation loss at 1 GHz and 2 GHz, again for calm sea conditions.  Free space 
analysis would conclude that propagation loss at 1 GHz is uniformly 6 dB less than it is at 2 GHz.  
This is far from true in the presence of surface reflections, as the figure indicates.  For the conditions 
shown, propagation loss at 1 GHz is less that at 2 GHz but not always by 6 dB.  In fact, at extreme 
ranges, corresponding to very low elevation angles, the loss difference is only about 1 dB.  This 
behavior results because at 1 GHz the sensor antenna is closer to the surface in terms of wavelengths 
which exacerbates the effect of the grazing reflection at low elevation angles. 
 
The link budget spreadsheet and AREPS tools will be used to assist in the CRS design, and to 
predict CRS performance. 
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Figure 4  Examples of the AREPS Tool as an Aid in Link Analysis 

 



 
 

DATA QUALITY 
 
Conventional link design (for example, SATCOM) assumes a line-of-site path between transmitter 
and receiver.  The link is then designed by manipulating parameters so that the link may be “closed”, 
with some acceptable Bit Error Rate (BER) performance.  
 
This classic approach is unacceptable in an ocean environment when receiving data from 
disadvantaged terminals (sensors) transmitting at low elevation angles. Under these conditions, path 
blockage is an expected event, and loss of data is guaranteed unless overcome by system design.  
 
COTS wireless networks, such as 802.11, use a packet-based Automatic Repeat Request (ARQ) 
protocol.  An ARQ protocol ensures that all data packets are delivered, by issuing an 
acknowledgement for each packet transmitted.  Packets missed because of wave blockage, or other 
phenomena, are retransmitted.  These networks operate with the full expectation of missed packets 
and subsequent retransmissions.  Receiver sensitivities, for example, are typically specified for a 
given Packet Error Rate (PER) level of performance. 
 
The receiver’s evaluation of whether a packet is “good” or “bad” depends on the method of packet 
checking. For example, most COTS wireless networks use an ISO and IEEE recommended 32-bit 
Cyclic Redundancy Check (CRC) character to confirm the quality of a received packet.  The same 
CRC is used as the CRC Frame Check Sequence (FCS) for basic Ethernet, and is employed on 
virtually every network in the world. Thus, in spite of wave blockage, we can be assured of data 
delivery. 
 
Not unexpectedly, there is a price to be paid for “guaranteed” data delivery.  The price can be 
described in terms of a decrease in effective data throughput, since the packet retransmissions 
consume bandwidth. 
 

DATA THROUGHPUT AND PROTOCOL CONSIDERATIONS 
 
Typical throughputs for COTS wireless systems in a network configuration average less than 50% of 
available bandwidth, and could be significantly lower in an ocean environment.  Research activities 
conducted by Harris Corp. sought to quantify the sources of overhead, and to reduce overhead 
quantity by protocol selection, parameter adjustment and, if necessary, modification to protocol 
software. 
 
Overhead can be attributed to four sources: Range delays, protocol overhead, data overhead and 
channel effects. 
Range delays. Significant overhead can be attributed to radio wave propagation (range).  For 
example, the delay time for 100 nautical miles (one way) is greater than 615 microseconds. ARQ 
protocols using small packets, and a single acknowledgement per packet, can operate at extremely 
low efficiencies just by virtue of “waiting” (effective dead time) for acknowledgements.  For 
example, assuming a  54 Mbps data rate,  1024 byte packet size and a 50 nmi range results in an 
effective data throughput of only  10.6 mps---an effective overhead rate of >80%. 
 



 
 

This effect can be mitigated by implementing a selective packet acknowledgement, which does not 
require a single ACK per packet.  The design can be implemented without modifying lower layer 
software, and reduces the range-related overhead to a negligible quantity. 
 
Protocol overhead. This is defined as the overhead associated with station interaction.  Handshaking, 
training sequences and guard intervals are components of this overhead element.  The “standard” 
protocol stack used for COTS wireless networks typically consists of the an Application Layer 
(custom), Transmission Control Protocol (TCP) Transport Layer, Internet Protocol (IP) Network 
layer, Data Link Layer (Media Access Control (MAC) & Logical Link Control (LLC)) and Physical 
Layer.  
 
TCP is designed for the world of routers, switches and hubs. It is optimized for missed packets and 
delayed packets due to congestion. As such, mechanisms exist to “back off” transmission rates when 
congestion (delayed packets) are identified. Significant hand-shaking activities occur as a normal 
part of operations. TCP is not optimum when designing a point-to-point data link (our case), with 
packets lost not due to congestion or traffic conditions, but to inadequate SNR or occlusion. TCP 
offers no advantages in such a situation, and is a significant liability in terms of protocol overhead.  
 
An alternative to TCP is UDP (User Datagram Protocol). UDP is a part of the Internet suite of 
protocols, and is used when the high reliability of TCP is not required, or when the high TCP 
overhead cannot be tolerated. UDP can be used to generate small data packets (data grams) for 
subsequent transmission by the Data Link and Physical layers.  
 
The use of UDP/IP for CRS is a reasonable compromise solution. Protocol overhead is significantly 
reduced, and data overhead remains relatively low. For example, the use of UDP/IP requires 28 
bytes per datagram of “byte” overhead, but this represents only 1% overhead for a 2000 byte packet.  
 
Development effort is significantly minimized using UDP/IP (vs a custom design, for example), 
since software interfaces to UDP/IP are common and well understood.  
 
UDP/IP also contains a “built in” addressing capability (IP addressing) which supports a net-centric 
architecture. 
 
Data overhead, or ‘byte growth’. This is the overhead associated with propagating a data packet 
through multiple layers of protocol. Each layer adds header, trailer and/or error checking overhead. 
This data-overhead element is much lower than the previously described protocol overhead. For 
example, assuming a 2000 byte packet, a 100 byte overhead would consume 5% of available 
bandwidth---a significant amount, but much less than the 50% potential loss due to protocol 
overhead.  
 
Channel effects. Multipath and wave occlusion, as described in previous paragraphs, can reduce 
effective data throughput.  Mitigation of multipath is a system tradeoff between adding margin 
(transmitter power or antenna gain) vs accepting an increased PER (effective decrease in data 
throughput). Mitigation of wave occlusion is a tradeoff between antenna heights (elevation angle), 
acceptable PER performance (data throughput) and desired operating condition (Sea State). 
 



 
 

COMSEC (ENCRYPTION) AND TRANSEC (LPI/LPD) CONSIDERATIONS 
 
A part of the CRS encryption analysis is the determination of specific requirements consistent with 
the CRS mission. Requirements will be established through coordination with the Sponsor.   
 
The most recent and most applicable implementation developed at Harris is the SecNet11 Type-1 
Enabled Wireless LAN card.  This design is implemented as a Type II Extended PCMCIA Card.  
The design is RF and waveform-compliant with the IEEE 802.11(b) requirements. 
 
Harris developed the SecNet11 design using COTS 802.11(b) (11 Mbps) designs and the Sierra 
encryption chip, which was also developed at Harris.  The second-generation Sierra device, the 
Sierra II module, is the first device chosen to be used in the JTRS radio systems. It is in use in 
Cluster 1 in the developing US Army JTRS applications.  The Harris Sierra development group is 
currently working toward Cluster 3, currently being defined in concert with SPAWAR for maritime 
applications.  In parallel with these developments, Harris is in the process of developing an 
802.11(g) version of SecNet11, called SecNet54 (54 Mbps), which incorporates the Sierra II 
encryption device.  In comparison to the Sierra I and also the similar competitive solutions, Sierra II 
supports more encryption algorithms and much higher data rates, takes less space, and uses less 
power.   
 
The COTS wireless waveforms also have an inherent degree of processing gain, or anti-jam 
protection, which was included in the standards in order to make the waveforms robust in the 
presence of other signals commonly present in office and home environments, such as cordless 
telephones. 
 

HARDWARE CONSIDERATIONS 
 
Hardware size, weight and power will be important factors in the evaluation of GOTS/COTS 
devices. Antennas will also be considered, and specific antenna recommendations (type, 
polarization, gains, etc) will be made for both the sensor and UAV relay platforms.  
 

FUTURE IMPLEMENTATION OF 802.11 TECHNOLOGY AND COMMUNICATION 
SYSTEMS 

  
Meetings with several DOD activities have revealed a very significant demand for a small, light 
weight and power efficient system which will be capable of supporting a high-quality, spectrum 
efficient, high throughput, secure, networked data link.  Identified potential users include all 
branches of the military, but most interest has been expressed by components of the Navy, Marines 
and Army and has focused on those network centric scenarios whereby both manned and unmanned 
systems are being jointly deployed in ever expanded operational environments.    
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ABSTRACT 
 

More and more aircraft system designs are incorporating a local-area-network (LAN) using 
either Fibre Channel (FC) or Ethernet.  To date there hasn’t been a means for creating a FC node 
connection between an airborne network and a ground based FC network or for creating a reliable 
high-speed Ethernet connection between air and ground.  Ethernet connections have had some 
success by using the IEEE 802.11 wireless LAN for these types of connections; however, these 
connections suffer from many inherent problems using this standard.  Problems include the lack of 
telemetry spectrum control, security validation, high-speed data transfer efficiency, and channel 
acquisition time. 

   
This paper will describe a methodology that utilizes the IRIG-106 PCM standard for 

communicating between aircraft and ground-based networks.  PCM can solve the aforementioned 
problems and it enables the user to take advantage of the many ARTM advances in PCM telemetry 
technology [1].  One such advance in technology has been the use of SOQPSK (Tier 1) or Multi-h 
CPM (Tier 2) to enable the user to effectively double or more their bandwidth efficiency compared 
to PCM/FM (or CPFSK) (Tier 0). 
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INTRODUCTION 
 
In the year 2000, Boeing IDS Flight Test in Saint Louis began development of the Fibre Channel 
Interface Unit (FCIU) [2] to monitor and record data from an aircraft Fibre Channel Network (FCN).  
As a result of this effort, an encoding scheme was developed to convert the FC data into an IRIG-
106 PCM stream so that standard COTS (commercial-off-the-shelf) recorders could be used.  As a 
further byproduct of the encoding scheme, this FC data could now be telemetered to the ground in 
real-time. 
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FIBRE CHANNEL BASICS 
 
Table 1 shows some of the attributes of the Fibre Channel (FC) and Table 2 shows the basic frame 
structure.  The serial rate is much higher than that which is typically possible for telemetry 
transmissions; however, the actual average data rate can be much lower than this.  One of the 
reasons Fibre Channel was chosen for the Boeing aircraft network was for low latency and not 
necessarily high speed, although video applications have taken advantage of the available speed.  
The frame size is small compared to some protocols, which helps to lower the probability that a 
given frame would need to be retransmitted when a communication error occurs.  The FC protocol 
supports guaranteed delivery of frames with acknowledgment of the frames by the receiver node or 
it can be left up to the receiver node to only ask for certain critical frames to be resent.  This gives 
the capability for flight critical parameters to be fully acknowledged while allowing for most of the 
data to be taken “as is”.  This feature can significantly reduce system traffic and complexity.        
 
 
Characteristic Fibre Channel 
Serial Transmission Rate 1.0625 (Typ.) or 2.125 GBaud 
Data Word Size 32 Bits per Word 
Payload Words per Frame 0 to 528 
Max. Number of Addresses 256 Domains, 256 Areas, 256 Ports (2^24 = 16,777,216) 
Transmit/Receive Protocol Full Duplex 

Frame Timing Random, Non-Consecutive, 
Multi-Tasking, Event Driven, Data-On-Demand 

Frame Definition 
Payload or Upper-Level-Protocol (ULP or FC-4) varies 

from general data to audio/video information 
(FC-AV, FCP, FC-AE, etc.  [3] ) 

Table 1 – Fibre Channel Attributes 
 

Fibre Channel Frame 
Start of Frame (SOF) 
Destination Address (D_ID) 
Source Address (S_ID) 
Frame Control (F_CTL) 
Sequence ID / Frame Count 
Exchange ID (OX_ID/RX_ID) 
Parameter Field (PARM) 
(Optional Headers) 
Payload Word #1 
. . . 
Payload Word #M 
Cyclic Redundancy Check (CRC) 
End of Frame (EOF) 

Table 2 – Fibre Channel Frame Structure 
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CURRENT WIRELESS LAN TECHNOLOGY 
 
Many are familiar with the widespread use of the wireless LAN technology at home and at work.  
The hardware is widely available because of its significant number of commercial users and 
applications.  One such specification for this wireless technology is the IEEE 802.11 standard.  In 
most applications where the transceiver is stationary and the transmission link is short, it’s just a 
matter of plug-n-play.  However, as a link between a ground node and a moving platform many 
problems start to arise.  For maximum flexibility and ease of connection setup, the transmission 
frequency spectrum is uncontrolled with respect to when an arbitrary LAN device might start 
transmitting.  Therefore, standard COTS equipment has limited power in order to cut down the 
possibility of interference with neighboring wireless LANs.  This limits its usefulness over great 
distances.  The data transmission bandwidth is limited to around 2 Mbps and the basic link is not 
secure.  The data packets can be software secured using standard Internet protocols, but security of 
the data is not guaranteed, as it would be using PCM and a hardware security device.       
 

 
FIBRE CHANNEL SWITCH CONNECTIONS 

 
Figure 1 shows two examples of FC networks.  The FC is a point-to-point connection.  To expand a 
system, a network switch is used to interconnect multiple End Nodes such as Node A and Node B.  
In some cases where the number of ports that are available on a switch is exceeded, multiple 
switches are connected together.  In this arrangement, they may act as a “bridge” to another remote 
area, as is the case when connecting two distant buildings together, in order to minimize the number 
of lengthy cables or fibers.  A transmit port of a switch that is connected to an end port will only pass 
information related to the end port.  It acts like a filter and does not present all of the available 
switch traffic to this port.  On the other hand, a switch port connected to another switch will pass 
information associated with many ports. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 1 – Fibre Channel Network Configurations 
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FIBRE CHANNEL – PCM TELEMETRY BRIDGE 
 
A Fibre Channel (FC) to PCM Telemetry Bridge is a device that can receive FC packets / frames and 
then reformat them into an IRIG-106 like Chapter 8 PCM stream.  An example of a bridge is shown 
in Figure 2.  This bridge contains two similar sets of functional blocks, one for the FC transmit path 
and one for the FC receive path.  Each contains a NIC interface to the FC network with a 
corresponding buffer.  These buffers are sized to achieve maximum performance based upon the 
needs of the application.  Requirements for more bandwidth and more range will increase the size of 
these buffers in order to sustain traffic because of the increased time needed for frame 
acknowledgements to return back to the Node or Switch Port.  For maximum flexibility, the bridge 
should be designed to function as either an End Node or a Switch Port.  A bridge used in an aircraft 
could be identical to the one on the ground because they are functionally equivalent.  In fighter 
aircraft applications, communication bus redundancy is usually a requirement and should be 
accounted for in the bridge design.  One way of accounting for redundancy is to design the PCM 
Frame Generator to accept multiple inputs and add bus identifiers to the encoded data. 
 
 
 
 
 
 
 

Figure 2 – Fibre Channel - PCM Telemetry Bridge 
In some cases, multiple aircraft may need to be involved and communicate with each other.  One 
example of a system is shown in Figure 3.  In this example the Ground station is used as a node and 
as a router for connecting the two aircraft together.  If the PCM encoding scheme includes some type 
of identifier, the individual aircraft could use it to know when to ignore the Ground station.  Freq. G 
is typically low bandwidth since it is only used for command and control.  This link could be used to 
control the transmitter’s off and on state of aircraft A and B such that A and B could share the same 
transmitter frequency.  However, this will decrease the efficiency slightly do to the time needed for 
PCM frame resynchronization. 
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 3 – Fibre Channel – PCM Bridge Network 
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PCM TELEMETRY PERFORMANCE 
 
Telemetry performance is continually being advanced in order to keep up with the ever-increasing 
demands of the aircraft systems and to monitor these systems in real-time.  It is becoming more and 
more common for data from an aircraft to be at rates above 10 Mbs.  This has been achieved by 
changing from the traditional FM transmission methods for PCM to enhanced methods such as 
SOQPSK which effectively doubles the bit-rate within the same occupied telemetry bandwidth.  In 
many cases, Onboard Processors [4] can help to reduce the required bandwidth.  Combining these 
processing systems with the telemetry uplink controls (such as described in iNET [5] ) may further 
reduce the telemetry spectrum requirements by only asking the aircraft to send the information that 
is required during any moment in time.  These methods should work well for the more typical Flight 
Test sensor data, however, with the abundance of data in the aircraft communication networks, 
aircraft systems engineers will always be asking for more.  And in many cases, they will not tolerate 
Flight Test affecting their network timing and performance.  If Flight Test remains an inactive 
participant by being a non-intrusive monitor of the network, it will guarantee that the production 
aircraft will perform the same as the Flight Test aircraft.  Another practicality of using PCM for 
transmission is the simple matter of adding an approved hardware device to guarantee the security of 
the data.  This eliminates any headaches involved with trying to certify that unwanted users cannot 
decipher the data.  A further important advantage of PCM over the typical wireless LAN is 
bandwidth efficiency.  PCM is a continuous signal while the wireless LAN works like Ethernet in 
that it frequently starts and stops transmissions and must account for multiple nodes colliding with 
each other trying to gain access to the network.  This inefficiency can account for a typical loss of 
about 50-60% from the actual transmission rate.  However, this technique can benefit from the fact 
that the frequency spectrum can be shared among several users.  On the other hand, since it is a 
shared spectrum and not controlled as it is with PCM transmissions, it may not be possible to get a 
clear channel for all of the required data and this won’t be known until the test flight is being 
conducted.  Figure 3 showed an example with only two aircraft and one ground station.  If many 
more aircraft need to be connected together, the aircraft transmitters could use alternative 
transmission techniques such as spread spectrum.  The ground station, which would have multiple 
receivers and correlators, could then be responsible for adding the appropriate identifier to the PCM 
before retransmitting the data to the aircraft. 

 
 

FCIU IMPLEMENTATION 
 
As shown in Figure 4, the Fibre Channel Interface Unit (FCIU) supports up to 8 FC ports.  It can 
combine the received FC information from these ports into two PCM outputs.  One can be used to 
collect all of this FC traffic and send it to a recorder while the other can be used to selectively send 
only a portion of this traffic to a telemetry system.  IRIG-106, Chapter 8 describes merging up to 
eight MIL-STD-1553 streams.  It adds an 8-bit byte tag to each of the original MIL-STD-1553 16-bit 
words in order to identify items such as the bus number and the type of word (i.e. command, status, 
data, time, etc.).  The FCIU’s PCM output is a pseudo Chapter 8.  The FCIU adds either a 4-bit 
nibble or a byte to each of the FC 32-bit words.  Similarly, these bits are used to identify items such 
as start and end of frames, time, payload, etc.  The 36-bit word format can be used to identify up to 4 
merged FC streams while the 40-bit format can identify up to 64 FC streams.  This method of 
merging the streams replicates the functionality of the most general type of port, the Switch Port.  
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For its current application, the FCIU is acting as a monitor only and therefore not using its transmit 
buffer for acknowledgments or data transfers.  The FCIU’s recorder and telemetry interface 
throughput were sized to capture all of the required information without the need to slow down the 
FC traffic and therefore not affect the system being monitored.  Since the output stream of the FCIU 
is PCM, the FC information is being recovered using COTS decoms.   
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 4 – FCIU Bridge Configuration 
 
 

CONCLUSION 
 
This paper described a Fibre Channel to PCM Telemetry Bridge.  A similar bridge could be 
constructed for other types of networks such as Ethernet.  IEEE 802.11 may still be the choice for 
some applications when absolute security, range, and guaranteed bandwidth (i.e. data transfer rate) 
are not an issue.  Simple IEEE 802.11 networks are easier to construct and less expensive than PCM 
network connections.  However, for the raw power user, the FC to PCM T/M Bridge is much 
superior in efficiently transferring large amounts of data over significantly greater distances and will 
continue to outpace IEEE 802.11 in this area.  When creating a wireless network connection, both 
the IEEE 802.11 and the FC-to-PCM Bridge should be considered and their advantages and 
disadvantages compared.  Lastly, the Fibre Channel Interface Unit has proven the possibility of a 
high performance wireless node connection between a flying platform and the ground.  It has 
implemented the key features required to build this bridge.  
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NOMENCLATURE 
 
ARTM Advanced Range Telemetry (An U.S. Air Force Program) 
COTS  Commercial-Off-The-Shelf 
CPFSK Continuous Phase Frequency Shift Keying (Another name for PCM/FM) 
CPM Continuous Phase Modulation (Multi-h CPM) 
FC-4 Application or Upper Level Protocol – Examples: SCSI, IP, A/V, Proprietary, etc. 
FM Frequency Modulation 
IRIG Inter-Range Instrumentation Group 
LAN Local Area Network  
Mbps Mega-Bits-Per-Second 
NIC Network Interface Connection  
Node A node is the source or destination of information. (i.e. computer, disk array, etc.) 
Payload Frame location where information is contained (i.e. commands, data, status, etc.) 
PCM Pulse-Code-Modulation 
Port Physical connection to/from a node. 
SOQPSK Shaped Offset Quadrature Phase Shift Keying 
T/M Telemetry 
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ABSTRACT 

 
Several algorithms have been proposed for solving constraint satisfaction and the more general 
constraint optimization problem in a distributed manner. In this paper we apply two such algorithms 
to the task of dynamic resource allocation in the sensor network domain using appropriate 
abstractions. The aim is to effectively track multiple targets by making the sensors coordinate with 
each other in a distributed manner, given a probabilistic representation of tasks (targets). We present 
simulation results and compare the performance of the DBA and DSA algorithms under varying 
experimental settings. 
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INTRODUCTION 
 

The problem of constraint optimization is of assigning values to a given set of variables such that a 
global function evaluating the given value assignments is optimized. The constraint satisfaction 
version of the problem has been proven to be NP-Complete. Centralized solutions have been 
suggested to classic constraint satisfaction problems such as the n-queens problem (none of the n 
queens on a n × n board attack each other), graph coloring problem (no neighboring vertices in a 
graph can have the same color) etc, which assume that we have a global view of all the constraints 
and current values of all the variables. The problem becomes more complex when we treat each 
variable as an agent with only a local view of the problem. For example in the graph coloring 
problem an agent only knows its own color, the current color of its neighbors, and the constraints it 
has with them. Given only local information, the aim is to solve the problem through message 
passing-enabled negotiation. In this paper we explore resource allocation in sensor networks from 
various perspectives: 
 

• Performance of Distributed Breakout (DBA) and Distributed Stochastic (DSA) Algorithms. 



• Efficiency and optimality of each algorithm in a sensor network with multiple targets. 
 
In particular we consider a set of Doppler Radar sensors. Each sensor has three radar heads, each 
with a 120 degree viewable arc. Only one head in a sensor can be activated at one time and it can 
track one moving object only. The sensor is able to detect the presence of a moving object and can 
give an approximate value of its velocity. The sensor is able to detect targets only within a certain 
range and a minimum number of sensors is required to accurately localize and hence track a target. 
Resource allocation/contention here consists of deciding which head of each sensor needs to be 
activated at a particular time, such that the targets are effectively tracked. The domain specific 
details are abstracted so that existing DCOP algorithms can be applied for coordination/negotiation 
between the sensors. A two layered architecture similar to the one in [7] has been used. The bottom 
layer abstracts the domain specific details and the top layer controls the coordination among the 
different sensors. The above system is modeled as a discrete event system and simulations are 
performed under various experimental conditions. The modeling takes into consideration 
uncertainties and errors in sensor readings as well as latencies in communication between the sensor 
nodes. An “off the shelf” discrete event simulator, DEVS-JAVA [1] is used to perform the 
simulations. 
 
In the rest of this paper we discuss previous research and in particular the application of DCOP 
algorithms in the sensor network domain. We then formulate the resource allocation problem as a 
distributed constraint optimization problem. In the DCOP section we introduce DBA and DSA 
tailored to our domain of interest. Then we describe the simulations we conducted and show results. 
Finally we conclude and discuss future work. 
 

 
PREVIOUS WORK 

 
There has recently been a lot of interest in the area of (distributed) sensor networks [2, 3], since most 
of the problems faced are common to most distributed computing systems. Because each sensor 
performs its tasks independently it is natural to treat it as an agent and the entire network as a 
multiagent system (MAS). This enables us to apply theories which have been developed for MAS 
[4], directly to the sensor network domain. 
 
Two of the two most popular algorithms for solving the distributed version of constraint satisfaction 
are DBA and DSA [5, 6]. Both the algorithms aim to minimize the constraint violations through 
message passing between the agents. In our problem formulation we model each agent to represent a 
variable. In DBA and DSA each agent tries to take on values which minimize constraint violations 
based on the values taken on by neighboring agents with whom they have constraints. DBA gets its 
name from the manner in which it comes out of local minima, when none of the agents which share 
constraints is able to find a new value for themselves. DSA gets its name from the manner in which 
each agent stochastically takes a decision whether to take on a new value or not. 
 
Distributed Resource Allocation, and in particular in the domain of sensor networks has been 
addressed several times over the last decade. In recent work [7] this problem has been formalized as 
a DCOP, in which the goal is to find assignments to each of the sensor variables, such that a global 
objective function F is minimized. In [8] the problem of scan scheduling in sensor networks has been 



solved by using DBA and DSA, comparing both the algorithms on various metrics. In this work we 
have used DBA and DSA for the task of target tracking under various experimental setups. Both the 
algorithms have been adapted to the sensor network domain (see Algorithm 1 and 2). Modi [7] 
introduced the idea of a two layered architecture wherein the lower layer is responsible for 
abstracting the domain details and providing a discretisized version of the problem to the upper 
layer. The upper layer consists of a tailored core DCOP algorithm (ADOPT-SC). Modi tries to show 
that the two layered architecture enables the use of abstract DCOP algorithms in real world contexts. 
Our goal is to compare DBA and DSA in the sensor network domain and to pave the way for further 
evaluations of other existing algorithms. Scalability is claimed in [7], however it is not 
experimentally established, we do address scalability by experimenting with multiple targets and a 
relatively larger sensor network. Hence, our contributions can be summarized into three main points: 
first we developed a general simulation for the evaluation of DCOP algorithms for resource 
allocation in the sensor network domain, second we took into consideration scalability issues, and 
finally we evaluated both DBA and DSA in the simulation framework we developed. 
 

 
PROBLEM FORMULATION 

 
We reduce the given problem of resource allocation in sensor networks to that of constraint 
optimization using the formulation given in [9]. The variables in our domain are the set of n sensors. 
Hence X = {s1, s2, . . . sn}. The domain of each sensor is defined as D = {0, 1, 2, 3}, where 0 
corresponds to the sensor performing scanning and 1, 2 and 3 represent the resource allocation of the 
respective heads. We define the scope Qi to be the set of sensors consisting of the sensor si and all its 
neighbors (to which it can communicate with). Let f be the real-valued functional component 
defined over the scopes Q1,Q2, . . .Qn, Qj  ⊆ X. The global cost function F is defined by 
 

F(V) = ∑                                                                                           (1) 
=

n

1j 
f(Vj)

 
where V = (V1, V2, . . . Vn}, Vj is the set of value assignments to the sensors in Qj. In this paper we 
view the constraint optimization problem as defined over a cost network [9], which is basically a 4-
tuple C = {X,D,Ch,Cs}, where Ch and Cs represent the hard and the soft constraints respectively. The 
hard constraint in our problem is that each sensor can allocate resources to only one head at any 
point of time (a head or sector as seen in figure 1). The soft constraint over which we optimize is 
represented by the function f. We calculate the function f in the following way: if a sensor X 
overlaps with sensor Y, and sensor Y has already allocated resources (activated) to the head(s) 
included under this overlap while X didn’t allocate, we then increment f by O, where O is defined to 
be the area of a region covered by the sectors (or heads) of two different sensors. We would like to 
minimize the function f. By doing so, the unallocated areas covered by multiple sensors with a target 
roaming inside of them are minimized. The final goal is to reach a near optimal value of F under 
harsh time constraints resulting in an near optimal resource allocation and hence an effective 
tracking of the targets. 
 
 



 
 

Fig.1. A representation of the Doppler Radar with three heads. 
 
 

DISTRIBUTED CONSTRAINT OPTIMIZATION IN SENSOR NETWORKS 
 
The nucleus of both algorithms (DBA and DSA) remains the same with minor modifications on the 
lower layer interface level. Please refer to DBA and DSA below in Algorithm 1 and Algorithm 2 
respectively. In DBA agents try to assign values to their assigned variables while minimizing the 
constraints violations among them. DBA is a synchronous distributed algorithm that 
solves/minimizes DCOP problems. In the first step agents assign random values to their variables 
and send these values to all their respective neighbors. A neighbor of agent A1 is defined to be any 
agent sharing constraints with A1. After an agent receives all the value assignments of his neighbors 
he evaluates the current value assignments and finds the best improvement he can make if he 
possibly re-instantiate his variables. He then sends the improvement to his neighbors and starts 
receiving the possible improvements of his neighbors. After receiving all the improvement messages 
the agent decides to change the value of his variables, to the values which yield his computed 
maximum improvement, only if his improvement is the largest among all of his neighbors. In the 
cases where all the agents in a neighborhood have a zero improvement (local-minima) the constraint 
violations are increased, consequently the local-minimum is escaped. DSA (Distributed Stochastic 
Algorithm) is similar to DBA in that it uses a message passing protocol to achieve coherence. 
However, DSA is fully asynchronous. Agents send their current values to their neighbors and then 
randomly decide whether they should change their values or not. The choice of a new value depends 
on the current state of the agent and the states of the neighbors.  
As mentioned in the problem statement section the agents represent sensors and the domain of each 
sensor consists of four values: {scan, allocate head 1, allocate head 2, and allocate head 3}. 
However, the domain of a sensor is not static as opposed to the domain of a node in a graph coloring 
problem. When no target is detected the sensor’s domain is reduced to the singleton {scan}, since in 
this case, scan is the most logical solution to the problem. The dynamics of the domain are 
controlled by the lower layer which updates the probabilities of the presence of a target for each 
sector. 

 



 
 

Algorithm 1: Distributed Breakout Algorithm (DBA) 
 
 
 

 
 

Algorithm 2: Distributed Stochastic Algorithm (DSA) 
 
 
 
 
 
 
 



SYSTEM DESIGN AND EXPERIMENTS 
 

Experiments were conducted using DEVS-JAVA [1]. Each sensor is designed as a coupled DEVS 
model containing the upper and lower layer atomic DEVS elements. In figure 1, the window to the 
right shows the lower-layer “LocalReasoning1” and the DCOP upper layer “DBA1” of sensor 
“sensorDBA1”. The left window shows the corresponding GUI. “LocalReasoning1” receives the 
targets’ locations and updates the probability that a target is present in each of the three sectors 
covered by the sensor. In our experimentations we take this probability to be directly proportional to 
the distance of a target from the sensor. This computation is done in the external transition function o 
the model. A DEVS atomic model receives messages from other models through “in-ports” and 
sends messages to other models through “out-ports”. The mathematical behavior of a DEVS atomic 
model is given as:   

< S, ta, δint, X ,δext ,Y ,λ > , where 
S   is the set of admissible states 
ta: S → R 
δint: S → S   (internal transition function) 
X    set of external inputs. 
δext: Q × X → S, external transition function, Q = {(s,e)| s ∈ S, 0 ≤e ≤ ta(s)} 
Y    set of outputs 
λ: S →  Y ∪{∅} 

 
 

 
 

Fig. 2. An example DEVS-JAVA sensor model utilizing DBA and the corresponding display. 
 
 



A sensor is initially given a static range within which it can detect targets (gray areas in figure 1 
represent the range of a sensor). After updating one of the three probability values, the lower layer 
decides whether to notify the upper layer depending on the extent of the change. We consider a 
similar discretisization of the probabilities as in [7]. If the probability of a target goes above 0.6 we 
assign a value P (present) to the associated head, otherwise if the value falls between 0.2 and 0.6 we 
consider the head to be in the state U (unknown), and finally if the value is below 0.2 then we assign 
the value NP (not present). A discrete value from {P, U and NP} is passed to the upper layer in the 
event of a transition between any two probability levels (only such a transition is considered to be 
significant from the upper layer’s perspective). The upper layer is where the DCOP algorithm sits 
and all the negotiation takes place. A display of the sensor network (shown in figure 1) was 
developed to help visualize the dynamics of the system. 
 

 
 

Fig. 3. The graphical interface of the simulator, black dots represent targets. 
 

We performed one experiment for each of DBA and DSA. In a setting similar to the one shown in 
figure 3, (nine sensors and five targets) we ran the simulation for 2000 target steps. Two plots were 
generated showing the global evaluation function F versus time for each of the algorithms.  
 
 
 
 
 
 
 
  



RESULTS 
 

Figure 4 shows the global evaluation function F versus time steps. The spikes in the plot represent 
the instances where an increased violation is occurring in the sensor field. DBA reacts to these 
violations and tries to minimize the global function F. The  
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Fig. 4. The DBA global evaluation function 
 
 
In figure 5 the individual evaluation functions are shown. Again the increase in the violation of 
constraints appears as sequences of spikes in the plots. Resource contention takes place when two or 
more sensors detect constraint violations and try to resolve them. In the plot this represented by the 
sequences of spikes occurring at the same time. 
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Fig. 5. The DSA individual evaluation functions 
 
 



CONCLUSIONS AND FUTURE WORK 
 

In this paper we investigated two popular DCOP algorithms, DBA and DSA, for distributed resource 
allocation in the sensor network domain. We believe that this work prepares for additional large 
scale experimentation in distributed resource allocation in the sensor network domain and other 
domains too. In the near future we will be evaluating other DCOP algorithms with improved models 
of the lower layer. In a later stage we will be investigating the resource allocation problem using the 
tools and techniques we developed in this research in different real world domains such as 
autonomic computing and multirobot systems. 
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ABSTRACT 
 
Multipath propagation consisting largely of specular reflection components is known to be the major 
channel impairment in many aeronautical mobile telemetry (AMT) applications. Adaptive equalizers are 
not effective against flat fading commonly created by strong power delay profile components 
representing small fractions of the transmitted symbol period. Avoidance and diversity techniques are 
the only practical means of combating this problem. A new post-detection, no-hit diversity branch 
selector is described in this paper. Laboratory and limited flight test data comparing non-diversity, 
selection diversity and intermediate frequency (IF) combining techniques are presented. 
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Diversity, aeronautical telemetry, optimal ratio combining, selection combining 
 
 

INTRODUCTION 
 
In 2002 the United States Department of Defense (DoD) Advanced Range Telemetry (ARTM) project 
commissioned the development of a stand-alone diversity branch selector to supplement demodulators 
developed for the constant envelope (CE) offset quadrature phase shift keying (OQPSK) modulations 
recommended in reference [1]. At that time, auxiliary data captured during a series of ARTM channel 
sounding experiments confirmed that signal fading remains highly correlated in dual left-hand and 
right-hand circularly polarized  (LHCP and RHCP) receiving antenna configurations commonly used at 
open-air test ranges. Thus, pre-detection (pre-D) combining of these signals is not effective in 
combating the severe bit detection error clusters and detector synchronization failures seen in AMT 
links when directional receiving antennas are used at low pointing angles [2]. The same series of 
experiments and additional flight experiments involving side-by-side performance comparisons of 
various modulation techniques clearly showed that spatial and frequency diversity reception offer 
substantial opportunities to avoid short-term multipath propagation effects. 
 
The prototype two-channel diversity branch selector (DBS) shown in figure 1, designed and built by 
RF Networks Inc. of Phoenix, Arizona, was delivered to the ARTM project in February of 2004. This 
paper summarizes its pertinent specifications and discusses DBS performance data acquired to date. 
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Figure 1 – Prototype Diversity Branch Selector 

 
 

ARGUMENTS FOR POST-DETECTION BRANCH SELECTION 
 
In his classic paper on the subject of diversity signal processing, Brennan clearly demonstrated that 
optimal ratio combining (ORC) outperforms channel selection and equal-gain combining in most 
circumstances [3]. However, the benefits of ORC are not realized unless four conditions are satisfied 
[3]. In the case of pre-D combining, one condition is particularly confining. The signals to be summed 
must be phase aligned, having essentially the same zero crossings. Inter-channel phase adjustment of 
angle modulated signals in receivers or intermediate frequency (IF) combiners is not trivial even when 
inter-channel propagation delays are small fractions of the symbol period. Many AMT data streams 
operate at bit rates greater than 5 megabits/second (Mb/s) today and the trend is toward higher rates as 
suitable instrumentation and techniques become available to support them. At some point, inter-channel 
phase alignment is likely to become intractable. 
 
Spatial diversity presents serious challenges to signal combining instrumentation. Many DoD receiving 
sites have multiple antennas with sufficient vertical separation to create useful signal diversity but they 
are normally separated by 10s to 100s of feet horizontally. In these situations, inter-channel delay 
consists of static and dynamic components that can be larger than a symbol interval. Dynamic delay and 
phase adjustment of RF or IF signals for combining is a daunting challenge, one considered impractical 
at this time. On the other hand, post-detection time alignment of digital bit streams having arbitrarily 
large delay relationships is comparatively easier and quite practical with modern digital circuit 
technology. 
 
Traditional diversity performance analysis focuses on metrics like signal to noise ratio (SNR) and 
average bit error probability (BEP). The BEP can be a highly misleading figure of merit in short and 
intermediate range AMT applications (up to about 350 km). Most AMT systems are designed with 
conservative power margins to provide BEPs on the order of 1x10-5 at maximum operating range with 
fade margins ranging from 3 to as much as 15 dB. The result is a telemetry link that operates at high 
SNR most of the time and exhibits on/off behavior, i.e., long periods of error free transmission 
interrupted by short-term catastrophic outage intervals induced by multipath propagation [2]. In these 
situations, marginal gain enhancement is not important because increased SNR will not overcome the 
cause of the short-term link failures. The goal of diversity processing is reduction of extent and severity 
of short-term link failures with affordable methods.  
 
 
 



3 

 
DBS GOALS AND REQUIREMENTS 

 
Consideration of these arguments led to the decision that a post-detection selector could provide the 
following benefits to AMT systems: 
 

• Easy, non-invasive addition of diversity processing to existing facilities 
• Compatibility with a wide range of diversity techniques, e.g., frequency, spatial, polarization, 

arrival angle 
• Performance largely independent of SNR and fading distributions 
• Automatic adaptation to a wide range of bit rates 
• Automatic adaptation to a wide range of static and dynamic inter-branch delay 

 
Figure 2 outlines the system configuration assumed for DBS operation. Two independent receivers 
provide 20 or 70 MHz IF signals to a pair of CE OQPSK demodulators. The receivers provide 
appropriate automatic level control and coarse band limiting filter functions. The demodulators create 
post-detection serial non-return to zero (NRZL) bit streams and coherent bit strobe clocks, one pair per 
diversity branch. Each demodulator provides channel signal quality intelligence to the DBS with the 
“signal degradation indicator” (SDI) technique described in reference [5]. The SDI is a modified form of 
shifted threshold pseudo-error detector. Short serial digital messages provide periodic updates on signal 
quality and demodulator synchronization status at rates ranging from 400 to 480 messages/second. 
 
Figure 3 is a simplified diagram of DBS operation. High-speed correlators and adaptive temporary 
storage devices continuously monitor and compensate for inter-channel bit timing offset. The goal is to 

Figure 2 - System Configuration
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create pointers into both streams that are always pointing to the same bit of the original transmission. 
The output clock generator synthesizes a continuous bit strobe from the input bit strobes and correlation 
operations. It is designed to minimize occurrence of bit slips or ‘hits’ in the output bit stream caused by 
repeated switching from one data source to the other, hence the term ‘no-hit switch’. The channel 
selection processor receives SDI messages from both demodulators and decides which channel will be 
selected for output over the next SDI message update cycle. Thus, source selection is applied to small 
blocks of bits, not individual bits. The DBS output consists of a NRZL stream of “selected” bits and a 
continuous bit strobe. Significant performance requirements addressed in the design include: 
 

• Input bit rate: automatic adaptation to rates in range of 0.5 to 20 Mb/s, minimum 
• Inter-channel time offset compensation: fully automatic, ±10 microsecond range 
• Inter-channel correlation reliability and speed: guaranteed time skew identification and 

compensation within 1,000 bit periods at BEPs of 0.05 and lower, each channel 
• Output bit rate: no systematic change to input rate 
• Automatic branch selection options: 

• based on SDI signal intelligence at intervals consistent with SDI message rates 
• user supplied channel selection control (discrete logic signal) in lieu of SDI 

• Manual override: forced selection of either branch via front panel control 
• Channel condition statistics: extraction and display of individual channel condition statistics 

derived from SDI messages over user-defined measurement periods 
 
 

LABORATORY TESTS 
 
The manufacturer provided adequate evidence of specification compliance in the areas of basic 
functions and inter-channel correlation performance. Government lab tests concentrate on performance 
assessment beyond the capability of equipment available to the manufacturer. Specifically, a channel 
simulator (Telecom Analysis Systems model TAS 4500) is used to emulate dynamic channel distortion 
conditions somewhat similar to field conditions. Situations similar to spatial diversity reception are 
established with the equipment shown in figure 4. The channel simulator provides adjustable static inter-
channel delay as well as independent repetitive sweeps of 2-ray and 3-ray multipath notches across the 
signal passband over a wide range of excess delay and inter-ray power ratio settings. Notch sweep rate is 
controlled by adding a small Doppler shift to each path (ray) relative to the line-of-sight (LOS) path. 

Figure 4 - Lab Test Configuration
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Diversity is created by offsetting the Doppler shift in one channel relative to the other. Additive receiver 
front-end noise is used to control SNR. The receiver was an L-3 Communications model RCB-2000, a 
dual channel receiver with integral IF ORC combiner and internal CE OQPSK demodulator. The 
demodulators were RF Networks Inc. model 2120. While this setup does recreate multipath notches 
consistent with measured field conditions, inter-channel time correlation of notch sweeps cannot be 
controlled directly. Consequently, notch sweep intervals are short and the timing of notch sweeps in the 
channels is not consistent with real situations. Short sweep intervals and attendant short measurements 
periods force us to use bit error measurements rather than the link availability statistics used in field 
work. Further, short fade intervals coupled with deterministic fading correlation yield artificially high 
bit error statistics. Nonetheless, these tests are sufficient to determine whether the DBS is ready for 
flight trials.  
 
Static delay insertion with and without multipath distortion confirmed that the DBS does correctly 
identify and compensate for channel time skew over the required range. To date, distortion tests have 
been limited to 2-ray multipath scenarios with excess delays of 40 and 100 nanoseconds (nsec). Relative 
path loss in the 2nd ray (relative to LOS ray, each channel) has been limited to values of 0.9 dB at 40 
nsec delays and 6 dB with 100 nsec delays. These values are consistent with severe fade conditions seen 
in previous field tests [4].  
 
Table 1 (see appendix for all data tables and figures 5 through 8) presents 5 representative lab data sets. 
Each test was 5 minutes in duration. Notch sweep rates were 2/second on channel A and 1.8/second on 
channel B and the SNR was 20 dB (each channel). The first row represents repetitive flat fades due to 
short excess delay. Both demodulators exhibited brief synchronization failure during each sweep. Both 
diversity processing methods produced significant improvement over the non-diversity system. Next, at 
7.5 Mb/s, the fading is frequency selective and there was significantly less time dispersion of fade 
severity between channels than the previous case due to increased signal bandwidth. Improvement 
factors for the DBS and ORC are 5:1 and 5/3:1 respectively. At 15 Mb/s and 40 nsec delay, the non-
diversity system is virtually useless but both diversity systems remained in service and the ORC 
equipment outperformed selection diversity (an expected outcome). 
 
 

FIELD TESTS 
 
The first flight test opportunity was May 5, 2004 at Edwards Air Force Base, California. Three sorties 
were flown over a two-week period in three of the flight corridors used for channel sounding 
experiments. A pair of 1.2 meter receiving antennas was used for spatial diversity reception. One was 
placed atop an abandoned radar building and the second was mounted on the ARTM mobile receiving 
station. No attempt was made at ‘optimum’ antenna separation. Vertical antenna separation was 
approximately 20 feet.  Horizontal offset was approximately 80 feet. Both antennas had unobstructed 
views to the horizon in the required directions. The receiving equipment was similar to the lab 
configuration. However, 2 M/A-Com model 5550i receivers were substituted for the RCB2000 and no 
ORC equipment was available. The signal source consisted of a 10 Watt SOQPSK-TG transmitter 
connected to a single blade style omni directional antenna mounted on the belly of a U.S. Air Force C-
12 twin turboprop airplane. Continuous repetitions of a 2047 bit pseudo-random binary sequence were 
transmitted at 5 Mb/s. Carrier frequencies ranged from 1450 to 1500 MHz. Bit error and ITU-T 
Recommendation G.821 [6] (G.821) link availability statistics were captured with Fireberd 6000 bit 
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error test sets (Acterna Corp.) at 5 second intervals. The SDI messages from both demodulators were 
recorded continuously to disk files. Antenna pointing angles were kept low by design (less than 5 
degrees above horizon) in order to subject the systems to as much multipath as is available in these 
corridors. Pressure altitude varied from 2,300 feet to 10,000 feet and indicated airspeed ranged from 200 
to 250 knots. During test runs, the LOS distance between the aircraft and the receiving site ranged from 
20 to 70 nautical miles.  With the exception of one intentional climb (to increase rate of multipath fade 
production), all measurements were taken with the aircraft flying straight and level.  
 
Summary data are presented in Table 2. From left to right, the column labels are: flight corridor 
identification (corridor ID/nominal direction of flight/flight number), measurement period (Tm) in 
seconds, G.821 “error free seconds” provided by both systems (EFSn-d and EFSD), “failed seconds”1 
experienced in both systems (FSn-d and FSD), the number of times the DBS switched between channels 
(DBS cycles), and link availability of both systems (LAn-d and  LAD). Simplified LA values are used 
here: 
 

LA
FS
Tx

x

m
= −

⎛
⎝
⎜

⎞
⎠
⎟100 1        (%)                                                                                     (1)  

 
Improvement factors Ix for EFS and FS are listed in the last two columns. These are simple percentage 
improvement numbers computed with the non-diversity system used the reference, i.e., positive values 
indicate better DBS system performance. 
 
The LA and FS improvement numbers indicate improvement in the DBS channel in all but three test 
runs. However, before one can assess the significance of these results, it remains to determine the extent 
to which useful time domain diversity existed. A coarse estimate of potential diversity improvement is 
obtained from SDI data. The SDI records of both channels are examined sequentially in 1-second 
blocks. If all SDI message pairs within a block show no significant channel degradation, the block is 
labeled error free, with no potential for performance improvement. If severe SDI activity (BEP > 1x10-4 
or demodulator synchronization failure) is seen in one channel or both, but severe activity messages are 
always exclusive to one channel or the other, then the interval is counted as having potential for 
conversion to an error free interval by DBS action. Otherwise, if the majority of severe SDI indications 
overlap, the interval is counted as a failed second with no improvement potential. 
 
Figure 5 compares potential DBS FS improvement derived from SDI data to FS improvement realized 
in the test runs of flight 71. In three runs the DBS did capitalize on most of the potential improvement. 
However, the –16% value of test point “1/E/71” is clearly not consistent with a prediction for as much 
as 31% improvement. Symptoms leading to this discrepancy can be discerned by examination of figures 
6 through 8. Figure 6 is the progression of accumulated FSn-d, FSD, and IFS for this run. Both channels 
experienced nearly continuous severe error conditions in the first 50 seconds of the run. In this run 
segment the DBS channel generated bit errors at nearly twice the rate of the reference channel and 
accumulated a very large IFS deficit that was never offset by improvements realized later in the run. IFS 
also jumped abruptly downward approximately 240 seconds into the run. 
 
                                                           
1 In this application we have defined “failed” seconds as the sum of G.821 “severe error seconds” and G.821 “unavailable 
seconds”.  
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From previous experiments it is known that the west end (beginning) of this run produces severe 
multipath distortion. The aircraft is relatively close (approximately 20 nautical miles) and at low 
altitude. The receiving antennas see signals reflected from mountains behind the aircraft and possibly 
from manmade objects in a nearby town that lies between the receiving site and the aircraft. The severity 
of fading is increased by the fact that small receiving antennas were used. Larger antenna apertures (by 
at least a factor of 2) are the norm in these applications and our test therefore represents an extreme set 
of conditions. Figure 7 is the time history of raw SDI data from this run. Channel B data are inverted to 
assist visual comparison. The scale of this plot is not linear. Values in the range of 0 to 100 represent 
low to moderate distortion. Severity increases rapidly above 100. SDI values of 400 are the point of 
pending demodulator synchronization failure. Synchronization status is superimposed near the top of the 
plot. The upper logic trace is channel A. Logic low values represent synchronization failure. Little detail 
can be gleaned from this compressed time scale but the plot does emphasize the fact that the beginning 
segment of this run produces severe channel degradation. Figure 8 zooms the time axis of figure 7 to 
reveal detail. Rapid, repetitive severe channel degradation is apparent and we see that channel B 
experienced numerous and sustained synchronization failures. Apparently, these conditions cause a 
problem for the DBS channel. At the end of each run the number of data pattern losses and pattern slips 
logged by the bit error test sets was recorded. The DBS channel produced a significant number of 
pattern slips (bit slips). Note also, that the number of DBS cycles seems disproportionately large in runs 
that produced poor improvement factors. It appears then, that the DBS may not be acting as a no-hit 
switch under these conditions. Possible causes of this behavior are under investigation.   
 
The balance of this test run shows significant spatial diversity potential and good realization of that 
potential. Similar good performance was found in all of the other cases as well. Even if the source of the 
anomalous behavior were not identified and cured, less stressing channel situations could profit from 
use of this equipment in its present form. 
 

CONCLUSION 
 
Preliminary DBS field tests are encouraging. Under a fairly wide range of serious channel degradation 
conditions it can profitably exploit available diversity. One problem area has been described but its 
cause is not yet understood. These tests also show that the SDI signals are reliable channel selection 
intelligence sources under a wide range of channel conditions. Additional work is scheduled for the 
summer of 2004 that will include frequency diversity tests, inclusion of ORC equipment for comparison 
purposes, and possible refinement of the SDI-based channel selection algorithm.  
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APPENDIX 
 
 

Table 1 – Laboratory Fade Test Examples 
 

Bit Rate 
(Mb/s) 

Static Inter-
channel delay 

(nsec) 

Multipath 
Excess Delay 

(nsec) 

 
BEP 

(non-diversity) 

 
BEP 

(selection) 

 
BEP 

(optimal ratio) 
1 0 40 2x10-4 8x10-6 9x10-6 

7.5 0 40 5x10-2 1x10-2 3x10-3 
15 0 40 0.2 5x10-2 2x10-2 
15 0 100 not measured 4x10-2 3x10-2 
15 70 100 0.2 4x10-2 failed 

 
 

Table 2 – Flight Test Results 
Test 
ID 

Tm 
(sec) 

EFSn-d 
(sec) 

EFSD 
(sec) 

FSn-d 
(sec) 

FSD 
(sec) 

DBS 
cycles 

LAn-d 
(%) 

LAD 
(%) 

ILA 
(%) 

IFS 
(%) 

1/W/69 1506 1172 1184 215 208 6751 85.7 86.2 0.5 3.3 
1/W/70 1291 1189 1240 19 5 946 98.5 99.6 1.1 73.7 
1/W/71 1046 990 1008 24 13 1118 97.7 98.8 1.1 45.8 
1/E/69 1506 1172 1184 229 149 1927 84.8 90.1 5.3 34.9 
1/E/70 1346 1106 1130 116 89 2570 91.4 93.4 2.0 23.3 
1/E/71 1037 900 923 61 71 2991 94.1 93.2 -1.0 -16.4 
2/W/69 1022 793 892 45 25 575 95.6 97.6 2.0 44.4 
2/W/70 1376 1252 1279 31 33 1282 97.7 97.6 -0.1 -6.5 
2/W/71 882 779 791 2 1 86 99.8 99.9 0.1 50.0 
2/E/69 687 529 572 37 10 172 94.6 98.5 3.9 73.0 
2/E/70 821 694 711 43 32 891 94.8 96.1 1.3 25.6 
2/E/71 917 784 841 36 3 137 96.1 99.7 3.6 91.7 

3/SE/70 626 511 534 71 76 2940 88.7 87.9 -0.8 -7.0 
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Figure 5 – Failed Seconds Improvement 

Figure 6 – Time History of Failed Seconds and Failed Second Improvement Factor 
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Figure 7 – Time History of SDI Data, Flight 71 
 

Figure 8 – Time Axis Zoom of Figure 7 
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ABSTRACT 

 
This paper describes a flexible telemetry data link developed by National Nuclear Safety 
Administration’s Kansas City Plant (NNSA-KCP) and the University of Kansas (KU) in support 
of NNSA’s Remote Sensing Laboratory (NNSA-RSL) located at the Nevada Test Site.  This data 
link is based on a beam steerable phased array antenna (PAA).  The paper describes the PAA and 
the Airborne Measurement System (AMS) application requiring signal source tracking.  It 
highlights flight test data collected during recent flight testing on the Nevada Test Site for the 
AMS. 
 

KEYWORDS 
Tracking Data Links, Phased Array Data Links, Beam Steering Antennas  
 

INTRODUCTION 
 

Flexible Data Links Applications 
There are several important applications for dynamic steerable data links including: 1) scanning 
remote sensors, 2) low probability of detection, 3) tracking data links, 4) dynamically directed 
data links. 
 
University of Kansas Radar Lab Description 
Since 1964, the Radar Systems and Remote Sensing Laboratory (RSL) has been educating 
engineers and future leaders in the area of radars, microwaves, communications, and remote 
sensing techniques for the 21st Century.   The RSL applies microwave remote sensing to 
improve our understanding of the ocean, atmosphere, sea ice, polar ice, vegetation, snow, soil 
moisture, and subsurface features. Activities include sensor development, data collection, 
analysis and modeling, and data dissemination. Recent projects focusing on polar ice sheet 
characterization support global climate change and sea-level rise studies as well as interplanetary 
missions. RSL has earned an international reputation and has been supported by NASA, the 
National Science Foundation, the Jet Propulsion Laboratory, the US Army, and the Office of 
Naval Research.  The RSL has several focus areas including: 1) Ice-sounding radar, 2) Ground-
penetrating radar, 3) Oceanographic radar, 4) Scanning radiometer system analysis, 5) Synthetic-
aperture radar system analysis, 6) RF and microwave engineering, and 7) Radar data analysis.  
Project areas include: 1) Ice sounding radar for mapping polar ice-sheet thickness, glacier 
profiles, and internal layering features in support of global climate change research, 2) Ground-
penetrating radar for detection of anti-personnel land mines and detecting and mapping 
subsurface containments, 3) Oceanographic sensing for mapping surface wind fields and rain 



events for climate models and surface slope for oceanographic research, 4) Synthetic aperature 
radar systems development for space based systems, data processing techniques, and image 
analysis techniques, 5) RF and microwave engineering for development of novel RF signal 
generation and signal processing systems, custom antenna systems, and data collection systems 
for remote sensing applications, and 6) Radar data analysis for reduction of raw radar signal data 
to extract information on target characteristics.  The RSL is equipped with state of the art 
electronic equipment that enables support for each of the project areas. 
 
NNSA’s Kansas City Plant 
The NNSA‘s Kansas City Plant is a Department of Energy-owned facility managed by 
Honeywell Federal Manufacturing & Technologies (FM&T)1.  Since 1949, this facility has 
procured or manufactured over 85% of the non-nuclear components and materials required for 
the nuclear stockpile.  With 3.2 million square feet and a broad range of electronic, mechanical, 
and material design, development, fabrication, and testing capabilities, the Kansas City Plant is a 
one-stop national product realization asset.  The Kansas City Plant is a distinguished member of 
the nuclear weapons complex and a partner with the National Laboratories in the design, 
development, manufacturing, and testing of our nation’s defense systems.  
 
Advanced Telemetry Technology Development 
The NNSA’s Kansas City Plant Advanced Telemetry Technology Development Program has 
supported the JTA and developmental telemetry weapons evaluation programs for over 4 
decades with remote data acquisition telemetry systems.  In addition to development and 
manufacturing of Joint Test Assembly (JTA) nuclear weapons evaluation telemetry systems, they 
have supported the NNSA's weapons evaluation program with flight test technology including 
transducer, sensor, electro-optical, analog, digital, and microwave signal processing, control, 
data processing, transmitter, receiver, and antenna developments.  These developments have 
been with core national defense customers from multi-million dollar IR&D programs directed to 
support forward looking advanced technology deliverables. 
 
AMS System Description 
 The AMS is under development at 
NNSA-KCP to support NNSA-RSL 
requirements.  An overall capability 
will be developed over multiple years 
with a baseline demonstration to be 
completed in FY04.  The first 
demonstration of this capability is to 
produce a simplex, high rate, long 
range, downlink of sensor and voice 
data from an airborne platform to a 
small, man transportable, ground 
station.  To achieve this goal, the AMS 
has two primary subsystems.  The first 
is an Airborne Transmitter (AT) that 
provides a capability to interface with 
                                                 
1 Operated for the United States Department of Energy under Contract No. DE-ACO4-01AL66850 



users, signal sources, and sensors on an airborne platform, and links them across a long range, 
wideband, wireless channel.  The second subsystem is a portable Ground Station Receiver (GSR) 
and provides receiving assets for the wireless channel with interfaces to users, data processing, 
and storage.  These two subsystems together provide an airborne data transmitter and a ground 
receiver communication system with potentially 30+ miles of range.  With isotropic antennas on 
the airborne platform, and the PAA on the GSR, the system enables automatic tracking and 
download of sensor and voice data within a very large area.  The PAA digital controller enables 
automatic search and tracking modes of the AT as it moves through the area of interest without 
large dish or large tracking mechanisms.  Because the wireless interface is configurable in terms 
of modulation, frequency, power, bandwidth, and spatial beam pointing, a number of 
applications can be implemented.  Both the AT and the GSR provide user interfaces and 
application execution within an PC operation system environment.  This enables system 
configuration and control of the wireless link, and also system function.  The wireless interface is 
based upon configurable transmit and receiver functions developed at NNSA-Kansas City Plant.  
A complex programmable logic device (CPLD) provides an interface between the PC 
environment and the wireless interface.  Integrated battery and power systems provide 
independent field operation for up to 4 hours.  Both the AT and the GSR will be iteratively 
developed at the Kansas City Plant over the next couple of years.  Each are anticipated to be less 
than 1.5 cu ft and less than 75 lbs.   
 
Phased Array Antenna Description 
The eight element antenna array design has a 
nominally fixed radiation pattern beamwidth 
both in elevation and azimuth and has been 
designed to provide electronic steering in 
azimuth.  The eight individual array elements 
exhibit a center frequency of 2.35 GHz, with a 
-3dB bandwidth of 100 MHz.  Each element is 
comprised of a planar microstrip antenna 
combined with active and passive circuitry 
including two stages of RF bandpass filtering, 
low noise RF amplifiers, voltage variable 
phase shifters, and a voltage variable 
attenuator.  The eight array elements are 
coupled together via two 4-port RF power 
combiners and a 180° hybrid coupler.  Sum 
and Delta outputs from the hybrid coupler are 
applied to an analog RF Signal Processor, 
which in turn generates scaled DC voltage 
levels that drive the voltage variable phase 
shifter circuitry on each array element.  As 
shown in Figure 1, the RF Signal Processor 
has two DC voltage level outputs, the Sum 
level and Delta level, which indicate relative 
Sum and Delta channel RF signal power 
levels received by the antenna.  The Digital 
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Control System processes Sum and Delta level information and generates a dynamic Steering 
Control signal input for the RF Signal Processor.  The Steering Control input is a DC voltage 
level which is used to shift the peak of the antenna's radiation pattern in an optimum direction 
towards a transmitter. The Gain Control (VGA) input signal is a DC level which is used to 
control the RF signal gain of a pair of variable gain amplifiers within the RF Signal Processor. 

 
AMS  TEST PLAN 

The objective of this test plan is to establish functional performance of the AMS and its long 
range, dynamic tracking wireless communication down link.  This will be completed in a series 
of static ground, and dynamic flight tests.  The ground tests provide validation of the AT and 
GSR elements while the flight demonstration will validate environmental and dynamic flight 
communication link performance.  Flight test resources were provided by NNSA-RSL and the 
flight tests were conducted at the Nevada Test Site adjacent to Nellis Air Force Base.   
 
Ground Test Plan 
The ground test segment will be focused on validation of the transmit and receive elements of the 
system.  A ground test bed is shown in the diagram.  The experiments in this phase of the plan 
are based on known ground station and transmitter assets that produce a known baseline of 
performance.  The AT and GSR functions can be inserted in this testbed and their performance 
can be benchmarked against the established baseline performance.  In this manner both the 
transmit function and the receive function can be established.  In these experiments it is not 
necessary to have a wireless channel, the testbed can be direct wired.  In this demonstration data 
transfer and voice transfer from the AT to the GSR will completed.  Signal characterization will 
be possible and link quality can be baselined.  System elements such as power system, user 
interface, application and operating system software, baseband data and signal processing, and 
the wireless interfaces can be characterized. 

Flight Test Plan 
A dynamic flight test segment will be used to demonstrate the environmental and dynamic flight 
performance of the AT and GSR.  The AT will be mounted to an airborne helicopter platform.  
The GSR will be located within 20 miles line of sight of the AT.  The performance of the link 
will be established over a range of altitude, velocities, and distances.  The results from this test 
bed can be compared to the static ground test bed for benchmarking of performance.  The 
primary difference of this testbed to the static ground testbed is the presence of the dynamic 
wireless link between the AT and GSR.  In this manner effects of Doppler shift, range, multipath, 
and environmental effects can be studied. 
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The telemetry ground station will include amplifier, receiver, demodulator, data recording, and 
storage elements necessary to close the link from the transmitter.  In this manner received data 
can be compared to data transmitted. 

 
ANTICIPATED FLIGHT TEST RESULTS 

 
Based on empirical laboratory tests of subsystems, and link analysis, sufficient link margin is 
anticipated to produce BER of less than 10-6.  User interfaces, software, baseband processing 
elements of the ground testing are expected to progress smoothly.  There will be user preferences 
identified and change requests are anticipated.  The dynamic flight tests will reveal actual link 
margins in the presence of channel noise, multipath fading, Doppler frequency shifts, and 
shadowing of antennas.  These tests will reveal details in terms of spectral distortion, signal 
strength deterioration, and bit errors leading to degraded link quality. 
 

ACTUAL FLIGHT TEST RESULTS 
 

AMS flight testing is scheduled for 9/04.  Final results were not available when this paper was 
submitted for publication.  However, the flight test data will be presented at the 2004 ITC 
conference and final conclusions will be presented at the conference. 
  

CONCLUSION 
 

The final conclusions will not be made available until the ITC conference.  An analysis between 
empirical and analytical results will be provided after the flight testing is completed in 9/04. 
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ABSTRACT 
 
Increasing gate counts in FPGA’s create an option of offering multiple waveform demodulation and 
modulation within a single transponder transceiver. Differing data rates, channel schemes, and 
network protocols can be addressed with the flexibility of software-based demodulation and 
modulation. Increased satellite longevity and reliability are benefits of software-based transceiver 
design. Newer packaging technology offers additional capability in reducing form factor and weight 
of a transponder. A review of the challenges in combining each of the above to produce the next 
generation of transponders is the subject of this paper. 
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Transponder, multi-mode, modulation, IC technology, IC packaging, FPGA, transceiver design. 
 

INTRODUCTION 
 
The processing of signals in space-based communication involves many clever schemes of data 
encoding, modulation, filtering, and amplification in order to transmit and receive information. 
Three key elements can be used to shape the discussion; namely, the radio band, modulation mode, 
and transmission format. In the case of telemetry, the interest lies in transmitting information from a 
vehicle about its status and determining its range. The same is true for control signals received at the 
vehicle. In the transponder communication scenario, marshalling effectively the improvements of 
advances in disparate but related disciplines; for example, semiconductors device physics, circuit 
design, packaging, and communication theory is the driving force for engineers, researchers, and 
marketers in improving transponder capability. 
 
The challenges of optimizing multimode transponder design can be grouped into the following areas: 
RF transceiver design, baseband design, packaging, IC technology, form factor and weight 
reduction, antennae, and network. In this paper we shall deal with all but the last item of network 
concerns in the design of a transponder and assume that the network issues can be solved to make a 
working system between ground and space. 
 



THE GENERALIZED TRANSPONDER 
 
Different solutions have been developed since the beginning of space-based communication, starting 
with Sputnik Zernli in 1957. The most common telemetry, tracking, and control transponder systems 
today in the United States are SGLS, USB, and TDRSS. Each system has different capabilities for 
the space-based communication and has different ground link systems and customers. A progression 
is proposed here for discussion on the challenges of providing more capability in an ever smaller 
form factor, with an ever greater number of users of space-based communications. The first level is 
the most common solution available today which is a transponder with one format such as SGLS or 
USB. The second level is a transponder with two modes in at least one pathway such as SGLS and 
USB. The third level is a transponder with three modes such as SGLS, USB and TDRSS. The fourth 
level is a transponder using a more spectrally efficient modulation format, e.g. 8-PSK, with higher 
data rates with ground stations, equipped to command the vehicle and receive telemetry data in the 
newer format. Each of these levels can be further characterized by three categories of radio operation 
mentioned above; namely, the bandwidth of transmission, the modulation mode, and the format of 
information. The format of information is further categorized by whether the message is data, video, 
or voice. Most transponder performance today is data but the future may require compressed voice 
and video telemetry. Some of the characteristics are shown in Table 1 for comparison amongst the 
three waveforms: SGLS, USB, and TDRSS. 
 

Table 1: Waveform Comparison [1, 2] 

Characteristic SGLS USB TDRSS 
Frequency, GHz 1.76-1.84/2.2-2.3 2.025-2.11/2.2-2.29 2.1064/2.2875 

2.0258-2.1179/2.2-2.3 
13.4-15.4 
22.55-23.55,25.25-27.5 

Polarization RHC RHC LHC, LHC or RHC 
Access FDM FDM SSA/KSA single, MA 
Modulation FSK/BPSK,PM,AM PCM/PSK,PM QPSK, SQPSK 
Spread Spectrum N/A N/A Data, command 
Data Rate 1,2 kbps/7.8-128kps 1,2,4 kbps 0.1 kbps to 25 Mbps 
Data Format NRZ or BiΦ w/-L,M,S NRZ NRZ-L,M,S 
FEC Coding User defined User defined User defined 
Data Interleaving User defined User defined User defined 
Data Encryption User defined User defined User defined 
Ranging Function PN sequence PN sequence/ tone PN sequence w/BPSK 
Data, Video, Voice Yes, No, No Yes, No, No Yes, Yes, Yes 
    

 
TRANSPONDER SIGNALS 

 
One of the main problems in transponder signal processing for multimode operation is the 
dissimilarity in modulation formats; e.g. TDRSS and SGLS [1]. The goal is to determine an efficient 
and minimal transceiver structure which accommodates three of the pertinent waveforms used in 
transponder operation. For this purpose, a brief comparison of the following waveforms is made. 



Starting with the SGLS uplink, the waveform can be described mathematically in (1) as a phase 
modulation with amplitude modulation of the subcarrier for command data. The ranging modulation 
has a pseudo-random number sequence which phase modulates the carrier causing a spread 
spectrum. The SGLS downlink is somewhat different, in that it is BPSK, which is phase modulated 
with two subcarriers for lower data rate on one channel, or no subcarriers on the other channel but 
with higher data rate. Ranging exists on the first channel with lower data rate. The USB waveform 
has two forms, which are similar to the SGLS with the following exceptions: 
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) or pulse function in (5) provides ranging for USB. For the TDRSS 
rm, which is spread by a PN sequence, is transceived with three separate 

is limited to a single user (SSA) and single user at Ka band (KSA), while 
e access (MA), can accommodate up to twenty users via a unique PN 

s leads to these observations about similarities which are shared and not 
GLS and USB are similar waveform types in that they both have power 

hich have phase modulated sinusoidal waveforms. In the case of USB, 
ed to transmit data, while SGLS does not. One of the significant 
/USB together and TDRSS is the use of Spread Spectrum for transceiving 



data in the MA service. Given these differences, can an overall receiver architecture be devised that 
would function for both waveforms? What are the implications and issues for such architecture? 
 

RF TRANSCEIVER DESIGN 
 
Receiver 
 
The design of the front-end transponder receiver and transmitter takes as many different instances as 
the number of frequency bands and modes that the transponder must transceive. So, for the receiver 
in Fig. 1, this means that a design would need to have as many front-end RF receivers, at least from 
the antenna to the Intermediate Frequency (IF) section, as frequency bands of interest or modes exist 
to demodulate. This situation increases the number of components and the size and weight of the 
receiver portion of the transponder for multimode operation. 
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ducing the number of RF receivers over a frequency spread of 2 GHz to 28 GHz used by SGLS, 
B, and TDRSS is a challenge. What are some possibilities to accomplish a reduction without 

ncern about cost? The roofing filter could be chosen easily enough to reject signals above 28 GHz. 
e problem then moves to making a frequency-selective LNA, by dynamically changing the 
onant amplifying frequency and matching of the LNA. For the resonant frequency change, 
ferent cascode transistor widths could be switched in to resonate with a fixed inductor to effect 
plification at different frequencies. Matching at the input should not change significantly thus the 

generative inductance could stay constant. This LNA design proposal would need to be based on 
 IC RF front-end as opposed to COTS and have an tf  of at least 40 GHz in order to have 



sufficient power gain at the required lower operating frequencies [4]. The higher operating 
frequencies, Ku and Ka, need a different technology, such as pHEMT. Thus, a current strategy of 
four separate receivers could be reduced to two. Different bandpass filters would need to be used to 
effect necessary attenuation outside of the passband for good image rejection on the first down 
conversion. Thus, a means of switching in different filters would be needed for the different 
frequency bandwidths over the wide range of reception posed above when combined into one 
versatile receiver front-end. The switching could be accomplished by using Micro-Electro-
Mechanically (MEM) switched filters for the required performance at each frequency bandwidth of 
interest [5]. With the downconversion achieved, a common IF stage could be used to provide 
channel selectivity [6]. 
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transmitter, unlike the receiver, could be implemented in one path using GaAs technology over 
requency spread of 2 to 28 GHz. Again using a different BPF, switched in place by MEM, could 
 for a unified path. Since multiple channels are required at the lower frequency range, a 

hesizer would be required under the baseband control. At the higher frequencies, a VCO could 
ide the LO drive for the upconversion [8]. The last feature is the combining of transmit and 
ive functions in the same baseband. 

GENERALIZED RADIO TRANSCEIVER 

mplified radio receiver was shown in Fig. 1., where detection of the RF signals is made over a 
uency range of 1.76 to 28 GHz. The range and complexity of the analog receiver is wide band. 
rly, one challenge in the RF design of a generalized transponder is to receive and transmit at the 
z, 14 GHz, and the 28 GHz bands, with the same analog components for a combined 
ceiver radio. Filtering represents another problem for a wide band receiver, at two widely 
int frequency ranges in a Super Heterodyne Receiver (SHR) design, would be extremely 

lenging, based on filter bandwidth, quality, and shape factors. An obvious but unpopular 
tion here, to make progress, is to restrict the combined receiver to a combination of waveforms 
out the KSA service in TDRSS. The sacrifice would eliminate the highest data rates at 300 
s. This is an unlikely solution for the TDRSS user. Antennae polarization in TDRSS MA 



service is also a challenge for a combined service with SGLS/USB. One solution would be multiple 
antennae with a diplexer or triplexer to switch between the required polarizations.  
 
Receiver Architectures 
 
Three possible architectures for a generalized receiver will be discussed. The first choice is to 
maintain multiple PROM’s with the software necessary for each demodulation desired, commanding 
the receiver into each mode by loading an FPGA, as shown in Fig. 3. The disadvantage of this 
receiver architecture is the number and size of PROM’s needed to hold and load each waveform 
demodulation software code and an additional receiver to manage the waveform mode selection. 
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Fig. 3: PROM-Based FPGA Receiver Design 

ll three digital demodulations could be loaded into one large FPGA, to be 
y resident, as in Fig. 4. A mode determination is then made as to which single 
 scheme is in use at a time. The advantage of this scheme is that all demodulation 
ilable without reloading. The major disadvantage is that some redundancy exists 

hree different demodulation modes, all simultaneously present. The other disadvantage 
he FPGA necessary to hold all three demodulation modes simultaneously may well 
t capacity for logic in the largest FPGA available today. This would certainly be the 
on tolerance design redundancy is required, where a 3 to 4 times increase in logic is 
roduce the radiation tolerance. Additionally, up to a 10% penalty in speed is taken for 
 logic necessary to increase the radiation tolerance of the circuit design. 
ver scheme is to combine different waveform demodulation functions into a common 
s shown in Fig. 5. To evaluate what is needed to achieve this goal, the elements 
the generalized digital demodulation are next discussed. 
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eceiver, as shown in Fig. 5, could be created by linearizing the FSK modulation of 
PSK type modulation of USB and TDRSS [9]. The mathematics for this method is 
h literature. However a summary is discussed relative to transponder design. If the 
modulation is broken down into five main elements; then, a parameter based 

 designed based on generalized receiver architecture. Instead of a modulation code 
 into a FPGA, a parameter load of much less size to a resident generalized receiver 



could be designed. The demodulation mode would be determined by the parameter load or update of 
the parameters loaded or commanded to the FPGA, in a transponder design. The parameters relative 
to a generalized digital receiver could include the code length, NRZ type, modulation mode, 
spectrum spread, and filter type, for example. NRZ mode in a transponder is NRZ with –L, M, or S 
or Bi-φ with –L, M, or S, parameterized for Table 2 as 0 to 7. Modulation format is parameterized by 
waveform. Spreading factor is parameterized by the presence of a unique pseudo-random sequence 
or not. Filter parameterization at baseband is parameterized sequentially for Butterworth, Bessel, or 
Square-Root Raised Cosine. 
 

Table 2: Generalized Receiver Parameters [10] 
 SGLS USB TDRSS 

Word Length  16-64 Barker 1023x256 
NRZ 1,2,3, or 4,5,6,7 0 2,3,4 

Modulation Format 1 2 3 
Spread 0 0 1 
Filter 1 2 3 

 
PACKAGING 
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Progress in packaging technology offers many new opport
previous assemblies. In Fig. 6 is shown the common stacke
is shown a progression to condensing the form factor by pl
of each other in a much closer proximity via a multi-chip s
could be placed in a stacked manner with separate power b
package, constructed at the wafer level on the order of die-
a vertically-stacked System-on-a-Chip (SOC) design at the
All of the progress in packaging technology offers a means
weight in transponder design. Stacked dies are more expen
 

TRENDS 
 
Improvement in packaging capabilities, shown in Fig. 8, of
increasingly smaller form factor. The trend of greater perfo
weight transponder design with mixed mode operation is a
 Fig. 7: Multichip Stack 

unities to reduce weight and size of 
d board design of transponders. In Fig. 7 
acing the major circuit components on top 
tack. Alternatively, multiple packages 
ussing. For larger chips, the newest 
sized components, offers the possibility of 
 DSP or FPGA level in the near future. 
 of significantly reducing form factor and 
sive than stacked packages [11]. 

fer increased density of design in 
rmance in smaller volume means a lower 
 near term realizable goal. 
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Fig. 9: Trend of Increasing Device Performance by feature size reduction [13] 

neously, the trend of increasing device performance, shown in Fig. 9, scaled as minimum 
ize continues to shrink, predicts higher levels of circuit and system integration at the wafer 
e limiting factors are the development of system and circuit design techniques suitable for 
on of all design disciplines on a single substrate [14]. 

CONCLUSIONS 

 of the challenges of multimode transponder design has been discussed with the goal of 
ively increasing the performance of telemetry while reducing weight and form factor. The 
d transponder performance gained could be accomplished by incorporating the latest 
s in circuit design techniques in semiconductor processes capable of simultaneous 
on of RF/Analog, mixed-signal, and digital design disciplines. Additionally, the form factor 



of transponder design could be reduced by the use of multi-chip stacked and MEM’s technology 
advances. Finally, employing the concept of linearization of phase modulated wave forms could 
provide the means of making a generalized digital baseband signal processor for multimode, 
multiformat, multiband software transponder radio. 
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ABSTRACT 
 

Digital modulation schemes that are power and bandwidth efficient are highly desirable.  
After non-linear amplification has been done, signal modulation schemes having constant 
or quasi-constant envelopes are not as susceptible to spectral regrowth as those with non-
constant envelopes. Since such distortion generates interference in the adjacent channels, 
the power operation of the amplifier in non-constant envelope modulations is typically 
backed off, resulting in systems with reduced power efficiency. On the other hand, 
constant envelope modulation may have different bandwidth spectra. This paper 
examines the statistical characteristics of N-GMSK and N-FQPSK [1] signals to assess 
the bandwidth efficiency in the presence of amplifier nonlinearities. 
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INTRODUCTION 
 
 In analog radio, interference in adjacent channels is modeled by the third order 
intermodulation product of discrete tones generated by nonlinearities in the amplifier.  
The design of RF amplifiers is constrained by maximized output power and restriction of 
out of band emissions.  To prevent emissions, the amplifier is operated in the linear 
region and the power is backed off, which limits the power conversion efficiency. 
 
On the other hand, in digital radio, characteristics of the amplifiers also play a role in the 
spectral regrowth of the different modulations.  Non-constant envelope modulations 
experience spectral regrowth, while constant envelope modulations are considered less 
sensitive.  The use of a nonlinear amplifier achieves better power efficiency, which is 
critical in a power-limited transmitter. To quantify the spectral regrowth due to nonlinear 
amplification, the previous intermodulation product model is not applicable to the digital 
modulation case.  Digital signals are characterized by their statistical properties. 
  



A qualitative tool for estimating the effects of non-linear amplification over modulation is 
the Peak-to-average ratio (PAR). The higher the PAR, the more the modulation is likely 
to suffer spectral regrowth.  Based on this criterion, O-QSPK was selected for the IS-
94CDMA reverse-link and the IS-95 CDMA forward-link standards, respectively.  
However, this measurement does not adequately assess the possible spectrum expansion 
due to the non-linear amplification.  In fact, QPSK with higher PAR than O-QSPK 
experiences less regrowth.  The explanation lies in the statistical properties of the signal, 
which determine the level of distortion caused by the non-linear amplifier [2].  Research 
has focused on predicting the Adjacent Channel Power Ratio (ACPR), defined as the 
power in the main channel divided by the power in the adjacent channels, from the input 
signal statistics [3]. 

 
For a single amplitude (N=1), GMSK has a constant envelope, and FQSPK has a quasi-
constant envelope.  For this reason, they are not very sensitive to the effects of non-linear 
amplification. Despite the fact that FQPSK is quasi-constant and should experience some 
level of regrowth, it has better bandwidth efficiency than GMSK [4]. This constant 
envelope characteristic is lost for an N-amplitude combination signal constructed after 
modulating an independent data stream with these schemes.   Although the new signal 
increases the data rate per Hz of spectrum, since it has no constant envelope it will 
experience some regrowth and distortion under non-linear amplification.  In this paper we 
study the constellation, statistical parameters such as mean, standard deviation, skewness, 
curtosis, power envelope complementary cumulative envelope distribution function 
(CCDC), and power spectral density of two modulations: N-GMSK [5] and N-FQPSK 
signals with an N values amplitude combination.   
 

 
    METHODOLOGY 

 
The simulation study follows the schematic of Figure 1 using the Matlab software packet 
to generate random data, baseband modulated signal, signal output after filtering, and 
signal output after non-linear amplification.  After amplification, the original signal is 
modified. To quantify this modification, we calculate the following characteristics: 
 

1. Constellation diagram 
2. Statistics parameters: 

 
      a) Mean Power, Pave = E [Pi], E stands for expected value. In practice, it is taken as 
the average of the sequence; ∑ Pi / # of observations 
 
      b) Peak-to-Average ratio, PAR = Pmax / Pave 
 

c) Standard Deviation or root-mean-square deviation, σ = Var  where Var is the 
variance σ2, also known as second moment (µ2) about the mean E [X] and it is given 
by Var = σ2 = E [(Pi – Pave) 2].  It is a measure of the dispersion. A large value 
suggests a large dispersion, while a small value suggests that the individual values 
cluster together. 



 
d) Skewness: It is defined as the ratio between the third moment about the mean E 
[X] and the third power of the standard deviation. It measures the symmetry of the 
distribution. A positive skewness means that the positive tail is larger. A negative 
skewness means that the negative tail is larger. 
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distribution. The normal distribution has c = 3. 
 
f) Complementary Cumulative Distribution Function (CCDF) [5].  This is a statistical 
tool to assess the probability that a given value of PAR occurs.  Crest factor, another 
parameter used and defined as the peak power versus the root-mean-square value, 
describes an extreme occurrence but it does not indicate how often this event arises.  
The shape of the CCDF can quantify the amount of time the signal hits peak values 
and is likely to be compressed by the non-linear amplification.  If there is no high 
occurrence of peak values, the signal might tolerate some clipping effects without 
greatly increasing the bit error rate.  Another consequence of the compression effect 
is the creation of harmonic terms in the adjacent frequency channels.  The level is 
measured by the ACPR. The FCC regulates this parameter. The amplification of the 
signal may be backed off, either to reach a desired bit error rate performance or to not 
exceed ACPR specification in the area.   
 
3. Power Spectral Density  
  
The simulation generates 25000 random data. Each digital data is modulated 
according to the proper modulation scheme, either GMSK or FQPSK. Each symbol is 
sampled 16 times. The total number of points processed is 25000x16.  The simulation 
is carried out in baseband.  For the simulation we use an interpolation expression that 
describes the input-output characteristics of a Class AB type amplifier.  Figure 2 
shows the gain and phase of the amplifier versus input power. We specify relative 
values for the N-levels as 2N and we modify the actual range of input power values 
obtained to adjust to the range of input power values of the graph of the amplifier 
used.  
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Figure 1 Block diagram of the simulation 
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Figure 2 Magnitude and Phase of a Class AB amplifier 

 
 

SIMULATION RESULTS 
 

The characteristics of the power envelope of a modulation scheme and the trajectory 
among the different power states generated can be analyzed through the constellation 
diagram.  Figures 3 and 4 shows the constellation for N-GMSK and N-FQPSK signals. 
As we increase the number of levels, the number of possible power states increases and 
the trajectories between states get more diversified.  By choosing exponential values of 2, 
we can get combinations up to 4 signals in which some level of opening is maintained as 
is also presented on  [5].  A combination of values of 2, 4, 6 and 8, for example, will 
close the opening for a combination of just three levels. The opening for a 4-level 
combination signal may be enlarged by choosing a proper value for the 4th level, as is 
shown in Figures 3 and 4.  The larger the opening, the smaller is the dynamic range of the 
amplifier and the less the demand for operating in the linear range of the amplifier.  We 
can observe that the behavior of both modulations is very similar.  N-FQPSK 
constellations tend to be blurrier since the modulation has more envelope variation than 
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N-GMSK. The constellation after the non-linear amplifier is slightly rotated from the one 
before amplification.  The phase relation between I and Q branches has been modified.  
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Figure 3.  N-GMSK constellation for N= 1, 2, 3, and 4 level combinations with different 
amplitudes. N=1 uses amplitude 1, N= 2 uses 1 and 8, N=3 uses amplitudes 1, 2, 4, and 
N= 4 uses amplitudes 1, 2, 4, and 10 mV respectively. By using 10 mV the opening for N 
= 4 is enlarged from the case of using 8 mV for the last level.   
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Figure 4.  N_FQPSK constellation for N= 1, 2, 3, and 4 level combinations with different 
amplitude. N=1 uses amplitude 1, N= 2 uses amplitudes 1 and 8, N=3 uses amplitudes 1, 
2, 4, N= 4 uses amplitudes 1, 2, 4, and 10 mV respectively. By using 10 mV the opening 
for N= 4 is enlarged from the case of using 8 mV for the last level.   
  
Tables 1 and 2 shows the statistical parameters calculated for N-GMSK and N-FQPSK 
before and after the non-linear amplification for this specific simulation study. Since this 
is a stochastic process, the results will vary, depending on the length of the sequence and 
run.  We can make some observations based on the trend.  As the number of levels is 
increased, the PAR value is increased, indicating a larger dispersion, as is also more 
explicit in the high values of the standard deviation.  After the non-linear amplification, 
the PAR values are reduced due to the reduction of the range of variation, which is due to 



the compression effect of the amplifier.  The small values in the skewness indicate a high 
level of symmetry.  The curtosis are positive but the tail are less fat that the one of a 
normal distribution except for the case of N=1 

Table 1 
N=1 uses amplitude 1, N= 2 uses amplitudes 1 and 2, N=3 uses amplitude 1, 2, 4, and N= 4 uses amplitude 
1, 2, 4, and 8 mV respectively. 

N-GMSK N = 1 N = 2 N = 3 N = 4 
PARAMETER Before 

NLA 
After 
NLA 

Before 
NLA 

After 
NLA 

Before 
NLA 

After 
NLA 

Before 
NLA 

After 
NLA 

PAR 1 1  1.7  1.6  2.5 2.1 2.6 2.2 
STANDARD 
DEVIATION 

0 0  3.4  29.7 14.5 138 59.1 575.3 

SKEWNESS INF INF -0.03 -0.16 0.57 0.27 0.6 0.32 
CURTOSIS INF INF 1.23 1.24 2.1 1.82 2.3 2.5 

Table 2 
 

N-FQPSK N = 1 N = 2 N = 3 N = 4 
PARAMETER Before 

NLA 
After 
NLA 

Before 
NLA 

After 
NLA 

Before 
NLA 

After 
NLA 

Before 
NLA 

After 
NLA 

PAR 1.16 1.06 2.1 1.79 2.7 2.3 3.0 2.54 
STANDARD 
DEVIATION 

0.03 0.23 2.9 28 13.9 139 54 557 

SKEWNESS -3.5 -8.3 0.003 -0.16 0.49 0.26 0.73 0.45 
CURTOSIS 44 131 1.52 1.51 2.05 1.8 2.7 2.27 

 
Figure 5 shows the CCDC curves for N-GMSK and N-FQPSK.  As N increases, the knee 
of the curve moves toward higher peak power values for the same probability of 
occurrence.  The fact that the peak value above the mean is less for a given probability 
also has a favorable performance in terms of ACPR. Comparing the graphs of both 
modulations, they are very similar.  Considering the 0.1 % probability and the 3-level 
signal, the peak values reach above 4 dB higher than average for the N-GMSK and N-
FQPSK.  However, the N-FQPSK reaches higher peak than N-GMSK at a much smaller 
probability value.  This suggests that it might need a slightly higher dynamic range in the 
amplifier.  The CCDC curves for the amplified signal shows the effect of the 
compression by moving the plots toward smaller dB value for a given probability. 
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Figure 5.   CCDF of instantaneous power above average for N-GMSK and N-FQPSK for 
N= 1, 2, 3, and 4 signals combination. N=1 uses level l, N= 2 uses level 1 and 2, N=3 
uses level 1, 2, 4, N= 4 uses level 1, 2, 4, and 8 mV respectively.  

 
 

The power spectral density for these two modulations is shown on Figure 6 versus 
frequency in unit of fTsymbols. As the N increases, the power spectral density is wider 
due to the regeneration of harmonics created by the nonlinearity of the amplifier. 
However, since as N increases more bits are transported per Hz, the bandwidth efficiency 
or bit/Hz is improved.  Although for N= 1, the power bandwidth of N-FQPSK is 
narrower, as the N increases the power spectral density of both modulation are more 
alike. At fTsymbol = 2, the normalized spectrum is –60 DB for both modulation and N=3 
and 4 levels. The N-FQPSK, for N >1, experiences more relative regrowth than the 
GMSK counterpart, which was not apparent in the CCDC curves for the particular. For 
example, for fTsymbol=1, and N=2 using amplitude 1 and 2, the power density is 
between 10 and 20 DB larger than before amplification depending on the BTb of the 
filter. In 2-GMSK and fTsymbol=1, the power density is comparable to the value before 
amplification. The value is still above the 2-FQPSK.   
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Figure 6. Power spectral density for N-GMSK and N-FQPSK for N=1, 2, 3, and 4 levels 
combination with amplitude of 1, 2, 4, and m8 V respectively. N=1 uses amplitude l, N= 
2 uses 1 and 2, N=3 uses level 1, 2, 4, N= 4 uses level 1, 2, 4, and m8 V respectively.   



 
CONCLUSIONS 

 
N-GMSK and N-FQPSK for N range from 1 to 4 levels, 2N amplitude range pattern, are 
generated and the characteristics of the power envelope have been analyzed after non-
linear amplification.  These signals offer higher spectral efficiency since they increase the 
bit/Hz ratio, but they undergo some level of spectral regrowth and distortion when non-
linear amplified. The constellations for these two modulations (and up to 4 levels) show 
that the power envelope does not pass through zero, eliminating the need of an extremely 
high dynamic range in the amplifier.  The desired BER performance and/or the required 
ACPR will determine the required back-off power of the amplifier. CCDF curves shows 
that the probability of a given peak value above the mean are alike in both modulations. 
As N increases, the signal from both modulations experiences higher peak values for the 
same probability of occurrence.  These values can be used to assess the degree of 
tolerated clipping and the operation of the amplifier. The power spectral density for N-
GMSK and N-FQPSK for N>1 experiences a level of regrowth.  Although the power 
spectral density for N-FQPSK for N >1 seems to experience more spectral regrowth than 
the corresponding N-GMSK when compared to the value before non-linear amplification, 
it still has a narrower bandwidth than GMSK.   
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Abstract: 
 
Over the last year, the Telemetry Data Center at White Sands Missile Range has 
conducted extensive comparative testing between its’ 20 year old Best Source Selector 
and several “off the shelf” selectors currently available. This paper explores the concerns 
involved in the process of selecting a new Best Source Selector and examines the 
inherent problems and differences associated with the old and new selectors.   
 
 
Introduction 
       
Telemetry Best Source Selection is a vital step of signal processing in many mission 
applications at White Sands Missile Range (WSMR).  The Telemetry Data Center (TDC) 
at WSMR serves as the primary hub for a large array of telemetry sites. During 
operations, these telemetry sites are used to acquire a single/multiple object(s) as it flies 
over the range. The resultant telemetry streams are relayed to the TDC for real-time 
signal processing, providing data for flight safety, project personnel, go/no go indications 
and flight analysis.  The Best Source Selector is intended to determine which of the 
telemetry streams tracking the test object(s) provide the best quality data at any given 
time.   
  
 
The BSS 
 
For many years, the TDC has employed a Best Source Selector (BSS) that essentially 
switches between input data streams. The BSS can be operated in either manual or auto 
mode. In the manual mode (fig 1), input data streams are selected by physically 
exercising a multiple-input / single-output switch.  
 
 
 
 

        1. 
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Figure 1 - Physical Best Source Selector
 

                                          
In auto mode (fig. 2), the switch process is based upon frame synchronization history and 
the duration of sync lock. Decommutators (decoms) are used to check the sync patterns 
of incoming telemetry streams. The BSS monitors each decom’s sync lock status. A 
“locked” condition causes the decom to output a digital value of “1” to the BSS.  
 
                            
The BSS uses a counter to determine which of the input data streams had been  “locked” 
the longest.  Whenever an input stream loses lock, i.e. takes a “hit” to its sync pattern, its’ 
counter is reset to zero. The best source output stream is analogous to a physical 
connection to the input stream with the longest contiguous “locked” condition.                                                 
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          Figure 2 -  Best Source Selector  
 
 
BSS Drawbacks   
 
 The BSS has been in operation at TDC for about 20 years. Our BSS system was 
designed and built “in house” at TDC, and has worked exceptionally well.  However, 
there are multiple problems inherent to the BSS that has made the search for a better 
system necessary.  
  
      1. The BSS inherently introduces corruption into the best source output stream. Since 
the BSS is analogous to a physical multiple-input/single-output switch, the best source 
output data stream takes a “hit” whenever a switch occurs between input streams. This 
occurs because the switch is not synchronous.  As a result, the BSS output stream often 
contains more data drops than individual input streams.  
 
      2. Switching between input data streams is inherently vulnerable to latency problems. 
Since telemetry sites are strategically scattered throughout WSMR, there is a resultant.       

  
                               2 



time delay associated with each incoming stream The length of each delay, or data 
latency, is different for each site 
Therefore, as the BSS switches between streams, the resultant output stream appears to 
jump forward or backward in time, depending upon the site selected (fig 3). 
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The physical switching characteristic of the BSS, combined with the effects of inherent 
data latency can cause the same event to appear twice on one Best Source Stream. It can 
also cause events to disappear completely.  
 
      3.  The BSS switches only analog data. For many years, telemetry data at WSMR was 
relayed primarily in analog format, i.e. bipolar Pulse Code Modulation (PCM) without 
clock.  “Off the air” data streams could be fed into Bit Synchronizers (Bit Syncs) at the 
receiving site. The data component was then transferred to the TDC as Pre-D. Once in the 
TDC, PCM input data streams were bit-synced to provide a clock component to the data 
prior to the decommutator processing.  Sometimes, signals were bit synced twice. 
 
In 2002, WSMR telemetry upgraded from an analog based data transfer system to a 
digital TTL (Transistor /Transistor Logic) based system. In this system, “off the air” data 
streams are bit synced only once, at the receiving telemetry site. Input data streams are 
transmitted to the TDC as data/clock pairs in TTL format.  In the TDC, data/clock pair 
signals are fed directly into decoms for processing. The TTL based system eliminated the 
need for bit syncs in the TDC, dramatically improved data quality and system reliability.  
 
 The BSS however, was not well suited to handle the TTL data/clock format. It was 
designed in an analog environment, and had no provisions for switching data/clock pairs. 
Since the BSS had no clock switching capability, TTL data/clock signals required 
conversion to analog PCM to allow for best source selection. The best source PCM 
stream was then reconverted to TTL data/clock format for signal processing. The 
cumbersome procedure effectively constrained performance benefits that were achieved 
by the TTL based system. 
 
 
 

       3. 



In addition, the BSS was designed to operate on input voltages levels of 1 to 2 volts, 
while TTL voltage levels can reach 5v. Using TTL voltage levels in the BSS caused the 
circuits to be overdriven, resulting in degradation of the best source output stream and a 
decrease in the overall bit rate that the BSS could handle. 
                                                                    

4. The BSS was limited by the speed of data it could process. Testing showed 
significant data deterioration at 10Mbits/sec. The current BSS would was not sufficient to 
process the high bit rates that are expected in the near future. 
 
      5. The BSS was designed and built at WSMR; hence there are no “commercial off the 
shelf” (COTS) equivalents, and only a limited number of units available.  Repairs had to 
be performed in house and documentation was old and inaccurate. 
  
      6.  The widespread adoption of mux/demux systems in telemetry relay systems forced 
the TDC to abandon the BSS.  
 
 
Breaking with Tradition 
 
Finding an acceptable Best Source Selection replacement turned out to be a much more 
difficult challenge than was originally anticipated. We started by setting the following 
criteria: 
 
Target Requirements: 
 
      1.  The new method had to be “at least” the minimum equivalent of the old                                    
method. 

2. The unit must switch digital signals (i.e. data/clock pairs). 
3. The unit must employ COTS, upgradeable technology. 
4. The unit must address the issue of data latency. 
5. Best source data streams should improve data quality or be “cleaner” than 

original streams 
6. The unit must have initial data rate requirements of 15M with 20M available 

in the near future.     
7. The unit had to be reliable enough for use in a real-time setting.  
8. The unit must integrate seamlessly into our existing processing system.  

 
The primary concern in the selection process was to acquire a system that was, at the very 
least, a current version of the BSS. The option to rebuild and upgrade the old system was 
attractive; however, it would require a large investment of manpower hours plus 
equipment costs. Industry did have several COTS switchers available, but we were 
unfamiliar with their operation and capabilities. With a limited budget and time frame in 
which to find a suitable replacement, it was decided to explore both commercial and in 
house solutions. 
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The “In House” Effort 
 
Initially our “in house” efforts of designing a replacement for the best source system 
looked promising. Suggested solutions included a software based switching unit, a hybrid 
system that coupled the BSS with a digital switch, and a complete rebuild of the BSS. All 
of these designs worked by physically switching between input data streams to form an 
output best source stream; therefore they also had many of the same deficiencies 
associated with the BSS.  Latency issues were not addressed, and we were unable 
produce a best source stream that was superior to individual input streams  
 
 Additionally, all of the “in house” plans were dependant upon a large bank of external 
decoms, which provided sync lock status for the BSS technique.  These plans were 
abandoned when we discovered, during regular equipment testing, that most of these 
decoms had become unusable. Due to the age and the cost associated with the repair, we 
decided to retire these decoms. The replacement cost of the decoms effectively ended our  
“in-house” solution effort. 
         
 
The “Out House” Effort  
 
Our first look at COTS switchers was somewhat disappointing. Only a few companies 
were actively building switchers, and these units did not meet our preconceived 
expectations of “what the vendor switcher should be”.  Although we looked at several 
units, none proved acceptable.  Models that we tested were either unreliable enough for 
real-time operations, or neglected to address our latency issues. On the plus side, the 
venders we contacted provided ideas that we had not explored, had working systems 
available, and were willing to collaborate with us in fabricating a system that met our 
requirements.   The decision was made to issue a white paper on two advanced best 
source selection concepts. The white paper was forwarded to any commercial TM vendor 
that expressed interest. After an extensive collaborative effort with several manufactures, 
we purchased the most promising switcher available. The purchase included an 
agreement with the vendor to pursue tailoring the unit to custom fit our requirements.  
 
 
The CSS  
 
The COTS Best Source Selector that best suited our needs was the Correlating Source 
Selector (CSS).  The CSS approached best source selecting from a different direction. 
Rather than using a switch approach, the CSS employs a correlator to build best source 
composite stream. The correlation process works by aligning and comparing input data 
streams. The best source output is a composite data stream derived from components of 
the input data streams. 
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Alignment of data streams is accomplished by ramping the clock rate, (bit rate) of  
streams with latency. Shorter latency data streams are delayed until longer latency 
streams “catch up”.  The best source output stream also exhibits a varying bit rate to due 
buffering and alignment compensation for the input streams. Although there is an overall 
system latency increase or penalty, it does resolves the latency issues. The varying bit 
rate does, however hold the potential of complicating the digital recording of the output 
stream. 
 
Once aligned, the correlator composites input data streams bit-by-bit using a majority 
rule basis (fig. 4).  
           

CSS Composite

Source #2

Source #3

Source #4

Selected Source 0 0 01 1 1 1 0 1 1

0 1 01 1 1 0 1 0 0

0 0 11 1 1 0 1 1 0

1 0 01 1 1 0 1 1 0

0 0 01 1 1 0 1 1 0

Figure 4 - Correlator / Majority Rule
Composite  

 
 
 The resulting best source output is a unique composite stream and is potentially cleaner 
than source data streams.  In order for correlation to occur, there must be at least three 
useable input data streams.  In situations with less than three input data streams, the CSS 
falls back into a frame sync history select method of best source selection.  
 
The CSS is interfaced via a personal computer (PC) through a network connection and 
software controlled with an Internet browser. Our CSS chassis came equipped with 8 
input/output decom cards, scaleable into Best Source switchers of 2 or more inputs; thus 
allowing multiple best sourcing to done in a single box. The CSS switches TTL 
data/clock signals pairs, and can currently handle data streams up to 20M. 
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BSS vs CSS 
 
 Before the CSS could be used in actual operations, the system required extensive testing 
to determine if it actually perform as claimed and was reliable enough to use in a real-
rime configuration.  To conduct the testing, the CSS was installed in parallel with the 
BSS. This allowed side-by-side comparison testing of the two units and provided a 
piggyback configuration for the CSS during missions operations.  
   
Operation of the CSS was not nearly as user friendly as the BSS. The BSS was hard 
wired to almost run by itself, requiring only the input of data streams and remote loading 
of external decoms.  Although interfacing to the CSS was straightforward, configuration 
loads are complicated and contained several software bugs. Even though the CSS was PC 
controlled, it initially did not have the capability of loading or saving setup files.  It was 
necessary to manually load the CSS for each application.  
 
System status for the BSS consisted of red, yellow and green light emitting diodes (LED) 
located directly on the unit.  Remote panels could be hard wired into the system for 
additional monitoring. The BSS also provided a status monitor voltage, which 
corresponded to the currently selected best source site.  The CSS relies on an Internet 
browser to provide system control and operation status. Although the browser provides a 
low cost software interface; it can be slow, cumbersome, and accounts for most of CSS 
system issues. Status pages are easy to use and employ red, yellow, blue and green 
indicators. The CSS offers a hierarchical or weighted switching scheme and allows 
channels to be selected or deselected in real time.  Additional remote monitoring of the 
CSS is accomplished by connecting PCs to the system network.  

 
 

CSS Testing   
 
        Multiple Bit Error Rate (BER) test streams were used to evaluate the performance of 
the CSS.  The BER box supplied 4 independent data streams simultaneously to both the 
CSS and BSS systems. The BER box allowed us to vary signal quality and data rates of 
individual input data streams and evaluate the effectiveness of each switcher under a 
wide range of situations. During testing, “Sync lock” status indications from all input and 
output signals were recorded on strip chart recorders (Fig. 5).  
 
This chart represents a typical test scenario. It depicts 1 data stream with zero errors 
(BER 2) and 3 streams experiencing varying error rates.  In this case, the BSS 
outperformed the CSS. Since the BSS is a selector, which changes data streams only 
upon a drop in data, the BSS output remained continuously connected to the data source 
with zero errors. Of particular interest is the CSS output. Notice that the CSS output is 
noisier or comparable to several of the input streams.  The correlator majority rule 
process likely causes this.  

       7.  



                                        

         Figure 5 - Strip Chart plot of Sync lock status         
  
 
Although this scenario is possible, it is highly unlikely a data stream with zero drops 
would occur during an actual mission or operation. 
 
The next chart depicts a typical real-time scenario in which all input data streams are of 
relatively good quality (threshold or above), each experiencing approximately 1 error per 
10,000 bits. (Fig. 6). 
 

 
 Figure 6 - Strip Chart plot of Sync lock status  
 

        
      
 This case insures that the BSS will switch input streams. Whenever the BSS switches, it 
corrupts the resultant output stream as it switches from stream to stream.  The BSS 
switching characteristic becomes apparent by comparing the BSS output stream with the 
input streams.  The CSS, which actually builds a new output stream, exhibiting relatively 
few data drops, producing an output data stream that is superior in data quality when 
compared to each of the input streams.  
 

        8. 



By examining the charts, it can be concluded that each switching system has it’s 
advantages, depending upon the quality of the input data streams. If at least one input 
stream is very clean, the BSS can produce very good results. However, if the input data 
qualities are dissimilar, the CSS is the winner.  In these tests, the BER signals being 
generated are not truly randomly distributed, but essentially equivalent.  It should be 
understood that actual mission data differs somewhat from stream to stream.  
 
 
Future Considerations 
 
A future application for the CSS includes encrypted data source selection, improved 
software interface for system control, multiple outputs of best source stream in multiple 
data formats, binary frame sync status outputs of all input channels and increased data 
rates (up to 30M).  
 
 
Conclusion  
 
After extensive tests of the CSS and the BSS, TDC has tentatively designated the CSS as 
the primary switching system. During this time, the manufacturers of the CSS have 
provided excellent support; diligently working to upgrade the system and resolved issues 
of concern.  

 
                                                         

Overall, the CSS has proved that it can consistently produce a best source output that is 
superior in quality when compared to its inputs. It addresses input data latency issues, is 
easily upgradeable, and allows for customized switching setups. Only time and several 
hundred real-time missions will determine whether the CSS will remain as our primary 
switching system.             
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THE MODULAR RANGE INTERFACE (MODRI) DATA 
ACQUISITION CAPABILITIES AND STRATEGIES 
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ABSTRACT 
 
The Modular Range Interface (ModRI) is a reliable networked data acquisition system used to 
acquire and disseminate dissimilar data. ModRI’s purpose is to connect TSPI systems to a central 
computer network. The modular hardware design consists of an SBC, COTS network interfaces, and 
other COTS interfaces in a VME form factor. The modular software design uses C++ and OO 
patterns running under an RTOS. Current capabilities of ModRI include acquisition of Ethernet, 
PCM data, RS-422/232 serial data, and IRIG-B time. Future strategies might include stand-alone 
data acquisition, acquisition of digital video, and migration to other architectures and operating 
systems. 
 
 

KEY WORDS 
 
TSPI, test range, distributed computing, real-time, network, C++, VME 
 
 

INTRODUCTION 
 
One of the primary missions of Eglin AFB, Florida, is the testing of weapon systems for multi-
service and international customers. Another is Eglin’s support of training activities from various 
DOD organizations. To accomplish these missions, Eglin utilizes ranges instrumented with data 
acquisition systems that interface with centralized real-time computer networks. Traditional methods 
used over the last 25 years connected these range data systems to real-time computer networks. 
Since no interface standards existed, each equipment manufacturer developed proprietary 
input/output (I/O) interfaces, resulting in one-of-a-kind interface systems. The unique systems that 
evolved through the course of time are now difficult to use and expensive to maintain. In order to 
provide customers with competitive and flexible solutions in an ever-changing testing environment, 
the Freeman Computer Sciences Center (FCSC) located at Eglin AFB has upgraded these legacy 
systems to modern software and hardware technologies. 
 
Customers can perform both mission control and real-time data analysis at FCSC during a test or 
training mission. FCSC also maintains the interface between the test range and real-time computer 
networks that support the customer. Previous legacy systems consist of 1970’s minicomputers coded 



in assembly language, using customized communication hardware and proprietary network 
protocols. As mentioned, these systems were both costly and difficult to maintain. Consequently, the 
FCSC developed a flexible, modular method to connect test range data systems to central real-time 
computer networks. The result was the Modular Range Interface (ModRI). The ModRI provides the 
FCSC with a reliable and easily configurable system to support connection of range data systems to 
centralized computers at any real-time test range. Currently ModRI provides the central real-time 
computer networks with Time-Space Position Information (TSPI), Global Positioning System 
(GPS), and FAA Airport Surveillance Radar (ASR) data. This paper describes the current and future 
capabilities of the ModRI along with an overview of the high-level hardware and software design. 
 
 

CURRENT CAPABILITIES 
 
ModRI is currently in production and used as the primary Standard Data Server (SDS) for all FCSC 
mission rooms. Updates to the user interface and real-time system additions continue to be 
performed, enhancing ModRI capabilities. Having utilized Commercial Off-The-Shelf (COTS) 
hardware, replacement of components and upgrades keep the cost and integration complexity to a 
minimum. In addition, FCSC built two more ModRIs to support Next Generation Mission Room 
development and range training activities. 
 

               

ModRI

WAN 

ModRI

 

ModRI

 
 

Figure 1. ModRI Range Connections 
 
Figure 1 above depicts ModRI’s interface with different range data systems. As the figure shows, 
data can be from phased-array radars tracking an aircraft; a GPS downlink system receiving position 
information from an aircraft, ship, or ground vehicle; or from a multi-positional system tracking 
ground vehicles. ModRI localizes these range-specific interface connections, receives and buffers 
incoming data, performs any needed data conversion or formatting, and sends the range data (in a 
standard format) to any real-time computer that requested the data. Current range connections allow 
transmission of tracking radar PCM data via an RS-422/232 serial protocol and other data via 



Ethernet. Data is output to the range (via slaving, control, closed loop, etc.) by the reverse of this 
process. ModRI can also transfer real-time data between ranges using Ethernet via standard Internet 
Protocol (IP) over local area network (LAN) and wide area network (WAN) links. Ethernet transfer 
can be at the UDP or Data Link (MAC) level.  
 
ModRI executes five real-time (RT) tasks that control all system operations. These tasks control RT 
data selection, receive RT data from the range data sources, send RT data to the range sites, send RT 
data to compute nodes, and provide a user interface. Each production ModRI receives RT selection, 
control, and status request via Ethernet/FDDI RT networks. ModRI’s primary purpose is to send 
input data to any RT network application processor that has requested that data. Each ModRI task 
controls access to its associated resources via three run-time configuration files. These run-time files 
reduce the need for application program changes as range data systems are added or removed, as 
well as when real-time networks are upgraded or changed. 
 
ModRI’s modular approach to hardware and software component design has maximized system 
flexibility and portability. All of the hardware and software modules supporting a specific range data 
system are interchangeable between ModRI boxes and are COTS-based. Furthermore, customers can 
transport ModRI from one range to another and simply plug ModRI into a compatible network 
connection at the new location. 
 
The maintenance cost associated with previous legacy systems has been dramatically reduced and 
overhead costs associated with those systems ($1,600/month) eliminated. In terms of reliability, 
ModRI has operated 24x7 since July 1, 2003 with no system failures. This reliability has directly 
contributed to FCSC having a very high rate for its Real-Time Mission Support performance 
indicators (On Time Mission Rate and Error-Free Mission Rate). 
 
 

HIGH LEVEL DESIGN 
 

The goal of this project was to design, develop, and operationally use ModRI for real-time mission 
support. ModRI accomplished this goal with modular hardware and software components, 
maximizing flexibility and portability while minimizing complexity and cost. The modular hardware 
design integrates modular hardware components into a COTS enclosure. Standard modular I/O 
hardware connects to the range data systems, and standard network interfaces connect to the real-
time computer networks. A single board computer (SBC) controls all the modular hardware 
supporting daughter board add-ons. The modular software design uses object-oriented design 
techniques and implements it in an object-oriented language (C++). The software development 
environment consists of a standard real-time operating system (or RTOS, which assures 
deterministic behavior) adhering to POSIX standards (ensuring platform independence). ModRI 
takes advantage of many applicable interface standards. These standards facilitate asset sharing 
between test ranges, lower the cost of testing, increase dual-use potential, and allow easy integration 
of new range data systems in a cost-effective manner. ModRI successfully demonstrated its solid 
design robustness by achieving 100% reliability for all test and training missions supported in the 
FCSC during the past 10 months. 
 
 



High Level Hardware Design: Technology has advanced to the point where it is possible to build a 
complete interface system entirely from modular COTS hardware components. Key technologies 
exploited by ModRI are VME enclosures with standard I/O hardware, fast SBCs, and standard 
network hardware. VME enclosures are very durable and reliable under extreme conditions, making 
them ideal for field use. As an industry standard for control and communications equipment, VME 
has over 5000 different interface cards supplied by more than 500 different manufacturers. Types of 
cards needed for connection to range data systems include Industry Packs for serial data (both 
asynchronous and synchronous) supporting various communication protocols (RS-232, RS-422, 
SDLC, BISYNC, and PCM); IRIG-B time code readers; precision interrupt timers; digital interfaces 
(PIO, DMA transfers), Ethernet (10/100/1000), and replicated shared memory. Figure 2 below is a 
representation of the VME chassis and card placement used by ModRI. 
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Figure 2. ModRI VME Chassis 
 
ModRI uses extremely fast 32-bit SBCs using Intel Pentium III chip technology. These SBCs plug 
into VME bus backplanes (ANSI/IEEE 1014-1987), support VME 64-bit data transfers, contain up 
to 256 MB of memory, have built-in Ethernet (IEEE 802.3) interfaces, and include a PCI bus (132 
MB/sec). The onboard PCI bus accepts a PCI mezzanine card (PMC, IEEE P1386.1) that can 
support FDDI interfaces, ATM interfaces, or a bridge to a PMC expansion module. SBCs implement 
various timers and include a SCSI-2 bus for data storage devices. 
 
High Level Software Design: To complement the modular hardware design, ModRI has a modular 
software architecture that adheres to software engineering standards. Additionally, the architecture 
called for concurrent software tasks running at different rates and priorities. To accomplish this, 
ModRI utilizes software technologies that include a POSIX-compliant RTOS, standard networking 
protocols, and an object-oriented design methodology and programming language. A widely used 
operating system for developing real-time applications is VxWorks software from Wind River 
Systems, Inc. VxWorks features a priority-based, preemptive multitasking microkernel executive 



suitable for applications requiring high-rate performance and deterministic behavior. VxWorks 
supports key industry standards including real-time POSIX (IEEE 1003.1), C/C++, and TCP/IP, and 
includes a feature-rich Integrated Development Environment (IDE). Figure 3 below shows all the 
real-time tasks executed during run-time operation of ModRI. 
 

       

{Priority: Interrupt  Cyclic : Pending}

{Priority: 70  Cyclic : Pending}
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ModRI Console

{Priority: 70  Cyclic : Pending}

NetworkReceiver
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CommandInterface

NetworkTransmitter

VirtualDevice
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{mutex}

{mutex}

{mutex}

{mutex}

{message queue}

{message queue}

{message queue}{message queue}

RtnpStatusInformation

 
 

Figure 3. Real-Time Software Tasks 
 
 

FUTURE STRATEGIES 
 

Further improvements of ModRI are being planned. Future strategies include portability for stand-
alone data acquisition, acquisition of digital video, acquisition of telemetry data, and migration to 
other architectures and operating systems. One strategy is the development of a portable stand-alone 
ModRI. This would allow the collection of range data and the storage of that data (i.e. on a 
removable onboard hard-drive). This precludes having a network involved, as is required in the 
current configuration. In remote situations or high-risk environments, ModRI could be a cost-
effective way of obtaining data from dissimilar sources. Another future strategy is the use of ModRI 
for acquisition of digital video. With the capacity to expand Ethernet connectivity with PMC cards, 
ModRI could handle multiple sources of digital video and provide users with the flexibility to view, 
process, distribute, or store that video with ease. 
 
In addition to the strategies mentioned above, ModRI could also be used to process and disseminate 
raw telemetry data alongside TSPI data. With ModRI’s flexibility, commercial bit synchronization 
cards added to ModRI could provide PCM data to existing serial Industry Packs for decommutation. 



Once ModRI acquires the raw telemetry data, compute nodes would receive the data via the existing 
real-time network. Software applications would then use the raw data for processing and display. 
Besides using current ModRI hardware, ModRI could process raw telemetry data from acquisition 
buses such as MIL-STD-1553 and ARINC-429. ModRI can easily accept commercial boards for 
these buses and their associated software drivers. With the addition of the telemetry hardware and 
software discussed, ModRI could achieve telemetry acquisition rates (30-40 Mbps) similar to 
systems specifically designed for telemetry acquisition. 
 
A final strategy would be the migration of ModRI to other hardware architectures and operating 
systems, such as CompactPCI and Linux. CompactPCI is the latest architecture to be used for 
applied computing projects. Its strengths include a smaller form factor, compatibility with Intel 
products, and a wide complement of available vendor products. The use of Linux, or more likely 
Real-Time Linux, would have two things in its favor. One is the access to the source code that would 
allow customization of the operating system to adapt to different environments and requirements. 
Another is the decrease in target license cost associated with a proprietary commercial RTOS. The 
use of a Real-Time Linux can cut the target license for each production ModRI dramatically. This 
cost saving certainly would be significant for users of multiple ModRIs. 
 
 

CONCLUSION 
 
The primary purpose of ModRI is to support real-time range data transfers for all test and training 
activities at Eglin AFB, Florida. This is accomplished with a modular hardware and software design 
that results in the quick implementation of new range data systems, provides configuration flexibility 
as systems change, and replaces legacy equipment that is expensive or impossible to maintain. 
Additionally, the use of a modular hardware and software design provides portability—any 
networked range with existing data sources can use ModRI. As discussed, standardization keeps the 
cost and complexity low. Accordingly, ModRI utilizes a variety of VME COTS hardware, standard 
network protocols, and an OO paradigm. Current capabilities of ModRI include acquisition of 
Ethernet UDP packets, PCM data, RS-422/232 serial data, and IRIG-B time. Future strategies of 
ModRI might include portability for stand-alone data acquisition, acquisition of digital video, 
acquisition of telemetry data, and migration to other architectures and operating systems. 
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ABSTRACT 
 

The use of traditional telemetry decommutation equipment can be easily expanded to create a real-
time pulse code modulation (PCM) telemetry data recorder.  However, there are two areas that create 
unique demands where architectural investment is required: the PCM output stage and the storage 
stage.  This paper details the efforts to define the requirements and limits of a traditional telemetry 
system when used as a real-time, multistream PCM data recorder with time tagging. 
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INTRODUCTION 
 
General Dynamics Advanced Information Systems (GDAIS) was invited to propose a solution to a high 
availability (Ao) PCM recording requirement supporting 24/7 space operations.  The requirements included: 
 

• Microsecond time tagging 
• Support for up to ten simultaneous PCM streams 
• No single point of failure (for example, if a PCM input malfunctions, subsequent troubleshooting and 

repair of that channel’s electronics can have no impact on any other channel’s operation or 
electronics) 

• System availability of .9999, which means that for one year or 525,600 minutes of operation, the total 
down time may not exceed ~52 minutes 

• Ability to simultaneously record and reproduce all data as well as the ability to be able to record data 
while playing data 

• System level support of 300 to 600 Mbps aggregate 
 
Traditional data and telemetry recorders are certainly robust and provide many hours of continuous operation; 
however, typical recorders are not architected to operate on a 24/7 basis. If a core element such as the media 
or a backplane becomes defective, troubleshooting brings the entire system down for repair.  Therefore, 
traditional recorders are not an acceptable approach for solving this challenge. 
 
 

BLOCK DIAGRAM 
 

The previous approach was to mechanically, logically, and electrically isolate each major system element.  
This included placement of input channels, output channels, media, and backplane—each in its own 
subsystem chassis.  Functionally, this is broken out as shown in Figure 1. 
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Figure 1. High Level Block Diagram 
 

• Each PCM channel resides in its own chassis.  The backplane connecting them is a gigabit 
Ethernet backbone.  The media is a network attached storage (NAS) device. 

• Two power rails with independent power buffering are installed in the racks, and each 
component is outfitted with auto-switchover, dual-redundant power supplies.  

• With each PCM ingest and output path as its own Ethernet node, any input or output channel 
can malfunction.  Troubleshooting has no impact on any other system components. 

 
The network implemented was a 1000-Base-TX and a 1000-Base-F network using an HP Pro-Serve managed 
switch as the backbone.  Copper (tx) connections were used in all local connectivity points while single-mode 
fiber was used for the remote input and output paths located several miles away with six input/output nodes at 
each location. 
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SOFTWARE ARCHITECTURE 
 

With the stability that Microsoft has established in its XP 
operating system (OS), XP was seen as a viable OS for a 
recorder application.  People tend to think of Windows as an 
environment that is not very stable; however, empirical data 
shows that lack of stability is a result of users not testing 
applications and drivers properly, as well as not maintaining a 
compliant universe (see side bar).  If an application is properly 
tested and properly maintained, today’s XP environment can 
be every bit as stable as any other commercial operating 
system. 
 
The newest language for software development under the 
Microsoft “.Net” (pronounced dot-net) framework is C# 
(pronounced C-sharp).  A perceived disadvantage of C# is that 
it appears to remove some of the flexibility of C++ in creating 
code.  In reality, this perceived disadvantage is actually one of 
C#’s advantages.   
 
Programmers initially resist the change in programming 
flexibility, but the improvement in stable applications is well 
worth the effort.  In addition to a Java-like garbage collector, 
C# also has strong memory management rules.  For instance, 
in C++, it is relatively easy to misallocate memory causing 
leaks and blue screens.  In C# under the .Net framework, most 
of those pitfalls are inherently prevented from ever occurring 
by the development environment itself.  
 
 

DATA INPUT AND OUTPUT 
 
Bringing 50 Mbps PCM data into and out of each node is done 
using traditional PCM decoms and PCM simulators (see Figure 2).  
Unique aspects of the decom and simulators exploited for this 
recording solution were: 
          Figure 2. Data I/O Diagram 

• The decom operates in two modes simultaneously: 
Mode 1 – Shift register mode where data is buffered into registers and shifted out with no lost bits 
and no processing to look for data validity. 
Mode 2 – Decom mode where data is buffered and searched via a frame sync correlator to establish a 
data quality value. 
 

• The simulator operates in three modes: 
Mode 1 – Memory is loaded with values, and a serial stream is created (this is the traditional PCM 
simulator mode from most vendors today). 
Mode 2 – Memory is mapped to an application, and bits are driven from software. 
Mode 3 – Memory is mapped to a data file, and data playback moves data files into a serial stream. 

 

The Compliant Universe 
Do you write memos on your 
oscilloscopes?  Of course not!  So 
why do people think it’s acceptable to 
treat personal computers as desktop 
toys instead of the precision test 
equipment they are?  If a personal 
computer is used for high reliability 
tasking (such as recording or real-
time displays), it is imperative that it 
be maintained in a “compliant 
universe” — know the versions and 
service releases of every application 
on the computer.  Once known, 
ensure that your system is tested 
before being released into its mission 
support role.  Never allow anyone to 
amend or alter any aspect of the 
personal computer.  Ideally, have one 
disk as the mission disk, which is 
protected and used only for missions, 
and a second disk for noncritical 
testing and support. 
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Having decoms with two parallel modes enabled one path to capture and store every bit that came in without 
regard to frame sync quality (think “accident investigation!”), while the second path allowed parallel data-
quality inspection and a report path so the user could monitor data quality while recording.  For the output, the 
PCM simulator was well suited for the task because it used the two modes that allowed either a) an 
application to stream data to a PCM output port or b) an application to stream data from an archive file to a 
PCM output port. 
 
Both the decom and the simulator have IRIG A, B, and G time input/output ports so that data can be time 
tagged at input with microsecond time and reproduced at output with the same microsecond fidelity. 
 
 

STORAGE COMPONENT 
 
The heart of the system is the storage subsytem.  During their investigations, engineers discovered that the 
performance of the system was determined by several factors: storage type, disk type, and a NAS-head 
operating system.  This section speaks to the data gathered during these investigations. 
 

STORAGE TYPE 
In most high-demand environments, a fiber-based storage area network (SAN) is typically advised; however, 
the costs of SAN systems are typically much higher than NAS.  Between the high cost of fiber components 
and the high cost of network management software, SANs were seen as the ideal technical choice but less 
than ideal for cost containment.  Therefore, a NAS was considered to be more attractive.  Features that 
contributed to the NAS selection were: the self-aware nature on the network, its requirement for very little 
special software to manage, its standard gigabit Ethernet connectivity, and its allowance for the 30-60 percent 
usable bandwidth required to meet system needs.  NAS was seen as a better solution to this challenge.  The 
hunt was still not over. 
 

NAS AND THE OPERATING SYSTEM 
In testing and analyzing available NAS systems, a wide variety of units were examined: 
 

• Microsoft-based server software 
• Linux-based server software 
• iSCSI-based architectures 
• Proprietary server software 

 
The representative samples for a Microsoft-based product seemed to have reasonable ability on the input side 
to accept real-time data sets, but on the reproduce side the demand often outstripped supply.  Discussions with 
the original equipment manufacturers (OEMs) yielded inconsistent theories as to why.  The most reasonable 
explanation is that the output buffers are usually smaller than the input buffers, and thus outputting data files 
is more demanding in real-time applications (but this is only one vendor’s theory).  Most of the Microsoft-
based products are assembled from open-market piece parts and the internal knowledge of the RAID 
operations is typically, but not always, low. 
 
Linux-based systems seemed to run faster than the Microsoft-based systems and they should.  If the OEM has 
the ability to strip away all of the drivers for miscellaneous media that are not of interest and can adjust the 
queue characteristics of a system for only one purpose, this should yield better performance.  But again, 
while the performance was faster, the output demands of real-time applications pushed (but not break) the 
system limits.  Note that this is not a vote for or against Microsoft and Linux—that discussion is well beyond 
the scope of this paper. 
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A new iSCSI-based system was tested and showed promise with benchmarks that were from 50 to a 100 
percent faster than other systems.  However, the beauty of this architecture quickly waned when it was 
discovered that iSCSI architectures did not allow access to the media by more than a single IP address at a 
time. (Note: The vendor we tested professed that third-party software existed to plug this performance void; 
however, it was never provided to verify this fact.) 
 
Finally, proprietary operating systems where the vendor has the flexibility to adjust the code to support one 
and only one environment and purpose should have yielded the best performance and it did.  The proprietary 
environments tested produced superior performance right out of the box.   
 
For this application, all versions (except iSCSI) would allow operation, but customization and tweaking will 
be required, with Microsoft versions requiring the most work and the proprietary software requiring the least 
amount of effort. 
 

DISK TYPE 
The next component to select was the disk family: SCSI/FC or ATA/IDE.  In reviewing these technologies, it 
was difficult to discern clear differences until the basics of SCSI versus ATA were studied. 
 
First, remember that all disks are, within themselves, an “operating system” and as such are responsible for 
some level of housekeeping and error/flow control.  For example, disks monitor their temperatures and 
recalibrate each and every time a temperature delta of ‘x’ occurs (the physical position of a magnetic domain 
is always known; heat changes will expand the media and move a block location to another physical position).  
This environment typically exists asynchronously to the computer environment with little to no feedback on 
what is happening—other than the “why is this taking an extra two seconds to open” head scratching. 
 
Furthermore, it is commonly known that SCSI-based disks typically come with a more robust firmware 
environment while ATA-based disks typically come with a simpler environment.  A simple disk environment 
requires more cycles of the host operating system.  Indeed, in discussions with vendors, no one will cite 
specific examples when comparing an ATA disk that is recovering from a media failure versus a SCSI disk 
recovering from the same type of failure—but numbers of one to two minutes for ATA versus one to two 
seconds for SCSI were commonly used.   
 
In examining the differences in speed and robustness between the SCSI and ATA designs, the difference in 
the reaction times when a disk goes off-line (bad) is noticeable—again, seconds versus minutes.  Finally, 
when a disk does fail “hard” and a system needs to remap and rebuild the data/parity sets, an ATA disk-based 
system can take from 20 to 480 minutes while a SCSI/FC-based disk is typically quoted as 10 to 240 minutes 
(naturally, these times vary widely based on system activity and processing power in the NAS head).   
 
In considering all of these factors, as well as the cost of ATA vs. SCSI/FC-based RAIDs, the desire is for an 
ATA-based RAID if the “nonavailability” of an ATA system can be accepted.  Availability of ATA devices is 
impacted by two primary factors: a) the medium takes longer to correct itself, and b) often ATA disks cannot 
have a “hot swap” controller; thus, a single point of failure exists.  This can be overcome by using a virtual 
file manager program that shares volume information among all nodes on the backbone and shares storage 
space among them.  In the event of a NAS failure, this would allow the individual node disks to be used 
temporarily until the NAS is back on line—but virtual file manager software has its own complexities and 
limitation that impact overall system performance (such as reconsolidating data from all nodes when the NAS 
becomes available again).  The primary impact of this approach is that if the NAS is off-line for repair, 
previously recorded data is not available.  Therefore, dual-disk controller architecture with this combination 
can achieve the required .9999 availability and still be sensitive to the price sensitivities that are a fiscal 
reality.  If .99999 is required, a SCSI or FC-based NAS would be the better solution. 
 



    
 

 6

CONCLUSION 
 
The design of a high-availability solution must take into account the acceptable level of serial versus parallel 
design elements, the reliability of each element, and the level of system robustness that is required (.9999 for 
~52 minutes of downtime per year or .99999 for ~five minutes of downtime per year).  While the discussion 
of parallel “k of n” binomial mathematics and the reliability block diagram components is fascinating, it is 
well beyond the venue of this paper to provide the analysis.  Suffice it to say that with all other infrastructure 
being the same, a SCSI- or FC-based NAS can provide a .99999 Ao, while an IDE/ATA based NAS will 
typically be limited to .9999. 
 
For an excellent primer on reliability information, a good web site is: 
 

www.weibull.com/systemrelwebcontents.html 
 

Note: This does not constitute any endorsement of the website nor its content, accuracy, or availability. 
 

NOTICE 
 
The life of information about storage architectures and available features is extremely short.  For example, 
iSCSI solutions with multinode simultaneous access are very common.  Therefore, use this paper as an 
example of the items to be sensitive to when designing your system solution. 
 

NOMENCLATURE 
 
1000-Base-T gigabit Ethernet 

ATA advanced technology attachment (official name of IDE drives) 

FC fiber channel 

IRIG Inter-range Instrumentation Group 

IDE Integrated Drive Electronics   

iSCSI Internet SCSI; SCSI protocol over IP 

NAS network attached storage 

PCM pulse code modulation 

RAID redundant array of inexpensive disks 

real-time data recording Process by which a continuous and contiguous data stream is captured 
and reproduced as continuous and PCM. 

SAN storage area network 

SCSI small computer system interface  

single mode fiber Optical network connections that use spectrally pure 
wavelengths of optical energy. 

telemetry front end Components that receive and simulate one or more telemetry 
streams. 
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ABSTRACT 
 
The UMR Solar Car uses a telemetry processor to collect, compute, and transmit data to the 
driver of the car and a nearby chase vehicle.  The original processor had deteriorated from 
environmental extremes and vibration.  There were also problems with electromagnetic 
interference from the high efficiency electric motor switching electronics, difficulties with the 
many unplanned additions made to the processor in the field, and the unstructured software that 
was becoming difficult to maintain.  This project consists of creating a replacement telemetry 
system that is more robust mechanically, and electrically, substantially improving the EMI 
performance of the device, and reworking the hardware and software to make it easier to 
maintain and upgrade. 
 
Keywords:  Flexible Telemetry Processor, EMI, EMC, Software Stability 
 

INTRODUCTION 
 
The UMR Solar Car current telemetry system uses a Digital Signal Processor (DSP) to collect 
sensor data and make computations such as speed and battery voltage.  The system then 
transmits the data to a chase vehicle and gives a few measurements to the driver of the car.  The 
current system consists of a Texas Instruments evaluation board interfaced with a hand-made 
daughter board that has suffered extensive environmental deterioration from road vibration and 
international shipping methods.  This deterioration has resulted in intermittent contact and 
electromagnetic compatibility (EMC) issues. 
 
This project will assess the current DSP evaluation board’s function and replace it with one of 
similar functionality.  A new daughter board to interface the DSP and solar car’s sensors will be 
designed using a four-layer printed circuit board (PCB).  The PCB will use surface mount 
technology to reduce size and allow room for future expandability on the car.  The software for 



the system will support a new real-time operating system (RTOS) to make computations and 
tasks more efficient.  The software in the current design does not use a RTOS so the new 
software will have to be modified to accommodate this.  Finally, the DSP and daughter boards 
will be stacked and installed in a weatherproof enclosure.  To improve conditions from the 
previous design, the enclosure will allow onboard access on the vehicle for debugging, but will 
also reduce susceptibility to electromagnetic interference (EMI).  Solar car racing allow the 
telemetry system to receive its power from a dedicated battery pack that can be charged off-line 
daily, and is isolated from the car’s solar array – so power consumption is not a major issue. 
 
The scope of this new telemetry computer is to improve electromagnetic compatibility and 
provide future expandability and flexibility in improving other systems on the solar car.  New 
features planned for the car include a standardized sensor bus, TCP/IP communications protocol, 
and VoIP communications for the driver. 
 

DESIGN & PROCESS 
 
Data Transfer 
 
The DSP board communicates with most sensors through Universal Asynchronous 
Receiver/Transmitters (UARTs).  The UARTs are located on the DSP daughter board, and will 
be incorporated into the PCB design.  The function of the UART is to take data bits transmitted 
from the solar car’s sensors in serial form, and group them into seven or eight bit words that the 
DSP can recognize.  One UART is needed for each communications channel and typically each 
is contained in its own package.  The previous telemetry design used the MAX3110E by Maxim 
Integrated Products and to maintain interchangeable, the new design used the same.  The 
advantage of this IC is the SPI (Serial Peripheral Interface) compatible UART along with ESD 
protected RS-232 Transceivers contained in one 28-pin package.  The function of the UART in 
the overall DSP-based telemetry can be seen in the block diagram in Figure 1.  This new design 
has one extra UART located on the daughter board for future expansion.  Note that there is also a 
UART internal to the DSP board, which is used for radio modem communication to the chase 
vehicle.  

 
Software 

 
The original solar car telemetry processor software was written in C.  The software reads the raw 
data from the system’s analog to digital converters, convert it to the appropriate units, stores it in 
a global data structure, calculates the required telemetry data and transmits the processed data to 
the chase vehicle.  The data was collected from a system of analog to digital converters (ADCs) 
located through out the vehicle.  With the exception of the current sensors, the ADCs 
communicated with the system computer on a serial communications link via the RS-232 
protocol.  The ADCs connected to the current Hall Effect sensors communicated on a serial 
communications link using the SPI protocol.  To communicate with multiple RS-232 devices the 
Solar Car Team used four external UART chips.  These external UART chips then 
communicated with the processor via the internal SPI device.  Telemetry data transmission was 
handled by an external RF radio modem which was connected to the processors internal UART 
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using an RS-232 serial communications link.  The radio modem handled the data packet 
formatting, management and modem protocol. 
 
 

 
Figure 1 – Telemetry System Block Diagram 

 
The operating system chosen for the project was Salvo RTOS by Pumpkin Inc.  Salvo has a 
priority based round robin scheduler that supports semaphores and inter-task messaging.  The 
operating system package that was purchase for this project was precompiled in a series of 
configurable library files.  Because of the large amount of program space available in the system 
the library file used for this project included all of the features of the operating system.   
 
The telemetry software was broken down into nine tasks: motor gap controller sensor, motor 
phase current for three phases, array voltage, array current, battery voltage, battery current, 
motor controller data, system battery level, driver display management and system display 
management. 
 
Monitoring Gap Controller Position: 
The task that monitors the position of the motor gap controller position communicates with an 
ADC connected to a potentiometer on the motor gap controller via UART 3.  When the task is 
created it initializes the UART to communicate at 9600 baud.  After the UART is successfully 
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initialized the task passes control to the process scheduler and waits to be released for its first 
process cycle.  Once the task is released by the operating system, it enters an infinite while loop 
in which it reads a byte of data from the UART and stores it in the global data structure via a 
pointer passed to the function from the message queue.  After the data is stored, the task has 
completed one process cycle and passes control back to the process scheduler.  In the event that 
the task is unable to communicate with the UART it signals the scheduler to kill the task.  The 
scheduler responds by killing the task and signaling the system display handler to display an 
error.  On the next schedule cycle the task will be recreated which will cause the task to 
reinitialize the UART device.  If the system will continue to attempt to reinitialize the UART 
until it succeeds or the system is shut off. 
 
Monitoring Motor Phase Current: 
The task that monitors the current of each of the three phases of the vehicle motor communicates 
with the respective ADCs using the onboard SPI device.  When the task is created it checks to 
see if the systems SPI device has been initialized.  If the system SPI device has not been 
initialized the task will initialize the device to communicate at the maximum system baud rate 
using 16 bit frames.  Following a successful initialization, or if the device has already been 
initialized, the task will pass control back to the scheduler and wait for bits to be released for its 
first process cycle.  Upon release by the scheduler the task enters an infinite while loop where it 
receives one word from each of the three ADCs and stores the raw data in the global data 
structure via a pointer provided by the message queue.  The communication sequence is as 
follows: the host initiates the transfer by setting the chip select line for the respective ADC low.  
The ADC responds by shifting out a 16-bit data frame using the clock signal provided by the 
processor.  At the end of the frame the chip select line is set high.   At the end of the third 
communication sequence the task has completed one process cycle and control is passed back to 
the scheduler.  Communication errors are handled in the same manner as described for the Gap 
Sensor Monitoring Task. 

 
Monitoring Array Voltage: 
The task that monitors the voltage on the solar array communicates through UART 4.  When the 
task is created it initializes the UART to communicate at 9600 baud.  Once the UART is 
successfully initialized the task passes control to the scheduler and waits to be released for its 
first process cycle.  When released the task enters an infinite loop where one byte is read from 
the UART and stored in the data structure via a pointer supplied by the message queue.  After the 
data has been stored the task has completed a process cycle and control is passed back to the 
scheduler.  Communication errors are handled in the same manner as described previously. 
 
Monitoring Array Current: 
The task that monitors the current from the array communicates with an ADC through the 
onboard SPI device.  When the task is created it checks to see if the SPI device has been 
initialized, if not the device is initialized with the parameters specified in the motor current 
monitoring task.  After the SPI device has been initialized or if the device has already been 
initialized the task passes control to the scheduler and waits to be released to run its first process 
cycle.  Once the task is released for the first time it enters an infinite while loop.  The data from 
the ADC is received and stored in the process previously described.  When the data has been 

 4



successfully stored the task returns control to the scheduler.  Communications errors are handled 
the same as the previous tasks.   
 
Battery Voltage Monitoring: 
The battery voltage-monitoring task communicates with the battery protection computer on an 
RS-232 serial communications link.  When the task is created it initializes UART 5 with the 
same parameters as described previously then returns control to the scheduler.  When the task is 
released to run, it requests the battery voltage level using a protocol that is yet to be determined.  
The data is stored and control is return to the scheduler.  On the previous solar car the battery 
protection computer was produced by Worley Inc.  The next version of the car is going to use a 
device built by the solar car team, which hasn’t been completed at this time.  Future versions of 
this task will also receive the temperature of the battery pack.   
 
Battery Current Monitoring: 
The task that monitors the current to and from the battery pack communicates with an ADC via 
the onboard SPI device.  The task functions in the same manner as the task that monitors the 
current to and from the motor.   
 
Motor Controller Communication: 
The task that communicates with the motor controller sends and receives data with UART 2.  
When the task is created UART 2 is initialized to communicate at 9600 baud.  A process cycle 
consists parsing the byte stream from the motor controller computer for the desired data.  The 
motor phase currents and the motor speed are stored in the global data structure and control is 
returned to the scheduler.  Communications errors are handled in the same manner as described 
above. 
 
Driver and System Display management: 
The tasks that manage the Driver and system display function in an almost similar manner.  The 
only difference being, the driver display is communicated with via UART 1, where as the system 
display is connected directly to the processor.  For the system display a subroutine was written to 
control communications across an 8-bit parallel bus.  No special subroutine was required for the 
driver display because its internal controller allows the screen to be controlled through a serial 
communications link.  The task is structured in a manner similar to the other subroutines that 
communicated via a UART.  Each process cycle the contents of an 80-character buffer are 
written to the screen.  This allows the computer to only have to update the screen every second 
instead if every time a byte in the buffer is changed.  Each screen has a separate buffer.   

 
Selection of Hardware 

 
DSP evaluation board 
The DSP evaluation board chosen for the design was the LF2407A “EZdsp” series from 
Spectrum Digital Corporation.  This will replace the previous board, a LF2407A EVM series 
evaluation board from Spectrum Digital.  Both boards incorporate the TMS320LF2407A Digital 
Signal Processor chip from TI.  The Spectrum Digital EZdsp series has less board hardware built 
into the board, making it smaller in size, which is optimal for our design.  In addition, the 
reduction in hardware on the evaluation board frees up dedicated DSP chip select (CS) lines, 
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which allows more functionality and expandability in the new design.  The new board also has a 
parallel port built-in for the JTAG interface that allows it to be flashed with the code composer 
program without having a JTAG emulator adapter, as the previous board requires.  Perhaps most 
importantly, the EZdsp series board cost only $300 as opposed to $1000 or more for the EVM 
series board. 
 
Liquid Crystal Display (LCD) 
The original design contained only a primitive display, making it difficult to debug and monitor.  
By adding an onboard LCD, debugging was much easier on the car.  This speeds the 
troubleshooting time and quickly allows the code to be changed and flashed to memory right on 
the car with a laptop.  In addition, the LCD allows us to demonstrate some of the telemetry 
system’s functional ability completely off of the solar car.  The added LCD board will be 
mounted on top of the DSP board inside the enclosure to keep the display clean and connections 
protected from weather, etc.  Structural support for the LCD has to be taken into account for the 
design of the daughter board. 
 
Enclosure 
The ideal enclosure for the system needed to provide secure mounting to the car.  It needed to be 
lightweight and close fitting to the boards to maintain the system’s small size.  In addition, it 
needed to be able to open easily to allow board changeability for the solar car team on the road 
for racing and troubleshooting.  However, the easy access container had to be dust and moisture 
proof to eliminate problems encountered with the previous solar car being shipped overseas and 
surviving shipping container fumigation.  Perhaps most importantly, it needed to sustain 
electromagnetic compatibility of the system. 
 
An EMI shielded plastic enclosure was chosen to contain the design.  The box was compact and 
allowed easy access to the enclosed system with four screws, along with providing a dust and 
moisture proof seal with a rubber gasket.  With some machining to the enclosure, the DSP board 
mounted in the very bottom with the parallel JTAG port accessible from the outside of the box.  
This was so that when the system was on the solar car and being tested, the DSP would not have 
to be removed from the box to flash the onboard memory if the software code needed to be 
changed. 
 
Connection method 
The telemetry’s interface connections were upgraded to reduce intermittent contact concerns.  
Previously, all of the interfacing DSP, daughter board, and sensor connections were made with 
non-locking sliding connections (modified pin headers – Figure 2).  Moveable connections were 
of concern because of possible interference and contact reliability in an environment sustaining 
vibration.  On the new design, the boards were secured with machine screws to the enclosure to 
remove the possibility of the contacts sliding and causing interference.  In addition, the 
connections to the solar car sensors, modem, driver’s display, and LCD were also improved for 
vibration environments.  The pin headers for these were replaced with protected locking 
connections (Figure 2). 
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Specification of the Daughter Board 
 

Since all three boards (DSP, daughter board, and LCD) required 5V power, one power supply 
was used and is located on the daughter board.  A surface mount Integrated Switching Regulator 
(ISR) from Texas Instruments was used to provide the power.  It is a highly efficient (~90%) 
DC-DC converter with a 12-volt input and 5 volt output and has maximum output of two amps. 
 
The daughter board has pin connections to line up to the DSP board sockets.  Mounting holes 
were also designed for the daughter board that will line up with the mounting holes on the DSP 
so that the two can be stacked and secured together into the bottom of the box with machine 
screws.  The daughter board will also provide structural support for the LCD to mount on top of 
it and needs additional holes for this. 
 

 
Figure 2 – Locking Connectors (Left), Old Connectors (Right) 

 
PCB Design and Assembly 

 
The software chosen to design the daughter board was EAGLE (Easily Applicable Graphical 
Layout Editor) by Cadsoft.  EAGLE had a very user-friendly interface, the capability of creating 
libraries of devices, and a convenient auto-router.   When EMI was considered, a 4-layer design 
was preferred because it would allow the trace paths be minimized with two copper power planes 
(VCC and GND). 
 
The specifications of the Solar Car’s current design and the added functionality of the redesign 
were taken into account when the schematic was created.  A bus structure was used to show the 
common connections of the UARTS and their simultaneous connections to the main interfacing 
DSP board connector.  A picture of the final schematic can be seen in Figure 3. 

 
After the conversion from schematic to layout, the parts were placed in a frame of specified size 
and the holes were placed on the design.  The holes and several connectors had to be coordinate 
to within 0.005 inch accuracy. 
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Many of the traces and vias through the board were manually routed for EMC optimization 
before the auto-router was run.  The final routed board can be seen in Figure 4. 
 
The files were converted to Gerber 274X format and sent to Sierra Proto Express for 
manufacturing.  When the board was received no flaws or errors were found, so the assembly 
process was started. 
 
The UMR Telemetry Learning Center, which houses a pick and place machine and solder reflow 
oven, was used for the assembly of the PCB.  Pictures of the pick, place and bake operation can 
be seen in Figure 5.  
 
The assembled daughter board (Figure 6) mounted nicely to the DSP board along with the LCD 
fitting on top of the assembly.  The complete three-board structure (Figure 7) was then fixed to 
the shielded enclosure that had already been modified for its accommodation (Figure 8). 
 

 
Figure 3 – Daughter Board Schematic 

 
Final Testing 
 
The assembled unit was powered and functionally tested.  The DSP board’s serial clock line had 
a malfunction, so all of the daughter board’s UARTS could not be tested.  However, the DSP 
board’s onboard UART allowed data to be sent to the daughter board’s RS-232 buffers, which 
could be verified by a PC through its serial port.  The PC was used in this loop approach to both 
control the DSP and confirm that the data was received from the UART.  This method of data 
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transfer was successful in that the data sent from the DSP was verified visually on the LCD and 
verified by the PC’s serial RS-232 port. 
 

CONCLUSION 
 
The new telemetry was designed with a new, smaller DSP board and interfaced with a printed 
circuit daughter board.  This reduced the overall size of the system while giving expanded 
capability for future data collections or functions.  The new system is expected to be more 
reliable and less susceptible to EMI by using a four-layer daughter board with surface mount 
components, a shielded enclosure, and locking connections.  The system is more robust and 
easier to install and debug on the car due to the addition of a programmable LCD.  The lifetime 
of the system is expected to be much longer due to the printed circuit daughter board design, a 
weatherproof enclosure protecting the unit from damaging environments, and secure mounting to 
withstand road vibration. 
 

 
Figure 4 – Final Daughter PCB Design 

 
 

 
Figure 5 – Pick and Place Operation 
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Figure 6 – Complete Daughter Board 

 

 
Figure 7 – Three Board Structure (from top to bottom: LCD, Daughter, DSP) 

 
 

 
Figure 8 – Complete Box Assembly  
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ABSTRACT 
 
This paper discusses the design and implementation of the base station telemetry data processing 
system for the unmanned helicopter. The system designed is composed of code synchronizer, 
decoding and frame synchronizer as well as PCI bus interface. The functions of the system are 
implemented with very large integrated circuits and a standard PCI inserted card that is compact and 
easy to install. The result of flight performance tests shows that the system is reliable and can satisfy 
the requirements of telemetry system for unmanned helicopters. 
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INRODUCTION 
 
Nowadays unmanned air vehicles (UAV) are widely used in both military and commercial fields. The 
principal advantage of UAV is absence of risk for human lives and health. As one of them, the 
unmanned helicopter has more advantages: It can take off and land flexibly with no need for runway 
and it is also highly maneuverable, whereas it is more difficult to control because of more complex 
structure.  
 
An UAV system typically comprises an airborne part with an appropriate payload and a base station. 
The telemetry and telecommand electronic system is one important part of it. The telemetry data is 
the only information source for base station to control the unmanned helicopter，and due to the 
special application conditions and the high maneuverability of the helicopter, it is very important to 
maintain a reliable telemetry data communication link between the helicopter and the base station. 
And as a part of it, the base station telemetry data processing system must be small and light while 
having reliable functions to meet the requirements of a mobile telemetry and remote command base 
station.  
 
The system discussed in this paper comprises code synchronizer, frame synchronizer; frame cache 
memory and PCI bus interface. Amongst all of them are realized in Verilog HDL language with a 
Field Programmable Gate Array (FPGA), which can be reconfigurable to adapt to a changing 



environment. 
 
In this paper the structure of the base station telemetry data processing system for the unmanned 
helicopter is introduced and the design and implementation is discussed. The design of telemetry 
data code synchronizer block is described and a newer and faster algorithm for code synchronization 
is presented in the next section. Then the method of detecting telemetry data frame synchronization 
word is given and its validity is proved. The design of telemetry data frame synchronizer block and 
the cipher code translator is described. As practice has proved, with proper structure, light weight 
and good performance, the base station telemetry data processing system can completely meet the 
requirements of telemetry system for unmanned helicopters. 
 
 

BASIC TELEMETRY SYSTEM OVERVIEW 
 
The telemetry system for the unmanned helicopter is made up of airborne and ground section. A 
block diagram of the overall telemetry system can be seen in Figure 1. 
 

Figure1. Block diagram of telemetry system 
 

In the airborne section the analog signals from telemetry sensors, servo drive system and 
telecommand system on board are assorted, transformed and amplified to low impedance voltage 
signals by signal conditioner to be gathered by data collector. The digital signals from Global 
Positioning System (GPS), navigation computer and telecommand system on board are sent directly 
to data collector, where all the signals are collected, encrypted, encoded and transformed into 
telemetry data frames. Then they radiate through the telemetry transmitter and the antenna. 
 
The ground section is composed of antenna, servo tracking system, telemetry receiver and telemetry 
data processing system. The Base station telemetry system adopts wide beam antenna and its bi-axis 
servo tracking is digitally directed. Data processing section of the ground telemetry system 
comprises code synchronizer, frame synchronizer and decoder as well as PCI bus interface. These 
functions are implemented with very large integrated circuits and standard PCI inserted card that is 
compact and easy to install. 



 
 

DATA PROCESSING SYSTEM 
 
The base station telemetry data processing system is composed of code synchronizer, frame 
synchronizer， frame cache and PCI bus interface as showed in Figure 2. The functions of decryption, 
channel decoder and data check are realized with a software method in the host PC. 
 

 
Figure 2 Block diagram of telemetry data processing system 

 
 

CODE SYNCHRONIZER 
 

The telemetry data received is a Pulse Code Modulation (PCM) bit stream, and the function of code 
synchronizer is to regenerate a clock timing signal for code regeneration and detection, even for 
frame synchronization. Most self-synchronization code synchronizers use digital Phase Lock Loop 
(PLL) to acquire the code synchronization clock. The digital PLL has many constructions, and one 
basic block diagram of digital PLL is shown in figure 3. 

 
Figure 3 Block diagram of digital PLL 



 
The reference clock generates two pulse sequences which have a period of T and have phase 
difference of T/2, ‘a’ and ‘b’ shown in figure 3. The sequence ‘a’ is added to frequency divider 
through “Always on gate” and OR gate, and the output of the frequency divider is what we need——
the code synchronization clock. On the same time, the code synchronization clock is compared with 
the received bit sequence in the phase comparator. If the code synchronization clock has a prior 
phase, the phase comparator output a “prior pulse” to close the “always on gate”, and deduct a pulse 
of sequence ‘a’, so the code synchronization clock is delayed by T. When the code synchronization 
clock has a later phase, the phase comparator output a “pulse behind” to open the “always off gate”, 
and add a pulse of ‘b’ to the input of frequency divider, so the code synchronization clock can 
advance by T. So after several adjustments, the code synchronization clock and the received 
sequence can be synchronized. 
 
In order to reduce the synchronization time, we consider about the improved structure of digital PLL. 
The new structure of digital PLL is shown in figure4. 
 

 
 

Figure 4 the Improved Structure of Digital PLL 
 
In figure 4, the phase difference signal of phase comparator enables the counter, which counts the 
period of the phase difference signal. So the output of counter figures out the value of phase 
difference. Then the control logic outputs different control pulses according to the value of phase 
difference. As the result of it, the synchronization time is reduced greatly. 
 
 

FRAME SYNCHRONIZER 
 
In order to meet the rapid acquisition requisition of telemetry system, we select synchronization 
codeword to realize the frame synchronization. The synchronization codeword is sent as part of a 
message header and a matched filter correlator is used to search it in the data stream. The block 



diagram of frame synchronization codeword detector is shown in figure 5.  
 

 

Figure 5 the Frame Synchronization Codeword Detector 

The function of frame synchronizer is realized in Verilog HDL language, as the state convert 
diagram shows in figure 6.  

 

Figure 6 the State Convert Diagram 

In addition, the telemetry system introduces the "once a key" sequence encryption algorithm which is 
quite simple and can proliferate a few errors. What is more, Channel encoding employs reduced 
cyclic code that can correct one error (8, 4) with simple algorithm for the reliability of telemetry data. 
So the telemetry data processing system has the corresponding decryption and channel decoder parts, 
which are realized with a software method in the host PC. 

 



 
CONCLUSION 

The telemetry data processing system designed is composed of code synchronizer, frame 
synchronizer, decoder as well as PCI bus interface. Amongst all of them, the code synchronizer is the 
basic component for code regeneration and detection, even for frame synchronization. With a new 
algorithm it can not only produce precise code synchronization signal but also synchronize fast. The 
functions of the system are implemented with very large integrated circuits and a standard PCI 
inserted card that is compact and easy to install. The result of flight performance tests shows that the 
system is reliable and the algorithm for code synchronization is faster than the algorithm used in the 
system before. 
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ABSTRACT 
 
IRIG-106 Chapter 5 describes a method for encoding voice using a simple circuit to reduce the 
overall bit rate and still achieve good quality voice.  This well described Continuously Variable 
Slope Delta Modulation (CVSD) circuit can be obtained using analog parts.  A more stable 
implementation of CVSD can be obtained by designing an anti-aliasing input filter, an A/D 
converter, and logic.  This paper describes one implementation of the CVSD using a standard A/D 
converter and logic. 
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INTRODUCTION 
 
To obtain reasonable quality digitized voice data, the voice signal needs to be sampled at least 8 
KSPS with at least 12 bits of resolution.  In telephone voice, the 12 bits is reduced to 8 bits by 
compressing the 12 bit signal with a non-linear compression.  This allows a larger overall range of 
signal levels, by taking advantage of a characteristic of speech that the compression is not noticeable 
to the listeners.  Another characteristic of speech is that the higher frequency signals tend to be at 
lower signal levels then the low frequency signals.  This implies a property similar to what slew 
limiting does in amplifiers.  A method of voice digitization that takes advantage of both of these 
properties is Continuously Variable Slope Delta Modulation (CVSD)  This method can compress 
telephone quality voice data from a nominal 96 KBPS for simple encoding to 16 KBPS for CVSD 
encoding, with similar quality.[3] 
 
 

BACKGROUND 
 
Delta Modulation is simply the one bit discrete output of a comparator that indicates if an estimate of 
the signal is currently less than or greater than the signal being digitized.  In Figure 1, the input 



signal is compared to an integrated version of the sampled output signal.  A sample of the input and 
output of this modulator is shown in Figure 2.  Note how the feedback signal never catches up to the 
input signal until the input signal changes direction, assuming the input signal is of a high enough 
slew rate. [3] 
 
A method to overcome this slew problem is the CVSD modulator shown in Figure 3.  In this figure, 
a new block (the “syllable integrator”) has been added.  This function recognizes when the signal 
integrator is not catching up to the input signal fast enough, by monitoring the digital output to find 
when the output is not changing state for a preset number of times.  When this occurs, the syllable 
integrator increases the signal level into the signal integrator.  As long as the output of the 
comparator stays in the same state, the syllable integrator output keeps increasing in magnitude.  
This increases the speed at which the signal integrator reaches the input signal level, as shown in 
Figure 4.  Once the signal reaches the input signal level, the digital output reverses and the syllable 
integrator starts to reduce its level.  Note, that if the digital output is inverted, the only effect in the 
receiver (decoder) will be to invert the polarity of the analog output signal, which will not be noticed 
by a listener. [3] 
 
The block diagram shown in Figures 3 is a classic analog implementation of the CVSD encoder.  A 
digital approach is shown in Figure 5.  Here the two integrators are implemented in digital logic, and 
the feedback is a 10 bit Digital to Analog (D/A) converter.  This approach provides a more 
reproducible converter, as the integration times are only a function of the clock rate, with the 
integrators implemented with digital arithmetic functions.[1]  The Harris IC [2] that uses this 
implementation is no longer in production.  Many of the voice digitizing systems already have a 12 
bit Analog to Digital encoder (A/D) on them, capable of running at 16 KSPS, and spare logic in a 
Field Programmable Gate Array (FPGA).  This paper describes an implementation of the CVSD 
function using those parts. 
 
 

IMPLEMENTATION 
 
Figure 6 shows an implementation of the CVSD encoder function using digital logic and an A/D 
converter.  The parts of this implementation are: 1) the A/D converter, 2) the input signal to 
feedback signal comparator, 3) the overload shift register, 4) the syllable filter integrator, and 5) the 
signal integrator.  Note that the system runs off of a 16 KHz clock, which meets one of the 
requirement of IRIG-106 Chapter 5 [4]. 
 
Analog to Digital Converter. 
This function is a simple 12 bit parallel converter that runs off the 16 KHz sampling clock.   The 
A/D converter outputs a signal from zero for negative full scale to all ones for positive full scale.  
Inverting the msb will change the output to two’s complement.  The A/D, in two’s complement (1.11 
format), outputs the negative full scale signal as a –1 and the positive full scale signal as + (1-lsb).  
12 bits is probably more than needed, but the A/D converter was readily available.  The two lsb’s 
could probably be deleted and not cause a discernable change in the performance. 
 
The A/D input goes through a DC bias correction circuit.  This circuit consists of a counter that 
counts up or down, depending on the level of the serial output.  The upper 8 bits of the 16 bit counter 



are added into the lower 8 bits (sign extended) of the A/D, allowing for a slow correction of DC 
offset error in the A/D converter.  This results in the A/D bias being reduced to the point that the 
serial output with no AC signal in is an alternating 101010 pattern.  The correction rate is below the 
pass band low frequency corner of the input analog band pass filter. 
 
Comparator. 
This function compares the signed magnitude of the input to the feedback signal.  When using 
VHDL “standard logic vector’s” for the comparator, the input and feedback must be in a zero to all 
ones signal basis.  This was accomplished by using the A/D signal unmodified and the feedback 
signal with the msb inverted.  Because the arithmetic circuits that generated the feedback signal use 
many more bits than the A/D, the feedback signal is truncated to match the length of the A/D. 
 
Shift register and over run detector. 
A simple two stage shift register was implemented.  The data signal and the two outputs of the shift 
register are feed into a function that produces a “one” out if the three inputs are the same.  If the 
output of this circuit is a zero, then the lower value of syllable signal is used, otherwise the higher 
value is used. 
 
Syllable level selection. 
Initially the values used were taken from the Harris part and were 1/16 for the higher level and 1/512 
(1/505) for the lower level. [1]  Simulations were run and it was found that these values met the 
IRIG spec for 24 dB compression, however, the nominal signal level for the “30% run of threes” test 
was very low compared to the full signal range of the A/D.  While this point can be set over a broad 
range, it was felt that a more useful range would be higher and the values were increased by four 
times.  Simulations were rerun and full signal level at the 800 Hz test frequency were now at 25% of 
the A/D limits.  Both of these amplitudes are pre-multiplied by the value of “1-a” so that the output 
of the syllable integrator tends to move toward the desired amplitude over time (see below).  For the 
original Harris values, this produces a signal of 16 bits long, much longer than the 12 bit A/D signal. 
 
Integrators. 
A simple digital integrator (see Figure 7) just delays a two’s complement signal by one clock and 
then adds it to the next input (a = 1).  This is a true integrator, and will move toward an infinite 
output, or a saturated output with fixed length words.  This can be modified by using only a portion 
of the input as the delayed feedback.  With the modified feedback(a<1), the output will reach a limit 
of 1/(1-a) times the input. 
 
Syllable Integrator. 
The syllable integrator is required to have a time constant of 4 to 6 milliseconds (mS).  A value of 4 
mS was selected.  With a sample rate of 16 KHz, 4 mS yields 64 samples.  Therefore “a” should be 
63/64 = 0.984375.  This was selected so that the multiplications could be performed by shifting.  
Multiplying by 63/64 is the same as multiplying by (1-1/64), which only requires shifting the input 
by six bits and subtracting, thereby simplifying the logic needed in the multiplication.  Note that the 
number of bits needed increases by 6.  
 



Modulator. 
The modulator is a circuit that simply multiplies the value of the output of the syllable integrator 
times +1 if the feedback signal needs to be increased and by –1 if the signal needs to be decreased. 
 
Output Integrator. 
The output integrator is required to have a time constant of 0.75 to 1.25 mS.  By selecting a time 
constant of 1 mS, the 16 KHz system provides 16 samples for the 1 mS.  This gives a value of “b” of 
15/16 = 0.9375.  As described before, the circuit can be implemented by using (1-1/16) as the 
multiplier, and simplifying the logic.  Note that the number of bits needed increases by 4 bits.  This 
integrator is susceptible to overflow, so logic was added to sense overflow and saturate the output. 
 
Bit Growth. 
If the multiplication function was implemented with standard multipliers, there would be bit growth 
of two times at each stage.  This would result in the final value being 64 bits long.  While the shift 
function reduces this, it does not eliminate it, and there is some bit growth.  The output of the 
syllable integrator is 22 bits long and the output of the signal integrator is 26 bits long.  This 26 bit 
signal was truncated to compare to the 12 bit A/D signal. 
 
 

VHDL CODE 
 
The VHDL code (see the appendix) was written for a XILINX FPGA, however it should be generic 
enough to be able to use with any FPGA.  The code was simulated to verify operation, however it 
was not implemented in a working system. 
 
 

CONCLUSIONS 
 
The implementation of a CVSD encoder using VHDL code has been shown to be relatively easy to 
implement.  While the decoder is not shown, it should be easy to implement using portions of the 
encoder code.  The methods of selecting the values of the multipliers have been explained to allow 
the calculation of values for other sample frequencies and A/D converter bit lengths.  Overall the 
code generated should be easily modified to meet most requirements.  While the use of straight 
forward multipliers could be implemented, the problem with bit growth of their outputs was not 
addressed. 
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FIGURE 1 Delta Modulator. 
 
 
 
  
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
FIGURE 2 Delta Modulation. 
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FIGURE 3 Continuously Variable Slope Delta Modulator. 
 
 
  
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Figure 4 Continuously Variable Slope Delta Modulation. 
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FIGURE 5 Continuously Variable Slope Delta Modulator with DAC. 
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FIGURE 6 Continuously Variable Slope Delta Modulator with A/D. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
FIGURE 7 Integrator. 
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APPENDIX 
 
---------------------------------------------------------------------------------------- 
library IEEE; 
use IEEE.std_logic_1164.all; 
use IEEE.STD_LOGIC_UNSIGNED.ALL; 
use IEEE.STD_LOGIC_ARITH.ALL; 
---------------------------------------------------------------------------------------- 
entity CVSD is 
 port ( 
  CLK:  in STD_LOGIC;  --input clock, 16 KHz 
  DECODE:  in STD_LOGIC;    --set high to activate decoder 
  A_D_DATA: in STD_LOGIC_VECTOR(11 downto 0); --output of A/D converter 
  SIGNED_INPUT: out STD_LOGIC_VECTOR(11 downto 0); --signed output of A/D converter 
  SIGNED_OUTPUT: out STD_LOGIC_VECTOR(11 downto 0); --signed output of feedback 
  UNSIGNED_OUTPUT:out STD_LOGIC_VECTOR(11 downto 0); --unsigned output of feedback 
  SERIAL_IN: in STD_LOGIC;  --input to decoder 
  SERIAL_OUT: out STD_LOGIC  --clocked output 
  ); 
end entity CVSD; 
---------------------------------------------------------------------------------------- 
architecture inside of CVSD is 
signal INPUT:    STD_LOGIC_VECTOR(11 downto 0):=X"000"; 
signal COUNT:    STD_LOGIC_VECTOR(15 downto 0):=X"0000"; 
signal DATA:    STD_LOGIC_VECTOR(2 downto 0):="000"; 
signal DATAx:    STD_LOGIC:='0'; 
signal SYLLABLE:   STD_LOGIC_VECTOR(15 downto 0):=X"0000"; 
signal SYLLABLE_SUM:   STD_LOGIC_VECTOR(21 downto 0):="00"&X"00000"; 
signal SYLLABLE_SUM_DELAY:  STD_LOGIC_VECTOR(21 downto 0):="00"&X"00000"; 
signal OUTPUT:    STD_LOGIC_VECTOR(21 downto 0):="00"&X"00000"; 
signal FEEDBACK_DATA:   STD_LOGIC_VECTOR(25 downto 0):="00"&X"000000"; 
signal FEEDBACK_DATAx:  STD_LOGIC_VECTOR(26 downto 0):="000"&X"000000"; 
signal ONE_MINUS_A_SYLLABLE_SUM: STD_LOGIC_VECTOR(21 downto 0):="00"&X"00000"; 
signal ONE_MINUS_B_FEEDBACK_DATA: STD_LOGIC_VECTOR(25 downto 0):="00"&X"000000"; 
constant MINIMUM:  STD_LOGIC_VECTOR(15 downto 0):=X"0004";--1/128*1/64 
constant MAXIMUM:  STD_LOGIC_VECTOR(15 downto 0):=X"0080";--1/4*1/64 
constant ZERO:   STD_LOGIC_VECTOR(21 downto 0):="00"&X"00000"; 
begin --architecture 
BUFFER_IN: process (CLK) -- Buffer input to make synchronous to rest of circuit 
begin 
 if rising_edge (CLK) then 
  INPUT <= A_D_DATA + (COUNT(15) & COUNT(15) & COUNT(15) & COUNT(15) & 
   COUNT(15 downto 8)); 
 end if; 
end process BUFFER_IN; 
-- 
RESTORE_BIAS: process (CLK)  
begin 
 if rising_edge (CLK) then 
  if DATA(1) = '1' then   
   COUNT <= COUNT + 1; 
  else 
   COUNT <= COUNT - 1; 
  end if; 
 end if; 
end process RESTORE_BIAS; 
-- 
COMPARE: process (INPUT,FEEDBACK_DATA,DATAx,DECODE)  
 -- Compare magnitude of input and 1's complement of output to find greater 
begin 
 if DECODE = '1' then 
  DATA(0) <= DATAx;  --used to test decoder 
 elsif ((not FEEDBACK_DATA(25)) & FEEDBACK_DATA(24 downto 14)) > INPUT then 
  DATA(0) <= '1'; 
 else 
  DATA(0) <= '0'; 
 end if; 
end process COMPARE; 
-- 
DELAY: process (CLK) -- Buffer input to make synchronous to rest of circuit 



begin 
 if rising_edge (CLK) then 
  DATAx <= SERIAL_IN;  --used to test decoder 
  DATA(1) <= DATA(0); 
  DATA(2) <= DATA(1); 
 end if; 
end process DELAY; 
-- 
SYLLABLE_MAGNITUDE: process (DATA) -- Set syllable magnitude based on DATA history 
 -- Number is pre multiplied by (1-a) 
begin 
 if DATA = "000" or DATA = "111" then 
  SYLLABLE <= MAXIMUM; 
 else 
  SYLLABLE <= MINIMUM; 
 end if; 
end process SYLLABLE_MAGNITUDE; 
-- 
SYLLABLE_SUM <= (SYLLABLE & "000000") + SYLLABLE_SUM_DELAY; --integrate 
-- 
ONE_MINUS_A_SYLLABLE_SUM <= SYLLABLE_SUM(21) & SYLLABLE_SUM(21) 
 & SYLLABLE_SUM(21) & SYLLABLE_SUM(21) & SYLLABLE_SUM(21) 
  & SYLLABLE_SUM(21) & SYLLABLE_SUM(21 downto 6);--arithmetic shift 6 
-- 
DELAY_2: process (CLK) --delay and multiply by A 
begin 
 if rising_edge (CLK) then 
  SYLLABLE_SUM_DELAY <= SYLLABLE_SUM - ONE_MINUS_A_SYLLABLE_SUM; 
 end if; 
end process DELAY_2; 
-- 
OUTPUT_MAGNITUDE: process (DATA(0),SYLLABLE_SUM) -- Set magnitude sign based on DATA 
begin 
 if DATA(0) = '0' then 
  OUTPUT <= SYLLABLE_SUM; 
 else 
  OUTPUT <= ZERO - SYLLABLE_SUM; 
 end if; 
end process OUTPUT_MAGNITUDE; 
-- 
ONE_MINUS_B_FEEDBACK_DATA <= FEEDBACK_DATA(25) & FEEDBACK_DATA(25) & FEEDBACK_DATA(25) 
 & FEEDBACK_DATA(25) & FEEDBACK_DATA(25 downto 4);--arithmetic shift by 4 
-- 
DELAY_3: process (CLK) --integrate output 
begin 
 if rising_edge (CLK) then 
  FEEDBACK_DATAx <= (FEEDBACK_DATA(25) & FEEDBACK_DATA) -  
  (ONE_MINUS_B_FEEDBACK_DATA(25) & ONE_MINUS_B_FEEDBACK_DATA) +  
  (OUTPUT(21) & OUTPUT & "0000"); 
 end if; 
end process DELAY_3; 
-- 
SATURATE: process (FEEDBACK_DATAx)  
 --test and fix overflow 
begin 
  if FEEDBACK_DATAx(26 downto 25) = "00" or  
    FEEDBACK_DATAx(26 downto 25) = "11" then --not over/under flow 
   FEEDBACK_DATA <= FEEDBACK_DATAx(25 downto 0); 
  elsif FEEDBACK_DATAx(26) = '0' then 
   FEEDBACK_DATA <= "01111111111111111111111111";--saturate for overflow 
  else 
   FEEDBACK_DATA <= "10000000000000000000000000";--saturate for underflow 
  end if; 
end process SATURATE; 
-- 
SERIAL_OUT <= DATA(0); 
SIGNED_INPUT <= (not INPUT(11)) & INPUT(10 downto 0); 
SIGNED_OUTPUT <= FEEDBACK_DATA(25 downto 14); 
UNSIGNED_OUTPUT <= (not FEEDBACK_DATA(25)) & FEEDBACK_DATA(24 downto 14); 
end architecture inside; 
---------------------------------------------------------------------------------------- 
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ABSTRACT 

This paper describes the TENA architecture, which has been proposed by the Foundation 
Initiative 2010 (FI 2010) project as the basis for future US Test Range software systems. The 
benefits of this new architecture are explained by comparing the future TENA-enabled range 
infrastructure with the current situation of largely non-interoperable range resources. 

Legacy equipment and newly acquired off-the-shelf equipment that does not directly support 
TENA can be integrated into a TENA environment using TENA Gateways. This paper focuses 
on issues related to the construction of such gateways, including the important issue of real-time 
requirements when dealing with real-world data acquisition instruments. The benefits of 
leveraging commercial off-the-shelf (COTS) Data Acquisition Systems that are based on true 
real-time operating systems are discussed in the context of TENA Gateway construction. 

KEYWORDS 

TENA, Gateway, Data Acquisition, Real Time, Distributed Systems 

THE PROBLEM 

Historically, US Test Ranges have evolved autonomously. This has resulted in considerable 
duplication of effort, inconsistent processes and procedures, and many stovepipe systems that 
don’t interoperate easily. These issues are becoming increasingly problematic for the range 
community as more and more tests now involve multiple test ranges. This trend highlights the 
need for standardization, both in terms of technological interfaces as well as in terms of 
procedures. 
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Figure 1 - Current Approach 

Figure 1 illustrates the current situation where tests involving multiple ranges almost invariably 
require custom solutions to get resources at different ranges to interoperate. The same issues 
arise to a lesser extent also within a single range, when existing individual resources, including 
new as well as legacy equipment, are utilized together in new combinations.   

TENA TO THE RESCUE 

The Foundation Initiative 2010 project attempts to address these problems with a new common 
architecture for range resources to provide [1]: 

• Cost-Effective Interoperability between test resources 

• Cost-Effective Development and Maintenance of Instrumentation Systems 

This new common architecture was given the name Test & Evaluation Network Architecture [1], 
or TENA for short. In later documents the TENA acronym is also translated as Test and Training 
ENabling Architecture [2], probably reflecting the fact that the training community was now 
considered as another important target audience for the TENA architecture. 

Special emphasis was placed on the requirement to support modular designs with the capability 
to allow range engineers to add “plug-in” features specific to their applications [2]. Furthermore, 
the incorporation of existing range resources, including legacy radar systems, was to be 
maximized. 
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The design of the TENA architecture [3] is based on a new concept called Stateful Distributed 
Object, or SDO1. The SDO concept fuses two software design paradigms into one single 
framework. The two paradigms in question are distributed objects and the publish/subscribe 
paradigm. Separately, they have been widely adopted for distributed applications, but TENA is 
probably the first major architecture that has been able to marry these two ideas into an 
integrated whole. 

Object technology has been a dominant force in the software world for many years, especially in 
the enterprise and consumer software markets, perhaps somewhat less so in the real-time and 
embedded systems markets. The main strength of object technology is its support for abstraction 
that allows designs that are expressed in terms of concepts that are meaningful to the 
application’s users. By reducing the conceptual gap between implementation-level and user-level 
entities, the resulting designs are easier to adapt as user-level requirements change. 
Communication between system designers and implementers on the one hand, and users and 
procurement staff on the other hand is also facilitated. Several distributed object frameworks 
have found widespread application, such as CORBA and DCOM. As these technologies matured 
they have also become more suitable for the more demanding applications with real-time 
requirements. An example of this development was the adoption of a Real-Time CORBA 
standard, and the availability of several compliant products. 

The publish/subscribe paradigm also has found widespread use in the real-time and embedded 
systems market with several mature middleware products [4, 5] that are targeted especially at 
these markets. The two main benefits of this paradigm are the logical decoupling of data sources 
from data sinks, and the guaranteed low-latency access to the published data values. The low-
latency aspect explains the popularity of publish/subscribe for distributed applications with real-
time requirements. 

By combining these two well-known and well-established paradigms for designing distributed 
applications, the Stateful Distributed Object framework can offer the advantages of both 
paradigms without burdening application designers with the distinct disadvantages associated 
with each paradigm when either is used in isolation. 

A Stateful Distributed Object exposes a remote method interface analogous to a CORBA or 
DCOM interface. The distributed nature of an SDO is reflected in the fact that at runtime there is 
one SDO implementation instance and zero or more remote proxy SDO instances through which 
client applications can invoke the interface’s operations. The proxies forward or delegate these 
invocations over a network to the implementation instance.  

An important addition to an SDO is the notion of a publication state. The publication state is a 
collection of data items. The latest known values of these data items are cached by the SDO 
proxy, hence allowing low-latency access without incurring the overhead of a remote invocation 
for every access. The data that comprises the SDO’s publication state is disseminated by the 
SDO’s  implementation instance on its own initiative and without explicit knowledge about the 
possible existence of proxies. This is managed transparently by the TENA middleware layer on 
                                                 
1 The TENA architecture also introduces messages and streams as basic concepts. This paper focuses exclusively on 
the more important SDO concept. 
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behalf of the SDO implementation. Figure 2 illustrates the interaction between an SDO Proxy 
and its corresponding SDO Servant. 

 

SDO Proxy

Remote Method
Interface

Publication State
Cache

SDO Servant

Remote Method
Implementation

Publication State
Implementation

Local Set/Get
Methods

disseminates

Returns results

delegates

Publish/Subscribe
Implementation

SDO Client SDO Server  

Figure 2 - Stateful Distributed Object 

From the point of view of real-time applications specifically, the notoriously long delays 
associated with remote method invocations and their unpredictability is avoided when accessing 
a remote SDO’s publication state. This is achieved without sacrificing the high-level modeling 
capability of object-oriented designs. Unlike typical low-level designs that result from a purely 
data-centric approach so often seen when publish/subscribe middleware is used by itself, designs 
in terms of Stateful Distributed Objects can benefit from the advantages of object technology 
with its abstraction capability without giving up low-latency access to the publication state of 
remote objects. 

The interface of a particular type of SDO, including its publication state, is defined using a 
platform-independent and programming language neutral specification language called TDL, the 
TENA Definition Language. The interface definition expressed in TDL serves as the contract 
between the SDO provider and its users. The plan is that TENA will provide several types of 
SDOs that have general applicability in the test range community. Additionally, the extensible 
design makes it possible to add application-specific SDOs to address requirements not covered 
by the standardized SDO types.  
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The process of standardization is expected to evolve over time, with many SDO designs first 
created as application-specific or location-specific custom extensions. A subset of these may 
prove generally useful and can then become part of a standard object model. An object model is 
a coherent set of collaborating SDOs that address a particular application domain. 

The FI 2010 project has created a reference implementation of the TENA architecture. This 
reference implementation is internally based on CORBA, a widely used distributed object 
middleware standard. The remote method interface of the SDO abstraction is mapped more or 
less directly to CORBA interfaces. The publication state concept, the other important ingredient 
of the SDO abstraction, is internally implemented in terms of CORBA remote invocations using 
the CORBA Notification Service. 

TENA-ENABLING LEGACY EQUIPMENT 

One of the original requirements for the TENA architecture was the ability to incorporate legacy 
equipment into the new infrastructure. This can be achieved by introducing so-called TENA 
Gateways. Such a gateway communicates with the legacy equipment using that equipment’s 
native API and makes the same functionality available in a TENA-compliant fashion by 
implementing one or more Stateful Distributed Objects. 

Such a gateway can use either a special-purpose system expressly designed for a particular piece 
of legacy equipment, or can use a general purpose, TENA-enabled data acquisition system. 
Either way, depending on the nature of the legacy equipment that is to be represented by the 
gateway, the TENA Gateway often must satisfy strict response time requirements. In other 
words, such instrumentation typically requires servicing within hard real-time deadlines to avoid 
data loss or worse consequences. 

The original reference implementation of TENA has been made available by the FI 2010 project 
for several platforms including MS Windows and GNU/Linux, but none of these platforms are 
suitable for hard real-time applications. Real-time systems must respond in a timely (predictable) 
way to external events. System correctness depends not only on the logical result of 
computations but also on the delivery time (latency) of the results. Note that real-time is not the 
same thing as “real-fast”. In particular, Windows and Linux systems can be fast but also have 
poor real-time behavior (occasional worst-case response time can be one hundred times worse 
than typical response time). Various attempts to extend Windows and Linux to support real-time 
requirements have met with only limited success.  

Real-time general purpose Data Acquisition Systems such as those manufactured by NetAcquire 
Corporation are designed to be configured without programming for a variety of specific data 
acquisition and control tasks. These devices run a true real-time operating system and as such 
they are a convenient base on which to build TENA Gateways. 

Given that the TENA reference implementation was based on standard components such as the 
ACE/TAO CORBA middleware product and ISO Standard C++, there is no reason in principle 
why TENA cannot be ported to a real-time operating system. 

As a proof of concept [6], NetAcquire has ported the TENA reference implementation (Version 
3) to the NetAcquire real-time platform. This was accomplished on a surprisingly short time 
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scale. The ease of porting was a consequence of several factors, an important one being the fact 
that TENA is well designed and reflects a consistent architectural vision. Also very helpful was 
the fact that the NetAcquire platform already included advanced support for CORBA as well as 
the ACE/TAO middleware product specifically. Thus, the NetAcquire TENA-enabled system 
provides not only a real-time operating system, but also other critical software infrastructure 
components needed to host a distributed data acquisition application (I/O device support, 
embedded Web server, dynamic network and data buffer management, name server, etc.). 
During the TENA port and subsequent deployments, the NetAcquire platform did in fact prove 
itself to be an effective host for real-time TENA. 

RAPID TENA SDO DEVELOPMENT 

In addition to porting the TENA middleware implementation, several SDO implementations 
were created to demonstrate the TENA functionality. Two standard Stateful Distributed Object 
types were implemented: a Time Space Position Information (TSPI) object and a Radar object 
(both object models have been used by the TENA community for other TENA proof of concept 
demonstrations).  

The TSPI object reported the GPS time and position information obtained from an attached GPS 
antenna.  

The Radar object model leverages the NetAcquire system’s ability to natively communicate 
using synchronous serial protocols to legacy radar equipment.  This Radar SDO was 
implemented as a NetAcquire Data Flow extension [7] and thereby served to illustrate an 
important advantage of utilizing a powerful, general-purpose data acquisition system to create 
TENA Gateways. As a Data Flow component, the Radar SDO does not need to be hard-coded to 
support a specific model of radar equipment. Instead, the NetAcquire Data Flow Designer (a 
graphical data flow design tool) can be used to interactively describe the input and output needs 
of a particular legacy radar system. The most important aspect in which different radar systems 
can differ is the serial frame format. This frame format can be defined easily in the Data Flow 
framework using a graphical frame map editor. 

Figure 3 shows an actual data flow diagram with the embedded Radar SDO object. The legacy 
radar serial stream enters the data flow via the Pull Reader object, the Decommutator object 
extracts individual radar data values from their respective fields in the serial data frame, a 
Computation Set performs any required transformations, for example engineering unit or 
coordinate transformations, and the results are finally fed to the TENA Radar SDO 
implementation. 
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Figure 3 - TENA Radar object within a NetAcquire Data Flow 

TENA WITHOUT PROGRAMMING 

As a demonstration of the versatility of the TENA architecture and specifically the benefits of a 
TENA-enabled general-purpose, real-time data acquisition system, a custom TENA object model 
was created that represents generic measurements in an object-oriented way (see Figure 4). The 
Measurand SDO, just like the Radar SDO, was implemented as a NetAcquire Data Flow 
extension with the name “TENA Publisher”. This TENA Publisher is a drop-in replacement for 
the standard Publisher component provided with NetAcquire products. The latter publishes 
measurands using the NetAcquire Publish/Subscribe API, which is a low-latency, push-driven 
mechanism for publishing individual measurements. The NetAcquire TENA Publisher performs 
the same function but uses the TENA Publication State concept to disseminate measurement 
updates to all interested TENA clients. 

With the Measurand object model and the corresponding NetAcquire TENA Publisher SDO 
implementation, a real-time special-purpose, TENA-enabled Data Acquisition system can be 
configured within minutes without programming. Measurement data can be acquired using any 
combination of many supported NetAcquire I/O devices, such as analog and digital I/O devices 
and telemetry signals of different formats including IRIG PCM and CCSDS multiplexed virtual 
and packet channels. 

A typical Data Flow configuration using the TENA Publisher component is shown in Figure 5. 
Here telemetry frames enter the Data Flow on the left via a PullReader, are decommutated into 
individual measurands by a Decommutator component, which are then published by the TENA 
Publisher component. The name of an input data frame map is a configuration parameter to both 
the Decommutator and the TENA Publisher. The Decommutator uses the information in the map 
to determine how individual measurands should be extracted from the input frame and the TENA 
Publisher obtains the measurand names, types, and units from the telemetry map. 
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Figure 4 - The Measurand Object Model 

The same Data Flow configuration will publish analog or digital data acquisition inputs. The 
only difference is that the PullReader would be configured to read from the appropriate data 
acquisition device instead of from a serial I/O device, and the format of the input frames as 
described by the “telemetry” map is typically simpler in this case. 

 

Figure 5 - TENA Publisher in a Data Flow 

REAL-TIME CONSIDERATIONS 

TENA gateways are often required to run in real-time. That is, the gateway must guarantee that 
both a fast and a deterministic response time as data passes through the gateway. As described 
earlier and in other references [8], general purpose desktop operating system like Microsoft 
Windows or Linux cannot meet strict real-time constraints. 
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In order to address the requirements of real-time, a real-time time operating system (RTOS) is 
normally employed. A true real-time operating system is designed from the very start with the 
primary goals of having the highest possible performance in areas such as: 

• Very fast Interrupt Service Routine (ISR) response time 

• Pre-emptive, priority-based multi-threading at the kernel layer 

• Fast task switching time 

• Priority-aware mutex, semaphore, and other inter-process communication/scheduling 
mechanisms 

• Use of non-virtual memory for predictable and timely memory management 

• Small thread time slices 

As an example, Windows typically services each process at about 200 Hz (every 5 milliseconds). 
In contrast, an RTOS such as is used on a NetAcquire system, can time slice at up to 50,000 Hz 
(every 20 microseconds), a factor of 250 times improvement. 

In addition to the RTOS itself, other software components must be specially architected to 
preserve real-time performance. 

One such case is the device driver layer. Software drivers need to be written to minimize the 
adverse effects of excessive data buffering. Network hardware device drivers are a typical 
example. Operating systems support network peripherals like Ethernet with a number of 
software-implemented layered protocols called a network “stack”. The network stack that comes 
with a desktop operating system is not real-time responsive, in that it is not priority based and 
typically does large amounts of buffering. RTOS vendors are well aware of this problem and use 
network stacks that are carefully designed to not introduce any delay, despite the existence of 
other active tasks, network retransmits, and variable latency at the computer interacting on the 
other end of the network.  

Another example is at the applications level, where it is important to take advantage of fine-
grained thread priorities and priority-based synchronization to minimize latency. A TENA 
gateway can consist of close to 30 cooperating threads—without priority-driven thread 
scheduling of a real-time application environment, data latency is significantly impacted. 

GENERAL PURPOSE REAL-TIME TENA GATEWAY PLATFORM 

Encouraged by the positive reception that these proof of concept implementations have received 
in the TENA community, NetAcquire Corporation is developing a full product release of a 
NetAcquire-hosted TENA middleware library based on the latest version of the TENA reference 
implementation (Version 4). This will include a TENA Programmer’s Toolkit comprised of 
TENA middleware header files, source files, and libraries that are specially configured for and 
ported to the NetAcquire real-time platform. In addition to the generic middleware support for 
local SDO implementations and for invoking remote SDO instances, there will be support for 
session and execution management. Local SDO implementations can utilize the full range of 
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SDO features including attributes and remote methods. User-supplied object models can be 
integrated with the help of a supplied TDL compiler. 

A version of the Measurand object model described previously will also be included to allow the 
creation of custom Data Acquisition systems without any programming required. Feedback from 
customers who tested the Measurand object model in its proof of concept incarnation was 
especially enthusiastic, and consequently it is possible that this object model or a modified 
version of it will become a standard TENA object model in the future. 

CONCLUSION 

This paper has shown several examples of leveraging the advantages of a true real-time Data 
Acquisition platform for the construction of TENA Gateways with minimal effort. Compared to 
the alternative of creating a “one-off” special-purpose TENA Gateway for every different piece 
of legacy equipment on general-purpose, desk-top operating systems, the approach proposed in 
this paper not only has the advantage of saving development time and costs, but at the same time 
can better ensure that the real-world equipment represented by the gateway will be serviced 
correctly in a timely manner, especially when hard real-time deadlines must be maintained. 
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ABSTRACT 
 
The embedded system related hardware technology has experienced rapid development, and it 
provided the software technology with a huge space for growth. Therefore using software 
approaches to perform GPS receiver functions in a powerful and generic hardware platform is 
becoming more feasible.  
In this paper, the software GPS receiver technology and the design basics of the software receiver 
are discussed. Further in the Matlab simulation environment, the implementation of a software 
receiver for replacing the processing functions of ASIC in traditional GPS receivers, i.e. RF front 
end and multi-channel correlator, is presented. Some simulation results and implementation 
details are included.  
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INTRODUCTION 
 
As a result of the recent development in both embedded systems and wireless communications, 
nowadays the software GPS (Global Positioning System) receiver is becoming a technical trend 
of GPS receivers. 
Although it’s currently hard to define the software GPS receiver, it is generally considered to be 
the design pattern to which the software radio technology is applied. There are two primary 
design goals in developing a software radio application. First, the ADC (A/D converter) should 
be positioned as close to the antenna as possible. Second, the software should perform the radio 
functions as many as possible [1]. Consequently, the software GPS receiver typically uses a 
generic hardware platform while minimizing the dedicated hardware, and relies on software 
approaches to implement most of the receiver functions. 
Compared to traditional GPS receivers, software GPS receivers offer many advantages. Some of 
these include that a closer position of the digital signal processing to the antenna allows the GPS 



measurements to be derived to high levels of accuracy, the software approach ensures a 
extensible, flexible and reconfigurable design which is easy to maintain and upgrade, and the 
introduction of the generic hardware platform simplifies the hardware components, and then the 
device cost is reduced and power saving is also achieved. 
The paper begins by describing the software GPS receiver architecture. Then the design basics 
for the software receiver are discussed. Next, the core functions of the traditional GPS receiver 
RF front end and multi-channel correlator are implement in software models in Matlab. Finally, a 
discussion of this work is presented. 
 
 

SOFTWARE GPS RECEIVER ARCHITECTURE 
 
The focus from here will be on the L1 C/A-code GPS receiver. In the traditional receiver design 
we have implemented previously, a GPS antenna, a RF front end ASIC (GP2010), a 12-channel 
correlator ASIC (GP2021) and a programmable DSP processor are employed. And the software 
on the DSP processor performs signal acquisition and tracking, and navigation processing to 
provide the position solution. 
According to the current level of the hardware technology development, it is impossible to move 
the ADC to the antenna yet, and then the RF front end in hardware form is still necessary. The 
hardware components of which the software GPS receiver consist include the antenna, the RF 
front end, and a programmable DSP（digital signal processor）of high performance or a generic 
PC platform on which all the processing is done in software. The architecture of the software 
GPS receiver is illustrated in Figure1. 
 
 
 
 
 
 
 
 
 
 

Figure 1. Architecture of the software GPS receiver 
 
For both the DSP processor and the generic PC platform, the software running on them consists 
of the following components: multi-channel correlaor, signal acquisition and tracking, and 
navigation processing. 
The generic PC platform can be a general-purpose computer, a laptop, or an embedded system 
product like PDA or mobile phone. Considering the current limitation of real-time processing for 
the microprocessor of the generic PC platform, the multi-channel correlaor is usually 
accomplished in a firmware, prior to the microprocessor, for accelerating the correlation 
operation. 
 



BASICS OF SOFTWARE GPS RECEIVER DESIGN 
 
The module-based design is important for the software GPS receiver application, which allows 
the receiver to be quickly and easily adapted to meet a broad range of current and future 
requirements, such as to support characteristic multiple frequencies and new codes signals of the 
next generation GPS satellites.  
The rough modules for the software GPS receiver are described below.  
 
RF front end module 
 
Although performed in hardware, it is required to use minimal components and be of low power. 
The traditional receiver usually consists of multiple stages of frequency down-conversion (there 
are 3 stages frequency down-conversion in GP2010). Since multiple stages introduce additional 
analog components with some potential negative consequences, a single or two stages frequency 
translation is preferred in this front end design. However the final IF frequency can be much 
higher than that of the traditional RF front end, to reach dozens of MHz typically. 
 
Multi-channel correlator module 
 
In the traditional receiver, it is performed in dedicated hardware. As the software based correlator, 
a challenging aspect is high throughput. For instance, 2MHz bandwidth signal will produce 2·106 
complex samples per second. Approximately the same amount of local replica samples needs to 
be generated along with correlation calculation. Furthermore in a multi-channel receiver, where 
several independent correlation results are to be managed, this real time task gets hardly to be 
accomplished even with modern DSP processors [2]. Therefore, the DSP processor is required to 
be of high throughput, and the algorithms involved are required to be faster. 
 
Signal acquisition and tracking module 
Navigation processing module 
 
The two modules are responsible for acquiring and tracking the GPS satellites, and calculating 
position when a sufficient number of satellites are tracked. The processing involved are 
complicated and also extremely important to the receiver, however the design is similar to that in 
the tradition receiver, so out of the scope of this paper. 
 
 

MATLAB IMPLEMENTATION 
 

Having served as key ASIC for traditional GPS receivers, the RF front end GP2010 and the 
multi-channel correlator GP2021, in particular the signal processing functions, are implemented 
in software in the Matlab simulation environment.  
 
RF front end module 
 



A generic representation of the GP2010 is shown in Figure 2. The GP2010 receives the 
1575.42MHz RF signal from a GPS antenna including a LNA, and converts it to a 4.309MHz IF 
via three stages of frequency down-conversion and the corresponding filters. The 4.309MHz IF is 
an output and further fed to a 2-bit quantiser, which produces sign and magnitude outputs. If the 
GP2010 is used in conjunction with the GP2021, then the GP2021 provides a sampling clock of 
5.714MHz. This converts the IF to a 1.405MHz 2-bit digital output. The AGC loop controls the 
quantiser, and allows the distribution of the digital output with a numerical variance of 3.4 and a 
mean of 0 [3].  
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 2. Generic GPS RF front end 
 
A received satellite signal model is required for the simulation, and the received signal from the 
antenna is down-converted directly to the final IF in the software implementation, i.e. a single 
stage frequency translation is accomplished. Based on the above-described principles of the 
GP2010, the final model for the received signal from i th GPS satellite at the point of sampling 
only with the receiver clock error is defined by [4]: 
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Where rP  = Received signal power        )(tGi  = PRN spreading sequence 

)(tDi  = Data message modulation   1Lω  = L1 carrier frequency 

rt  = Receiver clock time           dT  = Signal propagation time(delay)    

rtδ  = Advance of the receiver clock with respect to system time 

3IFω  = Sampled IF frequency       ff /∆  = Receiver clock frequency error 

TDCf  = Total frequency down conversion from L1 to sampled IF 



)( rtn = Filtered noise, modeled as additive white Gaussian noise 

This model is implemented in software, which generates each quantity in Equation (1) 
respectively, and then synthesizes the final signal gradually. Some intermediate simulation results, 
prior to the quantization, are shown in Figures 3 ~ 6, which indicate that the software model is 
effective and accurate. 
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 3. PSD of noise after filtering & sampling     Figure 4. PSD of signal before filtering 
 

 
 
 
 
 
 
 
 
 
 
 
 

Figure 5. PSD of signal after filtering           Figure 6. PSD of signal containing noise  
and clock error after sampling  
 

The 2-bit quantiser in software converts the analog IF to digital outputs, which uses an iterative 
technique for simulating the AGC function to implement a 15% occurrence of +3 or -3, and the 
35% occurrence of +1 or -1.    
 
Multi-channel correlator module 
 
A block diagram of code and carrier tracking is shown in Figure 7, in which the left represents a 
single channel of the multi-channel correlator like GP2021, while the right represents the carrier 



and code tracking loops [5,6]. Note the carrier DCO and the code DCO should be included in the 
channel, but the correction for either DCO depends on the corresponding loop control.  
 
 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 7. Block diagram of code and carrier tracking 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

 
Figure 8. The software flow for correlator 



For the GP2021, there are two correlators per channel. The correlator receives digital data from 
the RF front end, and processes the data for early, prompt and late code phase tracking. The 
results are accumulated and output. The correlator also performs the measurement for 
pseudo-range and carrier phase calculations. 
The software for correlator is the model, which generates the accumulated I (In-phase) and Q 
(Quadrature-phase) samples of the received signal, the pseudo-range (PR) and carrier phase (CP) 
measurements. A proven mathematic model for approximating the accumulated I and Q values as 
a function of carrier DCO frequency and phase errors is used, which is explained in detail in [7]. 
Furthermore, the software model generates the early, prompt and late I and Q based on the 
accumulated I and Q values, according to the code misalignment. The software flow is shown in 
Figure 8.  

 
 

CONCLUSIONS 
 

The core processing functions of the traditional GPS receiver RF front end and multi-channel 
correlator have been implemented in the software models in Matlab. The work involved 
demonstrates it is possible to replace the hardware in traditional GPS receivers with software 
implementation, and futher accomplish the complete software based GPS receiver. 
For these software models, there is a much room for enhancement and further validation, and 
there is still a considerable distance to the actual software GPS receiver. Nonetheless, the 
implemented models reveal a huge potential of the software approach for the GPS receiver 
implementation.                               
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ABSTRACT 
 
FLL’s are extensively used for fast carrier synchronization. A common approach to meet the 
wide acquisition range and sufficiently small tracking error requirements is to adopt the wide 
or narrow band FLL loop in the acquisition and tracking modes and direct switching the loop. 
The paper analyze the influence of direct switching on performance, including the narrow 
band loop convergence, transition time etc. and propose applying the Kalman filtering theory 
to realize the seamless switching (SS) with time-varying loop gains between the two different 
loop tracking state. The SS control gains for the high dynamic digital spread spectrum 
receiver is derived. Simulation results for the SS compared to the direct switching 
demonstrate the improved performance.  
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Ⅰ   INTRODUCTIONS 
 

FLL’s are extensively used for fast carrier and bit synchronization to enlarge the 
acquisiton range and shorten the synchronization time. With the developing of Digital signal 
processing Frequency locked loop(Dsp-fll) a common approach to meet the wide acquisition 
range and sufficiently small tracking error requirements is to adopt the wide or narrow band 
loop in the acquisition and tracking modes and direct switching the loop. That is to switch the 
loop parameters on the narrow band loop parameters after the first loop finish the 
convergence. it may leads to additional convergence and even unlocking under the impact of 
steady error and noise as well as the second loop with narrow band in the processing of 
practical switching. So the band of loop needs to be adjust with the limited slope and realize 
the smooth seamless swithing, consequently shorten the time of relock and reduce the risk of 
unlock. 
 
The Ⅱ-type loop is often applied to accommodate dynamics in the first acquisition and next 
tracking loop for meeting the requirments of  dynamic response and input signal type[1]. So 
the main topic of this paper is to find the strategy for the type Ⅱ loop parameters(proportinal 
and integral coefficients) variation. D.Wulich[2] made a study of the convergence of a Ⅱ



-type pll with variable loop band under the noise-free condition, this work provides the theory 
foundation for the band change of analogue loop. Driessen put forwards that DPLL bit 
synchronizer with rapid acquisition using adaptive Kalman filtering techniques[3], the 
equivalent problem of pll with a PI controller followed by VCO and Kalman filter was 
discussed in the literature [4]. So based on the above results to deduce the  seamless 
switching algorithm in Dual-loop Dsp-fll with cross-product frequency detector on noise 
circumstance is feasible and of significance. 

 
The contens of this paper is as 
follows. In section Ⅱ  the 
structure of dual-fll and the 
probem of switching is presented. 
Section Ⅲ concentrated on the 
direct switching problem and the 
Section Ⅳ focus on the seamless 
switching, including the equivalent 
problem of Ⅱ -type Fll and 
Kalman filter as well as the simulation results.  

 
ⅡTHE DUAL-FLL AND THE MODEL OF SWITCHING 

For the high Dynamics application with acceleration and jerk such as GPS and other aerocraft 
communication the Ⅱ-type Dsp-fll with cross-product frequency detector was applied, as 
figure 1, Td is the sampling interval. The output of cross-product frequency detector is 

)(kS AFC
,that is[5]: 

For the BPSK after the linearization and normalization and then define： 
fARkSf kdAFCek ∆=⋅= 2/)( (Hz) 

The closed transfer function of Fll as figure.1 is represented by  
)()()( 2

IvfPvfIvfPvf KKKsKKKsKKKsKKKsH +++=  

where fK  and vK are the frequency detector gain and VCO gain, respectively. and PK 、 IK  are 
the proportional coefficient and integral coefficient. We define vfIn KKK=2ω ； vfPn KKK=ξω2 . 

nω  is the natural frequency and ζ  is a damping factor. For the digital Fll, without lose of 
generality, we can suppose fK 、 vK is 1 ， so dnP TK ξω2= ； dnI TK 2ω= .Define 

)1/(1 11 −− −= zzTs d ，then the )(sH  becomes 
])1(1[])([)( 2121 −−−− +−++−+= zKKzKzKKzKzH PIPPIP                         (1) 

The recursive algorithm of Ⅱ-type Dsp Fll  is [1] 
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The input signal frequency can be described as Nkkrk fff += ， ),0(~ 2

NNk Nf σ  is the frequency 
jitter at the time kT. So the estimate of kf  given the FD output ef  is cf̂ , described as 
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Figure.1.  The AFC of type 2 with cross-products detector 
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frequency difference cumulation, the control value is 
                  (3) 

 
As described in the sectionⅠ, in the high dynamics or to enlarge the acquisition range, the 
first loop parameters 1PK 、 1IK  are much large then the second loop parameters 2PK 、 2IK . On 
the assumption that the input signal frequency keep constant in course of switching and 
re-tracking, that is ff rk ∆= ， 0=rkf& . The loop switch at the first loop locked time mt , 

21 PP KK a 、 21 II KK a ，the second loop locked time is lt , so the switching aims to achieve 
)min( ml tt −  and ])ˆ[( 2

mcm ffE − 、 ])ˆ[( 2
lcl ffE −  satisfy the design requirements at meantime.  

 
Ⅲ  DIRECT SWITCHING MODE 

The switching of dual-Fll is changing the loop parameters to the tracking loop parameters 
after the first loop locked. The common lock detector algorithm as follows: 
Define ∑ −=

l

i ikee ffg )()( , where nσ is tracking frequency jitter(first and second loop have 

different estimate value), thus 

α  is decided by the lock probability, when the 1=lockg , substitute 2PK 、 2IK  for 1PK 、 1IK  
directly in equation(3). The control value is calculated by the equation(3) with new loop 
parameters. Then the second loop goes into the re-locking state under the activation of initial 
value emf , and period of time later the loop finished the switching process ultimately.  
 
From equation(1) we can get  

)1()()()1(ˆ)1()(ˆ)2()1(ˆ −−−+−−−+−=+ kfKKkfKkfKKkfKkf rIPrPcIPcPc  
Define )1()1(ˆ)1( +−+=+ kfkfkf cd ，and Nkkrk fff += , so the above equation becomes 

)1()()()1()1()()2()1( −−−+−−−+−=+ kfKKkfKkfKKkfKkf NIPNPdIPdPd             (4) 
Here consider of the portion about f in differentiate equation is always equal on locked 
mode. Because the fitering property of loop, thus emf  is mainly affected by Nkf .  
The initial tracking frequncy error of direct switching point 

2/))(( 0
2 NBmfE Nd ⋅= ， )]4)([()232( 22

IPPIPPIPIN KKKKKKKKKB −+−++−=  

NB  is the equivalent noise band, due to )(mfd  is a Gaussian process approximately, so 
π22/))(( 0 ⋅⋅= NBmfE Nd

. 
 
Suppose that switch at time mk =  on equation(4), the (3) can shows that the variation of 

cmf̂∆  is little, so )(kfd  gradually converge at the zero point with initial value )(mfd . The 
time of convergence is same as the the time of natural response of general type-2 pll with the 
initial value, namely 

224~3 nconvht ωζ=− ， 22 nωζ  can be gain from 2PK 、 2IK . 
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Ⅳ  SEAMLESS SWITCHING OF DUAL-FLL 
Adopting the time-variant loop parameters is a effective way to shorten the time of natural 
response of second loop with the initial value, the pre-calculated loop parameters can be 
storaged in a real digital system and control value is calculated from (3). The algorithem is 
depicted as figure 2. 

Since the switching strategy 
must meets the requirments 
of  least square condition at 
the start and end point of 

switching firstly, so applying the Kalman model is 
a most resonable selections to solve the 
time-varying parameters adjusting problem. For the 
stable loop the time-vary loop must be arrived to 
the tracking mode with loop parameters varied to 
small finitely and gradually.  

  
For the Fll we can define [ ]

1
1

1
+

+=+
kf
kf

k &Χ , the signal model is： kkk UΦΧΧ +=+1 ，where  

assume 0=kU  at the switching, observation parameter is rkf ， and 
[ ] NkkNkkrk ffff +=+= X01 ，observation noises variance is fNkσ .  The estimate of kX  given 

)1(10 ,......,, −krrr fff  is 1/ −kkX , the  residual is ekf  and [ ] ckrkkkrkek ffff ˆ01 1/ −=−= −X . Under the 
presupposition of minimizing ))(( 2

1/1/ −− −= kkkkk E XXP , the predictor form Kalman filter is  

ekkkkkk fΦKΦXX += −+ 1//1                                                (5) 
where T

IPk
T KK ]  [=K ， then attain ekkP

k
i eiiIdckkc fKfKTff ,0 ,)1(

ˆˆ ++= ∑ =+ , so Kalman filter 
algorithm is equivalent to the recursive algorithm 
of Ⅱ-type Dsp Fll(2), described as figure 3. thus 
we can apply the closed-form kalman acquisition 
gain[4] to the loop switching process 
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2 ,  

the start and end value of switching 
mK  、

lK  are 
decided by 1/ −mmP and 1/ −llP ，that is imply that the 
loop band influence the k  of 

kK and the trend of 

kK  changing is decided by Kalman filter in such 
switching.  

 
For simulation of the Fll seamless switching, the paper simulates the carrier tracking 
algorithm of one spread spectrum receiver for high danymics. Where the first (acquisition) 
loop band is 150Hz and the second (tracking) loop band is 12Hz. The improvement in 
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Figure. 3. diagram of Kalman filter and a Fll
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Figure.2.  the realize of NCO control algorithem 

Figure.4.  The simulation of SS and direct 
switching comparison 



switching performance resulting from seamless switching is clearly evident from a 
comparison of figure.4. 

 
For the type 2 pll, the best choice of function )(tnω  is a linear one on the noise-free situation 
[2]. But Fll is differ from that, as we see from figure.1, variation of '

PK  is equivalent to 
variation of frequency estimate 

cf̂ , and we know that tracking error of type 2 loop is zeror the 
frequency ramp input, so the time founction of '

PK  should be linear and )(tKP  is quadratic 
correspondingly. 2)(max)( mtktPKtPK −−= λ , λ is the rate of '

PK  variation and requires 2
nωλ <  for 

fixed parameters typeⅡloop. Now because the loop parameters is time-varying, so we take 
2

minnω as limitation, the former equation becomes 
2

2
min

max )(
4

)( mkKKkK P
PP −−=

ζ
; this is the most quick variation of loop parameters limitation. 

Ⅵ  CONCLUSION 
The kalman filter model of Ⅱ-type Frequency locked loop with cross-product frequency 
detect algorithm is derived. The performance of direct switching including initial switching 
tracking error and reconvegence time was gained. Through the analysis of direct switching of 
Dual-loop and simulation results, it is show that the direct switching needs the reconvergence 
under the impact of initial values obviously and thus lose of the time usability. 
 
Based on the equivalent analyse of Fll and Kalman filter algorithm, time-varying gain 
changes according as the closed-form kalman acquisition gain in the loop switching process. 
This makes the implement more convinence. The analyse and simulation show that the SS is a 
short-time and smooth way of switching. At last,gain the most quick variation of loop 
parameters limitation.. But about the performance of switching under the control of maximum 
slope of Kk still needs more research work.  
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ABSTRACT

Transmit diversity schemes such as the Alamouti space-time code have been shown to be
viable candidates to enable robust dual-antenna transmission from maneuvering air vehi-
cles. However, due to the complicated structure of shaped offset quadrature phase shift
keying (SOQPSK) modulation, the Alamouti approach has not been applicable to SOQPSK
systems. This paper develops a precoding and detection algorithm which allows implementa-
tion of dual-antenna Alamouti signaling for SOQPSK modulation. Performance simulations
demonstrate the performance of the scheme for a realistic flight scenario.

KEYWORDS

Transmit Diversity, Dual-Antenna Transmission, SOQPSK

INTRODUCTION

Dual-antenna transmission is commonly used in aeronautical telemetry systems to overcome
the signal obstruction encountered during aggressive air-vehicle maneuvering. However, in
the frequent scenario where neither antenna is obstructed, such an approach leads to self-
interference that can significantly degrade communication performance. We have recently
shown that orthogonal transmit diversity schemes (space-time codes) can be used to allow
reliable dual-antenna transmission from a maneuvering air-vehicle [1]. However, applica-
tion of these schemes to spectrally efficient modulation schemes of current interest such as
shaped offset quadrature phase shift keying (SOQPSK) is complicated by the offset modu-
lation approach, inter-symbol interference associated with the overlapping pulse shapes, and
differential encoding applied at transmission.

In this paper, we propose a modification of Alamouti’s dual-antenna transmit diversity
scheme [2] appropriate for SOQPSK modulation. The approach uses a bit-to-symbol map-
ping that works with the differential encoding currently used in aeronautical telemetry and



enables the orthogonal transmission required for reliable communication performance. De-
tection of the received symbols requires implementation of a trellis decoder that incorporates
knowledge of the inter-symbol interference and offset nature of the modulation. Detailed sim-
ulation results using a channel model that incorporates realistic air-vehicle motion and signal
obstruction during flight demonstrate the performance of the technique.

TRANSMISSION SCHEME DEVELOPMENT

Alamouti Transmit Diversity
We will first review the basics of the dual-antenna Alamouti diversity scheme [2]. Let s(n)

and s(n+1) represent two consecutive quadrature phase shift keyed (QPSK) symbols, where
the superscript represents a time index. During symbol time n, antenna #1 transmits s(n)

while antenna #2 transmits s(n+1). During symbol time n+1, antenna #1 transmits −s∗(n+1)

and antenna #2 transmits s∗(n). For a single receive antenna collecting the radiation from
both transmit antennas, we can write the signal received over these two symbol times as

r(n) =

[
r(n)

r(n+1)∗

]
=

1√
2

[
h1 h2

h∗2 −h∗1

]

︸ ︷︷ ︸
H

[
s(n)

s(n+1)

]

︸ ︷︷ ︸
s(n)

+

[
η(n)

η(n+1)∗

]

︸ ︷︷ ︸
η(n)

, (1)

where hm is the transfer function from transmit antenna #m to the receive antenna, η(n)

represents additive white Gaussian noise, and we have taken the conjugate of the signal
received during the second symbol time to facilitate this expression. It is straightforward to
show that symbol detection can be performed using the operation

r̂(n) = H†r(n) =
1√
2
(|h1(θ, φ)|2 + |h2(θ, φ)|2)s(n) + H†η(n). (2)

We have shown that for traditional QPSK, this scheme provides excellent robustness against
signal loss due either to obstruction of one of the transmissions by the air vehicle or by
self-interference created by the simultaneous transmission from both antennas (i.e. array
pattern). Our goal is now to show how this approach can be used with SOQPSK modulation.

SOQPSK Transmission
To illustrate the difficulties associated with applying Alamouti’s transmit diversity scheme to
SOQPSK signaling, it is helpful to review some key details associated with this modulation
scheme as implemented for aeronautical test-flight telemetry. Consider a stream of bits
c(k) that can assume symmetric binary (±1) values, where k represents an integer bit time
index which is deliberately distinct from the symbol time index n. The offset nature of the
modulation stems from the fact that the in-phase (I) component of the complex signal is
constrained to change its value only for even values of k = 2n, while the quadrature (Q)
component of the signal changes its value only for odd values of k = 2n + 1. This means
that the signal can only change its phase by π/2 radians each bit time.

We will use I(k) and Q(k), which take on values of ±1, to represent the complex symbol at
bit time k. SOQPSK modulation is implemented using a differential bit encoding process



expressed as

I(2n) = −c(2n) ⊕Q(2n−1) (3)

Q(2n+1) = c(2n+1) ⊕ I(2n) (4)

where ⊕ operates like an EXCLUSIVE-OR operator for symmetric binary signals as

A⊕B =

{
1 A = B

−1 A 6= B
(5)

This procedure naturally creates the offset transitions for the I and Q channels.

For each bit (and therefore I or Q transition), the output of the differential encoder can be
represented using a ternary symbol α(k) which takes values from the set [−1, 0, 1]. These
values represent the phase change of π/2, 0, or π/2, respectively, that occurs for each bit
transition. Given a pulse shape g(t), the phase of the carrier is then modulated with the
value

φ(t, α) =
π

2

∫ t

−∞

∞∑

k=−∞
α(k)g(τ − kT/2)dτ (6)

where α represents the vector with values α(k).

Alamouti Precoding
While the SOQPSK bit-to-symbol mapping procedure results in excellent spectral properties
of the modulated signal, because it constrains future symbols based on past ones, this does
not allow the flexibility to transmit the symbols as required by the Alamouti scheme. We
must therefore find a precoding that allows us to satisfy the constraints imposed by both
algorithms. The architecture that we will use is shown in Figure 1, where the incoming bits
are assumed first mapped to traditional QPSK symbols. Our goal is to find a relationship
between these symbols and the bit-level inputs to two SOQPSK modulators that will drive
the two antennas.

This precoding must ensure that the I and Q channels are at the values specified by the
Alamouti scheme at the decision point for the symbol (i.e. after both values have completed

their transitions). Using (4), the symbol s
(n)
m transmitted out of the mth antenna at the end

of the nth symbol time (decision point) is

s(n)
m = I(2n)

m + jQ(2n+1)
m = −c(2n)

m ⊕Q(2n−1)
m + jc(2n+1)

m ⊕ I(2n)
m , (7)

where c
(k)
m is the bit assigned to the mth modulator at the kth bit time. The right hand

equality in (7) allows us to specify these bits in terms of the desired output symbols, or

c(2n)
m = −I(2n)

m ⊕Q(2n−1)
m

c(2n+1)
m = I(2n)

m ⊕Q(2n+1)
m . (8)

Furthermore, we can relate s
(n)
m to the incoming symbol stream s(n) using the Alamouti
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Figure 1: Block-diagram of an SOQPSK modulation system for Alamouti dual-antenna
transmit diversity.

scheme. Letting s(n) = a(n) + jb(n), we can write

s
(n−1)
1 = I

(2n−2)
1 + jQ

(2n−1)
1 = −s∗(n−1) = −a(n−1) + jb(n−1)

s
(n)
1 = I

(2n)
1 + jQ

(2n+1)
1 = s(n) = a(n) + jb(n)

s
(n+1)
1 = I

(2n+2)
1 + jQ

(2n+3)
1 = −s∗(n+1) = −a(n+1) + jb(n+1)

s
(n−1)
2 = I

(2n−2)
2 + jQ

(2n−1)
2 = s∗(n−2) = a(n−2) − jb(n−2)

s
(n)
2 = I

(2n)
2 + jQ

(2n+1)
2 = s(n+1) = a(n+1) + jb(n+1)

s
(n+1)
2 = I

(2n+2)
2 + jQ

(2n+3)
2 = s∗(n) = a(n) − jb(n).

(9)

Using these results with (8) leads to

c
(2n)
1 = −a(n) ⊕ b(n−1) c

(2n)
2 = a(n+1) ⊕ b(n−2)

c
(2n+1)
1 = a(n) ⊕ b(n) c

(2n+1)
2 = a(n+1) ⊕ b(n+1)

c
(2n+2)
1 = a(n+1) ⊕ b(n) c

(2n+2)
2 = −a(n) ⊕ b(n+1)

c
(2n+3)
1 = −a(n+1) ⊕ b(n+1) c

(2n+3)
2 = −a(n) ⊕ b(n)

(10)

We now have a direct mapping between the incoming QPSK symbols and the bits feeding
the SOQPSK modulators to ensure that Alamouti-encoded symbols are being transmitted
from the two antennas.

Alamouti Detection
The offset nature of SOQPSK modulation as well as the pulse shapes which deliberately
introduce intersymbol-interference combine to make it so that the simple Alamouti detec-
tion approach of (2) will not work with SOQPSK symbols. We must therefore devise an
alternative scheme to process the received waveforms. Assume first a simple offset QPSK
system with a pulse shape that allows matched-filtering at the receiver. With Alamouti
transmission, the matched filter outputs sampled at Ts/2, with Ts the symbol duration, can



be expressed as

x(2nTs/2) = h1

{
a(n) + jRp

(
Ts

2

)
b(n) + jRp

(
−Ts

2

)
b(n−1)

}

+h2

{
a(n+1) + jRp

(
Ts

2

)
b(n+1) − jRp

(
−Ts

2

)
b(n−2)

}
(11)

x((2n + 1)Ts/2) = h1

{
jb(n) −Rp

(
Ts

2

)
a(n+1) + Rp

(
−Ts

2

)
a(n)

}

+h2

{
jb(n+1) + Rp

(
Ts

2

)
a(n) + Rp

(
−Ts

2

)
a(n+1)

}
(12)

x((2n + 2)Ts/2) = h1

{
−a(n+1) + jRp

(
Ts

2

)
b(n+1) + jRp

(
−Ts

2

)
b(n)

}

+h2

{
a(n) − jRp

(
Ts

2

)
b(n) + jRp

(
−Ts

2

)
b(n+1)

}
(13)

x((2n + 3)Ts/2) = h1

{
jb(n+1) + Rp

(
Ts

2

)
a(n+2) −Rp

(
−Ts

2

)
a(n+1)

}

+h2

{
−jb(n) + Rp

(
Ts

2

)
a(n+3) + Rp

(
−Ts

2

)
a(n)

}
(14)

where Rp(τ) is the matched filter correlation and we have assumed that the pulse shape is
such that Rp(τ) = 0 for |τ | > Ts. Let x(τ), with τ given by the times indicated on the left
of (11)-(14), represent the observed matched filter outputs. We then compute x̂(τ) for an
assumed set of symbols.

The noise samples out of the matched filter will generally not be temporally white. How-
ever, if we neglect the noise correlation created by the matched filter, then the approximate
maximum likelihood detector must find the sequence of symbols that minimizes the difference

|∆|2 =
∞∑

k=1

|x̂(kTs/2)− x(kTs/2)|2, (15)

where x̂(τ) represents the matched filter output computed from an assumed set of symbols
using (11)-(14). This can be accomplished using the Viterbi Algorithm (VA) [3]. Specifically,
we can represent the computation using the trellis shown in Figure 2, where only a fraction
of the branches from time (n+3/2)Ts to (n+2)Ts are shown for clarity. The binary numbers
represent possible states of the a and b values in (11)-(14), where states of 0 and 1 mean
values of −1 and 1, respectively. Each path metric is one term in the sum of (15). After one
traversal of the trellis in Figure 2, a decision can be made on the values of a(n), b(n), a(n+1),
and b(n+1). The partial path metric computed up to this point can be saved, and the trellis
can be retraversed for the next two symbols.

For SOQPSK modulation, the detector output is not precisely modeled by the offset QPSK
development outlined here. For example, the detection uses an integrate-and-dump rather
than a matched filter, and the inter-symbol interference extends beyond a time of τ = Ts,
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which was the limit assumed in the development above. However, if we assume that this
development does model the SOQPSK output samples and simply estimate Rp(Ts/2) =
Rp(−Ts/2) = 0.5, we can test the operation of the VA detector on this modulation scheme.
This evaluation will be performed by first modeling the air vehicle motion by an initial
position, velocity, attitude (yaw, pitch, and roll), and a rotation rate for each of the attitude
angles. Using Eulerian angle transformations [4], the angular position of the ground station
in the vehicle coordinate frame is computed at each sample time (one sample per transmitted
symbol). This angle information is then used to compute the transfer functions h1 and h2

from each transmit antenna to the receive antenna.

In the computations, we assume that antennas 1 and 2 are placed at (0, 0, 0) and (10, 0, 10)
on the air vehicle, respectively, where the dimensions are in wavelengths (10 wavelengths =
2 m at 1.5 GHz). The flight simulation assumes that the air vehicle travels at 300 m/s and is
initially 3000 m away from the ground station (horizontally) at an altitude of 2000 m above
ground. The initial direction of flight is perpendicular to the line between the aircraft and
ground station, and the vehicle is engaged in a roll at 1 revolution per second. The QPSK
communication is performed at 1 Msymbol/second, and 1 × 106 bits are sent to determine
the performance.

Figure 3 shows the bit error rate (BER) versus the bit energy over the noise power spectral
density (Eb/N0) for Alamouti SOQPSK modulation. Also shown for comparison are the
performance when a single transmit antenna (without any signal obstruction included) is
used as well as when two antennas are used with the same waveform transmitted out of both
(No Diversity). The final curve on the plot results from using the VA algorithm, but only
using the two states at (n + 1/2)Ts and (n + 1)Ts to make a decision. These two states
are chosen because they only depend on the two symbols s(n) and s(n+1). As can be seen,
the performance of the Alamouti scheme with VA detection with only two states results in a
small degradation in performance. However, the performance of both schemes far exceeds the
performance obtainable when two antennas are used without applying the diversity scheme.
We also notice that both schemes work far better than dual-antenna transmission without
a proper diversity scheme implemented, and only suffer a limited performance degradation
relative to what is possible for a single antenna with no signal obstruction.

CONCLUSIONS

This paper has discussed the application of the Alamouti diversity scheme with SOQPSK
modulation for dual-antenna transmission from air vehicles. A method for precoding the bit
stream to ensure that the transmitted symbols conform to the Alamouti format as well as
a VA detection scheme have been proposed. The performance of the scheme is shown to be
very good in a realistic flight scenario. A simplified VA scheme using a smaller number of
trellis states was also evaluated, with the performance degradation being on the order of 1.5
to 2 dB. With additional development, this Alamouti scheme shows promise for enabling
dual-antenna transmission for flight tests using SOQPSK modulation.
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ABSTRACT

The placement of two antennas on an air vehicle is one possible practice for overcoming
signal obstruction created by vehicle maneuvering during air-to-ground transmission. Un-
fortunately, for vehicle attitudes where both antennas have a clear path to the receiving
station, this practice also leads to self-interference nulls, resulting in dramatic degradation
in the average signal integrity. This paper discusses application of unitary space-time codes
such as the Alamouti transmit diversity scheme and unitary differential space-time codes to
overcome the self-interference effect observed in such systems.

KEYWORDS

Transmit Diversity, Dual-Antenna Transmission, Aeronautical Telemetry

INTRODUCTION

A significant problem encountered in air-to-ground communication is that during air vehicle
maneuvering, the transmission path between the antennas can become obstructed by the
vehicle body. One solution to this problem is to place a second antenna at a location on
the vehicle adequately separated from that of the first antenna to ensure the presence of a
clear transmission path for all vehicle attitudes, and to transmit the same signal from both
antennas. However, in the frequent situation where both antennas are in view of the receiver,
this arrangement leads to an array interference pattern generally characterized by a large
number of nulls [1]-[3], leading to a significant degradation in communication reliability.

In this paper, we show that by using transmit diversity techniques based on unitary space-
time codes [4], dual-antenna telemetry transmission can be reliably performed. We focus
our study on Alamouti [5] and unitary differential space-time codes [6], [7] which promise
dramatic performance gains in realistic flight scenarios and are well-suited for aeronautical
applications since the increased complexity required on the airborne transmitter is low rel-
ative to non-diversity transmission [8]. We develop the framework of these methods within



the context of dual-antenna aeronautical links and formulate expressions for bit error prob-
ability for the Alamouti scheme that can be used to assess the performance of the method
relative to that of traditional transmission. We also show through representative computa-
tional examples the dramatic improvement in signal reliability offered by both schemes, and
discuss their relative advantages and disadvantages within this application.

MULTI-ANTENNA TRANSMISSION

Our first task is to determine the appropriate constraints that must be placed on the space-
time code to ensure reliable communication. In the following, boldface uppercase and lower-
case letters will be used to represent matrices and vectors, respectively, with hm representing
the mth element of the vector h and Hmn representing the element occupying the mth row
and nth column of the matrix H. We assume that the mth transmit antenna is located at
(xm, ym, zm) expressed in a local coordinate frame for the air vehicle (see Figure 1). The
single receiving antenna is located at the point (r, θ, φ) in spherical coordinates again in the
vehicle coordinate frame. The complex field radiation pattern for the mth antenna (ele-
ment pattern), which includes the effect of obstruction by the air vehicle, is fm(θ, φ). Using
fundamental concepts from antenna theory [9], the electric field at the receiver due to unit
excitation on the mth antenna may be expressed as

hm(θ, φ) = fm(θ, φ)ejk(xm sin θ cos φ+ym sin θ sin φ+zm cos θ), (1)

where k = 2π/λ is the free-space wavenumber with λ the free-space wavelength. In the
remainder of this paper, we will refer to (1) as the transfer function for the mth antenna.
Note that we have neglected the term e−jkr/r and the pattern of the receive antenna as these
are the same for all m. For time-varying distance r to the receiver, the e−jkr term creates a
Doppler shift which we assume is accommodated in the receive processing.

The channel from the transmit elements to the receiver will be denoted by the row vector h
with elements hm(θ, φ), m ∈ [1, 2]. Arranging the symbols transmitted from each antenna
into a space-time code matrix leads to the form

C(n) = κ

[
c
(n)
1 c

(n+1)
1 · · · c

(n+N)
1

c
(n)
2 c

(n+1)
2 · · · c

(n+N)
2

]
, (2)

where c
(n)
m represents the symbol transmitted from the mth antenna during the nth symbol

time and κ is a scaling constant. Assuming one sample per symbol from the receiver matched
filter output, the complex baseband received signal is given by the row vector

r(n) = hC(n) + η(n), (3)

where η(n) is an N -dimensional row vector with elements representing zero-mean additive
white Gaussian noise (AWGN).

Our goal is to identify the properties of the code matrix C(n) that lead to reliable communi-
cation under two different scenarios. The first consideration is that the code must maintain



a strong link when the signal from one of the antennas is obstructed. Traditional transmit
diversity techniques for multipath communications are designed to operate well when the
signal on one of the antennas is weak due to fading. Therefore, these techniques are also
applicable to the case where the weak signal is due to obstruction. Design constraints for
constructing such codes are outlined in [10]. It has been shown that the codes considered in
this paper satisfy these constraints [6].

The second consideration is that when both transmitted signals arrive at the receiver, the
coding must remove any self interference. This can be ensured by designing the code such
that the radiated power averaged over the time interval of the code matrix is uniform in
angle, as this ensures the performance is independent of the vehicle attitude. The row vector
of the N electric field radiation radiation patterns, one per symbol time, created during the
code transmission becomes

q(n)(θ, φ) = hC(n). (4)

The radiated power distribution time-averaged over this code duration is therefore

1

N

N∑
n=1

∣∣q(n)(θ, φ)
∣∣2 =

M∑
m=1

M∑

m′=1

hm(θ, φ)Z
(n)
mm′h

∗
m′(θ, φ), (5)

where Z(n) = C(n)C(n)†/N . We will assume fm(θ, φ) = 1, since the code can only control
the array pattern and not compensate for the element patterns. Then, the sum terms
hm(θ, φ)h∗m(θ, φ) = 1 are independent of angle while terms hm(θ, φ)h∗m′(θ, φ) where m′ 6= m
are angle dependent. The only way to remove the effect of these angle-dependent terms for
all angles (θ, φ) is to require Z(n) to be diagonal. Also, if masking occurs then the code
performance should not depend on which element is masked. Therefore, the code blocks
should be scaled unitary matrices, or C(n)C(n)† = bI, with b a constant.

SPECIFIC SIGNALING APPROACHES

We now consider specific two-antenna signaling strategies. We assume a sequence of symbols
s(n), s(n+1) are to be transmitted, with the average symbol energy represented as Es. Also,
the complex noise waveform has real and imaginary parts each with power spectral density
N0/2, so that the variance of the noise samples η

(n)
m is the same for both antennas and has

a value of [11] σ2
η = N0 for complex signaling.

In the case of Alamouti’s code, a closed-form expression for the bit error rate (BER) is
possible. We will demonstrate this analysis assuming that the symbols s(n) are drawn from
the quadrature phase shift keying (QPSK) constellation such that the bit energy Eb = Es/2,
although the procedure easily generalizes to other linear modulations. If pθφ(θ, φ) is the
probability density function (PDF) of the angles to the receiver encountered during the
maneuver, then the average BER for the maneuver is [11]

P (e) =

∫ 2π

0

∫ π

0

Q

(√
2Eb

N0

α(θ, φ)

)
pθφ(θ, φ) sin θ dθ dφ. (6)



where the function Q(·), defined in [11], is related to the complementary error function. The
scale-factor α(θ, φ) will be derived for each signaling scheme in the following sections.

Single Antenna Transmission
Consider first transmission using only one antenna (m = 1). The code matrix has the form

C(n)
s =

[
s(n) s(n+1)

0 0

]
. (7)

Since only one symbol is transmitted, the expression in (6) is applicable with

α(θ, φ) = |h1(θ, φ)|2 , (8)

where h1(θ, φ) is related to the antenna radiation pattern and aircraft attitude by (1).

Uncoded Dual-Antenna Transmission
For uncoded two-antenna transmission, each symbol is simultaneously radiated from both
antennas. The code matrix for this case has the form

C(n)
u =

1√
2

[
s(n) s(n+1)

s(n) s(n+1)

]
, (9)

where the factor of
√

2 comes from the equal division of the power between the two antennas.
Once again only one symbol is transmitted per symbol time so that (6) applies with

α(θ, φ) =
1

2
|h1(θ, φ) + h2(θ, φ)|2 . (10)

The term |h1(θ, φ) + h2(θ, φ)|2 represents the radiation pattern of the two-element array.
For widely-spaced antennas typical of dual-antenna aeronautical systems, this term leads to
frequent nulls in the received power versus vehicle attitude, as illustrated in Figure 2. These
nulls lead to significant reduction in the communication reliability.

Alamouti Dual-Antenna Transmission
For the Alamouti transmit diversity scheme [5], the code matrix is given by

C(n)
a =

1√
2

[
s(n) −s(n+1)∗

s(n+1) s(n)∗

]
. (11)

This matrix is (scaled) unitary which means that it provides angle-independent radiation over
two symbol times, and it satisfies the diversity design constraints discussed [6]. Furthermore,
if we modify the expression for the received signal as

r(n)
a =

[
r(n)

r(n+1)∗

]
=

1√
2

[
h1(θ, φ) h2(θ, φ)
h∗2(θ, φ) −h∗1(θ, φ)

]

︸ ︷︷ ︸
H

[
s(n)

s(n+1)

]

︸ ︷︷ ︸
s(n)

+

[
η(n)

η(n+1)∗

]

︸ ︷︷ ︸
η(n)

a

, (12)
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it is straightforward to show that symbol detection can be performed using the operation

r̂(n)
a = H†r(n)

a =
1√
2
(|h1(θ, φ)|2 + |h2(θ, φ)|2)s(n) + H†η(n)

a . (13)

Since this operation has decoupled the two symbols in time, (6) applies with

α(θ, φ) =
1

2

(|h1(θ, φ)|2 + |h2(θ, φ)|2) . (14)

This result emphasizes the angle-independent average power distribution for isotropic ele-
ment patterns (fm = 1) since |hm(θ, φ)| = 1 under this condition.

Eq. (13) reveals that implementing the Alamouti scheme requires that the receiver determine
the transfer functions h1(θ, φ) and h2(θ, φ). Furthermore, the closed-form BER expression as-
sumes this channel state information (CSI) is known perfectly. In practical implementation,
CSI would likely be obtained via periodic transmission of training sequences, introducing er-
rors in the CSI due to imperfect estimation. Furthermore, the change in the channel between
training cycles introduces further error. These errors lead to an increase in the BER, and
the transmission of known training symbols reduces the useful system throughput. Compu-
tational results shown later will include the effects of CSI estimation, which is performed
by first transmitting a known sequence of NT symbols. Assuming that the channel remains
approximately constant during this training interval, the received sequence of matched filter
outputs can be expressed as

r
(n)
T = hS

(n)
T + η

(n)
T (15)

where each 2 × 2 block of the 2 × NT matrix S
(n)
T is an Alamouti code matrix containing

training symbols. The maximum likelihood (ML) estimate of the channel transfer functions
assuming zero-mean, independent Gaussian noise is then given as [12]

ĥ = r
(n)
T S

(n)+
T , (16)



where {·}+ represents a matrix pseudo-inverse. To avoid an underdetermined linear system,
NT ≥ 2, with larger values of NT generally resulting in improved channel estimates.

Differential Transmission
One alternative approach to implementation of the Alamouti transmission scheme is to use
a differential space-time modulation [6], [7] that does not require estimation of CSI at the
receiver. Because we have focused our attention on QPSK symbols, we here consider the
quaternion code [6] constructed from these symbols and consisting of the eight constellation
matrices (G) and the initialization matrix (D) [6]

G =

{
±

[
1 0
0 1

]
,±

[
j 0
0 −j

]
,±

[
0 1

−1 0

]
,±

[
0 j
j 0

]}
(17)

D =
1√
2

[
1 −1
1 1

]
. (18)

Transmission begins by sending C(0) = D during the first block interval. Each additional
transmission is then encoded as C(n) = C(n−1)G(n), where G(n) represents one of the matrices
from the constellation G. After transmission of this code matrix through the channel, the
ML differential detector for estimating the transmitted matrix is given as [6]

Ĝ(n) = arg max
G

Re Tr
{
Gr(n)†r(n−1)

}
, (19)

where Re Tr{·} means the real part of the matrix trace. Unlike in the case of Alamouti
signaling, the channel transfer vector is not required in the detection implementation.

The quaternion code offers the same diversity performance and angle-independent power
radiation provided by the Alamouti code. However, since there are eight possible points in
the constellation G, each matrix block represents transmission of three bits in contrast to
the four bits per code matrix offered by the Alamouti code with QPSK symbols. Therefore,
differential modulation results in a reduced rate (and in exchange offers increased coding
gain) relative to the Alamouti code [6].

COMPUTATIONAL RESULTS

The evaluation of the transmission strategies discussed in this paper will be performed using a
combination of the closed-form BER expression in (6) and detailed simulations that compute
the transfer functions hm(θ, φ) for realistic flight maneuvers. For the latter case, the air
vehicle motion is characterized by an initial position, velocity, attitude (yaw, pitch, and roll),
and a rotation rate for each of the attitude angles. Using Eulerian angle transformations
[13], the angular position of the ground station in the vehicle coordinate frame is computed
at each sample time (one sample per transmitted symbol). This angle information is then
used to compute hm(θ, φ) as in (1).

In all computations, we assume that antennas 1 and 2 are placed at (0, 0, 0) and (10, 0, 10),
respectively, where the dimensions are in wavelengths (10 wavelengths = 2 m at 1.5 GHz).



Unless explicitly stated, the element radiation patterns are isotropic (fm = 1). Flight simu-
lations assume that the air vehicle travels at 300 m/s and is initially 3000 m away from the
ground station (horizontally) at an altitude of 2000 m above ground. The initial direction of
flight is perpendicular to the line between the aircraft and ground station, and the vehicle
is engaged in a roll at 1 revolution per second. The QPSK communication is performed at
1 Msymbol/second, and 5× 106 symbols are sent to determine the BER performance.

Analytic BER Computation
We first assess communication performance during a simple air vehicle roll with pθφ(θ, φ) =
δ(φ − π/2)/2π using the closed-form BER analysis of (6). These results are plotted versus
Eb/N0 in Figure 3 for single antenna, uncoded dual antenna, and Alamouti dual antenna
transmission schemes. The impact of self-interference for uncoded dual antenna transmission
is dramatic, while the Alamouti scheme completely eliminates this interference as predicted.

In simulate the effect of antenna obstruction, we model the element radiation patterns as

f1(θ, φ) =

{
0 0 ≤ θ < θo

1 otherwise
f2(θ, φ) =

{
0 π − θo ≤ θ < π
1 otherwise

(20)

where θo specifies the angular extent of the masking and is chosen to simulate obstruction of
each antenna for a specified percentage of the time during the maneuver. This parametric
form is not physically realistic due to the abrupt nature of the obstruction, but facilitates
an intuitive understanding of the BER performance versus masking extent. Figure 4 plots
the BER performance for single antenna and Alamouti transmission for the roll maneuver
assuming obstruction occurs 1% (θo = π/100) and 10% (θo = π/10) of the time. As can be
seen, the single antenna performance is dramatically reduced, reaching a high-SNR bound
determined by the masking behavior (0.5 BER during masking multiplied by the percentage
of time masked). In contrast, the spatial diversity offered by the Alamouti scheme makes it
robust to obstruction of one signal, with the performance reduction due only to the decrease
in average received power during masking.

Full System Simulation
Figure 5 shows the BER performance versus Eb/N0 when the effect of signal obstruction
(using (21)), vehicle motion, and channel estimation are included using a full system simu-
lation. Based on findings from a detailed evaluation of channel estimation, CSI is obtained
using training sequences with NT = 8 symbols and 5% of the total number of symbols are
devoted to training, parameters which appear to offer good BER performance. Also, for
these results the abrupt masking model of (20) is replaced with the spatially differentiable
and therefore more physically realistic form

f1(θ, φ) =

{
sin θ θ < π/2
1 θ ≥ π/2

f2(θ, φ) =

{
1 θ ≤ π/2
sin θ θ > π/2.

(21)

The single antenna results for this case differ from those in Figure 4 due to this change in
the masking model. The results again illustrate the dramatic performance degradation for
the single antenna transmission and modest performance impact for the Alamouti scheme
when these realistic conditions are included.
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Differential Code
Figure 6 shows the performance of the differential code for simulations without and with
antenna obstruction included (using (21)). Also shown for comparison are the results for
Alamouti coding, where the training sequences of NT = 8 symbols represent 5% of the total
symbols transmitted. These results show that from the perspective of BER, the differential
approach outperforms the Alamouti scheme as the SNR grows large, even if perfect channel
estimates are available at the receiver, due to the higher coding gain of the differential code.

It is important to keep in mind that the main drawback of the quaternion differential code is
that it provides 3 bits per matrix block as compared to the 4 bits per block associated with
Alamouti transmission using QPSK symbols. Therefore, provided that the channel variation
is slow enough so that the fraction of bits devoted to training is less than 25%, the Alamouti
scheme will provide increased throughput. To overcome this drawback, a differential code
similar in form to the quaternion code that uses 8PSK symbols and provides 4 bits per block
transmission can be constructed [6]. Figure 6 also includes the BER curve for this case
with no masking included. As can be seen, increasing the rate of the differential modulation
produces a significant increase in the BER (or required SNR) due to the increased density
of the underlying modulation constellation.

The relative performance of the Alamouti and differential codes are summarized in Table 1
which shows the effective transmission rate and additional signal strength ∆Eb/N0 required
to achieve 10−5 BER relative to a channel with a single, unmasked antenna for different
signaling/training combinations. For the Alamouti code, the total number of training and
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data symbols for each block is held constant at 160, so that the training consumes 5% and
10% of the symbols for NT = 8 and 16, respectively. This accounts for the rate reduction
below unity experienced for these two cases. The results in this table demonstrate the tradeoff
between rate and signal power associated with the different signaling schemes considered.

Table 1: Transmission rate and increased signal strength (relative to single antenna trans-
mission) required to achieve 10−5 BER for different transmission schemes.

Transmission Scheme Rate ∆Eb/N0 (dB)

Alamouti NT = 8 0.95 0.89

NT = 16 0.90 0.33

Differential QPSK 0.75 0.00

8PSK 1.00 5.10

CONCLUSIONS

This paper has discussed the use of unitary space-time codes for providing robust communi-
cation between maneuvering air vehicles and a receiver. Specifically, design criteria for codes
operating in this environment have been developed, and the performance of Alamouti and
differential codes that satisfy these criteria has been evaluated for dual-antenna telemetry
links. The analysis shows that in principle, these codes offer roughly the same performance
as a single antenna while maintaining communication even when one antenna is masked by



the air vehicle. Detailed analysis and simulations demonstrate the behavior of both codes
in realistic channels. The results suggest that these schemes are excellent candidates for
implementation in practical air-vehicle communication systems.

Acknowledgement: This work was supported by the Air Force under contract F04611-02-
C-0019 and the National Science Foundation under Information Technology Research Grant
CCR-0313056.

References

[1] M. Rice and G. Law, “Aeronautical telemetry fading sources at test ranges,” in Pro-
ceedings of the International Telemetering Conference, Las Vagas, NV, October 1997,
pp. 660–666.

[2] M. Pedroza, “Antenna pattern evaluation for link analysis,” in Proceedings of the
International Telemetering Conference, San Diego, CA, October 1996, pp. 158–166.

[3] J. Reddemann, “Edwards range telemetry evaluation,” in Proceedings of the Interna-
tional Test and Evaluation Association Conference, Lancaster, CA, April 1997.

[4] B. M. Hochwald, T. L. Marzetta, T.J . Richardson, W. Sweldens, and R. Urbanke,
“Systematic design of unitary space-time constellations,” IEEE Trans. Information
Theory, vol. 46, pp. 1962–1973, Sept. 2000.

[5] S. M. Alamouti, “A simple transmit diversity technique for wireless communications,”
IEEE J. Selected Areas Commun., vol. 16, pp. 1451–1458, Oct. 1998.

[6] B. Hughes, “Differential space-time modulation,” IEEE Trans. Inf. Theory, vol. 46, pp.
2567–2578, Nov. 2000.

[7] B. M. Hochwald and W. Sweldens, “Differential unitary space-time modulation,” IEEE
Trans. Commun., vol. 48, pp. 2041–2052, Dec. 2000.

[8] R. C. Crummett, M. A. Jensen, and M. D. Rice, “Transmit diversity scheme for
dual-antenna aeronautical telemetry systems,” in Proceedings of the 38th International
Telemetering Conference, San Diego, CA, Oct. 21-24 2002, pp. 113–121.

[9] C. A. Balanis, Antenna Theory: Analysis and Design, Wiley, 1997.

[10] J.-C. Guey, M. P. Fitz, M. R. Bell, and W.-Y. Kuo, “Signal design for transmitter
diversity wireless communication systems over Rayleigh fading channels,” IEEE Trans.
Commun., vol. 47, pp. 527–537, Apr. 1999.

[11] J. G. Proakis, Digital Communications, McGraw-Hill, 1995.

[12] L. L. Scharf, Statistical Signal Processing: Detection, Estimation, and Time Series
Analysis, Addison-Wesley, Reading, MA, 1991.

[13] Y. Rahmat-Samii, “Useful coordinate transformations for antenna applications,” IEEE
Trans. Antennas Propag., vol. AP-27, pp. 571–574, Jul. 1979.



WORKING DRAFT 

INTEGRATION OF S-BAND FQPSK TELEMETRY TRANSMITTERS AND 
GPS-BASED TSPI SYSTEMS WITH CLOSELY SPACED ANTENNAE – 

A SUCCESS STORY 
 

Robert W. Selbrede, JT3 LLC 
Ronald Pozmantier 

 
ABSTRACT 

Modern spectrally efficient telemetry transmitters are beginning to find their way on a 

variety of airborne test platforms.  Many of these platforms also include Global 

Positioning System (GPS)-based Time-Space-Position-Information (TSPI) 

instrumentation systems.  Due to space and other limitations, many of these platforms 

have demanding antenna placement limitations requiring closely spaced antennas.  

This paper describes steps taken to identify and mitigate potential interference to GPS-

based TSPI instrumentation systems by these new technology transmitters.  Equipment 

characterization was accomplished to determine interference potential of the proposed 

new transmitters and susceptibility of several GPS TSPI receivers.  Several filtering 

techniques were identified as possible solutions to the anticipated interference 

problems.  Telemetry (TM)/GPS system mockups and laboratory tests of the same were 

accomplished.  Open-air testing was then accomplished to validate laboratory results.  

Finally, on aircraft tests were accomplished prior to performing any aircraft system 

modifications.  Results of these test efforts are presented for others to consider when 

planning similar modifications to other platforms. 

 
KEYWORDS 

FQPSK Transmitter, GPS Receiver, TSPI, ARDS Plate, Radio Frequency Interference, 

Antennas 
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INTRODUCTION 
Increasing demands for telemetry data combined with a shrinking amount of available 

spectrum have driven many flight test programs to seek out more efficient means for 

telemetry data transmission.  The F-XXX program has chosen to implement a new 

modulation method, Feher’s Quadrature Phase Shift Keying (FQPSK)-B, developed 

under the Central Test and Evaluation Investment Program (CTEIP) Advanced Range 

Telemetry (ARTM) Program.  L-Band and S-Band FQPSK-B transmitters were procured 

from Herley Industries for testing and ultimately integration on the aircraft.  The antenna 

arrangement on the F-XXX presents a unique and difficult situation with respect to 

Radio Frequency Interference (RFI) to the GPS TSPI system from the telemetry 

transmitters.  Knowing this would be a significant challenge, we procured a variety of 

filters to be used for testing.  In addition to the technical challenges, access to the 

aircraft for testing drove us to find other means to test various equipment configurations 

to cut down on the amount of aircraft down time required for testing and modifications.  

This paper describes the process we used to evaluate system performance off the 

aircraft and ultimately the on-aircraft test performed prior to permanently installing the 

equipment for flight test use. 

 

BACKGROUND 
Figure 1 represents the initial configuration of the aircraft telemetry transmitter and TSPI 

GPS equipment.  The system employed a pair of Aydin T610-200 tunable S-Band FM 

transmitters.  The GPS system is an Advanced Range Data System (ARDS) High 

Dynamics Instrumentation Set (HDIS) plate which utilizes a 5-channel GPS receiver.  

There were no transmitter filters used on the initial system and the GPS antenna utilized 

an outboard filter/(low noise amplifier (LNA) assembly.   Figure 2 is a picture of the top 

antenna panel depicting the closely spaced antennas.  The TM blade antennas are 

spaced approximately 9 inches apart with the GPS antenna centered between them.  

The small white button antenna is a beacon antenna.  There were no noticeable GPS 

interference problems with the S-Band pulse code modulation/frequency modulation 

(PCM/FM) system. 
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Figure 1.  Instrumentation System Function Diagram 

 

 
Figure 2.  Instrumentation Antenna Plate 
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We initially attempted to install and test PCM/FM L-Band telemetry transmitters.  Our 

lab tests and analysis seemed to indicate that it would be possible to use filters to 

eliminate and potential for interference but the on-aircraft testing proved otherwise.  Our 

findings were that L-Band PCM/FM transmitters interfered with the GPS receive system 

even with filters installed.  A cursory bench test of L-Band FQPSK transmitters revealed 

that they would likely be even worse due to their excess noise content being as much 

as 10 dB worse than the FM transmitters.  At that point it became clear to us that  

S-Band FQPSK transmitters would be our best bet. 

 
EQUIPMENT CHARACTERIZATION 

To gain a better feel for the type and amount of interference we would be dealing with, 

we ran bench tests on selected items.  The GPS system had previously been tested 

and was in use on a daily basis so no additional testing of it was deemed necessary.  

Manufacturers test data were available for the filters.  The RF output characteristics of 

the FQPSK transmitter was the major unknown so we elected to focus our effort on 

testing them.  We ran a series of tests to determine the spurious and excess noise 

levels of the transmitters.  Figure 3 is a plot of the excess noise content of the 

transmitter in the GPS L1 band.  In order to make this measurement, an amplifier was 

used to raise the noise above the spectrum analyzer noise floor.  As can be seen in the 

plot, the output noise level increases as you drop lower in frequency and approach the 

GPS L1 frequency of 1575.42 MHz.  To look for discrete spurs at the output, the 

transmitter was tuned in 1 MHz steps from lower band edge to upper band edge while 

monitoring the GPS bands for spurs.  No problems were noted. 
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Figure 3.  S-Band FQPSK Transmitter Excess Noise 
 
 
 

LABORATORY MOCKUP 
A laboratory mockup was created utilizing all of the equipment proposed for installation 

on the aircraft.  Figure 4 depicts the configuration of equipment for the mockup.  The 

same configuration was used later for open-air testing.  The laboratory is equipped with 

a GPS antenna system which radiates GPS signals into the lab for GPS receiver 

checkout.  Two S-Band FQPSK transmitters were setup and modulated with a bit error 

test set.  Filters were placed in the transmitter outputs and at the GPS receiver input for 

some of the tests.  The tests showed that the GPS receiver did appear to work okay 

without filters but the satellite carrier to noise levels dropped and fluctuated more 

frequently when the transmitters were keyed. 
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Figure 4.  Laboratory Mock and Open-Air Test Configuration 
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OPEN-AIR TESTING 
Although the results of the laboratory mockup tests were promising, we were somewhat 

skeptical of how well the GPS re-radiation system represented real-world signal levels.  

In order to alleviate those concerns, we elected to repeat the mockup test outdoors as a 

final test of our readiness to perform an on-aircraft test.  Utilizing a mobile TM van, we 

brought all the equipment to a remote hill top site and ran a series of tests with 

generator power and the antenna panel placed on the roof.  Figure 5 shows the 

equipment configuration in the TM van and Figure 6 shows how we mounted the 

antenna panel on the roof. 

 

 
 

Figure 5.  Telemetry and GPS Equipment in TM Van 
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Figure 6.  Antenna Plate on TM Van Roof 
 

Several tests where performed while GPS data were recorded on the ARDS HDIS solid 

state recorder.  Short transmissions were made with each of the telemetry transmitters 

individually as well as both on at the same time.  The RF spectrum was monitored for 

any sign of intermodulation problems stemming from the closely spaced antennas.  

Isolators were not used but were available in the event that intermodulation problems 

had been detected.  Tests were performed with and without filters as well.  As an added 

benefit, while we were testing the local telemetry site monitored our transmissions as a 

means for testing their own FQPSK receive capabilities.  After completion of the test, 

the GPS data recorded were brought to the TSPI production office for evaluation.  The 

GPS satellite carrier to noise ratio’s were plotted before, during, and after each of the 

transmissions to look for any sign of RF interference affecting the GPS receiver.  No 

significant problems were noted. 
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ON-AIRCRAFT TESTING 
Add results of on-aircraft testing efforts here. 
 

CONCLUSIONS 
Conclusions to be written upon completion of on-aircraft ground tests. Pending Test 

completion. 
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ABSTRACT 
 
Missile instrumentation systems designers are constantly striving to achieve better performance out of 
their systems.  Optimizing the antenna coverage and decreasing the noise figure are constantly strived 
for in order to improve system performance.  At the same time, weapon systems are becoming smaller 
with the resulting reduced area for instrumentation.  One way to achieve a lower system noise figure is 
to have the limiter, filter, and amplifier (LFA) located as close to the antenna as possible.  This can be 
achieved by integrating the LFA into the substrate of a conformal wraparound antenna.  Not only does 
this decrease the system noise, but it also saves space in an already crowded missile instrumentation 
section.  This paper details the latest efforts in accomplishing this integration. 
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INTRODUCTION 
 
In fiscal year 1999 (FY99), the NAVAIR, Naval Air Warfare Center, Weapons Division (NAWC-WD) 
started the development of an integrated Global Positioning System (GPS) and Telemetry (TM) Antenna 
System to fit on small diameter missiles.  The Multi-Band Antennas for Telemetry (MuBAT) Program 
was a Central Test and Evaluation Investment Program (CTEIP) that was funded by the Office of 
Secretary of Defense (OSD).  It was a three-year, tri-service (Army, Navy, and Air Force) effort with the 
goal of developing antennas for air-launched munition testing that supported telemetry, GPS, and flight 
termination needs.  It also strived to provide quality antennas for unusual geometries (e.g. small and 
narrow missiles, tank rounds...).  A paper [1] has previously been presented detailing the milestones 
achieved with this Program.  Due to the successful completion of the Program one of the outcomes is 
that NAWC-WD now possesses the capability of integrating a LFA and filter into a wraparound antenna 
substrate.  As a result, several other missile programs have requested this design be incorporated into 
their antenna systems.  The latest effort including design specifications and typical test results are 
detailed in the sections to follow. 
 



ANTENNA DESIGN PROCESS 
 
Specifications 
 
Below are typical specifications for the GPS and TM Antennas.  They are required to be cylindrical and 
fit flush-mounted onto a missile with a diameter typically between 2.0 inch and 14.0 inches.  The axial 
length ranges from typically 2 to 4 inches with a thickness in the 0.04 to 0.25 inch range.  The 
wraparound antennas are usually comprised of three boards, etched as a standard flat printed circuit 
board (PCB) and then laminated together under high temperature and pressure on a cylindrical bonding 
fixture using bonding film. The outer board is the protective cover and is made from RT/Duroid 5870 
dielectric material [2].  The next board contains the antenna radiating elements and the third board the 
feed network, filters, limiter, and amplifier.  Because of the sensitivity of the antenna element’s 
frequency to temperature change, the bottom two boards are usually RT/Duroid 6002 dielectric material 
[2], an ultra stable material versus temperature. The cover board has been between 0 and 0.062 inch 
thick and the antenna and feed network boards between 0.02 and 0.12 inch thick.  Besides the obvious 
requirement of a filter in the GPS antenna to protect the amplifier from being saturated by the TM 
signal, the filter in the TM antenna is required to lower the noise in the TM transmitter at the GPS 
frequency so that this noise does not degrade the signal to noise ratio. 
 
  The electrical design specifications of the GPS antenna are: 
 Center frequency: 1572.5 MHz (L1 Band) 
 Bandwidth:  ± 10 MHz 
 Polarization:  Right Hand Circular 
 Filter:   -50 dB minimum isolation in TM frequency band 
 Amplifier:  26 dB minimum gain and 1.2 dB maximum noise figure 
 
  The electrical design specifications of the TM antenna are: 
 Center frequency: 2250 MHz (S Band) 
 Bandwidth:  ± 25 MHz 
 Polarization:  Linear 
 Filter:   -50 dB minimum isolation in GPS frequency band 
 
Antenna Design 
 
Several Software Packages are used in the design of the antenna systems.  “Ansoft Designer” and 
“HFSS” [3] are used in the antenna element design.  “Eagleware” [4] is used for the feed network and 
filter design and the PCB layout of the items for the feed network boards.  Orcad Layout [5] is used to 
do the PCB layout of the antenna board and the rest of the feed network board. 
 
 

FILTER AND AMPLIFIER COUPON DESIGN 
 
In order to increase the link margin of a GPS system, either the antenna gain has to be increased or the 
noise figure of the receiver needs to be lowered.  For an application where quasi-omni coverage is 
desired, the antenna gain is limited.  The only option is to minimize the noise figure and minimizing the 



AMP LIMITER

cable loss between the antenna and the Low Noise Amplifier (LNA) can do this.  This can be 
accomplished by integrating the LNA into the antenna system substrate.  The gain of the LNA is 
typically in the 20 dB or greater range so that noise figures contributions after the LNA to the total 
system is negligible.  A filter is required before the LNA to reject the strong TM signal, usually from an 
antenna in close proximity to the GPS antenna, so that the signal does not saturate the LNA.  The filter 
used is a Band Stop Filter and was designed using the “Eagleware” Software Package and incorporated 
into the antenna feed network.  The out of band rejection is in the range of 40 dB minimum.  An 
Schottky diode is used as a limiter to prevent power spikes from damaging the GPS Receiver.  The LNA 
used is the M/A-COM’s AM50-0002 with a specification of 1.15 dB noise figure, 27 dB gain, and 3 to 5 
volt bias at 20 ma.  An added advantage of this amplifier is that DC blocking or bias bypass capacitors 
are not required and a grounded transmission line is used to match the amplifier input making it much 
less susceptible to high power damage.  The amplifier is in a SOIC 8-lead surface mount plastic package 
that makes it inexpensive and small enough to fit in one of the antenna’s dielectric board layers.  A 
photograph of the test coupon used to test the amplifier and limiter and limiter alone is shown in Figure 
1.   

 
Figure 1.  Limiter and LNA test coupon. 

 
  

TEST RESULTS 
 
Typical test results are shown here indicative of what has been 
achieved in integrating the filter, limiter, and LNA into the antenna. 
Figure 2 is the gain measured on the limiter/amplifier shown in Figure 
1.  The noise figure was measured and was 1 dB at 5 volts bias and 1.2 
dB at 3 volts.  The totally integrated antenna system with TM and GPS 
achieved the desired isolation between antennas as shown in Figure 3 
where the isolation exceeds the 50 dB specification. 
 
The radiation patterns are shown in Figure 4 for both the GPS, 
vertical and horizontal polarization, and TM, copolarization, for 
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Figure 2.  Limiter and LNA test coupon. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 3.  GPS to TM Isolation test data. 
 

CURRENT DESIGN CHALLENGE 
 
The filters are now a requirement on all antennas and the limiter and amplifiers have been used on  
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Figure 4.  GPS and TM Antenna Radiation Patterns. 
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GPS 
TM Filter 

several additional antennas.  Another example of a combination TM and GPS antenna with filtering is 
shown in Figure 5.  A ceramic GPS antenna is used on top of two boards that provide the TM antenna 
and the bottom two boards are the filters for the GPS and TM antennas. 

Figure 5.  Photo of GPS and TM antenna and filter. 
 
 

CONCLUSIONS 
 
The latest status of the development of a GPS/TM antenna system that contains an integrated 
Limiter/Filter/Amplifier for various missile platforms has been discussed.  The effort to integrate the 
voltage converter is currently under investigation and development. 
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ABSTRACT 

This paper will present the design of a network used to receive and record sensor data and provide voice 
communications between a flight controller and the pilot of an aircraft undergoing flight testing in remote 
areas.  The network utilizes a completely self-contained mobile tracking subsystem to receive and relay 
the sensor data and cockpit voice in real-time over a geostationary satellite.  In addition to the aircraft 
tracking and data/voice relay functions, the system also provides local data recording at the mobile station, 
telephone and intercom connectivity between the mobile station and the control center, and remote 
equipment setup via the satellite link.   
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Satellite Backhaul, Telemetry, Flight Tests, Tracking Antenna 
 
 

INTRODUCTION 

Beginning in the late ‘90s, rigorous flight test demands at Lockheed Martin Aeronautics (LMAero) in Ft. 
Worth, Texas produced a need to conduct flight test missions that, due to safety concerns, could not be 
performed in the greater Ft. Worth vicinity.  The problem at hand was how to conduct remote missions 
without incurring extremely high fixed costs.  Options that LMAero considered during their evaluation 
process included: 1) moving the existing flight test center to a more remote facility, 2) utilizing a military 
test range for flight testing requirements, and 3) microwave linking data back to the Ft. Worth flight test 
center.  Upon evaluation of these options it was found that the cost of implementation was excessive, and 
would not allow for the flexibility to conduct flight tests at multiple remote locations.  After considerable 
research, LMAero decided that a telemetry data and satellite backhaul system would economically meet 
their needs.  This system would allow them to receive telemetry data at a remote location and relay the 
data via satellite to the LMAero flight test facility in near real time without confining LMAero to one 
specific location for conducting remote test flights.  The system could also allow for real time 
communications between the flight controllers in Ft. Worth and the aircraft, no matter what the distance 
between the aircraft and flight test facility.  LMAero selected ViaSat to supply the hardware and software 
o implement the new network.   
 

  



By utilizing a custom built satellite news gathering (SNG) van configured with a 2.4-Meter roof mounted 
satellite communications antenna subsystem, a trailer mounted 2.4-Meter telemetry and tracking antenna 
subsystem, and a 4.5-Meter fixed satellite subsystem installed at the LMAero facility in Ft. Worth, ViaSat 
designed a network to implement this approach.  A key issue was that the satellite bandwidth would be 
required for only short time durations, so LMAero turned to Immeon (a satellite services business of 
ViaSat) to provide the required bandwidth on demand. 
 
The backhaul network has now been completed, connected into LMAero’s Ft. Worth infrastructure, and 
tested.  It is currently contributing to the success of aircraft testing missions that could not have been 
carried out using fixed assets.   
 
 

PERFORMANCE OBJECTIVES 

To perform the necessary flight tests on high performance military aircraft, it is necessary for the ground 
based tracking antenna system to track the aircraft and provide voice communications between the flight 
controller and the pilot during the testing, as well as to provide sensor data reception and recording.  
LMAero’s need for this functionality led to ViaSat’s development of a unique communications network 
architecture for such testing, along with the necessary hardware and software.  Objectives for the project 
included the design and manufacture of a mobile aircraft tracking system that would be used to record 
payload data and also relay the data over a satellite link to a fixed headquarters site.   Additionally, the 
system was to provide real-time communications between the flight controller and the aircraft pilot.   The 
first such network has been produced, tested, and integrated in Fort Worth, Texas.   
 
 

NETWORK ARCHITECTURE AND FUNCTIONALITY 

The network architecture, illustrated in Figure 1, utilizes a completely self-contained mobile tracking and 
communications system and a satellite backhaul link to/from a fixed station at the flight controller’s 
location in Fort Worth.   

  



 
Among the capabilities provided at the remote station are the following: 
 

• Aircraft tracking 
• Geostationary satellite communications 
• Payload data reception, recording, and relay 
• VHF/UHF communications between the mission director and the pilot 
• Telephony connectivity to the fixed station and the public network 
• Intercom connectivity to the fixed station 
• Remote equipment configuration by the Immeon Network Operations Center 
• Internet access 

 
 

NETWORK HARDWARE 

The mobile station, shown in  Figure 2, Figure 3 and Figure 4, consists of a trailer mounted 2.4-Meter 
ESCANTM tracking antenna system and a mobile communications van.  The tracking system includes a 
broad beam acquisition antenna with monopulse tracking capability.  All electronics associated with the 
remote station are housed in the van, including tracking system controls, receive equipment, satcom 
terminal with 40 Watt RF transceiver, various modems and interfaces, and the VHF/UHF aircraft radio.  
A 2.4-Meter satcom terminal, equipped with a GPS system and inclinometer for automatic satellite 
acquisition, is on the roof of the van.  
 
The fixed station, as shown in Figure 5, located at LMAero’s Fort Worth facility, consists of a ViaSat 4.5-
Meter Ku-Band antenna, a 4-Watt RF transceiver, and a set of communications and networking 
equipment that compliment the equipment in the mobile station.  At the fixed station, the network ties into 
the LMAero TCP/IP LAN, intercom and telephone networks.   
 
ViaSat is the supplier of both the mobile and fixed stations.  The control room van, SNG antenna, and 
miscellaneous additional electronics were subcontractor supplied according to ViaSat specifications. 
 
Rack mounted telemetry equipment supplied by LMAero was installed by ViaSat in the control room van.  
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Figure 1.  Network Block Diagram 

  



DETAILS OF NETWORK FUNCTIONS 

The network provides the following functions 
 

• Aircraft Tracking   
 

o The mobile station includes a completely self-contained 2.4-Meter L-Band and S-Band 
tracking antenna system produced by ViaSat.  The tracking system acquires the aircraft at 
the start of the mission and maintains lock throughout the testing.   

 
• Geostationary Satellite Communications 
 

o The mobile system includes a 2.4-Meter Ku-Band SNG type satellite communications 
antenna system on the roof of the mobile van. 

 
o The satcom system provides links between the mobile van and the fixed site for various 

functions described below. 
 
• Payload Data Handling 
 

o Payload (Sensor) Data Reception.  The mobile station includes telemetry receivers, 
diversity combiners, bit synchronizers, and data recorders.  Polarization diversity 
(RHC/LHC) reception for two carriers is implemented with equipment located in the 
mobile station.  A dual channel onboard data recorder can record the two channels locally.   

 
o Modulation of Payload Data By Satellite Modems.  The two data channels from the bit 

synchronizers are connected to high-speed satellite modulators for routing over a 
geostationary satellite link.   

 
o Data Reception and Recording at the Fixed Station.  At the fixed station, the payload data 

is received via the satcom terminal and routed to a frame synchronizer and recorders.   
 

o Bit Error Rate Testing.  BER test systems are included at both the mobile station and the 
fixed station for verification of the links.  A full system test can be performed by 
transmitting a test pattern from a test antenna to the tracking antenna and relaying that data 
through the complete receiving subsystem and satellite backhaul system to the BER 
receiver in the fixed station.  This test verifies the performance of the complete system 
prior to a live mission. 

 
• VHF/UHF Communications With Pilot 
 

o A VHF/UHF aircraft radio supplies a voice communications link between the mobile 
station and the pilot. 

 

  



o Radio voice and control channels are extended via ViaSat StarWire Calypso terminals 
over the geostationary satellite to/from the flight controller at the fixed location.  Voice, 
Push-To-Talk, and radio control functions are all routed via satellite links.   

 
o The radio can be monitored and controlled using a PC at the fixed station, again via 

satellite link. 
 
• Telephony Connectivity to the Fixed Station & the Public Network 
 

o Voice communications between the mobile station and the fixed station are implemented 
using ViaSat StarWire Calypso terminals.   

 
o At the fixed station, the voice circuit is connected into the PABX, providing connectivity 

to any location inside the facility or on the public network. 
 
• Intercom Connectivity to the Fixed Station 
 

o Intercom communications between the mobile station and the fixed station are 
implemented with both rack mounted and belt-pack systems, enabling communications 
before, during, and after the mission.   

 
o Intercom traffic is routed on the same communications channel as the telephone traffic, 

using a commercial intercom-to-telephone interface 
 

o The belt pack enables a technician at the mobile station to stand outside, observe the 
aircraft, and provide the operator with helpful information during the acquisition phase. 

 
• On-Demand Bandwidth Assignment By Immeon 
 

o ViaSat’s satellite services business, Immeon, is utilized to obtain bandwidth-on-demand 
for the geostationary satellite links. 

 
o Since a test mission is a short-term event, long term leasing of satellite bandwidth is not 

cost effective for the aircraft testing mission.  Bandwidth is therefore arranged with 
Immeon in advance and equipment is configured at the fixed and mobile stations on a per-
usage basis.  

 
• Remote Equipment Configuration By Immeon NOC 
 

o Equipment at both the mobile and fixed stations may be configured either manually by the 
operator or remotely by the Immeon NOC. 

 
o As part of their service package, Immeon maintains, at their Network Operations Center 

(NOC), a StarWire network management system.   
 

  



o If remote equipment configuration is to be used then, prior to a mission, the mobile station 
initiates a connection with the Immeon NOC utilizing the StarWire orderwire channels.  
After the connection is established, the NOC can configure the StarWire Calypso 
terminals and the high-speed modems for the preassigned frequencies, etc.   

 
• Internet Access from Mobile Station 
 

o High speed (256 kbps) Internet access is provided at the mobile station, enabling the 
operators to access email and web resources in general. 

 
o Web access is enabled using a demand assigned link over the ViaSat StarWire terminal. 

 
 

COMMUNICATIONS VAN FEATURES 

ViaSat commissioned a subcontractor to design and build the communications van on a Freightliner FL 
70 frame.  It carries all equipment and personnel associated with the mobile station and tows the trailer 
mounted tracking antenna.  Among the features of the van are the following: 
 

• Six floor-to-ceiling equipment racks that house all communications equipment 

• Generator & UPS adequate to power all equipment, along with a transfer switch so that 
external power may be utilized when desired 

• Air conditioning and heaters 

• Kitchen area  

• Bathroom 

• Burglar alarm 

• Back-up camera 

• Large storage area separate from main operations room 

 

 

TYPICAL MISSION SCENARIO 

In a typical mission, the satellite time is scheduled with Immeon a week prior to the mission.  The mobile 
station then arrives at a selected site at least two hours prior to the beginning of the mission.  At that time, 
the equipment deployment and setup process is begun.  The setup process consists of the following: 
 

1. Deploy the trailer with the tracking antenna. 

2. Start the power and air conditioning systems.  

3. Erect the satcom antenna and peak on the satellite. 

  



4. Turn on the StarWire, RF and other communications systems and set for the Immeon NOC 
orderwire broadcast frequency.   

5. Notify the Fixed station and Immeon of the status of the remote station using the telephone set 
in the Van 

6. Immeon sets up the high-speed modems and performs carrier line-up. 

7. Complete setup of telemetry equipment and perform pre-mission checks. 

8. The mission then begins with the acquisition of the test aircraft. 
 
 

CONCLUSION 

The mobile aircraft tracking system described in this paper has been designed, integrated and tested, 
proving the feasibility of using a satellite link for real-time connectivity in flight testing activities in 
remote areas.  The mobile station may be deployed anywhere where satellite coverage is available, 
meaning almost anywhere in the world.   
 
Telephone and intercom communications between the mobile station and the headquarters site is enabled 
as soon as the mobile station is deployed and the equipment set up.  During the flight, real-time data is 
relayed to the main processing and recording facilities collocated with the flight controller at the 
headquarters site, as well as being recorded locally in the mobile station.  Simultaneously, the network 
provides voice communications between the flight controller and the pilot, enabling real-time adjustments 
in the test scenario based on preceding activities and their results.   
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Figure 2 . Mobile Station, Deployed For Operation 

 
 

Figure 3 .  Mobile Station, Configured For Transport 

  



 
Figure 4.  Mobile Station, On the Road 

 

 
 

Figure 5.  ViaSat 4.5-Meter Fort Worth Hub Antenna 
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ADVANCED INSTRUMENTATION CONTROL SYSTEMS FOR F/A-18E/F 
Grady Baker 
NAVAIR, China Lake 
 
 
 
ABSTRACT 
 
The purpose of this paper is to present the use of production aircraft equipment and 
wiring for control of the onboard instrumentation system. The major advantages and 
challenges associated with the use of existing production equipment versus dedicated 
instrumentation wiring and hardware will be explored.  Many of the issues raised, 
including non-interference with existing avionics, are complex. It is the hope of the 
author that this paper will generate awareness and discussion on these issues. 
 
 
 
BACKGROUND 
 
Test and Evaluation of military airborne vehicles requires increasingly complex data 
acquisition systems. Historically, instrumentation systems have used unique Cockpit 
Control Panels (CCP) and discrete wiring to control the instrumentation equipment 
onboard the aircraft.  This required routing numerous wires, usually using spare pins in 
production connectors, from the cockpit to instrumentation system. Newer systems 
minimized wiring count by transitioning from discrete wiring to dedicated serial 
communication buses (i.e., RS-232 and RS-485).  Recent designs have transitioned to 
using the production aircraft Digital Display Indicator (DDI) to provide the 
instrumentation control functionality, and to use the existing aircraft MIL-STD-1553 bus 
to provide the communication path to the instrumentation equipment. 
 
The requirement for new instrumentation system control originates from the following: 
1) As cockpit space becomes more constrained, there is a need to eliminate the unique 
instrumentation Cockpit Control Panels. 
2) As spare pins giving access to the cockpit become less available, wire routing needs to 
be reduced. 
3) Lowering the cost of flight testing by reducing the time for the installation and 
removal of wiring required for the data acquisition system. 
4) Providing additional control and status information available to the pilot. 
 
All of these needs suggest making the instrumentation system an integral part of the 
avionics suite of the aircraft.  Pilot control and system status could be provided by a DDI 
INSTRUMETATION page and system communication via the production MIL-STD-
1553 bus, thus eliminating the unique instrumentation cockpit control hardware and 
wiring. 
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CURRENT IMPLEMENTATION OF DDI-CONTROLED INSTUMENTATION 
ON AESA AIRCRAFT 
 
Flight test of the Active Electronically Scanned Array (AESA) radar at The Naval Air 
Warfare Center Weapons Division, China Lake demonstrated the feasibility of 
embedding all of the instrumentation functionality in the aircraft tactical Operational 
Flight Program (OFP). The implementation of this system relied heavily on the efforts of 
previous programs such as the RECCE team at China Lake working with the Boeing, the 
airframe manufacturer. The REECE team needed a new approach to controlling some 
specific instrumentation being used to collect synthetic aperture radar images.  This 
command and control infrastructure became a the building block for later work with the 
Advanced Targeting Forward looking infrared (ATFLIR) program at China Lake, CA. 
 
In the AESA program, instrumentation control of bus monitoring, video source selection, 
recorder on/off and status, data and video telemetry control, and IRIG time 
synchronization all are pilot selectable using the aircraft DDI key buttons.  The 
instrumentation system is assigned   a unique MIL-STD-1553 bus remote terminal 
address.  The aircraft OFP has a dedicated “Instrumentation” page with a buttons to 
control the various functions.  
     The pilot selects the “INST” button from the display and is taken to the first level or 
“page” for instrumentation and can make selections based on what is identified in the 
mission cards. These settings are saved upon system power-down as the default for the 
next mission.  During aircraft pre-flight these can also be set to take workload away from 
the pilot. 
     Another advantage of this scheme is that all the message traffic related to the control 
bus is stored in the system memory to be reviewed for post-flight data analysis and to 
correlate to possible problems or events.   This type of data process review has not been 
possible up until this system design.  These messages are down linked real-time to the 
range or mission control center to be used by the flight test engineers or system experts 
on site.  This is a valuable tool in troubleshooting problems as the flight is still on going. 
 
 The figures shown on the following pages are the actual DDI pages with a brief 
description of the use of each of the buttons: 
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Top Level Control Page 
 

The Instrumentation Page is identified in the lower right hand corner 
This is the entry button for all Instrumentation Command and Control  

 

 
INST (PB 14) – Becomes available after Instrumentation system power on 
(INSTRU PWR ON).  Entry point for DDI instrumentation control pages 
.ADVISORY INST – Displayed by either an instrumentation AV MUX 2 
fail or a failure on an instrumentation subsystem.  NOTE:  INST advisory is 
cleared after AV MUX 2 communication is stored or by entering the DDI 
instrumentation control pages for an instrumentation subsystem failure.  
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DDI Instrumentation Control Pages 
TM2 XMIT – Turns on video transmitter when selected. 
TM1 XMIT – Turns on data transmitter when selected. 
RECORD VIDEO – Puts video recorder into record mode. 
RECORD DSS – Puts high bandwidth data recorder into record. 
RECORD DATA – Puts data recorder into record. 
PROG – Changes DDI instrumentation control pages from PROG page to SUPT page 
and from SUPT page to PROG page.  
INST – Puts VIDEO, DSS, and DATA recorders into record. (RECORD ALL) 
TM – Turns on video transmitter and data transmitter.  (XMIT ALL) 
BEACN – Turns on beacon transponder when selected. 
DSS – Turns on power to high bandwidth recorder. 
VREC – Not Used. 
HR/MIN/SEC Z – Displays IRIG time 
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 TM2 XMIT – Turns on video transmitter when selected. 
TM1 XMIT – Turns on data transmitter when selected. 
RECORD VIDEO – Puts video recorder into record mode. 
RECORD DSS – Puts high bandwidth data recorder into record. 
RECORD DATA – Puts data recorder into record. 
PROG – Changes DDI instrumentation control pages from PROG page to SUPT page 
and from SUPT page to PROG page.  
INST – Puts VIDEO, DSS, and DATA recorders into record. (RECORD ALL) 
TM – Turns on video transmitter and data transmitter.  (XMIT ALL) 
BEACN – Turns on beacon transponder when selected. 
DSS – Turns on power to high bandwidth recorder. 
VREC – Not Used. 
HR/MIN/SEC Z – Displays IRIG time. 
DEST UP AND DOWN ARROWS – Selects VIDEO/TM destination.  (e.g.. VTR1 
destination is selected, VTR1 source can be changed.SOURCE UP AND DOWN 
ARROWS – Selects VIDEO/TM source.  (e.g.. VTR1 destination is selected, VTR1 
source can be changed.  
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THE FUTURE 
 
The aircraft tactical OFP and the instrumentation system currently have a unique 
interface.  If any new functionality is to be made to the system, a corresponding change to 
the OFP would be needed.  This suggests advancing future designs to make a more 
generic interface between the DDI and the instrumentation system.  To allow increasing 
the instrumentation functionality without requiring the updating of the OFP, a generic 
interface between the two systems which would support future control functions could be 
provided.  The DDI button legends could be made generic with the DDI center display 
controlled directly by the instrumentation transmit messages via the 1553 bus.  This 
scheme is being considered for the new EA-18G aircraft scheduled to begin flight-testing 
summer of 2006.  The EA-18 has some new requirements that will be addressed in this 
command and control effort.  One such requirement is based on needing to route several 
data inputs to either the telemetry path or the on-board recording path on a mission-by-
mission basis.  With the new design philosophy this would be accomplished by changing 
the instrumentation software while leaving the OFP intact further reducing the cost and 
scope of this plan. 
Another aspect of this plan that also addresses a reoccurring problem is that common 
command and control schemes have been missing from the east and west coast Naval 
development communities.  With this new design aircraft instrumentation on either east 
coast or west coast could take advantage of these improvements because the hooks in the 
software release would be active in all future F-18 lots. Flexibility and capabilities will 
certainly bring more and more advances in supporting the flight-test communities 
objectives. 
 
  
 
CONSIDERATIONS 
 
The implementation of controlling the instrumentation system using production hardware 
must always be weighed against non-interference of the performance of the existing 
avionics.  With the flight-testing done so far with the AESA aircraft, no interferences 
have been identified and the aircrew are satisfied with the ergonomic aspect of these 
controls.  This was another consideration upon the decision of designing the layout and 
focus of the system.  The test pilots are used to controlling a large percentage of their 
aircraft operations such as stores management, weapons and higher-level functions from 
these displays already.  

 With the earlier design instrumentation systems the control panels were usually 
located in the right hand console of the F/A-18 and were difficult to operate in high 
lighting conditions or heavy pilot workload situations.  There was also an issue with how 
much feedback could be displayed from the small panels such as recorder status, time 
remaining or BIT (Built-in Test).  With the new DDI controls, pilots are able to make 
real-time inquiries on many aspects of the instrumentation system and report this finding 
down to the engineers at the mission, or range control centers.  This new feature allows 
for more accurate information about the aircraft instrumentation and critical systems. 
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CONCLUSIONS 
 
The benefits of a DDI-controlled instrumentation system are real and significant. There is 
a reduction in required hardware and wiring in the cockpit.  Significantly more 
information will be able to be passed between the pilot and the data acquisition system, 
allowing for more real-time control of the instrumentation system.  Increasingly complex 
instrumentation hardware will be more easily controlled using a MIL-STD-1553 bus 
rather than discrete signals or previously used serial buses. An example of this 
accommodation is currently being tested on the AESA fleet here in China Lake.  The 
Smith’s Industries “AVSR (Airborne Video Solid-state Recorder) is being commanded 
and controlled via a 1553 message architecture and is functioning well. A BIT (built-in 
Test) function via the 1553 is in development for this year.   
 The Navy and Boeing are currently in design sessions to identify more ways that 
these command and control infrastructures can help the aircraft test community with the 
upcoming EA-18G program.  These capabilities are only limited by the creativity of the 
engineers within this type of flexible architecture. 
 
. 
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ABSTRACT 
 

IEEE 802.11e is an amendment of the medium-access control (MAC) layer of the standard for 

wireless local area networking IEEE 802.11.  The goal of 802.11e is to provide 802.11 networks with 

Quality of Service (QoS). 802.11 has three physical layers (PHY) of practical importance: 802.11b, 

802.11a, and 802.11g. 802.11a and 802.11g provide data rates between 6 and 54 Mbps, and 802.11b 

provides data rates of 5.5 Mbps and 11 Mbps. However these data rates are not the actual throughput. 

The actual throughput that a user will experience will be lower. The throughput depends on both the 

PHY and MAC layers. It is important to estimate what exactly is the throughput when the physical 

layer is 802.11a, 802.11b, or 802.11g, and the MAC layer is 802.11e. In other words, how does 

providing QoS change the throughput for each of the three physical layers? In this paper we provide 

answers to this problem. Analytic formulae are derived. The maximum achievable throughput and 

minimum delay involved in data transfers are determined. The obtained results have further 

significance for the design of high-throughput wireless protocols. 
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IEEE 802.11e EDCF, MAC layer, PHY layer, Throughput performance 
 
 

INTRODUCTION 
 
Wireless communications is a very active research area and there is a significant industry interest in it. 

802.11, developed by the IEEE, is the most successful standard for wireless networking. IEEE 802.11 

consists of two layers: medium-access control (MAC) layer and a physical (PHY) layer (Ref. [2]). Six 

different physical layers have been standardized: three within the original 802.11, and three additional: 

802.11a, 802.11b, and 802.11g. The three original physical layers provide data rates of 1 and 2 Mbps. 

802.11a and 802.11g provide data rates between 6 and 54 Mbps, 802.11b provides data rates of 5.5 

Mbps and 11 Mbps. However these data rates are not the actual throughput. The throughput is, of 



   
course lower. It is recognized that the actual throughput depends not only on the physical layer. It 

depends on both the MAC layer and on the PHY layer. Therefore it is important to estimate what 

exactly is the throughput that the MAC and PHY combination will produce. This was investigated 

recently in the paper. 

Recently, 802.11 has been increasingly used not only for the transport of computer data, but also 

for the transport of voice, audio, and video data (Ref [1]). To meet the Quality of Service 

requirements, IEEE 802.11 task group E has been working on an enhanced 802.11 MAC protocol to 

support applications with QoS requirements.  The result of this work is the amendment IEEE 802.11e.   

Throughput and latency are the most important QoS parameters. The problem, what is the exact 

throughput when the MAC protocol is 802.11e, and the PHY is 802.11a, 802.11b, or 802.11g, has not 

been answered. This is the problem that is answered in this paper. In section 2 and 3, the working 

mechanisms of the legacy 802.11 and 802.11e MAC protocols are discussed. In Section 4, the new 

analytic formulae for the throughput of 802.11e are derived. In Section 5, the equation has been 

derived for the maximum achievable throughput when the data rate goes to infinite. Section 6 deals 

with the minimum delay in the data transfer due to the overhead time delays involved. Simulation 

plots and Numerical results are presented in Appendix B. The paper concludes with summary in 

section 7. 

 
 

2. IEEE 802.11E 
 

In this section we analyze the effect on throughput of the QoS mechanism provided by the 

enhanced distributed channel access (EDCA) defined in 802.11e.  
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medium is available for a period equal to DIFS+backoff interval. The backoff interval is a random 

number with a uniform distribution between 0 and CW-1, where CW is the contention window. After 

any unsuccessful transmission, the CW is doubled, up to a certain limit.   

802.11e introduced traffic prioritization. IEEE 802.11e is using a standard called IEEE Std 

802.1D-1998, Annex H.2, which adds three bits to the packet header and gives the LAN the capability 

to recognize eight levels of priority. Priority 7 is the highest priority and priority 1 is the lowest 

priority, with priority 0, which is used for best effort traffic, ordered between priority 3 and priority 2. 

The resulting default ordering is {7, 6, 5, 4, 3, 0, 2, 1}, as shown in Table 1.  

                              
Table 1. Priority to Access Category Mapping and CW values 

 

Priority 
(Traffic 

category) 

Traffic type 
(Access category) 

AIFSN minCW  maxCW  

Lowest 
1  
2 

 
Background (BK) – aperiodic data 

- 

 
7 
6 

 
minCW  

 

maxCW  
 

0 
3 

Best effort (BE) – aperiodic data 
Excellent effort (EE) – isochronous data 

3 
2 

minCW  maxCW  
 

4 
5 

Controlled load 
Video (VI) – periodic 

3 
2 

min 1 1
2

CW +
−

 

minCW  

6 
7  

Highest 

Voice (VO) – periodic 
Network control (NC) 

2 
1 

min 1 1
4

CW +
−

 

min 1 1
2

CW +
−

 

 
 
The EDCA is also a contention-based channel access mechanism that uses Arbitration Interframe 

Space (AIFS) instead of DIFS. Prior to each transmission a station will defer until the medium is 

determined to be idle without interruption for a period of time equal to the arbitration IFS for that 

queue (AIFS[i]). Note that AIFS [i] is variable, assigned either by a management entity, or by the AP 

and measured in time is equal to the integer AIFSN [i] multiplied by the slot time plus SIFS: 

 

AIFS[AC] = AIFSN[AC] × slot time + SIFS.  (1) 

The integer AIFSN must be greater than 2 for stations, and greater than 1 for the AP. In this way the 

AP has a higher priority for this channel access mechanism. The values of AIFSN for the different 



   
access categories is advertised in the beacons and probe response frames transmitted by the AP. An 

example is given in Table 1. Furthermore the contention window values are different for each priority 

level. According to the EDCA, service differentiation is achieved through varying the length of the 

contention window, and/or varying the duration a station may transmit after it acquires channel access. 

 Note that the slot time and the contention window values depend on the physical layer that is used. 

(Therefore the MAC layer is not entirely independent of the physical layer.)  

 
 

Table 2 Timing parameters for 802.11b, 802.11a and 802.11g 

Parameter 802.11b 802.11a 802.11g 

SIFS duration, sµ  10 16  10 (with virtual 

extension of 6 sµ ) 

Slot time, sµ  20 9 20 or 9 

minCW ,  time slots 31 15 15 

 
 

Another change brought by 802.11e is the introduction of negotiable acknowledgements. The 

IEEE 802.11 standard prior to 802.11e required an acknowledgement for every frame. IEEE 802.11e 

makes acknowledgments negotiable. Such negotiable acknowledgments lead to a more efficient 

utilization for the available channel and enable such applications a reliable multicast. According to 

802.11e there are four acknowledgment types: normal (as in the legacy 802.11), no acknowledgment, 

no explicit acknowledgment, and block acknowledgment. Clearly, no acknowledgment is used 

whenever acknowledgment is not required. This could be appropriate for delay-sensitive traffic. The 

option of no explicit acknowledgment allows acknowledgments to be piggybacked onto different 

frames. The block acknowledgement mechanism allows a block of QoS frames to be transmitted, each 

separated by a SIFS period. This improves latency and jitter. There are two types of block 

acknowledgements: immediate and delayed. Immediate block acknowledgment is suitable for high-



   
bandwidth, low latency traffic while the delayed block acknowledgment is suitable for applications 

that tolerate moderate latency.   

 

 
4. THROUGHPUT PERFORMANCE OF EDCA 

 
In this section, the throughput equation for the EDCA as defined in the 802.11e is derived. Matlab 

simulations have been carried out using different physical layer parameters of IEEE 802.11a, 802.11b 

and 802.11g standards. 

 

The backoff period can be calculated by multiplying the slot time, TSLOT, with the size of contention 

Window. Since the backoff time has uniform distribution, the expected value will be . The 

transmission time of the data can be given as T

/ 2CW

D_DATA. The transmission time of the acknowledgement 

frame can be given by TD_ACK. An acknowledgement is transmitted TSIFS after the data is received. In 

addition, there is the propagation delay. Therefore we have, as shown in Figure 1,  

 

                                   min
_ _2AIFS SLOT D DATA SIFS D ACK

CWT T T T T Tτ τ= + + + + + + ,   (2) 

if an acknowledgment is required. According to 802.11e there may be no acknowledgement. In this 

case  

min
_2AIFS SLOT D DATA

CWT T T T τ= + + + .         (3) 

The minimum value of the contention window is used, because it is assumed that transmissions do not 

result in errors. If there are errors, at the next transmission attempt the contention window doubles, T  

increases and the throughput decreases. Clearly, only _D DATAT  is useful time, the other time periods 

represent protocol overhead. Therefore the throughput, measured in bits per second, is given by 

Payload SizeThroughput
T

= .  (4) 

Therefore the throughput as a function of the traffic category is  

8( ) DATALThroughput TC
T

= ,      (5) 

where LDATA is the payload in bytes, and T  is either as in (2) or (3) depending on whether an 

acknowledgment is required or not.  



   
 It must be noted that this is the throughput only as a result of the channel access procedure. While 

the throughput for all physical layers is given by these equations, for each physical layer _D DATAT  and 

TD_ACK will be different. The physical layers will introduce additional overhead (their own preambles 

and headers), which will reduce the throughput. This is examined in the following sections.  

 

5. THROUGHPUT OF IEEE 802.11e + 802.11a 

 

The 802.11a physical layer adds a preamble and a header to the packet. The total preamble is 

=16 Pr eambleT sµ  long. A header follows the preamble. This header comprises one OFDM symbol, and 

therefore takes _H PHYT =4 sµ . After the header, the packet is transmitted using a variable number of 

OFDM symbols. However, there is additional physical layer protocol overhead, consisting of 16 bits 

for the service field, 6 tail bits, and a certain number of pad bits, to make the total number of OFDM 

symbols integer. The number 16+6+8*28+8* DATAL +pad bits divided by the number of data bits per 

symbol  DBPSN  must be an integer. The number DBPSN  is 24, 36, 48, 72, 96, 144, 192, and 216 bits, 

correspondingly for the data rates of 6, 9, 12, 18, 24, 36, 48, and 54 Mb/s. Therefore the time to 

transmit a 802.11a packet is   

_ Pr _
16 6 8*28 8* DATA

D DATA eamble H PHY SYM
DBPS

LT T T T Ceiling
N

⎛ ⎞+ + +
= + + ⎜ ⎟

⎝ ⎠
. (6) 

Formula (6) takes into account the MAC overhead of 28 bytes, which includes the MAC header and 

the FCS. 4SYMT sµ=  is the time to transmit one OFDM symbol. If a normal acknowledgement is 

required, then this acknowledgment will be transmitted SIFS after the end of the data transmission. 

The normal acknowledgement takes 14 bytes. The time to transmit the acknowledgment is  

_ Pr _
_

16 6 8*14*D ACK eamble H PHY SYM
DBPS ACK

T T T T Ceiling
N

⎛ ⎞+ +
= + + ⎜ ⎟⎜ ⎟

⎝ ⎠
.     (7) 

Note that the acknowledgment is transmitted at the control rate, which may be different than the data 

rate of the packet. The control rate always must be smaller than or equal to the data rate. The control 

rate in 802.11a is 6, 12, and 24 Mb/s. Therefore _DBPS ACKN  in (7) can be 24, 48, or 96, and can be 

different from DBPSN  in (6). Therefore the 134 bits in the acknowledgment in 802.11a require 6, 3, or 2 



   
OFDM symbols, if it is transmitted at 6, 12, or 24 Mb/s, correspondingly. As a result _D ACKT  takes 44 

sµ , 32 sµ , or 28 sµ , correspondingly.    

In our simulations we assume that the channel is perfect, i.e. there are no transmission errors. We 

also assume that stations have always data to transmit. If these assumptions are not true, the 

throughput will decrease. Furthermore it is assumed that the priority level is constant, i.e. there is no 

dynamic change of priority. Using these assumptions the throughput simulations have been carried out 

for all 8 different traffic categories. Figures from 2 to 9 and Tables from 6 to 13 in Appendix B, show 

the Simulation Plots and the throughput results for the respective plot for all TCs. 

 

Throughput IEEE 802.11b EDCF 

 

802.11b is a single-carrier physical layer, achieving data rates of 5.5 and 11 Mb/s, in addition 

to the data rates of 1 and 2 Mb/s of the original 802.11. There are two preambles: long, which is 

mandatory and short, which is optional. The long preamble length in bits is 144 bits, and in time is 144 

sµ , since it is sent at 1Mb/s. If the long preamble is used, then the header is also according to the 

original 802.11. The short preamble is provided in the standard precisely to increase the throughput. 

Therefore it is important to analyze the throughput when the short preamble is used. The short 

preamble is 72 bits at 1 Mb/s, or 72 sµ . If the short preamble is used, the header is transmitted at 2 

Mb/s, or in time 24 sµ .  Therefore for 802.11b there are two sets of physical layer parameters:  

=144 Pr eambleT sµ  , _H PHYT = 48 sµ , and  T = 72 Pr eamble sµ  , _H PHYT = 24 sµ . The MAC data that 

follows the header is transmitted at 2, 5.5, or 11 Mb/s. The actual data rate used is denoted in the 

header. Therefore the transmission time for 802.11b is  

_ Pr _
8*28 8* (8)
1000000*

DATA
D DATA eamble H PHY

DATA

LT T T
R

⎛ ⎞+
= + + ⎜ ⎟

⎝ ⎠
, 

and the time to transmit an acknowledgment, if required, is  

_ Pr _
8*14 (9)

1000000*D ACK eamble H PHY
ACK

T T T
R

⎛ ⎞
= + + ⎜ ⎟

⎝ ⎠
. 

Note that again the acknowledgment is transmitted at the control rate, which is smaller than or equal 

to the data rate of the packet. The 14 bytes of the acknowledgment can be transmitted at a data rate of 

either 1 or 2 Mb/s. Using the values given in the table above, the throughput performance for all 8 



   
priority levels can be determined. Simulations have been carried out for one Traffic Category from 

each Access Category (AC) unlike as has been done for IEEE 802.11a in last section for all TCs. The 

reason is that as we can notice from the simulation results from IEEE 802.11a EDCF in the previous 

section, there is very small difference in throughput results of the TCs of the same Access Category. 

The throughput simulation plots and their respective throughput results for the given data rates are 

given in Figures 10 to 13 and tables 14 to 17 in Appendix B. 

 

Throughput of IEEE 802.11g EDCF 

Almost as soon as 802.11b and 802.11a were approved, work began on another physical layer 

for operation in the 2.4 GHz band. The requirement was at least to double the data rate of 802.11b, 

while achieving backwards compatibility with 802.11b. Another motivation was the change in FCC 

regulations. While previous regulations required spread-spectrum technology in the 2.4 GHz band, the 

new regulations allow any digital modulation to be used. In this section we evaluate the throughput 

only assuming the mandatory physical layer of 802.11g. (The two optional physical layers of 802.11g 

are not analysed in this paper.) The mandatory physical layer is in principal identical to 802.11a, but 

works in the 2.4 GHz band. 802.11g is the first standard for wireless data communications in the 2.4 

GHz band which is not using spread-spectrum technology. Since 802.11a was standardized before 

802.11g, and it was widely understood technology, the investment in 802.11a could be leveraged by 

using the same physical layer, and only changing the frequency band of operation. One small 

difference between 802.11a and 802.11g is that the SIFS for 802.11a is 16 sµ  and the SIFS for 

802.11g is 10 sµ . 802.11a uses 16 sµ  to allow enough time for the time-consuming convolutional 

decoding. To give 802.11g equipment the same time to perform convolutional decoding, an 802.11g 

packet is followed by 6 sµ6 sµ  of silence. The duration field of every packet includes this  signal 

extension. This is called a virtual extension of SIFS. Therefore in the throughput evaluation formula 

SIFS is considered to be 16 . IEEE 802.11g specifies two slot times – 20 sµ  and optionally 9 sµsµ . 

Again, the purpose of providing the short slot time is to increase the throughput. Therefore it is 

important to analyze what this increase is for 802.11e. With these assumptions, the simulations have 

been done for one Traffic category from different Access Categories (ACs). Figures 14 through 16 in 

Appendix B represent the throughput simulations for 802.11g throughputs. 



   
 

5. THROUGHPUT UPPER LIMIT FOR IEEE 802.11e EDCF 

 

One question worth asking is what will happen if the data rate that the physical layer provides is 

increased to infinity. Then the transmission of the actual data will take negligible amount of time. In 

the paper the throughput upper limit is derived for the original 802.11 MAC and the 802.11a and 

802.11b physical layers. However, in deriving the throughput upper limit the authors assume that there 

still will be a preamble and a header, transmitted according to 802.11a and 802.11b, i.e. transmitted at 

6 Mb/s in the case of 802.11a and 1 or 2 Mb/s in the case of 802.11b. This assumption is justified if 

backward compatibility at the physical layer is required. Therefore 

_ _ Pr _ (11)D DATA D ACK eamble H PHYT T T T= = + . 

Now assuming that the MAC protocol is 802.11e the throughput upper limit can be calculated. If 

backward compatibility at the physical layer and acknowledgment are required, the throughput upper 

limit as a function of the priority level is 

1
min

8( ) (12)( ) ( ) 2 2 2
2

DATA

slot
AIFS SIFS PREAMBLE H PHY

LTUL TC CW TC T T TC T T Tτ −

=
+ + + + +

 

However, according to 802.11e an acknowledgment may not be required. One can readily notice that 

not requiring an acknowledgment can have a substantial effect on throughput, because according to () 

as the data rate goes to infinity, the time to transmit the actual data is equal to the time to transmit the 

acknowledgment. If an acknowledgment is not required then the throughput upper limit is   

2
min

8( ) (13( ) ( )
2

DATA

slot
AIFS PREAMBLE H PHY

LTUL TC CW TC T T TC T Tτ −

=
+ + + +

) . 

Backwards compatibility is desirable so that legacy equipment can work with new equipment in a 

network. Legacy devices will decode the preamble and header and will not initiate transmissions as a 

result of the virtual carrier sense mechanism. The throughput achievable by new devices is lower. 

Therefore as the data rate goes to infinity it is not very efficient to have backwards compatibility at the 

physical layer. Vendors are aware of this tradeoff. It is also desirable to “turn-off” backwards 

compatibility to achieve higher throughput, for example when there are only new devices. Backwards 

compatibility can also be provided at a higher layer, e.g. the MAC layer. If backwards compatibility at 

the physical layer is “turned-off” then it can be assumed that the preamble and the header will also be 



   
transmitted at a data approaching infinity. Then, if an acknowledgment is still required the throughput 

upper limit is 

3
min

8( ) (14)( ) ( ) 2
2

DATA

slot
AIFS SIFS

LTUL TC CW TC T T TC T τ
=

+ + +
, 

and if an acknowledgment is not required the limit is  

4
min

8( ) (15( ) ( )
2

DATA

slot
AIFS

LTUL TC CW TC T T TC τ
=

+ +
) . 

These are more useful estimates of the throughput limit, compared with the paper [], considering that 

in the next several years 802.11 will standardize new physical layers providing data rates in the order 

of 1 Gb/s. These physical layers will operate under the 802.11e protocol, which is exactly the case 

analyzed here.  

The throughput limit is a function of the packet size and the traffic category. While the throughput 

limit does not depend on the data rate, it depends on certain physical layer parameters such as SIFS 

and slot time values. Tables 21, 22, and 23 shows the throughput upper limits for each traffic category, 

assuming the physical layer is 802.11a, 802.11b, and 802.11g.  

 

 

6. MINIMUM DELAY AND DELAY LOWER LIMIT 

 

It is also of interest to analyze the minimum delay that 802.11e provides. It is independent of the data 

rate, and moreover it is also independent of the payload size. The minimum delay as a function of the 

traffic category is  

min
_( ) ( ) (16

2
SLOT

AIFS D DATA
CW TMD TC T TC T τ= + + + ) . 

 The delay lower limit can be calculated in a manner similar to the calculation of the throughput upper 

limit. As the data rate approaches infinity _D DATAT  will consist of only preamble and header time 

periods in the backwards-compatible case. Therefore the delay lower limit is  

min
1( ) ( ) (17

2
SLOT

AIFS PREAMBLE H PHY
CW TDLL TC T TC T T τ−= + + + + ) . 

In the high-throughput case the preamble and the header are also transmitted at a data rate that 

approaches infinity. Then the delay lower limit is  



   
min

2 ( ) ( )
2

SLOT
AIFS

CW TDLL TC T TC τ= + + . 

Tables () contain the minimum delay and the delay lower limit for the three different physical layers 

considered here.  

 

7. CONCLUSION 

 

In this paper, we have proved that the IEEE 802.11e EDCF mechanism provides Quality of Service 

(QoS) by using prioritized data transfers. From the simulation plots and tables, it is clear that the 

throughput rate is higher for the higher priory data, e.g. voice and video. Higher throughput rate helps 

providing QoS for the real time applications. We have also proved that by simply increasing the data 

rate without reducing overhead, the maximum achievable throughput is bounded even when the data 

rate goes to infinite high. To achieve higher throughput, overhead needs to be reduced. 
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APPENDIX A - NOTATIONS 

 
AC         Access Category 
ACK        Acknowledgement 
AIFS       Arbitration Inter Frame Space 
AP        Access Point 
CA           Collision Avoidance 
CDF            Complementary Cumulative   Distribution   Function 
CFP          Contention Free Period 
CF-Poll      Contention Free-Poll 
CF-End      Contention Free-End 
CP        Contention Period 
CSMA      Carrier Sense Multiple Access 
CW          Contention Window 
CWmax      Contention Window Maximum 
CWmin      Contention Window Minimum 
DCF          Distributed Coordination Function 
EDCF      Enhanced Distributed Coordination Function 
HC        Hybrid Coordinator 
HCF         Hybrid Coordination Function  
ISM          Industrial, Science, Medical 
MAC       Medium Access Control 
MDSU        MAC Service Data Unit 
NAV       Network Allocation Vector 
PC        Point Coordinator 
PCF          Point Coordination Function 
PF        Persistence Factor 
PIFS       PCF Inter Frame Space 
QoS          Quality of Service 
SIFS        Short Inter Frame Space 
TC        Traffic Category 
TXOP      Transmission Opportunity 
WLAN      Wireless Local Area Network 



   
 

APPENDIX B - SIMULATION PLOTS AND TABLES 
 
IEEE 802.11a EDCA 
 
Traffic Category 1 
 For 2304 bytes payload 

Data Rate (Mbps) Throughput (Mbps) 
6 5.43 
9 7.83 
12 10.05 
18 14.04 
24 17.50 
36 23.24 
48 27.72 
54 29.75 

 
Fig 2. Throughput for 802.11a TC1                      Table 3. Throughput results for 802.11a TC1 
 
Traffic category 2 

 

For 2304 bytes payload 
Data Rate (Mbps) Throughput (Mbps) 

6 5.45 
9 7.86 
12 10.11 
18 14.14 
24 17.66 
36 23.52 
48 28.11 
54 30.20 

Fig 3. Throughput for 802.11TC2                         Table 4. Throughput results for 802.11a TC2 
 
Traffic Category 0 For 2304 bytes payload 

Data Rate (Mbps) Throughput (Mbps) 
6 5.50 
9 7.96 
12 10.26 
18 14.45 
24 18.15 
36 24.39 
48 29.36 
54 31.65 

 
Fig 4. Throughput for 802.11a TC0                       Table 5. Throughput results for 802.11a TC0 



   
Traffic Category 3 
 

For 2304 bytes payload 
Data Rate (Mbps) Throughput (Mbps) 

6 5.51 
9 7.99 
12 10.32 
18 14.55 
24 18.31 
36 24.69 
48 29.80 
54 32.16 

 
 
Fig 5. Throughput for 802.11a TC3                        Table 6. Throughput results for 802.11a TC3 
 
Traffic Category 4 
 

For 2304 bytes payload 
Data Rate (Mbps) Throughput (Mbps) 

6 5.56 
9 8.09 
12 10.48 
18 14.88 
24 18.83 
36 25.65 
48 31.20 
54 33.80 

 
 
Fig 6. Throughput for 802.11a TC4                       Table 7. Throughput results for 802.11a TC4 
 
Traffic Category 5 
 For 2304 bytes payload 

Data Rate (Mbps) Throughput (Mbps) 
6 5.58 
9 8.12 
12 10.54 
18 14.99 
24 19.01 
36 25.98 
48 31.70 
54 34.39 

 
 
Fig 7. Throughput for 802.11a TC5                        Table 8. Throughput results for 802.11a TC5 



   
Traffic Category 6 
 

For 2304 bytes payload 
Data Rate (Mbps) Throughput (Mbps) 

6 5.61 
9 8.19 
12 10.65 
18 15.22 
24 19.39 
36 26.68 
48 32.75 
54 35.62 

 
 
Fig 8. Throughput for 802.11a TC 6                     Table 9. Throughput results for 802.11a TC6 
 
Traffic Category 7 For 2304 bytes payload 

Data Rate (Mbps) Throughput (Mbps) 
6 5.62 
9 8.22 
12 10.70 
18 15.34 
24 19.58 
36 27.05 
48 33.20 
54 36.27 

 
 
Fig 9. Throughput for 802.11a TC 7                     Table 10. Throughput results for 802.11a TC 7  
 
IEEE 802.11b EDCA 
LONG PREAMBLE (TPreamble= 144 microsec, TH_PHY=48 microsec) 
Traffic Category 1 
 

 

For 2304 bytes payload 
Data Rate (Mbps) Throughput (Mbps) 

1 0.94 
2 1.79 

5.5 4.25 
11 6.99 

 
Fig 10. Throughput for 802.11b TC 1                    Table 11. Throughput results for 802.11b TC 1 



   
Traffic Category 0 
 

 

For 2304 bytes payload 
Data Rate (Mbps) Throughput (Mbps) 

1 0.94 
2 1.81 

5.5 4.33 
11 7.21 

 
Fig 11. Throughput for 802.11b TC 0        Table 12. Throughput results for 802.11b TC 0 
 
Traffic Category 4 
 

 

For 2304 bytes payload 
Data Rate (Mbps) Throughput (Mbps) 

1 0.95 
2 1.84 

5.5 4.51 
11 7.71 

 
Fig 12. Throughput for 802.11b TC 4                   Table 13. Throughput results for 802.11b TC 4 
 
Traffic Category 6 
 

 

For 2304 bytes payload 
Data Rate (Mbps) Throughput (Mbps) 

1 0.95 
2 1.86 

5.5 4.63 
11 8.06 

 
Fig 13. Throughput for 802.11b TC 6                   Table 14. Throughput results for 802.11b TC 6 
 



   
SHORT PREAMBLE (TPreamble= 72 microsec, TH_PHY=24 microsec) 
Traffic Category 1 
 

 

For 2304 bytes payload 
Data Rate (Mbps) Throughput (Mbps) 

1 0.95 
2 1.83 

5.5 4.46 
11 7.55 

 
Fig 14. Throughput for 802.11b TC 1                    Table 15. Throughput results for 802.11b TC 1 
Traffic Category 0 
 

 

For 2304 bytes payload 
Data Rate (Mbps) Throughput (Mbps) 

1 0.95 
2 1.84 

5.5 4.55 
11 7.82 

 
Fig 15. Throughput for 802.11b TC 0        Table 16. Throughput results for 802.11b TC 0 
 
Traffic Category 4 
 

 

For 2304 bytes payload 
Data Rate (Mbps) Throughput (Mbps) 

1 0.96 
2 1.88 

5.5 4.74 
11 8.41 

 
Fig 16. Throughput for 802.11b TC 4                   Table 17. Throughput results for 802.11b TC 4 
 



   
Traffic Category 6 
 

 

For 2304 bytes payload 
Data Rate (Mbps) Throughput (Mbps) 

1 0.96 
2 1.90 

5.5 4.87 
11 8.82 

 
Fig 17. Throughput for 802.11b TC 6                   Table 18. Throughput results for 802.11b TC 6 
 
IEEE 802.11g EDCA 
WITH TSLOT = 20 microsec  
Traffic Category 2 
 For 2304 bytes payload 

Data Rate (Mbps) Throughput (Mbps) 
6 5.23 
9 7.40 
12 9.35 
18 12.71 
24 15.48 
36 19.81 
48 22.96 
54 24.34 

 
Fig 18. Throughput for 802.11g TC 2                   Table 19. Throughput results for 802.11g TC 2 
 
Traffic Category 3 
 

For 2304 bytes payload 
Data Rate (Mbps) Throughput (Mbps) 

6 5.35 
9 7.65 
12 9.76 
18 13.47 
24 16.63 
36 21.73 
48 25.60 
54 27.32 

 
 
Fig 19. Throughput for 802.11g TC 3                    Table 20. Throughput results for 802.11g TC 3 



   
Traffic Category 5 
 For 2304 bytes payload 

Data Rate (Mbps) Throughput (Mbps) 
6 5.48 
9 7.93 
12 10.21 
18 14.34 
24 17.97 
36 24.08 
48 28.91 
54 31.12 

 
 
Fig 20. Throughput for 802.11g TC 5                Table 21. Throughput results for 802.11g TC 5 
 
Traffic Category 7 
 For 2304 bytes payload 

Data Rate (Mbps) Throughput (Mbps) 
6 5.59 
9 8.14 
12 10.57 
18 15.06 
24 19.13 
36 26.19 
48 32.01 
54 34.75 

 
 
Fig 21. Throughput for 802.11g TC 7                Table 22. Throughput results for 802.11g TC 7 
 
IEEE 802.11g EDCA 
WITH TSLOT = 9 microsecond  
Traffic Category 2 
 For 2304 bytes payload 

Data Rate (Mbps) Throughput (Mbps) 
6 5.36 
9 7.66 
12 9.77 
18 13.50 
24 16.67 
36 21.80 
48 25.69 
54 27.42 

 
Fig 22. Throughput for 802.11g TC 2                   Table 23. Throughput results for 802.11g TC 2 



   
Traffic Category 3 
 

For 2304 bytes payload 
Data Rate (Mbps) Throughput (Mbps) 

6 5.49 
9 7.93 
12 10.22 
18 14.37 
24 18.02 
36 24.16 
48 29.02 
54 31.26 

 
 
Fig 23. Throughput for 802.11g TC 3                    Table 24. Throughput results for 802.11g TC 3 
 
Traffic Category 5 
 For 2304 bytes payload 

Data Rate (Mbps) Throughput (Mbps) 
6 5.55 
9 8.06 
12 10.44 
18 14.79 
24 18.70 
36 25.39 
48 30.83 
54 33.36 

 
 
Fig 24. Throughput for 802.11g TC 5                Table 25. Throughput results for 802.11g TC 5 
 
Traffic Category 7 
 For 2304 bytes payload 

Data Rate (Mbps) Throughput (Mbps) 
6 5.62 
9 8.20 
12 10.68 
18 15.28 
24 19.47 
36 26.84 
48 32.99 
54 35.91 

 
 
Fig 25. Throughput for 802.11g TC 7                Table 26. Throughput results for 802.11g TC 7 
 



   
Throughput Limit 
IEEE 802.11a EDCA (CASE 1: WITH ACK) 
 

 

Traffic Category Throughput Limit (Mbps) 
1 87.36 
2 91.38 
0 106.02 
3 112 
4 134.82 
5 144.65 
6 169.33 
7 185.12 

 
Fig 26. Throughput limit for 802.11a      Table 27. Throughput limit results for 802.11a 
 
IEEE 802.11a EDCA (CASE 2: WITHOUT ACK) 
 

 

Traffic Category Throughput Limit (Mbps) 
1 106.65 
2 112.71 
0 135.85 
3 145.83 
4 187.06 
5 206.52 
6 260.79 
7 300.24 

 
Fig 27. Throughput limit for 802.11a      Table 28. Throughput limit results for 802.11a 
 
IEEE 802.11a EDCA (CASE 3: WITH ACK AND TPreamble & TH_PHY INFINITE) 
 

 

Traffic Category Throughput Limit (Mbps) 
1 108.6 
2 114.88 
0 139.02 
3 149.49 
4 193.12 
5 213.94 
6 272.73 
7 316.18 

 
Fig 28. Throughput limit for 802.11a      Table 29. Throughput limit results for 802.11a 



   
IEEE 802.11a EDCA (CASE 4: WITHOUT ACK AND TPreamble & TH_PHY INFINITE) 
 

 

Traffic Category Throughput Limit (Mbps) 
1 121.11 
2 128.98 
0 160.22 
3 174.28 
4 236.61 
5 268.63 
6 368.33 
7 452.25 

 
Fig 29. Throughput limit for 802.11a      Table 30. Throughput limit results for 802.11a 
 
 
IEEE 802.11b EDCA (CASE 1: WITH ACK) 
 

 

Traffic Category Throughput limit (Mbps) 
1 20.87 
2 21.37 
0 23.02 
3 23.63 
4 29 
5 29.97 
6 34.62 
7 36.02 

 
Fig 30. Throughput limit for 802.11b                     Table 31. Throughput limit results for 802.11b 
 
IEEE 802.11b EDCA (CASE 2: WITHOUT ACK) 
 

 

Traffic Category Throughput limit (Mbps) 
1 27.36 
2 28.22 
0 31.18 
3 32.30 
4 43.25 
5 45.46 
6 57.07 
7 60.97 

 
Fig 31. Throughput limit for 802.11b                     Table 32. Throughput limit results for 802.11b 



   
IEEE 802.11b EDCA (CASE 3: WITH ACK AND TPreambple & TH_PHY INFINITE) 
 

 

Traffic Category Throughput limit (Mbps) 
1 37.85 
2 39.52 
0 45.57 
3 48.02 
4 77.00 
5 84.26 
6 135.53 
7 159.50 

 
Fig 32. Throughput limit for 802.11b                     Table 33. Throughput limit results for 802.11b 
 
IEEE 802.11b EDCA (CASE 4: WITHOUT ACK AND TPreambple & TH_PHY INFINITE) 
 

 

Traffic Category Throughput limit (Mbps) 
1 38.75 
2 40.51 
0 46.89 
3 49.49 
4 80.83 
5 88.87 
6 147.64 
7 176.87 

 
Fig 33. Throughput limit for 802.11b                     Table 34. Throughput limit results for 802.11b 
 
IEEE 802.11g EDCA (CASE 1: WITH ACK) 
 

 

Traffic Category Throughput limit (Mbps) 
1 49.90 
2 52.85 
0 64.26 
3 69.24 
4 90.22 
5 100.36 
6 129.45 
7 151.39 

 
Fig 34. Throughput limit for 802.11g                     Table 35. Throughput limit results for 802.11g 
 



   
IEEE 802.11g EDCA (CASE 2: WITHOUT ACK) 
 

 

Traffic Category Throughput limit (Mbps) 
1 55.65 
2 59.35 
0 74.12 
3 80.83 
4 110.96 
5 126.70 
6 176.87 
7 220.54 

 
Fig 35. Throughput limit for 802.11g                     Table 36. Throughput limit results for 802.11g 
 
IEEE 802.11g EDCA (CASE 3: WITH ACK AND TPreamble & TH_PHY INFINITE) 
 

 

Traffic Category Throughput limit (Mbps) 
1 56.18 
2 59.95 
0 75.06 
3 81.95 
4 113.06 
5 129.45 
6 182.29 
7 229.03 

 
Fig 36. Throughput limit for 802.11g                     Table 37. Throughput limit results for 802.11g 
 
IEEE 802.11g EDCA (CASE 3: WITH ACK AND TPreamble & TH_PHY INFINITE) 
 

 

Traffic Category Throughput limit (Mbps) 
1 59.35 
2 63.57 
0 80.83 
3 88.88 
4 126.70 
5 147.64 
6 220.54 
7 292.85 

 
Fig 37. Throughput limit for 802.11g                     Table 38. Throughput limit results for 802.11g 
 



   
DELAY LOWER LIMIT 
 
IEEE 802.11a EDCA  
(CASE 1: Preamble & Header not infinite)                 (CASE 2: Preamble & Header infinite) 
  

 
 
 
 
 
 
 
 
 
 

TC Minimum Delay (milisec) 
0 0.168 
1 0.159 
2 0.132 
3 0.123 
4 0.096 
5 0.087 
6 0.069 
7 0.060 

Table 39. Delay Lower Limit case 1 802.11a              Table 40 Delay Lower Limit case 2 for 802.11a 

TC Minimum Delay (milisec) 
0 0.148 
1 0.139 
2 0.112 
3 0.103 
4 0.076 
5 0.067 
6 0.049 
7 0.040 

 
IEEE 802.11b EDCA 
(CASE 1: Preamble & Header not infinite)                 (CASE 2: Preamble & Header infinite) 

 
 
 
 
 
 
 
 
 
 
 

TC Minimum Delay (milisec) 
0 0.653 
1 0.633 
2 0.573 
3 0.553 
4 0.413 
5 0.393 
6 0.313 
7 0.293 

TC Minimum Delay (milisec) 
0 0.461 
1 0.441 
2 0.381 
3 0.361 
4 0.221 
5 0.201 
6 0.121 
7 0.101 

Table 41 Delay Lower Limit case 1 for 802.11b        Table 42 Delay Lower Limit case 2 for 802.11b 
 
IEEE 802.11g EDCA 
(CASE 1: Preamble & Header not infinite)                 (CASE 2: Preamble & Header infinite) 
 

TC Minimum Delay (milisec) 
0 0.301 
1 0.281 
2 0.221 
3 0.201 
4 0.141 
5 0.121 
6 0.081 
7 0.061 

 
 
 
 
 
 
 
 
 
 

TC Minimum Delay (milisec) 
0 0.321  
1 0.301  
2 0.241  
3 0.221  
4 0.161  
5 0.141  
6 0.101  
7 0.081  

Table 43 Delay Lower Limit case 2 for 802.11g        Table 44 Delay Lower Limit case 2 for 802.11g 
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ABSTRACT

The ARTM Tier-2 waveform, called “ARTM CPM” in IRIG 106-04, hasalmost three times the spectral
efficiency of PCM/FM and approximately the same detection efficiency. The improved spectral efficiency
comes at the price of computational complexity in the receiver. The optimum receiver requires 128 real-
valued matched filters and keeps track of the waveform state with a trellis of 512 states and 2048 branches.
Various complexity reducing techniques are applied and theresulting loss in detection efficiency is quanti-
fied. It is shown that the full 512-state trellis is not required to achieve the desired detection efficiency: two
different32-state configurations were found to perform within one tenthof a dB of optimal. Noncoherent
techniques are also evaluated. It is shown that the requiredcomplexity can be quite large to achieve a
respectable detection efficiency. One noncoherent technique performed within1.9 dB of the optimal with
only 64 states, which is significant when considering the additional complexity savings of not having to
track the carrier phase.

INTRODUCTION

PCM/FM has been the primary modulation format used in aeronautical telemetry for more than 40
years. During this time, the complexity of the systems that need to be tested has increased dramatically.
As a consequence the required data rates for the tests have increased from 100 kbits/sec in the early 1970s
to 10-20 Mbit/sec today. This increase has applied tremendous pressure on the spectrum allocated to
aeronautical telemetry at L-band (1435 – 1535 MHz), lower S-band (2200 – 2290 MHz), and upper S-
band (2310 – 2390 MHz). The situation was further exacerbated in 1997 when the lower portion of upper
S-band (2310 to 2360 MHz) was reallocated to digital audio radio and wireless communications services
by the FCC in two separate auctions.

In response to these trends, the Advanced Range Telemetry (ARTM) program [1] was launched by
the Central Test and Evaluation Investment Program (CTEIP) in1997 to identify more bandwidth efficient



modulation formats compatible with fully saturated non-linear amplifiers for use in aeronautical telemetry.
The goal was to select waveforms that have better spectral efficiency than PCM/FM with the same detec-
tion efficiency as PCM/FM. Modulation formats with improved spectral efficiency were selected in two
phases. In the first phase, Feher-patented QPSK (FQPSK) [2] was adopted in the IRIG 106-00 standard
and a compatible variant of the MIL-STD 188-181 Shaped Offset QPSK (SOQPSK) [3] was adopted in the
IRIG 106-04 standard. These two modulation formats, known collectively as “ARTM Tier-1 Waveforms,”
have twice the spectral efficiency as PCM/FM [4], even when used with non-linear power amplifiers. In
the second phase, a two-index 4-ary continuous phase modulation [5], was adopted in the IRIG 106-04
standard under the name “ARTM CPM.” This waveform, sometimesreferred to as the “ARTM Tier-2”
waveform, has almost three times the spectral efficiency as PCM/FM.

The improved spectral efficiency of ARTM CPM comes with a price: increased complexity in the
receiver. It will be shown that the optimal detector is a sequence detector that requires 128 real-valued
matched filters and keeps track of the waveform state with a trellis of 512 states and 2048 branches. The
performance of this detector forms the baseline against which the other detectors are compared. Various
complexity reducing techniques are applied to the resulting loss in detection efficiency is quantified. The
final result is a series of approximations that trade complexity for detection efficiency.

ARTM CPM SIGNAL MODEL

Continuous-phase modulation, or CPM, is a version of frequency shift keying where the transition
from one frequency to another maintains a smooth phase that does not have any discontinuities. The
frequency transitions can be filtered to produce a digitallymodulated FM signal with constant envelope
and desirable spectral properties. The improved bandwidthefficiency comes at the expense of detection
efficiency. Thus, CPM offers a rich variety of choices in the trade-off between bandwidth and power.

A CPM modulated carrier may be expressed as

s(t) = A cos (ω0t + φ(t)) (1)

where the time-varying phaseφ(t) contains the information. A CPM signal can be generated by frequency
modulating a pulse train where the data symbolsα0, α1, α2, . . . modulate the amplitude of afrequency
pulse f(t). In a multiple-index scheme, the FM modulation index applied to each symbol is allowed to
vary. In this case, the frequency pulse train may be represented as

m(t) =
∑

i

2πhiαif(t − iT ) (2)

whereαi is the i-th data symbol,T is the symbol time (or reciprocal of the symbol rate),f(t) is the
frequency pulse, andhi is the digital modulation index1 used for thei-th symbol. Since frequency is the

1The digital modulation index is defined as the ratio of two times the peak frequency deviation to the symbol rate when area
of the frequency pulse is normalized to 1/2.
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Figure 1:The length-3 raised cosine (3RC) frequency pulse and corresponding phase pulse for ARTM CPM.

Table 1: Parameters defining ARTM CPM.
symbol values αn ∈ {−3,−1, +1, +3}

partial response L = 3

frequency pulse f(t) =

{
1

2LT

[
1 − cos

(
2πt
LT

)]
0 ≤ t ≤ LT

0 otherwise

modulation indexes hn ∈
{

4
16

, 5
16

}

time-derivative of phase, the phaseφ(t) in (1) may be expressed as

φ(t) =

∫

m(x)dx =
∑

i

2πhiαi

∫

f(x − iT )dx =
∑

i

2πhiαig(t − iT ) (3)

whereg(t) is called thephase pulse and has peak amplitude 1/2 when the area of the frequency pulsef(t)

is normalized to 1/2. The phase pulse defines the shape of thephase trajectory of the modulated carrier.
The n-th symbol,αn forces the phase of the carrier to shift byπhnαn radians. The phase pulseg(t)

defineshow the phase completes this transition. The instantaneous frequency shift is the time derivative
of this transition. By allowing this transition to occur overmultiple symbol intervals, the bandwidth of
the modulated carrier can be reduced. The frequency pulsef(t) and the corresponding phase pulseg(t)

used by ARTM CPM are plotted in Figure 1. Observe that the frequency pulse lasts 3 symbol times.
This means that it takes three symbol times for then-th symbol to shift the carrier phase byπhnαn. The
other parameters that define ARTM CPM are listed in Table 1. Thetwo modulation indexes are used in
alternation. In the language of CPM, ARTM CPM is a two-index, 4-ary partial response CPM.

During the interval corresponding to then-th symbol — or equivalently,nT ≤ t ≤ (n + 1)T — the
phase may be expressed as

φ(t) =
n∑

i=0

2πhiαig(t − iT ) =
n∑

i=n−2

2πhiαig(t − iT )

︸ ︷︷ ︸

θ(t;αn−2,αn−1,αn)

+ π

n−3∑

i=0

hiαi

︸ ︷︷ ︸

θn−3

(4)

The first termθ(t; αn−2, αn−1, αn) defines the phase trajectory during the intervalnT ≤ t ≤ (n + 1)T

which is a function of the current symbolαn and the previous two symbolsαn−1 andαn−2. The three
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Figure 2: I/Q demodulator and CPM detector.

symbols needed to define the value of this term are called thecorrelative state vector. Since each value
of α can have 4 possible values, there areML = 43 = 64 possible trajectoriesθ(t; αn−2, αn−1, αn) can
assume. The second termθn−3 is called thephase state and represents the contribution to the carrier phase
from all symbols that have worked their way through the frequency pulse and now contribute a constant
value to the overall carrier phase. Since there are two modulation indexes with values 4/16 and 5/16, it
can be shown thatθn−3 has 32 possible values0, π/16, 2π/16, · · · , 31π/16.

The phase state and the correlative state vector are all thatis required to describe the modulated carrier
at any given time. As such, the modulated signal can be thought of as a finite state machine. The role
of the receiver is to determine the sequence of inputs to the state machine based on observing noisy
waveforms. Note that ARTM CPM requires a different type of detection algorithm than PCM/FM or the
ARTM Tier-1 waveforms FQPSK and SOQPSK. This difference is due to the fact that the memory in the
waveform makes the performance of symbol-by-symbol detection poor. A detection algorithm with good
performance uses this memory to advantage by estimating a sequence of symbols, rather than individual
symbols one at a time. The optimum receiver is summarized in the next Section. The complexity is high,
but the detection efficiency is good. The performance of thisreceiver will be baseline for the less complex
receivers summarized afterwards.

OPTIMUM DETECTION OF ARTM CPM: A BASELINE FOR COMPARISON

The basic structure of most CPM detectors is illustrated in Figure 2. The received waveform and noise
are mixed from IF to baseband in the form of two quadrature componentsx(t) = cos(φ(t)) + noise and
y(t) = sin(φ(t)) + noise as shown. For notational convenience, the quadraturecomponentsx(t) andy(t)

are treated as the real and imaginary parts of a complex-valued waveformr(t) = x(t) + jy(t). All of the
detection algorithms in this paper operate on the complex baseband waveformr(t).

The optimum detector chooses the sequenceα̂ = α̂0, α̂1, . . . that minimizes the energy in the differ-
ence between the received waveform and one of the possible waveforms. Expressed mathematically, this



rule is

α̂ = arg min
α

{∫
∣
∣r(t) − ejφ(t)

∣
∣
2
dt

}

(5)

where it is understood thatejφ(t) is the term that depends on the data sequenceα = α0, α1, . . .. Expanding
the right-hand side of this rule and ignoring terms that do not depend on the data produces an alternate,
more workable form, for the decision rule:

α̂ = arg max
α

{

Re

[∫

r(t)e−jφ(t)dt

]}

. (6)

Conceptually, this detection algorithm operates as followsto produce an estimate for a length-N sequence:
List the4N possible data sequences. Denote themα1,α2, . . . ,α4N

. Compute the right-hand-side of (6)
for each of the4N possible sequences. Setα̂ equal to the sequence corresponding to the maximum value
obtained in the previous step.

A practical detector cannot use this algorithm for detection. Estimation of a sequence of 10 symbols
requires the parallel computation of the right-hand-side of (6) for 410 = 1, 048, 576 different sequences.
Estimation of 100 symbols requires4100 ≈ 1.6 × 1060 parallel computations. A 5 Mbit/sec test lasting 30
minutes produces 9 trillion bits which translates into 4.5 trillion 4-ary symbols. The number of parallel
computations required for this sequence exceeds the estimate for the number sub-atomic particles in the
universe [6]!

The computational complexity can be reduced to manageable levels by performing the sequence esti-
mation sequentially. The argument of the right-hand-side of (6) may be partitioned to produce a recursive
form. At time(n + 1)T , we have

Re

[
∫ (n+1)T

0

r(t)e−jφ(t)dt

]

︸ ︷︷ ︸

λ(n)

= Re

[∫ nT

0

r(t)e−jφ(t)dt

]

︸ ︷︷ ︸

λ(n−1)

+Re

[
∫ (n+1)T

nT

r(t)e−jφ(t)dt

]

. (7)

This equation suggests that the argument of (6) may be computed recursively. That is, the argument during
the time intervalnT ≤ t ≤ (n+1)T may be computed by adding something to the value from the previous
interval. The something that is added is may be expressed as

Re

[
∫ (n+1)T

nT

r(t)e−jφ(t)dt

]

= Re

[

ejθn−3

∫ (n+1)T

nT

r(t)eθ(t;αn−2,αn−1,αn)dt

]

(8)

whereθ(t; αn−2, αn−1, αn) is the phase trajectory andθn−3 is the phase state defined in (4). The memory
requirements can be reduced by using the Viterbi algorithm [7]. The Viterbi algorithm tracks the 64
possible values of the correlative state vectorαn = (αn−2, αn−1, αn) and the 32 possible values of the
phase stateθn−3. Denote thel-th possible value of the correlative state vector as

αl
n = (αl

n−2, α
l
n−1, α

l
n) 0 ≤ l < 64 (9)

and denote them-th possible value of the phase state as

θm
n−3 =

2π

32
m 0 ≤ m < 32. (10)



The metric corresponding to thel-th value of the correlative state vector and them-th value of the phase
state is

λl,m(n) = λl,m(n − 1) + Re

[

e−jθm
n−3

∫ (n+1)T

nT

r(t)e−θ(t;αl
n−2

,αl
n−1

,αl
n)dt

]

. (11)

The Viterbi algorithm organizes the possible values into atrellis connected bybranches. At each step, the
metrics for all possible transitions from all trellis states to all other trellis states are computed and used
to update the metrics for each of the paths through the trellis. Only those branches that have a chance of
being selected at the end are kept. The others are discarded to reduce the memory requirements.

The algorithm may be organized in hardware as illustrated inFigure 3. The integral expression on
the right-hand-side of (11) may be computed using a filter whose impulse response is a time-reversed
version of the phase trajectory corresponding toαl

n. Since there are 64 possible correlative state vectors,
64 matched filters are required. These 64 matched filter outputs are combined with the 32 possible phase
states to compute all possible values of the last term on the right-hand-side of (11). Note that each branch
can be labelled with abranch vector of the form

σl,m
2048 = (θm

n−3, α
l
n−2, α

l
n−1, α

l
n). (12)

The Viterbi algorithm updates its estimate of the best sequence for each trellis state and stores it. The
Viterbi algorithm requires32 × 42 = 512 trellis states and32 × 43 = 2048 branches.

The number of complex-valued matched filters is 64. The number of real-valued matched filters is
4 × 64 = 256. Half of these filters may be eliminated using the symmetry propertiescos(−x) = cos(x)

andsin(−x) = − sin(x). Thus the total number of real-valued matched filters of duration T is 128. Note
that in addition to the memory and computation requirementsof the sequence estimator, the carrier phase
offset and symbol timing offset also need to be estimated andtracked.

The complexity of this approach can be prohibitive. In the next section, approximations that reduce
the number of trellis states (and, as a consequence, the number of branches) is examined. The loss in
detection efficiency due to these approximations is also quantified. The summary demonstrates the com-
plexity/performance trade-off available for ARTM CPM. Afterwards, methods that eliminate the need for
carrier phase tracking are summarized and presented.

COHERENT DETECTION

A. Tilted Phase

The first complexity-reducing technique that can be appliedis the “tilted phase” technique described
in [8]. This method uses a different value, called the tiltedphase, in place of the phase state to reduce the
number of phase states by 2. The tilted phase values for ARTM CPM are

θ̃n−3 = 0,
2π

16
, . . . , 15

2π

16
(13)

θ̃m
n−3 =

2π

16
m 0 ≤ m < 16. (14)
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Figure 3: CPM detector showing matched filters and the use of sampled matched filter outputs for sequence
detection.

There is no loss in detection efficiency with this technique.By using only 16 phase states, the number of
trellis branches is reduced from 2048 to 1024. The branch vector labels in this case are

σl,m
1024 = (θ̃m

n−3, α
l
n−2, α

l
n−1, α

l
n). (15)

The number of matched filters required remains the same.

B. Svensson, Sundberg, & Aulin (SSA) Technique

The frequency pulse in Figure 1 has a time duration equal to3 symbol times. However, the amplitude
of the pulse is very small fort < 0.5T and t > 2.5T . The complexity of the trellis can be reduced
by approximating the length-3T frequency pulse with a truncated version that has length2T . This type
of approximation was first proposed in [9] and a nice description can be found in [7, Chapter 8]. This
approximation was applied to ARTM CPM in the detector described in [5].

In this case, the phase trajectoryθ(t; αn−2, αn−1, αn) is now a function of onlyαn−1 andαn and can be
replaced by a new phase trajectoryθ̃(t; αn−1, αn). The contribution to the symbolαl

n−2 is absorbed into
the phase statẽθm

n−2. (Note that the tilted phase is used here.) This reduces the trellis to 64 states, and the
number of real-valued matched filters from 128 to32. The branch vector in this case is

σl,m
256 = (θ̃m

n−2, α
l
n−1, α

l
n), 0 ≤ m < 16, 0 ≤ l < 16 (16)

and the metric update equation is

λl,m(n) = λl,m(n − 1) + Re

[

e−jθ̃m
n−2

∫ (n+3/2)T

(n+1/2)T

r(t)e−θ̃(t;αl
n−1

,αl
n)dt

]

. (17)

The details needed to construct the matched filters are foundin [9, 7].
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Figure 4:a) Performance of the SSA class of receivers. The64- and32-state receivers have near-optimal perfor-
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−5. b) Performance of the PAM class of receivers.

The32-state receiver has near optimal performance, the16- and8-state receivers have respective losses of0.6 and

1.0 dB at BER= 10
−5.

There is an additional complexity reduction technique which is available, known as reduced state
sequence estimation (RSSE) [10]. The concept behind this approximation is straightforward. Whencon-
structing the trellis, we proceed as if there are onlyp′ phase states, wherep′ ≤ 16, which results in a much
smaller trellis. Once the trellis is organized, the branch transitions from state to state are fixed. During
receiveroperation we do not use a fixed number for the phase state, as was the case in (14). Instead, we
compute the phase state directly from past decisionsα̂n using an infinite sum as in (4) (the tilted phase
technique also used here). More details on RSSE are found in [10]. We label this decision directed phase
state aŝθm

p′,n−3. By selectingp′ = 8 we obtain a32-state trellis, and withp′ = 4 we have16 states. These
are specified respectively by the branch vectors

σl,m
128 = (θ̂m

8,n−2, α
l
n−1, α

l
n), 0 ≤ m < 8, 0 ≤ l < 16 (18)

σl,m
64 = (θ̂m

4,n−2, α
l
n−1, α

l
n), 0 ≤ m < 4, 0 ≤ l < 16. (19)

The performance of this class of receivers is shown in Figure4 (a) where we note that the64- and32-
state receivers have identical performance, which is also nearly identical to the optimal256-state receiver.
The nearly0.8 dB lost by the16-state receiver is a result of suboptimalmerges which are created by the
highly reduced trellis. A more detailed analysis of this merge behavior is given in [11].



C. Pulse Amplitude Modulation (PAM) Technique

An entirely different viewpoint for CPM is given by the PAM representation, which was first derived
for binary single-h CPM by Laruent [12] and later extended toM -ary single-h CPM by Mengali and
Morelli [13] and toM -ary multi-h CPM by Perrins and Rice [14, 15]. Using the PAM representation,the
ARTM CPM waveform may be expressed as

ejφ(t) =
47∑

k=0

∑

n

ak,ngk,n(t − nT ) (20)

where{ak,n} is a set of48 pseudo-symbols which modulate the amplitude of the signal pulsesgk,n(t). The
details required to construct the pseudo-symbols and signal pulses are too numerous to give here, a full
description is available in [15]. The essential characteristics of these quantities are: 1) the signal pulses
vary in amplitude and duration, 2) the longest pulses (of duration3T and4T ) have the largest amplitude
while the shortest pulses (of durationT ) have extremely small amplitude, 3) the set of48 pseudo-symbols
can be represented by a256-state trellis (using the tilded phase) with the branch vector (15), and 4) within
the set of48 pseudo-symbols, the ones associated with the largest pulses do not require a full256-state
trellis.

These characteristics are exploited to produce a detector based on a set of3 averaged pulses,g0(t),
g1(t), andg2(t), and a trellis with only64 states [16]. The trellis branches are labeled by the branch vector
(15). Additional complexity reduction is again available via RSSE, which results in the same branch
vectors as before for the32- and16-state configurations, (18) and (19) respectively. We can also apply
RSSE to replace thehypothesized symbolαl

n−1 with thedecision α̂l
n−1, which produces an8-state trellis

with the branch vector

σl,m
32 = (θ̂m

8,n−2, α̂
l
n−1, α

l
n), 0 ≤ m < 8, 0 ≤ l < 4. (21)

The reason this last approximation is available here, but not in the SSA case, is that the PAM receiver
metrics accumulate distance in a fundamentally different manner that allows much more aggressive use of
RSSE [11].

The PAM receiver metrics are

λl,m(n) = λl,m(n − 1) + Re

[
2∑

k=0

(bl,m
k,n)∗

∫ (n+Dk)T

nT

r(t)gk(t − nT )dt

]

− Sl,m (22)

whereDk is the length (in symbol times) of pulsegk(t), {b
l,m
k,n} is the set of3 pseudo-symbols which are

derived from the original pseudo symbols{al,m
k,n} by some averaging steps, andSl,m is a bias constant

associated with each branch [16]. This receiver metric is anapproximation of the optimal metric (11).
However note that if the original set of48 pulses in (20) is used in (22), it is equivalent to the optimal
metric (11) and constitutes an alternate optimum configuration.

The performance of the PAM class of receivers is shown in Figure 4 (b), where the32-state receiver
is within a tenth of a dB of the optimum. At BER= 10−5, the16-state receiver is within0.6 dB of the



optimum, while the8-state receiver is within1.0 dB. For the16-state case, this is a slight improvement
over the16-state SSA receiver. Another important comparison betweenthese two reduced-complexity
coherent approaches is the computational requirements forthe matched filtering. For the SSA technique,
32 length-T real-valued matched filters were required. For the PAM technique, the3 matched filters are
real with lengths4T , 3T , and2T . This corresponds to18 length-T real-valued filters, or nearly half as
many as in the SSA case.

NONCOHERENT DETECTION

We now turn our attention to noncoherent detection techniques. In this setting, the receiver requires
no knowledge of the channel phase. However, most noncoherent techniques (including the ones presented
here) assume the channel phase is slowly varying such that itcan be regarded as constant over a brief
period of time. Noncoherent detection does not estimate or track the channel phase and uses the decision
rule

α̂ = arg max
α

{∣
∣
∣
∣

∫

r(t)e−jφ(t)dt

∣
∣
∣
∣

2
}

. (23)

We note that the decision rules (6) and (23) are identical except that the coherent receiver takes the real
part of the correlation and the noncoherent receiver takes the magnitude-squared of the correlation.

We now consider three noncoherent detection schemes which are motivated by (23). These different
schemes all use the original bank of128 matched filters that were used for the optimum receiver. An
important difference in the noncoherent case is that the phase state, with its infinitely long sum, is use-
less in the decision rule (23) due to the magnitude-squared operation, as explained in [17]. In order to
approximate the phase state, therotational state vector βr

n is used, which is defined as

βr
n = (αr

n−N−1, α
r
n−N , · · · , αr

n−3), 0 ≤ r < 4N−1 (24)

where the variable length of the rotational state vector is parameterized by the integerN > 0. The
rotational state vector is associated with abranch phase Ω(βr

n) which is given by

Ω(βr
n) =

(

π
n−3∑

k=n−N−1

αr
khk

)

mod2π. (25)

The overall hypothesis is given by the branch vector

σl,r
N = (βr

n, α
l
n−2, α

l
n−1, α

l
n), 0 ≤ r < 4N−1, 0 ≤ l < 64 (26)

where each branch in the trellis is associated with an(l, r) pair and the trellis hasS = 4N+1 states. We
note that this trellis has only a finite hypothesis, since we have removed the phase state and replaced it
with theN − 1 symbol coordinates inβr

n. We also observe that asN increases, the branch phase (25)
approximates the phase state in (4), at the expense of exponentially increasing complexity.



A. Aulin & Sundberg Technique

The receiver in [18] computes the decision rule (23) exactly, but only over a limited time interval. If
we letN1 + N2 − 1 = N , then the receiver metric is

λl,r(n) =

n+N2∑

k=n−N1+1

e−jΩ(βr
k)

∫ (k+1)T

kT

r(t)e−jθ(t;αl
n−2

,αl
n−1

,αl
n)dt (27)

= λl,r(n − 1) + e−jΩ(βr
n+N2

)

∫ (n+N2+1)T

(n+N2)T

r(t)e−jθ(t;αl
n−2

,αl
n−1

,αl
n)dt

− e−jΩ(βr
n−N1

)

∫ (n−N1+1)T

(n−N1)T

r(t)e−jθ(t;αl
n−2

,αl
n−1

,αl
n)dt (28)

which is simply the sum ofN consecutive matched filter outputs each rotated by the proper branch phase
such that they add constructively along the phase trajectory of the hypothesis. The matched filter outputs
are taken from the sliding observation window(n−N1 +1)T ≤ t ≤ (n+N2 +1)T . There is no traceback
operation here; the receiver simply computes the complex-valued metrics for each branch, selects the
survivor at each merging node with the largest metric (in themagnitude-squared sense), and outputs the
symbolα̂n corresponding to the hypothesis which maximizes (28) over all the states. There is an implied
delay of N2 needed in order to compute these metrics. This architecturewas first derived for binary
continuous phase frequency shift keying (CPFSK) in [19], andhas been implemented for PCM/FM with
much success in [20]. However, for the case of ARTM CPM, the simulations will show that a large
(impractical) value ofN is required to achieve satisfactory performance. A potentially large value ofN is
consistent with the findings of the performance analysis in [18].

B. Colavolpe & Raheli Technique

The noncoherent receiver metrics in [21] are obtained by expanding the magnitude-squared expression
on the right-hand-side of (23) and keeping only those terms which are relevant to the hypothesis. The
recursive form of the metric is

λl,r(n) = λl,r(n − 1) + Re

[
N−1∑

k=1

e−jΩ(βr
n)

∫ (n+1)T

nT

r(t)e−jθ(t;αl
n−2

,αl
n−1

,αl
n)dt

×

(

e−jΩ(βr
n−k)

∫ (n−k+1)T

(n−k)T

r(t)e−jθ(t;αl
n−k−2

,αl
n−k−1

,αl
n−k

)dt

)
∗
]

(29)

which is an approximation of the exact decision rule (23). Wenote that the presentation in [21] uses
matched filters which are based on the pulse amplitude modulation (PAM) representation of CPM [12,
13] and are not the same as those matched to the phase trajectory as used in (29). For the purposes of
our discussion, the metric (29) is still valid. However the PAM representation does result in additional
complexity savings. The real-valued metric increment in (29) is simply the most recent matched filter
output correlated against theN − 1 previous matched filter outputs (all of the matched filter outputs are



phase-rotated by the branch phase in order to be consistent with the particular hypothesis). This receiver
uses a traditional traceback operation. Also, since (29) isreal-valued, there is no magnitude-squared
operation required in determining the survivors at each merging node. There is no analysis that describes
the performance of this receiver. However, the simulationsfor 4-ary partial response CPM withL = 2 and
h = 1/4 in [21] show that near-optimal performance can be achieved with N ≈ 5.

C. Perrins & Rice Technique

The third noncoherent technique was first applied to ARTM CPM in [22], with a more general treat-
ment (including performance analysis) given in [17]. The complex-valued receiver metric is

λl,r(n) = aλl,r(n − 1) + e−j(Ω(βr
n)+θ̂l,r

n )

∫ (n+1)T

nT

r(t)e−jθ(t;αl
n−2

,αl
n−1

,αl
n)dt (30)

which is similar to the recursive metric (11) of the optimal coherent receiver. The branch metric increments
are simply the sampled matched filter output rotated by a certain phase such that it is consistent with the
ongoing hypothesis of the particular trellis path. However, the leakage factor a, 0 ≤ a < 1, causes the
cumulative metricλl,r(n) to be a leaky integral with limited memory. When the leakage factor is close
to unity, the receiver can obtain near optimal performance when degradations such as the time-varying
channel phase and phase noise are ignored. When the leakage factor is reduced, the receiver becomes
more robust under such conditions at the expense of an increasing loss in overall performance [17]. The
phase rotation in (30) is divided into two parts, the branch phase in (25) and thecumulative phase θ̂l,r

n ,
which is given by

θ̂l,r
n =

(

π

n−L−N+1∑

k=−∞

α̂l,r
k hk

)

mod2π. (31)

This cumulative phase is not composed ofhypothesized data symbols; instead, it is the phase contribution
of the history of pastdecisions, α̂l,r

k , that have been made in the trellis. Each state in the trellismaintains a
value for the cumulative phase (just as they also maintain a cumulative metric) and it is updated recursively
and propagated with the surviving metric at each merging node. The branch metrics in (30) propagate
from state to state as complex numbers. However, when competing metrics are compared to each other at
merges, the survivor is the one with the largest magnitude squared, as indicated by (23).

D. Limiter-Discriminator Detection

A fourth noncoherent detection method, one which is not motivated by the decision rule (23), is limiter
discriminator detection [23]. This method, illustrated bythe block diagram in Figure 5, is the current
method used for detecting PCM/FM. The received signal is band-pass filtered and demodulated using a
traditional limiter-discriminator. The output,dφ(t)/dt, is processed by a sequence detector in the form of a
modified bit synchronizer. The sequence detector is based onthe Viterbi algorithm, which uses the outputs
of a bank of filters matched to the to the combined response of the bandpass filter and the time derivative
of the phase trajectorydθ(t; αn−2, αn−1, αn)/dt when no noise is present [23]. This receiver requires
S = 4LIF+2 states and4LIF+3/2 real-valued matched filters, whereLIF is the length of the impulse response
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Figure 5: Using a limiter-discriminator for detection of ARTM CPM.

of the bandpass filter (in symbol times). The complexity of this receiver turns out to be somewhat high in
return for relatively poor performance, as the simulationswill show. However, there is some investigation
that could be done to make the matched filters independent of the data, which would drastically reduce the
required number of matched filters.

E. Simulation Results for Noncoherent Techniques

The simulated performance of these four noncoherent detection schemes is shown in Figure 6. In
terms of performance, the two most viable techniques are Colavolpe & Raheli and Perrins & Rice. Using
BER = 10−5 as a reference point, these two receivers have respective losses of1.6 and1.9 dB relative to
MLSE. In terms of state complexity, the Perrins & Rice receiver has a large advantage with onlyS = 64

states. The Colavolpe & Raheli receiver requiresS = 1024 to outperform the low-complexity Perrins
& Rice receiver. It might be possible to reduce the number of states by a factor of4 with little or no
performance loss using the PAM decomposition; however, these PAM simplifications are also available
for the Perrins & Rice receiver, so the relative difference incomplexity would likely remain unchanged.
For the Perrins & Rice receiver, selectingN = 3 improves performance by a few tenths of a dB, with a
4-fold increase in the number of states; additional increments ofN bring diminishing performance gains.

The limiter-discriminator technique has a loss of6 dB relative to MLSE at BER= 10−5. The Aulin
& Sundberg technique is not well suited for this application, since anS = 4096 configuration is not even
able to attain BER= 10−5 for the range ofEb/N0 values considered in the simulations. This is not the
case for PCM/FM, where the Aulin & Sundberg receiver performsvery well with modest complexity of
S = 32 [20].

SUMMARY AND CONCLUSIONS

In this paper we have surveyed the available coherent and noncoherent detection techniques for ARTM
CPM. The results of this survey are summarized in Table 2. For coherent detection, we have shown that the
full 256-state optimal implementation is not necessary to achieve satisfactory performance; two different
32-state configurations were found to perform within one tenthof a dB of optimal. For noncoherent
detection, the state complexity is controlled by the parameterN and can be quite large in some cases. One
noncoherent technique performed within1.9 dB of the optimal with only64 states, which is significant
when considering the additional complexity savings of not having to track the carrier phase.
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Figure 6: Performance of the four noncoherent detection schemes relative to the optimal MLSE receiver. At

BER = 10
−5, the Colavolpe & Raheli and Perrins & Rice techniques perform the best with losses of only1.6 and

1.9 dB, respectively. The losses for the limiter-discriminator and Aulin & Sundberg techniques are much larger.

Table 2: Summary of the detection efficiency and complexity of the receivers surveyed in this paper. The
number of matched filters is the equivalent number of real-valued filters of lengthT .

detector number of
matched
filters

number of
states

number of
branches

Eb/N0 re-
quired for
BER= 10−5

carrier
phase sync
required

timing
sync
required

optimum 128 512 2048 10.75 dB Y Y
titled phase 128 256 1024 10.75 dB Y Y
SSA 32 64 256 10.80 dB Y Y
SSA + RSSE 32 32 128 10.80 dB Y Y
SSA + RSSE 32 16 64 11.50 dB Y Y
PAM + RSSE 18 32 128 10.85 dB Y Y
PAM + RSSE 18 16 64 11.37 dB Y Y
PAM + RSSE 18 8 32 11.76 dB Y Y
Colavolpe
N = 4

128 1024 4096 12.32 dB N Y

PerrinsN = 4,
a = 0.9

128 64 256 12.65 dB N Y

Limiter-
Discriminator

32 64 256 14.84 dB N Y

Aulin N = 5 128 4096 16384 ∼ 19 dB N Y
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ABSTRACT 
 
The Remote Sensing Group (RSG) at the University of Arizona is currently using a data collection 
system that requires transfer of data with the use of wire connections. To improve the system, 
wireless technology is utilized to collect and transmit data larger distances to a storage computer. 
The main goal of this project is to aide RSG in determining if wireless communication is an 
acceptable and useful means of transferring collected data. In order to fulfill this goal, a wireless 
system was selected that met specifications defined by RSG. Tests conducted on the system 
provided significant results of the project, which are a communication distance of 150 feet, 
download distance of 40 feet, and successfully storing the transmitted data within 3% accuracy. 
 
 
INTRODUCTION 
 
The RSG has concentrated on radiometric calibration using satellites, such as NASA’s Landsat TM, 
since the mid 1980’s. The RSG has radiometric calibration facilities that use an energy surface-
reflectance based method to record time-series measurements of sunlight reflecting off of the ground 
surface in order to calibrate a satellite sensor. The RSG measures the surface reflectance of four test 
sites as part of their research: White Sands Missile Range near Alamogordo, New Mexico; Lunar 
Lake Playa, near Ely, Nevada; Railroad Valley Playa, near Ely, Nevada; and Playa, located on the 
California-Nevada border southwest of Las Vegas.  
 
The RSG desires to improve current data collection system at the Rail Road Valley test site in 
Nevada in order to calibrate a satellite sensor that will monitor weather conditions and climate 
changes of this area. Currently in the area only one ground cluster of four radiometers is in use, 
which collects weather information and then transmits it to a local storage device located 30 meters 
away via a hard-wired connection. The present system has two main flaws: the transmission of data 
via wires and the incapability of centrally storing it. There are several qualities of this system which 
are limited by the use of wires. First, the RSG desires a greater area of investigation, therefore the 
use of wires to transmit information is no longer practical. Also, the quality of data received from the 
radiometers to the storage device is compromised due to noise-error present in the transmission 
wires. The lack of a central storage device causes the RSG an inconvenience since data currently 



needs to be downloaded manually. It is also the source of information loss since previously acquired 
data is overwritten by new data if it is not downloaded in a timely manner. The manual download 
causes the data collection rate to be limited to 1 sample per 6 hours while the RSG requires a faster 
rate of collection. The task of improving this communication system will demonstrate to the RSG 
how to apply this solution to a larger scale of data collection.  
 
 
OVERVIEW OF DESIGN 
 
A system with the ability to communicate through a private wireless network was desired to 
overcome the limitations occurring from the hard-wired system presently used. The new system 
needed to fulfill all the specifications identified below: 

 
• wireless transmission of data 
• use of a central storage location for data 
• 4 channel analog input on A/D converter 
• minimum of 12 bit digitization 
• minimum of 6/hour data sampling rate 
• low current consumption system 
• withstand temperature range of -20C – 50C 

 
The collected data was chosen to be transferred using digital communication because it is more 
reliable than analog for data transmission. The main objective of design was to use a device 
connected to a cluster of three radiometers to receive, digitize and, if possible, store the analog data 
received by each radiometer before transmitting it to a central storage station. The focus of the 
research was then turned to data-logger transceivers that have these abilities and could be purchased 
based on the project’s budget. 
 
 
SELECTED EQUIPMENT 
 
The equipment was selected based on extensive research of available products. The first observation 
was that the commercial market related to wireless transmitting data-loggers is currently limited and 
no one device was identified to satisfy all of the project’s specifications. The V-Link-SK was chosen 
above other options because it satisfies the majority of the project’s requirements. The V-Link-SK 
kit contains two V-Link data-loggers, one base-station, antennas, and all of the necessary software 
and cables. The following is a description of the important features of the V-Link: 
 

• Wireless communication distance between transceiver and Base-station is 200 feet max 
• 2 Mbytes flash memory built-in transceivers, ability to store approximately 1 million data 

points 
• 2 KHz sweep rate, programmable from 32 to 2048 sweeps/second 
• -40 to +70 deg Celsius operating temperature 
• 12 bits resolution analog to digital (A/D) converter that is built-into transceivers 
• Base-station able to connect to up to 2000 stations simultaneously  
• Seven programmable channels, 1 reserved for temperature, 3 for analog input 



• Ability to be powered by an external battery, 3.1V to 9V 
  
V-Link data-loggers transceivers 
 
The V-Link data-loggers are the collectors of the system. The data-loggers are responsible for 
collecting data from the radiometers, then to digitize before storing these data and finally to transmit 
the data to the computer when asked. The data-loggers have three channels, specifically channels 5, 
6 and 7, available for analog inputs. Each radiometer is directly wire connected to a channel of the 
data-logger. The data transmitted from the radiometers arrive at the data-logger’s channels in analog 
form. Thus the first function that the data-logger performs is the digitization of the data before it 
stores the data in its memory. Channel 8 is reserved by the manufacturer for the internal temperature 
measurement.  
The figure below is a representation of the data-logger’s functionality  
 

 
Figure 1.  There are three input channels from the radiometer which are connected to the V-Link transceiver.  
 
Base-station receiver 
 
The base-station is responsible for the wireless communication between the data-loggers and the 
software that commands the data-loggers. It functions as the link between the computer and the data-
loggers. The base-station operates only when communication with the transceivers is desired. In all 
other cases, the base station can remain turned off.  
 

 
 
Figure 2.  The base station functions as a link between the computer and the V-Link transceivers. 
 
The WDL software  
 
The software is simple to use in order to operate the transceivers. To command the data-loggers for a 
specific operation, the base station functions as the link between the computer and the transceivers. 
To test communication between the base station and transceivers, the specific address of the 
transceiver desired to be reached is entered and the system will check for established communication. 



The sweep rate and the number of collected data points can be chosen. There are 5 different sweep 
rate options starting at 32 sweeps/second up to 2048 sweeps/second. The sweep rate is the rate of 
samples the data-logger will collect from the input per second. If the amount of desired data is 
known or the period of time desired to trigger is known, setting one of the two will update the other, 
according to the sweep rate entered.  
 
If there are no more adjustments to be made, the transceivers can be now triggered to begin storing 
data. If two or more transceivers are desired to be triggered simultaneously, after setting up each 
transceiver individually, the universal address should be entered and data collection will begin. After 
this operation the software can be turned off. When the storing period is over, the transceivers are 
accessed individually in order to transmit the data stored in their memory to the computer by 
downloading the data. After receiving the data, the software offers the option to graph the data 
received on a ‘bits Vs sweeps/second’ chart. The downloaded file can also be opened with an Excel 
file to observe the values at specific times. To convert the output bits of the graph to measured 
voltage, the formula is used: 

Voltage = Output Bits * (3 / 4096)           (1). 
 
 
OPERATION OF THE FINAL SYSTEM 
 
An overview of the operation of the system as a whole is as follows. Each transceiver is given an 
analog input from a cluster of radiometers. Within the transceiver unit, the collected analog data is 
digitized by the A/D converter, stored in its internal memory and then can transmitted when desired 
through the base station to the hard drive of the computer. It is at this point the data can be analyzed 
for results. 

 
Figure 3.  Block diagram of entire system configuration.  
 
 
TESTING 
 
A testing regiment was created beginning with some basic procedures to provide a full 
understanding of the equipment. The focus of the tests was to understand: 
 

• how the data-loggers are configured using the WDL software 



• the purpose of the initializing data collection parameters 
• how to operate the data-loggers using the software command 
• how to read and analyze the graphs of the downloaded data 
• the communication between data-loggers, base-station, and computer 

 
Each data-logger was tested individually by applying an analog input using a 1.5V battery to one of 
its channels. This process was repeated while changing the parameters of the data-logger every time. 
With this process the basic functionality of the devices was tested.  
 
The subsequent tests occurred in the RSG lab where the focus was placed on the accuracy of the 
collected data. Using a DC voltage calibrator, each data-logger was tested individually for various 
constant voltages. This process was repeated using the same voltages as before, for testing one to 
three channels of each transceiver storing data simultaneously. Finally, a test of both data-loggers 
with all six channels triggering simultaneously was conducted. The purpose of this testing was to 
observe the behavior of the channels when storing data individually and simultaneously with other 
channels. The output graph of each test produced by the WDL software was compared to the voltage 
values recorded using a DMM. 

 
A simple resistor circuit was utilized for the next procedure. The circuit, powered up by the DC 
voltage calibrator, was able to send a different voltage to every channel. All channels were tested 
simultaneously for various voltages and the data was verified again using the DMM.  

 
With this procedure, a complete picture of the system operation was formed, thus the system was 
ready to be tested at an outdoor location. The above procedure using the same resistor circuit was 
repeated at the outdoor location. The circuit and the data-loggers were powered by a 9V battery. The 
outcome of this process would indicate any differences between the data received at the two 
locations, indoor and outdoor. Another factor that was tested at this stage was the communication 
distance between the devices. All devices were positioned apart at a range of distances in order to 
examine any variation in the speed and quality of communication.  
 
The final test procedure situated the system under real conditions. An actual radiometer was used, 
which has three output channels that transmit different analog voltages while recording wavelengths 
of the sun. The output voltages of this radiometer vary every second since the earth is in constant 
movement and the measurements of the sun’s wavelengths change. This procedure was the most 
comprehensive because it would determine if the system was able to complete the project’s goal. It 
was during this stage in the testing that one of the data loggers, Address 2 in specific, was 
malfunctioning and had to be sent to the manufacturer for repair. The testing schedule continued 
with only one data-logger. The output channels of the radiometer were directly connected to the 
three analog input channels of the data-logger. The data-logger was triggered for a number of 
different conditions to exhaustively observe all possible outcomes. The data-logger was tested for 
various periods of time, for different initialization parameters and for different distances between the 
devices. A second data-logger, the Hydra, that the RSG group has been using, was deployed along 
with a DMM for data verification. This test created a clear and complete picture for the V-Link 
system. The results of the testing procedures and analysis follow along with observations and 
conclusions about the system.  



 
Figure 4.  A detailed look at the connections between the input (radiometer), V-Link transceiver, base station and 

computer. 
 
 
RESULTS AND OBSERVATIONS 
 
The outcomes of the most significant testing procedures are presented and analyzed in this section.  
 
Testing using the DC voltage calibrator 
 
Completing the testing procedure using the DC voltage calibrator, a number of observations were 
extracted related to the accuracy of data received and the behavior of the input channels when 
triggered individually and simultaneously. For all the testing, a DMM was used to verify the data 
given by the graphs. First, each channel was triggered individually for various voltage values in the 
range of 0.01V to 3V. A constant voltage graph was given for each case by WDL. Using formula (1) 
the exact result for each test of the data-logger was calculated. Comparing this result to the DMM 
measurement, an error of less than 1-3% was noticeable. Microsoft Excel software was utilized to 
create tables in order to compare the two measurements, DMM Vs V-Link.  
 
Observations: 
Triggering two and then three channels simultaneously, by applying the same voltage to each 
channel, for all the voltage values as before, created the observation that the data error increases for 
each case. When two channels are triggered simultaneously the data error reaches 4% per channel, 
and for all three channels the error in data increases to 5%. Since the voltages do not exceed 3V, the 
error in data is barely noticeable and negligible. Another noticeable observation is that the data 
measured by all channels of the two data-loggers are very similar, so the conclusion that the two V-
Link data-loggers behave similarly can be extracted. 

 
Channel 5  Channel 6  Channel 7  

meas.volt
(v) exp.volt(v) error 

rate(%) 
meas.volt

(v) exp.volt(v) error 
rate(%) 

meas.volt
(v) exp.volt(v) error 

rate(%) 
0.01 0.010  0.000  0.010  0.010  0.000  0.010  0.010  0.000  

0.0985 0.100  1.500  0.098  0.100  1.600  0.098  0.100  2.500  

0.489  0.500  2.200  0.487  0.500  2.600  0.488  0.500  2.400  

1.173  1.200  2.250  1.172  1.200  2.333  1.170  1.200  2.500  



1.957  2.000  2.150  1.957  2.000  2.150  1.955  2.000  2.250  

2.879  2.900  0.724  2.877  2.900  0.793  2.876  2.900  0.828  
Table 1. Values obtained when each channel was triggered individually 
 
 

Channel 5  Channel 6  Channel 7  
meas.volt

(v) exp.volt(v) error 
rate(%) 

meas.volt
(v) exp.volt(v) error 

rate(%) 
meas.volt

(v) exp.volt(v) error 
rate(%) 

0.01 0.010  0.000  0.010  0.010  0.000  0.010  0.010  0.000  

0.098 0.100  2.000  0.097  0.100  3.000  0.097  0.100  3.000  

0.488  0.500  2.400  0.487  0.500  2.600  0.485  0.500  3.000  

1.171  1.200  2.417  1.167  1.200  2.750  1.165  1.200  2.917  

1.956  2.000  2.200  1.955  2.000  2.250  1.950  2.000  2.500  

2.878  2.900  0.759  2.877  2.900  0.793  2.875  2.900  0.862  
Table 2. Values obtained when all three channels were triggered simultaneously. 
 
Testing using the resistor circuit, indoor 
 
The completion of this test procedure enabled additional conclusions regarding the behavior of the 
channels when triggered simultaneously and also regarding the accuracy of the data when each 
channel is measuring a different voltage. The resistor circuit was manipulated in many ways so that 
different voltages could be obtained for each test. All voltage values were in the range of 0.01V and 
3.0V.   
 
Observations: 
Channels with input voltage close to 0V or to 3V, the end points, face a smaller data error from 
channels measuring values between 1V and 2V. The error identified in these measurements did not 
exceed the error observed when testing using the DC constant voltage calibrator.  
The channels face a greater error when triggered simultaneously than when triggered individually.  

      
 Channel 5  Channel 6  Channel 7 

time 
(sec) 

meas.volt
(v) 

exp.volt 
(v) 

error rate 
(%) 

meas.volt 
(v) 

exp.volt 
(v) 

error 
rate (%) 

meas.volt
(v) 

exp.volt 
(v) 

error 
rate (%) 

0 1.952 2 2.405 1.313 1.3 -0.962 0.663 0.667 0.623 

10 1.952 2 2.405 1.31 1.3 -0.793 0.659 0.667 1.227 
20 1.951 2 2.441 1.311 1.3 -0.849 0.66 0.667 1.049 
30 1.951 2 2.441 1.31 1.3 -0.793 0.659 0.667 1.227 
40 1.95 2 2.478 1.31 1.3 -0.793 0.659 0.667 1.199 
50 1.95 2 2.478 1.31 1.3 -0.793 0.659 0.667 1.199 
60 1.95 2 2.478 1.31 1.3 -0.736 0.66 0.667 1.049 

Table 3. The values obtained when a different voltage was applied to each channel and all channels 



were triggered simultaneously. 
 

 
Figure 5. The graph for testing the system using the resistor circuit. Notice the constant voltages and 

the minimal difference between measured and expected value. 
 
Testing using the 4-channel radiometer outdoors 
 
The three different output voltages sent by the three channels of the radiometer vary every second as 
explained above. Thus to verify the data received by the V-Link data-logger, a second data-logger, 
and the Hydra that the RSG provided, was utilized along with a DMM. Measurements were taken on 
cloudy and sunny days, at different hours of the day and for various periods of time to thoroughly 
test all possibilities. In addition, the distance factor was tested again. 
 
Observations: 
The data recorded by the V-Link data-logger agree by 97% with the measurements recorded by the 
DMM and the Hydra data-logger. The difference between sunny and cloudy days is very obvious 
from the data. For cloudy days the highest voltage calculated did not exceed 0.435V while for sunny 
days calculations of voltage up to 1.6V were recorded.   
 
Unfortunately, there was no further success in communication distance. Communication between the 
data-logger and the base-station/computer never exceeded 150 feet and when downloading, the 
devices could not be further apart than 40 feet. The following is a table of data recorded from the 
three devices, V-Link, DMM, and Hydra, at specific times and a graph verifying the accuracy of data 
received by the V-Link. 
 
 
 

 Channel 5  Channel 6  Channel 7  
time 
(sec) 

V-
LINK DMM HYDRA V-

LINK DMM HYDRA V-
LINK DMM HYDRA 



0 1.113  1.137  1.121  0.439 0.469 0.447  0.000  0.000  0.000  
20 1.121  1.142  1.134  0.439 0.470 0.448  0.000  0.000  0.000  
40 1.182  1.204  1.192  0.441 0.471 0.449  0.660  0.000  0.000  
60 1.187  1.206  1.195  0.442 0.473 0.451  0.000  0.000  0.000  
80 1.189  1.210  1.196  0.443 0.472 0.451  0.000  0.000  0.000  

100 1.077  1.103  1.088  0.422 0.457 0.432  0.000  0.000  0.000  
120 0.993  1.028  1.006  0.346 0.370 0.355  0.000  0.000  0.000  
140 0.959  1.001  0.970  0.322 0.341 0.332  0.000  0.000  0.000  
160 0.946  0.998  0.957  0.245 0.259 0.254  0.000  0.000  0.000  
180 0.650  0.672  0.661  0.221 0.234 0.230  0.000  0.000  0.000  
200 0.597  0.613  0.604  0.213 0.225 0.221  0.000  0.000  0.000  
220 0.000  0.000  0.000  0.000 0.000 0.000  0.000  0.000  0.000  

Table 4. A table with the values recorded by the DMM, the Hydra and the V-Link for a testing using 
the three channel radiometer. 

 

 
Figure 6. A graph that verifies the accuracy of the data received by the V-Link compared to the data 

recorded by the DMM and the Hydra.   
 
 
RECOMMEDATION 
 
There are two recommendations for this project which would have been completed given more time. 
These are suggestions that the RSG group may take to enhance the current working design.  
 
The first recommendation is to sample data at regular time intervals. The manner in which the V-
Links are configured now does not allow data to be sampled automatically at regular intervals. A 
solution to do this is to use an external timing device which generates a voltage. It could be applied 
to the sensor trigger function as an input to initiate sampling. For example, to sample every ten 



minutes for 20 seconds, the timing device would send a pulse of 3V for 20 seconds every 10 minutes. 
The V-Link would detect this applied voltage and trigger accordingly. When the 3V is not applied, 
the V-Link triggering will stop. 
 
A second recommendation would be to expand the transmitting distance of the V-Link transceivers. 
Currently, the V-link system is operating with a monopole antenna similar to a cellular phone 
antenna. The system itself is operating in a line of sight functionality which indicates that the ability 
to visually see a transmitting antenna corresponds with the ability to receive a signal from it. A large 
amount of research has been performed on different types of antennas such as the monopole, dipole, 
Yagi-Uda and horn antenna. It is recommended to use a Yagi antenna based on the research 
performed. A longer antenna is desired because the length of an antenna is proportional to the 
directivity. 
 
 
CONCLUSION 
 
The distance of communication was an important factor to consider in determining the strength of 
the antenna of the current system. After the testing procedures it was concluded with the following 
values: for the outdoor testing in average, data-loggers can communicate at a distance of 150 feet but 
only 40 feet to download from them. Recall that in the specifications of the V-Link, the specified 
distance range for both functions is 200 feet. The reason for the large difference in the two distances 
lies on the number of commands the base station carries to the transceiver. To check the system for 
communication or to trigger the data-loggers, the base station carries one short command to the 
transceiver where as when downloading the data, the base station not only needs to deliver that short 
command to download but it also needs to verify the following two cases: the data are arriving in the 
same order in which they are measured and the data package that’s downloading is not being 
damaged. Transmitting range of 500 feet is what was initially desired. However, we have found that 
in order to expand these distances, it would require the utilization of additional directional antennas. 
A recommendation section regarding the antennas is has been provided for future improvement. 
 
In conclusion, the design problem was the improvement of a currently operated system. The main 
problems with the system were the transfer of data with the use of a hard-wired connection and the 
lack of a central storage location. The basic design objective was to transmit the data using wireless 
communication and to store it centrally. The design work included choosing the hardware that would 
best fit the RSG’s needs. The project has been completed successfully. This project demonstrates 
that the wireless data network is an improved means of data transmission and storage, but the 
implementation studied in this project does not yet satisfy the needs of RSG. 
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ABSTRACT 

 

Flight Test data systems have in the past been setup by experts using ground based computer 
systems. In the future it will be possible to give the system a list of parameters to be measured on a 
given test and have the data acquisition system return the information necessary to process the data. 
There are several things that are leading systems in this direction. Recorders are beginning to record 
Meta data along with the data on the same media. IRIG 106 Chapter 10 recorder specification 
requires that a TMATS file be stored on the media with the data so that the data can be processed by 
any system. The TMATS file is Meta data. However, the TMATS file still needs to be generated by 
conventional means. Another factor leading us in this direction is the advent of network based data 
acquisition systems. This will allow much simpler algorithms to be used to format the data and 
remove some of the reliance on experts to accomplish this task. What this paper discusses is 
preliminary work toward using an XML based approach to having the system generate the setup 
information. The result will be an XML Schema. This can then be used by microprocessors in the 
data acquisition system to create a record for each measurement that can then be used to process the 
data. 

 

 

INTRODUCTION 

 

Originally test data acquisition systems were used to acquire data from analog sources. Back in those 
days keeping track of the data system configuration was simpler. However, as the systems on the 
vehicles became more complex, particularly with the introduction of avionics data buses, the number 
of parameters that could be recorded and the data processing required really took off. The problems 
with configuring a system and providing the information required to be able to process the data has 
grown along with system complexity. The complexity of our data systems and the number of 
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parameters that we are requested to record is expected to continue to rise. With the increases in 
system complexity there is a need for better ways to manage the data and to provide the information 
required to process it. We are on the verge of an era where we will be able to tell a data system what 
we desire to record on a given test and to have the system configure itself and to provide the data 
required to process what was recorded. One of the first steps required to get to this system capability 
is a standard way for the system to describe to the recorder and data processing system exactly how 
to interpret the data. This paper is intended to be a first cut at a way to accomplish this using the 
eXtensible Markup System (XML). It will take review by many different groups of people to 
determine what changes will be required so don’t read this paper and say “that’s nice, but it won’t 
work in my application.” Propose changes that will allow it to be used in your application.  If we 
discuss it first in this type of forum and have a good general outline we can then consider 
standardizing it through the RCC or some other standards body. 

There has already been a lot of thought given to this idea in the area of smart sensors. The desire for 
a smart sensor to be a plug and play device has required them to have a way to describe themselves 
to a higher level in the system so we will start with them. The answers that we will develop for smart 
sensors will then be compared to the requirements for other data acquisition systems and we will try 
to work up to a general solution. 

There are other things that could be incorporated but have not been included in this paper. For 
example multiple sub-parameters could be defined and mathematical operations defined to combine 
them into a single parameter. We will leave that as a later exercise. 

 

 

DEFINITION OF TERMS 

 

There are terms that the instrumentation community doesn’t use all of the time that will need 
definitions to avoid confusion. 

Message - The term message is used in communications to indicate a collection of bits or bytes that 
is to be transmitted from a data source to one or more data consumers. In communications a message 
can be any size from a single byte up to many megabytes. In order to be able to transmit a message it 
is placed into one or more packets for transmission depending upon the transmission media. When a 
message passes from one transmission media to another it may be further dissembled and 
reassembled before it reaches its final destination. Within a network based data acquisition system 
the opposite situation will be more common. That is that a data acquisition unit will have a number 
of small messages, i.e. collections of samples from one or more sources, which it desires to combine 
into a larger message for transmission or recording efficiency. In cases where the combination 
results in a repeating structure this just creates a larger message. In other cases such as Mil-Std-1553, 
ARINC-429 or ARINC-629 many small messages need to be combined but in most cases this will 
not result in a repeating structure. For the sake of this discussion let’s come up with terms that will 
allow us to differentiate between these two cases. Since in most cases messages will originate at a 
single node lets call the messages that are sized for transmission or recording “source messages.” A 
source message can contain a single repeating structure or many smaller messages that are embedded 
within the source message. Let’s call the smaller messages “embedded messages” to differentiate 
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them from source messages. We could call these messages packets but that gets confusing when we 
will have systems that use packets for transmitting messages and there will not always be a one-to-
one correlation between the two. Where the term “message” is used without a qualifier it refers to 
either type of message. 

Source message - A source message originates at a single node within a system and is transmitted to 
other nodes in the system without having information added to or removed from the message. Any 
bits that are added in the process of transmission are always removed by the time that the message is 
received. A source message may be a single message or may be composed of one or more embedded 
messages. 

Embedded message - A message that originates at a single node within a system that is combined 
with other embedded messages into a single source message for any reason. Embedded messages are 
often combined into source messages for transmission or recording efficiency. 

Message Identifier - All messages need some type of message identifier to allow the system to 
select between the many messages that can exist within a system. How the system will find the 
message identifiers is a subject that we will leave for another write-up but we can say that similar 
techniques can be used to describe the messages. For now we will just assume that we have a way to 
find the message identifier within the message. At this point it should be noted that both ARINC-429 
and ARINC-629 use labels with extensions. For some parameters within an ARINC-629 message the 
message identifier needs to include both the label and the extension. For other parameters only the 
label needs to be considered. Whether or not an extension to the label is required is a function of the 
parameter. Some parameters within a message will require the use of the extension and others will 
not. This requires that the use of the extension be defined at the parameter level although the 
structure of the extension can be defined in the structure that defines the packets. That is a later write 
up. 

Source message identifier - This is the identifier that is applied to source messages. All messages in 
are required to have some type of source message identifier. This paper does not go into detail about 
the structure of these identifiers but just acknowledges their existence. Some knowledge of the 
message identifier length is assumed but how that is acquired is not addressed. 

Embedded message identifier - This is the identifier that is applied to messages that are embedded 
within source messages. All embedded messages in are required to have some type of message 
identifier. This paper does not go into detail about the structure of these identifiers but just 
acknowledges their existence. Some knowledge of the message identifier length is assumed but how 
that is acquired is not addressed. 

Identifier extension - Some embedded messages will use an extension to the message identifier to 
indicate that not all messages with the same identifier have identical content. At this point in time we 
will assume that they only apply to embedded message identifiers. If this is not a good assumption 
then we will need to make a change to the Syllable source structure to add provisions for an 
extension on the Source message identifier. Some knowledge of the identifier extension length is 
assumed but how that is acquired is not addressed. 

Parameter - A parameter is something that we measure or acquire from another system; transmit 
around our systems in messages, record and process to obtain information. In the process of 
acquiring parameters we often find that we can’t fit the bits that represent the value of that parameter 
into a contiguous set of bits within a message. At times it is necessary to put some of these bits into 
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separate messages. This is common with both IRIG 106 Chapter 4 PCM systems and ARINC-429. It 
is also normal within a system to have many samples of a parameter separated uniformly in time. So 
let’s call the collection of bits that represent the parameter value a “sample.” A sample is made up of 
one or more sets of bits that appear contiguous within our messages that are combined to produce a 
single sample. These we will call syllables.  

To better understand these relationships between samples and syllables consider Figure 1. We have a 
syllable that is in the least significant bits of the syllable register. The contents of the syllable register 
are then loaded into the shifter and shifted the appropriate number of bits to the left or toward the 
most significant bit of the sample register. After the shift operation, the bits are concatenated with 
the bits already in the sample register. This operation is repeated for each syllable in the sample until 
the entire word is assembled. The data model describes how the collection of bits in the sample 
register should be interpreted. 

This write up has ignored the possibility that some syllables might be transmitted msb first and 
others lsb first. We should add a msb/lsb swap flag to identify those cases. 

 
Error! Not a valid link. 

Figure 1 Variable/Syllable relationship 

Syllable - A syllable is one or more contiguous bits within a message that can be treated as a single 
entity. 

Variable - A variable is one or more syllables that are combined to form a single entity that 
represents a value at a given point in time. The Parameter name is a required variable that has global 
scope. 

Data Model - In order for a sample to be used for data processing a model must be defined to allow 
a processor to understand how to interpret the bits that make up the sample. This is called the “data 
model.” 

 

GENERAL STRUCTURE 

 

 

The following is a list of the types of data that need to be provided to be able to find a data sample 
within the recorded message and to convert the data to engineering units. The data is assumed to be 
stored in message and will be treated like a serial bit stream for the purposes of this discussion. For 
the moment we are assuming that the system has some way of finding the beginning of a message 
and that there is some sort of identifier for that message that the system knows how to find. We also 
assume that if the message is made up of separately identified sub-messages that the system knows 
how to find and identify the sub-messages. (The same techniques can be used to describe the 
message as are used to locate the data but that is for a later discussion.) There is a paragraph further 
defining each of these entries below. 
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Parameter definition 
Variable definition 

Variable identifier – Name for the variable or parameter 
Scope (Local, Global) 
Data model (integer, fraction, floating point, Time-of-Day, etc) 

Data model length – in bits 
Calibration file name 

End Variable definition 
 

Syllable source structure 
Source Message Identifier – The source message identifier  
Reference flag – fixed, embedded message, identifier extension or reference syllable 

Embedded message identifier 
Identifier extension 
Reference syllable name 

Syllable name list 
End Syllable source structure 

 
Syllable definition 

Syllable name - give it a name 
Variable identifier 
First Sample Offset 
Bits per sample 
MSB/LSB Flag 
Syllable shift length 
Bits between samples 
Data set length flag 
Number of samples in the data set 
Length offset 
Bits in length 
Last syllable flag 

End Syllable definition 
 

Time tag definition 
Variable identifier 
Time sum list 

Time word identifier list 
Sample time flag 
Sample interval 
Number of samples before the time tag 
Delay from Time tag to first sample 
Time between samples 

End time tag definition 
 

Status definition (repeated for each status flag) 
Status name 
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Status Flag - One status per data set, One status per sample 
Number/list flag 

Status flag list 
End status definition 

 
End Parameter definition 

Global vs local names - The source message identifiers, embedded message identifiers, identifier 
extensions and calibration file names have global scope. Some variable names, such as the name of 
the parameter, will also have global scope. This means that this name must be known outside this 
parameter definition. All other names only have local scope and have no meaning outside of this 
parameter definition. 

Parameter Identifier - The parameter identifier is simply the name by which the user identifies the 
parameter being measured. It takes many forms depending upon the organization. The remainder of 
the information discussed in this paper addresses how to find this parameter, a time tag and status 
associated with it and the information needed to process the data. 

Data Model - The data model defines the general structure of the each sample of the data after 
syllable collection and before correction (Calibration) is applied. There are eight data models defined 
in the IEEE 1451 standards and more will be needed for other data sources but these serve to give 
examples of the intent of this field. 

Integer formats - There are two integer formats defined in the IEEE 1451 standards. The N-Octet 
integer defines integers that occupy all or part of from one to eight bytes. Long integers contain nine 
or more bytes. In both cases there must be a Model Data Length supplied to identify the number of 
bits in the data sample. A length field is required when either of these formats is used. 

Fractions - Fractions are data representations with the radix point between the first and second bit in 
the data word. This allows them to represent quantities from zero to approaching two. They are 
needed when the processing requires the use of high order polynomials to keep the data from 
overflowing. Like the integers, there are two defined fractional representations. N-Octet fractions 
may occupy from one to eight bytes. Long Fractions require nine or more bytes to contain the data 
word. A length field is required when either of these formats is used. 

Floating Point Formats - There are two possible formats for floating point numbers defined in 
IEEE 1451. They are Single Precision Real and Double Precision Real. Both conform to the IEEE 
754 floating point number format standard. The single precision real numbers occupy 32 bits and the 
double precision real require 64 bits. 

Bit sequence - A bit sequence is used when the bits that are included in the data sample represent a 
state value instead of a numerical value. A length field is required when either of these formats is 
used. 

Time of Day - The Time of Day model used in IEEE 1451 is copied from IEEE 1588 the Precision 
Time Protocol. It contains two 32 bit numbers. One contains the number of seconds since Jan 1, 
1970. The other word contains two fields. Thirty bits are used to contain nano-seconds since the 
second defined by the first word. Another bit is used as the sign bit for the entire time word enabling 
it to be used for time of day or time increments. The last bit is unused. There is no doubt that as we 
proceed with this many more time formats will need to be added. 
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Data Model Length - The data model is the number of bits in the data model. In some cases the 
number of bits in the data model can be determined from the data model itself and this field can be 
omitted.  

Calibration File Name - This field contains the information necessary to find the calibration file 
associated with this parameter. 

Syllable Source Structure - This structure defines the source message identifier that contains one or 
more of the syllables of the sample, time tag and status words. Since the same data could 
conceivably be found in different message with different identifiers this structure is repeated for each 
message identifier containing syllables that we need to extract. There are cases when a syllable is 
referenced to another syllable. This would be the case when there is a time tag or status associated 
with each sample of a parameter. 

Source Message Identifier - As we noted above each message must have some type of identifier 
that the system can use to identify the message. This document assumes that the number of bits in 
the identifier is determined from the same source that describes the message structure and is not 
defined here. This field provides the source message identifier for the message that contains an 
instance of the syllable of the data of interest. If the syllable is being referenced to another syllable 
this field may be omitted. 

Reference flag - There are three possible references from which a syllable may be located. This flag 
identifies which is being used for the syllables in the syllable name list. If the flag indicates “fixed” 
the syllables in the syllable list are located in reference to the source message identifier. If the value 
of this flag is “embedded message” then the syllables are located with reference to an embedded 
message identifier within the source message identified by the source message identifier. If the value 
of this flag is “reference syllable” the syllables in the syllable list are located with reference to 
another syllable and the source message identifier is not required. 

Embedded message identifier - If the reference flag is “embedded message” then this field is 
required to provide the embedded message identifier. 

Reference Syllable Name - If the reference flag is “reference syllable” then this field is required to 
provide the name of the syllable to which the syllables in the syllable list are referenced. 

Syllable name list - This field contains a list of the syllable names for all syllables that are 
referenced as defined by the combination of the source message identifier, embedded message 
identifier or the reference syllable name. 

Syllable Definition - In many cases the syllable of interest may appear in many different messages 
as in a parameter that appears in each minor frame of an IRIG 106 Chapter 4 PCM system and the 
general definition of how to locate the syllable with respect to the message identifier or embedded 
label will be the same. So instead of repeating the same information over and over again we give the 
syllable a name and define the location for that syllable name once. 

This group of fields defines the location of a particular syllable within a message or messages. There 
will be syllable definitions for each syllable in the data word. 

Syllable Name - This name identifies the syllable that is being defined. It is desired because the 
same syllable may appear in several different messages and we do not want to keep repeating the 
same data. 
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Variable Name - This name identifies the parameter, time word or status to which this syllable is to 
be applied. 

First sample offset - The first sample offset is the number of bits from the end of the reference 
location, i.e. a source message identifier, an embedded message identifier or a reference syllable. If 
an embedded message identifier is made up of an embedded message identifier plus an extension the 
offset is measured from the end on the combination whether or not the parameter utilizes the 
extension when identifying the parameter. The number of bits in this field includes the number of 
bits in the reference. 

Bits per sample - This field contains a positive integer giving the number of bits in the syllable. 

MSB/LSB Flag - This field identifies whether the input is most significant or least significant bit 
first. 

Syllable Shift Length - Since a syllable is only part of a word we need to be able to position the 
syllable to the appropriate bits in the final output word and to concatenate it with the other syllables. 
The syllable shift length field contains the number of bits to shift the syllable toward the most 
significant bit before concatenating it with the other syllables. The magnitude of the shift length 
must be less than or equal to the data model length. 

Bits between samples - In cases where the syllable is repeated multiple times within the same 
message this field gives the number of bits between occurrences of the syllable. If the syllable only 
occurs once in the message this field should contain a zero. 

Data Set length flag - The data set length within a message may be either fixed or variable. Thus 
this flag can take on one of two values, “fixed” or “variable.” If it is fixed then the Number of 
samples in the data set field will contain the appropriate number. If it is variable then there must be a 
Data set length field within the message to define the number of samples. The Length offset field will 
then point to the location of the length field and the bits in length field gives the number of bits in 
the length field. 

Number of samples in the data set - This field is used if the number of samples in the data set is 
fixed and is not recorded in the message. This number is a positive integer. 

Length offset - This field is used if the number of samples in the data set is recorded in the message. 
It may be either a fixed number or a variable. The Length offset is a signed integer giving the 
number of bits from the beginning of the message identifier or embedded label and the first bit of the 
length field. 

Bits in length - This field the number of bits in the length field if the number of samples in the data 
set is variable. 

Last Syllable flag - With multiple syllable words being repeated periodically there is always a 
danger that syllables from the wrong messages will be combined producing erroneous data values. 
What is being assumed here is that the processor will know the order of occurrence of the syllables 
in the messages. This flag is used to mark the last syllable to be acquired for this parameter, time 
value or status. When this syllable is found and combined into the output word all other syllables for 
the current sample should have been collected and processed. The output word has been formed and 
the next step in the processing of the sample, whatever that may be can proceed. This flag is only 
present in one syllable in the list required for the particular value. 
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Variable definition - There are several cases where it is necessary to define variables that are 
needed to locate the parameter, it’s time tag and status. A variable definition looks much like a 
parameter definition. It needs a name or variable identifier, a data model, a data model length and 
possibly a calibration file name. 

Variable Identifier - The variable identifier is a name given to a variable so that it can be referenced 
in other parts of this structure. It may have global or local scope. The names for status fields may 
need to be known outside of this definition. 

Time Tag Definition - This structure defines how to compute a time tag and whether there is a 
single set of time words for the data set or if there is a set of time words for each sample in the data 
set. 

Time Sum List - This field contains a list of Time word identifiers that must be added together to 
produce the final time tag associated with the parameter. 

Sample Time Flag - There are two possibilities to be described by this flag. If the flag is One Time 
Tag per Sample there is a time stamp associated with each data sample in the data set. If the flag is 
One Time Tag per Data Set there is a single time stamp associated with a sample in the data set and 
all other times are derived from that time and the sample interval. 

Sample Interval - This entry provides the time in seconds between samples in a data set where there 
is only one time tag per sample and a constant sample interval is used. 

Number of samples before the time tag - When dealing with data sets that are acquired as the 
result of some event, there is the possibility that the time tag will not be associated with the first 
sample in the data set. This field allows the definition of the number of samples that were acquired 
before the time that is indicated by the time tag. 

Delay from time tag to first sample - With some systems there is a delay between when the time 
tag is inserted into the message and when the first sample in a data set is taken. This field allows that 
time to be defined in seconds. If this field is present then the value in this field must be added to the 
time computed by summing the time words in the time sum list to obtain the time tag. 

Status Word - The location of the status bits are defined the same as for a parameter. 

Status field definition - All status words are located by an offset number in bits from the beginning 
of a syllable of the data in the data set. As defined in the status flags this can be either a syllable in 
the first word in a data set or from a syllable in each sample in a data set. If the status flag is One 
status per data set then the offset is from the beginning of the data set. If the status flag is One status 
per sample then the offset is from the data word. It is an integer number of bits and can be either 
positive or negative. 

The status field definition is repeated for each status field that needs to be described. 

Status name - This is a text string that should be displayed with the status or referenced to identify 
the status. 

Status flags - This flag defines whether there is one status for the entire data set or one status flag 
for each sample. If this flag is One status per data set there is only the single status associated with 
all samples in the data set. If this flag is One status per sample there is a status word associated with 
each sample in the data set. 
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Number/list flag - If this flag indicates “number” then the status bits represent a number that is in 
some way related to the status name. If it indicates “list” then the status bits are used as an index into 
the status flag list. 

Status flag list - This field contains a list of status labels. Each entry in the list is the text that is 
associated with a given combination of status bits. The first entry is associated with the status if all 
bits are zero. The next entry is for the case where all bits except the least significant bit are zero. 
This pattern repeats until all possible combinations of bits have been defined. Unused bit 
combinations require appropriate text fields. 

 

 

CONCLUSION 

 

 

This paper is just a start on the problem. There will need to be several additions before it can be a 
general solution to locating data samples in a packetized data system. Certainly the number of Data 
Models will need to increase and as more test cases are identified there will probably need to be 
other changes to the structure. The author has developed a number of test cases that have been used 
to test the completeness of the structure. If you want a copy of these test cases or have suggestions 
for changes contact the author. The XML schema has not been started yet but that is less of a 
problem that determining what needs to be in it. 
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ABSTRACT 
 
Much effort has been spent on developing physical layer standards to ease multi-vendor 
inter-operability. However as anyone familiar with real-life system integration knows a 
large gap exists in defining system configuration and set-up, not just between vendors but 
also between different groups on the base. 
 
Different solutions to this problem have been attempted (for example TMATS). 
However, the emergence of XML (eXtensible Markup Language) as a commercial 
standard presents a new opportunity to define a powerful and extensible tool for data-
interchange between different systems.  
 
This paper introduces the self-documenting standard for information exchange that is 
XML. A generic model for flight test data acquisition is presented. Finally, an XML 
vocabulary (or schema) based on this model is proposed. This schema could form the 
basis for an industry wide XML standard to simplify the problem of data interchange 
between vendors, between programs, even between different databases in the same 
organisation.  
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INTRODUCTION 
 
At any given flight test facility a broad range of activities contribute to the overall goal of 
testing aircraft and analysing the resulting data.  These activities range in character from 
instrumenting aircraft to ground-station data analysis and typically involve personnel 
from a wide variety of organisations and groups.   
 
The task of achieving the overall goal is further complicated by the fact that the 
equipment and software used on a project are usually derived from a multitude of 
different vendors. Vendors in turn have their own unique requirements that typically 
employ proprietary software and data formats. The process of integrating many 
heterogeneous systems can become a major impediment to the successful completion of a 
project. 
 
What is needed is a recognised standard that caters for the requirements of a typical flight 
test project.  A standard that captures and models the different elements of a project and 



that can be used when data needs to be exchanged between the different groups 
participating in a project. 
 
There have been several attempts to define such a generic standard, most notably the 
Telemetry Attributes Transfer Standard (TMATS). However the rapid acceptance of 
XML as a generic data interchange standard presents the opportunity to develop a 
modern, flexible and extensible standard for the future. This paper proposes just such a 
vocabulary for the flight test community.  
 
It is not the intention of this paper to describe what XML is, or how it is applied in a 
generic solution. This ground has been covered before1[1].  Instead, this paper proposes a 
vocabulary (or in XML terms, a “schema”) that allows XML to be used to exchange data 
between the disparate groups and functions during flight test.  
 

WHY XML? 
 
If an XML schema is designed properly then XML offers the following advantages over 
TMATS and other mechanisms. 
 

• XML is the de facto commercial standard for data exchange. 
• XML is an open, non-proprietary standard.  There is no need to pay any royalties, 

license fees or for any other services in order to use it. 
• A large number of tools and utilities exist for the processing and creation of XML 

documents. Many of these are available for free. 
• A large body of XML knowledge already exists.  Familiarity with FTI and related 

areas is not a prerequisite for using XML. 
• XML allows a standard for the FTI industry to be defined that is both rigorous and 

flexible enough to cater for any future requirements. 
 

                                            
1 In particular, see the paper RDBMS AND XML FOR TELEMETRY ATTRIBUTES from ITC 
2003. 



A GENERIC DATA ACQUITION SYSTEM 
 
The following figure outlines, in broad terms, the various elements, inputs and outputs of 
a generic data acquisition system. 
 

 
Figure 1 

In general, a typical data acquisition system consists of the following. 
 

1. Physical hardware used to retrieve raw data.  Examples include sensors, smart 
sensors, data buses and various types of data acquisition units.   

2. Information used to interpret data from these systems. Examples include 
information on the protocol used by a data bus, calibration information for the 
data acquisition modules or sensors and the information used to transform data 
from instrumentation units to engineering units. 

3. A data acquisition system encodes the acquired data into one or more data streams 
in some particular format for transmission or storage.  An example would be the 
encoding of data into an IRIG-106 PCM data stream. 

 
Depending on the circumstances, only a subset of this information may be of interest at 
any particular time.  For example, a ground station vendor may only be interested in the 
data stream in which the acquired data is transmitted, the transmission protocol and how 
the transmitted data should be interpreted.   



SCHEMA DESIGN GOALS 
 
Given the generic data acquisition system outlined above.  An XML schema should meet 
the following criteria 

• The schema should be vendor neutral. 
• The schema should capture as many of the recognised elements of a generic 

data acquisition system as possible in order to be useful to as many potential 
consumers or producers of flight-test data as possible 

• The layout of the schema should be logical and easy to understand and 
therefore lend itself easily to the extraction of information. 

• The schema should be extensible and future proofed. 
ACRA CONTROL has created a schema, called XidML, that we believe meets these 
goals. 
 

FEATURES OF XidML 
 
Generic and Multi-purpose 
XidML has been designed to be generic and vendor independent and has been 
constructed to be as useful as possible to as many groups and organisations that work in 
the flight test area.  Furthermore, wherever possible, use of existing established standards, 

athML for example, have been included as part of the schema. M
 
Data Reuse 
One of the main features of the XidML schema design that should be noted is the 
emphasis on the reuse of data and the decrease in data redundancy.  For example, an 
IRIG PCM frame description can be reused more than once.  The same can also be said 
of other protocols such as the MIL-STD 1553 and ARINC-429 bus protocols.  Where it 
makes sense, this ability to reuse data has been built into other areas of the schema. 
 
Atomic Structure 
The XidML schema has been designed to group data logically and in ways that make 
sense to those who work in the flight test area.  By grouping, for example, all parameter 
definitions together and all protocols definitions together and so on, users of XidML 
based data need only look at the information they are specifically interested in.  This is a 
eature that has been leveraged directly from the XML standard. f

 
Extensibility 
 Although it is not possible in this paper to rigorously describe the extensibility 
mechanisms that have been built into XidML, the schema has been designed with the 
future in mind.  XidML fully utilises the features of the XML Schema2 standard that 
facilitate the extension of XML schemas   This means for example, new types of protocol 
definitions can been included relatively easily, TEDS, FireWire and other standards can 
also be added readily.  Importantly, where the need arises, vendor specific information 
can also be included in the schema at will. 

                                            
2 These features include Substitution Groups, Type Substitution and Type Derivation. 



XIDML SCHEMA OVERVIEW 
 
Table 1 shows the six key elements of an XidML document and gives a brief description 
of each as well as some observations about when and how they may be used.  All of the 
elements shown are optional and only need to be included if they make sense in the 
context of the FTI project being modelled. 

 
Element Description Observations 

Documentation 
Information 

Contains general information 
about the XML document 
such as when the document 
was created and a description 
of the project 

An optional reference to more 
detailed information outside 
the document can also be 
included 
 

Packages  

Contains descriptions of the 
IRIG PCM frame, IRIG Chapter 
10 storage, MIL-STD 1553, 
ARINC-429, Ethernet packets 
and other protocols used by an 
acquisition system. 

A package definition may be 
reused many times.  Any type of 
package definition can be added 
to the Packages List section3. 

Parameters  

Lists all the parameters or 
signals sourced in, or used by, 
an acquisition system. Each 
one is identified by a unique 
name. 

Each definition can include 
information such as, units used, 
data format and mechanisms for 
the conversion from raw data to 
IU or to EU 

Sensors 
Lists the EU range (gain/offset), 
defines the conversion to IU, 
filter cut-off and excitation 

A Sensor can be from any 
vendor. A sensor type can be 
used more than once 

Algorithms  
Describes how raw data is 
converted to IU and EU.  Each 
algorithm is identified by a 
unique name. 

Each algorithm can be reused 
more than once 

Instrumentation 

Describes the setup and 
configuration of sensors, DAUs 
and other data acquisition 
equipment 
 

This section has been designed 
to allow information from multiple 
vendors to be included.  This is 
the main mechanism for the 
inclusion of vendor specific 
information. 

Table 1: Main elements in a XidML file 
 
 
 
 
 
 
 

                                            
3 As long as it meets some minimal requirements (see the PCM Frame Definition section below). 



VENDOR INFORMATION 
 
XidML has been designed with flexibility and extensibility in mind.  To this end, 
information from one or more Vendors can be added to (or referenced from) the XidML 
file if vendor specific information needs to be included.  This is done through the 
Instrumentation section of the XidML file.   
 
For example, settings information required by equipment from ACME Inc. can be 
included in the XidML document alongside that of ACRA CONTROL and other third 
party vendors 
 

SOME EXAMPLES 
 
The following examples illustrate how a simple IRIG PCM frame containing 3 placed 
parameters can be defined. Note that a complete and detailed schema is available which 
provides a more comprehensive description of XidML. The examples further show how 
to specify and define IU to EU conversion for a parameter as well as showing how a 
derived parameter is specified. 
 
PCM Frame Package Definition 
 
The example below shows some aspects of the definition of a simple PCM frame with 
one minor frame.  This frame definition can be included inline within the main XidML 
file or be located in an external file and just referenced in the XidML file4.  A PCM frame 
definition can be used more than once which increases reuse and reduces data 
redundancy. 
 
<Packages> 
  . 
   <IRIG106FrameDefinition Name="MySampleFrame" LayoutRevision="1.0"> 
 <PCMFrameStructure> 
  <MajorframeProperties> 
       <NumberOfMinorFrames>1</NumberOfMinorFrames> 
       <NumberOfMinorFrameWords>4</NumberOfMinorFrameWords> 
       <MinorFrameStartIndex>0</MinorFrameStartIndex> 
       <SyncWordReference>0</SyncWordReference> 
       <FillPattern>AAAA</FillPattern> 
       <Justification>LEFT</Justification> 
       <Parity>NONE</Parity> 
       <BitsPerWord>16</BitsPerWord> 
  </MajorframeProperties> 
  <SynchronisationStrategy> 
   <SyncPattern>1110101110010000</SyncPattern> 
   <SyncMask> 1111111111111111 </SyncMask> 
  </SynchronisationStrategy> 
 </IRIG106FrameDefinition> 

 . 

                                            
4 Data located in external files are referenced using the XLink and XPointer standards. 



</Packages> 
 
It should be noted that all packages belonging to the Packages list above must have the 
same basic structure.  In XML schema parlance, they must be the same type and belong 
to same substitution group.  In this case, a package must have a (unique) name5 and a 
version number.  Any package conforming to these rules can be included legally as a 
package in a XidML file. 
 
Parameter Definition 
 
This example shows how a parameter can be defined.  The parameter definition can 
reference an EU conversion algorithm named StandardLinearConversion in the 
Algorithms list.  This algorithm is used to convert IU to EU.  An example of how to 
specify a conversion algorithm is shown later. This example also illustrates how the 
parameter can be placed in a PCM package (or packages). The parameter definition 
would also include information on the parameter source. 
 
<ParameterList> 

  . 
  . 

   <Parameter name=”LeftWingTemperature"> 
   . 

<Units>Centigrade</Units> 
 <EUConversionRef>StandardLinearConversion</EUConversionRef> 
 <Package> 
  <PackageName>MySampleFrame</PackageName> 
  <Frame>0</Frame> 
  <WordIndex>1</WordIndex> 
  <Samples>1</Samples> 
 </Package> 
 <Source> 
  <Instrumentation name=”MyInstrumentationDevice”> 
   <ChannelIndex>1</ChannelIndex> 
  </Instrumentation> 
 </Source> 
   . 
   . 
</ParameterList> 
 
Using MathML 
 
This following shows how MathML may be used within XidML.  MathML is the 
internationally recognised standard for the definition and display of mathematical 
expressions.  The example shows how a derived parameter can be defined and illustrates 
how to get the average of two values.  In this case, the derived parameter takes two 
parameter values, Input1 and Input2, adds the two values together, and then divides the 
value by two and assigns the resultant value to the derived parameter called Average.  
Most complex mathematical operations are defined using MathML.   

                                            
5 The uniqueness constraint is again specified using the XML Schema standard. 



<Algorithm Name=”MyAveragingAlgorithm”> 
 <Name>Average</Name> 
 <Composition> 

<DerivedParameterMathAlgoritm> 
   <InputParameters> 

<ParameterRef> 
     <Name>Input1</Name> 
    </ParameterRef> 
    <ParameterRef> 
     <Name>Input2</Name> 
    </ParameterRef> 
   </InputParameters> 
   <MathAlgorithm> 
    <mml:apply> 
        <mml:divide/> 
        <mml:apply> 
       <mml:plus/> 
       <mml:ci>Input1</mml:ci> 
       <mml:ci>Input2</mml:ci> 
        </mml:apply> 
        <mml:cn>2</mml:cn> 
    </mml:apply> 
   </MathAlgorithm> 

</DerivedParameterMathAlgoritm> 
 </Composition> 
</Algorithm> 
 
Conversion Algorithm Definition 
 
The following example shows how the conversion algorithms referenced in the parameter 
definitions earlier is defined6 [7].   The conversion algorithm is found in the Algorithms 
list. 
 
<Algorithms> 
 . 

<ConversionAlgorithm name="StandardLinearConversion"> 
  <tc:PolynomialCalibrator> 
   <tc:Term coefficient="0" exponent="0"/> 
   <tc:Term coefficient="1" exponent="1"/> 
  </tc:PolynomialCalibrator> 
 </ConversionAlgorithm> 
 . 
</Algorithms> 
 
Vendor Information 
 
The following example shows how vendor specific information can be included in a 
XidML document.  It should also be noted that this information could alternatively be 
included in an external file.  This example shows how information for a DAU provided 
by ACRA CONTROL would be included. 
                                            
6 It should be noted here that the algorithm definition uses the standard submitted to the OMG.Space 
Domain Task Force Telemetric and Command Data Specification Space RFP-1.  Reference space/2003-03-
01.  Issue 1.2, 3 March 2003. 



 
<Instrumentation> 

. 
<InstrumentationGroup name="ACRA Control" 

xmlns:a="http://www.acracontrol.com/acraml"> 
  . 

  <a:KAD_ADC_001 Name="MyADC001" SerialNumber="01234"> 
   <a:Settings> 
      <a:ANALOG SourceBits="16"> 
    <a:ChannelIndex>1</a:ChannelIndex> 

<a:Gain>1</a:Gain> 
<a:Offset>-10</a:Offset> 

      </a:ANALOG> 
   </a:Settings> 
  </a:KAD_ADC_001> 
   . 
 </InstrumentationGroup> 
  . 

<InstrumentationGroup name="ACME Inc"  
xmlns:b="http://www.acme.com/acmeml> 

  . 
  . 
 </InstrumentationGroup> 
  . 
</Instrumentation> 
 

CONCLUSION 
 
In this paper some of the problems involved in the successful completion of a flight test 
project have been outlined and a model for a generic data acquisition system was 
described.  An XML vocabulary, or schema, called XidML was then presented that is 
based on the generic model of a data acquisition system.  Finally, several reasons were 
highlighted why it is believed XidML may form the basis of a standard that could be 
adopted by the flight test community. Some of the reasons outlined are 

• XidML is designed to be generic and multi-purpose. 
• The schema promotes data reuse 
• The atomic nature of the schema 
• The schema was designed to be flexible, scalable and future proof. 
• XidML can incorporate information from multiple vendors 
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DAU Data Acquisition Unit. 
DTD Document Type Definition.  A mechanism used to validate XML 

documents.  The predecessor to the XML Schema standard. 
EU    Engineering Units 
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IU   Instrumentation Units 
MathML  Mathematical Markup Language.  An XML vocabulary used to 

describe the definition and display of mathematical expressions. 
Substitution Group An XML Schema construct that represents a class or type of data 

structure. 
TMATS  Telemetry Attributes Transfer Standard 
XidML  Extensible Instrumentation and Definition Markup Language 
XML   Extensible Markup Language 
XLink An XML standard used to reference other XML files  
XPointer An XML standard used to reference data contained in specific 

locations in other XML files 
XML Schema An XML vocabulary used to validate an XML document.  It is 

designed to be the successor to the DTD standard 
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ABSTRACT 

 

CCT is conducting research to provide a cross platform software capability that enables a 
common semantic for control and monitor of highly distributed systems-of-systems C2 
architectures by auto-generating semantic processing services from standardized metadata 
specifications. This new capability is significant because it will reduce development, operations, 
and support costs for legacy and future systems that are part of ground and space based 
distributed command and control systems. It will also establish a space systems information 
exchange model that can support future highly interoperable and mobile software systems. 
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INTRODUCTION 

 

The current lack of standardization requires custom ingestion of telemetry and commanding 
structural and semantic information across a variety of systems and organizations throughout a 
mission lifecycle. Additionally, many of these organizations must support multiple 
heterogeneous missions using a common ground segment infrastructure. This is made difficult 
and costly because standardized and automated methods are not used for communicating this 
information. The current lack of adequate standardization for general control and monitor data 
exchange results in a proliferation of custom ingestion and processing application programs. This 



2 

customization is inherently error-prone, resulting in the need to revalidate the data representation 
at each transition in the lifecycle. Mission operations would be more efficient if consistent 
telemetry and command definitions could be easily shared among all of the lifecycle phases, 
systems, and organizations. In addition, the existence of a standard description language could 
also enable software commonality across communicating nodes. The emerging OMG XML 
Telemetry and Command Exchange (XTCE1) standard is based on XML technology that has the 
potential to fill the standardization void; however, successful interoperability requires adaptation 
of a variety of legacy systems. Without supporting tools that ease the burden of adopting a new 
standard it may be cost prohibitive for the US space systems infrastructure to take advantage of 
it. 

Background 
Future space systems (spaceport, spacecraft, launch vehicles, ranges) will need to be able to 
operate adaptively, with more autonomy than systems do today. In the future, concepts of 
ubiquitous communications infrastructure, dynamic service discovery, and mobile agents will 
enable loosely coupled systems to collaborate to establish objectives and achieve broad mission 
goals. A critical stepping-stone in realizing this future is establishing a vocabulary and 
mechanisms for exchange of a wide range of configuration, control, and instrumentation 
information. This potential stepping-stone to the future is a very real challenge for our space 
systems infrastructure today. 

Spacecraft design is performed today through the use of a number of disparate tools and 
techniques. Interface design for space systems is manual and time consuming. Data design, both 
telemetry and commanding, is performed multiple times by multiple contractors during the 
vehicle lifecycle, well before the systems are deployed for mission operations.  

Similarly, mission operations require the exchange of telemetry and command information 
across multiple heterogeneous missions using a common ground segment infrastructure. 
Information must be exchanged among all of the operational phases, systems and organizations. 
This is made difficult and costly because there is no standard method for exchanging this data 
definition information. The lack of standardization currently requires custom ingestion of the 
telemetry and commanding information. This customization is inherently error-prone, resulting 
in the need to compare and revalidate at each step in the lifecycle. 

A typical example of this process is between spacecraft or vehicle and the operating 
organization. The manufacturer defines the telemetry and command data in a format that is much 
different than the one used in the ground, or spaceport, segment. This creates the need for 
database translation, increased testing, software customization, and increases probability of error. 
Standardization of the telemetry and command definition format will streamline the process 
allowing dissimilar systems to communicate without the need for the development of mission 
specific database import/export software. 

  

                                                 
1 Object Management Group, XML Telemetry, and Telecommand Data Specification – Draft Adopted, 
http://www.omg.org/docs/dtc/03-05-07.pdf, May 2003 
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Figure 1 Research results 

 

Ideally, a space system operator should be able to transition from one ground system to another 
by simply moving an already existing command and telemetry database that is compliant with 
the standard control and monitor specification. As illustrated in Figure 1, there currently is a 
need for N(N-1) number of interfaces between producers and consumers of telemetry and 
command description information. The proposed approach seeks to produce a more manageable 
strategy that requires 2N potential interfaces. This means a smaller number of interfaces to 
develop and maintain, and increased flexibility and utility in between the producers and 
consumers. 

A concrete example of the problems facing current space systems infrastructure can be seen 
through the NASA ELV telemetry operations at Cape Canaveral Air Force Station and 
Vandenberg Air Force Base. The NASA telemetry organization deals with a broad range of 
telemetry users and producers. Launch vehicle providers, payload organizations, the Eastern and 
Western Ranges all have a myriad of unique telemetry ground systems and unique strategies for 
describing telemetry format, and content. Exchange of format and content information is a 
standard part of everyday business. The NASA telemetry organization is faced with creating 
custom software for each unique organization and mission that supports exchange of information 
as well as binding mission databases to NASA legacy telemetry infrastructure. As a middleman 
in the exchange process, NASA would benefit tremendously if all of producers and consumers 
would standardize on how they exchange telemetry databases. However, adopting a standard is a 
non-trivial exercise, especially considering the various organizations involved, already have a 
significant investment in their current methods, and changing to a new strategy will require new 
software and processes. The problem, and possible price for a solution, is exacerbated by the 
diversity of systems, software, operating systems, etc. in use. It makes a single, monolithic 
solution/tool unpractical.  

It is very easy to see how this same example scenario can play out in any number of possible 
current and future space systems infrastructures where heterogeneous systems need to interact. 
Hence, a fundamental requirement for the interoperability of current and future space systems is 
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to establish a common language for describing how systems communicate. An information 
model is needed that facilitates common understanding of structure and content for control and 
monitoring systems. Emerging standards, such as XTCE, offer a part of the potential solution by 
identifying common mechanisms for representing form and content. However, standards alone 
will not be sufficient to solve the problem. Software required to accommodate these new and 
complex standards will be expensive, especially if the standards are to be adopted by the myriad 
of legacy systems owned and operated by the government and industry. Adopters of these 
standards could be faced with spending hundreds of thousands of dollars per system, which will 
aggregate to many millions of dollars across the space operations enterprise. Robust, adaptive 
software tools and/or services are needed to reduce the cost and complexity of adopting the new 
standards.  

 

 

BODY 

 

Widely distributed defense operations or even a sustained effort to explore the moon, Mars and 
beyond will involve simultaneous operation of a network of systems that must be continually 
managed via systems-of-systems command and control (C2). Creation of this C2 network 
without exploiting cross enterprise commonality will be cost prohibitive, as well as limit 
interoperability and mission effectiveness. C2 interoperability depends on standardization of 
protocols, semantics, and knowledge across disparate systems. Currently, little commonality 
exists between C2 nodes even though systems share a common domain ontology. CCT’s 
research will use a formal cross enterprise ontology to auto-generate cross platform information 
processing software, suitable for modular integration in any weapon, spacecraft, ground system, 
or embedded C2 system.  The resulting technology will significantly reduce development, and 
recurring costs for legacy and future C2 systems, as well as enhance interoperability.  

The technology development approach is to implement a software capability for mapping 
Exploration C2 domain knowledge (protocols, messages, algorithms, sensors, stimuli, behaviors, 
etc) in to software technologies (requirements, models, classes, objects, processes, etc.) using a 
formal metadata specification and auto-generation methods.  The auto-generation strategy will be 
implemented in conjunction with a standards based C2 domain reference architecture and 
Product Line strategy.   

Based on the premise that interoperating systems must share a common ontology as described in 
Figure 2; using a rigorous metadata specification based on XML schema, such as the emerging 
XTCE standard, it is feasible to auto-generate stream, protocol, and semantic processing services 
directly from the metadata specification. The auto-generator, illustrated in Figure 3, will produce 
modular code or libraries that are integrated into C2 mission application software statically, or 
dynamically. This is useful because it enforces a common semantic, reduces amount of custom 
SW required to create new or adapt legacy systems, produces very compact and efficient SW for 
real-time systems, it is ideal for embedded applications, improves SW quality, and is ultra 
consistent. It is also supportive of Model Based Architecture & Product Line Practice. 
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Figure 2 Common Domain Ontology for Stream & Semantic Processing 
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Figure 3 Stream & Semantic Processing Auto-generation Concept 
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Information processing service products/components will be created from a base of common 
assets created by a domain engineering process. Domain engineering and application engineering 
will serve as complementary, interacting, parallel processes that comprise a model-based, reuse-
oriented software production system that produces stream, protocol, and semantic services for 
ground, flight, and embedded exploration architectures. Building a new instance will be more a 
matter of assembly or generation than creation, making a common cross program C2 information 
processing strategy practical and affordable. 

The run-time library interface can be event driven, when a parameter in a message is found, the 
parent callback function is invoked for that parameter. It can also be structural. The parent can 
point the library at a message and ask for a given parameter. 

Static version - the code is tailored to a message definition, access parameters by name, 
statically, in code. This is very fast for messages, which is perfect for embedded devices or 
vehicles.  

Dynamic version - the library is built with knowledge that you can query at run-time though a 
consistent API.  This is for code that must determine the messages structure, dynamically, during 
run-time, such as a highly parameterized ground processing system. 
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Figure 4 Example Auto-generation Scenario 

 

A simple example use of the Service Library is illustrated in Figure 4. A buffer comes in from 
hardware as a telemetry frame, the ground system application points the library for reading the 
stream at the start of the message using the standard call “parse_message”. The parse_message 
routine invokes a callback functions set up for each parameter.  If there is no callback function 
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for a parameter it finds in the message, the library ignores it. The callback function receives the 
raw or native data extracted from the message, the library functions “convert_to_host”, 
“linearize_to_host” return the value of the parameter in platforms native data types, or in 
Engineering Units respectively. 

XML – An Enabling Technology 
XML is a key enabling technology for information exchange problems. It has existed since 1996, 
and was established as a standard by the World Wide Web Consortium in 1998. XML is a 
structural and semantic markup language. The power of XML lies in its simplicity, its support in 
the commercial community, and its relationship to the Internet. XML has its root in other markup 
languages (e.g., Hypertext Markup Language (HTML) and Standard Generalized Markup 
Language (SGML)) that deal with data format. XML allows a user, or community of users, to 
define a set of markup tags that capture the inherent structure of the data. The components of the 
structure are called elements, and these elements are constructed in a hierarchical form. Unlike 
HTML, which uses tags to define data presentation, XML uses tags to describe data content. This 
provides a mechanism for coupling the meaning of the data with the data itself, and makes that 
meaning available to software. 

XML consists of an extensible set of rules for designing text formats to structure data. It is an 
incredibly simple, well-documented, straightforward data format. It allows users to define a new 
document format by combining and reusing other formats. XML elements can be embedded and 
layered in complicated patterns. Since XML is portable and license-free, there is no cost to use it, 
but you still have to build your own database and your own programs and procedures that 
manipulate it. 

The Emerging XTCE Standard 
The Object Management Group and a number of major US and international industry and 
government aerospace organizations have collaborated to produce the XML Telemetry and 
Command Data (XTCE) Specification. The XTCE specification is intended as a way to describe 
telemetry and command “databases” as used in space and ground telemetry systems, packet, and 
TDM based systems. The XTCE is only a specification, not a service. The intent is to allow the 
easy interchange of these databases between systems and organizations. 

OMG’s vision for the XTCE is that it will one day be the “native” format for ground systems. 
Until that time, companies and organizations can use converters to go from one system to 
another, or can convert an existing database into this format for exchange with other parties. 

Currently in final draft release, the XTCE standard is projected for approval in 2004. The scope 
of the specification includes: 

 Telemetry data definition including support for CCSDS packets as well as TDM frames 
 Data manipulation algorithms to support packaging and unpackaging of individual data 
items 
 Commanding data definition including command identification, argument specification, 
and validation criteria 
 Data representation definitions 
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 Data properties including such things as it default value, validity criteria, and data 
dependencies 
 The definition of extensible formats such that blocks of information can be portrayed in 
this architecture 

 
The XTCE uses XML Schema to describe TM/TC information. The XTCE schema is organized 
in to seven separate schemas: 1) Space System, 2) Parameter, 3) Common Types, 4) Packaging, 
5) Algorithm, 6) Stream Definition, and 7) Command Definition. 

The XTCE schema is a hierarchical structure, mimicking the organization of space systems, 
which are typically systems within systems.  The hierarchical approach is useful for minimizing 
name space collisions, more manageable organization, and implicit inheritance of features from 
higher levels to lower levels. It consists of a collection of space systems including space assets, 
ground assets, multi-satellite systems and subsystems.  

Standardization Issues 
There is a proliferation of data representation standards, often making it difficult to determine 
exactly what is the ‘standard’ for a given domain. Instead of determining a path that ensures 
compatibility, organizations must either adopt a set of related standards or try to choose the one 
that seems to be more ‘preferred’ within their domain. This non-deterministic approach 
introduces inherent risk when investing in a new system built around a specific standard that may 
become obsolete or rarely used. Once a standard is adopted, it tends to become tightly integrated 
into systems and processes. Users and operators become familiar with specific keywords and 
syntax, and special tools are purchased. Eventually, organizations become financially committed 
to maintaining legacy compliance and tend to resist migrating their systems to adopt new 
standards. 

Although standardization enables interoperability, the standards themselves continue to evolve. 
In the long-term, adaptability is the key to survival for large-scale systems that rely on 
standardization. These systems need an approach that abstracts external standardization details 
from internal components and operations. Systems and organizations that are insulated from, or 
loosely coupled to, the intricacies of standards compliance can take a more practical approach in 
the near-term, and have a cost effective means to adapt and evolve in the future. 

Relevant CCT Experience 
Control and monitoring of spacecraft systems is CCT’s core competency. In addition, CCT has 
significant experience applying XML technology to solving typical control and monitoring data 
definition problems. We rely on XML for virtually all our data definition chores.  

CCT’s flagship product, The Command and Control ToolkitTM (CCTK), incorporates an XML 
database for all stream and semantic definitions, including telemetry interfaces for PCM data 
acquisition, simulation and data transmission. However, when CCT decided to significantly 
leverage XML technology a few years ago, it had nothing to do with standards, and everything to 
do with using a great technology for describing and exchanging information that provided our 
product line with ease of reconfiguration, decoupled our core software from proprietary database 
management systems, and enhanced extensibility and flexibility to new applications. In fact, at 
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the time we transitioned to using XML, there were no standards like XTCE even on the drawing 
board.  

Relevant CCT R/R&D 
CCT’s primary interest in this research is the potential for incorporating the resulting technology 
into our command and control product line.  CCT engineers have participated in many projects 
that required the use of data and command description languages similar to what has been 
discussed earlier in this proposal. In addition, as discussed in section 3, CCT’s core product line 
heavily leverages technologies that are directly applicable to this proposed research. CCT has 
invested heavily in R&D in the last 3.5 years in information exchange technologies that directly 
support our products and our customers.  

The Command and Control Toolkit™ (CCTK) is a commercial CCT product used to develop 
turnkey vehicle control systems. The CCTK provides a framework for command and control 
systems including real time messaging, archival and retrieval functions, and multiple plug and 
play data interface support.  CCTK is easily customized with COTS tools and custom software to 
readily fit varying applications.  The CCTK is based on a commercialized NASA technology 
developed for Space Station ground operations. This SBIR project is designed to augment 
ongoing design and development work in this area to the mutual benefit of NASA and CCT.   

 

 

CONCLUSIONS 

 

The current lack of standardization for exchange of telemetry and commanding information is 
clearly a problem in search of a solution.  The emerging OMG XTCE standard is a step in the 
right direction; however, successful interoperability requires adaptation of a variety of systems. 
Without supporting cross platform tools that ease the burden of adoption a new standard may not 
be affordable for most. 

The proposed technology will reduce overall life cycle cost for future systems and be supportive 
of future autonomous software systems that rely heavily on discovery and adaptation. Systems 
that must operate with constrained performance margins, low power budget, or with high 
throughput efficiency will benefit most from this technology since auto-generation will produce 
very compact and efficient services (as opposed to generic, complex, highly parameterized 
services).  

Challenges to successful implementation of this strategy include 1) use of auto-generated 
software will require new approaches to test and certification of mission-critical systems; 2) 
space domain metadata specifications are not mature and will require refinement and extension 
in order to fully address the full scope of NASA’s Exploration Program and the Network Centric 
C2 needs of DOD; 3) cross-cutting technical solutions of this sort are culturally unfamiliar to 
most large organizations, significant emphasis will have to be placed on inclusion especially 
during domain analysis and scoping. 
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CCT’s experience with XML in telemetry and command applications over the last four years, 
and during the 1st phase of this research project, has proven that there are tremendous benefits in 
using XML as a semantic description language both for exchange and native configuration 
description. Our experience has also taught us that adopting XML is not necessarily a simple 
undertaking. In fact, it can be tedious and software intensive requiring a significant engineering 
effort; however, we see this as an opportunity rather than a problem.  We plan to leverage our in-
depth XML skills, the new XTCE standard, and R&D support from organizations with a need to 
improve the state of semantic knowledge exchange, to create a generic cross platform suite of 
tools that significantly ease the adoption of XML and XTCE as a telemetry and command 
description language.  

We recently completed the proof of proof-of-concept phase of this research and are seeking 
collaborators and contributors to this effort as we transition to full scale implementation. Success 
will require a broad cross section of input from the ground systems domain. We have received 
domain analysis support from the NRO, Air Force, and a number of NASA organizations. Other 
participants are welcome and desirable. 
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ABSTRACT 

 
This paper presents a new approach for the effective generation of translator scripts that can be used 
to automate the translation of data display configurations from one vendor format to another.  Our 
approach uses the IDEF5 ontology description method to capture the ontology of each vendor format 
and provides simple rules for performing mappings.  In addition, the method includes the 
specification of mappings between a language-specific ontology and its corresponding syntax 
specification, that is, either an eXtensible Markup Language (XML) Schema or Document Type 
Description (DTD).  Finally, we provide an algorithm for automatically generating eXtensible 
Stylesheet Language Transformation (XSLT) scripts that transform XML documents from one 
language to another.  The method is implemented in a graphical tool called the Data Display 
Translator Generator (DDTG) that supports both inter-language (ontology-to-ontology) and intra-
language (syntax-to-ontology) mappings and generates the XSLT scripts.  The tool renders the XML 
Schema or DTD as trees, provides intuitive, user-friendly interfaces for performing the mappings, 
and provides a report of completed mappings.  It also generates data type conversion code when both 
the source and target syntaxes are XML Schema-based.  Our approach has the advantage of 
performing language mappings at an abstract, ontology level, and facilitates the mapping of tool 
ontologies to a common domain ontology (in our case, Data Display Markup Language or DDML), 
thereby eliminating the O(n2) mapping problem that involves a number of data formats in the same 
domain.   
 
 

KEYWORDS 
 
Data Display Configuration, T&E Environment, Neutral Format, XML, XSLT, Automated 
Translator Generator 
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INTRODUCTION 
 
In a Test & Evaluation (T&E) environment, data display systems play a critical role and need to be 
quickly assembled, programmed, and tested for both real-time and post-test analysis. Data displays 
have a wide range of parameters, attributes, dynamics, and data sources. The T&E systems, at 
different locations, need to transfer and share telemetry data among themselves. In the traditional 
approach, each of these systems would apply its unique, and quite complex, display setups. To 
compound this situation, there are a variety of data display vendors, each requiring its own data 
display specification. As a consequence, the time required to set up and check these data displays is 
significant. Most often, the only way to transfer data displays between display applications is to 
manually recreate the displays in another environment. Also, a change in one of the displays requires 
manual changes in the other related displays. Thus, the absence of automated translators and 
corresponding requirement for manual setup cause significant delays in test programs.    
 
Even if re-creation of data displays were to use a set of automated translators, the absence of a 
neutral format would require a total of n(n-1) translators to be built, where n is the number of data 
display systems. To mitigate this problem, DDML was developed as an XML-based neutral format 
for data displays [1].  As a result, the number of translators that need to be developed reduces to two 
unidirectional translators between the neutral format and each vendor-specific format, for a total of 
2n translators. An additional advantage of having DDML is that a change in one of the vendor 
formats requires the recoding of only the translators between that format and the neutral format. 
Figure 1 illustrates the benefit of using DDML. 
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Figure 1: Code Development Effort for Translators Without and With Use of a Neutral Format 

 
We can even do better by automatically generating the translator code, which can then be compiled, 
tested, and deployed.  As a result, the focus of the configuration translation effort is on the modeling 
of the data display specification and not on the development of translator code.   In that sense, it will 
be similar to using Computer-Assisted Software Engineering (CASE) tools to develop object-
oriented software models (say, in the Unified Modeling Language [UML]) and to automatically 
generate the target code for compiling.  A great advantage in this approach is that a change in one of 
the vendor formats would not require programming of any sort – the model would simply have to be 
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changed and the translator code would be regenerated to reflect the changes.  As shown in Figure 2, 
the programming effort to develop translators for a T&E system of n applications would be non-
existent; the only effort needed would be to perform semantic and syntactic modeling for each 
vendor format in the framework. 
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Figure 2: Automated Code Generation for Translators to and from Neutral Format 

 
In this paper, we describe an ontology-driven methodology for managing syntactic mappings 
between DDML and any other data display language.  An ontology-driven approach is crucial 
because ontology not only captures the vocabulary, but also provides a rich description of the 
meanings of the terms in that vocabulary in the form of a set of logical axioms.  An ontology of 
display systems, for example, will provide a list of concepts that are needed to build a data display 
application (e.g., display model, display objects, slider, data variables, etc.) together with a formal 
description of these concepts, a specification of their properties, and the identification of the 
relationships that they bear to one another. 
 
Building an ontology is a non-trivial operation that requires expertise in both the domain being 
captured and formal specifications.  In the case of information translation, however, the ontologies to 
be built are formal specifications of the meta-models of the chosen applications.  One such formal 
specification for ontologies is the IDEF5 ontology language [2], a theoretically and empirically well-
grounded language specifically designed to assist in creating, modifying, and maintaining ontologies 
both graphically and using a first-order textual language. 
 
Our approach for data display format mapping to DDML is to first capture the ontology of each 
language using IDEF5 and then to provide both the syntax-to-ontology mappings within each 
language and the ontology-to-ontology mappings between the two languages. There are numerous 
advantages to this approach.  First, the method serves as a convenient manner for capturing, storing 
and disseminating mapping knowledge relating to two tools or two related domains.  Second, it 
facilitates the automatic generation of translation scripts between two languages.  Finally, because 
mapping takes place at the semantic level, translation scripts can be regenerated whenever the 
syntactic format of either language changes.  Our current implementation of the tool that supports 
the methodology includes display formats that can be persistently stored in XML. 
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THE IDEF5 ONTOLOGY LANGUAGE 

 
Our methodology is based on the IDEF5 ontology description capture language [1] for building and 
representing ontologies. IDEF5 provides a theoretically and empirically well-grounded method 
specifically designed to assist in creating, modifying, and maintaining ontologies. Standardized 
procedures, the ability to represent ontology information in an intuitive and natural form, and higher 
quality results enabled through the use of IDEF5 also serve to reduce the cost of these activities. 
 
Supporting the ontology development process are IDEF5’s ontology languages. There are two such 
languages: the IDEF5 Schematic Language and the IDEF5 Elaboration Language. The Schematic 
Language is a Graphical Language specifically tailored to enable domain experts to express the most 
common forms of ontological information.  This Graphical Language enables average users both to 
input the basic information needed for a first-cut ontology and to augment or revise existing 
ontologies with new information. The other language is the IDEF5 Elaboration Language, a 
structured textual language that allows detailed characterization of the elements in the ontology. 
 
Various diagram types, or schematics, can be constructed in the IDEF5 Schematic Language. The 
purpose of these schematics, like that of any representation, is to represent information visually. 
Thus, semantic rules must be provided for interpreting every possible schematic. These rules are 
provided by outlining the rules for interpreting the most basic constructs of the language and 
applying them recursively to more complex constructs.  
 
However, the character of the semantics for the Schematic Language differs from the character of 
the semantics for other graphical languages. Specifically, each basic schematic is provided only with 
a default semantics that can be overridden in the Elaboration Language. The reason for this is that 
the chief purpose of the Schematic Language is to serve as an aid for the construction of ontologies – 
they are not the primary representational medium for storing them. That task falls to the Elaboration 
Language. The Schematic Language is, however, useful for constructing first-cut ontologies in 
which the central concern is to record, in a rough way, the basic elements that exist in a domain, 
their characteristic properties, and the salient relations that can be obtained among objects of those 
kinds and among the kinds themselves. Consequently, the basic constructs of the Schematic 
Language are designed specifically to capture this type of information. 
 
 

ONTOLOGY-BASED DATA DISPLAY MAPPINGS 
 
Our approach for XML schema mappings is to first capture the ontology of each language using 
IDEF5 and then to provide both the syntax-to-ontology mappings within each language and the 
ontology-to-ontology mappings between the two languages.  An example of such mapping is 
provided in Figure 3, which shows two data display formats mapped to DDML. 
 
We have implemented the mapping methodology in a software tool called Ontology-Driven 
Translator Generator (ODTG).  A typical use-case of ODTG is as follows: 
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1) The user specifies the source schema or DTD, which is parsed and displayed as a tree. 
2) The user specifies or develops the ontology of the source language. 
3) The user maps the source schema (DTD) to the source ontology. 
4) The user maps the source ontology to the pre-built ontology of the target XML. 
5) The tool generates the XSL-based translator script that contains the mapping rules. 
6) The user modifies the XSL mapping rules, if necessary. 
7) The user uses an XSLT processor to convert a source XML to target XML. 

 
Figure 4 shows the XSLT script generation process and its use by an XSLT engine.  
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Figure 3: Vendor #1 « DDML « Vendor #2 Translator Generation Scripts 
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Figure 4: XSLT Generation Process and its Use in XML Document Conversion 
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XSLT GENERATION 

 
The generation of XSLT [3] that encodes the mapping rules requires the end-to-end mapping of the 
source-syntax « source-ontology « target-ontology « target-syntax for every node of the syntax 
trees in order to generate a complete rule-set.  The XSLT generation outline is described below. 
 
Perform a depth-first search on the target tree 

For each node of the target tree, find the corresponding node in the source tree 

If a corresponding node is not found  

 If the node is not a leaf node then generate XSLT tag statements and continue traversing 

Else if a corresponding node is found  

 If the corresponding node is a leaf node then generate XSLT value statements 

 Else if the corresponding node is not a leaf node then  

  Generate XSLT template statements 

  Generate attribute/element XSLT statements according to the type of the node 

  Continue traversing 

The algorithm processes each node of the target tree by traversing it with depth-first search (DFS). 
As the traversal method of the XSLT processors, DFS is the natural choice when dealing with XSLT 
documents. When a node is processed with DFS, its corresponding node in the source tree is found 
by exami ning the source-syntax « source-ontology « target-ontology « target-syntax mappings. 
The node is then processed according to its type (attribute vs. element), location in the tree, and the 
location and type of the corresponding node. 
 
An important issue with the XSLT generation algorithm is how to determine the target node that 
corresponds to a node in the source document. Currently, the algorithm assumes that there is a one-
to-one relationship between the source nodes and the target nodes. This restriction will be overcome 
in the future. 
 
 

IMPLEMENTATION 
 
The ODTG tool is implemented in Java. A user can create new ontologies, syntaxes, and mappings 
by using the tool. It is also possible to load existing mappings, syntaxes, and ontologies saved as a 
persistent XML project file.  Thus the tool allows incremental development of various languages in a 
domain. The tool has three main window types. 
 
1. Language Window: This window enables the user to specify the syntax, ontology, and syntax « 

ontology mapping. It consists of two panels: the left panel shows the syntax tree, and the right 
panel shows the IDEF5-based ontology graphical view. A mapping between the syntax and 
ontology is shown by highlighting the corresponding mapped elements or objects when a 
particular element of the language is highlighted.  The language window is shown in Figure 5. 
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2. Ontology Map Window: This window enables the user to specify the ontology « ontology 
mappings between two languages.  The ontology-ontology map window for DDML and IADS 
[4] languages is shown in Figure 6. 

3. Mapping List Window: This is a summary mapping of window types (1) and (2) above. It 
consists of two panels, both of which are tree views. The mapping list window for DDML is 
shown in Figure 7. 

 

 

Figure 5:  Language Window Showing the DDML Language 

 

 

Figure 6:  Ontology Map Window for DDML and IADS 
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Figure 7:  DDML Syntax « Ontology Map Window 

The syntax reader module of the Language Window supports both DTDs and XML schemas. Once 
the ontologies and the mappings are complete, the XSLT files can be generated automatically. In our 
test case, we XML-ized the IADS data display format to generate XSLT scripts.  The generated 
XSLT file for DDML to the XML-ized IADS was validated by executing the script using freely-
available XSLT processing engines (see Figure 4) such as Xalan [5].   
 
Current work in progress includes generating translators for non-XML-based display formats. 
 
 

CONCLUSIONS 
 
In this paper, we have described an intuitive approach for effective generation of translator scripts 
that can be used to automate the translation of data display configurations from one display vendor 
format to another.  Our approach uses the IDEF5 ontology description method to capture the 
ontology of each vendor format and makes use of the Data Display Markup Language (DDML) as a 
neutral format among various vendor formats.  In addition, the method includes the specification of 
mappings between the vendor’s tool ontology and its corresponding syntax specification (XML 
Schema or DTD).  Finally, the method includes the use of an algorithm for automatically generating 
XSLT scripts that transform XML documents between DDML and XML-based vendor formats.   
 
The method is implemented in a graphical tool called the Data Display Translator Generator 
(DDTG) that supports both the inter-language (ontology-to-ontology) and intra-language (syntax-to-
ontology) mappings and generates the XSLT scripts.  The tool renders the XML Schema or DTD as 
trees, provides intuitive user-friendly interfaces for performing the mappings, and provides a report 
of completed mappings.  Our approach has the advantage of performing language mappings at an 
abstract, ontological level, and facilitates the mapping of data display tool ontologies to DDML, 
thereby eliminating the O(n2) mapping problem involving a number of display formats.  An 
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important benefit of ODTG is a ‘no programming required’ user interface that can enable modelers 
and domain experts to interchange models without having to know details of XSLT.  Because 
mappings take place at the semantic level, translation scripts can be regenerated whenever the 
ontology or syntax of either language changes.   
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ABSTRACT 
 

Powered by single-segment switched interconnection, Ethernet can be used in time-critical data 
acquisition applications. Unlike synchronous time division multiple access, asynchronous packet 
streams result in congestions and uncertain multiplexing delays. With the delay analysis in the worst 
case and probabilistic guaranteeing conditions, we restrict the packet-sizes, intervals or traffic 
burstiness a priori to regulate delay deviations within acceptable scales. Some methods of 
combinatorics and stochastic theory, e.g. Cumulant Generating Function and the Large Deviation 
Principle, are used and verified by some simulation-based computations. The influence of time 
varying delay for telemetry applications is also discussed in some sense. 
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INTRODUCTION 
 

Enhanced by several standardized mechanisms such as micro-segmentation, full-duplex operation 
and prioritization (specified by IEEE 802.1p, 802.3u etc.) [1], switched Ethernet can be used in some 
time -critical applications. As a mutual and one of the most widely supported COTS technologies, it 
had been adopted as industrial field bus throughout device, system domain and enterprise levels and 
also had been applied in platform electronics integrated systems, e.g. AFDX (Avionics Full Duplex) 
bus in civil aircrafts and dual fault-tolerance Ethernet within marine vessels etc.. Switched Ethernet 



can be used as data acquisition network in industrial plants or platforms with acceptable features 
such as throughout, re-configurability, fault tolerance etc.. 
 
Due to price per port of Ethernet switched hubs is low, there is an increasing trend towards building 
single-segment networks. Accordingly, each host links in full duplex with one switched port 
exclusively. In data acquisition applications, data acquisition cards plugged in the host connect smart 
sensors, A/D converters or programmable controllers by stub cables. 
 
Since the single -segment connection entirely avoids the non-determinant latency caused by 
CSMA/CD in media sharing Ethernet, CTOS Ethernets had been used in some real-time data 
acquisition applications such as a wind tunnel project [2]. However, unlike those specified systems, in 
integrated systems, different types of communicating tasks including command, supervisory control, 
monitoring and data accessing have various performance requirements, especially in real-time issues. 
It’s necessary to propose an engineering solution strategy and some application-concerned tactics to 
overcome complexity and finally accomplish design objectives. 
 
Synchronized by distributed soft-timers or global real timers, packets from distributed hosts can be 
multiplexed in time division without collisions. Supported by certain middleware, distributed tasks 
take dependable real-time communications in event-based synchronous manner. Well-designed 
synchronous accessing methods could tolerance temporal uncertainties, but incur overhead and 
complexity. In the other hand, asynchronous packe t passing is in lightweight but implies traffic 
congestions that induce variable multiplexing queuing delays. To regulate delay deviations within 
acceptable scales, we restrict the packet-sizes, intervals or traffic burstiness by pre-planning. 
 
Deterministic queuing theory developed primarily by [3] is referred to calculus or verify the delay 
bounds. As the most common implement of Ethernet switches, we consider the output queuing 
within an output port of the switch in FCFS (first come first served) and work conserving disciplines. 
Many input streams feed into the multiplexer (MUX) and are aggregated to the output port. Traffic 
burstiness causes buffering and a current input packet is delayed by the buffered data in q(t) length at 
this instant t. Note that the interior caching inside switches is very fast and input and output rates are 
limited by the constant line rate c (c=100Mbps in fast Ethernet) , so that in a rough meaning, the 
queuing delay is deduced to q(t)/c. Considering the event that the q(t) overrides a given threshold x, 
which corresponds with the queuing delay exceeding a certain deadline, we call the event “hazard” 
as a concise nomenclature with occurrence probability Q, and then term its counterpart as the 
“guaranteeing probability” (GP), certainly GP=1-Q. 
 
For high-performance applications, the hazard is rare. Therefore instead of traditional queuing theory, 
we employ the Large Deviation Principle (LDP) to approximate the residual probability in the tail of 
the random variable ’s (r.v.) distribution far from its mean. LDP theory was founded in the mid 
1960s[4] while its earlier results had been well known as the Chenoff Bound and the Cramer Theory. 
In around 1990, JosephY Hui, John T Lewis, Chang C-S and other researchers introduced it into 



delay analysis in communication networks [5][6]. 
 
Computing the Cumulant Generating Functions (CGF) for the sums -in-byte of multiplexing arrivals 
(as r.v.s) in multiple time scales is the key step to approximate the hazard probability in term of LDP. 
We can directly deduce the CGF by enumerating all the feasible conditional combinations. To reduce 
the computation complexity, we construct two stochastic models by stochastic ordering theory as the 
bounds of the r.v.s and get the conservative but enough precise bounds of the hazard probability. In 
this paper, a case study is present to demo the stochastic bounds, and some results by 
simulated-based computations with the Importance Sampling (IS) technique are also illustrated. 
 
The Maximum Rate Function [7] is also introduced to delay analysis in worst case condition and is 
derived through the limit of CGFs. 
 
Additional, we also discuss the influence of time varying delay for telemetry applications in some 
sense and draw some delay tolerance solutions. 
 
 

INTEGRATED REAL-TIME SWITCHED ETHERNET 
 

Under integrated real-time LAN environments, different communication tasks have their own 
different quality requirements in multiple dimensions i.e. throughout, importance and timeliness etc.. 
The Ethernet protocols don’t define sophisticated mechanisms for traffic isolation, service 
discrimination and flow control, and only support very coarse priority ranks (There are 8 priorities 
identified by a 3-bits field in IEEE 802.3 frame, and most of COTS industrial Ethernet switches 
usually have only 2~4 so called QoS ranks.). A practical solution is to afford differentiated service 
manners for different types of coarse classified tasks isolated by priority layers, in the meantime to 
take integrated resource allocations among the tasks of the same type. Therefore the schedule 
schemes for each layer can be designed nearly separately but the worst case temporal constraints of 
the higher layer should be reckoned in the lower as “backgrounds”. Generally, the system assigns 
synchronous tasks with higher priority, while restricts the asynchronous packet passing delays in 
probabilistic guaranteeing. 
 

1)  The Synchronous Accessing Strategies 
 
Supported by global real timers or distributed clock synchronization algorithms, packets 
from some hosts can be multiplexed collision-free in time division. TDMA is well used in 
telemetry domain but its off-line scheduling strategy is non-flexible.  
 
Command/Response strategy seems to be synchronized by a centralized accessing controller. 
It is collision-free and also has inherent disadvantage of non-flexibility. To take the 
advantages of adaptation, flexibility and on-line re-configurability, event-based real-time 



communication paradigms [8], which seem to be synchronized by distributed procedures or 
transactions, are developed above middleware with client/server (c/s), publisher/subscriber 
(p/s) or peer-to-peer (p2p) architectures. 
 
In the p/s scenario the communicating job is invoked by publisher ’s pushing or by 
subscriber ’s pulling. Co-enlightened by the Just-in-Time and pull production system in 
manufacture domain, we are developing a kanban (token) based schedule scheme by a 
lightweight and real-time enhanced middleware in switched Ethernet. 
 

2)  The Asynchronous Packet Passing and the Credit Bucket Traffic Shaper 
 
Asynchronous packet passing eliminates the overhead of clock synchronization or event 
acknowledgement. State messages are usually collected in data acquisitions in this mode. 
Periodic packet streams are the typical real-time traffic, while for the aperiodic packet 
streams we restrict their burstiness by the traffic shapers. 
 
The literature [9] reports a Credit Bucket (CB) traffic shaper in sharing media Ethernet. In 
fact, the shaper is also useful for switched Ethernet. We re-implement it and insert it into the 
NIC (network interface card) driver routine at the host. 
 
The CB, which is analogue with the well-known leaky bucket but is suitable for variable 
length packet streams, has two parameters: Credit Bucket Depth (CBD) and Refresh Period 
(RP). CBD limits the maximum number of credits that can be stored in the  credit bucket. Up 
to CBD credits are added to the bucket every RP. If the number of credits exceeds CBD, 
overflow credits are discarded. When a packet arrives from the communicating task, if there 
is at least one credit in the bucket, the shaper forwards to the NIC and removes as many 
credits as the size of the packet (in bytes). By changing RP and CBD, one can control the 
burstiness of a packet stream while keeping the same average throughput. [9] 
 

 
PROBABILISTIC GUARANTEEING FOR  

ASYNCHRONOUS PACKET MULTIPLEXING 
 
According to the FCFS multiplexing model, make time discretization for slots, noted as t=0,1,2,… ; 
the ith arrival process is denoted as {ai(t)}, i=1,2,…,n ; the capacity of MUX output link is nc , c is a 
constant. The length of buffering content is q(t), q(t) complies with the Lindlay recursion with initial 
condition q(0)=0: 
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where the CGF of service process is θncs ; and the CGF of arrival process is )(, θsAL , which is 

denoted as )(θsL  or ),( θsL hereafter as long as there is no confusion. 

 

According to the Contraction Principle, the rare probability is mainly decided by the minimum *
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L  is called the critical time scale; and in practice: 
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Remark: Denoting the output link as nc and the threshold as nx is only to coincide with the formats 
in our referred literatures; actually MUX’s output aggregates all the inputs without division of n 
pieces. 
 

For multiple class inputs, denote )(θiL and ni as the CGF and the amount of streams respectively of 

ith class. If the streams are independent, the normalized CGF is  =L )(θx )(...)(1
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The CGF of periodic inputs is showed in [6]. Herein we concern about the CGF computation of the 
CB shaped arrival. 
 
Ethernet frame length is variable within maximum 1518 bytes and minimum 64 bytes. There are 
preamble signal and intervals outside a frame. To be simplified, our model defines that time slot is 

40 µ s for 100Mbps Ethernet and full load in one slot is 512 bytes. Regard 64byte/slot as a unit rate. 

Ignoring all overhead signals, we told Ethernet frame “packet” in general terms. We also defined 
CBD, LC (link capacity), RP, and MF (max length of packet; note that the MF is restricted by given 
applications and is mostly less than 1518 bytes.). 
 
The cumulative arrivals during various time scales are r.v.s : A(s) , s=1,2,…,τ . CGF is logarithm of 
moment generating function. If A(s)’s sample space can be partitioned into some individual sets 
{A(k)(s)}without intersection, and each set corresponds to a value x(k) and the probability 
P{AÎA(k)}=pk , then the CGF is: 
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For a CB shaped stream, there are two independent stochastic factors: (i) the random phase between 
the time-window (a certain time scale) and the RP (called “outer phase”), and (ii) the random 
relative position of the burstiness inside a RP (called “inner phase”). We get the joint probabilities by 
the product formula and compute the CGF directly by enumerating all the individual conditions. 
 
To avoid the time-consuming computations, we present “3-s-5-p” and “4-s-7-p” models to provide 

estimators Â  for A(s), (with fixed s). In the meaning of convex ordering, Â  is “ cx³ ” than A(s), 

therefore, the CGF of Â  works as the conservative assessments for A(s). We have: 

 
Definition 1. 3-state-5-parameter model, (“3-s-5-p”) 
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where m is the mean, r̂  is the peak value, r~ is a selected sample value near the tail of distribution; 

and P{ rA ~ˆ > }=pT, E{ Â | rA ~ˆ > }=mT, mH(1-pT)+mT pT=m. 

 
Definition 2. 4-state-7-parameter model, (“4-s-7-p”) 
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where (i) r ¢~ = r~ - amin ; amin ={min(ai) | ai ¹ 0, i=0,1….,RP-1} is the minimum length of non-zero 

arrival in one slot during RP; (ii) rp~ =P{ Â = r~ }; (iii) (1-pT - rp~ )mH1+ rp~ r~ +pTmT=m ; and the other 

parameters defined as the same as in Def.1. 
 
Remark: The literature [6] present a “two-state” Bernoulli model which is too pessimistic for CB 
shaped inputs. The models of Def.1 and Def.2 refer to [10] with recasting for variable packet streams. 

In our implements, the parameters mT, pT, and rp~  are computed by Monte Carlo method. 

 
The hazard probability also can be computed by Monte Carlo simulation. In high performance 
systems, hazard event is very rare so that the variant reduction techniques must be employed to 
speedup the simulations. In fact, even in the beginning of discrete event simulation, in 1948 von 
Neumann and Ulam had applied them in neutron diffusion research. Importance Sampling (IS) we 
employed is the popular one of them. 
 

In crude Monte Carlo method, the statistic estimator is:    å
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where Xi comes from a ensemble with original distribution r  and sample size is N ; I(.) denotes the 

indicator function , which is equal to 1 when the expression inside brackets is true and to 0 otherwise. 
If the random event A is very rare, the num of samples must be large enough to reach the acceptable 
precision. On the contrary, IS approach take samples from the twisted distributions p(x) and revises 
each trial’s result by multiplying the likelihood ratio L(x)=p(x)/r(x). For CB Shaped packet 
multiplexing, the IS estimator is: 
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likelihood ratio corresponding to each “inner phase”. 
 
The key and the most difficult step in IS procedures is to find the proper twisted distributions termed 
as the “change of measure”. Because the measure can’t be expressed by analytic formulae for CB 
shaped traffic , suggested by [11], we develop an iterated adaptive learning approach. The idea is to 
feed simulation outputs into a goal-seeker that takes charge of the model parameter adjustments. 
 
Additionally we employ the quasi-Monte Carlo method for the “outer phase” sampling. 
 
 

A CASE FOR GUARANTEEING PROBABILITY COMPUTATION 
 
An example for CB shaped packet stream multiplexing is demonstrated as Table 1, and results of it 
in the hazard probabilities for various length thresholds nx=64,72,80,88,96 (every 8 unit 
corresponding to time delay 1ms in 100Mbps Ethernet) are illustrated in Figure 1. The hazard 
probabilities (definitely, in logarithm form of 1/n log(P{q(t)>nx}) ) are computed by enumeration 
(“direct”), “3-s-5-p”, “4-s-7-p” and IS simulation approaches respectively. Regarding results from 
“direct” computation as the truly values, it is shown that the stochastic bounds are conservative but 
have deviation less than one magnitude, which can be acceptable in rare  hazard estimating context. 
With a little increased overhead, “4-s-7-p” achieves tighter bound than “3-s-7-p” and is preferred to 
the latter. IS simulation results are also within acceptable deviation but with inherent underestimation. 
However, simulation may be the terminal approach to evaluate large and complicated systems. 
 

Table 1. An Example for CB Shaped 
Packet Stream Multiplexing 

 
Class MF CBD RF Num. 

1 2 4 10 6 
2 8 8 15 2 
3 16 24 25 2 
4 8 16 50 2 

 
 
 
 

MAXIMUM RATE FUNCTION FOR WORST CASE ANALYSIS 
 

The Maximum Rate Function )(sG defined as the maximum aggregated rate with respect to the time 

scale s in worst case condition provides a concise and unified traffic characteristic description 
framework for service curve based admission control and delay analysis in packet switched networks 
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[7]. The function can be deduced by the limits in positive infinity of partial derivatives of the arrival 
process CGFs with respect to θ : 

+¥®+¥® L»¶L¶=G θθ θθθθ ]/),([]/),([)( sss      (12) 

And in practice, we can get it by substituting θ  in the right side of (12) with 10~20 times value of 
the critical time scale. CGFs can also be got by empirical or measure-based methods. 
 
 

SOME DISCUSSIONS ON TELEMETERING DELAY TOLERANCE 
 
In integrated network-based data acquisition, drawback caused by fluctuations of asynchronous 
packet passing delay could be partly relieved by some engineering and theoretic approaches.  
 

1)  If packets are sent with fixed interval by source, for different usages, e.g.: (i) if the data are 
only used for off-line playback, variable communication delays don’t affect negatively 
because playback clock is independent of the real-time clock; and (ii) for on-line 
processing, destination time axis is calibrated contrasting to the source by a fixed phase. 
Predictors and extrapolators are implemented through adaptive filtering algorithms. 

 
2)  If packet passing is driven by asynchronous events, on-line delay estimators such as the 

Smith predictor have to be used for time-critical applications. Another methods are highly 
related to the phys ical purposes, that is to say one should recognize the relationship 
between the real-time and the real world. For an instance, in a robostic tele-operation [12], 
the torque and the acceleration digital signals, the product of which is power, are 
transformed into wave variables before transmission to forbid the multiplicative errors. 

 
 

CONCLUSION AND FUTURE RESEARCH 
 
On the basis of switched Ethernet with some enhanced features in IEEE 802.1p and 802.3u, we 
describe a hybrid structure mixing either synchronous or asynchronous real-time packet streams. The 
timeliness of asynchronous multiplexing is investigated by analytic and simulation-based approaches. 
Enabled by scheduling strategies and quantitative performance evaluations, switched Ethernet based 
data acquisition systems could be used in certain real-time applications, in which real-time 
asynchronous transmissions are guaranteed in statistical or the worst case conditions. 
 
Our future research on asynchronous multiplexing involves three topics: (i) extending guaranteeing 
probability computation to hierarchical switched environments, (ii) simulation-based performance 
optimization for complex configurations and (iii) delay tolerance solutions for telemetry systems.  
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Abstract 
 

The Consultative Committee for Space Data Systems (CCSDS) developed the CCSDS File Delivery 
Protocol (CFDP) to provide reliable delivery of files across space links.  Space links are typically 
intermittent, requiring flexibility on the part of CFDP.  Some aspects of that flexibility will be 
highlighted in this paper, which discusses the planned use of CFDP on the Global Precipitation 
Measurement (GPM) mission.   
 
The operational scenario for GPM involves reliable downlink of science data files at a high datarate 
(approximately 4 megabits per second) over a space link that is not only intermittent, but also one-
way most of the time.  This paper will describe how that scenario is easily handled by CFDP, despite 
the fact that reliable delivery requires a feedback loop. 
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Introduction 
 
CFDP is a protocol that provides reliable transfer of files (see references 1, 2, and 3).  It was 
designed with space missions in mind, so it provides a variety of capabilities that are needed by 
space missions (see reference 4).  CFDP is gaining acceptance within the space community.  It has 
flown in space (on the AlSat-1 mission), and has been implemented for use on the MESSENGER 
mission (see reference 5) and the Deep Impact mission.  It is planned for use on a variety of 
missions, including the Mars Reconnaissance Orbiter, James Webb Space Telescope, and Global 
Precipitation Measurement missions. 
 
The developers of the CFDP protocol attempted to provide a relatively simple protocol with the 
flexibility required to handle a variety of space missions.  Multiple independent implementations of 
CFDP were used to validate the protocol prior to its release.  The validation testing attempted to 
cover a wide variety of usage scenarios.  As the list of missions attempting to use CFDP grows, a 
greater spectrum of usage scenarios is unfolding, and the intended CFDP flexibility is being put to 
the test. 
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I have developed a CFDP software library that implements all the absolutely required aspects of the 
protocol, while allowing the library user the freedom to supply the implementation-dependent 
aspects.  The intention is that the software library will be reused across multiple projects (for both 
flight and ground software), providing the bulk of each CFDP implementation. 
 
 

A new problem 
 
The GPM mission is proposing to use CFDP in a way that was not tested during the development of 
CFDP.  They plan to downlink science data files over a link that is one-way (telemetry only) for 
most of each orbit.  During a single orbit, it may be necessary to reliably downlink several hundred 
files.  The GPM usage scenario is challenging because reliable data transfer requires a feedback 
loop, which in turn requires two-way communication.   The required data throughput rate is large 
enough that the initial transmission of each file must occur during the one-way link, leaving the two-
way link time for operation of the feedback loop.  This requires that the feedback loop mechanism 
essentially be disabled during the one-way link and enabled during the two-way link.   
 
Is CFDP flexible enough to allow this problem to be solved?  Assuming that a solution is possible, 
how much work is involved, and can that solution be implemented for GPM while preserving a 
generic and reusable CFDP software library? 
  
  

Looking for a solution 
 
Consider how CFDP typically accomplishes reliable file transfer.  Figure 1 shows the protocol data 
unit (PDU) flow for a typical file transfer transaction.  In this example, the underlying link is 2-way,  
and is almost perfect (one chunk of filedata is dropped; all other PDUs are delivered).  CFDP sends 
the entire file once, and then retransmits any missing portions based on feedback from the Receiver. 
 
 

Figure 1 – A typical transaction over a 2-way link 
 

Sender     Receiver 
                        ---------                                      ----------- 

 
Metadata    --> 
Filedata bytes 1-1000  --> 
Filedata bytes 1001-2000  --> 
… 
Filedata bytes 99001-100000 --> 
EOF    --> 

<-- Ack-EOF 
<-- Nak (41001-42000) 

Filedata bytes 41001-42000 --> 
<-- Finished 

Ack-Finished   --> 
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The following sequence occurs for each reliable file transfer: 
 

1) The Sender sends a Metadata PDU (which includes the name of the file to be sent) and sends 
the entire file once (one reasonably-sized chunk of file-data per PDU).  The Receiver stores 
the file-data chunks that it receives (each Filedata PDU identifies its offset within the file). 

2) The Sender periodically sends an EOF (end-of-file) PDU until it receives an 
acknowledgement from the Receiver.  The Receiver sends an Ack-EOF PDU in response to 
the EOF PDU.  Once the Sender receives acknowledgement for delivery of the EOF PDU, it 
becomes passive, and allows the Receiver to drive the protocol. 

3) After acknowledging the EOF PDU, the Receiver periodically requests retransmission of any 
missing Metadata/Filedata until all data is received (the Sender retransmits data when 
requested). 

4) The Receiver periodically sends a Finished PDU until it receives an acknowledgement from 
the Sender.  At this point, both the Sender and Receiver shut down. 

 
Note that steps 2, 3, and 4 each contain a feedback loop. 
 
We first considered solving the problem by adjusting the feedback loop timers so that they would not 
expire during the 1-way link.  That is, during the 1-way period the timers would be set to very large 
values, and then reset to their typical settings at the start of the 2-way period.  This solution seemed 
simple until we realized that once a timer is running in a particular transaction, changes to its 
timeout value do not take effect for that transaction until the timer expires.  In GPM’s worst -case 
scenario, there would be several hundred independent file transfer transactions, and careful 
bookkeeping would be necessary to synchronize them.  So, we kept looking. 
 
One very good solution would be to suspend each transaction at the Sender end immediately after 
step 1, and resume all the transactions at the Sender end at the start of the 2-way link.  With this 
solution, the Receiver could simply operate in the typical fashion.  This would solve the problem 
because there is no feedback loop prior to step 2.  However, CFDP does not provide a  mechanism 
for doing this.  A custom modification could be made to the CFDP software library if necessary, but 
a standard solution is preferable. 
 
Another good solution is to suspend each transaction at the Sender end immediately after sending the 
first EOF message, suspend each transaction at the Receiving end immediately after receiving the 
EOF message, and then resume all the transactions at both ends at the start of the 2-way link.  This 
effectively disables the feedback loop during the 1-way link.  Figure 2 shows this solution concept.  
The solution assumes that the CFDP user will know the current link status (1-way or 2-way) at all 
times.  We chose this solution because it is fairly simple, and can be implemented using standard 
CFDP mechanisms: Indications and Requests.   
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Figure 2 – the solution concept 
 
 During the one-way link period: 
  Transaction #1 (file #1): 
   Sender: 

Metadata, all Filedata, and EOF --> 
When EOF is sent, suspend the transaction, and 
 initiate the transfer of file #2. 

   Receiver: 
    When EOF is received, suspend the transaction at the Receiver. 
  Transaction #2 (file #2): 
   Sender: 
    Metadata, all Filedata, and EOF --> 
    When EOF is sent, suspend the transaction, and 
    initiate the transfer of file #3. 
   Receiver: 
    When EOF is received, suspend the transaction. 
  … 
  Transaction #n (file #n): 
   Sender: 
    Metadata, all Filedata, and EOF --> 
    When EOF is sent, suspend the transaction. 
   Receiver: 
    When EOF is received, suspend the transaction. 
 
 During the two-way link period: 
  Resume all transactions at the Sender and Receiver. 
  The feedback loop operates in the normal manner, causing retransmission of 
  any missing data.  This is similar to the bottom half of figure 1. 
  Note: each transaction has an independent feedback loop. 
 
 
 

CFDP Indications and Requests 
 
CFDP provides services as requested by the User.  The User is not necessarily a person; for 
example, it may be software.  CFDP defines a discrete set of Indications that it uses to keep the User 
abreast of what is happening.  For example, a Transaction-Finished Indication is issued to the User 
whenever a transaction completes.  The set of Indications includes an EOF-Sent Indication that is 
issued when the first EOF message is sent (for each transaction) and an EOF-Received Indication 
that is issued when the EOF message is received (for each transaction).  CFDP does not specify the 
actions to take in response to Indications; that is up to the User (i.e. the action taken is 
implementation-dependent). 
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CFDP also defines a discrete set of Requests that allow the User to control the protocol engine.  For 
example, a Put Request is used to initiate a file transfer.  The set of available Requests includes a 
Suspend Request (to suspend a single transaction) and a Resume Request (to resume a single 
transaction).   
 
 

Using Indications and Requests to solve the problem 
 
Figure 3 shows how CFDP Indications and Requests are used to implement the concept in Figure 2. 
 

 
Figure 3 – the solution (using Indications and Requests) 

 
 During the one-way link period: 
  Transaction #1 (file #1): 
   Sender: 
    Metadata, all Filedata, and EOF --> 
    When EOF is sent, CFDP issues an EOF-Sent Indication. 

User responds by submitting a Suspend Request (for the  
current transaction), and a Put Request (initiate the transfer 
of file #2). 

   Receiver: 
    When EOF is received, CFDP issues an EOF-Received 

Indication; User responds by submitting a Suspend Request 
(for the current transaction).    

  … 
  Transaction #n (file #n): 
   Sender: 
    Metadata, all Filedata, and EOF --> 
    When EOF is sent, CFDP issues an EOF-Sent Indication. 

User responds by submitting a Suspend Request (for the  
current transaction). 

   Receiver: 
    When EOF is received, CFDP issues an EOF-Received 

Indication to the User; the User submits a Suspend Request 
(for the current transaction).   

 
 During the two-way link period: 
  The User submits a Resume Request for each transaction at both the Sender 

and Receiver; this enables the feedback loop, and the transactions complete  
in the normal manner. 
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Solution specifics (CFDP software library and GPM user code) 
 
GPM uses one CFDP task onboard and one CFDP task in their ground system.  Each CFDP task 
consists of the generic CFDP software library plus GPM-specific (user) code.  The CFDP software 
library source code is the same for both flight and ground tasks.  The user code is not. 
 
The CFDP software library defines a callback routine interface for handling Indications.  GPM 
software developers wrote a routine that responds to each Indication as they desire (e.g. as shown in 
figure 3), and registered it as the callback routine.   
 
The CFDP software library defines a callback routine for outputting a PDU.  GPM software 
developers wrote (and registered) their own callback routine for PDU output. 
 
The CFDP software library provides an enhanced Resume Request that allows all transactions to be 
resumed with a single request.  This enhancement was put in specifically for GPM, but does no harm 
(and may prove useful for other missions). 
 
For GPM, science data files are placed into directories onboard as they are generated (this is outside 
of the CFDP application).  A “hot-directory” mechanism automatically feeds files to CFDP as they 
appear in these directories; a priority-based scheme is used.  The current plan includes the capability 
to enable or disable the hot-directory mechanism as desired.  The current thinking is that we may 
want to disable new transactions at the beginning of the 2-way link (until the existing transactions 
complete). 
 
The solution requires buffering of outgoing Ack-EOF and Nak PDUs at the receiver during the 1-
way link.  This buffering is necessary because the CFDP protocol engine “sends” the Ack-EOF and 
(if any data is missing) a Nak immediately after receiving the EOF PDU (just prior to issuing the 
EOF-Received Indication).  This buffering is accomplished within the PDU-Output callback routine 
that is part of the GPM user code. 
 
Finally, a mechanism was added to the user code to accept Link Status directives.  These directives 
are issued (from outside of the CFDP task) at the transitions between 1-way and 2-way links.  This 
allows the callback routines to operate properly (for example, the Receiver buffers outgoing PDUs if 
the Link Status is “one-way link; input only”). 
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Conclusions 

 
CFDP handled this problem well; the solution uses standard CFDP mechanisms.  This was 
possible because the protocol allows the user to suspend and resume transactions, and also provides 
feedback to the user (specifically, Indications) without specifying the response to be taken.   
 
The CFDP software library also handled this problem well; the solution preserves the generic and 
reusable nature of the software library (all customization required for the solution is in user code).  
This was possible because the library interface was designed for maximum flexibility.  In particular, 
the flexibility provided by the CFDP protocol was passed on to the library user.  For example, the 
user response to CFDP Indications is handled by callback routines, as is the output of PDUs.  As 
another example, callback routines are defined for all file access, allowing a library user to 
customize their Virtual Filestore (for example, to make a solid-state recorder appear to be a 
filesystem).  The file access callback routine interfaces match those provided with the C compiler 
(e.g. fopen, fread, fwrite), and by default, the file access callback routines point to the standard 
routines (e.g. the fopen callback routine points to ‘fopen’).  The typical library user can simply 
accept the default file access built into the library, while a user with a special situation can easily 
customize file access within their implementation of CFDP. 
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ABSTRACT 
 
The MESSENGER mission to Mercury will downlink data files via a protocol defined by the 
Consultative Committee for Space Data Systems (CCSDS) called the CCSDS File Delivery Protocol 
(CFDP).  A reduced implementation of the protocol was developed for the spacecraft due to various 
system constraints and operational requirements.  The software operates in conjunction with the 
playback features of the MESSENGER flight software allowing for the autonomous downlinking of 
files as well as providing for the management of the file system by the mission operations team.  
This paper presents the software implementation, metrics, and the lessons learned. 
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INTRODUCTION 
 
MErcury, Surface, Space ENvironment, GEochemistry, and Ranging (MESSENGER) is a NASA 
Discovery mission to study the planet Mercury.  MESSENGER was launched on August 3, 2004, 
and will include one flyby of Earth, two flybys of Venus, and three flybys of Mercury, followed by 
Mercury orbit insertion in March 2011 for a one-year science-gathering mission.  Through all phases 
of the mission, MESSENGER will collect data from seven instruments on key characteristics of the 
planet to further understand Mercury and the formation of the inner solar system [1]. As part of the 
system software developed by The Johns Hopkins University Applied Physics Laboratory 
(JHU/APL), MESSENGER will reliably downlink files of instrument and spacecraft housekeeping 
data via a protocol defined by the Consultative Committee for Space Data Systems (CCSDS) called 
the CCSDS File Delivery Protocol (CFDP) [2].   
 



A typical spacecraft computer for a science mission at JHU/APL consists of one or more 
microprocessors performing various operations for commanding and controlling the spacecraft along 
with a device for storing mission data.  Examples of such systems are shown in Table 1, which 
provides an overview of past JHU/APL Command & Data Handling (C&DH) subsystems and the 
amount of storage available on their Solid State Recorders (SSRs).   These SSRs consist of static 
random access memory (SRAM) or other types of volatile or nonvolatile memory to store science 
and spacecraft housekeeping data.  

 
Table 1: Command and Data Handling Spacecraft Computers for JHU/APL Missions 

 
Mission  CPU Speed 

(MHz) 
SSR 

(Gbits) 
NEAR (1996) RTX2010 6 1 & .5 
ACE (1997) RTX2010 6 1 
TIMED (2001) Mongoose 12 2.5 
CONTOUR (2002) Mongoose 12 5 
MESSENGER (2004)1 RAD6000 25 8 

                                                       1Processor performs both C&DH and G&C 
 
 
In JHU/APL missions prior to MESSENGER, the SSR was treated as a raw device on which data 
were serially stored and then retrieved for transmissions to the ground.  For example, for 
CONTOUR, all instrument data were formatted into CCSDS telemetry packets of one particular size 
and placed on the recorder.  Upon playback, pointers were set to indicate from where on the SSR to 
begin reading and to end reading.  The packets were then inserted four at a time into CCSDS transfer 
frames and telemetered to the ground.  Upon receipt of the data, ground software reassembled the 
data, at which time it was determined whether data needed to be resent.  With the MESSENGER 
mission, operational and system requirements are such that an alternate storage method using an on-
board file system is necessary. This is due to two primary factors [3]. 
 
The first factor is that MESSENGER has severe constraints on its downlink capability as a result of 
the available downlink rates, the amount of downlink time, and the long round-trip light time.  As 
such, information stored on the spacecraft needs to be prioritized by importance with some data, 
such as contingency engineering telemetry and even some science results, not being downlinked in 
the event the bandwidth is not available.  In order to accomplish this using a raw device, a complex 
and proprietary partitioning system would have been required to allow the flight software or the 
mission operations team to select what data should be telemetered.  With a file system, this process 
is simplified as the data can be stored by priority and only those high priority data that fit within the 
bandwidth constraints will be transmitted.  The file system also provides simplified management of 
this information by deleting lower priority data which are no longer needed, thus allowing for space 
to be made available on the SSR. 
 
The second factor is that most of the science data to be stored on the SSR are from the Mercury Dual 
Imaging System (MDIS).  These are images taken by the instrument that the flight software may 
compress and then downlink as individual files.  Again, a file system reduces the complexity by 
providing the ability to delineate individual variable length images and to also allow for prototyping 
of the image compression software on a desktop computer. 



 
Besides enabling the ability to achieve mission requirements, the shift to a file system also allows 
operations personnel to clearly see what data is available on the flight system as well as providing a 
streamlined method for comparing what has been downlinked.  With this new addition to the 
standard JHU/APL spacecraft software architecture, a method needed to be developed to downlink 
the files to the ground.  This led to the inclusion of CFDP into the MESSENGER software 
architecture. 
 
 

THE CCSDS FILE DELIVERY PROTOCOL 
 
As part of the system engineering process, the needs for MESSENGER’s file downlinking ability 
were examined to determine what would be expected from a file transfer protocol.  Various 
requirements were determined such as the need to autonomously find errors in the downlinked data 
as well as the need to handle a round-trip light time of several minutes.  Included in this review of 
methodologies was CFDP.  However, upon the initial evaluation, the use of CFDP was rejected by 
the mission software engineers as it was determined to be still in its infancy and thus too risky to 
include on MESSENGER.  Work was then performed by team members to develop a protocol to 
meet the mission needs.  As this work developed and through interaction with members of other 
mission teams, a second look was given to CFDP.  As it was readily apparent that the direction being 
taken by the “in-house” protocol was beginning to match in many ways with the now solidifying 
CFDP standard, the protocol was adopted for use on MESSENGER. 
 
At its core, CFDP can be described as a File Transfer Protocol (FTP)-like mechanism for 
transferring files between two entities.  However, unlike typical Internet file transfers from one place 
on the globe to another, this protocol enables transfer of files across interplanetary distances.  It is 
specifically engineered for spacecraft operating outside of Earth orbit with long link delays > 10 
seconds and asymmetric bandwidth.  CFDP can be configured to transfer files from the ground to the 
spacecraft and from the spacecraft to the ground, as well as among configurations of a network of 
platforms such as a spacecraft constellation or a series of planetary landers.  CFDP also enables the 
control of a distant filestore through the use of typical file operation commands such as delete, move, 
and copy. 
 
Although a full description of the protocol is beyond the scope of this paper, it is useful to observe 
an example file transfer as outlined in Figure 1.  This typical transaction has two CFDP entities:  (1) 
a spacecraft and (2) a ground system.  The file being transferred in this diagram is from the 
spacecraft to the ground with the transaction being initiated either remotely by the ground or locally 
by the spacecraft flight software.  The lines between the two entities represent transfers of CFDP 
Protocol Data Units (PDUs) from MESSENGER to the Mission Control Center (MOC).   PDUs can 
range from information about the file being transferred to actual pieces of the file itself.  The 
diagram shows what occurs during nominal transmissions as well as anomalous operation, typically 
due to lost data.  In this example, a method of negative acknowledgement (NAK) called Deferred 
NAKs is used.  This means the ground will wait until the flight software has completed sending all 
pieces of the file before transmitting to the spacecraft what pieces were not received.  Other NAK 
methods are available in CFDP as well as an Unacknowledged Mode where no NAKs are sent. 
 



 
 

MESSENGER MOC

1. Metadata Information (Trans ID, #Segs, etc.)

2. Data PDUs… 

5.  Missing PDUs, including Metadata (NAKs)

3. EOF PDU

4. EOF Received PDU (ACK)

6. File Finished PDU (FIN)
Only sent after file successfully assembled

5a. Retransmissions (if any)

7. FIN Acknowledgement CLOSED on ground

CLOSED on SC

OPENED on SC

OPENED on ground

 
Figure 1:  CFDP Transaction Example 

 
 
The first step in the transmission of the file is the creation of a Metadata PDU by the flight software.  
This PDU contains information such as the file name and file size.  Also included is CFDP 
housekeeping information such as the unique transaction ID for this file.   This value is used to 
distinguish the various ongoing transactions from one another.  Next, the file is segmented into File 
Data Units (FDUs) and transmitted to the ground.  The receiving software then reassembles the file 
as these are stored.  Once the file has been completely transmitted, an End of File (EOF) PDU is sent 
to the ground indicating that all data have been sent.  Upon receipt of this information, the receiving 
entity acknowledges its receipt by sending an EOF Acknowledgement (ACK) and then determines if 
any pieces of the file are missing.  If so, the ground sends a NAK to the spacecraft listing what 
segments of the file need to be resent.  The flight software then retransmits these pieces of the file to 
the ground.  Once the ground has determined the file to have been completely received, it notifies 
the flight software of this state through the transmission of a Finished Indicator (FIN).   The flight 
software responds with a FIN ACK and then considers the transmission complete. 
 
Also defined in the CFDP protocol are timers to ensure that the receiving or sending entities do not 
wait forever for data that may have been lost.  In this example, there are four timers.  Both the 
ground and the flight software have overall transaction timers in which the transmission of the file 
must complete.  The flight software also has a timer that starts after transmission of the EOF.  If an 
EOF ACK is not received before the timer runs out, the EOF is retransmitted with the number of 
retransmissions is configurable.  On the ground side, there is a similar timer for the NAKs as well as 
the FIN.  If the requested NAK data are not received or a FIN ACK is not seen, the NAK or the FIN 
is resent. 
 
 



MESSENGER FILE SYSTEM STORAGE 
 

Files on MESSENGER consist of spacecraft housekeeping and science data.   The flight software 
allows for the routing of all telemetry packets into files.  It is in this way that housekeeping data and 
science telemetry packets are stored.  The other types of files are images from the MDIS instrument.  
These are stored via a Direct Memory Access (DMA) transfer between an interface card and the 
SSR. 
 
When a file is completed and ready for downlinking, it is placed in one of ten priority directories.  
These are shown in Figure 2.  Operations personnel have the option of downlinking these files 
individually by command or by using MESSENGER’s autonomous playback capability.  This 
process involves the flight software periodically scanning these directories and determining if a file 
is available.   If so, it starts the CFDP process by initiating a transaction to downlink the file. 

 /DNL Prioritized Sub-directories  
/ P0 - Critical OpNavs
/ P1 - Hskpg Snapshot & Promoted Files
/ P2 - High Priority Operational Files
/ P3 - High Priority Science, Health & Safety Files
/ P4 - Orbit Maintenance/Reconstruction OpNavs
/ P5 - Prime Science Files (Medium Priority Science)
/ P6 - Bonus Science Files (Low Priority Science)
/ P7 - Instrument Burst & Contingency Files
/ P8 - Autonomy Spawned Engineering Files
/ P9 - Engineering Contingency Files

Next 
Track 

Some Future Track 

Data 
Recovery 
Unlikely 

 
Figure 2:  MESSENGER Directory Structure 

 
 

CFDP ON MESSENGER 
 

The first step in defining the use of CFDP on MESSENGER was to determine what aspects of the 
protocol were needed.  The CFDP protocol is highly configurable depending upon mission needs, 
and selections such as the Deferred NAK mode were selected as a result.   Also for MESSENGER, 
files are transferred only from the spacecraft to the ground, as heritage code is used for sending data 
to the spacecraft. 
 
The initial approach for software on the flight side was to use an implementation provided by the 
NASA Jet Propulsion Laboratory (NASA/JPL).  This implementation has many benefits including 
that the same code runs on both the flight and ground systems (evidenced by its incorporation into 
the MESSENGER ground system [4]), it is highly configurable, and it includes the full CFDP 
implementation.   It also provides a test environment for linking entities operating on various 
platforms through the User Datagram Protocol (UDP), thus permitting early testing before the 
underlying CFDP communication layer is developed.  Various tests were performed on this system, 
and it was found to function well on both the flight and ground hardware.  However, MESSENGER 



has only 8 Megabytes of RAM and 4 Megabytes of EEPROM for storing the flight image and a 
processor running at 25 MHz that must perform not only C&DH but Guidance and Control (G&C) 
as well as image compression.  It was decided that in order to ensure the meeting of these tight 
margins, the CFDP code needed to be completely under the control of JHU/APL developers with a 
design created with these constraints in mind.  A home-grown version of the CFDP protocol was 
thus designed and implemented. 
  
This “CFDP-lite” version of the protocol implements only the aspects of CFDP that will be used on 
MESSENGER.  For instance, as stated earlier, files are to be sent only from the spacecraft to the 
ground, so no capability to rebuild files on the flight side were implemented.  Also, memory usage 
was kept to a minimum by limiting file information stored onboard for each transaction.  Developing 
the code in-house also allows for a tighter coupling with the playback capability of MESSENGER.  
File system operations were placed outside of the protocol, which again added to simplifying the 
flight code [5]. 
 
 

RESULTS AND OBSERVATIONS 
 

Initial results of the flight CFDP implementation have been developed through the build testing of 
the software.  These results indicate that the implementation will meet the mission memory needs 
with a 66-kilobyte code footprint and 33 kilobytes of RAM memory usage.  A study of the 
throughput was also performed to examine the maximum rate of PDU downlinking.  It was also 
determined that although compatible with future JHU/APL missions, a more generic design would 
have allowed for easier reuse among organizations. 
 
Once it was determined that full functionality was met, the focus on the evaluation of the CFDP 
implementation turned to throughput. The flight computer was loaded with approximately 100 105-
kilobyte image files which were then downlinked.  Processor loading was approximately 55%.  A 
timer was set as each transfer frame was starting to be built and stopped when it was ready to be 
downlinked.  These times to create a transfer frame ranged from < 1 millisecond to 256 milliseconds, 
with most transfer frames built between 1 and 2 milliseconds.  With each transfer frame being 8920 
bits, the "average" theoretical throughput would be between 8.9 Mbps and 4.5 Mbps.  Although 
useful for evaluation purposes, it’s important to remember this test doesn't cover how long it takes to 
write the transfer frame into the downlink buffer (although not a great amount of time), nor does it 
account for all the transfer frames that took much longer than 1 to 2 milliseconds to be built. 
 
Further study was made on the transfer frames that fell outside of the 1 to 2 millisecond range.  
Initial observations indicated that some of the larger creation times were due to impacts from high-
priority tasks.  A second test was run with the playback task running at a higher priority.  This 
greatly diminished the number of timing overruns, but some still remained.  More analysis indicated 
these were due to both the opening and closing of files as well as filling transfer frames with 
multiple PDUs.  The majority of transfer frames contain parts of two FDUs.  However, at the end of 
a file, there may not be enough data to fill the bulk of a frame.  At this time, the current file is closed 
and a new file is started.  Thus that transfer frame could potentially consist of a partial FDU, a 
complete FDU, an EOF, a Metadata PDU, and a partial FDU from the next file.  As a result, four 
calls are made to the CFDP library to retrieve a PDU for that transfer frame where it is on average 



just one, and two of those calls are high-overhead file system calls involving the opening and closing 
of files.  A lesson learned from this is that it would be advantageous to queue the transfer frames, 
although that leads to questions about when to start the various timers. 
 
A final observation is this implementation of CFDP is not very portable as it is tightly coupled with 
the playback task.  From the standpoint of JHU/APL, this is acceptable since missions use similar 
architectures and this would be adaptable to future spacecraft.  However, it was evident that the 
design could have been improved when a request from outside JHU/APL was made to share this 
implementation.  Unlike the NASA/JPL implementation which was readily available for use outside 
NASA/JPL, another layer would need to be added to allow this to happen with the JHU/APL 
implementation.  Much has been learned about the protocol since the initial design that would have 
enabled a more adaptable version. 
 
 

SUMMARY 
 
Due to mission and operational requirements, the MESSENGER mission brought a change to the 
standard method of storing science and housekeeping data on JHU/APL spacecraft.  Unlike past 
missions where a raw storage model was used, MESSENGER will be using a file system.  This new 
technology insertion presented an issue on how to downlink efficiently the data stored in these files.  
It was found that CFDP would meet these needs, and through the reuse of a NASA/JPL 
implementation on the ground and a JHU/APL “CFDP-lite” implementation on the flight side, this 
protocol was included in the MESSENGER software architecture. 
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ABSTRACT 

The CCSDS has developed the “CCSDS File Delivery Protocol” (CFDP), as a disruption/delay 
tolerant file transfer protocol. CFDP allows an automatic, reliable file transfer between spacecraft 
and ground (in both directions) designed to support the operation of spacecraft by means of file 
transfer and remote file system management. 

To support the development and fielding of the protocol in an international and cross-supporting 
environment, an international, inter-operability test program has been developed and successfully 
executed. First phase testing involved five independent implementations of the Core Procedures of 
the protocol. The second phase tests involve multi-hop transferring of files using the Extended 
Procedures. The third phase involves the testing of the SFO Procedures. The latter two phases 
involved two independent protocol implementations, namely, those of ESA and JPL. This paper 
constitutes a final report on the process of testing, the test results, the experience gained, and the 
resulting plans to extend this methodology to other areas within the CCSDS. 
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CCSDS FILE DELIVERY PROTOCOL 

The CFDP enables the moving of a file from one filestore to another, where the two filestores are in 
general resident in separate data systems and usually with an intervening space link. In addition to 
the purely file delivery-related functions, the protocol also includes file management services to 
allow control over the storage medium. It is a delay tolerant protocol whose store and forward model 
of relay is much like e-mail that conveys files as attachments. The protocol as currently designed 
contains its own reliability mechanisms and does not assume an underlying retransmission 
capability. 

 In its simplest form, the CFDP provides a Core file delivery capability operating point-to-point 
across a single link. For more complex mission scenarios, the protocol offers Extended operation, 
providing an end-to-end store-and-forward functionality across an arbitrary network, containing 
multiple links with disparate availability, as well as subnetworks with heterogeneous protocols. As 
an alternative to the Extended Procedures, the Store-and-Forward Overlay (SFO) Procedures may 
be used. The SFO Procedures operate at the Application layer and utilize only the Core Procedures 
and do not require the Extended Procedures. 

When using it’s Extended Procedures or SFO, CFDP includes a type of “custodial transfer” of a file. 
A sender can transmit a file to an intermediate receiver over a single link and, upon receipt of the 
entire file, that receiver can notify the sender that it will take care of any successive forward 
transmission to another intermediate receiver or to the final destination. This allows the sender to 
release local processing and storage resources and to deploy them on new data acquisition – a very 
important feature for transmission of data to or from nodes with limited resources in networks with 
long signal propagation delays.  

Another key aspect of CFDP is the deferred transmission mechanism, which can insulate user 
applications from the state of the communication system: an instrument can record an observation in 
a file and “transmit” it (that is, submit it to CFDP for transmission) to Earth immediately without 
considering whether or not physical transmission is currently possible. Knowledge of the space link 
availability is thus allocated to CFDP. Sequestering outbound data management and transmission-
planning functions within CFDP can greatly simplify flight and ground software and thereby reduce 
mission costs. 

The large signal propagation delays that characterize interplanetary transmission limit the usefulness 
and efficiency of the end to end retransmission strategies commonly used in terrestrial protocols 
(especially those using sliding-windows). For this reason, CFDP employs a customizable selective 
retransmission model (deferred or incremental). Data PDUs for multiple files are transmitted as 



rapidly as possible, one after another, without waiting for acknowledgment, and requests for 
retransmission of missing file segments are handled asynchronously as they are received. As a result, 
the amount of time required to transfer a file is reduced, as is the traffic on the return link. 

The CFDP is tailored to the needs of space faring vehicles. Although highly scalable, it is fairly 
complex if used in its fullest configuration, and is probably not of great interest outside of the space 
oriented community.  

CFDP is an example of a delay/disruption tolerant protocol. The current development of the Delay 
Tolerant Network (DTN) architecture and its Bundling protocol has leveraged lessons learned in the 
devlopment of CFDP. CFDP also has the potential of operating well over the Bundling protocol (that 
is, utilizing Bundling as its underlying communication service), thus extending its useful life and 
perhaps broadening its community of interest. The experience gained with it in the development 
particularly of custody transfer procedures has been very valuable. 
 

CFDP INTEROPERABILITY TESTING PROGRAM 

The CFDP interoperability testing program is intended to be a part of a progressive set of tests, 
proceeding from initial internal software development testing to mission specific testing appropriate 
for the intended use of the implementations. An example of such a progression of tests is shown in 
Figure 1. 
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Figure 1: Testing Progression 



The tests in the interoperability testing are not totally comprehensive and are not Conformance 
Tests. However they do thoroughly exercise the procedures and options of the CFDP and provide a 
high level of confidence in interoperability for follow-on testing specifically oriented toward the 
planned application. 

Testing aids available to implementers include the document CCSDS File Delivery Protocol (CFDP) 
- Notebook Of Common Inter-Agency Tests, the document CCSDS File Delivery Protocol (CFDP) - 
Notebook Of Common Inter-Agency Tests For Extended Procedures, and the document CCSDS File 
Delivery Protocol (CFDP) - Notebook Of Common Inter-Agency Tests For Store And Forward 
Overlay (SFO), In addition, a Conformance Tester and associated tests scripts has been contributed 
by NASDA/NEC, and testing software, called a "Relay Module", was contributed by ESA/ESTEC. 
The latter is a general purpose CFDP testing item that is especially useful in executing the tests 
through its ability to create many different types of specific error conditions on the intermediate 
links. These items are all available on the Internet to interested parties, as are CFDP reference 
implementations by ESA and JPL. 

The CFDP Inter-Agency interoperability testing program had four distinct purposes. These were: 

• to verify the correctness of the protocol specification by creating multiple implementations 
according to that specification and thoroughly testing those implementations; 

• to provide measurements of the resources required by the protocol from its hosting system, 
including the size of the software implementations; 

• to demonstrate the interoperability of independent implementations by inter-implementation 
testing, and 

• to make available the tested implementations as reference implementations for the use of 
projects and programs which wish to use the CFDP. 

 

CORE PROCEDURES TESTING 

A preliminary report on the results of testing of the Core Procedures was presented at ITC 2003 
(Interoperability Testing Of The CCSDS File Delivery Protocol), and therefore only a summary will 
be given here. The interoperability testing program began with face-to-face workshops and over time 
developed into a worldwide distributed configuration utilizing the Internet. The first Workshop was 
held in May, 2000, at the Applied Physics Laboratory (APL) of the Johns Hopkins University, and 
was so productive that it resulted in two more face-to-face workshops, held at DERA, Farnborough, 
UK, in November 2000, and then at JPL, Pasadena, USA, in May, 2001. Although the face-to-face 
workshops were very beneficial, they were expensive because of the travel involved and the host 
resources required. These were strong motives for developing an arrangement in which the various 
implementers could test with one another while remaining at their home sites. The Internet was the 
obvious technology to use to create such a distributed testing capability. It is free, available 24 hours 
per day, 365 days per year, provides almost unlimited connectivity (i.e., no limit on number of 
parties involved in tests), and all of the implementers were already connected.  



Following the Pasadena Workshop the testing configuration for the Core Procedures migrated to 
what has become a worldwide Distributed Inter-Agency Testbed, operating over the Internet. The 
resulting configuration is shown Figure 2. It is especially interesting that the implementers are 
distributed in a truly worldwide manner, from the Netherlands to the United Kingdom to the east 
coast of the U.S. to the west coast of the U.S. to Japan, and back to the Netherlands. 

 

Figure 2: Core Procedures Distributed Testbed 

As the culmination of the testing of the CFDP Core Procedures, a series of proctored tests were held 
as a “Final Exam Week” before requesting that the CFDP go from Red (draft) to Blue (final) status. 
In most (but not all) cases the proctor was not one of the implementers, and was located separately 
from the implementers. Fifteen Test Sessions of approximately four hours each were held with 
implementers and a proctor. Four hundred ninety tests were conducted, of which four hundred sixty 
two were successful. Of the unsuccessful tests, areas of the specification which were subject to 
different interpretations were found (and corrected), but no true errors in the protocol. While all of 
the tests were functional, four successful tests simulated an inter-entity range of 2.7 million miles 
(mission configuration tests). 

 
EXTENDED PROCEDURES TESTING 

The interoperability testing approach was so successful with the CFDP Core Procedures that it was 
determined to extend such testing to the Extended Procedures and to the Store and Forward Overlay 
Procedures. These tests will be conducted during the summer and fall of 2004, and the test results 
will be included in an updated version of this paper. The updated version will be made available 
from the authors at ITC 2004, and also on the Internet. 

The tests which constitute the test series are shown in Table 1. It should be noted that the full test 
series consists of a multiple of those shown in the matrix, as many tests must be executed repeatedly 
as implementations are moved from one location to another in the end to end string. The full Test 
Series for the Extended Procedures are documented in the CFDP Notebook Of Common Inter-
Agency Tests for Extended Procedures as Test Series F6 through F9, a continuation of the 



numbering of the tests for the Core Procedures described in CCSDS File Delivery Protocol (CFDP) Notebook Of Common Inter-
Agency Tests. (It is necessary that those Core Procedure tests be performed on the entities before attempting the Extended Procedure 
tests.) 

There are two independent implementations of the Extended Procedures, those by ESA/ESTEC and NASA/JPL. For demonstration 
purposes, although not necessarily as a part of the interoperability tests themselves, it is planned to have versions of the JPL 
implementation operating under Linux and Apple Macintosh OS X operating systems, on platforms at least including PCs, Macintosh, 
and a Power Computing PowerTower. 

The physical configuration of testing participants will include the ESA/ESTEC at Noordwijk, Netherlands and NASA/JPL at 
Pasadena, CA, USA. 

Table 1: Extended Procedures Test Matrix 
  Start-up         Transmission 

Errors   Cancellation   Error 
Conditions                 Simultaneous 

Transactions   Forwarding 
Mode   

CFDP Extended 
Procedures 
Interroperabillity 
Tests 

 
One-way 

(Unreliable) 
One-way 

(Unreliable) 
Two-way 
(Reliable) 

Two-way 
(Reliable) 

Msg to 
User 

Duplicate 
Data 

Out of 
Order 
Data 

Cancel Cancel Metadata 
PDU loss 

EOF 
PDU 
loss 

ACK 
(Finished) 
PDU loss 

ACK 
(EOF) 
PDU 
loss 

Finished 
PDU 
loss 

Extreme 
data 
loss 

ACK 
Limit 

NAK 
Limit 

Inactivity 
limit Clean 

with 
data 

losses 

Incr. and 
Immed. 

Upon 
Custoday 

  
Test 

Number 
Test 

Number 
Test 

Number 
Test 

Number 
Test 

Number Test Number Test 
Number Test Number Test 

Number 
Test 

Number 
Test 

Number 
Test 

Number 
Test 

Number 
Test 

Number 
Test 

Number 
Test 

Number 
Test 

Number 
Test 

Number Test Number Test 
Number 

Test 
Number 

Test 
Number 

  1 2 3 4 5 6 7 8 9 10 11 12 13 14 15 16 17 18 19 20 21 22 

Connectivity 
Verifification                               

Transmission mode                               

Unacknowledged  x x       x                   

Acknowledged     x x x x x   x x x x x x x x x x x x x x 

Single File Data 
PDU  x  x  x                        

Multiple File Data 
PDUs    x  x  x x x x x x x x x x x x x x x x x 

Data Loss  0 0 0 ~1% 0 0 0 0 0 0 0 0 0 0 ~99% ~5% ~5% ~50% 0 ~5% 0 0 

User Message          x                        

                              

Data PDU errors                              

Duplicate Data       x                      

Out of Order Data         x                     

                             

Transaction 
Cancellation                             

Cancel Function         x                   

Cancel Function            x                  

                            

Error Conditions                            



Metadata PDU lost           x                

EOF PDU lost             x               

ACK (Finished) 
PDU lost              x              

ACK (EOF) PDU 
lost               x             

Fini8shed PDU lost                x            

Gross data loss                 x           

Ack Limit Reached 
error                  x          

NAK Limit 
Reached error                   x         

Inactivity Timer 
limit reached                           x        

                           

Simultaneous 
Transactions                           

Multiple Open 
Transactions                    x      

Multiple Open 
Transactions                      x     

                          

Forwarding 
Modes                          

Incremental and 
Immediate                      x   

In Total Upon 
Custody 
Acquisition 

                       x 

 

 

 

 

 



STORE AND FORWARD OVERLAY TESTING 

As with the Extended Procedures, there are two independent implementations of the SFO, those by 
ESA/ESTEC and NASA/JPL. 

The tests which constitute the test series are shown in Table 2. It should be noted that the full test 
series consists of a multiple of those shown in the matrix, as many tests must be executed repeatedly 
as implementations are moved from one location to another in the end to end string. The full test 
plan for the SFO is contained in CCSDS File Delivery Protocol (CFDP) - Notebook Of Common 
Inter-Agency Tests For Store And Forward Overlay (SFO). (It is necessary that the Core Procedure 
tests be performed on the entities before attempting the SFO tests.) 

The physical configuration of testing participants will include the ESA/ESTEC at Noordwijk, 
Netherlands and NASA/JPL at Pasadena, CA, USA. 

Table 2: SFO Test Matrix 

  Start-up   Trace         Msg 
Types         

SFO 
Interroperabillity 
Tests 

 One-way 
(Unreliable) 

Two-way 
(Reliable) 

Trace 
to 
original 
source 

Trace to 
final 
destination 

Trace 
to both 

Trace 
to both 

No 
trace, 
report 
failure 

Msg to 
user 

Flow 
Label 

Fault 
Handler 

Overrride 

Filestore 
request 

and 
response 

Segmentation 
control 

Things to be 
tested 

field 
value 

Test 
Number 

Test 
Number 

Test 
Number 

Test 
Number 

Test 
Number 

Test 
Number 

Test 
Number 

Test 
Number 

Test 
Number 

Test 
Number 

Test 
Number 

Test Number 

  1 2 3 4 5 6 7 8 9 10 11 12 

SFO Msg Types                    

SFO Request 40 x x x x x x x x x x x x 

SFO Message to 
User 41            x      

SFO Flow Label 42              x     

SFO Fault Handler 
Override 43               x    

SFO Filestore 
Request 44                x   

SFO Report 45     x x x x x x x x x x 

SFO Filestore 
Response 46                     x   

              

Options                          

Trace  control flag                    

No trace 0 x x      x        

Trace toward 
source only 1     x             

Trace toward 
destination only 2       x            

Trace in both 
directions 3        x x   x x x x x 

                    

Transmission mode                    



Acknowledged 0   x x x x x x x x x x x 

Unacknowledged 1 x                 

                    

Segmentation 
control                    

Record boundaries 
respected 0                 x 

Record boundaries 
not respected 1 x x x x x x x x x x x   

              

Reports to 
Original Source                          

Relay transaction 
success      x  x    x x  x x 

Relay transaction 
failure            x x     x     

              

Reports to Final 
Destination                          

Relay transaction 
success        x x    x x  x x 

Relay transaction 
failure            x x     x     

              

Error Conditions                          

Max number of 
Waypoints 
exceeded 

          x        

Final delivery from 
agent to final 
destination fails 

         x          

                          

              

Transaction to 
succeed/fail  succeed succeed succeed succeed succeed fail fail succeed succeed fail succeed succeed 

 

LESSONS LEARNED 

It became evident at the very beginning of the test program that cross-testing independent 
implementations made from the same specification had great value as a verification of the 
documents defining the protocol. Many occurrences of wording which was technically correct but 
subject to differing interpretations were found and corrected. This is always an issue in technical 
definition documents, but is especially important in documents intended for international use, and 
where independent implementations of the protocol are to be expected. 

Second, many instances of errors in implementation were found which had not been detected by 
“self testing”; that is, testing an implementation against another instance of itself. These errors were 
usually due to systematic errors which were self-canceling. 



Within the test program itself, it was an early and major lesson that detailed, agreed upon test plans 
were a necessity. Without them testing, especially in the early phases, tended to wander about rather 
erratically as implementers did individual software debugging. The testing Notebooks provided a 
common structure and direction, and allowed re-synchronizing the participants to be achieved 
reasonably easily. It was also clear that face-to-face testing is very desirable for the first two or 
perhaps three testing workshops. These tend to be centered around software debugging of the 
individual implementations, and the co-location of the participants encourages mutual assistance in 
that process and also provides very beneficial mutual confidence building. Finally, it was clear that 
once past these initial two or three workshops, distributed testing via the Internet is perfectly feasible 
and effective, and offers many advantages among which are greatly lowered resource requirements 
and very flexible scheduling. 

The benefits of inter-implementation interoperability testing were so evident in the CFDP 
development that the concept is being expanded in CCSDS with the Proximity-1 protocol being the 
next target for such testing, and for the approach to be used in the development of the new Bundling 
protocol. 
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ABSTRACT 
 
This paper describes a system of Total Border Surveillance, which is cost effective, closes existing 
gaps and is less manpower intensive than the current techniques. The system utilizes a fleet of 
commercially available aircraft converted to unmanned capability, existing GPS and surveillance 
systems and autonomous ground stations to provide the desired coverage. 
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Fredrick Herold & Associates, Inc (FH&A) has developed and patented a retrodirective feature into 
a phased array, which, while using no moving parts or software, can instantly develop and form a 
beam on, as well as display pointing information from a beacon or a received source. FLIR Systems 
possesses the technology for detection of vehicles, people or surface vessels using various active and 
passive technologies. Both FLIR and FH&A have vast experience in data transfer technologies and 
ground station implementation. These two companies, in conjunction with Liberty Aircraft, have 
formulated the following plan for a low cost, high yield method of providing constant surveillance of 
all border areas of the United States or any other designated area. 
 
Basically, the method utilizes a string of Unmanned Aerial Vehicles (UAVs) and a complementary 
series of unmanned Autonomous Ground Stations.  
 
The example shown is for the East coast of the United States, but can be applied to all borders and to 
any area where sensor technology is desired. 
 
A dedicated fleet of UAVs along with two or more maintenance and refueling crews would be 
assigned to the example aircraft fleet. A string of Autonomous Ground Stations would be 
constructed and spaced at approximately one hundred mile intervals. These stations and the 
unmanned aircraft would use the retrodirective technology mentioned earlier. Each of the UAVs 
would be equipped with the appropriate sensors for the mission(s) to be accomplished. Note, that 
multiple missions can be supported simultaneously; i.e., TV cameras installed for search and rescue 
missions or visual detection of intruders, along with the anti-submarine detection devices, such as 
magnetometers and advanced infrared detection for surface vehicles. 
 



  

Assuming a one hundred knot cruise speed for the UAVs, they would be launched from Bangor, 
Maine and programmed to fly at a predetermined distance from the U.S. coast. The UAVs would 
have a retrodirective array embedded in the structure of the airframe, which would permit two-way 
communication with the autonomous ground stations. The aircraft would use either a Code Division 
Multiple Access (CDMA) System or a frequency separation for non-ambiguous identification and 
would be launched at half hour intervals giving (no wind) a fifty nautical mile (NM) separation. This 
would insure virtually uninterrupted coverage of the entire coastline. The UAVs would be landed at 
Key West, Florida and possibly an intermediate location such as Charleston South Carolina, to be 
refueled and serviced, then sent back to Bangor, Maine at time intervals that would increase the 
coverage of the coastline. 
 
The Autonomous Ground Stations would be designed to house the receivers in sufficient quantities, 
including self-switching spares, to simultaneously receive the inputs from all UAVs within range. 
Since the retrodirectivity of the system insures tight beams, interference would be difficult where 
CDMA are used, since the interferer would require so much power that detection and location of the 
interference is virtually assured. 
 
The data from all of the autonomous stations would be routed either via satellite transmission, 
dedicated landlines or via high speed Internet to a master control station. 
 
The master station would be receiving the GPS location of each UAV, with the precise direction of 
the detected threat from the UAV, time and, if possible, range. The range can be readily determined 
by triangulation, as the threat will most probably be detected by multiple UAVs. 
 
The use of one (or more) master stations and the fact that all coastal stations can be unmanned will 
drastically reduce the amount of manpower required to provide twenty four hour a day, seven days a 
week manning. The entire operation could be accomplished with a total force of two hundred (200) 
trained personnel for each border. This assumes sixty (60) aircraft and equipment personnel at the 
Bangor and Key West locations and eighty (80) for the master control station.  Out of the eighty (80) 
located at the master control station twenty will be used for servicing of the autonomous stations. 
 
Similar networks can be set up for all borders and a scheme can be set up to guard the perimeter of a 
carrier task force. 
 
The UAVs would be considerably less expensive then the current Predator type of UAV.  The 
Liberty Aircraft was chosen as the desired platform for this task for the following reasons: 
 

1. The Liberty Aircraft is a fully certificated, all weather aircraft capable of carrying payloads 
in excess of 400 pounds while fully loaded with fuel. Fuel load can therefore be increased to 
add range while still maintaining a high payload capacity. 

 
2. The Liberty Aircraft can be equipped with a tried and true autopilot such as the S. Tech 

Model 55. This model is recommended, as it can be programmed to climb and descend at 
fixed rates, can automatically level the aircraft at preset altitudes and can follow a 
preprogrammed onboard GPS course. 

 



  

3. The Liberty Aircraft has a standard continental engine (Model 240), which is fuel injected 
and has a FADEC System (Full Authority Digital Engine Control), which eliminates the need 
for mixture adjustments and also eliminates the danger of carburetor icing. 

 
4. The combination of standard aircraft, off the shelf Auto Pilot and an engine that any civilian 

A&P is qualified to repair or replace, will greatly reduce down time and simplify 
maintenance and cost. 

 
5. The factories and technical expertise for the aircraft, engine, autopilot, GPS and control 

systems are located within the continental U.S., insuring rapid response and continuing 
availability of expertise to keep the system intact. 

 
The FLIR System was chosen for the surveillance package for the following reasons: 
 

1. FLIR has been manufacturing systems for the military and law enforcement agencies for 
several years. 

 
2. These systems have been mounted on helicopters, which have a more hostile environment 

then the proposed aircraft and have proven performance. 
 

3. The systems are adaptable and versatile and can be custom built to satisfy specific threat 
detection.  

 
It is intended that these aircraft will be transponder equipped to enable the FAA to steer traffic 
around them and the altitude encoders will alert the master control station of any anomalies. 
 
Figure 1 shows the detection scheme envisioned and Figure 2 shows the enhanced coverage. 

 
Ground stations for satellite communications that are manned three shifts per day/seven days a week 
have become increasingly expensive to operate and maintain. In addition, there are situations where 
a ground station is only needed in a particular area for a short period of time. A portable system, 
which could be employed in another location at a later time, would be the ideal solution, i.e., a 
readily transportable system. Employment of the retro-directive technique described in refs.1 and 2 
presents the possibility of a totally Autonomous Ground Station that provides both hemispheric 
coverage and continuous tracking. This System also eliminates the “keyhole” found in most dish 
antenna systems. The System envisioned would establish communications between a UAV and the 
ground station without requiring human intervention or moving parts, and, using an error signal 
developed in Reference 3, offers the possibility of nulling unwanted signals. When a UAV is to be in 
view, the ground station beacon antenna, using, for example, Code Division Multiple Access 
(CDMA), turns on the desired UAV transmitter and directs its retro-directive or tracking beam to the 
ground station. The ground station in turn, using the UAV transmitted signal, phases-up its receive 
and transmit arrays so as to point the ground station beams to the UAV, thereby establishing two-
way communications. The process is automatic and provides continuous horizon to horizon tracking. 
 
Use of the CDMA to separate the user UAV would allow simultaneous communications with 
multiple UAVs, while providing 30 dB separation when using the gold codes. 



  

 
This System requires no apriori knowledge of source location. It is totally automated, requires very 
little maintenance and no manual intervention; and over its lifetime should prove cost effective. 

 
Figure 3 shows a typical system configuration, while Figure 4 is a suggested antenna arrangement 
for X-Band. Each of the four arrays in Figure 4 provides coverage in excess of ±50° in both 
elevation and azimuthal planes, thereby providing total hemispheric coverage. 
 
The sequence of operations would call for the ground station to send an omni-directional beacon 
signal that turns on the desired vehicle. This signal should be of narrow bandwidth to reduce the 
power requirements. The UAV, in turn, transmits a signal that allows the ground station to phase-up 
both the transmit and receive arrays, so as to point their beams to the UAV, thereby establishing 
two-way communications. 

 
As described in Reference 1, the ground station receive array employs a few sensor elements arrayed 
both horizontally and vertically, that measure phase differences generated by the UAV signal 
incident on the sensor elements. This is known as a thinned array. A total of nine sensor elements in 
each planar array of Figure 4 are sufficient to generate all phases required to scan each planar array 
in both planes, i.e., in azimuth and elevation. 

 
The only software required for the system to operate is that which seeds the ground station beacon, 
so as to turn-on the desired vehicle. Thereafter, signal acquisition, beam formation and tracking is 
automatic. This requires no phase shifters, moving parts or a priori knowledge of signal source 
location. 

 
Complete hemispheric coverage is thereby achieved by employing four planar arrays, as shown in 
Figure 4, each mounted on a face of a four sided pyramid inclined at 45°. Radiation coverage by 
each array is greater than ±45°, thereby providing continuous coverage over the entire hemisphere, 
both in elevation and in azimuth. Receive and transmit phases for each of the array elements are 
determined by measuring quantities containing the phase differences generated by a signal incident 
on a few interferometer pairs, i.e. on thinned arrays. The need for phase shifters or switches is 
eliminated. By generating a radiation pattern that is orthogonal to the conventional sum pattern, 
nulling of unwanted signals is greatly simplified. 
 
Nulling of unwanted signals can be accomplished by generating two independent radiation patterns 
using the same receiver array. First is the conventional sum pattern with its on-axis maximum 
response and associated side lobes. The second pattern is orthogonal to the first and has a null on-
axis rather than a maximum. A summation of appropriate harmonics produces a radiation pattern 
that approximates a signum function, i.e., a response that is uniformly positive for all positive spatial 
angles, uniformly negative for all negative spatial angles and zero at array zenith. Figure 5. This zero 
response is independently scannable relative to the sum channel. Placing the null in the direction of 
an unwanted signal and multiplying the two antenna patterns eliminate the unwanted signal while 
not affecting the desired signal. 

 
Additional receivers can be added to the same array for multiple user support in a CDMA System 
with full array gain available to each user simultaneously. Power dividers are placed after 



  

amplification of the signal and are routed to each user receiver. The CDMA code is reduced to 
provide the carrier and information to be processed. Each user would use a separate subset of phase 
combiners (mixers), which would form independent beams for each user. 

 
The Local Oscillators could be shared for all users as the desired directional information is contained 
in the carrier after removal of the CDMA code. This enables the same array to support multiple users 
simultaneously. 

 
Each user would require the use of a separate array for transmit from the ground station for 
directivity of the beam. This does not normally pose a problem as the transmit beam usually is 
formed using fewer, higher power transmit elements. 
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Figure 3.  Automatic Ground Station Antenna System
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Securing Telemetry Post Processing Applications 
with Hardware Based Security

Jeff Kalibjian
Hewlett Packard Corporation

ABSTRACT

The use of hardware security for telemetry in satellites utilized for intelligence and 
defense applications is well known.  Less common is the use of hardware security in 
ground-based computers hosting applications that post process telemetry data.  Analysis 
reveals vulnerabilities in software only security solutions that can result in the 
compromise of telemetry data housed on ground-based computer systems.  Such systems 
maybe made less susceptible to compromise with the use of hardware based security.

KEY WORDS

Hardware Security Modules (HSM), Hardware Security Module Hybrids (HSMH), 
Federal Processing Information Standard 140-2 (FIPS 140-2), Common Criteria (CC), 
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INTRODUCTION

Today most security features on computer systems are implemented as software only 
solutions.  Examples of such security functions include authentication, privacy, and 
security protocol utilization (e.g. SSL).  After reviewing pertinent security standards and 
discussing the fundamental threats in software-based security implementations; important 
hardware based security principles will be reviewed that are most applicable to support 
telemetry post processing.  An example will be given illustrating how FIPS 140-2 Level 4 
Hardware Security Modules (HSM) and Hardware Security Module Hybrids (HSMH) 
maybe utilized to better secure the telemetry post-processing activity by allowing policy 
evaluation, key management and data manipulation activities to be done inside a hardware 
security boundary.



SECURITY STANDARDS

The two most important security standards in the industry are FIPS 140-2 and Common 
Criteria. The National Institute of Standards and Technology (NIST) has 
established a Federal Information Processing Standard (FIPS) that specifies the security 
requirements within a system protecting sensitive information pertaining to cryptographic 
operations [1].  The standard defines four increasing levels of security:  

• Level 1 defines the lowest level—no specific physical security mechanisms are required 
however one “approved” NIST cryptographic algorithm (e.g. DES) or security function 
must be utilized.  The software and/or firmware components of the cryptographic module 
maybe executed on a general purpose processor that has an un-rated operating system. 

• Level 2 adds a requirement of physical tamper evidence (e.g. tamper evident 
coatings or seals on containers housing the electronics).  It also specifies 
role-based authentication for security officer interaction with the cryptographic module 
(e.g. for key loading, etc.).  If software and/or firmware components implement the 
cryptographic capabilities, they maybe executed on a general purpose processor, but the 
OS on the processor must be rated at CC EAL-2 or its 
equivalent.  

•Level 3 requirements include all Level 2 requirements, but add constraints to 
minimize threat of data compromise.  This usually takes the form of data 
zeroization circuitry.  It also requires identity-based authentication for security officers 
needing to access the processor system.  Any software/firmware cryptographic 
functionality provided by a general purpose processor, requires an OS on that processor 
rated at CC EAL-3. 

•Level 4 is the highest standard and requires physical security that detects and responds to 
all unauthorized attempts at access.  In addition to Level 3 features, Level 4 provides for 
zeroization even when environmental conditions such as temperature, voltage, are 
exceeded.  Level 4 also requires an operating system rated at CC EAL-4 or higher if 
software or firmware is utilized to implement 
cryptographic functionality.



Table 1 summarizes the FIPS 140-2 four assurance levels:

                                  Table 1: Implications of the FIPS 140-2 ratings.

The security worthiness of software is usually evaluated with the Common Criteria metric 
[2].  In Common Criteria evaluation a set of security requirements and specifications, 
otherwise known as a Protection Profiles (PP) and Security Targets (ST), are developed 
for a software system referred to as the Target of Evaluation (TOE).  Common Criteria is 
an ISO standard (15408) and has seven Evaluation Assurance Levels (EALs):  

• EAL - 1: Functionally tested.   
Evaluation of TOE is done with respect to the customer documentation.  
Used when threats to security are not considered serious and only some confidence of 
correct operation is desired.

• EAL - 2: Structurally tested.  
Evaluation of TOE is done with respect to developer design information and test results.  
Used when developers or users require a low to moderate level of 
independently assured security.

• EAL – 3: Methodically tested and checked.  
Evaluation of TOE is done at design stage.  Used when developers or users require a 
moderate level of independently assured security.

• EAL – 4: Methodically designed, tested, and reviewed.   
Used when developers or users require a moderate to high level of independently assured 
security.

• EAL – 5: Semi--formally designed and tested.  
Rigorous commercial development tools and specialty security design techniques to 
design and implement TOE.  Used when developers or users require a high level of 
independently assured security.

• EAL – 6: Semi-formally verified design and tested.  
Security engineering techniques applied to an advanced development environment.  Used 
when developers or users are developing applications deployed in high risk situations pro-
tecting valuable assets.

FIPS 140-2 Rating Comments

Level 1 Not meaningful

Level 2 Not meaningful

Level 3 Secure

Level 4 Very Secure



• EAL – 7: Formally verified design and tested. 
Advanced security engineering and development techniques that can be rigorously 
mathematically modeled and analyzed.   Used for applications deployed in extremely high 
risk environments protecting large value assets.

Table 2 summarizes the seven CC evaluation service levels:

                                  Table 2: Implications of Common Criteria EAL ratings.

A process of PP and ST definition feed into the development, evaluation, and 
operation of the TOE.  This represents a continual process of feedback and evaluation that 
eventually leads to the implementation and evaluation of the secure software system 
utilizing varying levels of sophistication in software security design and development.  
While ideally this occurs starting at the requirements phase, it is economically feasible to 
retrofit existing designs with Common Criteria methodology and achieve up to EAL-4 
ratings.  

COMPUTER SECURITY

The threat model for all computer systems has four elements:

• External threats introduced into the computer system. Examples of this would be viruses 
or malicious scripts.
• Internal threats: misplaced trust. This includes overloading privileges onto the Adminis-
trator role and allowing the Administrator to exercise their privileges without dual control.
• Attacks against the operating system or applications running on the operating 
system.  This can include replacing known operating system resources with 
compromised ones, or attacking the memory partition an application is running in.
• Internal and external data snooping.  This might involve access to sensitive data residing 
in CPU registers or main memory via fault dumps or Logic State Analyzer (LSA) access 
to system bus activity.

CC EAL Rating Comments

EAL-1 Not meaningful

EAL-2 Not meaningful

EAL-3 Not meaningful

EAL-4 Some Security

EAL-5 Pretty Secure

EAL-6 Secure

EAL-7 Very Secure



Securing a computing system involves introducing cryptographic technology, 
preferably in secure hardware boundaries, that provides privacy, authentication, and 
authorization services.  It is assumed the reader has familiarity with how cryptography is 
utilized to deliver such capabilities.  The reader is encouraged to consult [3] for a rigorous 
discussion of cryptography.  

A primary concern in cryptography is protecting the keying material that helps to deliver 
services like privacy and authentication.  An example illustrates the difficulty in 
protecting such key material using software only techniques:

Consider a telemetry data product that has been reduced.  That is, certain post 
processing activities have been performed on the data, and because of the data sensitivity, 
it has also been encrypted for privacy concerns.  A fundamental question arises: how is the 
key (Kt) that encrypted the reduced data products being protected?  In the most common 
scenario, the key itself has been encrypted using a methodology known as password based 
encryption.  That is, a user generated password is hashed and the result is utilized as a 
cryptographic key (Kp) that in turn is used in a cryptographic algorithm to encrypt the key 
(Kt).  The encrypted key (EKt) is then typically stored on disk for later access.

When the encrypted telemetry data needs to be accessed, the following steps need to take 
place.  First the password utilized to derive the key (Kp) that encrypted Kt must be col-
lected and temporarily stored in computer memory.  After the password is hashed to derive 
Kp, the password maybe deleted, but then Kp must be stored temporarily in computer 
memory while it is being used to decrypt Kt..  Once Kt has been decrypted, Kp can be 
deleted from computer memory.  Kt must re-main unencrypted in computer memory, until 
all the needed encrypted telemetry data product has been decrypted.  Only after this can it 
be deleted from computer memory

THE THREATS: UNENCRYPTED KEYS IN MEMORY

Whenever cryptographic keys are “in the clear” in computer memory they are 
vulnerable to compromise from other (potentially hostile) processes or entities that might 
gain access to the memory.  Because of their very random nature and the non random 
nature of programming instructions, cryptographic keys are very easy to detect in memory 
utilizing simple histogram techniques.  A closer analysis reveals even more vulnerabilities 
because whenever those keys need to be utilized in an operation, they must be moved into 
a CPU register.  If the CPU should fault when a key is in a register, the key bits are 
vulnerable to discovery in the CPU “dump.”  Thus, any time a cryptographic key is 
unencrypted in computer memory or a CPU register it is vulnerable to compromise by 
either other malicious software processes or external eavesdropping by electronic means 
(e.g. logic state analyzer on a system bus).  Since clear cryptographic keys need to be in 
memory or a CPU register to perform cryptographic operations, a more robust approach is 
needed for managing cryptographic keys and the operations they facilitate when they are 
needed.



THE HARDWARE SECURITY MODULE (HSM)

Cryptographic functionality secured in hardware is known in the computer 
industry as a Hardware Security Module (HSM).  An HSM is characterized by 
well-defined electronic interfaces for data input/output to assure that malicious processes 
cannot be introduced into the firmware/hardware inside the HSM, and that physical 
security around the firmware/hardware that makes it impossible for electronic eavesdrop-
ping.  Typically HSMs offer limited general processing capability, but have custom 
circuitry to perform cryptographic operations (e.g. key generation, key storage, 
encryption, decryption, etc.) very fast.  In FIPS 140-2 Level 3 or 4 rated devices, circuitry 
is also present to zero key information if tampering (e.g. attempts to drill into physical 
HSM housing, etc.) is detected.  After desired cryptographic functions are performed, the 
HSM can output responses (e.g. user authenticated, signature verified) utilizing its general 
processing capabilities.  

A typical mode of operation has the HSM working as a co-processor.  While an 
application runs on the general processor, anytime that application needs security services 
the HSM is utilized.  The results of the security operations (e.g. signature verified, 
authorization allowed, etc.) are then reported back to the application running on the 
general processor so it may continue providing its services

HSM USE IN TELEMETRY POST PROCESSING

The telemetry post-processing environment presents challenges to traditional HSM 
operation.  This is because in telemetry post-processing one not only wants to establish 
keys for securing data, authenticate access to data and authority to manipulate data, but 
entire encrypted data products must be processed and moved for analysis display.  Thus, 
HSM’s used in telemetry post processing need to be able to perform traditional 
cryptographic functions, but have additional general processing mathematical 
functionalities for manipulating engineering and image data.  Such HSMs might be called 
Hybrids since they have more capabilities than traditional HSMs.



Network architectures supporting these environments may take the following form as 
shown in Figure 1:

Figure 1: An example network architecture utilizing HSMs supporting 
a telemetry post-processing environment.

In Figure 1, HSMs are available to servers that perform initial processing and reduction of 
data.  They are also available on individual workstations that are used to display and 
analyze data.  Data flow in this scenario would involve data reduction on servers.  Next, 
the data would be encrypted using keys housed in HSMs that are attached to the data 
reduction servers.  Data accessed by user workstations would be decrypted using keys 
housed in the local workstation HSMs.  Keys would be safely communicated from the 
Data Reduction Server HSMs to the workstation HSMs using industry standard key 
exchange protocols.  The decrypted data would then be sent to the local workstation frame 
buffer for viewing.  Observe that while cryptographic keys are fully protected in HSMs 
(and the operations performed using the HSMs), once data is output (if the data is unen-
crypted), it is vulnerable to compromise.  Thus, one must insure that the portion of the net-
work the user workstations are attached to is sufficiently secured from external threats and 
measures have been taken to mitigate threats from potentially malicious insider users.
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CONCLUSION

As security concerns regarding management of post processed telemetry data products 
increases, the Hardware Security Module will have a growing role in the telemetry post 
processing environment.  In addition to protecting and helping manage cryptographic 
keys, the Hardware Security Module can be utilized to secure telemetry data products and 
control access to telemetry data.
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ABSTRACT

The performance of two adaptive equalization techniques applicable to ARTM Tier-1 waveforms over
a frequency selective multipath channel is summarized. Adaptive equalization based on the constant mod-
ulus algorithm (CMA) and the decision-directed minimum meansquared error (DF-MMSE) concept are
shown to be effective in reducing the bit error rate in the presence of frequency selective multipath inter-
ference. The performance of the DF-MMSE equalizer is slightly better than the CMA equalizer. Imple-
mentation trade-offs between the two types of equalizers are also discussed.

INTRODUCTION

The data rates required in aeronautical telemetry have increased from 100 kbits/sec in the 1970s to 10-
20 Mbits/sec today. The consequences of this trend are 1) spectral efficiency has become more important
and 2) the multipath interference encountered in aeronautical telemetry has become frequency selective.

The spectral efficiency of PCM/FM, which has been the dominantcarrier modulation in aeronautical
telemetry for more than 40 years, has proven inadequate. Thewide bandwidths required for high data-rate
tests have applied tremendous pressure to the spectral allocations at L-band (1435 – 1535 MHz), lower
S-band (2200 – 2290 MHz), and upper S-band (2310 – 2390 MHz). The situation was further exacerbated



in 1997 when the lower portion of upper S-band from 2310 to 2360 MHz was reallocated in two separate
auctions: 2320 – 2345 MHz was reallocated for digital audio radio in one round while 2305 – 2320 MHz
and 2345 – 2360 MHz were allocated to wireless communications services in the subsequent rounds.

In response, the Advanced Range Telemetry (ARTM) program [1]was launched by the Central Test
and Evaluation Investment Program (CTEIP) in 1997 to identify more bandwidth efficient modulation
formats suitable for use in aeronautical telemetry. The goal was to select modulation schemes that re-
quired less bandwidth than PCM/FM, but had the same detectionefficiency. The severe size and weight
restrictions typical of these applications requires poweramplifiers running full saturation or even class C
operation. As a consequence, the search has focused on constant envelope waveforms. New modulation
formats were selected in two phases. In the first phase, a version of the Feher-patented QPSK (called,
FQPSK-B) [2] was adopted in 2000 as part of the IRIG 106 standard[3]. A compatible variant of the
MIL-STD 188-181 Shaped Offset QPSK (SOQPSK) [4] was selected as a compatible alternative in 2004.
These two modulation formats, known collectively as the “ARTM Tier-1 Waveforms,” have the same de-
tection efficiency as PCM/FM but twice the spectral efficiencyas PCM/FM [5], even when used with
non-linear power amplifiers.

The data links used in aeronautical telemetry are subject tomultipath interference in the form of strong
“ground bounces” (especially at low elevation angles) and reflections off irregular terrain [6]. At low data
rates, such as 100 kbits/sec, the multipath interference appears as flat fading across the signal bandwidth.
At high data rates, the signal bandwidth is much wider and themultipath interference is characterized by
deep spectral nulls. The frequency selective nature of the multipath interference disrupts the data link and
is the main cause of data loss in aeronautical telemetry.

Equalization has been applied as a multipath mitigation technique for several decades [7]. Adaptive
equalizers are commonly used since they are able to track changes in the characteristics of the multipath
interference. This paper summarizes an investigation intothe performance of two adaptive equalizers as a
multipath mitigation technique for the ARTM Tier-1 waveforms. Simulation results show that the bit error
rate for the decision feedback minimum mean-squared error (DF-MMSE) equalizer is slightly lower than
for an equalizer based on the constant modulus algorithm (CMA).

ADAPTIVE EQUALIZERS FOR ARTM TIER-1 WAVEFORMS

The ARTM Tier-1 waveforms can be interpreted as offset modulations. As such, the basic demodulator,
shown in Figure 1 is used to recover the data from the receivedwaveforms. The inphase and quadrature
components are obtained from the IF signal through a heterodyne operation using a pair of mixers and
sinusoids in phase quadrature as shown. A detection filter with impulse responseg(t) is used to low-pass
filter the outputs of the two mixers. The filter outputs are sampled in an offset (or staggered) fashion to
form decision variables which are the basis for the bit decisions. Optimum detection filters for FQPSK
were investigated by Simon [8] while detection filters for SOQPSK were studied by Geoghegan [9] using
experimental means. Both the CMA and the DF-MMSE equalizers are based on this structure.
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Figure 1: Basic structure of an I/Q demodulator for offset modulation.

A. Equalization Based the Constant Modulus Algorithm

The equalizers based on the constant modulus algorithm (CMA)are special case ofblind equalization
techniques that do not require knowledge of the data symbolsor timing synchronization. This class of
equalization techniques for I/Q modulated waveforms seeksto minimize an error, due to Godard [10], of
the form

e(n) = E

{

(

|r(n)|p − Rp

)2
}

(1)

whereRp is a constant that depends on the properties of the modulatedwaveform. The constant modulus
algorithm, uses the special casep = 2 [11, 12]. The CMA is a natural choice for the ARTM tier-1
waveforms since the waveforms were selected, in part, because they have a constant envelope.

Since the CMA equalizer is blind, it may be “inserted” prior tothe detector of Figure 1 as illustrated
in Figure 2 (a). The IF signal is sampled everyT seconds to provide samples at a normalized rate of
N = Ts/T samples/symbol. The received sampler(n) is processed by a length-L FIR equalizer filter to
produce the output sample

y(n) =
L−1
∑

l=0

w(n)(l)r(n − l) (2)

wherew(n)(l) is the set of filter coefficients used at time indexn. The modulus error at time stepn is
computed using

e(n) =
(

|y(n)|2 − 1
)2

. (3)



This error is used in an LMS algorithm [13] to update the filtercoefficients using
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whereµ is an adjustable step size parameter that controls convergence and steady state error variance [13].
Detection then proceeds as shown.

An alternative architecture for equalization based on the CMA is to insert the adaptive equalizer after
the quadrature mixers but before the detection filters as shown in Figure 2 (b). This version treats the
samples of the inphase and quadrature components as the realand imaginary parts of a complex number.
While complex-valued arithmetic is more complex than real-valued arithmetic, this form of the equalizer
can operate at a lower sample rate. As such, it is often the preferred architecture for CMA equalization.

B. Equalization Based on Decision Feedback Minimum Mean Squared Error

Equalization based on the decision feedback minimum mean squared error criterion for offset QPSK
was developed by Tu [14]. The LMS adaptive version, illustrated in Figure 3, is described as follows.
The detection filter outputzd(t) is sampled at two samples/symbol. Then-th sample is filtered by the FIR
feedforward filter withLFF coefficientsw(n)

FF (k) (k = −(LFF−1)/2, . . . , (LFF−1)/2) at time indexn. The
output of the feedforward filter,zFF(n) is given by

zFF(n) =

LFF−1

2
∑

l=−
LFF−1

2

w
(n)
FF (l)zd(n − l). (5)

This output is combined with the output of the length-LFB feed back filter,zFB(n) to form the signal
z(n) = zFF(n) + zFB(n). The output of the feedback filter is given by

zFB(n) =

LFB−1
∑

l=0

w
(n)
FB (l)D(n − l) (6)

wherew
(n)
FB (l) is thel-th coefficient of the feedback filter at time indexn andD(n) is based on the deci-

sions. Due to the offset nature of the modulation, symbol decisions are based on samples that alternate
between the real and imaginary parts of the feed forward filter output. Assuming the even-indexed samples
correspond to the data sample on the real component and the odd-indexed samples correspond to the data



( )t0cosω

( )t0sin ω

w(n)(k)

g(t)

carrier 
phase 
PLL

symbol 
timing 
PLLnTt =

sTkt ��
�	


�
+=

2

1

decision 
device

bit decisionsIF signal

compute 
modulus 

error

A/D 
converter

D/A
converter

skTt =
g(t)

( )t0cosω

( )t0sin ω

w(n)(k)

g(t)

carrier 
phase 
PLL

symbol 
timing 
PLLnTt =

sTkt ��
�	


�
+=

2

1

decision 
device

bit decisionsIF signal

compute 
modulus 

error

A/D 
converter

D/A
converter

skTt =
g(t)

( )t0cosω

( )t0sin ω

g(nT)

g(nT)

carrier 
phase 
PLL

symbol 
timing 
PLL

decision 
device

bit decisionsIF signal

LPF

LPF

nTt =

A/D 
converter

nTt =

A/D 
converter

w(n)(k)

compute 
modulus 

error

timing 
adjust-
ment

timing 
adjust-
ment

FIR 
detection

filters

( )t0cosω

( )t0sin ω

g(nT)

g(nT)

carrier 
phase 
PLL

symbol 
timing 
PLL

decision 
device

bit decisionsIF signal

LPF

LPF

nTt =

A/D 
converter

nTt =

A/D 
converter

w(n)(k)

compute 
modulus 

error

timing 
adjust-
ment

timing 
adjust-
ment

FIR 
detection

filters

(a)

(b)

Figure 2: Two basic architectures for equalization based onthe constant modulus algorithm: (a) aband
passequalizer; (b) acomplex basebandequalizer.



on the imaginary component,D(n) may be expressed as
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The alternating nature of the error signal is the key difference between the MMSE equalization algorithm
for offset modulations and non-offset modulations.

The feedforward and feedback filter coefficient updates can be realized using any of the standard
adaptive filter techniques such as LMS (and its variants) or RLS [13]. Using the LMS algorithm, the
update equations are
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whereµ is the adjustable step size. The numerical results summarized in the next section use the LMS
algorithm.

PERFORMANCE

The performance of both FQPSK and SOQPSK-TG using both the CMAand the DF-MMSE equal-
izers were simulated in the presence of multipath interference typical of that encountered in aeronautical
telemetry [6]. The multipath interference can be modeled asan linear system with impulse response

h(t) = δ(t) + Γ1δ(t − τ1) + Γ2δ(t − τ2). (11)
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Figure 3: Basic architecture for the DF-MMSE equalizer.

The first multipath component with complex amplitudeΓ1 and delayτ1 is a result of a strong “ground
bounce” off the dry lake beds typical of test ranges in the Western USA. These parameters are a function
of the system geometry (i.e. the relative locations of the airborne transmitter and the receiver ground
station).|Γ1| can be as large as 0.8 or 0.9 and the delay is typically in the 40–80 ns range. At 20 Mbits/sec,
this delay is on the order of half a symbol time. The second multipath component with amplitudeΓ2 and
delayτ2 is due to reflections from irregular terrain. As a consequence, the multipath component is much
more random with|Γ2| on the order of 0.01 andτ2 on the order of a few hundred ns.

In the simulations that follow, the channel impulse response is

h(t) = δ(t) + |Γ1|e
jπδ (t − 0.5Ts) . (12)

The phase ofΓ1 is set toπ to produce the worst multipath interference.|Γ1| was varied from 0.1 to 0.8
to monitor the effect of the relative strength of the multipath interference. The simulations with the DF-
MMSE equalizer used the following parameters:LFF = 21, LFB = 18 (at 2 samples/symbol, the filters
spanned 19.5 symbols or 39 bits); training length = 3000 bits; LMS step sizeµ = 10−3 The simulations
using the CMA equalizer used the following parameters:N = 10 samples/symbol;L = 195 (the filter
spans 19.5 symbols or 39 bits); filter tap initialization period = 3000 bits; LMS step sizeµ = 10−5.

The simulation results for FQPSK are shown in Figures 4, 5, and 6. Figure 4 is a plot of the bit error
rate performance of unequalized FQPSK and is included for reference. A comparison of the bit error rate
for FQPSK using CMA equalization (Figure 5) and DF-MMSE equalization (Figure 6) shows that DF-
MMSE equalizer seems to perform a little better than the CMA equalizer, although both improve the bit
error rate performance. The performance improvement is more pronounced as|Γ1| increases.

The simulation results for SOQPSK-TG are shown in Figures 7,8, and 9. Figure 7 is a plot of the bit
error rate performance of unequalized SOQPSK-TG and is included for reference. A comparison of the
bit error rate for SOQPSK-TG using CMA equalization (Figure 5) and DF-MMSE equalization (Figure 6)
shows that DF-MMSE equalizer seems to perform a litter better than the CMA equalizer, similar to the
characteristic observed for FQPSK.
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Figure 4: Performance of unequalized FQPSK on the channel (12).
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Figure 5: Performance of FQPSK using the CMA equalizer on the channel (12).
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Figure 6: Performance of FQPSK using the DF-MMSE equalizer on the channel (12).
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Figure 7: Performance of unequalized SOQPSK-TG on the channel (12).
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Figure 8: Performance of SOQPSK-TG using the CMA equalizer onthe channel (12).

0 2 4 6 8 10 12 14 16
10−6

10−5

10−4

10−3

10−2

10−1

100

E
b
/N

0
 (dB)

B
E

R |Γ
1
| = 0.1

|Γ
1
| = 0.2

|Γ
1
| = 0.3

|Γ
1
| = 0.4

|Γ
1
| = 0.5

|Γ
1
| = 0.6

|Γ
1
| = 0.7

|Γ
1
| = 0.8

Figure 9: Performance of SOQPSK-TG using the DF-MMSE equalizer on the channel (12).



DISCUSSION AND CONCLUSIONS

While both CMA and DF-MMSE equalizers are able to reduce the performance loss due to multi-
path interference to acceptable levels, there are implementation differences that should be noted. Both
equalizers were chosen to span the same number of bit intervals. Since the DF-MMSE equalizer oper-
ates at two samples/symbol, it requires fewer multiplies than the CMA equalizer. The number of CMA
filter coefficients would be the same as the number of filter coefficients for the DF-MMSE equalizer if
the CMA equalizer could operate at two samples/symbol. However simulation results (not included due
to space limitations) show significant performance degradations when the detection filter operates at 2
samples/symbol. These same results suggestN = 10 samples/symbol produces nearly optimum results.
Thus, for the ARTM Tier-1 waveforms, the CMA equalizer will require more filter coefficients than the
DF-MMSE equalizer.

The CMA equalizer is truly blind; it does not require knowledge of the data symbols, carrier phase, or
timing synchronization to operate. This is an attractive feature since multipath interference often makes
it difficult to obtain accurate estimates of the carrier phase and symbol timing. The DF-MMSE requires
a known training sequence, at least from a “cold start”. Simulation results with carrier phase offset also
show that the DF-MMSE equalizer requires at least course carrier phase synchronization to achieve ac-
ceptable performance. Normally, DF-MMSE equalizers also require symbol timing and it is common
knowledge that fractionally spaced equalizers are less susceptible to symbol timing errors than symbol-
spaced equalizers [7]. However, if the feedforward filter islong enough, the DF-MMSE equalizer is still
able to function. The feedforward filter adapts to a filter that compensates for the multipath interference
and performs the interpolations to adjust for the timing error. In the simulations performed for this paper,
theLFF = 21 is long enough to compensate for a timing error up to half a symbol time.

In conclusion, the CMA and DF-MMSE equalizers are able to compensate for the multipath inter-
ference encountered in aeronautical telemetry applications. These two equalizers present slight perfor-
mance/complexity trade-offs than can be exploited to advantage. For both the waveforms, the DF-MMSE
equalizer provided slightly better bit error rate performance than the CMA equalizer. This is somewhat
expected since the CMA equalizer is completely blind while the DF-MMSE equalizer is not. The CMA
equalizer requires a longer adaptive filter and must operateat a higher clock rate than the DF-MMSE
equalizer, but the DF-MMSE equalizer requires training andat least course carrier phase synchronization.
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ABSTRACT 

 
This paper describes a high altitude experimental flight test platform developed by the University 
of Kansas (KU) and the National Nuclear Security Administration’s Kansas City Plant (NNSA’s 
Kansas City Plant) for high altitude payload flight testing.  This platform is called the Kansas 
University Balloon Experiment Satellite (KUBESat).  The paper describes the flight test platform 
and experimental flight test results captured at Fort Riley, KS from characterization of  the KCP 
developed Distributed Transmitter (DTX)1.   
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INTRODUCTION 
 

High Altitude Flight Testing Applications 
Several applications for high altitude flight testing platforms include: 1) Near space payload 
flight testing, 2) Low cost, large area coverage infrastructure, 3) commercial and military remote 
sensing, 4) Earth atmospheric and interplanetary atmospheric and surface research, 5) Long 
range data acquisition infrastructure. 
 
University of Kansas Space Program 
The KU space program started officially in June 2002 with the conceptual design of its first 
satellite: the Kansas Universities Technology Evaluation Satelite-1, the Pathfinder.  
Although Kansas universities have been involved for many years in space research (e.g., 
Space Shuttle “Getaway Special” payload developed by KU, various instruments developed by 
KU and other universities that have been flown on satellites, and the space-based activities of the 
Kansas Applied Remote Sensing Program), until the KUTESat Program there has been no 
project in the state to develop and fly an entire satellite. However, several universities, including 
KU, have ongoing research in electronics and wireless communications that would be applicable 
to satellites. The only existing research currently in the state for the development of satellites is 
the KUTESat Pathfinder project.  
 
The program can count on numerous laboratories and shops located at the University of Kansas 
main campus in Lawrence. With professors and lab technicians as advisors, the students are 
                                                 
1 U.S. Patent Application 10/271,459, filed 10/15/02.   



encouraged to manufacture in-house as much as possible. Mechanical and structural labs are 
located in Learned Hall and in the KU hangars at the Lawrence Municipal Airport, while 
electronic and computer science labs are located in Nichols Hall and Eaton Hall. 
The final objective of the Space Program is to establish a space industry in Kansas building on 
two existing strengths of the State of Kansas, aerospace/aviation and information 
technology/communications, to create a new technology area. The accomplishment of the 
KUTESat Program will allow the state of Kansas to gain national recognition and participate in 
future space projects. 
 
NNSA’s Kansas City Plant 
The NNSA‘s Kansas City Plant is a Department of Energy-owned facility managed by 
Honeywell Federal Manufacturing & Technologies (FM&T)2.  Since 1949, this facility has 
procured or manufactured over 85% of the non-nuclear components and materials required for 
the nuclear stockpile.  With 3.2 million square feet, and a broad range of electronic, mechanical, 
and material design, development, fabrication, and testing capabilities, the Kansas City Plant is a 
one-stop national product realization asset.  The Kansas City Plant is a distinguished member of 
the nuclear weapons complex and a partner with the National Laboratories in the design, 
development, manufacturing, and testing of our nation’s defense systems.  
 
Advanced Telemetry Technology Development 
The NNSA’s Kansas City Plant Advanced Telemetry Technology Development Program has 
supported the JTA and developmental telemetry weapons evaluation programs for over four 
decades with remote data acquisition telemetry systems.  In addition to development and 
manufacturing of JTA nuclear weapons evaluation telemetry systems, they have supported the 
NNSA's weapons evaluation program with flight test technology including transducer, sensor, 
electro-optical, analog, digital, and microwave signal processing, control, data processing, 
transmitter, receiver, and antenna developments.  These developments have been with core 
national defense customers from multi-million dollar IR&D programs directed to support 
forward looking advanced technology deliverables. 
 
Distributed Transmitter Description 
The Distributed Transmitter (DTX) is a flexible, modular, compact, multi-mode data link 
transmitter.  It includes features such as: 1) Flexible preflight configuration of modulation, data 
rate, RF output power, carrier frequency, bandwidth, and power efficiency, 2) agile in-flight 
control of modulation, data rate, RF output power, carrier frequency, and bandwidth, and 3) 
compact modular physical design. 

                                                 
2 Operated for the United States Department of Energy under Contract No. DE-ACO4-01AL66850 



The Distributed Telemetry Transmitter (DTX) developed by Honeywell engineers at the Kansas 
City Plant is a modular data communication microwave transmitter. It consists of three separate 
components—a digital modulator; a power amplifier; and a power converter.  Based on user 
needs, the DTXR system is implemented by using from one to three hardware modules. The 
power converter module is optional if the required DTXR power can be integrated into the 
application system power supply. Therefore, the transmitter could comprise of the digital 
modulator module and a single amplifier module if the power converter module was not 
required.  This modularity 
provides significant 
flexibility. Functional 
blocks can be distributed or 
co-located as required by 
the application. Individual 
enclosures can be stacked, 
placed end-to-end, side-by- 
side, or a combination of 
these configurations. 
Interconnections between 
the modules are 
standardized so that power 
and signals can be passed 
between them.  The DTXR System incorporates modular digital and microwave technology so 
that data rates, carrier frequency, bandwidth, efficiency, and output power can be customized for 
a multitude of applications. Through the configuration interface, it offers off-the-shelf 
configuration of carrier frequency, data rates, RF output power/efficiency, modulation/spectral 
efficiency, and bandwidth containment components within a small, flexible mechanical 
configuration.  An operational control interface enables real-time, asynchronous control of 
modulation/spectral efficiency, carrier frequency, data rate, bandwidth, and RF power.   
Characterizing the DTX is important to establish a performance baseline prior to troubleshooting 
data link problems from a dynamic flight test environment. 
 
KUBESat System Description 
The KUBESat platform provides a functional 
platform to characterize the DTX in a long range 
field test environment.  The KUBESat provides 
command, control, and communication (C3) 
interfaces (see appendix) in addition to a lighter 
than air lift system.  The C3 interfaces enable the 
DTX to be reconfigured during flight and down 
link of test data to a ground station in order to 
achieve the goals of the test plan.  The KUBESat 
operational plan prescribes a flight that begins 
within the boundaries of Ft. Riley, KS and ends 
approximately 2 hrs and 80km away after 
reaching a peak altitude of 30 km.    
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The KUBESat project, originated in late 2002, is a cooperative effort between the Aerospace 
Engineering and Electrical Engineering departments at the University of Kansas, the Information 
Technology and Telecommunications Center (ITTC), and at the NNSA’s Kansas City Plant.  The 
primary goal of this program is to design, build, test, and operate a satellite-like vehicle, 
commonly called a BalloonSat, containing one or more experiments and launched on a weather 
balloon. The BalloonSat launch vehicle and recovery system, developed to support the KUBESat 
program is the KU High Altitude Balloon System (KU HABS). The HABS consists of a weather 
balloon for ascent, a parachute for descent, and an instrument module (HABS BalloonSat). The 
module contains a GPS receiver, a HAM transceiver for communication with the ground, 
camera, environmental sensors, and additional payloads.  The KUBESat becomes a payload to 
the HABS, and serves to support C3 interfaces for the DTX payload. 
 
The primary purpose of the first KUBESat mission, KUBESat-1, is to characterize the DTX and 
provide a test platform for additional data link developments. A secondary objective of the 
program is to help with the development of Kansas Universities’ Technology Evaluation Satellite 
(KUTESat) projects. The KU HABS and KUBESat programs have actively involved industry 
and education outreach in the design and development phase to create the bases for future 
collaboration. 

KUBESAT DTX FLIGHT TEST PLAN 
The objective of this flight test is long range performance characterization of the 3G version of 
the DTX.  Determination of modulator and power amplifier function in a field test environment 
is paramount.  During the flight DTX configuration will be varied in several dimensions with 
predictable effects on power, spectrum, and BER.  As these parameters are changed, empirical 
measurements of link parameters will enable characterization of performance.   
Modulator parameters of interest include modulation type, data rate, and data filtering.  Power 
amplifier parameters of interest include output power.  Measurements of received power, BER, 
RF Spectrum, and data stream will be utilized to score the performance of the transmitter.  BER 
measurements shall be based on a repeating 32 bit sequence that correlates with BER equipment 
supplied in the ground station.  RF spectrum shall be measured using a Spectrum analyzer that 
can determine 99% power level.  The data stream shall be recorded on the output of the data 
decommutator.  The received power shall be measured with an approved RF power meter. 
An experimental test schedule has been created that investigates effects of parameter variation 
for both the modulator and the power amplifier.  Thirty two cases shall be demonstrated at eight 
locations during the flight test environment at each of the indicated flight profile locations (see 
diagram).  At a minimum, the following data shall be recorded at each flight test profile test 
point: 1) received power, 2) BER, 3) multiple frames of data stream, and 4) Spectrum plots. 
 
Data Analysis/Reporting 
The following data analysis shall be conducted: 1) Measured received power shall be compared 
against expected received power and deviations of 3dB shall be recorded, 2) Measured BER 
shall be compared to expected BER and deviations of higher than 1E-6 shall be recorded, 3)  
Spectrum plots of RF spectrum shall be recorded for each test point, 4) A minimum of one 
complete data frame shall be recorded at each test point.  All recorded data shall be organized 
into a final test report.    
 



Flight Profile 
The flight profile is shown below.  The balloon will achieve altitudes of approximately 30 Km 
and will travel a maximum of 80Km during the 2.0 hour flight.  Anticipated look ranges are 
expected between 12 and 70 km.  Expected received power are between -84 and -107 dBm 
assuming linear flight location, frequency of 2250 MHz, system losses of 6 dB, transmit antenna 
gain of 1dB, and receiver antenna gain of 10 dB, vertical polarized antennas, and transmit 
powers between 1 and 10W. 

 
ANTICIPATED FLIGHT TEST RESULTS 

 
Expected results will vary according to general relationships as follows: 
• Transmit power decreases, receiver power decreases, everything else the same 
• Range increases, receiver power decreases, everything else the same 
• Receiver power decreases, BER increases, everything else the same 
• Data rate increases, energy per pit decreases, BER increases, everything else the same 
• Modulation type changes from FSK to SOQPSK, BER decreases, everything else the same 
• FSK modulation increases bandwidth, everything else the same 
• SOQPSK decreases bandwidth, everything else the same 
 
During the test sequence, verify that that general expected relationships are observed in the 
measured data.  Compare and report any deviations between expected and measured BER. 
 

ACTUAL FLIGHT TEST RESULTS 
 

KUBESat flight testing is scheduled for 9/04.  Final Results were not available when this paper 
was submitted for publication.  However, the flight test data will be presented at the 2004 ITC 
conference and final conclusions will be presented at the conference. 
  

CONCLUSION 
 

Final conclusions will not be made available until the ITC conference.  An analysis between 
empirical and analytical results will be provided after the flight testing is completed in 9/04. 
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http://lheawww.gsfc.nasa.gov/docs/balloon/workshop96/elbbo.html 

http://lheawww.gsfc.nasa.gov/docs/balloon/workshop96/payload_req.html 

http://lheawww.gsfc.nasa.gov/docs/balloon/workshop96/ULDB_study/DAYBAL_4.html 

Planetary Aerobots 

http://robotics.jpl.nasa.gov/tasks/aerobot/Background/intro.html 

http://robotic.jpl.nasa.gov/tasks/aerobot/Background/why.html 

http://robotic.jpl.nasa.gov/tasks/aerobot/Background/what.html 

http://robotic.jpl.nasa.gov/tasks/aerobot/Background/how.html 

http://robotic.jpl.nasa.gov/tasks/aerobot/Background/when.html 

http://robotics.jpl.nasa.gov/tasks/aerobot/PAT/PAT.html 

Role of Mars Aerial Platforms in Future Exploration of Mars; August 31, 1998 

http://telerobotics.jpl.nasa.gov/aerobot/reports/reports.html 

NASA Balloon Research Rides to the Edge of Space 

http://gsfc.nasa.gov/news-release/releases/2001/h01-03.htm 

Classy Antarctic Balloon Captures Earliest Light of the Universe 

http://gsfc.nasa.gov/news-release/releases/2001/h01-06.htm 
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NASA/JPL Balloon Development 

Balloon Background 

http://www.jpl.nasa.gov/adv_tech/balloons/backgrnd.htm 

Balloon Development Activities 

http://www.jpl.nasa.gov/adv_tech/balloons/index.htm 

A review of Ballute Technology For Planetary Aerocapture; Jeffery Hall, Jet Propulsion 
Laboratory, 4th IAA Conference on Low Cost Planetary Missions, May 2-5 2000. 

How Helium Balloons Work  http://science.howstuffworks.com/helium.htm/printable 

How Blimps Work http://science.howstuffworks.com/blimp.htm/printable 

Meteorological Balloon Applications and Sizes- KaySam Worldwide Inc.   

http://www.kaysam.com/appsizes.html 

http://www.kaysam.com/history.html  

Kaymont Meteorological Balloons-Kaymont Inc.   

http://www.kaymont.com/pages/pilot_frmst.html 

http://www.kaymont.com/pages/sounding_frmst.html 

http://www.kaymont.com/pages/parachute_frmst.html 

http://www.kaymont.com/pages/kaymont_navi.html 

http://www.kaymont.com/pages/sounding_specs.html 

Engineered Films-High Altitude Balloons-Raven Industries-  

http://www.ravenind.com/RavenCorporate/eng_films/balloons_highalt_history.html 

http://www.ravenind.com/RavenCorporate/eng_films/balloons_parachut.html 

http://www.ravenind.com/RavenCorporate/eng_films/balloons_scientif.html 

http://www.ravenind.com/RavenCorporate/eng_films/balloons_small.html 

History of Hot Air Ballooning  http://www.aerostar.com/hotair/history.htm 

How Airships Fly- American Blimp Corporation http://www.americanblimp.com/fly.htm 

http://www.americanblimp.com/military.htm 

http://www.jpl.nasa.gov/adv_tech/balloons/summary.htm
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Scientific Use of Balloons in the Second Half of the Twentieth Century 

http://www.centinnialofflight.gov/essay/Light_than_air/Science_Missions-20th-Part_II 

Balloons in Atmospheric Research
 http://hyperion.haystack.edu/ysp/atmosphere/balloons.html 

Balloons-  A background http://www.custom.ab.ca/Balloon/background.htm 

Buoyancy : Archimedes Principle 

http://www.grc.nasa.gov/WWW/k-12/Windtunnel/Activities/buoy_Archimedes.html 

http://www.grc.nasa.gov/WWW/k-12/Windtunnel/Activities/buoy_Archimedes.html
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ABSTRACT 
 
Packetizing data for transport over a networked system corrupts embedded information such as absolute 
and relative timing from the data.  Without this information, it is difficult to reproduce the data with its 
original timing restored.  Absolute timing is the time between data points within a given channel of data.  
Relative timing is the time relationship between data points from two or more channels of data.  Having 
this restored timing allows the use of existing equipment for analysis and eliminates the need for 
expensive custom designed equipment to analyze the recovered data.  Using a packetizing solution that 
transports information about the data stream and transport packets that are broken up by system wide 
timing allows us to accomplish this. 
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INTRODUCTION 
 
What is Packetizing? 
 
Transporting data from one point to another can be done in different ways.  The first methods may have 
been smoke signals and ram’s horns.  Fortunately, we have made some progress since then. 
 
When working with digital data, the most obvious way to transport the data is through a wire.  This may 
work very well for some applications, though as speeds and distances increase, transporting data though 
a wire becomes much less effective. 
 
To improve the transmission rates and distances, many transmission standards have been developed.  
These include mediums such as copper, optical fiber, and RF and use protocols that range widely.  These 
standards allow data to be transmitted over long distances and at high data rates.  While many options 
are now available as a result of these standards, challenges still exist. 



 
The data transport standards do not provide a solution for all needs.  A simple example is illustrated by 
the need to transport a 300,000 bps PCM signal where only a T1 interface is available.  Using the T1 as 
an interface medium provides plenty of bandwidth, but forces the user to either channelize the data, 
which in this example doesn’t add up correctly (64,000 * 5 =320,000), or use the T1 link channelized or 
unchannelized and buy or develop equipment that allows the data to be transported through the link and 
then recovered. 
 
Realizing that using existing standards don’t always offer efficient means for transporting data, the 
concept of multiplexing or packetizing starts to become useful.  The bandwidth of T1 is 1,536,000 bps 
for user data.  If the user wants to transport a 300,000 bps PCM signal and an 800,000 bps video signal, 
it appears there is adequate bandwidth.  To transport the two data streams over the T1 link, equipment is 
needed that can accept and transmit both data sources over the link so both are available on the other end 
of the link. 
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Figure 1 
 
Packetizing is one way to accomplish this.  Packetizing data, as the name suggests, is grouping the data 
into packets and transmitting these packets over the available transmission medium.  The transmission 
medium is shared between data sources. 
 
 
Disadvantages of Packetizing Data 
 
When packetizing data, extra data called overhead must be added to the data stream to allow decoding 
circuitry to properly recognize and reconstruct incoming data.  To make the system as efficient as 
possible the goal should be to minimize the ratio of overhead to information.  This requires that some 
thought be put into the design of the packet structure.  The fixed number of bytes needed for the 
overhead must be a small percentage of the number of bytes in the packet.  For example if one byte of 
information about the channel is added to identify it, the packet should contain at least 10 bytes of data, 
thus keeping the overhead to less than 10 percent.  Using a packet size of 100 or even 1000 bytes 
improves the ratio of data to overhead even more.  There is a trade off between packet size and 
throughput efficiency. 
 
Since packetizing inherently removes information about the time between each data point, recreating 
data with accurate timing can be a challenge.  If a byte or more of time information is needed for every 
byte of transported data, the overhead becomes so large that one data source uses all of the available link 
bandwidth.   
 



Another timing issue is the delay experienced by a signal in the packetizer, depacketizer and the 
reproduction device.  The delay is illustrated by a hypothetical telephone call placed onto a network.  A 
voice signal is sampled and compressed to a 4-bit sample at an 8 Ksps rate and the resultant information 
is packetized efficiently into a 1 Mbit-per-second data link. Prior to placing the data onto the link, the 
packetizer collects 1 million bits of data. At the 8 Ksps rate the packetizer waits 31.25 seconds before it 
can send the data. 
 
The effective data rate is: 
 

4bits/sample x 8,000 samples/second = 32,000 bits/second 
 

The time to collect a full packet is calculated as: 
 

sec25.31
sec/000,32

000,000,1 =
bits

bits
 

 
The same timing issue is also present on the return path.  Voice communication with long delay length is 
very difficult, unwieldy and, in the end, unacceptable.   
 
Another concern that needs to be addressed for packetizing data is the amount of time it takes the 
receiver to synchronize to the incoming data stream.  Using the calculation above, if it takes the receiver 
two packets of information before it can synchronize, the receiver has lost over one minute of the data.   
 
 
Advantages of Packetizing Data 
 
A packetizing system that is designed well provides the ability to transport multiple data streams over a 
single data path allowing the data channels to be asynchronous to each while keeping overhead to a 
minimum.  Again using the example of voice transmissions, it is less expensive in terms of setup time 
and maintenance to maintain a single 1 Mbps data path and multiplex 25 conversations on that path, than 
it is to maintain 25 separate 32-Kbps data paths. 
 
If the design of the data link and the packetizing method is performed with care, the cost savings 
advantage can be exploited with little impact on data integrity.  By packetizing the data correctly, timing 
between channels is maintained with very little overhead.  A well-designed packetizing system handles 
dynamic data rates from each of the channels being packetized.  If done correctly, the user has the ability 
to combine many different types of data on the same data path.  For example analog signals along with 
Video and PCM data can all share the same data path. 
 
 



Concerns With Packetizing 
 
When developing a packetizing system, the designer begins by considering the data usage.  With that in 
mind, the following are addressed: 
 

• How is the system initialized? 
• What happens if the data path is interrupted--does the system need to be restarted to 

resynchronize? 
• What type of timing information needs to be embedded in the overhead? 
• Is absolute timing or relative timing important? 

 
The answers to these questions are mostly determined by the intended use of the data.  Recreating a 
discontinuous data bus so that a protocol analyzer can monitor it has very different timing constraints 
compared to reconstructing voice for use in a teleconference system or video. 
 
 
How accurate does timing of the data need to be?   
 
If the intent is to determine the maximum altitude achieved by an aircraft, a one- or two-second error in 
when the maximum altitude was reached may not represent a problem unless the altitude is related to 
another critical event.  
 
Since packetizing provides the facility to multiplex several signals onto one bus, it is also important to 
establish channel correlation.  Is the data to be interleaved one byte from channel 1, then channel 2, then 
3, etc. or does each channel take a turn and send all of its data in one group?  Which method is chosen 
will affect the amount of overhead required. 
 
Lastly, the designer must consider if the data path is to be a point-to-point system or a fabric system.  In 
a point-to-point system, it is almost impossible to get the packets out of order.  In a fabric system such as 
the Internet, each data packet is able to take a different path and therefore the time needed to get from 
one point to another could be different for each packet.  Although the internet provides a vast flexibility, 
packet B could arrive at its destination before its predecessor, packet A.  In order to reconstruct the 
original data path, embedded sequence numbering is included in the overhead.  The receiving device 
must buffer and align the data in the correct order before reconstructing the original signal. 
 
 
Solving Packetizing Concerns  
 
To overcome concerns associated with packetizing, the designer should take a system-level approach.  
The following approach is one that Apogee Labs uses and it presents an acceptable trade off between 
throughput, flexibility and cost.  This system is intended for data monitoring and post processing of 
collected data.   
 
The first issue to address is how to synchronize to the composite data stream that hosts the source 
packets.  Since all the data is separated into packets, the user needs to be able to pick out the desired 
packets of data.  To synchronize to the stream of data requires that a synchronization pattern be inserted 



at a predictable interval, and that information be added along with the synchronization pattern to point to 
the start of the next packet.  Each packet also contains information that defines the start location of the 
next packet.  Although this does add some overhead, the benefit outweighs the cost. 
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Before adding thesynchronization pattern
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Figure 2 

 
One compromise between overhead size and losing time information about the data is to assume the data 
was sampled at even intervals.  By making this assumption and inserting one special packet, we can 
recreate a signal equivalent to the original data.  This special packet is transmitted based on a set time 
interval.  In our system, it is referred to as the sample interval (SI).  Unlike the synchronization pattern 
that is used to set physical boundaries synchronized to the transport stream, the SI packet establishes 
time boundaries.  Embedded in the SI packet is information that helps to define its ideal position in time.  
An example of this is shown in Figure 3. 
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Figure 3 

 
Since the SI packet adds to the overhead of the data transport, the more frequently the SI packet occurs, 
the more overhead it contributes.  It is desirable to make the SI rate selectable.  A more frequent SI 
allows for smaller packets and less system delay at the cost of greater overhead. 
 
Each channel in the system operates independently of other channels, but dependant on the system 
timing (SI). 
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Figure 5 

Therefore, data from channel 1 is packetized separately from data in channel 2.  The data is collected 
from each channel on regular time intervals, which also means that data needs to be recreated on that 
same time interval.  The accuracy of the recreation depends on the amount of data in each packet.  
Knowing how much of the packet was output during a sample interval allows the control loop on the 
transmitter to adjust the output rate so as to maintain the proper reconstruction of the timing between 
data points.  The more data there is in a packet the better the system is able to maintain accuracy.   
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Figure 6 

 
The next piece of timing information that is extracted from this packetizing system is the relative timing 
between two channels.  Since all channel cards in the system use the same system timing, all of the 
packets are synchronized.  Therefore if channel 2 is a digital readout of a tone frequency and channel 1 
is an audio reproduction of the tone, a user at the receiver   sees the frequency value and hears the tone 
change at the same time. 
 
As mentioned previously, by providing each channel card with an SI pulse and having the card parse the 
data by SI pulses, the output is essentially in a packetized form.  By leaving the data in this package, 
each channel card maintains its independence from the other channel cards.  Therefore, if one channel 
begins to malfunction, the other channels in the system continue unaffected.  With each channel card 
operating at its own clock rate, the package size for each channel created in one SI period is different.  
Adding information about the packet size in the packet header helps keep the data organized at a 
minimal cost of overhead. 
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Figure 7 

 



Types of Data 
 
There are many types of analog signals.  With analog signals the more that is known about the signal 
being digitized, the more accurately it can be reconstructed.  Attributes such as the maximum and 
minimum extent of amplitude and frequency are important.  Since most analog signals are digitized 
using a continuous clock at a set sample rate, the receiver is able to reproduce the waveform knowing 
only the SI and the sample rate.   
 
 
Audio 
 
When an audio signal is packetized, a compression algorithm is applied to the signal to compress the 
data to reduce needed bandwidth.  The sample rate is typically twice the maximum frequency. Using this 
assumption eliminates the need to pass information about the data’s maximum bandwidth. The receiving 
circuitry knows where to set the low-pass filter without adding to the packets overhead. 
 
 
Video 
 
Another common signal type is video.  There are multiple types of information that must be transferred. 
The compressed video data must be transferred to the decoding module. The reference oscillator for 
reproducing the output frames of data needs to be reproduced as well as the frame rate. Any relevant 
status must also be passed on. If timing information is lost and the packets are not put back together 
properly, the resulting video becomes incoherent.   
 
 
PCM Data 
 
Reproducing PCM data is straight forward.  PCM data is collected as a stream of ones and zeroes.  Rate 
information is included in the acquisition process and passed to the output.  The data is shifted out at the 
same rate that it is received by the acquisition interface.  The output clock is dynamically adjusted to 
maintain the correct frequency at the output  
 
 
Discontinuous Data 
The most overhead is required when reproducing a discontinuous data stream such as MIL-STD-1553.  
The goal is to monitor and reproduce this type of data stream accurately.  MIL-STD-1553 data consists 
of 32 bit packets started by a reserved sync pattern.   The protocol is a command response system; data 
on the bus is intermittent.  When a command is sent, a device may respond with a 4 µsec delay, but the 
data associated with the response is continuous.  To achieve this, the data that occurs in an SI period 
must be packetized.  Each 32-bit data packet has 24 bits of data.  These 24 bits of data are converted to a 
48-bit data packet.  The extra bits are used to encode how much time has occurred between the SI, and 
the start of the packet.  Concurrent data is given a reserved value.  The extra bits are also used to encode 
what type of 1553 word is received.  Using 48 bits to send 24 bits of data is 50 percent overhead.  This is 
needed to maintain proper channel-to-channel skew. 
 



 
CONCLUSION 

 
Packetizing has been shown to be a very flexible and cost-effective way of transmitting data.  Almost 
any type of data can be fit into a packetizing scheme that allows data and time information to be useful 
for data transport and monitoring.  For most applications the amount of overhead is relatively small, less 
than 5 percent, allowing for the use of only one data link path, making the cost savings attractive. 
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ABSTRACT

Multiple receiver telemetry systems are common in the aeroballistics test and evaluation com-
munity. These systems typically record telemetry data independently, requiring post-flight data
processing to produce the most accurate combination of the available data. This paper addresses
the issues of time synchronization between multiple data sources and determination of the best
choice for each data word. Additional filtering is also developed for the case when all available
data are corrupted. The performance of the proposed algorithms is presented.
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INTRODUCTION

The United States military is a major employer of telemetry systems for test and evaluation
purposes. Such systems typically aquire data from various sensors, such as accelerometers,
magnetometers, and GPS, and then transmit that data from the projectile or moving body to
a ground station. The sensor readings are sampled and quantized for digital transmission. In
practice, the telemetry community relies on legacy PCM/FM systems [1,2], usually without any
channel coding or equalization. As a result of such a system, telemetry data are prone to bit
errors that must be dealt with.

To add redundancy, multiple receivers are used, which connect to antennas that cover different
portions of the projectile flight. This helps to compensate for problems an individual receiver



may experience. Multiple receivers result in multiple sources of the telemetry data. It is therefore
desirable to combine the multiple data files into one master file that represents the best possible
combination of the data. This results in many challenging signal processing problems which this
paper addresses.

The first problem associated with combining telemetry data from multiple sources is identifying
the same data across different sources. A receiver will use a time source to stamp each frame
with the time when it was received. Because of the ambiguity associated with these times, a
periodic counter is included within a frame to help identify that frame across multiple sources.
Section 2 discusses how this identification is made.

Once multiple sources are identified as having the same frame of data, it must be decided which
source of data to use for each word in the master. Since oversampling is largely employed, the
correlation between successive samples is utilized in determining which source contains the best
data. This method is explained in section 3.

Even with multiple sources for a word, the final choice for the master word may still be corrupted
by noise. Bit errors introduced by wireless channels result in unusual discrete noise densities
that depend on the number of bit differences between the transmitted and received symbol. An
error correcting methodology using a Bayesian estimate for this type of noise in conjunction
with an oversampling assumption is derived in section 4. The Bayes estimate allows a priori
information to improve the estimate.

TIMING

Frame counters or identifiers can be included with each from of data. These frame counters are
used to identify the same frame across different receivers. Letcframe be anNc bit counter(usually
the size of a word) that wraps to zero when it overflows. At a sampling frequency ofFs, the
counter repeats every2Nc(1/Fs) seconds. For typical sampling frequencies are∼3 kHz with
flight times of∼15 seconds, the frame counter is expected to overflow and wrap many times.
Each set of consecutive frames withcframe ∈ [0, 2Nc − 1] is called a major frame. Because
several major frames are transmitted, absolute time values cannot be determined withcframe.
A typical plot of cframe is shown in Fig. 1(a). Notice the received frame counter includes both
dropouts and erroneous values.

The first steps in using the frame counter to determine the time associated with a frame of
data is to identify and eliminate errors with the frame counter. To begin, assume the data is
received in the order it was transmitted. In other words, no frames are out of order. Therefore,
the correct form of the frame counter is assumed to be monotonically increasing except when it
wraps. The increase between successive samples may be greater than one if a dropout occurs.
Note that dropouts are capable of producing anycframe time series as well as the type assumed
here. However, high signal-to-noise ratio (SNR) implies a low probability of deviation from the
assumed form ofcframe. Also, received data that do not reflect the assumptions made here are
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Fig. 1. Frame counter example: (a)cframe, (b) b(n), (c), e(n), and (d)bf (n)

fundamentally useless. In order to detect errors incframe, a simple transform of the data and a
median smoother are employed.

Let n be a discrete time index for the received frames with 0 corresponding to the first frame,
and letb(n) equal the difference betweencframe(n) andn, therefore

b(n) = cframe(n)− n. (1)

The structure ofb can help identify errors. To see how, consider a plot ofb (Fig. 1(b)) for the
frame counter in Fig. 1(a). Notice that single errors in the frame counter are transformed into
impulses inb. Dropouts produce a positive step whereas wraps produces a negative step. Because
of the local monotonicity of the steps,b is invariant to a median smoother with a properly chosen
window length. To see this, consider the median smoother defined as

y(n) = median[x(n−N1), ..., x(n), ..., x(n + N1)]. (2)

The median operation sorts the samples by magnitude in the window of lengthNm, whereNm is
any positive odd integer, and selects the middle sample. The selection property is desirable since
the only possible outputs of the smoother are unsigned integer values. This eliminates the need
for any requantization of the outputs. If the samples in the window are monotonically increasing
or decreasing, the center sample in the window is the output of the smoother. Therefore, a
window is selected that is larger than an error run and smaller than time between local steps, a
median smoother will change the error points without changing the correct points.



The following algorithm is used to detect errors in the frame counter:

1) Computeb(n), using Eq. (1).
2) Smoothb(n) using a median smoother with a properly chosen window length.
3) Repeat step 2 multiple times, depending on the noise level.
4) Let bf (n) be the output of the last smoother (see Fig. 1(d)) and compute the difference

e(n) = b(n)− bf (n).
5) An error is expected to occur incframe(n0) if e(n0) 6= 0.

The output after each smoother stage will be invariant to additional smoothing if it consists only
of step functions that change slowly with respect to the window length of the smoother. Figure
1(c) shows the errore(n) in the example.

Because of the ambiguity due to multiple wraps in the frame counter, additional information must
be utilized in order to identify the same frame in different sources. Fortunately, most telemetry
receivers will use a reference time base such as GPS to stamp each frame with the time it
was received,tRX . Now consider howtRX relates to the actual time the data in the frame was
acquired,tTX . Define the time difference,

Ds(n) = tRX,s(n)− tTX,s(n), (3)

for each source,s, which is, in general, a function of the discrete time indexn. Ds(n) depends
on the relative positions of the receiver and the projectile. Therefore, different times are assigned
to the same frame across multiple receivers. However, if the time errors that result satisfy

Ds(n) ¿ 2Nc(1/Fs)

2
(4)

for all s, TRX can be used in conjunction with the frame counter to identify the same frame
across multiple sources. Reference times for all frames created in the master are then generated
with two parameters, the time of the first frame,t(0) and the sampling period,Ts, as

t(n) = t(0) + nTs. (5)

The parameters are computed as

Ts =
1

N − 1

∑

n∈S1

[tRX(n + 1)− tRX(n)], (6)

whereS1 is the set of all indexes such thatTRX(n + 1) andTRX(n) exist, and

t(0) =
1

N

∑

n∈S2

[tRX(n)− nTs]. (7)

whereS2 is the set of all indexes such thatTRX(n) exists.



CREATING THE MASTER WORD TABLE

After a master time base is created and the frames from each source that correspond to the
time points are identified, the master word table assembly can begin. When a frame of data is
transmitted, it is possible that all or most of the receivers receive the frame. With the timing
discussed in the previous section, specific data from each source as representing the same frame
can be identified.

Suppose there areNS sources with word tablesΦs1 , Φs2 , ..., ΦsNS
, and letΦs(n,w) denote the

wth word in framen from sources. An empty master word table,Φm, is now created with
frame times that span all the sources’ times. The elements inΦm must be generated for each
word in each frame as a function of all the data available:

Φm(n,w) = f({Φs1 , Φs2 , ..., ΦsNS
}) (8)

First, note that is it highly improbable for the transmission errors to change in exactly the same
way the same word in different sources. Therefore, the occurrences of the same word across
different sources can be exploited. LetQ(n,w) denote the mode (element that occurs the most
often) or set of modes (if a unique mode does not exist) defined as

Q(n,w) = mode(Φs1(n,w), Φs2(n, w), ..., ΦsNS
(n,w)) (9)

If there is only one mode, setΦm(n,w) = Q(n,w), otherwise, an additional criterion must be
used to choose from the set.

It will be shown is section 4 that the transmission noise is impulsive. As such, erroneous
data tends to be far away in magnitude from its true value. Also, sensor outputs are generally
oversampled, which produces highly correlated data. Thus, an erroneous datum tends to be far
away in magnitude from the words in neighboring frames. Therefore, the distance between the
word of interest and its neighbors in different frames can be exploited as a criterion for choosing
the master word.

Let dq be a distance metric for eachq ∈ Q(n,w). Φm(n,w) is then defined as

Φm(n, w) =
arg min

q
{dq : q ∈ Q(n, k)}. (10)

The square differences in magnitudes of neighboring points are used to calculate each distance
as

dq =
1

NSq

∑

s∈Sq

n+Np∑

k=n−Np

1

|n− k| [Φs(n,w)− Φs(k, w)]2 (11)

whereSq is the set of sources in whichq occurs,NSq is the number of sources in the set,Sq, and
Np is the number of neighbors to each side of the current word.Np = 1 provides good results in
high SNR. This step completes the building of the master word table with timing information.
Next, the individual words are filtered to eliminate any remaining errors.



DE-NOISING WITH BAYESIAN ESTIMATION

Even with multiple sources of word values, errors can still be present in the master. Therefore,
a filtering approach to denoise the word values is derived by analyzing the channel and methods
that generated the errors. This method is applicable when additional information about the data
is known a priori. The example considered here is when the signals are oversampled.

To begin, consider a binary symmetric channel (BSC) such that the outputz(n) is defined as

z(n) = x(n)⊕ y(n), (12)

wherex(n) ∈ {0, 1} is the input sequence to the BSC, andy(n) ∈ {0, 1} is an independent
and identically distributed sequence of Bernoulli random variables with parameterp = pe, the
bit error rate. The BSC models the effect of the wireless channel. The BSC is used to transmit
unsigned integer words or symbols that areM bits long. The words,a(n), are converted directly
into their binary representation, sent through the BSC, and the output of the BSC is converted
back to create the new output sequence,b(n). The combined system is therefore a discrete
memoryless channel (DMC) [3] that is completely described by a set of conditional probability
functions. The bit error rate of the DMC causes the symbols to change. The probability of
receiving anyb when a symbola is transmitted depends on the hamming distance ofa and b
defined as

d(a, b) =
M∑

i=1

αi ⊕ βi (13)

αi and βi are theith bits of a and b, respectively, and⊕ is the Boolean XOR or modulo-2
addition. It is possible to minimize errors using error correcting codes; however, many telemetry
systems do not employ coding because of hardware complexity. Bit Errors produced from this
model result in a very unusual conditional output probability density, which is now derived.

Given the input symbol to the previously described channel isa, the probability density function
(pdf) of the output,B, is

f(b|a) ≡ P (B = b|A = a) = pd(a,b)
e (1− pe)

M−d(a,b) (14)

where d(a, b) is the hamming distance betweena and b. Since each of the bits received are
assumed independent, Eq. (14) follows from that the fact thatd(a, b) bits change, andM−d(a, b)
bits remain the same in order for the channel to changea into b. Equation (14) is similar to
a binomial distribution, but no counting term is needed since only one possible combination is
accounted for. Figure 2 shows Eq. (14) for ana of 2047, 2048, and 2730,pe = 0.3, and the
number of bits per word equal to 12. Notice the densities are not symmetric or semi-monotonic.
The peaks or high points correspond to errors in only a few bits. That error may cause a large
change in the output if the bit is significant. Likewise, small changes in the output may require
more bit errors and are therefore not as probable.

If the data source was assumed memoryless, that is, each symbol generated is independent of
all the other symbols, a maximum likelihood estimate would be optimal [3]. However, such an
estimate would not change the received data since no a priori information is utilized. Therefore,
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Fig. 2. f(b|a) for different a when the number of bits per word is 12

a Bayesian maximum a posteriori (map) estimate approach is considered. In order to compute
the joint pdf ofa andb, the a priori pdf ofa must be determined. If the data are oversampled,
the current sample value should be very close to the preceding and succeeding sample values.
Therefore, the pdf of the input sample can be estimated as a Gaussian distribution with mean,

µ̂ = median[b(n−Np), ..., b(n− 1), b(n), b(n + 1), b(n + 2), ..., b(n + Np)] (15)

whereNp is the number of points to the left and right, and variance,σ̂2 equal to a constant that
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depends on the amount of oversampling. The map estimate is defined as

â =
arg max

a
f(a|b). (16)

In words, since the output,b, is known, the best estimate ofa is the one that is most probable
to occur givenb. Since,

f(a|b) =
f(a, b)

f(b)
, (17)

andf(b) is not a function ofa, maximizing the numerator of Eq. (17) is equivalent to Eq. (16).
Now,

f(a, b) = f(b|a)f(a). (18)

Substituting Eq. (14) into Eq. (17) and settingf(a) equal to a Gaussian density with parameters
(µ̂, σ̂2) yields

f(a, b) = pd(a,b)
e (1− pe)

M−d(a,b) 1√
2πσ̂2

exp

[
(a− µ̂)2

σ̂2

]
. (19)

The estimate is therefore,

â =
arg max

a
pd(a,b)

e (1− pe)
M−d(a,b) exp

[
(a− µ̂)2

σ̂2

]
. (20)

For implementation purposes, the first two factors in Eq. (20) are computed and stored for all
possible values while the exponential factor is computed at runtime. The estimate is computed for



eachΦm(n, w). Figure (3) shows the performance of the estimate for a sine wave contaminated by
the previously described channel withpe = 0.01. Notice that the median smoother is successful in
removing the impulsive noise but does not correct to the most probable values like the Bayesian
estimate.

PERFORMANCE

To demonstrate the effectiveness of the algorithms presented, a merge of three source files is
shown. Figure 4 plots an individual word generated by a sensor for each source and the master.
Notice source 1 has clean data but contains large gaps in the beginning and the middle. Source
2 does not have any large gaps but the noise increases with time. The data from source 3 have
many small gaps and a substantial amount of noise but contains some frames not present in
sources 1 or 2. The algorithm successfully merges all three sources to produce a continuous set
of data with no gaps and practically no impulse noise.
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CONCLUSION AND IMPACT

The problems associated with combining multiple telemetry data sources have been presented.
The previous algorithms are currently employed with the DFuze [4] telemetry system in several
US Army and Navy programs. The implementation of the algorithms replace several days of
“manual” processing with an program that runs in a few seconds. The proven methods result
in virtually error free master files despite substantial noise presence in the received data. The
algorithms presented here are completely general and can be applied to other applications with
multiple telemetry receivers.
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ABSTRACT 

 
Reduction of bandwidth for signal transmission is of paramount concern to many in the telemetry 
and wireless industry.  One way to reduce bandwidth is to reduce the amount data being sent.  There 
are several techniques available to reduce the amount of data.   This paper will review the various 
types of data compression currently in use for telemetry data and how much compression is 
achieved. 

 
KEYWORDS 
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INTRODUCTION 

 
Much of the data compression currently being used in telemetry is for image compression.  Color 
image data utilizing three components for color (with 8 bits for one component and 4 for the other 
two), and using a conservative 512 pixels per line, 512 lines per frame, and 30 frames per second 
yields about 125.83 M bits/sec.  Add to that more than one video feed, audio and telemetry data, and 
it is clear why the compression would be needed.   
 
A lot of work has been done in the imaging area to achieve some excellent compression rates – but 
these methods tend to be lossy (that is the image is not exactly what the original image was).  In 
many cases the error that is introduced is not noticeable.   
 
In this paper, several industry representatives were interviewed to determine what compression 
methods are currently being used in the telemetry area.  Results of these interviews and of some of 
the current literature are summarized along with the compression and latency of the techniques.  
Examples of how the compression techniques are being used will also be given. 
 

TELEMETRY COMPRESSION USAGE BY ITC VENDORS 
 
Upon surveying the vendors at the International Telemetering Conference (ITC) at Las Vegas in 
October 2003, it can be seen (in Table 1) that most of the data compression currently in use for 
Telemetry is in the video area.  Those who indicated video or image compression are mainly using 
the MPEG (or a form of MPEG) for the compression.   
 



Company 
[1] 

Is data 
compression 

used? 

Type of comp application 

Raytheon (Tucson) Yes erice, variable length packets, 
dither, broadband 3 MSB 

Data 

Delta Yes MPEG-2 digital video 
PSL yes wavelet flight video 
L3 Yes wavelet, PK-zip (not 

implemented yet) 
image 

Redstone Yes JPEG image 
Lincoln Labs Yes JPEG 2000 MFAS (seeker) 

AMPOL Yes 3 to 1 data, video MPEG II recorder 
General Dynamics Yes LZ-O Sensor, climate, archiving at 

receiver end 
Integral System yes custom storage, recorder 

AP labs Yes JPEG video 
EMC2 yes MPEG video 

Enerdyne yes IRIG 210, MIPEG, MPEG2 video 
Enertec America yes MPEG video 

Heim Data Yes MPGE-2 video 
WSMR Yes MPEG IV video 
Marconi Yes MPEG, Parabit video, data comp. 

ACRA control Yes MPEG-2, CVSD, IRIG 106 video, voice 
Apogee Labs yes µ law voice 

Qualcom Yes  voice 
Seimens Yes  voice 

JPL & NASA Yes ICER,LOCO, eRice, szip Video, images, data, data 
archiving 

Avtec Systems Yes   
CMC Electronics Yes wavelet  

ITS yes video  
Tybrin Yes   

Veridian Yes   
Astro-Med none   
BeloBox None   

Edward's AFB None   
Eglin AFB None   

Emhiser Research None   
ENDEVCO none   

Herlex none   
J-Tech None   

M/A Com none   
NavAir None   

Nova Engineering None   
RSS None   
SBS none   

Spiral Technology None   
Symnetricom None   

SYPRIS none   
TSI None   

 
Table 1:  Vendor response at October 2003 ITC  [1] 



SUMMARY OF COMMONLY USED TELEMETRY COMPRESSION TECHNIQUES 
 
The ITC vendors indicated several different types of compression techniques.  These techniques are 
summarized below: 
 
CVSD:   Continuous Variable Slope Delta modulation.  This is a method of  

digitizing a band-limited audio signal.  It consists of a 1 bit analog-to-digital 
converter encoding an incremental increase (as a one) or decrease (as a zero) in signal 
amplitude into a serial bit stream. [2] 

 
Erice/ szip:   This data compression technique consists of two parts – the preprocessor,  

and the adaptive entropy coder.  The pre-processor uses a predictor (previous frame, 
previous image, previous sample, no prediction, or another prediction input by the 
user) to decorrelate the data.  The data is then coded in a variable length entropy code.  
More information on this technique can be found in Chapter 16 of [3].  This is a 
lossless technique. 

 
ICER:   ICER is an image compression technique.  It was developed by the Jet  

Propulsion Laboratory for the Mars Exploration Rover.  It is a wavelet-based image 
compressor designed for use with the deep-space channel.  It can perform lossless or 
lossy compression of images.  The transformed images are then coded using entropy 
encoding to compress the bit sequence.  [4,5] 

 
IRIG 106:   This is an IRIG (Inter-Range Instrumentation Group) Digitized audio  

telemetry standard.  This standard uses CVSD to digitize an audio signal and then 
inserts this coded data into a pulse code modulated stream for transmission. [2] 

 
IRIG 210:   This is an IRIG standard for the digital transmission of monochrome  

television images.  This standard utilizes the HORACE protocol.  The HORACE 
protocol uses a delta modulation (differencing of pixels) in the horizontal direction.  
This standard also allows selection of subsampling or pixel stagger to help reduce the 
amount of data sent.  [6] 

 
JPEG:   Joint Photographic Experts Group (JPEG) uses the Discrete Cosine  

transform to achieve compression.  Truncating the number of terms of the transform 
to recreate the image allows for sizable compression.  This results in a lossy 
compression.  This committee was founded by the ISO and CCITT. [7] 

 
LOCO:   Low Complexity Lossless Compression.  This technique applies  

autoregressive prediction models, Golomb codes and runlength codes to achieve 
compression. [8] 

 
LZ-O:   The Lempel-Ziv codes are dictionary based codes, where the dictionary is 

sent as the code is generated.  For more information on the LZ algorithms see [7], for 
a brief history/summary of the techniques, see [3]. 

 



MPEG:   Moving Pictures Expert Group committee developed this standard as part  
of the International Standards Organization (ISO), and Consultative Committee for 
International Telegraph and Telephone (CCITT) efforts to find compression 
techniques for images and moving images. [7]  MPEG is “a working group of 
ISO/IEC in charge of the development of standards for coded representation of digital 
audio and video. Established in 1988, the group has produced MPEG-1, the standard 
on which such products as Video CD and MP3 are based, MPEG-2, the standard on 
which such products as Digital Television set top boxes and DVD are based, MPEG-
4, the standard for multimedia for the fixed and mobile web and MPEG-7, the 
standard for description and search of audio and visual content. Work on the new 
standard MPEG-21 "Multimedia Framework" has started in June 2000. So far a 
Technical Report and two standards have been produced and three more parts of the 
standard are at different stages of development. Several Calls for Proposals have 
already been issued. The algorithm then uses block-based motion compensation to 
reduce the temporal redundancy. Motion compensation is used for causal prediction 
of the current picture from a previous picture, for non-causal prediction of the current 
picture from a future picture, or for interpolative prediction from past and future 
pictures. The difference signal, the prediction error, is further compressed using the 
discrete cosine transform (DCT) to remove spatial correlation and is then quantized. 
Finally, the motion vectors are combined with the DCT information, and coded using 
variable length codes.” [9] 

 
PKzip:   This compression technique uses the Lempel-Ziv 77 compression  

algorithm [7].  The Lempel-Ziv 77 is a dictionary based code.  There are several 
Lempel-Ziv codes with various modifications dealing with length of the dictionary, 
the window used to generate the words, etc.  This is a lossless code. 

 
PSD:    This method takes the Fourier Transform of the data, and transmits only 

the transform coefficients.  If all coefficients are transmitted, the process is lossless, if 
some are not sent, then this becomes a lossy technique. [10, 11] 

 
µ Law:  “A companding operation compresses dynamic range on encode and  

expands dynamic range on decode. In digital telephone networks and voice modems 
(currently in use everywhere), standard CODEC chips are used in which audio is 
digitized in a simple 8-bit µ-law format (or simply ``mu-law''). Given an input sample 
x(n) represented in some internal format, such as a short, it is converted to 8-bit mu-
law format by the formula: 

 
where Q µ is a quantizer which produces a kind of  logarithmic fixed-point number 
with a 3-bit characteristic and a 4-bit mantissa, using a small table lookup for the 
mantissa.” [12] 

 
Wavelet: A wavelet transform of data (usually image data) is a linear transform of 

the data “designed to decorrelate the images by local separation of spatial 
frequencies.  The transform decomposes the image into several subbands, each a 



smaller version of the image, but filtered to contain a limited range of spatial 
frequencies.” [4] 

 
APPLICATIONS AND COMPARISONS 

 
Some comparisons have been done between compression techniques.  The Compression ratio will 
defined as:   
 
CR= (original data size)/ (coded data size, average length).   
 
The larger the CR is, the better the compression.  If  CR=2 that would mean that the reduced file is 
half the size of the original file. 
 
In Gary Thom and Alan Deutermann’s work [13], comparing JPEG, and wavelets for single frame 
compression, both techniques yield visually lossless quality compression at compression rates of 10 
to 20.  At visually noticeable losses (acceptable video conferencing imaging), compression rates of 
1000 can be reached.  With inter-frame compression techniques, comparing MPEG-1 and MPEG-2 
both give visually lossless results at compression rates of 10 to 20.    Using lossy techniques with 
MPEG-2 will yield a low latency method for compression although no latency times were given.  
There is a trade-off between loss and latency.  MPEG-1 was developed for data storage and so is not 
appropriate if latency is a concern. 
 
The Rice Algorithm has already been used for data compression on several missions.  Some of the 
projects that have implemented the Rice algorithm are:  SERTS-07 (sounding rocket), CASSINI for 
NASA, ROSETTA for ESA (European Space Agency), and COBRA for the DOE [14].  It has been 
used on many other projects as well, see [14] for a more complete list. 
 
Some of the specific applications and techniques are given in Table 2.   
 
 

CONCLUSIONS 
 
Compression is currently being used and used well for telemetry.  Many of the techniques have been 
used for some time, but have not received much recognition.  There are still concerns regarding the 
effect that errors have on the data.  Many of the techniques either use channel coding or transmit 
partial packets so that recovery can be made if an error occurs. Compression can reduce transmission 
bandwidth by reducing the amount of data to be sent.  It can also reduce the amount of storage 
required for the data.  Data compression is a viable option for telemetry systems. 
 



 
Compression 

Technique 
Where the 

compression is used 
Compression,  

CR 
Latency 

Thematic mapper/ 
Landsat Images 

1.83 1 unit delay 
(unit is a sample) 

Heat Capacity, 
mapping radiometer 

2.19 1 unit delay 

Wide field camera, 
Hubble Telescope 

2.97 Unit delay using a 
horizontal line 
direction 

Soft X-ray solar 
Telescope 

4.69 1 unit delay 

Goddard High 
resolution 
spectrometer 

1.64 
1.72 

1 unit delay 
1 spectra delay 

Gamma Ray 
Spectrometer on 
Mars observer 

>20 
28 

No delay 
1 trace delay 

Rice/szip [15] 

MODIS real sensor 
data, transmission 
and storage of data 
[16] 

2.8 71.6 sec on 
300MHz Pentium II 
2.744 M bits 

ICER [4,5] Image data, Mars 
Exploration Rovers 

10.6 4 to 5 µ sec on a 
20MHz RAD6000 
with VxWorks OS 
761.856 K bits 

LOCO [4,5] Image data, Mars 
Exploration Rovers 

1.9 4 to 5 µ sec on a 
20MHz RAD6000 
with VxWorks OS 
761.856 K bits 

PKZip [17] Advanced Range 
Telemetry PCM 
data sets 
differencing the 
major frames 

1.5 to 17.5 1 frame delay 

 
Table 2:  Summary of Compression and Latency Values 
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ABSTRACT 

 
To enhance the production management of the rod-pumped wells in the oil field, using a high 
performance single-chip as the processor, a field monitor system based on GPRS is researched and 
developed. In the paper the hardware design and software design are expatiated, the sampling 
frequency and determination rules for the running state are analyzed, the rational communication 
protocol is designed to ensure the reliable message transmission and reduce the communication fees. 
In the end the field monitor system is successfully implemented and verified in practice, part of data 
transmission result is illustrated. 
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INTRODUCTION 

As an important part, some rod-pumped wells locate widely and are out of the way in the oil field. 
Monitoring those pumping units by manpower is low efficient and unsafe. With the PC/104, PLC or 
DSP as the central processor, some existing field monitor system acquires the data and transmits by 
radio station. In this way, communication establishment need to be built. From the view of the oil 
producer, a field monitor system of high efficiency, low cost and easy to use is necessary. Based on 
what introduced above, with the single chip C8051F020 produced by Silicon Lab Corporation as the 
processor, a field monitor system based on General Packet Radio Service (GPRS) is designed and 
implemented practically in the paper. 
 
 

THE SUMMARIZE OF WHOLE MONITOR SYSTEM BASED ON GPRS 

As the upgrade of the GSM network, GPRS, so-called 2.5G, enable the data to be sent and received 



in packet mode, especially suit for transmitting the bursting data, which has the characteristics such 
as short establishing link time, high data transmitting rate, charging according to the bytes amount, 
being on line forever (namely keeping attach with communication network at any moment) and so 
on[1][2]. The communication distance being not restricted in the signal coverage, a remote supervision 
system can be implemented by making use of the GPRS data service. What is worthy of being 
mentioned is that the communication network needs no maintenance form the subscribers. 
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figure 1 the constitutes of the whole monitor system for rod-pumped oil wells based on GPRS 
 
The whole rod-pumped wells monitor system based on GPRS is composed of the field monitor 
system, the communication network and the supervision center, as illustrated in the figure 1. 
Through sensors the field monitor system can acquire not only rod load, oil pipe pressure and 
temperature, but also the fifteen parameter of the motor such as voltage, current, power, total power 
consumption and so on. The data transmission process as follows: firstly the monitor system 
establishes the wireless communication link with the supervision center, sets the destination IP 
address and PORT number, secondly the acquired data is encapsulated into the IP packet and send 
out, then passes through the GPRS network, comes to the GPRS gateway, thirdly the data is received 
by the supervision center through the INTERNET or VPN, at last the data is resumed and plotted 
into dynagraph card and motor parameters (current, voltage, power etc.) curves in a stroke according 
to the stroke message and rod-pumping unit motion model. With the messages being transmitted in 
the reverse way, the supervision center can also send the control command such as starting machine, 
stopping machine and so on.  
 
 

THE HARDWARE DESIGN OF THE FIELD MONITOR SYSTEM 

The field monitor system comprises of sensors, the single-chip C8051F020, NVRAM, serial E2prom, 
GPRS module, clock chip and power, illustrated in the figure 2. The pressure sensor and temperature 
sensor separately is used for measuring the oil pipe’s pressure and temperature, Rod load sensor for 
the oil rod load, NVRAM for saving the acquired data, E2prom for saving the set parameters such as 
the supervision center’s IP address, pressure limited value and so on. Having RS485 interface, motor 
parameters module can measure the parameters of the motor such as voltage, current, power etc. 
Because separate data means nothing, the most import is the position sensor, by which the limited 
point in down stroke of the rod-pumping unit can be detected and a stroke cycle is ensured. 
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figure 2 the hardware constitutes of the field monitor system 

As the center of the system, integrated with one 12 bit AD converter[3], one multiplexer, 4K BYTE 
RAM, 64K BYTE flash program memorizer, 5 timers, the single-chip C8051F020 can reach the 
high process rate at 25MIPS, whose high performance enable the realization of leaving out the 
extended circuit and small circuit board size. The serial port 0 of the C8051F020 connects with the 
GPRS module produced by MOTOROLA, correspondingly the serial port 1 with the motor 
parameters module through the MAX485 chip. 
 
Consisting of AC/DC and DC/DC two parts, the power unit outputs two isolated DC voltages and 
supplies the sensors and single-chip related part. One magnetism-ball conjoins the two parts’ power 
ground. If the field power supply is higher than the common industry supply, a transformer is 
needed to lower the voltage. 
 
 

THE SOFTWARE DESIGN OF THE FIELD MONITOR SYSTEM 

The software of the field monitor system is designed in modular way, which consists of data 
acquisition, data storage, communication with the supervision center, command processing, 
diagnosis, etc. The system run as follows: after powered on, read the set parameters saved in the 
E2prom, establish the wireless communication link with the supervision center, begin to acquire the 
data, save all the data acquired during a stroke into the NVRAM, total stored data are in 3 strokes 
and refreshed in turns, every one minute send the oil well state message to the supervision center, 
and only one time in a day send out all data in a stroke. The field monitor system can also receive 
and execute the command form the supervision center, The data acquisition and receiving of the 
serial port run in interrupt way. The main flow chart shows as figure 3.  
 
Sampling frequency 
The parameters of the rod-pumping unit change slowly during a stroke cycle. Analyzed form the 
practical data, one hundred and fifty data points during a stroke can fulfill plotting the dynagraph 
card, one hundred data points of the oil pressure and temperature during a stroke is enough for 
getting a average value. So the sampling frequency of the rod load, oil pipe pressure and oil pipe 
temperature differs according to the rod-pumping unit’s strokes per minute (SPM). The data gotten 
form the motor parameters module is refreshed at 5Hz, thus the sampling frequency of motor 



parameters keeps 5Hz, sampled data points varies corresponding to the rod-pumping unit’s SPM. 
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figure 3 the flow chart of the system software 

 
Determination rules for running state 
The oil pipe pressure, oil pipe temperature and the rod load are the most important supervised 
objects. The rod load can be shown by the motor power. Besides, to ensure the system run stably, 
the abnormal states of the sensors and the memorizer should also be detected. In all, the abnormal 
states and corresponding determination rules are shown in table. 
 
Table 1: the abnormal states and corresponding determination rules 

Item determination rule 
Pressure alert The average pressure in a stroke goes beyond the set pressure value 
Temperature alert The average temperature in a storke goes beyond the set temperature value 
Rod load alert The average power in a stroke goes beyond the set power value 
Motor parameters module failure No response to the command within 3 seconds 
Pressure sensor failure The pressure dispersion between the maximum and the minimum in a stroke goes beyond the set value 
Rod load sensor failure The rod load dispersion between the maximum and the minimum in a stroke goes beyond the set value 

 
 
Communication protocol 
The wireless communication link between the field monitor system and supervision center is 
established according to Point to Point Protocol (PPP)[4]. Although TCP can afford reliable data 
transmission, restricted by the single-chip’s resource, data is transmitted in UDP. Having gotten the 
IP address assigned by the GGSN and established the communication link, the field monitor system 
can transmit data to the supervision center. The data to be send is encapsulated in the UDP packet 
according to the UDP data format[5]. To ensure reliable data transmission, the receiver must response 
with acknowledgement. The transmitted data content format as follows: 
 
Table 2: Sent data format 

Command type (1byte) Data Length (1byte) Data content (n bytes) Checkout(1byte) 
 
Table 3: Respondence data format 

Result (1byte) Data Length (1byte) Data content (n bytes) Checkout(1byte) 
 
If there is no response within 10 seconds, the sender will resend the message. The communication 
link will be quitted and established again by the field monitor system on condition that the resending 
times goes beyond 3 times. 
 



In order to reduce the communication fees, the data in one stroke is only transmitted to the 
supervision center a time in a day. The running state data is send to the supervision center every one 
minute, which consists 3 bytes corresponding to the “Data content” part in table 2, the first two 
bytes denotes the oil well number, when normal, the third byte is 0x00, when abnormal, the third 
byte is 0x1xxxxxxx (the low 7 bits denotes abnormal message).The oil well’s running state keeps 
almost invariable in a day, thus transmitting the data message in the way described above is rational.  
 
 

CONCLLUSION 

 
 

figure 4: a dynagraph card in a stroke plotted according to the data transmitted by the field monitor system 
 

The field monitor system in the paper has successfully and stably run and been verified in the oil 
field with reliably data transmission. Figure 4 shows a dynagraph card in a stroke of one 
rod-pumped oil well plotted according to the data transmitted by the field monitor system. Future 
work can be done on the implementing of the operation system suitable for the single-chip, and the 
further verification of the failure characteristic for the sensors. In sum, the data services of GPRS 
has a more promising future in the oil field remote monitoring with the GPRS network further 
perfected and developed. 
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ABSTRACT 
 

In this paper, we develop a method for achieving high precision of time and frequency 
synchronization among multiple base stations in GPS system. We first describe the basic theory of 
timing and frequency checking, and then analyze several error sources which influence the 
precision of time and frequency synchronization. Furthermore, we derive explicit formula for 
calculating the precision of time and frequency. Tested results have indicated that our method can 
indeed achieve very high time and frequency precision.  
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Ⅰ. INTRODUCTION 
 
In a single-direction multiple base station distance-determining system, the error of the sample time 
taken to calculate distance parameter by each base station will be multiplied by light speed and then 
directly brought into the distance calculation, becoming the major error affecting the final results. 
Therefore, to keep high precision of time synchronization is demanded to allow each base station to 
be able to describe the target’s moving characters on the same time standard, in order to compare or 
jointly process the data to improve the precision and reliability (ref.[1][2]). There are several 
methods in application to synchronize time in us grade, as long-wave, short wave, satellite time 
checking system, etc. New methods are required to improve the precision of the system to ns grade.  
 
In application, in order to realize the time synchronization between two base stations, the well 
applied method is to regularly check the local clock and then let it keep the correct time. Errors of 
time synchronization appear in two phases: time checking and time keeping. Time checking is the 
process to keep the local clock synchronizing with a received standard time signal by continuously 
compensating the local clock through a control circuit. The time checking process is actually a time 
measuring process. Errors in time checking come mainly from the receiving noise in the transit of the 
standard time signal and the remaining time difference by controlling compensation. There are a few 
ways to realize ns-grade time synchronization of the system, like the atom clock transport time 



 

 

checking, microwave bothway transmit time checking, optical fiber bothway transmit time checking 
and GPS, etc. Another problem is to keep the frequency synchronization. The major errors appearing in 
single-direction time measurement are the aircraft carried frequency error and the ground base 
frequency coordinate error. In this paper, we first explain how to use GPS to realize high precision 
time and frequency control, and then analyze the achievable time and frequency precision through 
calculation. 

 
 
Ⅱ. HIGH PRECISION TIMING AND FREQUENCY CHECKING METHOD WITH GPS 

 
In this paper, we hypothesize a composition of four base stations that form a ca. 30x30km square. 
The measurement target passes by the center point of the square. In each base station a GPS timing 
and frequency checking receiver is set up to receive signals from the same high elevation GPS 
satellite in order to measure the distance between the GPS satellite and the receiver at the moment of 
the sample time, to make sample time coordinate through calculating the time parameter in the GPS 
system at that moment and to calculate the relative difference between local frequency coordinate 
and the GPS signal frequency (ref.[3][4]). Less the Doppler frequency, this difference will be the 
after modification to modify the target frequency amplifier receiver’s Doppler value to measurement 
target, thus to achieve time and frequency synchronization among different base stations. The 
relation between the GPS receiver and the other facilities in the system is shown in fig. 1. 

 
In fig.1, the time encoder is used to produce sample time-sequenced pulse sequences and gather 
pseudocode tracking data and carrier Doppler data received by GPS receiver and multiple targets 
receiver. Sample pulses of time encoder are generated by independent clock. Calculating the 
difference between local time and GPS system time and correcting it in the later data process, 
sample data from each base station can correspond to the unified GPS system time. Meanwhile, we 
calculate the difference between downlink signal frequency received by GPS receiver and its 
nominal frequency to get a frequency difference on frequency coordinate of 10MHz. So we can 
modify the measurement data of target’s Doppler frequency to eliminate the relative error in 
frequency standard used to measure speed between base stations. 

 

LNA DFC GPS 
Receiver 

Frequency 
Synthesizer   

DFC 

Time 
Encoder

Spread 
Spectrum 
Receiver 

10MHz Frequency 
Scale 

D
ata recorder and processor LNA 

GPS 
Satellite 

Measurement 
Target 

Synchronization 
Signal 

Sampling Time Pseudo 
Range 

Sampling Time 
Frequency

Sampling  
pulse 

Fig1.  GPS Timing And Frequency Checking

Sampling Time Target 
Pseudo Range 

Sampling Time 
Target Frequency



 

 

A. GPS Timing Principle 
 

The timing receiver receives GPS satellite signals to get GPS system time, and then compares it with 
the local clock, achieving the time difference between the local clock and GPS system time (ref.[5]). 
The relation of user’s clock time, satellite clock time and GPS system time is shown in fig.2. 

 
In Fig.2, 
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GPS is the GPS time corresponding to the moment of sending the signal;    
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sv is the GPS satellite time corresponding to the moment of sending the signal; 
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Uis the station local time corresponding to the moment of receiving the signal; 
tr

GPS is the GPS time corresponding to the moment of receiving the signal;    
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sv is the difference between GPS time and GPS system time; 
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sss ZYX ,, is the position coordinate of GPS satellites; 

jjj ZYX ,, is the position coordinate of the measurement station; 

210 ,, aaa  is the revise parameter of the satellite clock;  
t  is the satellite sending time; 

oct  is the reference time of the satellite clock revise parameter; 

GDtΛ  is the channel time delay of GPS receiver; 

rtΛ  is the revise term of the principle of relativity; 
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c is the speed of light; 
τ  is the epicheirema error, ionosphere and troposphere error, measurement station address error, 
multi-path effect error and receiver noise error. 
 
From (1), (2) and (3), we can get the deviation between user clock and GPS system time. 
 
B. GPS Frequency Checking Principle 

 
At the same time of getting time sampling, we can get GPS satellite carrier Doppler s

df~  from the 
output of the GPS receiver carrier tracking loop, and can get its relation with the local frequency 
scale. 
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Therein,  
s

df~  is the carrier Doppler measurement value at the sampling time;  
sf 0  is the standard frequency of the GPS satellite; 
s

df  is the carrier Doppler shift at the GPS satellite sampling time; 
M  is the frequency conversion times between ground frequency scale and satellite standard 
frequency; 

uf 0  is the ground frequency scale; 
uf 0∆  is the deviation of the ground frequency scale; 

fη is the Doppler measurement error of the GPS receiver.  
And  
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We can get sf 0  from the epicheirema of the GPS system time corresponding to the receiver output 
sampling time, and the receiver accurate position. Then we can get the measurement station 
frequency standard deviation and put it in downlink receiver carrier Doppler data to modify. 
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dijf  is the target carrier Doppler shift outputting from the target receiver at the sampling time; 
mf 0  is the nominal frequency of the airborne frequency scale, 
m

dijf  is the actually Doppler shift at the sampling time; 
N  is the frequency transfer coefficient between ground frequency scale and the airborne nominal 
frequency; 

fη′  is the Doppler measurement error of the target receiver. 
um Nff 00 = (8) 

From formula（4）（5）（6）（7）（8）, we can get,  
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Ⅲ. ANALYSIS OF THE PRECISION OF TIME AND FREQUENCY 
 

A. Analysis of time precision 
 
Through the analysis above we know that the satellite clock time error in each base station is the 
same since each base station receives signals from the same satellite, therefore the errors will not 
affect the time synchronization among base stations. Meanwhile τ  relates to the distance to the 
satellite from each base station and to the characters of the receiver set up in each station. Each 
station has a different τ . Therefore, it is τ  that affects the time synchronization among base 
stations. Referring to the base station distribution of multiple targets measurement system, in this 
paper we hypothesize a composition of four base stations that form a ca. 30x30km square and 
analyze the affect of each error source to time synchronization among base stations. 

 
(1) The Effect of The Epicheirema 
 
Although each station receives the same satellite’s signal, the path from the satellite to station is 
different; therefore the effect of epicheirema error to the timing of each station is different. The 
difference is related to the distance between two stations. Let’s hypothesize the epicheirema error has 
the same part in geocentric coordinate system 
 
(2) The Effect of Ionosphere 
 
The signal will suffer from refraction, time delay and attenuation effects when it propagates through 
ionosphere. These effects of ionosphere lie in the electron integral density of the propagation paths. 
The electron integral density is related to the position of measurement station, measurement season, 
and measurement time and satellite elevation. For single frequency users at middle latitude district, it 
can use below formula to modify by eight ionosphere revise parameters in satellite navigation 
message.  

( )2 49

9

5 10 1 1.572 24
5 10 1.57

X XF Y X
t

F X

−

−

  × + − + <   ∆ 
 × × ≥

ionosphere＝  

therein,  
( )353.0161 EF −+=  

( )
P

tX 504000 −=  





<
≥Φ+Φ+Φ+

=
00

03
3

2
210

Y
Y

Y mmm αααα
 







≥Φ

<
= ∑

=

3

0

72000

7200072000

n

n
mn P

P
P β  



 

 

t is GPS time; 
mΦ  is the geomagnetism latitude (°) of the ionosphere geo subpoint, it is related to position of the 

measurement station and the elevation of the satellite relative to the measurement station. 
 
From these formulas, we can estimate the effect of the ionosphere on each measurement station when 
the ionosphere influence is great. 
 
If the distance between four stations is near enough that the ionosphere path is very similar, the 
integral electron density is equal, and then the effect of ionosphere on the time delay of four stations 
can be ignored. 
 
(3) The Effect of Troposphere 
 
The influence of troposphere to the signal transmitting is very complex. We can only adopt the model 
to modify. The time delay corresponding to the troposphere can be looked as the function of the 
altitude of the station, the altitude angle of the satellite and ratio of refraction. In this paper, we can 
adopt the simplified model as following:   
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Just as the ionosphere’s effect, the effect of troposphere on the time delay can be ignored. 
 
(4) The Effect of Station Address Error 
 
Measurement station address error is related to the method of geodetic measurement. If the 
difference GPS positioning method is adopted, the error of middle and short base line is below 1.5m. 
If the GPS double frequency geodetic fix meter and code absence technique is adopted, the 3D 
positioning precision is better than 1cm. Since the distance between four stations is short, the relative 
positioning precision can be very high, the error arises by the station address can be also ignored. 
 
(5) The Effect of Multi-Path 
 
The effect of multi-path can be divided into two groups: scatter multi-path fading and reflection 
multi-path fading. The former is because that the signal passes through random medium which will 
make the signal scatter into lots of similar beams. Each beam transmits along its own path, which can 
bring the different fading and phase shift; the latter is because that the reflect bodies near the receive 
antenna can reflect back to the antenna. The effect of reflect multi-path is related to the type of the 
receiver, the structure of antenna, the directional pattern of antenna and the environment of the 
antenna erection. For the correlation GPS receiver, the error can be restricted below 5ns if above 
mentioned conditions are satisfied. To the time synchronism between stations, the effect of 
multi-path can not be eliminated. 
 
(6) The Effect of Receiver Error 

 
Receiver error can be divided into system error and random error. System errors include the variance 
of the receiver group delay and check-zero residual error. The fix time delay of the receiver channel, 
including the time delay of antenna and cable, can be measurement in the factory, or ban be got 



 

 

through checking zero. The fix error can be acted as the equipment zero value and eliminated by 
software. Since it is not consistent between the receiver channels, the errors between the channels 
still exist after the zero value is eliminated. This error directly affects the synchronization precision. 
The channel error between two stations can be controlled within 8ns by adopt the high-powered RF 
elements and increase the intermediate frequency sampling rate. The random error mainly comes 
from the pseudo range measurement noise. Its value is related with the SNR, bandwidth of the 
equivalent loop single band noise, bandwidth of code correlator. It can be got from:  
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therein ,  
 

tσ is the variance of the measurement noise; 
α is loss factor; 

nB is bandwidth of the equivalent loop single band noise;  

eB is the bandwidth of code correlator; 

cT is bandwidth of code-element; 
NS / is the ratio of signal to noise. It can reach 43dBHz if the high gain directional antenna is 

adopted and track the satellite with the high elevation.  
 
In order to get specific numerical value, in this paper, we choose some experience value. α is 0.8, 

nB is 0.15Hz， eB  is 1kHz， cT  is 977.5ns，then we can get: 
nst 51.2=σ 。 

To the synchronization between the stations, the receiver error is difficult to counteract. 
 
Sum up, the factors which bring the timing error is composed of three parts: 
 
Multi-path effect error: 5ns; 
Receiver noise: 2.51ns; 
Receiver channel time delay: 8ns. 
 
Then we can get the time synchronization precision between stations is better than 9.76ns. 
 
B. Frequency Checking Precision 

 
From (6), we can get that the measurement error of uf 0∆  mainly comes from the carrier Doppler 
error fη of the GPS downlink signal and estimation error of the Doppler s

df at the GPS satellite 
sampling time. 
 
Doppler Measurement Error of GPS Signal  
 
This error is from the receiver thermo-noise, when we use three order COSTAS loop to track the 
carrier signal, there will be: 
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C is carrier to noise ratio of the GPS receiver input signal  

nB is the bandwidth of the equivalent loop single band noise; 
α is loss factor; 

eB is the bandwidth of code correlator; 

nB′  is bandwidth of the back loop filter. 
 
In practical system, 
 
 

0N
C is 43dB; 

nB is 5Hz;； 
α is 0.8; 

eB is 1kHz; 

nB′ is 2Hz. 
 
Then we can get: 
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The corresponding speed measurement error is sm
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Carrier Doppler s
df Estimation Error of GPS Satellite Signal 

 
This system realizes the frequency checking through GPS signal. In (4), s

df is the GPS signal carrier 
Doppler nominal value of the receiver, so in the theory, it will cause the s

df estimation error during 
the process of GPS signal generation and transmission, and then it will cause the frequency checking 
error. It will be including: 
 
(1) GPS Satellite Frequency Scale Error 
 
GPS satellites adopt atomic frequency standard and quartz oscillator, it guarantees that the precision 
is higher than 10－13, so this error can be ignored. 
 
(2) The Propagation Path Error 
 
From the analysis of the timing precision, we can conclude that this error is related with ionosphere 
error, troposphere error, station address error, multi-path error and the receiver time delay error. All 
these errors are slow changing and small, so they have little influence on the Doppler frequency. This 
error can be ignored.    



 

 

 
(3) Epicheirema Error 
 
From  
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can get that s
ijR  estimation error is caused by position error sx∆ , sy∆ , sz∆  and speed error sx∆ , 

sy∆ , sz∆  from the epicheirema. Commonly, position error of the epicheirema is better than 3m, 
speed error is better than 0.003m/s, station address error can be ignored. 
 
From (10), we can get: 
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Suppose that: 

sx∆ , sy∆ , sz∆ , statistics independent, obey ( )rσσ ,0 ; 

sx∆ , sy∆ , sz∆ , statistics independent, obey ( )vσσ ,0 . 
Then  
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R R
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22
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2 σσσ +

−
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( ) ( ) ( )222

jsjsjsS zzyyxxV −+−+−= is module of the velocity vector from GPS satellite to 
measurement station, it is about 4000m/s; 

( ) ( ) ( )222
jsjsjs zzyyxxR −+−+−= is the distance from satellite to measurement station.  

R is radial velocity from satellite to measurement station. To high elevation, R is far less than SV . 
From above parameters, we can get: 

sm
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22
2 =+

−
= σσσ . 

 
Sum up, the frequency checking error using GPS is mainly from receiver noise error and epicheirema 
error. For the different frequency carriers, we can get specific frequency precision and relative error. 
 
 

Ⅳ. CONCLUSION 
 

We have introduced in this paper a method to achieve high precision time and frequency using GPS. 
The detailed timing and frequency checking method is described, and the sources of errors that affect 
the precision of time and frequency are analyzed. Theoretically we have developed formula of the 



 

 

precision of timing and frequency checking in the system, and with detailed data we have displayed 
the precision of time and frequency that the system is able to reach. 
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ABSTRACT 
 
Off-line software based signal analysis can be a valuable tool for detailed examination of transmitter 
signal characteristics. This paper describes the Advanced Range Telemetry (ARTM) Constant 
Envelope (CE) offset quadrature phase shift keying (OQPSK) modulation analyzer. It was developed 
expressly for evaluation of FQPSK-B1, FQPSK-JR and shaped OQPSK transmitter signals. 
Rationale for its creation, underlying assumptions, computation methods, and examples of its data 
products are presented.  
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FQPSK-B, FQPSK-JR, SOQPSK-TG, software receiver, modulation analyzer 
 
 

INTRODUCTION 
 
In 2004 the United States Department of Defense (DoD) Range Commander’s Council added 
FQPSK-JR [1] and SOQPSK-TG modulation to its telemetry standards, recognizing FQPSK-JR and 
SOQPSK-TG as inter-operable alternatives to FQPSK-B modulation [2]. These techniques are 
notable for good radio frequency (RF) spectrum efficiency and compatibility with non-linear 
amplifiers (NLAs). 
 
The DoD ARTM project sponsored initial development of airborne transmitter (TX) and companion 
detection equipment for these waveforms. One challenge has been detailed TX signal quality 
evaluation, especially in light of three modulation alternatives. RF power spectrum and additive 
white Gaussian noise (AWGN) detection performance measurements are straightforward with 
standard laboratory equipment and suitable demodulators. However, RF power spectra and bit error 
probability (BEP) data will not normally reveal subtle TX defects. Many test equipment 
manufacturers produce vector signal analyzers designed for detailed examination of widely used 
modulation methods. Linear systems in particular have a rich set of metrics like error vector 
                                                           
1 FQPSK refers to “Feher’s” Quadrature Phase Shift keying. 
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magnitude (EVM) and its spin-off metrics to diagnose subtle problems. To date, these manufacturers 
have not programmed their instruments to “understand” 4-ary CE OQPSK signals. This void was 
partially filled when the Jet Propulsion Laboratory (JPL) completed a “software receiver” for 
FQPSK signals [3]. It demodulates short segments of TX RF signals captured by digitizing 
oscilloscopes and produces EVM and EVM-related signal analysis products. Unfortunately, EVM is 
of limited value because CE OQPSK transmitters usually incorporate a NLA. NLA models 
sufficiently precise to predict intra-symbol amplitude values in the context of EVM are not 
available.    
 
In order to bypass these limitations, the JPL software receiver was changed to emphasize generic 
measurements reflecting performance characteristics common to all CE OQPSK signals. EVM 
analysis was removed and the graphical user interface (GUI) was modified to incorporate the data 
products described below. The demodulator, Costas loop, and digital transition timing loop (DTTL) 
symbol timing loops were retained. 
 
 

REFERENCE SIGNAL AND RECEIVER FILTERS 
 
Transmitters are viewed as closed systems. The only signal available for evaluation is that 
emanating from the RF port. TX signals are compared to an ideal, linearly amplified CE OQSK 
reference signal that is based on the constant envelope FQPSK-JR half-symbol wavelet set designed 
by Formeister and Jefferis [1]. However, FQPSK-JR post-wavelet assembly filters and interpolation 
filters are omitted yielding the power spectrum shown in figure 1. This point of reference has four 
desirable features. It is constant modulus at all 
possible sample instants, it does not produce any 
inter-symbol interference (ISI), it does not 
produce zero-crossing (phase) jitter, and it is 
easily described with closed form equations. 
Otherwise, it possesses the essential attributes of 
all relevant CE OQPSK variants, i.e., suppressed 
carrier double sideband RF signaling that 
emerges within conventional coherent QPSK 
demodulators as an OQPSK signal with the 
peculiar characteristic of binary in-phase (I) and 
quadrature phase (Q) channel symbol waveforms 
possessing two possible mean energy levels per 
state at mid-symbol sampling instants. Thus, we 
consider this basis signal to offer the best 
synchronization and detection performance 
potential possible in a coherent, sample and hold 
(SH) detection scheme. FIGURE 1 – Reference Power Spectrum 

 
The software analyzer represents a nearly ideal single symbol coherent SH detector with the basic 
structure shown in figure 2. Figure 3 shows the reference signal in three constellation forms. Figure 
3a is a conventional QPSK constellation.  Baseband in-phase (I) and quadrature phase (Q) signals 
are sampled simultaneously at mid-symbol after removing the bit interval (τb) inter-channel delay. 
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Note the 16 points peculiar to these waveforms. The “OQPSK constellation” in 3b is considered a 
more useful presentation for diagnostics. Inter-channel delay is retained. I and Q are sampled mid-
symbol and at symbol end points. In this domain the reference has eight mean target vector (TV) end 
points that lie on a circle. However, ISI and memory present in the real signals cause the TVs at odd 
multiples of 45 degrees to split into pairs so that 12 mean TVs appear. The third graph (3c) is a 
single dimension histogram of I and Q signals at their respective mid-symbol sampling instants. This 
is the sample set actually processed by independent I and Q decision circuits in a SH demodulator. 
Note that 4 levels are associated with each channel, a pair of high energy or outer state levels and a 
pair of low energy or inner state levels.  
 
From the standpoint of product testing, it is unfortunate that these modulations were adopted without 
standardization of detection filters. Accordingly, commercial demodulators tend to be proprietary in 
this regard. With the express purpose of choosing a reasonable non-proprietary compromise 
applicable to all signals, detection filters employed here are straightforward equiripple, linear phase, 
finite impulse response approximations to ideal low pass filters. The wide response curve in figure 4 
is the pre-detection (pre-D) filter. Its bandwidth/symbol period product is 4.2=sBτ . It is used to 
capture signal features with negligible distortion. Its wide bandwidth is justified because the test is 
conducted at very high signal to noise ratios, noise and distortion introduced by the test equipment is 
negligible, and there are no interfering signals. The narrow response curve is the final detection filter 
with normalized bandwidth 65.0=sBτ . Simulations based on the technique developed by Lee [4] 
have shown the detection filter to be a reasonable compromise between noise bandwidth and 
detection loss. It is not optimum in any sense, but does create a consistent evaluation domain for TX 
signals.  
 

ANALYZER OPERATION AND DATA PRODUCTS 

FIGURE 2 - Analyzer Structure
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Signals are sampled with the equipment shown in figure 5. A random binary data sequence is 
applied to a TX under test (TUT) at some desired bit rate. The signal is attenuated and translated to a

 
FIGURE 4 – Detection Filters 

convenient intermediate frequency (IF), typically 
70 MHz, with a high quality mixer and low noise 
local oscillator (LO). A digitizing oscilloscope 
samples the IF signal. Normally, 1M samples 
are taken at a sample rate of 100M 
samples/second, intentionally aliasing the signal 
to a carrier frequency of 30 MHz. Sample blocks 
are transferred by computer network to the 
analyzer software host.  
 
With the exception of sample rate and detection 
filter design, signals are processed in much the 
same manner as well designed commercial SH 
demodulators. Offsets are identified and removed 
from the baseband signals. Inter-channel 

 
amplitude (gain) imbalance is identified and amplitudes are adjusted to produce consistent scaling. 
However, in order to extract detailed information, sample files are processed in two distinct phases 
at a sample rate of fs = 20 samples per symbol (sps), which is substantially higher than rates used in 
practical demodulators.  
 
A Simulink®™ model demodulates the sample block. The operator sees three dynamic display 
windows. An oscilloscope window shows progression of Costas loop phase, DTTL phase, and 
DTTL loop error power versus equivalent real time. Eye diagrams and a constellation scatter 
diagram linked to the pre-D filter are also presented. Collectively, these displays clearly indicate 
sample block integrity and whether or not the signal contains anomalies serious enough to cause 
erratic demodulator behavior.  
 
Carrier loop bandwidth is set to the lesser value of 0.001Rs or 10 kHz, where Rs is the symbol rate. 
DTTL bandwidth is set at the lesser value of 0.0005Rs or 5 kHz. These values are consistent with the 
range used in some commercial products for operation between 1 and 20 Mb/s and have been shown 
to work well in this application. Upon DTTL synchronization, the model captures samples spanning 
4000 contiguous bit periods and stores 3 vectors. I and Q samples are a complex time series 

FIGURE 5 - Transmitter Test Equipment
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where subscript T denotes pre-D filter samples. The 2nd vector is a mid-symbol sample pointer for 
the I channel. The 3rd is a bit boundary sample pointer.  
 
Processing then transfers to a series of Matlab®™ scripts. Phase 2 starts by creating the normalized 
vector ( )′ = ′ + ′zT n I n jQ n( ) ( )  wherein offsets are removed and amplitudes are scaled as described 
below. The synchronization vectors are used to sort ( )′zT n  into real valued OQPSK constellation 
coordinate sets Cf c

e s
,
, where the 12 TV subsets are indexed by a combination of superscripts and 

subscripts. The e denotes energy level (e=h denotes high energy points, e=l denotes inner points). 
The s denotes the sign of the “current” sample. The letter f is the filter group association (f=T 
denotes pre-D filter samples, f=R denotes post detection filter samples). c=I indicates that the I 
channel coordinate is the sample being presented to decision circuits, i.e., the “current” sample, and 
c=q the opposite case. 

TI ′ and TQ′  are passed through the final detection filter to create the decision sample vector 
( ) ( ) ( )njQnInz RRR += . Post-detection filter mid-symbol sample groups C R

e
,c

,s  are extracted from 
( )z nR  to represent symbol amplitude samples that a hardware S&H demodulator presents to decision 

circuits.  
  
Two groups of analysis products are created. The first group, associated with Tz′ , includes tabular 
and graphic presentations of: Euclidean distance loss of the inner TVs, signal to noise ratio of inner 
TV samples, phase trajectory deviation, and zero crossing jitter. The second group, derived from Rz , 
includes predicted detection performance at BEP benchmark values and noise margin. Normalized 
offsets and gain imbalance are also presented. Graphic displays of eye patterns, pre-D constellations, 
detector sample distributions, RF power spectrum, and baseband power spectrum are available.  
 
 

DISTANCE LOSS AND SIGNAL DEVIATION RATIO (SDR) 
 
Euclidean distances of the inner TVs strongly dominate decision error occurrence at high signal to 
noise ratios. Therefore, signal examination focuses on the inner constellation points in terms of 
geometric distance and symbol-to-symbol deviation of amplitude from mean values. Signal power is 
normalized in the conventional manner, i.e., given an average RF signal power P at the demodulator 
input then 
 

(2)                                                                                                                     2 bss EEP =≡τ  
 

where Es is energy expended in a symbol interval and Eb is energy expended in a bit interval. Then 
the reference signal’s inner Cartesian distance is 2 .   Euclidean distance loss λ  and SDR is 
computed for I with the equations: 
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Over-bars denote mean values and L is the number of subset members. Q channel values are 
computed similarly.  Filtered CE OQPSKs produce lower bounds on λ and SDR due to inherent ISI. 
These bounds change when an NLA is present. Table 1 (see appendix for all tables) lists practical 
lower bounds for linear and NLA cases. Linear simulations were based on ideal 20 sps 70 MHz IF 
sample sets created in Matlab. The NLA baselines were obtained with laboratory grade TX 
emulators driving a linear amplifier hard into saturation. Note that the NLA serves as a normalizing 
component in the sense that loss and SDR figures for all three techniques nearly converge. Real 
transmitters produce larger values due to phase noise and a host of possible defects. 
 
 

BEP, TRANSMITTER LOSS, AND NOISE MARGIN 
 
Symbol detection in I and Q is treated as independent binary decision processes. The classic formula 
for symbol error probability sP  in a binary phase shift keying (BPSK) system is used to project 
BEP. Given a single symbol observation interval, sP  is given by [5]: 
 

(5)                                                                 
22
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where erfc is the complimentary error function, N0/2 is the power spectral density of  AWGN 
introduced between the TX and detection filter, and d represents the Euclidean distance between 
decision amplitudes. Strictly speaking, equation (5) is only valid for “optimum” detection. However, 
useful projections of detection performance can be realized by replacing Es or Eb with appropriate 
root mean square (rms) values in this application.  
 
The reference signal possesses eight unique symbol interval baseband waveforms [6]. Without loss 
of generality, we set reference signal scaling for peak outer state amplitudes of unity which places 
all reference signal TV endpoints on a unit radius circle as in figure 3b.  
 
The BEP estimation starts with an ordered set { }γ γ γ γ= 1 2, ,... , J  of bit energy to noise density ratio 
values E Nb / 0  closely spaced in the range of interest (6 to 20 dB). The I and Q samples are scaled 
such that the rms amplitude of that channel possessing the larger mean amplitude over the sample set 
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prior to normalization equals that of the reference signal2. The sE of each channel is computed from 

TT QI ′′  and . Corresponding channel specific noise density sets are computed: 
 

{ } (6)                                                                                                                      
102

1
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0 γ
sE

N =  

 

Noise variance in the detection bandwidth is determined for each channel with the relation 
 

{ } ( ) (7)                                                                                                             
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where ( )h tR  is the impulse response of the detection filter. Each sample block contains 2K symbols, 
K per channel. Average BEP versus 0/ NEb  of the I channel is computed: 
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where “*” denotes summation over all index sets.  The TX contributions to performance loss in 
excess of the reference signal’s loss are estimated at 2 BEP benchmark values 21 , bb PP  by searching 

sP  for the value closest to each benchmark. The corresponding values 
21

,
bb PP γγ are compared to 

those of the reference waveform at the benchmarks. The largest difference (I or Q) is reported as TX 
loss. Table 2 lists practical lower bounds for TX loss for 10

2
6

1 101 and 101 −− == xPxP bb .  
 
Another parameter of interest is the amount of noise headroom or the noise margin available for 
operation at 10

2 101 −= xPb . This value is used because some applications strive for essentially error 
free operation without channel coding. The denominator of equation (4) N T is for practical purposes, 
the TUT noise floor and σN

2 associated with γ Pb2
is the amount of noise added at detection filter 

outputs  to create the irreducible BEP floor.  Assuming AWGN, σN
2 is referred back to external noise 

power:  
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TX noise margin at 2bP  in dB is then estimated: 
 

(10)                                                                                              1log10
2 ⎟⎟

⎠

⎞
⎜⎜
⎝

⎛
+−≡

T

Added
PN N

N
M

b
 

 

                                                           
2 This guarantees a worst case analysis in terms of the range of amplitude control methods used on commercial 
demodulators. 
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Table 3 list lower bounds of NM  with this detection filter. 
 

PHASE TRAJECTORY AND JITTER 
 
Examination of carrier phase trajectory and its deviation from expected paths can lend insight to 
systematic and incidental TX defects.  Intra-symbol carrier phase evolution (pre-D) of the TUT is 
compared to that of the reference signal on a bit-by-bit basis with the angle functions shown in table 
5. These functions and their inverses produce the 14 possible bit interval CE OQPSK trajectories. 
Table 4 lists lower bounds for rms and maximum phase deviation.  
 
Excessive I and Q zero crossing jitter can disturb carrier and symbol timing recovery mechanisms. 
The CE OQPSK modulations create significant ISI related jitter. Transmitters exhibiting jitter much 
beyond that inherent in the technique should be used with caution. Peak-to-peak and rms jitter is 
computed by projecting z′  outer constellation point samples onto the symbol timing axes. Realistic 
lower bounds are listed in table 6. 

 
 

EXAMPLE 
 
Figures 6-9 in the appendix are sample products taken from a commercial 5-Watt FQPSK-JR TX 
with operating conditions: carrier frequency = 2270.5 MHz, and bit rate = 5 Mb/s. Space does not 
allow a detailed review of results. However, comparison of the tabular data in figure 6 with 
corresponding bounds in tables 1-4 and 6 should lead the reader to the conclusion that this is a good 
TX design. TVs are marked with crosses in figure 7 along with the radius and angle of each. The 
systematic variation of TV radius is due to NLA interaction with modest modulation symmetry 
defects present in this particular TX. Four dashed curves in figure 8 present ideal QPSK, ideal 
reference waveform, projected I channel, and projected Q channel performance respectively. The 
solid curve is the actual prediction of TUT AWGN detection performance. Three circled data points 
were taken from a commercial SH benchmark demodulator connected to this TUT. Figure 9 shows 
the baseband power spectrum of each channel and the power spectral density mask defined in 
reference [2].   
 
 

CONCLUSION 
 
The off-line CE OQPSK signal analyzer is applicable to all of the CE OQPSK variants addressed in 
reference [2] and has proven itself to be a useful supplement to conventional transmitter testing 
procedures. Many labs already own high speed digitizing oscilloscopes. The only special 
requirement for this particular tool is an appropriate license for Matlab software and a reasonably 
high-speed personal computer. An experienced user who is also familiar with the underlying 
modulation methods will find that the data products can readily point to a number of defect sources 
not discernable from conventional test data.
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APPENDIX 
 

Table 1 – Lower Bound of  λ / SDR (dB) 
 FQPSK-B FQPSK-JR SOQPSK-TG 

Linear 0.1 / 30 0.1 / 32 0.3 / 28 
w/NLA 0.2 / 35 0.3 / 31 0.3 / 28 

 

Table 2 – TX Loss at BEP=10-6 / 10-10 (dB) 
Case FQPSK-B FQPSK-JR SOQPSK-TG 

Linear 0.1  / 0 -0.1 / -0.1 0.8  / 1.1 
w/NLA 0.2  / 0.2 0.2  / 0.2 0.8  / 1.2 

Table 3 – Upper Bound of Noise Margin (dB) 
 FQPSK-B FQPSK-JR SOQPSK-TG 

Linear 22 24 19 
w/NLA 26 23 18 

 

Table 4 – rms/max. phase deviation (degrees) 
 FQPSK-B FQPSK-JR SOQPSK-TG 

Linear 2.7/8.4 2.5/8 4.0/11 
w/NLA 1.2/ 4.5 3.1 / 8 4 .1 / 11 

 
Table 5 – Bit Interval Phase Trajectories of Reference Waveform 
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Table 6 – Baseline RMS/peak-peak Jitter (degrees) 

Case FQPSK-B FQPSK-JR SOQPSK-TG 
Linear 3.5/17 3.3/16 4.4/16 
w/NLA 1.8 / 8 4.1 / 15 4.5 / 17 
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EXAMPLE PRODUCTS 

 
FIGURE 6 
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ABSTRACT 
MIL-STD-1553 has served the flight community well.  However, in recent years several new 
high-speed bus standards have emerged that outperform 1553 in various respects such as data 
throughput and increased address space.  During this time, mission requirements - including 
video and audio - have become more data intensive. 
 
Although some of these busses were not initially designed for the avionics industry (such as 
Ethernet, FireWire, and FibreChannel), they are potentially of interest as high-speed commercial 
off-the-shelf (COTS) solutions for both set-up and data acquisition.  
 
These busses offer not only improved overall system performance, in terms of aggregate 
sampling rates, but also simplify existing data acquisition system architectures. They require 
fewer high-bandwidth links which can serve for both set-up and data.  This paper examines some 
of these issues, focusing in particular on IEEE1394, better known as FireWire. 
 
 
1. INTRODUCTION 
Over the past 20 years, MIL-STD-1553 has become the most widely deployed data bus in the 
avionics industry. With its reliability and deterministic behaviour, it is well suited to carry 
mission critical information between sensors, weapons, computing modules, data acquisition 
systems, recorders and transmitters. However, with more sensor data going digital, sampling 
rates increasing and demand for digital video transfers growing, new mission requirements have 
become more data intensive and exceed its maximum throughput by far. Meanwhile, various 
new high-speed networking and bus standards have evolved in the communications and desktop 
industry, among them Fast and Gigabit Ethernet, FibreChannel, FDDI, ATM, and FireWire. Due 
to their wide adoption, these busses offer low cost solutions with increased lifetime and 
interoperability with third party modules. Furthermore, they outperform MIL-STD-1553 in terms 
of data throughput, address space, and scalability. 
 
Although there are many potential candidates, and the success of one over another depends on its 
technical edge, industry support and popularity, this paper will focus in particular on the 
IEEE1394 standard with its amendments and examine its suitability as a replacement for 1553 as 
a backbone avionics bus from a technical point of view. Section 2 gives an introduction to 1394b 
including driving applications and main characteristics. The third section evaluates FireWire in 
respect to a number of properties that we consider relevant to the Flight Test Community. The 
last part of this section includes a high level comparison between 1553, Common Airborne 
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Instrumentation System (CAIS), FireWire, FibreChannel and Ethernet which is then followed by 
conclusions.  
 
 
2. THE IEEE1394 STANDARD 
The IEEE1394 standard, better known as FireWire, was originally introduced in the mid 80s by 
Apple Computer and was accepted as a standard in 1995. Its purpose was to provide the means 
for high speed serial communication in a desktop environment, offering data rates from 
100Mbit/sec up to 3.2Gbit/sec. Driven by applications such as video conferencing, high speed 
printers and mass storage, the primary objectives were the following: 
 

• High data throughput  
• Support for isochronous applications 
• Ease of use - plug and play 
• Increased address space 
• Low cost  
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 Figure 1: Example of a FireWire Topology 
 
To achieve high data throughput, FireWire uses a bus topology built on point-to-point 
connections between individual nodes. Nodes that provide more than one port are referred to as 
branch nodes and repeat incoming traffic to all other ports. Nodes with one port only, so called 
leaves, discontinue the bus. After an initial bus configuration, one designated node is assigned as 
root, which has the highest priority on the bus and is responsible for arbitration and the dynamic 
self-identification process. FireWire supports up to 1024 busses connected through bridges 
which only forward traffic that is addressed to a node on a remote bus. Figure 1 depicts a simple 
FireWire network, consisting of one root node, 2 branch nodes, and three leaves. Since branch 
nodes repeat incoming signals to all other ports, any data transfers between node #1 and #2 are 
also visible to leaf node #3. For this reason, FireWire behaves as a bus although it is based on 
point-to-point connections. 
 
Support for multiple synchronous videos, as required for video conferencing, makes quality of 
service imperative for the bus. FireWire supports these via its isochronous transactions. FireWire 
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guarantees pre-allocated bandwidth, fixed latency and small predictable jitter for isochronous 
traffic, which makes this mode of data transport not only ideal for synchronous video 
applications but also for data acquisition as will be discussed later on.  
 
With the objective “plug and play” in mind, FireWire supports automatic configuration, which 
means that the bus enumerates itself without the intervention from a CPU and eliminates the 
need for address switches. Somewhat like PCI, configuration is performed dynamically as the 
bus recognizes the removal or attachment of a node on a physical layer. Furthermore, the nodes 
are hot-pluggable which implies that they can be removed or inserted while the bus stays 
powered on. Properties such as hot-pluggable, and automatic configuration make FireWire user-
friendly but might pose additional challenges in other circumstances such as flight test 
instrumentation (see section 3.6)  
 
FireWire supports a 64bit address space to accommodate address intensive applications such as 
mass storage. 16bits are used to identify bus and node whereas the remaining 48bits represent a 
byte address within a node. With that, the overall addressable memory amounts to 16petabytes 
per bus, 256terabytes per node and 16exabytes overall. 
 
Communication is based on a shared memory model and data can be transferred not only in an 
isochronous manner but also asynchronously. Asynchronous transactions, such as read, write and 
lock, are reliable in that they are acknowledged whereas isochronous transactions remain 
unconfirmed. 
 
The initially standardized FireWire is a serial bus consisting of two differential signal pairs, and 
an optional pair for supplying power to and from peripherals [1,2]. Shielded twisted pair (STP) is 
used as media interface with a maximum of 4.5m cable length between individual nodes. This 
proved to be insufficient to many applications such as home networking and significantly 
restricted the scope of the bus. Since then it has evolved substantially: The 2nd amendment 
(IEEE1394b) introduced additional physical interfaces with a new encoding scheme (beta mode 
signalling) that improves signal integrity and allows for faster transmission rates on the legacy 
STP interface up to 3.2Gbps. Newly introduced media interfaces include two optical ones, as 
well as a category 5 unshielded twisted pair (UTP), that offers with its transformer coupled 
interfaces electrical isolation between separate units and benefit from being compatible with 
existing Ethernet infrastructure.  
 
 
3. FIREWIRE IN THE FLIGHT TEST COMMUNITY 
In the last section, we gave an introduction to FireWire and described the main characteristics 
that make it user-friendly, fast, and attractive to many desktop applications. But is FireWire 
suitable for the avionics industry? In the following discussion we will examine FireWire in 
respect to the following list of criteria, which are important characteristics for instrumentation 
networks and conclude with a brief comparison with other emerging high-speed bus standards.  
 

• Reliability  
• Redundancy 
• Real time behaviour/ quality of service 
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• Isochronicity and synchronicity 
• Data throughput and reach 
• Address space  
• System topology 
• Scalability and room for growth 

 
3.1 Reliability 
Reliability has to be addressed on several levels: 
 

• Electrical interfaces need to be rugged and electrical isolation between devices is 
desirable.  

• Individual data transfers should support some level of error checking such as parity, CRC 
or checksum.  

• Information exchange for control and set-up transactions must be confirmed.  
 

Although the initial 1394a-1995 standard may not be satisfactory in respect to the electrical 
interface, the 1394b amendment specifies a transformer-coupled interface over unshielded 
twisted pair (UTP) as well as two optical interfaces, which provide the desired electrical isolation 
between nodes. Optical media implementations alleviate emission and interference problems. All 
beta mode implementations, including the UTP interface, benefit from scrambling and an 8/10 
bit encoding scheme which enforces DC balance and achieves a high level of signal integrity. 
The bit error ratio is aimed to be less than 10-12. 
 
Similarly, the in 1394a proposed 6pin and 4pin sockets are suitable in a desktop environment, 
but lack environmental integrity which is required for flight equipment. However, the RJ45 
connectors used for the UTP implementation are available in robust versions. Alternatively, 
custom connectors could be considered to work around vibration, emission and temperature 
requirements. 
 
On a packet level, FireWire supports 32bit header and data CRCs, as well as a checksum for 
acknowledgement, initialisation and bus management packets. Set-up and control transactions 
typically require guaranteed delivery, which is supported via FireWire’s concept of 
asynchronous transactions. In this mode of data transfer, each transaction, such as a read or a 
write, is individually acknowledged on a subaction and a transaction level.   
  
In comparison to 1553, FireWire supports in beta mode over UTP the same amount of electrical 
reliability and outperforms 1553 in terms of error checking 
 
3.2 Redundancy 
Redundancy is compulsory to protect the system from a single point of failure. Due to the fact 
that FireWire is not a genuine bus, but rather a bus based on point-to-point connections, it is even 
more sensitive to failures. Considering the example in figure 1, failure of branch node #5 
disrupts all traffic to nodes #3 and #4. For this reason it appears that deploying backup links is 
even more critical to FireWire than 1553 where the failure of a remote terminal wouldn’t impact 
the overall bus operation. To alleviate this problem, the power supply through the FireWire bus 
could be used as backup power source for the PHY interface on all branch nodes. With that, 
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communication to nodes beyond a powered down branch is still supported even though this 
particular node itself is down. Alternatively, star bus topologies, where up to 27 leaves are 
directly connected to the root, could be considered. 
 
Redundancy is not built into the FireWire standard, but could be achieved by deploying backup 
networks and handling error detection and duplication at different system levels. Similar 
approaches have been taken within the industry for other bus standards such as Ethernet within 
the AFDX specification.  
 
3.3 Real Time Characteristics / Quality of Service 
To achieve quality of service, the bus needs to guarantee access to link bandwidth as well as 
provide for fixed and short latencies with small predictable jitter. The response time and jitter 
requirements differ between applications. Whereas for some control operations short and 
predictable latencies with low jitter are imperative, data transfer to mass storage devices are less 
critical. Quality of service can be accomplished in a number of ways. In the 1553 world, where 
real time behaviour is often associated with predictability and determinism, there is a single 
control over the bus through the bus controller, which assigns bus ownership to the nodes or 
remote terminals that need to transfer or receive data. Remote terminals only communicate when 
prompted. With that bandwidth guarantees can be given. The effective jitter depends entirely on 
the remote terminal’s physical implementation rather than current bus utilization. [4] 
 
FireWire utilizes a very different approach. The bus access is time sliced into equal intervals of 
125 microseconds indicated by a cycle start packet. Up to 80% of these intervals (100 
microseconds) can be allocated as channels for isochronous transactions. These are then 
maintained through a so-called isochronous resource manager. The isochronous traffic has 
guaranteed bandwidth and fixed latency properties. The bandwidth can be allocated in multiples 
of 20.345 nanoseconds which is the time required to transfer 4bytes at 1600Mbit/s. Latency 
depends on the number of hops between source and sink node and negotiated transmission 
speeds. [3] 
 
The remaining amount of available bandwidth is utilized for asynchronous transactions for which 
the individual nodes compete while fairness between the participants is ensured and a built-in 
natural priority is present. It is important to note that asynchronous transactions that are issued at 
the end of a cycle time can delay the cycle start packet and introduce a skew of up to 50 
microseconds. This doesn’t affect overall system synchronization, since the cycle start packet 
contains the current time stamp including the delay, which allows each node to derive the 
encountered skew. But as a result of this, it would be advantageous to control the sampling from 
a system internal timer, which resides in each data acquisition unit, rather than sampling on basis 
of the cycle start packet itself. In this scenario, the broadcasted system time would then seed the 
internal timers. 
 
Response times for actual asynchronous applications depend on a number of factors: 
 

• Distance to sink (number of hops) 
• Transmission speed (100Mbit/s or 1.6Gbit/s) 
• Legacy signalling or full-duplex beta mode signalling  
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• Type of transaction (concatenated, split or unified) 
• Arbitration service (legacy, fly-by, priority, immediate arbitration) 
• Payload size  

 
The concrete latency for a given application is a function of the specific system set-up and can be 
improved by changing the topology, using different arbitration services or varying the packet 
size.  Alternatively, one could use two isochronous channels to implement confirmed operations 
as part of a higher level protocol. One channel carries the request and the other the response 
similar to CAIS. This preserves the quality of service properties associated with isochronous 
transactions while providing confirmed data transfers.  
 
Although FireWire uses a very different implementation approach than 1553, it offers excellent 
real-time characteristics on the basis of its isochronous transactions.  
 
3.4 Isochronicity and Synchronicity 
In a distributed data acquisition system, it is important to sample at the same time. When sensors 
are located on physically separate units, it is advantageous if the interconnect provides built-in 
support for a common time and a common clock to avoid additional wiring. On a FireWire bus, a 
common system time that resides within the cycle master is broadcast at the beginning of each 
cycle interval and synchronizes all nodes every 125 microseconds. A 24.576MHZ clock controls 
the system timer. Furthermore, the PHY devices contain a PLL that adjusts the node clock during 
incoming traffic to data and strobe signals. The maximum encountered drift between two 
individual nodes on the bus is derived from the precision of the utilized crystals. However, the 
standard requires +/- 100ppm for the 49.152MHz crystal for 1394a and b. Therefore, the 
maximum encountered drift during a 125 microsecond interval (200ppm x 125microseconds) is 
25 nanoseconds. All nodes are being resynchronised with the next cycle start packet. With that 
the maximum drift between any two nodes within a FireWire bus can’t exceed 25 nanoseconds. 
Consequently, isochronous and synchronous sampling throughout a distributed data acquisition 
system on basis of a pure FireWire infrastructure can be achieved. 
 
In comparison to this, MIL-STD-1553 achieves common time via the synchronize mode code 
command. When used with data word (mode code 17), the current cycle time is included within 
the mode code data word. The jitter depends on the chosen format, as well as the precision of the 
involved crystals. However, 1553 signalling is unsuitable to clock peripherals and requires 
additional infrastructure to achieve synchronicity throughout a distributed system. 
 
3.5 Data Throughput and Reach 
The current IEEE1394 standard specifies signalling rates of up to 3200Mbit/s. The actual data 
throughput is subject to the type of arbitration services used, transaction types, (unified, 
concatenated or split), as well as the percentage of isochronous over asynchronous traffic which 
introduces significantly more overhead. Considering a sample application such as a digital video, 
which requires a bandwidth of 55Mbps (in case of a 320 x 240, 24bit true colour, 30frames/sec) 
shows that FireWire can easily accommodate a multiple of this, especially when used in 
conjunction with standard compression schemes such as MPEG2. 
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The maximum cable length between individual nodes is a function of the chosen media interface. 
Legacy and beta mode signalling over shielded twisted pair limit the distance between nodes to 
4.5m, which could potentially enforce the introduction of many repeater nodes within a larger 
scale airplane. The remaining media types support sufficient cable length. In comparison, MIL-
STD-1553 limits the maximum cable length to 300 feet, which equals the reach of FireWire’s 
UTP interface.  
 
3.6 Address Space and Dynamic Node Id Assignment 
Future data acquisition systems face the challenge of increasing demand for address space. For 
example, a single video application with 640 x 480 pixels true colour occupies 921.6Kbytes of 
address space alone on the data bus. Furthermore, set-up or programming bus address 
requirements increase as overall systems become more and more complex. For example, a 
linearization table for a PT100 consists of a 16bitx16bit lookup resulting in 128Kbytes of 
required EEPROM space. This already exceeds the overall available address space on 1553 
without support for expanded sub addresses. 
 
FireWire offers 16exabyte addressable memory, which is divided into 1024 busses of up to 63 
nodes each. Each node has 256terabytes of memory address space allocated to it, and although 
some if it is reserved for bus management (CSR architecture), it still can comfortably 
accommodate set-up and data requirements. 
 
 63 10 15 16 0 9 
 
 Bus Id Node Id Offset
 

Figure 2: FireWire 64bit Address  
 
In the 1553 world, there have been numerous attempts to increase the address space. Initially, 
with mode code 17 expanded sub addresses, the addressable memory increased from 59.5Kbyte 
(31 x 30 x 32 x 16 bit) to 7.6Mbytes (31 x 128 x 30 x 32 x 16 bit). Later introduced protocols 
such as the mass data transfer as defined in the MIL-STD-1760C, achieve a significant 
improvement with support for approximately 962Mbytes (255 files x 255 record x 255 blocks x 
29 words x 16 bit). [4,5] 
 
One of the initial FireWire design goals was hot-pluggable nodes on a self-configuring bus. The 
bus always undergoes a tree-identification process after a node is removed or added to the bus 
with the effect that the physical IDs are assigned dynamically. Although this is beneficial for 
consumer markets, it poses additional challenges for the avionics industry in that the nodes can 
change their addresses when another node on the bus fails. To illustrate this, consider the 
following example in Figure 3 of a FireWire network with its root node, branch nodes #2 and #4, 
and two leaf nodes #1 and #3. Leaf node #1 fails which is noticed by branch node #2. Node #2 
will then initiate an overall bus reset. After the reset, the FireWire bus will first undergo a so-
called tree-identification process, where all nodes determine which node is their parent/child, and 
the root node itself is assigned. A topology/speed map is created residing in the root node, which 
reflects the child/parent relationships between all nodes together with their speed capabilities. 
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Then the self-identification process begins. Although it is a deterministic algorithm that will 
always establish the same address assignment for the same topology, in the unfortunate event of 
failure on node #1 in the topology below, it has the effect that all nodes change their physical ID. 
Summarizing, the physical ID reflects the location of a node within the topology in respect to the 
root rather than identifies itself. 
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Figure 3: Dynamic Assignment of Physical IDs on the FireWire Bus  
 
One way to resolve this issue would be to introduce hardwired addresses. This address would 
then uniquely identify a specific node within the bus. However, the under FireWire dynamically 
assigned physical IDs and this newly introduced hard configured node ID must coexist. This 
requires the introduction of an address resolution protocol that maintains the mapping between 
the two of them. The same problem is encountered in Fibre Channel’s Arbitrated Loop where 
dynamic addressing is performed. A unique 64bit address (WorldWideName) is assigned by the 
IEEE standards organization that allows identification via a higher level protocol. 
 
3.7 System Topology and Network Convergence 
As discussed in the previous paragraphs, FireWire is suitable not only for data but also set-up, 
control and timing. With that a unified avionics interconnect can be established, that handles all 
aspects of data acquisition. This simplified infrastructure is attractive in that it reduces not only 
the amount of wiring, but also complexity and cost. Although the same is true for 1553, due to 
the limited number of supported nodes per bus, low data rate, and small address space, the 
system designer is forced to introduce numerous busses interconnected through gates, whereas 
with FireWire the number of bus bridges could be drastically reduced.  
 
3.8 Scalability and Room for Growth 
Scalability is a desirable characteristic for a new bus standard. However all serial busses which 
have no built-in concept of switch fabrics basically fail in this respect. There is a limit of 
maximum data throughput and maximum number of nodes that share the overall available 
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bandwidth. Furthermore, with a high percentage of asynchronous traffic in a FireWire network, a 
cut-off point in the bus utilization will be encountered, as is typical for half duplex Ethernet 
networks. Once the utilization exceeds this point, the amount of arbitration conflicts (or 
collisions to use the Ethernet BaseT analogy) dramatically increases. As a result of this, the bus 
performance sinks. However, room for growth can still be provisioned for in that data 
throughput, maximum number of nodes and address space exceed current requirements 
substantially. Whereas MIL-STD-1553 cannot accommodate today’s requirements, FireWire 
meets those easily and with its 64bit address space, up to 63 nodes per bus and up to 
3.2Gigabit/sec data rate, it is capable of sustaining those of years to come. 
 
3.9 Comparison 
 

 MIL-STD-1553 CAIS FireWire FibreChannel Ethernet 
Origins/ 
Target Applications 

Avionics bus 
control, set-up and 
data acquisition 

FTI 
set-up and 
data acquisition 

desktop industry 
video, audio,  
mass storage, 
entertainment 

Storage Area  
Networks 
 

Local Area Networks 

Features deterministic, 
predictable 

deterministic, 
predictable 
faster and more 
address space 

isochronous,  
big address space, 

high speed SCSI, 
real-time, long reach 

popular, cheap, 

Physical Layer 
Coupling 

Media 
Reach  

(point to point) 

 
transformer 
copper 
~100m 
 

 
transformer 
copper 
~100m 
 

 
transformer 
copper of fibre 
4.5m (STP) 
50m (POF) 
100m (GOF) 

 
transformer 
copper or fibre 
30m (copper) 
500m (MM fibre) 
10km (SM fibre) 

 
transformer 
copper or fibre 
100m (UTP) 
500m (MM fibre) 
10km (SM fibre) 

Topology daisy chain  
or star 

daisy chain  daisy chain  ring or  
switched network 

daisy chain or 
switched network 

Address Space 
Busses 
Nodes 

Address per Node 
 

Overall 

 
not inherent 
5bit 
17bit 
(with MC17) 
7.6Mbyte 

 
not inherent 
6bit 
22bit set-up 
17bit data 
512Mbyte 

 
10bit 
6bit 
48bit 
 
16ExaByte 

 
16bit (switched) 
8bit (FC-AL: 126 only) 
 
 
64MByte  minimum 

 
 
48bit  
 
 
256TByte  minimum 

Communication 
model 

shared memory shared memory shared memory message passing message passing 

Speed 1Mbit/sec 10Mbit/sec 3.2Gbit/sec 4Gbit/sec 10Gbit/sec 
Scalability No no no yes (switched) yes (switched) 
Reliability 

Redundancy 
 

Error checking 
 

BER 
Confirmed Transfer 

 
inherent 
 
parity 
 
10-12 
supported 

 
not inherent 
 
parity 
 
10-9 
supported 

 
not inherent 
 
header + data 
CRC+checksum 
10-12 
supported 

 
not inherent 
 
packet CRC 
 
10-12 
supported 

 
not inherent but built  
into AFDX  
header + data 
checksum 
10-12 (1000BaseX) 
supported (TCP/IP) 

Live at Power-up Yes yes no no no 
Timing 

Isochronicity 
 

Synchronicity 
Quality of Service 

 
yes 
 
no 
yes 

 
not inherent 
 
yes 
yes 

 
yes 
 
yes 
yes 

 
not inherent but built 
into FC-AE [8] 
yes 
yes  

 
not inherent 
 
yes 
not inherent 

Table 1: High Level Comparison of 1553, CAIS, FireWire, FibreChannel, Ethernet 

 
Table 1 compares FireWire to other bus standards competing as a 1553 replacement for the 
avionics community. Although there are many other candidates, we have limited the scope of 
this comparison to FibreChannel, CAIS, and Ethernet.  Address space refers only to addressing 
on a physical layer. For example, Ethernet and FibreChannel define different addressing schemes 
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in embedded higher-level protocols. Reach depends on the chosen media interface, and in the 
case of Ethernet only some of the supported media interfaces are listed. The same applies to bit 
error ratio (BER) and speed which are a function of the physical layer. The terms isochronicity 
and synchronicity mean common time and common clock respectively. [6,7] Live at power-up 
reflects the fact that under FireWire, FibreChannel, and Ethernet (when used with dynamically 
assigned IP addresses as in DHCP), addressing needs to be resolved before data transmission can 
commence. Additional overhead is encountered in the FireWire environment due to the bus 
enumeration process which has to be terminated before transactions can resume. 
 
 
4. CONCLUSIONS 
There are numerous competing bus technologies that could potentially replace 1553. The success 
of one individual technology does not only depend on its technical superiority, but on the level of 
acceptance within the industry, which in return drives the maturity of a standard, the cost 
effectiveness of the components and its life time. This paper focussed on FireWire in particular 
and examined its suitability from a purely technical point of view. We found that the electrical 
interfaces specified in the 2nd amendment (UTP, POF, GOF) in terms of reliability, data rate and 
reach should meet the industry requirements, whereas the initially proposed DS signalling and 
the later introduced beta mode signalling over shielded twisted pair might prove to be 
insufficient due to limited reach, lack of electrical isolation between nodes, and lack of 
environmental integrity. 
 
FireWire excels in its support for quality of service, error checking, isochronicity, and provides 
room for growth with its 16exabytes of address space and support for data rates of up to 
3.2Gbit/s for future applications. It is especially suitable for digital video applications, but also 
supplies acknowledged traffic in the form of asynchronous transactions that could carry control 
and set-up operations. Furthermore, all peripherals on the FireWire bus can derive a clock from 
the bus signals. This is beneficial in that it avoids additional wiring while providing full 
synchronization within a distributed acquisition system. 
 
However, additional work is required to handle the issue of dynamic node identification and 
redundancy. To ensure interoperability with other FireWire devices, it would be advantageous if 
the industry could come together to agree on a higher level protocol that handles the mapping of 
the dynamically assigned ID to a fixed address, as well as duplication and error checking when 
deploying a backup network to achieve dual redundancy.  
 
Despite these few shortcomings that can be dealt with on other system levels, FireWire has the 
technical potential to play an important role as avionics bus or flight instrumentation network in 
future data acquisition systems.   
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ABSTRACT 
 

The analysis of multiple-input multiple-output (MIMO) communication systems often assumes a 
static, or quasi-static, environment.  Platform motion and changes in the environment makes this 
an unreasonable assumption for many telemetry applications.  This paper uses computer 
simulations to characterize the time variation of MIMO channel parameters when there is 
relative motion between the transmitter and receiver.  These simulation results yield explicit time 
intervals over which a MIMO channel can be considered static for a given relative velocity and 
propagation environment.  These results can be used to predict the practical limitations of 
proposed MIMO system algorithms. 
 
 

KEYWORDS 
 

MIMO Channels, simulation, coherence time, and dynamic channel. 
 

 
INTRODUCTION 

 
The literature on MIMO communication systems often assumes a static, or quasi-static, 
environment.  While this leads to mathematically tractable solutions, platform motion and 
changes in the propagation environment make this an unrealistic assumption for many telemetry 
applications. This paper uses computer simulations to characterize the time variation of the 
MIMO channel matrix elements when there is relative motion between the transmitter and 
receiver.  These simulation results yielded a new estimator for the coherence time of the 3GPP 
MIMO channel model [1] which the authors believe is superior to three other common channel 
coherence time estimators.  This estimator can be used to predict practical limitations of MIMO 
communication system algorithms. 
  
The following section discusses a detailed MIMO channel model, and associated terminology.  
Three common estimates of channel coherence time for Rayleigh fading channels are discussed 
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next.  Finally, the channel coherence time simulation results and a new channel coherence time 
estimator for this specific channel are presented. 
 
 

MIMO CHANNEL MODEL 
 

Huang [1] investigated channel models for suburban macrocell, urban macrocell, and urban 
microcell MIMO propagation environments.  The difference between these environments, as 
well as detailed steps for generating their channel matrices, is omitted here for brevity, but is 
available [2].  Regardless of the environment, the channel between the base station (BS) and 
mobile station (MS) is described by a time varying xM N  matrix, where M  is the number of BS 
antennas and  is the number of MS antennas.   N
 
Each entry of the xM N  matrix is a time varying complex quantity which describes the gain and 
phase shift between a specific pair of BS and MS antennas.  For example, the complex quantity 

 in Figure 1 describes the gain and phase shift between antenna 1 of the basestation and 
antenna 2 of the mobile.  The channel matrix element dependence on time, i.e. , has been 
omitted in the figure for simplicity.  The time varying nature of each channel matrix entry 
depends on the velocity of the MS with respect to the BS.  Channel matrix elements of stationary 
mobiles do not change, whereas channel matrix elements for mobiles with high velocity change 
quickly.  An example of this can be seen in Figure 2 where the magnitudes of the channel matrix 
elements are plotted against time for two different mobile velocities. 
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Figure 1 – MIMO Channel Model 
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Figure 2 – Time Variation of Channel Matrix Elements 
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The rate of change of channel matrix coefficients is described by the channel coherence time [3].  
This is a generic term, which indicates the length of time a channel can be approximated by a 
static model.  Different definitions and estimates of channel coherence time are used in different 
applications.  The importance of knowing the channel coherence time is discussed in the 
following section, followed by a brief discussion of some channel coherence time estimates used 
for Rayleigh single-input single-output (SISO) fading channels. 
 
 

MIMO CHANNEL TRAINING 
 
MIMO communication systems are of current interest due to their increased spectral efficiency 
as compared to SISO communication systems.  Since most literature regarding MIMO 
communication systems assumes the MS knows the channel perfectly, it is essential that the MS 
be able to estimate the channel matrix elements accurately.  Without a proper estimate of the 
channel, the MS will not be able to demodulate received data correctly. 
 
Several pilot training systems [4,5] have been proposed recently that allow estimation of the 
channel matrix elements to be performed at the MS.  These pilot training systems assume a 
block-fading environment.  This means that the channel is constant for a discrete time interval 

, after which it changes to a new and independent channel realization.  These pilot schemes 
dedicate a fraction of the first T  time instants to sending known data symbols, i.e. pilot symbols.  
Transmission of these pilot symbols allows the receiver to form an estimate of the channel 
matrix elements and demodulate the subsequent data correctly.  These works [4,5] also develop 
important theorems that specify the type of training signals to use for MIMO channel training, 
the optimal fraction of total transmit power to assign to the training period, and the fraction of 
total block length time T  to spend training. 

T

 
MIMO channel training on a continuously varying channel was investigated in [6].  Since the 
channel changes continuously (as do the channels for each propagation environment of the 3GPP 
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channel model [1]) a static estimate of the channel formed at the MS becomes worse as time 
evolves.  This occurs since as time progresses the channel changes continually and becomes less 
correlated to the original estimate.  This results in an error between the estimate and true value of 
the channel that grows with time.  For both the block-fading and continuously varying channel 
there is a simple tradeoff between the channel estimate and the throughput that can be attained.  
This tradeoff is discussed next. 
 
Let  denote the total length of time downlink transmission takes place between the BS and 

MS.  Let 

transmitT

,0 1train
train train

transmit

Tp
T

= ≤ p ≤  be the percentage of time the BS spends sending pilot 

training symbols and ,0 1data
data data

transmit

Tp
T

= ≤ p ≤  be the percentage of time spent sending data 

symbols.  For  (i.e. ), no data symbols are ever transmitted so the effective 
throughput is 0 bits/s.  If  (i.e. 

1trainp = train transmitT T=
1datap = 0trainT = ), no training is ever performed, the MS cannot 

form an accurate estimate of the channel and hence cannot demodulate any received data.  Once 
again this results in an effective throughput of 0 bits/s.  For any given channel, there is an 
optimal value of trainp  with 0   that maximizes the average effective throughput.  This 
optimal value of 

1trainp< <

trainp  is large enough for the MS to form a “good“ estimate of the channel, but 
is small enough to allow a large portion of time to be dedicated to transmitting data. 
 
Also, it is clear that trainp  for a channel with a small coherence time is greater than trainp  for a 
channel with a large coherence time.  For example, consider a channel with a coherence time of 
5 minutes.  The first few seconds of transmission could be used to form an excellent estimate of 
the channel at the MS, and a majority of the 5 minutes would be used for sending data, yielding a 

trainp  value of approximately 0.05.  On the contrary, channels with a small coherence time may 
change so quickly that pilot symbols would need to be transmitted every second or third time 
instant.  This would yield a larger value of trainp  on the order of 0.5. 
 
Several key points can be made from the discussion above:  1) The MS must be able to form an 
accurate estimate of the channel.  Without an accurate estimate the MS cannot correctly 
demodulate received data.  2) The amount of time spent training has a significant impact on the 
effective throughput of the MIMO communication system.  3)  The percentage of time spent 
training is dependant on the channel coherence time. 
 
From these key points it is clear that knowledge of the channel coherence time is an essential 
part to designing MIMO communication systems.  If the estimate of the channel coherence time 
is larger than the actual channel coherence time, the value of trainp  chosen will be too small.  
This will result in poor channel estimates at the MS, possibly preventing the MS from being able 
to accurately demodulate received data.  If the estimate of the channel coherence time is smaller 
than the actual channel coherence time, the value of trainp  chosen will be too large.  This will 
result in excellent channel estimates at the MS, but the amount of time available for data 
transmission will be reduced, lowering the effective throughput.  It is thus important to have 

 4



accurate channel coherence time estimators.  Several common channel coherence time estimators 
for Rayleigh fading channels are discussed in the following section. 
 
 

COHERENCE TIME OF RAYLEIGH FADING CHANNELS 
 

There are several common estimates used for the channel coherence time of Rayleigh fading 
channels.  One of these estimates is based on the worst case Doppler shift.  Under the dense-
scatterer model, the largest Doppler shift occurs when a scatterer is directly aligned with the 
direction of the moving mobile station.  In this case, the Doppler shift is defined as: 
 

 d
Vf
λ

=  (1) 

 
where df  is the Doppler shift in Hz, V  is the magnitude of the mobile velocity in m/sec and λ  
is the signal wavelength in meters.  The channel coherence time, , can be estimated [3] as 0T

 

 0
/ 2T

V
λ

≈  (2) 

 
The length of time a channel’s response to a sinusoid has correlation greater than 0.5 is another 
method of defining channel coherence time.  In this case, the channel coherence time can be 
approximated [3] as  
 

 0
9

16 ( / )
T

Vπ λ
≈  (3) 

 
A coherence time definition used by Sklar [3] is the geometric mean of estimates (2) and (3), or 
 

 0
0.423

/
T

V λ
≈  (4) 

 
 
The accuracy of these channel coherence time estimators for the 3GPP MIMO channel is 
investigated in the following section. 
 
 

TIME VARIATION OF THE MIMO CHANNEL 
 
Simulations were performed in each propagation environment of the MIMO channel model at a 
carrier frequency of 1.9 GHz and with mobile velocity magnitudes of 0.1, 1, 10, and 100 m/sec.  
For each simulation, the 50 percent correlation time for each matrix element (i.e. each  

) was calculated.  This yielded the exact value of  based on the definition 
of Equation (3) for each matrix element.  The mean value of these  was then calculated to 

ijh
1 ,1i M j N≤ ≤ ≤ ≤ 0T

0T
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obtain an average channel coherence time.  The average channel coherence time as a function of 
mobile velocity was then plotted and compared with the estimates of Equations (2)-(4).  These 
comparisons for the suburban macrocell and non-line-of-sight urban microcell environment can 
be seen in Figures 3 and 4.  Comparisons for the other propagation environments are similar and 
have been included in the appendix.   
 

Figure 3 – Suburban Macrocell Channel Coherence Time 
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Figure 4 – Urban Microcell NLOS Channel Coherence Time 
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In the discussion that follows, the channel coherence time obtained via simulation is called the 
actual channel coherence time since it is calculated from channel data and a precise definition 
based on correlation.  The estimates of Equations (2)-(4) are based on approximations, worst 
case scenarios, or a rule of thumb. 
 
The channel coherence time comparison in Figures 3 and 4 show that the channel coherence time 
estimator of Equation (2) is an optimistic estimator of the channel variation, as it consistently 
overestimated the length of time the channel was approximately invariant.  The estimator of 
Equation (3) is seen to be a worst case estimator as it consistently underestimates the length of 
time the channel is approximately invariant.  The estimator of Equation (4) also consistently 
overestimated the channel coherence time, but the over-estimation error was smaller than that of 
Equation (2).  The average percent difference between each estimate and the actual channel 
coherence time are tabulated in Table 1. 
 
 

Table 1 – Average Estimator Percent Difference 
 

Estimator Average Percent Difference

Optimistic Estimator (2) 97.3 

Worst Case Estimator (3) -29.4 

Geometric Mean Estimator (4) 66.9 

New Estimator (5) -0.18 

 
 
This table shows that the percent difference between the estimated and actual channel coherence 
times for the estimators of Equations (2)-(4) are large.  Thus, a new estimator proportional to 

1
/V λ

 was defined to minimize the average percent difference.  The new estimator is: 

 

 0
0.253

/
T

V λ
=  (5) 

 
As seen in Table 1, the average percent difference for this new channel coherence time estimator 
is only -0.18 percent, significantly better than the previous best average percent difference of      
-29.4 percent. 
 
 

CONCLUSION 
 

Computer simulations have been performed to characterize the time variation of the 3GPP 
standard MIMO channel due to relative motion between the transmitter and receiver.  The 
simulations were performed for a variety of propagation environments and mobile station 
velocity magnitudes.  The simulation results were compared to three common channel coherence 
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time estimators.  This comparison shows that two of the estimators provide optimistic estimates 
of the channel coherence time, and one provides a pessimistic or worst case estimate of channel 
coherence time.  The average percent difference between the estimated and simulated channel 
coherence times for each estimator have been tabulated in Table 1.  The simulation results were 
also used to define a new channel coherence time estimator for the 3GPP MIMO channel model 
that has significantly smaller average percent difference then the other estimators.  This new 
estimator can be used to predict the length of time a MIMO channel can be considered static, or 
quasi-static, and thus is useful in determining practical limitations of proposed MIMO 
communications system algorithms. 
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APPENDIX 
 

Figure A – Urban Macrocell (8 degree angular spread) Channel Coherence Time 
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Figure B – Urban Macrocell (15 degree angular spread) Channel Coherence Time 
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Figure C – Urban Microcell LOS (K=1) Channel Coherence Time 
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Figure D – Urban Microcell LOS (K=100) Channel Coherence Time 
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Abstract 
 
The IntelliBus network protocol provides an enabling technology for the next generation data 
acquisition system. IntelliBus provides greater data acquisition efficiency and reliability 
compared to other network protocols. This paper discusses the design considerations and 
implementation of a next generation Data Acquisition System incorporating IntelliBus with 
emphasis on the advantages of the new architecture over existing acquisition systems. 
 
Key Words 
 
IntelliBus; Networked Based; Data Acquisition 
 
 
Introduction 
 
A telemetry based data acquisition system is often a key avionic component for supporting the 
development of new vehicles, be it aircraft, helicopters, rockets or missiles.  These data 
acquisition systems are used during the initial testing of vehicles and often remain in place for 
diagnostic and maintenance purposes.   Typically, a vehicle is instrumented with many different 
transducers for monitoring temperature, stress, vibration, or making other critical measurements.  
Besides transducers, vehicles also have computer systems that provide data using RS232 
communication ports, ARINC429, CAN bus, or other digital interfaces.  The data acquisition 
system is used to collect all the transducer measurements and digital data and organize this 
information into a form suitable for telemetry transmission.  
 
The key components of the data acquisition system include transducer interfaces, data formatter 
(sometimes called 'overhead controller'), and telemetry interface.  The transducer interface 
provides any necessary power and excitation reference signals to the transducers and conditions 
the transducer outputs into a suitable signal for digital conversion.  The formatter synchronizes 
the periodic sampling of the transducers and provides digital data processing.  The telemetry 
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interface is typically an IRIG PCM output although other interfaces such as Ethernet are utilized 
as well. 
 
 
Data Acquisition Metrics 
 
When evaluating the suitability of a data acquisition system for a telemetry application, there are 
a number of metrics to consider.   Size and weight are usually critical metrics since this is a 
premium commodity on an airborne vehicle.  Obviously, small and light is the preference.  
However, besides the size and weight of the Data Acquisition system, it also important to 
consider the size and weight of all the cabling that is required to the transducers.  In most 
instances, the size and weight of the cabling can actually dwarf the electronics.  The cost and 
schedule aspect of the cabling is also a prime consideration, in that it affects the installation, 
validation and calibration efforts necessary. 
 
Another important metric to consider is the customization and expansion capability of a system.  
There are a countless variety of transducers available with a variety of excitation requirements 
and signal outputs.  For each unique vehicle, there will be a custom instrumentation requirement 
based upon the number and type of transducers selected.   Data Acquisition systems have 
evolved to meet the countless permutations of channel count and transducer type.  The systems 
are usually modular, allowing signal conditioning cards for a particular class of transducer to be 
configured into a base unit.  Some key metrics to consider are how many channels can be 
supported and how many different cards are needed to cover all the different transducers for an 
application.  A multi-channel card that can be configured for a number of different transducers is 
often more cost effective. 
 
Besides modular customization and expansion within a single data acquisition unit, many 
systems allow expansion with additional remote units.  The metrics here include the number of 
remote units that are supported and the distance the remotes can be placed from the master unit.  
Often, there is a trade-off between length and data throughput to consider.    
 
Data integrity is another important design consideration when instrumenting a vehicle.    The 
accuracy and noise-free resolution of the signal conditioning is one metric to consider.  However, 
the potential noise pickup from long cable runs to the transducer is often overlooked.  A system 
that allows signal conditioning to be placed closer to the transducer is advantageous in this 
regard.   
 
Another data integrity issue to consider is the potential loss of data due to a single point of 
failure.  If a remote unit fails with a large number of signal conditioning modules installed, the 
information from all the attached transducers will be lost.  A distributed system can mitigate this 
potential loss.    
 
Important capabilities to look for in a data acquisition system are the built-in test, diagnostic and 
calibration features.  Advanced units can verify not only the proper operation of the signal 
conditioner itself but also detect malfunctioning transducers. This provides a system level “self 
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test” as part of the initial setup or maintenance operation. These advanced units will also include 
calibration to the sensor and conditioner by using on-board precision references. 
 
Besides accuracy and noise-free resolution, another data integrity issue is time synchronization.  
Data must be sampled at a known instant with respect to some time reference.   All signal 
conditioners, including those remotely located, must be able to synchronize their sampling to a 
time reference.  
 
Environmental ruggedness is another key metric to consider.  Most vehicle instrumentation 
applications present a harsh electromagnetic and physical environment.  Telemetry systems must 
be able to withstand a wide temperature range.  Units must also tolerate shock and vibration and 
electromagnetic discharges.  Conversely, data acquisition systems should not cause any 
electromagnetic interface, conducted or radiated, to any other avionic package on the vehicle. 
 
 
Limitations Of Traditional Data Acquisition Systems 
 
The traditional data acquisition system is typically either a large chassis or expandable stack that 
can be populated with modular signal conditioning cards.  There are several disadvantages with 
this architecture.  In order to accommodate a fully configured system, the base unit needs to have 
a large power supply and complicated overhead controller.  This adds unnecessary cost to 
minimally configured systems.  Another disadvantage is with the signal conditioners 
concentrated in one location, long cables runs are needed to remotely located transducers.  This 
adds cost and weight and compromises signal integrity.  Finally, there is the risk of losing all the 
data from the attached transducers due to a single point of failure in the main unit. 
 
Another characteristic of the traditional data acquisition system is the proprietary expansion bus 
used to network multiple units together in a master and remotes configurations in order to handle 
more channels of transducers.  These proprietary busses are typically synchronized to the 
telemetry bit rate and consist of a large bundle of conductors.   There are several disadvantages 
to this architecture.  Since the system bit rate is now coupled to the data rate on the external bus, 
there are trade-offs between the system bit rate and the distance to the furthest remote unit.  As 
this distance increases, the bit rate must decrease.  Alternatively, as bit rates increase, remote 
units must get closer -- this necessitates even longer cable runs to remote transducers and makes 
the wire bundle problem even worse.   
 
In integrating a proprietary bus, the end user must deal with the large number of conductors 
needed in the cable for the master to remote interface.  The large number of conductor wires 
compromises signal integrity by contributing to the EMI in the vehicle and adds to the size and 
weight.  And finally, since the bus is proprietary, interoperability with other avionics is severely 
limited. 
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A New Approach using IntelliBus 
 
In order to overcome the many limitations of the traditional data acquisition system, a new 
approach was envisioned.   The next generation system would be much smaller and lighter, 
allowing the signal conditioner to be placed in close proximity to the transducer it was attached 
to.  Rather than a centrally located unit with lots of cabling, the new system would be distributed 
with minimal cabling.  This would reduce overall cost, size, and weight, while signal integrity, 
reliability and performance would increase.   
 
A key enabling technology to fulfill this vision was a new data bus to network these distributed 
acquisition units together.  There were several characteristics that this new bus would need to 
have.  First, in order to simplify the cabling between units, it was desirable to have the smallest 
and lightest interconnect that provided both power and data to remote units.  The data network 
should not allow a single point of failure to cause multiple failures.  To further enhance data 
integrity, the network must be able to detect faults and provide recovery mechanisms without 
complicated switches, hubs or routers.  This eliminated a number of potential network candidates 
that use point-to-point technology.  The new bus must be capable of synchronization to a time 
reference in order to support simultaneous data sampling.  And most importantly, the bus would 
need to provide real-time data streaming at the full telemetry bit rates over the distance of a 
vehicle.  These last two requirements eliminated a number of promising computer based network 
technologies.  Additionally, the bus interface had to be simple enough to implement without 
demanding a large number of system resources that would take away from those needed for the 
data acquisition functions.  Finally, it was desirable to leverage an industry standard bus in order 
to maximize interoperability with other systems. 
 
The network technology that met these requirements and more is IntelliBus, an industry 
standard, and high-speed communication network protocol.  IntellliBus was developed by the 
Boeing Company to achieve single conductor communication with the intent to reduce the 
effects of instrumentation cabling on system implementations.  It was designed to support 
medium to large distributed electronic systems for telemetry, automotive, industrial control and 
health monitoring applications.   
 
 
Implementation of IntelliBus for Telemetry 
 
The IntelliBus network is a high-speed data acquisition bus that enables multiple sensors to be 
controlled on a shared communication link.  An IntelliBus system consists of a Network 
Interface Controller (NIC) that is installed into a standard Telemetry Encoder and Interface 
Modules (IBIMs) that connect directly to sensors.  A comparison of the traditional 
instrumentation system and IntelliBus enabled system is illustrated in the following Figure 1. 
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Figure 1 Traditional Versus IntelliBus Telemetry Solution  

 
 
Implementing this concept into a traditional telemetry system consists of incorporating the 
Network Interface Card (NIC) function in a NetDAS or MICRODAS as a standard interface 
option.  The NIC is programmed via the standard Telemetry software suite, gathering data and 
inserting into a telemetry format along with the standard digital interface cards available today. 
 
The IBIM combines the latest technology in signal conditioning in combination with the key 
features of IntelliBus resulting in the low cost, higher flexible solution over the tradition 
instrumentation system.   
 
The first IBIM unit implemented was the Strain Gauge Module (IBIM-SGV), shown in Figure 2 
is an eight-channel strain gauge signal conditioner that provides a programmable interface 
between bridge type transducers and a host controller.  The interface between the IBIM module 
and the host controller is via an IntelliBus network. 
 
 
 
 

Figure 2 IBIM-SGV 
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Key Features of the IBIM-SGV 
 
The new IntelliBus enabled architecture has been incorporated into the IBIM-SGV  consists of 
the following operational characteristics: 
 

General Operational 
− 8 channel voltage inputs, each input independently programmable 
− 8 channel excitation outputs, each input independently programmable 
− Operating temperature: -40 to +85 C 
− Supply voltage: 20 to 40V 
− Total power:  10 watts 
− EMC compliance: MIL-STD-461 
− Environmental compliance: MIL-STD-810E 
− Power input transient compliance: MIL-STD-704A 
− Power-up diagnostics 
− Support for Transducer Electronic Data Sheet (TEDS) 

 
Analog Input Conditioning 
− Differential Input, +/- 10 volt peak-to-peak full signal level 
− Over-voltage protection (continuous): +/- 32V (on or off) 
− 1 M-ohm input impedance  
− Programmable input termination (required for transducers without an input bias current 

path to ground) 
− Common mode operating range:  +/- 10V  
− Common mode rejection: >90 dB (DC to 15 KHz) 
− Programmable offset adjustment: -10 Vdc to +10 Vdc 
− Combined common mode, offset plus signal operating range: +/- 10.5V 
− Programmable low-pass filter, 100 Hz to 40 KHz band-pass. 
− Programmable gain (after offset adjustment): 1 to 100, step size of 0.1 
− Optional factory configuration fixed gain (before offset adjustment) 1 to 10 
− Sample rates up to 200 Ksps 
− 16-bit data conversion result  
− Transducer and Input amplifier calibration and balance with on-board precision voltage 

reference 
 

Analog Output Excitation 
− Programmable excitation: +1 to +10Vdc, 2.44 mV steps 
− 30 mA full load 
− 45 mA current limit with fold-back 
 
IntelliBus Network 
− RS-485 physical layer (PHY)  
− Simultaneous sample capability 
− Programmable trigger 
− 16-word FIFO buffer per channel 
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Function Block Diagram of the IBIM-SGV 
 
The key components include proven signal conditioning based on the current data acquisition 
systems combined with the new technology of the IntelliBus interface.  Block diagram is shown 
in Figure 3. 
 

Figure 3 The IBIM Functional Block Diagram 
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The strain gauge signal-conditioning interface consists of a differential input and an excitation 
output with 8 identical channels available.  The excitation output is programmable under control 
of a digital to analog converter (Excit D/A) that is amplified to a full load of 30mA and current 
limited to 50mA.  Under control of the IntelliBus, the input conditioner can operate in either data 
acquisition mode or in several different modes of calibration.   
 
During normal data acquisition mode, the input multiplexer (Input Mux) switches the Transducer 
input to an instrumentation amplifier (In-Amp).  This unity gain amplifier provides differential to 
single-ended conversion, removing any common mode noise or voltage.  Programmable offset 
adjustment and gain of 1, 10, or 100 is then applied to the signal in the analog domain.   An 
additional fine-gain adjustment is programmable, further on in the digital domain.  A 4th-order 
pre-sample filter is used to prevent aliasing before analog to digital conversion is performed 
(A/D).  The filter response is Butterworth with a cut-off frequency of 10KHz.  Digital samples 
are then passed to a programmable decimation filter.  The decimation filter provides anti-aliased 
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samples at a programmable rate in order to match the rate that the channel will be sampled in the 
telemetry frame.   
 
The A/D sampling and decimation filter are synchronized to the IntelliBus TRIGGER command.  
The TRIGGER command is issued from the Master Controller (e.g. MPC800 with a NIC).  The 
NIC itself will synchronize its schedule of IntelliBus requests to the telemetry timing.  A channel 
sampled in the telemetry format will result in a synchronized TRIGGER on the IntelliBus.  This 
TRIGGER command can be issued to a group of channels to allow multiple channels to be 
simultaneously sampled.    Each TRIGGER command moves a sample from the decimation filter 
into a FIFO data structure in the SRAM Memory.  After multiple samples have been 
accumulated in the FIFO, an IntelliBus FIFO read command passes a block of data to the NIC in 
the Master Controller.  The data passes through the NIC and ultimately into the telemetry output. 
 
Under control of the IntelliBus, the Input Conditioner can enter several different modes of 
calibration.  One calibration mode is called NCAL.  During NCAL, a calibration voltage (Cal. 
D/A) can be applied to the differential input in order to deflect the resistor bridge in the 
transducer by a programmable amount of offset.  By measuring the results of this deflection, the 
IBIM can determine if there are any faults in the transducer such as a short or broken wire.  The 
IBIM can then report the status of the transducer back the Master Controller over the IntelliBus.  
During normal acquisition mode, the Cal. D/A is set to high-impedance.  Alternatively, the Cal. 
D/A can be programmed to provide a termination to ground.  This termination is necessary for 
some high-impedance transducers in order to provide a small bias current for the In-Amp input 
stage. 
 
Another calibration mode is called ZCAL.   During ZCAL, the transducer is in a known 
quiescent state.  A measurement is then taken to determine the offset voltage in the transducer.  
Alternatively, a ZCAL can be performed on the signal conditioner itself by selecting the GND 
input to the Input Mux.   
 
Further calibration and diagnostic testing is available to the signal conditioner by selecting a 
precision reference voltage (2.5V Ref.) with the Input Mux.  The Input Mux also has a feedback 
path for the Transducer Excitation output.  The feedback path allows the transducer excitation to 
be monitored for diagnostic purposes.  This allows the IBIM to detect when current limiting or 
some other fault has affected the excitation output.  As with other calibration tests, the results of 
this diagnostic are available to the Master Controller via the IntelliBus. 
 
The network cable from the Master Controller provides the bi-directional IntelliBus signal and 
the 28-volt power input.  In order to facilitate cabling, two connectors are provided to allow 
daisy chaining of one device to the next.  The two connectors are electrically identical and 
provide a single bus tap on the IntelliBus.  The IntelliBus physical layer that has been 
implemented is RS485 at 15Mbs.  The IntelliBus protocol supports other physical layers 
including LVDS at 30Mbs and single-ended at lower bit rates.   
 
The IntelliBus SERDES provides serialization and deserialization of IntelliBus commands and 
data.  The commands and data are assembled into messages and parsed by the IntelliBus Framer.  
The Framer stores messages and transmits replies by issuing requests to the Memory Controller 
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for the appropriate data structure in the SRAM Memory.  One data structure is the FIFO that 
contains the data samples.  Other data structures exist for the initialization and configuration of 
the programmable registers such as the gain, offset, and filter settings for each channel.  Other 
data structures exist for configuration of the network into addressable channels and reporting 
status. 
 
The Memory Controller provides multi-port arbitration to the SRAM Memory among the eight 
signal conditioners, IntelliBus Framer, and NIOS embedded processor.  The NIOS processor 
handles the processing of IntelliBus messages and sequences the control of the other functional 
blocks.  The Flash Memory holds non-volatile settings such as channel configuration as well as 
the NIOS program and FPGA boot image.  A Temperature Monitor allows gain and offset errors 
to be compensated over the entire operating temperature. 
 
 
Mechanical 
 
The IntelliBus module (IBIM) shown in Figure 4 is approximately 2.750 x 2.650 x 1.750 inches. 
Construction is of aircraft grade aluminum alloy, 6061-T6 for lightweight and high strength.  
 
 

Figure 4 IBIM-SGV Exploded View 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
The IntelliBus module is designed to withstand the severe environments associated with fixed 
wing and rotary aircraft. For environmental protection the IntelliBus module will be Chromate 
Conversion coated, which will provide corrosion protection as well as low electrical resistance 
for superior EMI performance. 
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The IntelliBus module consists of seven (7) circuit card assemblies (CCA).  
• A common Backplane provides interconnection between other modules of the system. As 

well as common addressing and logic functions. 
• A standard I/O and power supply module provides standard LEMO type circular IBIM 

connectors as well as power conversion and filtering for a package power supply. 
• A Logic module, which provides digital overhead functions. 
• Four (4) two-channel strain gauge signal conditioning modules, which each receive I/O 

through an MDM 9 pin connector 
 
 

Conclusion 
 
The IntelliBus provides the next generation data acquisition system that provides greater data 
acquisition efficiency and reliability compared to other network protocols. The advantages of 
IntelliBus over the traditional telemetry implementation have been demonstrated in cost, weight, 
and ease of installation. These are summarized below: 
 
− 25% Reduction in Hardware Costs  
− 7% Reduction in Mechanical Design Costs 
− 18% Reduction in Electrical Design Costs 
− 40% Reduction in Wire Bundle Fabrication Costs 
− 50% Weight Reduction 
− 30% Reduction in Supportability 
− Less Scar to Test Vehicle 
− Improved Data Management 
− Easily Adapts to Changing Instrumentation Requirements 
− Improved Data Accuracy/Less Noisy Data 
− Increased Diagnostic Capability 
 
This advanced technology can be used to significantly change how Flight -Test programs can be 
conducted and provides the advantages listed.  As the number of functions expands, the 
instrumentation engineer will have a full complement of hardware solutions to integrate the 
IntelliBus System. 
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ABSTRACT 
 

This paper presents a joint source-channel decoding scheme based on a JPEG2000 source coder and 
an LDPC channel coder. At the encoder, JPEG2000 is used to perform source coding with certain 
error resilience (ER) modes, and LDPC codes are used to perform channel coding. At the decoder, 
after one iteration of LDPC decoding, the output codestream is then decoded by JPEG2000. With the 
error resilience mode switches on, the source decoder detects the position of the first error within 
each codeblock of the JPEG2000 codestream. This information is fed back to the channel decoder, 
and incorporated into the calculation of likelihood values of variable nodes for the next iteration of 
LDPC decoding. Our results indicate that the proposed method has significant gains over 
conventional separate channel and source decoding.  

 
KEYWORDS 

Joint source channel coding, JPEG2000, iterative decoding, LDPC codes. 
 
 

INTRODUCTION 
 

Arithmetic codes are gaining attention in source coding schemes such as JPEG2000, which is the 
latest international image compression standard. Synchronization losses cause arithmetic codes to be 
sensitive to channel noise. Studies have been ongoing to design systems providing better error 
protection. It is known that combining channel and source coding can improve overall error control 
performance [1]. In [2], Turbo codes are applied to compressed images/video coded by different 
source coding schemes, such as vector quantization, JPEG and MPEG. Redundant source 
information, or some unique structure in these source codes, are used by the channel decoder. In [3], 
a soft decoding algorithm is proposed to provide good error-resilience of arithmetic codes. An 
iterative source-channel decoding structure is also proposed in the spirit of serial turbo codes. 
Pruning is used to limit the complexity of the soft decoding algorithm. However, it also limits the 
benefits of iterative joint decoding significantly. 
 
This paper presents a joint source-channel decoding scheme based on a JPEG2000 [4] source coder 
and an LDPC channel coder. JPEG2000 offers a number of functionalities, including error resilience 
 



tools. These tools combat error propagation in arithmetic coded JPEG2000 codestreams during 
transmission over noisy channels. As we will demonstrate, they can also provide effective feedback 
information to a channel decoder. Efficient decoding algorithms for LDPC codes and convenient 
error resilience tools of JPEG2000 make the complexity of the joint decoding scheme low, yet also 
provide large gains over separate decoding. Experimental results show significant improvement in 
PSNR of reconstructed images, and reduction of residual errors under different channel conditions. 
 
 

DECODING OF LDPC CODES 
 
LDPC codes were invented by Gallagher in 1960 [5], and have good block error correcting 
performance. These codes did not gain much attention until the mid-1990’s. The iterative decoding 
algorithm provided in [5] was rediscovered as the belief propagation or sum-product algorithm in [6], 
[7]. To visualize the decoding algorithm for LDPC codes, the parity-check matrix is represented as a 
bipartite graph (also called a Tanner graph [8]) with two types of nodes. The first subset of nodes is 
comprised of code bits, and the second subset of nodes is comprised of parity-check equations. An 
edge between a bit and an equation exists if the bit is involved in the check. For example the Tanner 
graph representation of a parity check matrix for an LDPC code is shown in Figure 1. 

 
Figure 1. Tanner graph of an LDPC code.  

 
In this figure, the iC  represent variable nodes in a codeword, and the jf  represent check nodes. 

Variable nodes iC are connected to jf  according to the rows of a parity check matrix H of an LDPC 

code. Each such row specifies one check equation. The corresponding H matrix of Figure 1 is:  
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We are interested in finding the probability ),|1Pr( ii SYC = , where C is the transmitted codeword, Y 

is the received word, and iS  is the event that the bits in codeword C satisfy all the parity check 

equations involving iC . Gallagher stated the following theorem in [5]:  
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Here, iP  is the probability that iC  is 1 given the received digit iY , and ijP  is the probability that the 

ith bit in the jth check equation is 1 given the received digit of that bit. The assumption is that the 
bits involved in one check equation are statistically independent of each other. Notation }{⋅N denotes 
the neighborhood of one node in the graph model, i.e., all the other nodes that are connected to that 
node. Notation ijN \}{ means the neighborhood of node j except node i. 
 
The message from variable node i to check node j is denoted by )(bqij , which is the probability that 

bCi = given the extrinsic information from all check nodes other than j and the received digit iY . 

The message from check node j to variable node i is denoted by )(brji , representing the probability 

that the jth check equation is satisfied given bCi =  and the information from all other variable 

nodes connected to j. Specifically, the check nodes gather information from the variable nodes to 
compute  
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The variable nodes then gather information from the check nodes to compute  
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The constant ijα assures 1)1()0( =+ ijij qq . Now the “pseudo-posterior probabilities [7]” )(bQi , are 

computed as  
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Again, the constant iα assures 1)1()0( =+ ii QQ . The decision 1ˆ =iC is made if 5.0)1( ≥iQ . The 

entire process is repeated in an iterative fashion. 
 
To avoid the many multiplications in the algorithm, log domain computation is adopted. Then )( iCL  

denotes the log-APP ratio of variable node iC , also called the log-likelihood ratio (LLR). Similarly, 

)( ijqL  is the LLR of the message ijq , and )( jirL  is the LLR of the message jir . 

 
The decoding procedure starts with initialization. For a binary-input AWGN channel, symbol ix  

takes values on { +1, -1} , corresponding to iC being { 0, 1} . The initial LLR of iC  is  

)|1Pr(

)|1Pr(
log)(

ii

ii
i yx

yx
CL

−=
+== .  (9) 

Assume AWGN channel and equal a priori probability,  
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Setting the initial )( ijqL to be the same as )( iCL , the computation can be obtained straightforwardly 

by substituting the LLR definitions into Equations (3) – (8):  
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If 0)( ≥iQL , the estimated bit 0ˆ =iC , otherwise 1ˆ =iC . )( iQL can be viewed as the soft value of the 

binary random variable iC . The above procedure is repeated until some maximum desired iteration 

number is reached, or a legal codeword is detected. 
 
The nature of the algorithm implies that more reliable bits have higher soft values, i.e., further away 
from the threshold (zero). Bit errors occur around the threshold with high probabilities. If a bit is 
known to be correct, increasing its soft value can help correct errors via the positive message sent 
from this bit. As mentioned in the introduction, JPEG2000 is able to provide such source 
information to help the channel decoder. The following subsection provides a brief overview of 
JPEG2000, including the relevant error resilience tools. 
 
 

BRIEF REVIEW OF THE JPEG2000 STANDARD 
 
In JPEG2000, an image is optionally divided into non-overlapping rectangular regions, called tiles. 
The array of samples from one component (if the image has multiple components) which are in the 
area of a tile is called a tile-component. The wavelet transform is performed on each tile-component, 
generating subbands of different resolutions depending on the number of levels of wavelet transform. 
The resulting wavelet subbands are partitioned into a number of different geometric structures. The 
smallest structure is called a codeblock. Codeblocks are formed by partitioning the subbands. The 
wavelet coefficients in each codeblock are then quantized. The quantized coefficients in a given 
codeblock form a sequence of binary arrays by filling each binary array with one bit from each 
coefficient (from most significant bit to least significant bit). These binary arrays are called bitplanes. 
Each bitplane is encoded in three passes, referred to as coding passes. 
 
The JPEG2000 codestream is formed by combining the coding passes from different codeblocks. 
Arithmetic coding is incorporated in the JPEG2000 bit-plane compression process. JPEG2000 
provides several error resilience tools, including the arithmetic coder switches RESTART and 
ERTERM. RESTART causes the arithmetic coder to be restarted at the beginning of each coding 
pass. In this case, each coding pass has a separate arithmetic codeword segment. When the 
ERTERM switch is turned on, the source decoder is able to reliably detect when an arithmetic 
codeword segment is corrupted. If the JPEG2000 codestream is generated using these two mode 
switches, the decoder can identify that an error has occurred in a given coding pass. When an error 
occurs in a coding pass, common practice is to discard the current and all future coding passes of the 



current codeblock. The decoder then starts decoding the first coding pass in the next codeblock. In 
this way, bit errors do not propagate from one codeblock to the next. For more detailed description 
of the standard, readers are referred to [4]. 
 

ITERATIVE JOINT SOURCE-CHANNEL DECODING OF JPEG2000 CODESTREAMS  
 
In our work, information on which coding passes in each codeblock are decodable is fed back to the 
LDPC decoder. To see how this feedback source information can help the channel decoder, 
examination of the LDPC decoding algorithm is needed. In equation (10), the a priori probabilities 
of ix are assumed equal. After source decoding, information on where the first bit error occurs is 

available to the channel decoder. This actually changes the a priori probabilities of ix . Modifications 

are made to re-calculate the )( iCL . The details are described in the following paragraphs. 

 
After JPEG2000 encoding of an image, the resulting codestream is sequentially divided into channel 
codewords. These channel codewords are mapped into channel symbols as iC

ix )1(−= . The noisy 

channel will introduce errors into these channel symbols. If noise n is AWGN, the received words 
have symbols nxY ii += . One iteration of LDPC decoding is performed and the output codestream 

is then decoded by JPEG2000. With the error resilience mode switches on, the correct coding passes 
are detected in each channel codeword. This source information is passed to the channel decoder. 
 
First suppose that the source decoder performs perfect error detection. For those bits in correct 
coding passes, 1)1Pr( =+=ix , if 0)( ≥iQL and 1)1Pr( =−=ix if 0)( <iQL . These bits are now 

known to the channel decoder, and they can help decoding other undetermined bits involved in the 
same check equations they are in, by sending positive messages. In other words, these known bits 
are assigned LLRs of ∞=)( iCL , if 0)( ≥iQL  and −∞=)( iCL , if 0)( <iQL . In practice, large values 

are used instead of infinity. 
 
Now suppose that the source decoder performs correct error-detection with some probability 1det <p . 

For those bits in correct (believed by the source decoder) coding passes, Equation (10) now becomes  
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where sgn is the sign function. 
 
In summary, we modify the soft values of the variable nodes involved in correct coding passes as:  
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The weighting factor t is defined as:  
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It is important to note that coding passes must be treated sequentially. Due to the context dependent 
arithmetic coding employed in JPEG2000, a coding pass can only be decoded when all the previous 
coding passes in the same codeblock are correct. Thus the soft values can be modified for all bits 
within a codeblock, up to but not including those in the first coding pass containing incorrectly 
decoded bits. After modification of the appropriate soft values for all code blocks, the next iteration 
of channel decoding is performed, followed by another round of source decoding. This iterative 
decoding procedure is repeated until some stopping criterion is met. 
 
 

EXPERIMENTAL RESULTS 
 
We have used the Kakadu V3.3 implementation of JPEG2000 [9]. In our experiments, a (3648, 3135) 
LDPC code is selected. In each case where a noisy channel is employed, 1000 simulations are 
performed. MSE (Mean Square Error) values of decoded images are averaged over the simulations, 
then the average MSE is converted to PSNR. The 512×512 Lenna image, compressed at 1.0 
bits/pixel, is used as the test image.  
 
In previous work [10], we assumed exact information on which coding pass contains the first error 
within each code block, i.e., no incorrect or mis-detection of corrupt coding passes. The weighting 
factor is then ∞== 0/1logt . Due to the LDPC decoding algorithm, extremely large values of t 
yield comparable results to those obtained with moderate value of t. In the experiments, t was chosen 
to be five. We also studied the effect of different codeblock sizes in [10].  By default, Kakadu uses 
64×64 codeblocks. In addition to this size, we have also tested our scheme using codeblock sizes of 
32×32, 16×16 and 8×8. Different codeblock sizes affect the compression performance as well as the 
lengths of the coding passes. Smaller codeblock sizes result in shorter coding passes and some 
reduction in compression efficiency. However, shorter coding passes have better performance in our 
scheme, since they provide better error localization.  
 
We now consider a more realistic use of the proposed joint decoding method. In what follows, 
Kakadu is tasked to find the location of the first corrupt coding pass of each codeblock. We begin by 
studying the reliability of Kakadu in performing this job. To this end, we corrupt Kakadu 
codestreams with a BSC having error probability . During decoding of the compressed image, 
Kakadu generates an error report about the position of the first error it detects within each code 
block. By comparing the error report with the truth, the statistical results of error-detection 
performance are found. The value of  is selected as the average residual BER after some number of 
iterations for the channel code used in the joint decoding scheme. Tables 1 and 2 list the results 
under channel SNRs of 4.2 dB and 4.5 dB, and differing numbers of iterations. The entry “success” 
in the table is the percentage of cases when the first error in a codeblock is detected as occurring in 
the correct coding pass. “Delay 1”  is the percentage of the errors which are detected one coding pass 
later than their occurrences. “Delay 2”  is the same as “Delay 1”  but two coding passes later. Further 
delays are negligible. “Miss”  is the percentage of cases when an existing error goes undetected. 
More than 90% of the “Miss”  cases occur when the error is in the last coding pass of a code block.  
 
From these statistics a suitable weighting factor t can be calculated. Assume Kakadu reports an 
occurrence of the first error in the jth coding pass. Then from Equation (16), the weighting factor for 
the (j-1)th coding pass should be calculated as:  



 
 
 

Table 1. Statistics for channel SNR = 4.2 dB. 
Iteration  ( 210− ) Success (%) Delay 1 (%) Delay 2 (%) Miss (%) 

5 7.09 98.75 0.59 0.45 0.20 
10 4.86 98.64 0.62 0.49 0.23 
20 3.53 98.50 0.67 0.52 0.28 
40 3.02 98.44 0.66 0.56 0.30 

 
 

Table 2. Statistics for channel SNR = 4.5 dB. 
Iteration  ( 410− ) Success (%) Delay 1 (%) Delay 2 (%) Miss (%) 

5 9.1 98.21 0.67 0.61 0.40 
10 4.0 98.11 0.62 0.60 0.52 
20 1.7 97.99 0.60 0.58 0.65 
40 1.5 98.05 0.60 0.60 0.59 

 
 

Success-1

Success
log1 =−jt .  (17) 

 
Because of the fairly high reliability of detection, this weighting factor is large. This value of t is 
computed based only on probability of incorrect decoding. Unfortunately however, if a coding pass 
is marked as error-free while it actually contains one or more errors, dramatic increases in image 
distortion can result. Thus, in practice, the value of t as computed above results in poor performance. 
It is desirable to derive an improved expression for t that incorporates MSE of the decoded imagery. 
However such derivation is left for future work.  
 
It is noted above that in most cases, the delayed detections occur within two coding passes of the 
true error location. In our experiments, we have found that values for t of 0.5 and 0.2 work well for 
the (j-2)th and (j-1)th coding passes, respectively. As in the error free case, we use t = 5 for the (j-
i)th coding pass for all i>2. Results of experiments employing these values of t and a codeblock size 
of 32×32, are listed in Table 3. For this codeblock size, error-free decoding provides a reconstructed 
image with a PSNR of 39.80 dB.   
 

Table 3. Average PSNR for codeblock size 32×32 after 40 iterations. 
Channel SNR With FB  With FB Ideal Without FB PSNR PSNR Ideal 

4.2 (dB) 23.64 24.00 22.75 0.89 1.25 
4.3 (dB) 27.57 28.38 26.40 1.17 1.98 
4.4 (dB) 31.93 32.65 30.98 0.95 1.57 
4.5 (dB) 34.76 35.23 34.01 0.75 1.22 

 
The second column lists the average PSNR using the feedback information. The third column lists 
the ideal results while we assumed perfect detection as in [10]. The fourth column shows the results 



without feedback information, which is the conventional separate decoding method. The last two 
columns list the performance gains. The gains obtained have the same tendency as in previous work. 
But, as expected, gains are not as large as those in the ideal case, when perfect error detection was 
assumed. The ideal case provides an upper bound for the performance of a practical joint decoding 
scheme. With more complex weighting schemes, as hinted at above, the performance of practical 
joint decoding may be closer to the ideal case. 
 
The convergence rates of the two schemes are illustrated in Figure 2 and Figure 3 for two different 
channel SNRs. These figures clearly show how the joint decoding method accelerates convergence 
of correct decoding. 
 

 
Figure 2. PSNR vs. iteration number for channel SNR = 4.3 dB. 

 

 
Figure 3. PSNR vs. iteration number for channel SNR = 4.4 dB. 

 



 
 
 

CONCLUSION 
 
This work extends our previous work to a more practical scenario. From the experimental results, it 
is clear that the proposed joint iterative decoding method can improve overall system performance. 
For a given PSNR requirement, the joint iterative decoding method requires less iterations than the 
separate decoding method. For a given channel SNR condition, the joint iterative decoding method 
can improve the quality of the reconstructed images. The use of our joint decoding scheme increases 
the operational range of the communication system. 
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ABSTRACT 
 
Based on a fourty year experience in Telemetry, acquired on the European Space Program, 
IN-SNEC company (Zodiac group) has designed a versatile, modular and customable 
telemetry system for Airbus A380 aircraft program. 
 
This Aircraft Telemetry System (TMA-2000) comes with a large set of acquisition boards 
allowing numerous digital and analog inputs.  
 
The major innovation of this system lies in its modularity which allows the user to configure 
his acquisition chain in function of his monitoring needs and the use of an Ethernet link for its 
configuration as well as for telemetry output data flow. 
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INTRODUCTION 
 
The renewal of Airbus test equipement began in the end of the 90’s by a call for tender about 
a new generation DAS equipement whose goal was in addition to collect and record the great 
amount of data necessary to the qualification of an Aircraft, to be able to process and sort, in 
real time part of these data. The interest of onboard process is obviously to reduce 
qualification waisted time by an onboard control of the major parameters which are the theme 
of the qualification flight and to check that the qualification threshold is reached for a given 
parameter. It allows a better selection of relevant data reducing flow of unusefull information. 
It provides a real time control of security parameters during the flights. 
 
Placed between the low level layer of the wole test equipement system (the sensors and buses 
derivations), and the top layer (the recording, ground transmission and display facilities), the 



Aircraft Telemetry System (TMA 2000) has been designed to bring an efficient answer to the 
requirements of a modern DAS: 
• Ethernet interface 
• Modular 
• Configurable (by Ethernet) 
• Real time processing and sorting 
• Versatile data flow 
• Built in Test 
 
In addition, the system must be easy to use, easy to interface with standard means, accurate, 
reliable… For further information and technical specifications, please contact In-Snec 
company. 
 
This article gives an overview of the system and details its main characteristics through an 
example. 
 
 

DISCOVERING THE TMA SYSTEM THROUGH AN EXAMPLE 
 
In the case of a big aircraft, more than several thousands of measurements may be necessary 
to cover the qualification testing. Such a test organization requires computer assistance to 
build the data base, prepare configuration files and organize the measurements. To explain the 
TMA system, we propose to present the example of some basic measurements but highly 
representative of the instrumentation needs.  
 
As we want to correlate the TMA acquisitions with other DAS and the flight test timing, we 
want to know accuratly the date of any of these acquisitions. See SYNCHRONIZATION 
paragraph. 
 
As the user, we have determined the needs: 
- a voltage signal of 1 volts maximum and frequency 200 Hz maximum, 
- a sensor whose probe is a resistor centered 100Ohms (Thermal probe for example), 
- check a power whose both signal components are voltage values (the current is seen 

through a resistor), 
- monitor a frequency, period, count transition or perform on/off detection of a discrete 

signal, 
- extract a digital label of an ARINC429 transmission bus, 
- analyse transmitted characters on a RS422 bus and performs statistical synthesis like 

count errors, count number of frames and send regularly the results. 
 
We want to be informed if  any failure appends in the system. See AUTOTEST paragraph. 
 
The purpose of these measurements is to be displayed and stored in real time but also be 
shared to different devices. In other words, we want for example to output the four first 
measurements to a first operator and the last three measurements to a another one. All data 
will be recorded. See GLOBAL SYSTEM OVERVIEW and PARAMETERS - PACKETS - 
OUTPUT DATA FLOW paragraphs 
 
 



We propose to select now our measurement modules, configure the system and proceed at the 
output exploitation. 
 
 

SETTING UP THE TEST  
 
The test set up which will be the guideline of our example is shown in figure 1. To give more 
interest to the example, we choose to dispatch the measurement modules needed through a 
“daisy chain” of three racks placed 100 feet from each other. Up to 16 card racks may 
constitute a daisy chain. In each rack, we need one DC-DC converter (only one half of a rack 
may be powered), one control module, different acquisition modules and some cables to 
constitute the system. The Master rack is equipped with an Ethernet module which is the 
interface with external environment. 
 
If accurate sampling and datation is required, a synchronization and datation device provides 
time reference to the TMA. In stand alone mode, the date of the parameters is reset at power 
up. Note that TMA supports a 48 bits datation information with a 1µs LSB. Let us define at 
this stage that a parameter is an elementary data with date and identification tagging.  
 
To configure the system, a standard PC with the TMA software package is required. 
 
Once configured, the data flow is sent on UDP/IP format to multicast  groups  connected to 
the Ethernet network through the Ethernet link. 
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Figure 1 
 



Rack characteristics 
 
The rack is a 19” 4U size mechanical structure, which can be placed in a standard cabinet. In 
each rack, one can place up to 21 acquisition modules (20 in the master one). The 22nd slot is 
used by the control module. On the backside of the rack, input and output connectors lead to 
an easy connection with external environnement (synchros, probes, outputs). The rack is 
powered by a 28V DC power supply. A special care has been taken to reduce power up 
current and to accept large varations of the voltage. A protection against power drop out of 
minimum 250ms at maximum load is included. In dedicated slots, two 200W DC-DC  
converters power the modules with 5V and +/-15V, each one, half of a rack. A front face 
closes the rack with shielding for EMC requirements. Each module is equiped with leds 
which give in a glance the state of the system. 
 
A rack becomes master or slave depending on the straps configuration of one of its local 
connector. 
 
 
Configuration 
 
Easy to install on a standard PC, the TMA software package includes the whole software set 
for acquisition modules and configuration. The three steps to configure a TMA system are: 
 

1. The user writes its configuration files (in text format). Numerous examples are 
provided to guide him. In the real case of thousands of measurements, data base 
extraction to produce configuration files automatically is preferable. We shall give 
some configuration examples showing that configuration is intuitive and can easily 
be automated. 

2. The configuration tools includes a compiler which checks the configuration 
description and translates the text files into configuration binary files to be loaded 
in the TMA system modules. If necessary, the TMA compiler will also run 
automatically the DSP standard compiler for user processes written in C language. 
The customization paragraph details this feature.  

3. The configuration is sent to the TMA system, through ETHERNET link with the 
loader. 

 
A Graphic User Interface is provided for user testing but the compiler and the loader may be 
called from an automated script. At any stage, reports and log files give usefull information 
concerning configuration statistics or errors. 
 
 

SYNCHRONIZATION 
 
The TMA can be synchronized by a GPS station delivering an IRIG datation stream, a 1s 
clock and a 1 MHz optional clock delivered to the Master rack. Based on the TMA 
synchronization broadcasting principles throught the ADSL links, all the acquisition modules 
of  the chain are able to sample with a great accuracy (maximum phase shift : 140ns) 
wherever are the modules in the chain and whatever is the sampling frequency. Consequently 
one GPS station will synchronize with the same performances different TMA daisy chains. 
 
 



ANALOG ACQUISITION 
 
Different kinds of modules may be used for the different types of acquisition: 
- Voltage, thermocouples, strains gauge, sampled up to 64Kpps and in range up to +/-

50Volts 
- Frequency, Counter or Period measurements 
- Discrete signal detection at any threshold between –10 to +10Volts 
- Smart sensors like TEDs following the standard IEEE1451.4. 
 
 
Voltage measurement 
 
In our  example, the ANA_MONO module with its 16 channels may be used to input the 
voltage signal of maximum 1 Volt and 200 Hz frequency. One of the 16 channel is devoted to 
this measurement and configured simply with the text file associated to the module: 
 
AMNCHANNEL[01]  ß selection of the channel 
{MEASURE = VOLTAGE 
FILTER   = F2   ß two sets of digital filters may be used to reduce noise. 
SAMPLE  = 2048  ß sampling rate which with the filter field determines the cut frequency 
RANGE  = VRANGE7  ß +/-1.024 Volt measurement range 
OFFSET = 0   ß an offset may be programmed 
DECIMATION  = 2}  ß reduction of output data rate 
 
 
Temperature measurement 
 
To measure a temperature, the same module can be used with another channel configuration, 
for a PT100 Thermal probe for example, an accurate current generator is associated to each of 
the 16 channels and can be programmed from 1 to 20 mA. The configuration of the channel is 
close to the previous one: 
 
AMNCHANNEL[02]  ß selection of another channel 
{ MEASURE = TEMPERATURE 
SAMPLE  = 256  ß refreshing period  
RANGE  = TRANGE4  ß -100°C +400°C 
CURRENT  = 1 }  ß 1 mA current generator 
 
 
Power or RMS measurement 
 
An interesting use of the system is to control some measurements in real time and to compute 
power or RMS values, following our example, the same hardware ANA_MONO module can 
be used in a specific RMS/Power set of software. By configuration, we define the process to 
perform and the associated channels: 
 
ARPCHANNEL[04]  ß selection a channel – another set of software (ARP) is used 
{MEASURE = POWER ß type of process, when RMS is selected there is no LINK channel 
LINK   = 5 
SAMPLE  = 128  ß refreshing period 
RANGE  = ARPRANGE2} ß+/-5.12 Volt range 
ARPCHANNEL[05]  ß associated channel 
{RANGE = ARPRANGE4} ß range of signal may be different 



 
The associated channel must be declared, the range may be different. The compiler will 
associate these two channels and the acquisition module will be configured to perform the 
power computations. 
 
 
Monitor frequency, period, count transition or perform on/off detection of a discrete 
signal 
 
The frequency and period measurements are based on counting the transistions of a signal 
through a threshold. The 8 channels FCP module performs this kind of acquisition. This 
module counts the number of transitions and can output as well, the counter value, a period or 
a frequency. The desired output rate of any of these results is configurable. 
 
In the same order of idea, the 36 discrete channels TOR module performs on/off detection 
through a threshold and outputs the state of the signal. The configuration of a channel 
specifies the physical interface and the threshold. Edge or sampling may be combined. Time 
filtering may be configured in order to reduce the amount of data for a high frequency 
alternative signal: 
 
TORCHANNEL[01]  ß Each channel is individually configurable 
{THRESHOLD  = 2.5V   ß In a range -10 to +10Volts 
MODE   = SHUNT  ß different physical input interfaces are available 
EDGE   = YES  ß each threshold transition detection generates a parameter 
FILTER   = 1ms }  ß time filtering : 1 ms after a detection no parameter is generated 
 
As the reader can imagine, this module will generate parameters which shall not be periodical. 
The parameter production depends on the signal. We shall see in the paragraph dealing with 
parameters how the system manages this dynamic data flow. 
 
 
Smart sensors – TEDS 
 
A 12 channels analog wide band module has been developped with the ability to be interfaced 
with TEDs, standard IEEE1451.4. The main advantage of such an interface is to be able to 
read into the sensor a table of data. This kind of interface provides features like checking the 
type of sensor, detecting connection failure, getting directly from the sensor the compensation 
parameter, reducing the risks of human errors. 
 
 

DIGITAL BUS ACQUISITION 
 
A large set of digital standards can be acquired with different modules: RS422, RS232, 
RS485, CAN, ARINC429, etc… 
 
 
Standard configuration 
 
The physical interface may be configured for these different modules : 
- for RS232/422/485 : baud rate, protocole synchronous/asynchronous, data length, start bit, 

stop bit, line termination impedance… 



- for ARINC419: fast (100kbits/s) or slow rate (10kbits/s), parity, mode, label/time 
filtering…  

- for CAN : bit rate from 250 kbits/s to 1 Mbits/s, sampling, IDCAN sorting/filtering. 
 
Every data detected on the bus link can, in basic mode, generate an output parameter but this 
could lead to saturation of the DAS system and fill the recording system with a lot of 
unusefull information. Some basic processes are proposed for each of these modules, some 
specific data or label values (in the case of ARINC or CAN) may be extracted on these buses. 
Time filtering is also available to prevent the system to saturate on a repeated information. 
 
In our example, extraction of given label on an ARINC bus can be configured with time 
filtering: 
 
ARCHANNEL[01]  ß Each channel is individually configurable 
{RATE = FAST    ß Two bit rates supported 
PARITY  = ODD   ß Parity 
MODE  = EXTENDED  ß Down to two bits of gap is supported 
LABEL  = 123-x, F0  ß This label “123” with any SDI is extracted with no time filtering  
LABEL  = 234-1,234-3,F64} ß This label “234” with both SDI=1 or3 is extracted with time filtering 

by windows of 64ms 
 
Customization 
 
In addition to basic configuration, these modules are equiped with a DSP devoted to user 
needs. It can easily be customized, using the Library Software Package provided (C 
langague), by the user to run any more complex process which is not available in the basical 
configuration. 
 
A custom process called FRAMESTAT created as a C language program answers to our 
example. This program could perform the frame monitoring required and update a table of 1 
to up to 8kbytes long which is regularly output at a programmable rate. The only limitation is 
given by the global throughput of the system. Such a custom program is called simply in the 
RSxxx configuration file: 
 
RSCHANNEL[05]  ß Each channel is individually configurable 
 {STANDARD  = RS485 
PROTOCOL = SYNC  ß Synchronous or aynchronous 
...    ß Hardware configuration depending on SYNC or ASYNC mode 
PROCESS = FRAMESTAT} ß Process customization 
 
This concludes the different measurements of our example. 
 
 

AUTOTEST 
 
In such a system whose complexity is shadowed, a built in test equipement is absolutly 
necessary to help the user, at the different stages of the use of this equipement to diagnostic a 
failure (hardware, software, saturations...).  
 
Different reports are available after reset and during operation. After reset, some autotests are 
performed by the different modules. These tests are synthetizes on a few leds but detail can be 
obtained by reading internal status which can be output by the standard flow as well as on a 



specific alarm flow. During operation, the system continuously monitors its state and the 
correct data flow. Any saturation or missed data will be monitored and indicated. The 
synchronization is accuratly monitored. 
 
A specific “alarm” module has been develop to continuously output the status of the system 
on a specific RS232 stream. On the standard output flow, any status can be output at the 
desired rate associated to the data. The loss of a card rack (failure of a power supply) does not 
stop the acquisition which can go on with the remaining racks. 
 
Any transitory error, once detected, is maintained one second in the status and once it has 
disappeared, the system recovers automatically. 
 
 

GLOBAL SYSTEM OVERVIEW 
 
With its external link based on an Ethernet 100 Base TX physical link and a data throughput 
of up to 40 Mbits/s, the TMA system can be organized to fulfill the requirements of a 
performing DAS placed between the sensors and the Ethernet network. For a complex aircraft 
as A380, several TMA DAS are necessary. The global organization of the system is shown in 
figure 2. 
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Figure 2 
 
The major innovation of this system lies in the use of an Ethernet link for its configuration as 
well as for telemetry output data flow. One of the major advantage of TMA is to sort and 
switch data to the desired destination. Taking advantage of the Ethernet output link, different 
destinations called groups can be defined (up to 16) by using Ethernet multicast destination 



addresses. This allows to switch data to the desired users according with the configuration of 
the system. In our example, we want to define two destination groups to switch the four first 
measurements to a first operator and the last three measurements to a second operator. This is 
achieved by using two Ethernet multicast addresses. Then the routing of the data lay on the 
use of standard ethernet network equipment.  
 
Another main advantage of Ethernet lies in the matching of the output data flow to the load of 
dynamic parameters. This require a packet organization described in the next paragraph. 
 
 

PARAMETERS  - PACKETS - OUTPUT DATA FLOW 
 
A parameter is an elementary data with date and identification tagging. Several parameters are 
gathered together to constitute a data packet. Along this article, we have shown that there are 
sampling parameters acquired at a regular rate and dynamic parameters appearing in function 
of external events. 
 
Both dynamic or sampling parameters fill a packet structure which is tagged with a key. TMA 
can support both cases : 
- Sampling packet : the order of parameters is predefined by configuration. The TMA 

system produces the same quantity of parameters that are defined. 
- Dynamic packet : the order of the parameters is depending on external signals and the 

tagging identification helps to decode them.  
 
Very early, in the system, the output parameter is prepared. The sampling acquisition boards 
prepare the parameters early enough to be compatible with the instant they are acquired by the 
control module. The control module gets the parameters from its own rack and from the 
previous rack of the daisy chain. The control module merges these parameters, in agreement 
with the configuration, to build the desired sampling packet structure which will be sent to the 
dedicated key as soon as it is completed. 
 
Concerning the dynamic acquisition data, each acquisition module sends to the control 
module the parameters as soon as they are produced with their key, sharing the available 
bandwith. A possible saturation is monitored continuously. The control module sorts these 
parameters by their key and build the different packets defined in the configuration. 
According to a size threshold or real time criteria, the TMA system will close the dynamic 
packet and store it in the current Ethernet frame dedicated to its group. 
 
A second size threshold or real time criteria will generate the transmission of the frame of 
packets on the Ethernet link to the appropriate multicast group. 
 
The configuration of such a system is a hierarchical description of  the “exculsive” tree 
constituted of  
1. the multicast groups, with an Ethernet address and the list of packets (sampling and/or 

dynamic), 
2. the different packets described with the list of parameters, 
3. each parameter is declared individually for each channel in the acquisition modules file 

configuration. 
 
 



CONCLUSION 
 
We have exposed in this article the performing characteristics of the new Aircraft Telemetry 
System (TMA2000) designed for the A380 Aircraft, modular, versatile, configurable with 
Ethernet interface. 
 
We have detailed through different examples the capability of configuration offered to the 
user with this new DAS system, the large set of acquisition modules allowing numerous 
digital or analog inputs and the way to sort and output data to a desired user.  
 
We have detailed the synchronization of such a system and show how a whole acquisition test 
system in the aircraft, composed of several daisy chain, can properly perform synchronous 
measurements. 
 
We hope we have demonstrate that this new DAS system could give ideas and answers to the 
engineers in charge of testing aircrafts. 
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ABSTRACT 
 
Serial interfaces (RS232, RS422/485) have been the standard method of communications in 
traditional data acquisition systems.  The role of these interfaces has been to supply a simple 
setup and control path between a host and the data acquisition master and little else.   
 
Today’s distributed data acquisition systems (DAS), which are comprised of many types of 
components including Ground Support Computers (GSC), Pilot Control Units (PCU), Data 
System Control Units (DSCU), Solid State Recorders (SSR), Data Acquisition Units (DAU) 
and Cockpit Instrumentation Data Systems (CIDS), are ideally suited to the use of Ethernet 
for not only setup functions, but for the distribution of acquired data and status to an unlimited 
number of users.  Besides the obvious advantage of higher data rates, Ethernet provides other 
benefits such as greater data integrity, multi-host capability, and common programming 
interfaces.  This paper details the integration of new L3 Communications – Telemetry East 
(L3-TE) Ethernet based software and hardware components that are part of the Comanche 
Data Systems equipment suite. 
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INTRODUCTION 
 

In the early 1990’s, Microcom was contracted to upgrade and expand the functionality of its 
Airborne Data Acquisition and Processing System (ADAPS) components to support the 
requirements of the prototype Comanche flight test program, which culminated with the first 
flight on January 4, 1996.  A top-level block diagram of the overall DAS supplied for the 
Comanche is shown in Figure 1.  
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FIGURE 1 – COMANCHE PROTOTYPE DAS BLOCK DIAGRAM 

 
The Microcom developed components included: 
 

a. Remote Multiplexer Units (RMU): this Data Acquisition Unit (DAU) is 
responsible for collecting information from various sensors and bus inputs and 
generating a PCM stream 

b. Data Combiner Unit (DCU): this unit is responsible for combining up to eight 
PCM streams into a single merged output, and also provides the setup path to the 
various RMU chains  

c. Pilot Control Unit (PCU): this unit is responsible for controlling recorder 
activities, initiating calibration sequences and providing status information to the 
flight crew 



d. Ground Support Computer: performs flight-line checkout role including setup of 
the DAS; also contains a bit synchronizer/frame synchronizer/decommutator 
module to support quick look verification of the DAS PCM output 

e. Data System Combiner Unit (DSCU): this was a “catchall” box, responsible for 
interfacing to the recorder, collecting status from various sources and generating a 
status message for the PCU and/or GSC; generates discrete outputs including 
controls for calibration 

 
The overall Comanche DAS also integrated components supplied by the Comanche 
development team (Boeing-Sikorsky) or other vendors, which included:  
 

a. An Ampex DCRsi Recorder 
b. Mission Equipment Package Data Acquisition System (MEPDAS), responsible for 

collecting and merging data from a number of sources, and provided the control 
and data interface to the DCRsi 

c. Custom Display & Keyboard Unit for the ACU  
 

EMD PLANNING 
 

As the Comanche program was approaching the Engineering and Manufacturing 
Development (EMD) phase, the Boeing-Sikorsky Instrumentation and Data System teams had 
to address a number of increased program requirements and functional problems associated 
with the original DAS configuration.  The items to be addressed for the EMD phase included: 
 

a. Support Increased Program Data Requirements: 
• Recording of high rate data from radar and multiple Data Flow Networks 

(DFN).  This necessitated the integration of up to four Calculex MONSSTR 
Solid State Recorders (SSR). 

• An increase in the number of Pilot Displays that could view decommutated 
data and system status 

• Sensor Inputs 
b. Size: as can be seen in Figure 2, the Comanche is a small vehicle.  The increase in 

the overall program requirements resulted in a reduction in space available to the 
DAS 

c. Recorder Control Responsiveness: a combination of the overall architecture of the 
DAS and the software design of the individual components resulted in poor 
recorder control performance 

d. Data Communication Performance: communication between all of the components 
was over serial links, which have a number of inherent limitations: 
• Speed, which limits how much information can be collected and distributed 
• Lack of data or message recovery mechanisms 



• Point-to-point connections requiring additional wiring and lack of flexibility 
e. COTS: while most of the units integrated Commercial-off-the-Shelf components 

such as processors, many of the components were non-standard or had reached 
obsolescence 

f. Lack of Adaptability/In Field Updates: most of the units could not be updated in 
the field, programming changes would typically require that a specific unit be 
removed from the aircraft and opened 

 

 
 

FIGURE 2 – COMANCHE PROTOTYPE AIRCRAFT 
 
 

While the Boeing-Sikorsky team was satisfied with the performance and capabilities of the 
DCU and RMU (the only upgrade being the development of new strain gauge and voltage 
conditioner modules to double their channel densities, which reduced the number DAUs that 
were required), it was clear that changes to the other units would be needed. 
 
In reviewing the overall goals for the EMD phase, which included minimal changes to the 
overall architecture of the DAS, it was apparent that the use of 100 Mbps Ethernet, (now the 
standard for connecting computers, which is the what all of the affected units are), would be 
required.   
 
The use of Ethernet, however, was looked upon with some reservation by the Comanche 
instrumentation management team, as there was minimal documented history and 
environmental (EMI) data on the use of networking in flight-test applications.  The effect of 
radiated emissions on other aircraft equipment and EMI susceptibility due to the proximity of 
the Comanche’s radar were major concerns for the team. 



 
After a number of meetings and discussions between L3, Boeing-Ridley, Sikorsky, and other 
Boeing divisions that had experience in the use of 10 Mbps Ethernet on the 767 aircraft, a risk 
reduction test was performed on a new DSCU that was being developed for a new Boeing 
Chinook upgrade program.  The initial radiated EMI tests on the unit failed, mostly due to the 
leakage of a couple of frequencies in the 20-160MHz range.  A number of modifications were 
made to the unit, including temporarily closing off the air intake and exhaust openings and 
inserting a small fan to circulate air within the DSCU to prevent hot-spots from developing, 
which enabled the unit to successfully pass the second round of EMI tests. 
 
THE RAH-66 COMANCHE NETWORKED BASED DATA ACQUISITION SYSTEM 
 
While the lessons that were learned from the risk mitigation tests would be applied in the 
physical design of the various units, all-new internal system and software designs were 
required to take full advantage of a local-area-network (LAN) aboard the vehicle.  The 
benefits of the LAN that affect positively affect system and software architecture include: 
 

Function Ethernet Serial Notes 
Data Rates 10 Mbps 

(Min) 
115 kbps 

(Max) 
100 Mbps is now standard with 1 Gbps 
deployment increasing. 

Industry Standard 
API 

Yes No The TCP/IP protocol API is consistent 
across hardware and software 
platforms.  
Because the serial standards define the 
electrical characteristics of the interface 
and do not address software, drivers 
and/or APIs for serial interfaces vary 
from platform to platform if available. 

Multi Tasking Yes Limited Ethernet is ideally suited to a multi-
tasking environment, in that it allows 
each application to connect to the 
network via a unique port number over 
a single physical link.   

Automatic Data 
Integrity 

Yes No The combination of Ethernet and 
TCP/IP provides for verification and 
acknowledgment of all data packets 
transmitted, and the recovery of 
packets lost during transmission.   
 
Serial interfaces and their associated 
software drivers supply minimal error 
detection, and error correction must be 
performed specifically by the user’s 
applications. 



Function Ethernet Serial Notes 
Field Upgradeability Yes Limited Both interfaces allow for in-field 

upgrading of a unit’s functionality.  
Ethernet provides faster upgrades that 
can be done anywhere on the network. 

Expandability/Multi-
Host 

Yes Limited Because each device that connects to a 
network must conform to the industry 
standard, expansion is simple.   For 
RS232, expansion requires more 
hardware since this interface supports 
single point-to-point communications.  
RS422/485 are multi-drop interfaces, 
but the custom message protocols used 
typically prohibit the integration of 
devices from different vendors on a 
single network. 

TABLE 1 – ETHERNET BENEFITS 
 
Figure 3 shows the modified Comanche DAS block diagram that incorporates a LAN, and 
highlights the new units.  Two AES1000-9 switches, which allow a maximum of sixteen 
devices to be networked, represent the centerpiece of the LAN. Switches, rather than hubs, are 
used to interconnect the various subsystems, as a switch provides a number of performance 
benefits in that it allows each link to communicate at the maximum rate and only routes data 
to the destination system(s)/link(s).  
 
Communications between the various nodes is done at the socket level using specific message 
formats, taking into account the development of a standard message protocol that has been 
performed at the Patuxent River NAWCAD.  A socket-based application interfaces directly 
with the desired protocol, typically TCP or UDP at the transport/host-to-host layer.  These 
protocols are responsible for providing the application with specific communication services. 
 

• TCP provides a one-to-one, connection-oriented, reliable communication service.  
TCP is responsible for the establishment of a TCP connection, the sequencing and 
acknowledgement of packets, and the recovery of packets lost during transmission. 

• UDP and Multicast provide a one-to-one or one-to-many, connectionless, unreliable 
communications service.  UDP is used when the amount of data to be transferred is 
small, when the overhead of establishing a TCP connection is not desired, or when the 
applications or upper-layer protocols provide reliable delivery. 

 
The TCP or UDP protocols are reliant upon the network/Internet (IP) layer protocol that is 
responsible for addressing, packaging and routing functions.  TCP is used for initialization or 
when network utilization is not critical and UDP is used for data packet transfer. 
 



CIDS Display 
System

Pilot’s
Display 
Control

Pilot’s
Display

GSC

PCU Pilot’s 
Control Unit

Master

RMU1000 with  
MSC1000 
Modules

Slave

RMU1000

Slave

RMU1000

Slave

RMU1000

RMU1000

RMU1000

RMU1000

Up to 8 Masters

Up to 31 Slaves

Transducer 
Data Buses

Transducer 
Data Buses

Transducer 
Data Buses

Transducer 
Data Buses

Transducer 
Data Buses

Transducer 
Data Buses

Transducer 
Data Buses

DSCU Data 
System 

Control Unit

DCU1000 
Data 

Combiner

Input 8

Input 1

Transmitter

Solid State 
Recorder

PCM #1

PCM #2

PCM #3

PCM #4

Setup

PCM Setup 
and Control

PCM Setup 
and Control

PCM

PCM

PCM Setup 
and Control

PCM Setup 
and Control

Com
anche Local Area Network

Serial Data

Discretes

PCM
1553

PI
DFN
PECL

 
FIGURE 3 – COMANCHE LAN BLOCK DIAGRAM 

 
The level of changes in functionality varied from unit to unit. 
 

a. PCU: The PCU is a small PC104+ system comprised of 300 MHz Geode based 
SBC and a discrete I/O module, integrated into a custom housing that had to fit 
between the pilot’s knees. The functionality of the PCU was the least affected by 
the integration of Ethernet into the Comanche DAS architecture.  Though its main 
role of controlling calibration modes and providing the user interface to the 
recorder subsystem/mechanism remained unchanged, the PCU was additionally 
tasked to provide more useful status information to the pilot. This requirement 
could be met because the PCU could now receive and process more detailed 
information over the network than could be received over a serial link.   

 



While processing status messages over a unique network port, the PCU could 
simultaneously sending recorder control messages.  In conjunction with other 
improvements throughout the rest of the Comanche DAS, the ability for the PCU 
to multi-task, rather than run in a single serial thread, significantly enhancing the 
responsiveness of the recorder to react to control commands. 

b. DSCU: The DSCU is a four-slot 3U CompactPCI system that consists of an 800 
MHz Pentium III SBC, a discrete I/O module set providing ninety-six lines, a 
serial I/O module set providing eight RS232 and eight RS422 ports, and an L3-TE 
PMC3362-F bit synchronizer, frame synchronizer, decommutator module. 

 
The DSCU was most affected by the new program requirements and the use of 
Ethernet aboard the Comanche EMD aircraft.  The number of requirements 
assigned to the DSCU mandated that the unit’s software be multi-tasking, allowing 
one thread or process to handle each unique occurrence of a requirement.  This 
architecture could not have been sustained without the use of Ethernet and the 
operating system, which allowed for management of multiple concurrent 
communications.  
• Collect status from up to four recorders.  The use of Ethernet allowed a single 

process, consisting of multiple threads, to be assigned to the status and control 
of each recorder that was present.  This implementation allowed 
“simultaneous” communication directly with each recorder over multiple 
connections, which significantly improved the responsiveness of the system. 

• Provide a programmable network status output.  The original DSCU provided 
a fixed status message output that was only available to the current host.  The 
new DSCU collects status from a number of sources and broadcasts a user-
defined status message at a user specified periodic rate (1-10 times per 
second).   

• Provide serial outputs.  One of the major problems of the original DSCU was 
that detailed DAS and recorder status information could not be transferred to 
the ground, so the instrumentation engineer had to rely on the pilot to 
determine what was happening on the aircraft.  Due to the limited status 
information that was supplied to the pilot, the instrumentation engineer would 
typically have to wait until the vehicle was on the ground before investigating 
a problem.   
The new DSCU has the capability of generating up to fifteen unique serial 
output streams that could contain any combination of status parameters that the 
DSCU monitors/collects/processes (one of the serial lines was dedicated to 
communications with the heritage DAU components).  These serial streams 
were then injected into an RMU serial input module, which then could make 
the status information available for output in a PCM stream for recording 
and/or transmission to the ground.  

• Provide frame data outputs.  In the original DAS architecture, a separate ACU 
was supplied that contained the necessary hardware and software to receive, 
process and display data from one of RMU or DCU PCM streams.  Due to the 



increase in the number of displays and the reduction in space for the overall 
DAS, the use of multiple ACUs was not possible. 
The solution was to add a decom module directly into the DSCU, and then 
have it multicast frames of data that would allow the GSC or CIDS display 
systems to receive and process a selected stream.  The DSCU provided a 
multiplexer that allowed for the selection of one of sixteen streams for 
processing. 

c. GSC: The GSC is a ruggedized, network-enabled Fieldworks PC that houses an L3 
Communications – Telemetry West (L3-TW) MFT-733 combination bit 
synchronizer-frame synchronizer-decommutator module and the Vista Air-Ground 
software package.  The Vista software consists of the Vista TEC package that is 
used to control all of the airborne components and provide flight-line checkout 
capability, and the L3-TW Vista VTS that provides control over the 
decommutation hardware. 

 
Similar to the PCU, the standard functionality of the GSC remained unchanged.  
However, the inclusion of networking allowed for a number of new functions to be 
included directly in the Vista TEC software. 
• The original implementation always required that a DSCU be present to 

control the recording subsystem.  The integration of the network allowed Vista 
TEC to directly communicate with one or all of the recorders. 

• Simultaneously receive the DSCU UDP status broadcasts that contained 
information gathered from any number of user-specified sources. 

• Simultaneously receive the DSCU Multicast data broadcasts that contained 
PCM frames generated from one of sixteen sources.  This functionality allows 
the GSC to receive data generated by the RMU DAUs without requiring an 
internal frame synchronizer/decommutator.  Data frames received over the 
network are routed to an internal Vista software process that only had to 
identify parameters, as the frame synchronization, subframe synchronization 
and serial-to-parallel conversion was already performed in the DSCU. 

d. SSR: Two Calculex Modular Non-volatile Solid State Recorder (MONSSTR) 
units that were configured for handling different types of inputs provided the SSR 
capability.  The use of networking in the MONSSTR allowed simultaneous status 
and control functions to be performed by multiple hosts. 

e. CIDS: The Cockpit-Instrumentation Display System base unit was provided by a 
separate vendor and housed Sikorsky developed software that would receive the 
DSCU data and status broadcasts.  A total of six CIDS units were to be installed in 
the Comanche, each being able to process and display a different subset of data 
that was available.  The use of Ethernet to distribute data and status eliminated the 
need to have a separate decom module in one or more of the CIDS, thus allowing 
the size of the unit to be constricted to solely a processor module, power supply, 
display and keypad. 

 
 



 
 

CONCLUSION AND FUTURE 
 
While the new Comanche DAS did not directly address the collection of measurement data 
from the RMU DAU units, it showed that higher speed networking could be integrated into a 
flight-test environment to significantly enhance the capabilities of the system without 
negatively affecting other aircraft operations. 
 
L3-TE had been actively collaborating with the JDANS PMO on the development of 
prototype systems for use in data acquisition applications, concentrating on critical issues 
such data distribution/packetization, time correlation and control, until the reorganization of 
that office.  After that event, L3-TE has continued its own investigation into the use of 
Ethernet and other protocol-based interfaces as the sole link between all of the DAS 
components.  The goal of these efforts has been the implementation of these capabilities into 
NetDAS, L3-TE’s latest distributed data acquisition system, as L3-TE believes that network 
connectivity and distributed processing in the flight test environment is a progressive solution 
to addressing the constantly increasing requirements of today and tomorrow’s flight test 
programs. 
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ABSTRACT 
 

This paper presents the design and development of a fluorometry sensor network with LED 
excitation. The design of the electronics in junction with the capability of LED excitation will 
significantly reduce the size and costs of the flrorometer units. The coverage and effectiveness of the 
sensing and monitoring capability will also be greatly enhanced by the addition of the wireless 
networks. 
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INTRODUCTION 
 

The use of fluorometry for the detection of aromatic compounds has been an effective analytical 
technique for many years.  In particular, excitation in the 300nm to 400 nm spectrum causes 
aromatic compounds to fluoresce within the active range of uncooled silicon photo detectors. 
However, applications of this approach have been often limited due to the requirement of an arc (e.g. 
mercury) lamp to provide the excitation.  Recent advancements in wide band gap semiconductors 
have enabled the commercial production of light emitting diodes (LEDs) with emission peaks below 
400 nm. As a result, it now becomes feasible to significantly reduce the size, weight, and power 
required for the fluorometers, with the additional benefits of reduced unit cost and increased lamp 
life. And with wireless communication networks, this low-cost, low-power, light-weight device can 
greatly improve the effectiveness and efficiency, in time and space, of the sensing and monitoring 
modality. 
 
Particularly, to facilitate the applications, we have developed a simple and effective fluorometer 
using LED excitation and Si-photodiode detection.  This device was intended primarily to be a 
qualitative detector.  Nonetheless, since the primary source of uncorrected error is the lifetime decay 
of LED efficiency, it can be utilized for quantitative measurements for an extensive observation 



 

period between calibrations.  Potential applications include fuel leak detection, fluorescent taggant 
detection, aromatic solvent detection, and the detection of non-aromatic solvent plumes in soil.  In 
both monitoring and remediation activities, the availability of rapid and cost-effective detection can 
have profound impacts on program efficiency. 
 
 

FLUOROMETRY UNIT 
 
 

Aromatic compounds such as those found in gasoline fluoresce in the presence of an ultraviolet 
(UV) light source. This allows for a reliable detection method in which questionable environments 
or samples which are exposed to UV light and monitored for fluorescence. The detection of 
fluorescing materials in this manner has proven to be especially useful in leakage diagnostics, 
particularly the detection of low levels of petroleum products in cooling water. 
 
The current implementations of this technique require relatively expensive equipment, which pose 
limitations on its availability and potential applications. However, because of recent advancements 
in light-emitting diode (LED) technology, UV LEDs have simultaneously become more capable and 
less expensive. This introduces a highly cost-effective method of generating the UV light necessary 
for the sensor. By replacing conventional UV lighting previously produced by mercury lamps, UV 
LEDs offer an economical alternative with minimal drawbacks. The cost of an entire electronic 
system featuring UV LEDs may be less than that of the replacement bulbs required over the life of 
an arc-lamp-based system. 

 
As shown in Figure (1), the fluorometer consists of four primary modules of UV source, optical 
filters, photodiode, and the control and signal-processing electronics. In this section, the functions of 
these key components will be discussed. 
 
 

 
 

Figure (1): Block diagram of the fluorometer unit 
 



 

1. Ultraviolet Source (LED) 
 
The most noteworthy feature of the system is the use of ultraviolet LEDs as the excitation source. 
Although they cannot fully match the arc-lamp sources in wavelengths produced, modern LEDs 
have great advantages in cost, durability, compactness, and power efficiency. 
 
While much work with fluorescence detectors takes advantage of increased optical efficiency using 
shorter wavelengths than are presently available from LED sources, some applications (such as tank-
leakage detection) will present a “yes/no” scenario in which concentrations are categorized as either 
negligible or substantial. This also reduces the necessity for a robust calibration, since the data is 
mainly qualitative. Furthermore, the substantial improvements over previous devices in cost and 
lifetime motivate a search for marginal applications where fluorescence sensing was previously 
uneconomical and even a qualitative device is a boon. 
 
 
2. Optical (UV and VIS) Filters 
 
The detector used has reasonable quantum efficiency (QE) down to 300 nm, so it was necessary to 
filter out excitation leakage. The prototype was assembled with a longpass filter with 50% 
transmittance at 570 nm (Schott OG 570). It will be replaced in the future by a GG 475 filter to 
improve sensitivity in the yellow-green at only a small cost in increased interference. In addition, 
when searching for a specific flurophor, it may be possible to obtain a dichroic bandpass filter 
matched to its peak emission. Since dichroic filters have considerably sharper edges than traditional 
filters do, it would be feasible to detect emissions much closer to the excitation band. 
 
The use of a bandpass filter to limit spurious visible radiation from the LEDs was also investigated.  
This filter has a bandpass characteristic with half adsorption points at 345 and 385 nm (Hoya U-
360).  Some improvement in signal-to-interference ratio was noted. But is was not significant 
enough to justify the use of the filter. 
 
 
3. Photodiode 
 
The detector consists of a small array of uncooled silicon PIN photodiodes. Four are used, with a 
total active area of 8.40 mm2. (They were sourced from Photonic Detectors, part number PDB-
C154SM.) These were chosen for their easy availability, low cost, and small form factor. In 
retrospect, a single larger photodiode would have been more convenient to handle and would have 
provided a larger active area for roughly the same overall size. 
 
The detector is operated in photoconductive mode with a bias of 2.5 volts. The overall response is 11 
µA per (W/m2) at 500 nm (≈ 75% QE). The preamplifier used is a transimpedance amplifier with 
automatic DC null, allowing substantial tolerance of steady ambient light. Following the 
preamplifier are a variable gain stage and an analog-to-digital converter; remaining signal processing 
is performed by software. 
 



 

Performance of the detector did not achieve the level of expectations, due to higher than expected 
levels of noise, as well as self-interference generated by the excitation driver. The former is far less 
critical, since random noise may be averaged out. Despite the interference problem, readings with 
target present or absent differed by several times the noise variance, meaning that reliable detection 
would be expected despite anticipated reductions in system sensitivity due to LED aging. Work on 
an improved revision of the detector is continuing. 
 
 
 

 
 
 

Figure 2: Sensor head with all signal processing electronic components. 
 
 
 
4. Control and Signal Processing Electronics 
 
Most of the system’s functions rely heavily on an internal microcontroller.  Excitation level and 
detector gain are both under software control. The excitation drive is modulated on and off at a rate 
of 1 kHz, allowing the rejection of low-frequency noise and disturbances. Power-line frequencies 
and their second harmonics (emitted by most types of lamps) are removed through digital filtering. 
 
Sensor output is via either of two mechanisms. A digital-to-analog converter provides an analog 
voltage output, with zero- and full-scale configurable between 0 and 4 V. This is intended to allow 
local display on an analog meter, and potentially to ease interface with existing data-acquisition 



 

systems. In addition, a serial port (currently RS232) is the primary interface used in the laboratory, 
and could easily be reconfigured for field use and/or converted to RS485 through a simple change of 
interface ICs. The serial port is also used for software updates. 
 
 
 

 
 
 
 

Figure 3: Sensor head and interface board with the radiotelemetry transmitter. 
 
 
 
 

EXPERIMENTS 
 

To evaluate the performance of this research prototype, a complete sequence of critical tests has 
been conducted in order to fully document the deficiencies for immediate corrections or future 
improvements. The sensor was initially tested for differential reading between a water reference and 
an aqueous quinine solution of 80 parts per million (ppm) concentration.  The difference was several 
times the resolution limit imposed by noise and drift, indicating the feasibility of qualitative testing.  
Samples of gasoline on water were then used.  The reading was lower than in the quinine case. 
Therefore, continuing work on the improvement of signal-to-noise ratio is necessary for the 
enhancement of the long-term stability for reliable detection. 
 
 



 

 
 

CONCLUSION 
 

The use of fluorometry in sensor applications is usually reliable but costly. In addition, the arc lamps 
traditionally used to generate UV radiation occupy considerable space and give off large amounts of 
heat, considerable inconveniences in monitoring and surveillance applications. The replacement of 
arc lamps with UV LEDs reduces the cost and the size of the sensor. This allows the possibility of 
attaching compact sensors at sites to be monitored and suggests promising utility in other 
applications. With the addition of wireless network capability, the fluorometry sensing can be 
expanded into distributed format for greater coverage and effectiveness. 
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ABSTRACT 

  
The system architecture of an onboard FTI-System is specifically designed  to fulfil  highly 
demanding flight test requirements. Since these flight test requirements are steadily 
increasing with the growing complexity of test aircraft and mission systems, a corresponding 
improvement in the performance of  the FTI-Systems is mandatory to satisfy those flight test 
demands. In addition, the individual test flights have to provide the maximum of flight test 
data obtainable in order to improve test efficiency and to cut project costs. Increased 
performance, miniaturisation, more reduced design and installation costs are the challenges 
for future system architectures. The developments of commercial and consumer electronics 
have an increasing influence on the layout of  FTI-Systems. 
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1. Introduction 
 

Modern Fighter Aircraft are equipped for their roles with a high number of systems. For 
example, the EurofighterWeapon System includes 96 subsystems. During the development 
phase, all these systems have to be qualified and certified by means of  flight trials. New 
scenarios like Network Centric Warfare and its complex communication mechanism are add-
ons for future flight tests demands. For flight test (assigned by the programme demands), 
sophisticated and very capable flight test instrumentation systems are mandatory in order to 
deliver the necessary data sets to the flight test engineers for their evaluation of the 
performance characteristics of these complex systems. The degree of complexity increases 
with every generation of fighter  aircraft. The systems are becoming more “intelligent” and at 
the same time the performance of subsystems and  hence of the total weapon system are 
growing with every upgrade. The data exchange between subsystems within an aircraft will 
be done with more and more intensity. High speed data buses will be used to cover this data 
exchange. 
All these aspects, the complex data exchange, and the complex structures of the aircraft 
systems need to be tested for development, verification and certification using flight trials. 
For this purpose, a high volume of data from an instrumented aircraft have to be recorded and 
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transmitted for online analysis. This results in a requirement for more data with increased 
precision, increased speed and time accuracy. 
To handle and observe this abundance of parameters  online, they are displayed in complex 
visual representations associated by functionalities. This is the only way to show, analyse and 
control the status of several systems. To reduce the amount of test flights, on the one hand an 
onboard FTI – System has to deliver data for detailed system investigations, on the other hand 
there are many parameters  necessary to assess/monitor  the overall communication between 
the subsystems. But there is another essential factor. As mentioned, to save costs, the number 
of test flights has to be limited. Therefore, the instrumentation has  to cover a variety of trials 
and the conceptual formulation has to be adapted to these  tasks. This presentation will show  
present and future technologies developed to solve these new requirements. 

 
 

2. Increasing Flight Test Requirements 
 

The Flight Test Requirements issued by the flight test engineers are the basis for the 
architecture and layout of  FTI – Systems. There are some main objectives and systems to be 
evaluated by Flight Test requiring proper data acquisition with the present fighter aircraft: 

• Flight Control Systems and control laws 
• Parameter identification for aerodynamic data set 
• Aircraft performance: aircraft drag analysis, lift polars, take off/landing 

performance, general aircraft performance 
• Handling Qualities 
• Engine instrumentation  
• Engine-Air Intake Compatibility 
• Utility Control System 
• Landing Gear System including Brake System 
• Fuel System 
• Secondary Power System 
• Structure, vibration, acoustic noise 
• Flutter 
• Environmental Control System 
• Electric system 
• Avionic system 
• Attack system 
• Auto Pilot system 
• Armament Control System including Air to Air and Air to Surface missiles 

and gun  
• Stores as external fuel tanks 
• Communication systems like VHF/UHF, MIDS 
• Air Data systems 
• Instrumentation and safety devices for departures, engine flame outs, etc. 
• Radar system, FlIR System and other active or passive sensors 
• Defensive Aids Systems 

In addition to flight trials which investigate the performance of a fighter aircraft system alone, 
scenarios with other weapon systems have to be tested. Modern fighter aircraft are fully adapted 
to the latest scenario of a battle field. They are embedded in complex communication networks to 
improve the task performance. Methods of the latest IT techniques adapted to the specific 
requirements are used to communicate in battle field scenarios. These new combat scenarios have 
to be tested and evaluated. An example is NCW (Network-Centric Warfare). It is an information 
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superiority-enabled concept of operations that generates increased combat power by networking 
sensors, decision makers and shooters to achieve shared awareness, increased speed of command 
and higher tempo of operations. NCW translates information superiority into combat power. 

  
 
3. Basic requirements for future FTI equipment and FTI – Systems 
 

There are a lot of wishes of the FTI user for future FTI developments. In the past, every 
generation of  FTI –Systems showed an increase in performance. Modern IT techniques and 
much more powerful electronic components will have an influence on future FTI – Systems. 
However there are a few basic requirements for FTI – Systems: 

• small in size 
• easy to install 
• low power consumption 
• low maintenance, easy to handle 
• adaptable, plug and play 
• MTBF very high 
• self checking, self testing, checkable 
• intelligent systems, to record only useful data but not everything 
• growth potential 
• long lasting calibration or no calibration necessary 
• total costs for installation very low 
• reduced wiring 
• various interfaces possible, growth potential 
• modularity, standards 
• to use A/C functionalities, but be independent from A/C 
• optimized data acquisition and data recording 
• to acquire only useful data, this means to record with respect for 

resources and bandwidth (recording time, recording capacity, telemetry 
bandwidth, data storage on ground station) 

• multifunction of  input modules, to be programmable by software and 
therefore adaptable to various applications 

• delta recording 
• up/down link, predefined decisions (mode switches) 
• predefined process in failure conditions 
• high environmental acceptability of  FTI – equipment (temperature, 

vibration, humidity ….)  
 
 
4. System architecture of an existing state of the art FTI – System, installed 

in a Fighter Type Aircraft 
 

Example: “Instrumented Production Aircraft 3” (IPA3) from the Eurofighter programme.  
The  IPA3 performed its first Flight on 8th April 2002. It is one of five Instrumented 
Production Aircraft. The FTI system for IPA 3 is state of the art and is designed for 
Instrumented Production Aircraft and is similar to the other FTI systems installed in IPA´s.  
IPA3 Main Flight Test Tasks: 

• Weapon System Performance inclusive AMRAAM, AIM9L and IRIS-T 
• RADAR trials 
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• Semi – prepared Runway Trials: Heavy instrumented landing gear including 
brake system instrumentation 

• Landing Gear Trials and Brake Performance (Anti Skid Capability, Brake Tuning) 
FTI system IPA3: 
Aircraft data is acquired from 

• Data bus traffic 
• hardwired parameters, individual sensors and system tappings 
• aircraft video signals 
• video cameras 

The data is collected and distributed into 11 different data streams.  One PCM data stream 
and one Video data stream are transmitted during flight  to the Ground  Station for online 
analysis purposes. Other data streams are recorded only. 
Short description of the system architecture 
The FTI system includes the following subsystems: 

• Data Acquisition System (ACRA) 
• Data Recording System (Heim Systems) 
• Video System 
• Cockpit Control System 
• Telemetry System (Frequency Diversity Combining for PCM and Video 

telemetry, data encrypted) 
• Cine Camera System 
• Time Code System (GPS-based) 
• FTI Power Distribution System 

Performance of the FTI system installed in IPA3: 
The data acquisition system acquires data from approx.130,000 aircraft parameters. Most of 
them are selected from aircraft buses.  
Data is acquired from the following sources 

• selective data from eight Stanag 3838 buses, with provision for100% recording  
• selective data from two Stanag 3910 ( EFA bus), with provision for 100% 

recording  
• selective data from the Flight Control System (2 lanes) 
• hardwired  parameters, approx. 250 (growth potential up to approx. 450) 

including  crew speech 
FTI output data streams 

• PCM data stream for telemetry purposes, Quick Look (1.3 Mbit/sec) 
• Video data stream for telemetry purpose, Quick Look (4 Mbit/sec, multiplexed 

video signal from cockpit displays or video camera signals) 
• General PCM data stream for recording purpose (2.6 Mbit/sec)  
• High Speed PCM to record parameters up to 5 KHz bandwidth, at a sampling 

rate of 20KHz 
• 100 % bus recordings 

Time Code Generation system 
• GPS-based, accuracy of approx. +/- 15 usec 

Video System 
• multiplexed video signal (four displays), video cameras, high speed video 

available 
Cine Camera System 

• wet film camera system up to 500 f/sec 
Telemetry System 

• PCM Telemetry, Frequency Diversity Combining, data encryption 



 5

• Video Telemetry, Frequency Diversity Combining, data encryption 
 
Recording System 

• currently installed: D20 recorder, AIT1 tape  drive, max. 20 Mbit/sec, 25 
Gbyte capacity 

• will be updated to: D200 recorder, max. 200 Mbit/sec (Hard Disk Drive, 180 
Gbyte capacity/ AIT2 tape drive, 50 Mbit/sec, 50 Gbyte capacity/ Solid State 
Memory, 120 Mbit/sec, 76 Gbyte capacity)  

• recording time: better than 2.4 h at max. recording rate 
 

 
5. Developments in the FTI  equipment market 

 
Frequency Ranges for telemetry purposes 
Telemetry spectrum availability is a critical item for flight tests. Increasing mission data rates 
need more bandwidth, but this bandwidth is limited or is decreasing. The frequency ranges 
have been shifted from the L – Band to the S – Band. Telemetry data for PCM and video 
transmission at the same time and in the required quality for online purposes are essential 
items for cost effective test accomplishment. Latest modulation technologies cannot 
compensate for the lack of telemetry frequency spectrum. The ICTS (International 
Consortium for Telemetry Spectrum) was chartered in response to the need for global 
coalition of telemetry users who share a common goal of ensuring availability of the 
electromagnetic spectrum for telemetering. The allocation of  an additional  spectrum for 
wideband aeronautical telemetry in the 3 to 30 GHz band is currently under discussion. 
Telemetry Systems 
Spectrally efficient modulation technologies have been developed like FQPSK (Feher 
quadrature phase shift keying) and  SOQPSK (shaped offset quadrature phase shift keying). 
Transmitters with these techniques are available. Another modulation method is under 
discussion and is used by Airbus France in civil flight testing. It is COFDM (Coded 
Orthogonal Frequency Division Multiplexing). This technique performs the best multi-path 
characteristic and is also used for video telemetry. 
Data Acquisition systems 
Data Acquisition Systems have become smaller, faster and in addition more powerful to 
acquire all kinds of data including that from high speed aircraft buses. New developments are 
comprising data multiplexing/demultiplexing systems to collect all necessary, but very 
different  kinds of data e. g. PCM, video, voice, time, analogue data, digital data, Ethernet, 
RS232, data from buses to one serial data stream for recording, transmitting and finally 
demultiplexing.  
It should be noted, that supplier of Data Acquisition Systems are offering more and more 
recording capabilities and supplier of  Recording Systems are offering optional data 
acquisition facilities. 
Recording Systems 
There are several recording techniques available, which have the necessary performance for 
future recording systems. In the past, tapes were the most commonly used medium. But if we 
look at the future performance of  tape drive  (www. aittape.com/ait-tape-roadmap.html) we 
see a very fast increasing performance of cassette drives up to the year 2008. The AIT 
website describes a drive called AIT6 * which has a capacity of 800 GByte and a maximum 
recording bit rate of up to 628 Mbit/sec.  
At present, sealed hard disk drives and solid state memories are the top performers. Both need 
to be milked (to transfer the recorded data to another medium) after tests. Both are driven by 
the commercial and consumer markets. The medium of solid state memory (flash based solid 
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state storage) has better environmental characteristics. The sealed hard disk drives with 
hermetically isolated housing are ahead in terms of storage capacity and maximum bit rate.  
 
* AIT means Advanced Intelligent Tape. The AIT forum is an industrial consortium 
dedicated to advancing the art of data storage and protection through AIT technology 
application. 
 
Video Systems 
Standard video systems from the consumer market will be adapted to withstand the 
environmental conditions of flight testing. This includes consumer video systems as well as 
high speed video systems. Video data will be recorded on the standard data recorder.  
High Speed Video systems use their  integrated recording facilities. 
Timing Systems 
 In the past, timing systems (Time Code Generator systems) were stand-alone systems with 
their own time code generator and distribution equipment. This has been changed. Now the 
time code generation  is, or will be, a part of the data acquisition or data recording system. A 
GPS-related 1pps pulse synchronises the time to an accuracy of approx. 100nsec. This 
method allows time tagging of parameters to within an accuracy of 10 or 1 µsec. 
Hardwired Parameters 

 Reducing both mechanical and electrical installation and maintenance costs are goals for 
future transducer developments. Small transducers reduce the mechanical impact for 
instrumentation purposes. “Plug and play” are keywords for modern and intelligent systems.  
New transducer generations according to the Sensor Interface Standardization  IEEE 1451 are 
available or are in development. 

IEEE 1451.1  Network Capable Application Processor (NCAP), information 
model for smart transducer 

IEEE 1451.2 Transducer to Microprocessor Communication Protocols and 
Transducer Electronic Data Sheet (TEDS) 

IEEE 1451.3 Digital Communication and Transducer Electronic Data Sheet 
(TEDS) Formats for Distributed Multidrop Systems 

IEEE 1451.4 Mixed-mode Communication Protocols and Transducer Data 
Sheet (TEDS) Formats 

IEEE 1451.5 Wireless Sensing (Draft) 
The time scale for  perfect wireless sensing is open. The standard 1451.5 for wireless sensing 
is in development and it will be some time before this new standard can be incorporated into 
transducers and data acquisition units. The reduction of total costs of transducer 
measurements together with improved flexibility and reliability will also become an objective 
of industrial users. Therefore, let us hope for a future generation of transducers which fulfils 
all our wishes.  
 
 

6. Developments in the consumer and commercial markets and their influence 
upon FTI – Systems 
 

The instrumentation market is a small market. The volumes are limited, therefore 
developments and production are much more expensive. Developments for the consumer 
market and for the commercial markets, so called COTS (commercial of the shelf ) products, 
are also used for FTI purposes. New developments from the automobile industry or others are 
sometimes adaptable for FTI uses. Miniaturisation and increased performance of electronic 
integrated circuits and functional modules had, and will continue to have, an influence in the 
near future.  
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IT techniques, Ethernet, WPAN, WLAN, WMAN, WAN, Bluetooth, Zig Bee and other 
communication standards, new modulation methods and the immense market behind these 
new techniques are the driving forces. 
 
Wireless Network Standards 
There are a lot of RF communication standards released and in use, others are in 
development. Standards like Bluetooth, Zig Bee and some other WLAN standards have been 
released. New Ultra Wide Band techniques are under investigation and I think their potential 
will be shown later. The patented method Multi Dimensional Multiple Access (MDMA), 
which use the so called Chirp Spread Spectrum (CSS), is very promising. 
The next chart shows some IEEE standards and their frequency ranges. A standard for 
wireless sensing is under investigation as standard IEEE 1451.5. 

 
Standard Abbreviation max. Bit rate 

approx. 
Frequency Range Remarks 

IEEE 802.11 WLAN 2 MBits/s 2.4 GHz  

IEEE 802.11a WLAN 54 MBits/s 5 GHz  

IEEE 802.11b WLAN 22 MBit/s 2.4 GHz  

IEEE 802.11b+ WLAN 54 MBit/s 2.4 GHz  

IEEE 802.11h WLAN 54 MBit/s 5 GHz  

IEEE 802.11n WLAN >100 MBit/s   

IEEE 802.15 WPAN >100 MBit/s 3.1 to 10.6 GHz 15.1 Bluetooth 

15.4 ZigBee 

IEEE 802.16 WMAN - 155 MBit/s 10 – 60 GHz  

IEEE 802.16a WMAN - 155 MBit/s 2 – 11 GHz  

IEEE 802.20 WAN   proposed 

Legend: 
IEEE for  Institute of Electrical and Electronic Engineers 
WLAN for Wireless Local Area Network 
WMAN for Wireless Metropolitan Area Network 
WPAN  for Wireless Personal Area Network 
WAN for Wide Area Network 
WiMAX for Worldwide Interoperability for Microwave Access Forum 
UWB for Ultra Wide Band 
MDMA for Multi Dimensional Multiple Access 
  

Recording techniques from the consumer market have always influenced the recording of FTI 
data. A newer example is hard disk recording. With sealed hard disk drives, data recording up 
to altitudes of  80000 ft and more, is possible. At the moment  there is a competition between 
solid state memory and hard disk drive. Developments in the consumer market could decide 
future FTI recording methods.  
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Video Standards are changing for analogue based standards to digital standards. Video 
signals from cameras or system tappings can be recorded just as well by a video recorder as 
by a  FTI data recorder. 
Digital High Speed Video has replaced high speed wet film systems. The total performance 
including the instantaneous availability of  recorded pictures are arguments to use this kind of 
system for flight tests. 
New modulation techniques developed for the consumer market have been released for 
Television and Audio Broadcast. DVB (Digital Video Broadcast) and DAB (Digital Audio 
Broadcast) use the  OFDM modulation technique (Orthogonal Frequency Division 
Multiplexing). The multi-path performance of this technique is superior to other modulation 
methods. 
 
 

7. Future prospects 
 

Telemetry 
The basic requirement is a stable HF transmission in both directions (uplink and downlink) 
which is able to cope with the speed and manoeuvres of the aircraft. Frequency efficiency and 
robust multi-path performance in conjunction  with higher data rates will be required for 
future flight tests. For example, COFDM combined with other techniques could be the 
prefered modulation technique. Other modulation techniques such as Ultra Wideband are 
under investigation, but the driving force of the consumer and commercial market with very 
complicated telemetry applications will show us the way ahead. It is assumed, that both the 
consumer and commercial applications will also use more and more frequency ranges in the  
S – Band. As a consequence, at least a part of the flight test telemetry will be shifted into the 
frequency band above 3 GHz. 
Recording  
Two years ago, we assumed, that solid state memories would rapidly become very popular for 
FTI recording, but  hard disks, with lower costs and very good performance data are 
available, and are offered by several suppliers. We still assume however, that solid state 
memory will be the medium for the future. One disadvantage is the milking action after tests 
to transfer the recorded data onto another medium. A data storage medium, which could be 
the low cost primary data storage (like the cassette tape in the past) with performance data 
like the hard disk would be our favourite. However the storage medium is only one 
component of a recording system. The system must be adaptable to all the various input data 
structures and must report the status of all relevant functions in order to support the user 
during tests. The user needs to know, whether the recorded data is correct or not. 
But there is another option for future recording systems. The abundance of recorded data has 
to be limited. Only the flight test relevant data should be recorded for use post-flight and 
finally stored in the ground station. Therefore, the recording configuration has to be 
dynamically reprogrammed during tests in a way, that only useful data is recorded. 
This means, that the recording configuration has to be triggered by parameters or 
combinations of them. This trigger algorithm can be created by measurement parameters. Let 
us create the name “intelligent recording”. This onboard filtering of data reduces the burden 
on the ground station for data storage. On the other hand the recording capacity (as well the 
storage capacity as the maximum bitrate) of a digital recording facility will be used in an 
optimised way. Example: recording of vibration parameter and acoustic noise parameter with 
bandwidth requirements up to 10 KHz and more should only be measured  during the actual 
test  and not before and afterwards. Interfaces for input and output have to be adapted in 
conjunction to the data acquisition systems and wireless conditions. 
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Data Acquisition Systems 
Data Acquisition Systems are the heart of FTI-Systems. But they have to be adapted with 
other subsystems to be able to communicate data. Very high speed bus data acquisition from 
GHz  buses as well low speed data have to be collected. Network transducers have the 
electrical circuits like signal conditioning, anti aliasing filters and A to D conversions 
included. The data acquisition serves the transducer bus or wireless meshed transducer 
systems. This kind of system architecture shows a more distributed data acquisition system. 
Ethernet based systems, data multiplexing and incorporation of new IT  technologies and 
standards are used for data collection and communication. As discussed, the recording 
systems and data acquisition systems are merging together. 
Wiring 
Wiring reduction including connectors and brackets and other wiring accessories are goals for 
the near future. Bus systems also for transducers and wireless data acquisition will be 
established in the near future. Other techniques are power line communication with special 
modulation techniques. However for some wireless data transmissions, we have to look at 
additional encryption techniques. Wireless data acquisition by sensors asks for low power 
consumption of the transducers and their integrated communication transmitters. Transducers 
without power wiring and no data wiring are the dream for the future. The timing of the raw 
data and the conjunction of the hand shaking methods of most communication standards has 
to be solved for time relevant measurements. 
Sensors, Hardwired Parameters 
So called hardwired parameters are measurement chains with transducers or system tappings. 
In the past, every single parameter was wired to data acquisition modules and their individual 
signal conditioning, before the data  changed from an analogue structure to a digital structure. 
Developments followed whereby so called smart transducers and network sensor systems 
reduced the wiring. At the transducer side, the analogue signal has to be conditioned, 
digitised and adapted to the bus structure. New developments are enabling all these features 
on one chip to be integrated in the transducer or as an additional module near by the 
transducer. 
Groups of transducers or system tappings will communicate wireless with the data 
acquisition. To improve the wireless transmission in  fully packed compartments another 
characteristic of these wireless transducers is helpful. They need the additional capability of 
being a transceiver for data of other transducers. With this method a wireless mesh of 
transducers can be built around the aircraft. Much transducer data is time critical. The 
accuracy of  the correlated time information to the data has to be taken into account. If we 
think of vibration measurement with a bandwidth of  2KHz  and acoustic noise measurement 
with a bandwidth of at least 5 KHz a very strong timing performance of the total system is 
necessary. Another advantage is the availability of  transducer stored data like calibration 
data, transfer function coefficients, service histories etc. shown in the IEEE P1451 standard 
(TEDS). But we are thinking of further wiring reductions. Groups of transducers or every 
transducer have to communicate by wireless transmission with a data acquisition unit. Future 
transducers will have low power consumption and the power will be delivered by batteries, 
piezo generators or by an extra electromagnetic field, by light transmission or by thermo 
generators, which generates energy from temperature differences. Low power methods in the 
design of the new transducer generations have to be applied. 
Timing 
It is mandatory to have a time correlation for every parameter or message. This time 
correlation is necessary for transmitted and recorded data. Time critical measurement requires 
determined accuracies of the time-of-day information. It is state of the art to synchronise the 
FTI Time Code System with GPS. When four GPS satellites are received, the GPS  time is 
available with an accuracy  of 100 nsec. This is the accuracy of the 1 pps  pulse out of the 
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GPS  receiver. This pulse synchronises the Time Code Generation system outputs an IRIG – 
Code or other time code information for FTI purposes. In case of  a distorted GPS reception, 
an internal clock with an accuracy of 10-8 buffers the time synchronisation. 
The overall time accuracy with time tagged data is approx. +/- 10 µsec as well for acquired as 
for recorded data. But an accuracy of 1 µsec or better would be possible. The status of the 
time information has to be recorded. An extra “time figure of merit” would be helpful. For a 
fighter  aircraft with a maximum speed of  approx. 750m/s (Mach 2,26, 1458 Kts), it means a 
distance of  7.5 mm in 10 µsec. What will be the requirement for the next generation of FTI – 
Systems? Is it necessary to have an accuracy of 1 µsec or better? 
Self Tests 
FTI – Systems are becoming more and more complex. To check the functionality before and 
during tests, a self-test facility is necessary. The status of the whole system has to be checked 
and should be shown to the user. In case of a fault of an item of FTI  equipment during tests, 
the status information has to show the user whether data is true or not true. This status is very 
important for the decision to continue the test or not. Faulty devices have to be identified 
accordingly to support decisions concerning the current test plan, and if necessary, to plan 
repair measures. Therefore,  requirements for IBIT (Initial built in test) and CBIT (continuous 
built in test) should be mandatory. 
 
 

8. Conclusion 
 
This presentation shows many realistic future aspects. But a new revolution of concepts and 
equipment standards will be established by wireless communication. New fighter aircraft and 
others will use wireless communication inside. Data will be passed between aircraft systems 
by wireless transmission via wireless mesh. Optical and RF wireless data transmissions will 
be used in mixed configurations (although some wiring or fibre optics could still be used as a 
back up in safety critical systems). Wireless mesh systems improve the redundancy and 
therefore the MTBF of  the total aircraft system. Like the internet and other peer – to – peer 
router based networks it offers intrinsic multiple redundant communication path through the 
network. If one link fails, the network automatically routes messages through alternate paths. 
Wireless mesh systems will replace the traditional bus systems. It will reduce the aircraft 
weight (5 to 20%) and the volume of  wiring including connectors, mounting facilities and so 
on, as well as the necessary maintenance. These techniques will also reduce production costs 
and time, improve the MTBF and reduce the vulnerability. All these factors together result in 
a dramatic increase in the overall performance of a fighter aircraft. It is a challenge to create 
robust communication standards and to develop  new architectures for aircraft electronics and 
for FTI – Systems. Very robust modulation methods like UWB will be used to withstand 
EMC requirements. We do not know exactly the time scale for these developments and we do 
not know whether the next generation or the generation after that of  fighter type aircraft will 
use these new communication techniques. But we should be prepared to adapt new systems to 
this future technology. 
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ABSTRACT 
 

Because all video compression schemes introduce artifacts into the compressed video images, 
degradation occurs. These artifacts, generated by a wavelet-based compression scheme, will vary 
with the compression ratio and input imagery, but do show some consistent patterns across 
applications. There are a number of design trade-offs that can be made to mitigate the effect of these 
artifacts. By understanding the artifacts introduced by video compression and being able to 
anticipate the amount of image degradation, the video compression can be configured in a manner 
optimal to the application under consideration in telemetry. 
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INTRODUCTION 
 
The optimization of video compression is a multi-function design problem with choices of different 
algorithms each producing varying image quality as a function of frame rate and signal-to-noise 
ratio, amongst others. Each of the design trade-offs represents characteristics about the compression 
which cannot be simultaneously maximized and thus must be sensibly traded-off. Some of the 
applications for compressed video, for which wavelet transforms are employed, are unmanned 
vehicles, teleconferencing, and digital library queries [1]. A central design dilemma in the use of 
wavelet algorithms for video compression is how to optimize the tradeoffs inherent in video 
compression for a customized application and limited bandwidth. Thus, a strategy for optimal design 
of compressed video by WT is presented with an aeronautical flight example of its implementation. 

A WT is applied to video streams and uses estimation of changes in space and time of video streams 
to compress the data in the stream. Compression algorithms consist of four major steps: pixel 
shifting, data transform decorrelation, coefficient quantization, and coding. Within each part of the 
compression process, much research has been done and presented. A WT is applied to the data 
transform decorrelation of the video stream. The decorrelation of the compression process has spatial 
and temporal dependencies, which in turn affect the video quality upon decompression as a function 
of bit rate and signal-to-noise ratio. 



WAVELET TRANSFORMS 
 
A WT finds use in video compression because of their deterministic method over other compression 
algorithms. Commercially available products incorporate WT in video compression and have been 
described elsewhere in the literature [2]. Our goal here is to understand some of the implications of 
WT algorithms and current research for which optimal choices in the application and design of video 
compression systems can be made [3]. 
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Fig. 1: Wavelet Transform[4] 
 
A WT can be described in terms of filter banks which decompose data according to frequency bands 
that are spatially adjacent and globally optimized. The two branches in Fig. 1 represent the high, 
G(z), and low frequencies, H(z), of the image. The algorithm coefficients for scaling are c[n] and for 
the wavelet transforms are d[n] [4]. The frequency sub-band decomposition, in WT, which is 
spatially related, is shown in Fig. 2. This structured source and descendent relationship produces 
four spatially related descendents, however the number of levels of decomposition is variable. 
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Fig. 2: Wavelet Transform 
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Fig. 4: Wavelet Encoding[5] 

ion for the Entropy of the bit stream can be developed, as shown in (1), 
hat a transfer coefficient became zero. The first 
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on-zero bits. Significance mapping is the logging of the bit or symbol 
ent compression algorithms are applied with different costs and 
apping of significance. 

n or measure of the quality of a decompressed image is measured by the 
nal-to-noise ratio (PSNR), as shown in (2). Also, signal-to-noise ratio 
tio (CR) are used to measure the performance of video compression [7]. 
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Wavelet Transform Issues 

 
Distortion in video compression occurs in the quantization portion of the process [8]. Each different 
strategy for improving the compression process produces different artifacts in the uncompressed 
picture. 
 

Table 1: Order of Video Compression[8] 
Wavlet decomposition→multiresolution motion compensation→multiscale quantization→ entropy 
encoder or 
 
Wavlet decomposition→multiresolution motion compensation→DCT→uniform 
quantization→entropy encoder or 
 
Motion compensation→wavlet decomposition multiscale quantization→ entropy encoder or →
 
Motion compensation→wavlet decomposition  DCT uniform quantization entropy encoder → → →
 
From Table 1, the order of video compression can be seen to occur in different sequences. The 
effects of intraframe versus interframe compression which involve embedded zero tree wavelet 
(EZW) algorithm, set partitioning in hierarchical tree (SPIHT), and Flexible Block Wavelet Coding 
(FBWC) methods will be discussed [9]. The intraframe coding is referred to as the I-frame and the P 
frame in the predictive or interframe coding. In the case of EZW, a set threshold, θ, for the 
significance map is used but the descendents in the tree are also examined for significance in 
hierarchical manner. Thus EZW is a method for increasing the quality of the encoding according to a 
threshold where detail matters. In other words, a rule is used to pick up more detail for encoding 
when significant as opposed to treating all subdivisions equally. 
 
In the case of SPIHT, which is similar to EZW, the difference is the magnitude ordering of the 
coefficients from the WT which improves the metrics of PSNR, bpp, and CR. 
 

DESIGN IMPLICATIONS OF WT THEORY 
 
Quality Boxes and Regions of Interest 
 
In commercially available compression tools exist to specify a Region of Interest (ROI) function 
which allows direction of the partition schemes discussed above for emphasizing a path of 
partitioning relevant to the viewer. Another technique used, which is also commercially available, is 
termed the “quality box”. The quality box algorithm consists of attenuating the amplitude of the 
pixels outside the emphasized region prior to image compression, similar to the ordering algorithm 
discussed above in tree decomposition. The information content of the picture to be compressed is 



redefined for the WT; therefore, the efficiency of compression is improved. The sample images, left 
to right, of Fig. 5 show a compressed image without a quality box, followed next by image 
compression with a quality box applied with 18dB of attenuation of the imagery outside the 
emphasized area in the middle frame. In the third frame, image compression is shown using 
JPEG200 Region of Interest. 
 

   
 

Fig. 5: Region of Interest Application 
 
The PSNR is shown in Fig. 6, with the “normal” image unchanged between the interior and exterior 
of the emphasized area.  The quality box approach results in a PSNR improvement between 3 and 5 
dB within the emphasized area, but at the expense of a 20dB degradation in PSNR outside the 
image. Finally, the JPEG2000 ROI encoding shows a higher PSNR both inside and outside the 
emphasized region versus the quality box technique. Although JPEG2000 yields a higher PSNR 
outside the emphasized region than the quality box approach, observers may find the sharper 
resolution of the quality box approach more desirable. 
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Fig. 6: PSNR of ROI Technique 

 
Temporal Resolution 
 
With intraframe WT compression, the bandwidth required to transmit the video imagery has a direct 
correlation to the video frame rate, shown in (3), where B is the required video data rate  
 



 

 
(in bits per second), H
per frame), D is the d
per second).  Any red
transmission data rate
spatial resolution (in 
 
Many different media
media below, the ima
rates.  Many applicat
frame rates and still p
 

 
As a concrete examp
temporal resolution o
milliseconds. The im
 

 
In Fig. 8, the frames 
second.  The overall 
 

Following further fra
temporal resolution o
bandwidth gain can b
B H V D F= ∗ ∗ ∗ (3) 

 is the horizontal resolution (pixels per line), V is the vertical resolution (lines 
ynamic range of the frame (in bits per pixel) and F is the frame rate (in frames 
uction in the video frame rate will yield an identical reduction in the required 
. Alternatively, a reduction in the video frame rate can be used to gain more 
bits per pixel) at the same bandwidth. 

 employ different image update rates to produce visible motion. In all the 
gery is perceived by the viewer to be moving despite the variety of update 
ions, such as security cameras as well as older NASA footage, utilize lower 
rovide all necessary temporal information to the viewer. 

Table 2: Video Update Rates  
Medium Image Update Rate 

Television (US) 30 Hz 
Television (Europe) 25 Hz 

Motion Pictures (US) 24 Hz 
Animation (hand-drawn) 16 Hz 

le, the images shown in Fig. 7 were extracted from a movie “landing” with a 
f 30 frames per second.  The four frames shown represent a total time of 133 
ages clearly communicate the sequence of events. 

    
Fig. 7: Full Rate Frame Sequence 

were decimated by a factor of 3 to 1, for a temporal resolution of 10 frames per 
motion is still apparent in the video frames shown. 

    
Fig. 8: 3 to 1 Rate Frame Decimation 

 
me decimation the sequence below was decimated by a factor of 10 to 1, for a 
f 3 frames per second, as shown in Fig. 9.  For this application, a 10 to 1 
e realized with no appreciable information loss through frame decimation. 



    
Fig. 9: 10 to 1 Rate Frame Decimation 

 
Subsampling of Vertical Resolution 
 
In standard NTSC and PAL video applications, each video frame consists of two interleaved video 
fields with one half the vertical resolution. Standard NTSC video has 486 visible lines per video 
frame at a rate of 30 frames per second. Each video frame is transmitted as two fields, the first field 
containing the odd lines the second field containing even lines. In some video compression 
applications, the video is compressed on a field-by-field basis at a rate of 60 fields per second. A 
simple way to improve bandwidth efficiency is to only use one field of video per video frame. The 
advantages of this technique are that it has no computational overhead, reduces required 
transmission bandwidth by a factor of two. A potential drawback of this direct technique is that it 
cuts the vertical resolution of the image in half. 
 
Some sample images, shown in Figs. 10 and 11, show detail at full vertical and at one half vertical 
resolutions, respectively. In the image “Aldrin” the reduction in vertical resolution, while visible, 
does not impair comprehension of the image as there are no small items or diagonal lines in the field 
of view. In the image “carrier,” the reduction in resolution has a more noticeable impact. Smaller 
objects within this image show significant degradation, and the diagonal lines formed by the aircraft 
and its wings emphasize the reduced resolution. 
 

  
 

Fig. 10: Excerpts from images “Aldrin” and “Carrier” 
 
 
 



  
Fig. 11: Excerpts from “Aldrin” and “Carrier” after 2:1 vertical downsampling 

 
The images were compressed using commercially available software and the PSNR of the resultant 
images is shown in Fig. 12. 
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Fig. 12: PSNR for Aldrin and Carrier, Vertically Downsampled and Unmodified 

 
The PSNR for the unmodified image degrades to roughly the same level as the down-sampled image 
when the compression level reaches 0.5 bits per pixel. At this point, we may infer that the quality of 
the imagery will not benefit from using two fields per frame of video, and so the bandwidth of the 
transmitted video data may be safely reduced by a factor of two without any noticeable impact on 
image quality. 
 
In the image “carrier”, the PSNR for the down-sampled image is significantly lower than the full 
resolution image at most compression ratios.  The two PSNR measurements do not converge until a 
compression ratio of 0.25 bits per pixel is chosen. It is clear that this application would not benefit 
from down-sampling, except at very high compression ratios. 
 
Chrominance in Video 
 
The use of EZW or SPIHT for I-frame encoding is based on gray-scale images [10]. Some color 
coding of video in performed as three separate gray-scale pictures with no benefit from the 
interdependent nature of the chrominance information. This is true of RGB or CMY systems. Some 



of the other schemes of representing color, involve luminance and chrominance (LC) combinations, 
such as YUV, which contains two chrominance and one luminance components [3, 5]. 
 
In many video monitoring applications the chrominance content of the imagery is unimportant to the 
observer and may be safely discarded. Monochrome imagery still maintains a high resolution and 
has a less information content to be compressed. The color decompositions of the image “bluang” 
into YUV components, using a forward irreversible component transform available in commercial 
software, are shown in Fig. 13. It is apparent that the chrominance (U and V) channels of the image 
have a lower dynamic range; therefore, less information content exists in the luminance (Y) channel. 
Table 3 lists the entropy of each channel and the total entropy, which accounts for the U and V 
channels having one-half the horizontal resolution of the Y channel as in standard CCIR-601 or 
CCIR-656 video applications. The entropy measurements show that the luminance information 
represents roughly 62% of the sample image information in Fig. 13. Discarding the chrominance 
information will reduce the information content for compression to 62% of its former content. As 
Fig. 14 indicates, an equivalent PSNR can be obtained with one half the bits per pixel, which would 
also have the benefit of cutting the video data rate in half. 
 

   
Fig. 13: bluang Chrominance channels. 

 
Table 3: Chrominance Content 

Channel Entropy (bits / sample) Samples / pixel Bits / pixel 
Y 4.9 1 4.9 
U 2.9 0.5 1.45 
V 3.1 0.5 1.55 

Total   7.9 
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Fig. 14: Chrominance PSNR vs. bpp. 



CONCLUSION, FUTURE RESEARCH 
 
All video compression algorithms introduce artifacts from the uncompressed video as a function of 
the method employed. Several examples have been reviewed in this paper involving ROI, quality 
boxes, chrominance, temporal, and vertical resolution. Research in wavelet algorithm application to 
video compression provides for control of the compression process both by spatial and frequency 
distribution throughout a picture. Different processes decompose, resolve, quantize, and encode with 
differing costs in CR, PSNR, SNR, and subjective appearance. Similarly, exploiting correlations 
between video frames in both content and color can lead to significant reduction in necessary data 
transmission with limited channel capacity, as is the situation for telemetry. Future research on 
improvements in the compression algorithms can provide additional control parameters built into 
COTS for telemetry applications. With an increased awareness of the flexibility and its limits in 
current commercial products, better design choices in video compression can be made. 
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ABSTRACT 
 

In this paper we propose an open multi-robot architecture that dramatically reduces the time to 
deployment and increases the utility value to the mainstream non-technical user. We describe a 
multi-robot behavior-based coordination architecture and argue its suitability in the context of 
general-purpose robot teams operating in dynamic and unpredictable environments. We then 
formalize and describe a command fusion module for the coordination of high-level behaviors of 
the system. The command fusion module is interfaced to our middle-ware/compiler that 
generates behavior selection tips from a user specified abstract description of a scenario.  Finally, 
we utilize an example search and rescue scenario to illustrate the overall process and give 
preliminary results of the experiments performed on actual robots. 
 
 

KEYWORDS 
 

Multirobot Systems, Behavior-Based Control, High-Level Language Decomposition, Behavior 
Coordination Mechanisms. 
 
 

INTRODUCTION 
 

Robotic systems will eventually replace humans in hazardous areas to perform tasks such as 
search and rescue, fire-fighting, de-mining, space exploration, etc. Robots have previously been 
used to perform relatively simple and repetitive tasks in manufacturing plants and warehouses. 
However, robot control in unstructured and unpredictable environments like the rough terrain of 
the surface of a planet or a minefield has proven to be hard and complex. The advantages of a 
robot team over a single robot have frequently been addressed in various research papers [4,7,8]. 
Multi-robot systems are inherently robust. In the event of a failure of one of the robots other 
team members can pursue and complete the mission. Moreover, robots sensing and acting in 
parallel usually accomplish tasks more efficiently, which is a major requirement in time critical 
missions. In addition, a single robot with advanced capabilities is usually very expensive to 
build. In a poorly represented environment various robotic capabilities may be required (sensing 
and actuation). Evenly distributing these capabilities on relatively simpler robots will certainly 



lower the costs. On the other hand, multi-robot systems are significantly harder to develop, 
implement and test. Coordination between the robots in matters of task allocation and task 
execution is required and it adds to the complexity of such systems. Three main multi-robot 
control architectures have previously been considered. Fully decentralized reactive architectures 
avoid all kinds of explicit communication between robots. A robot does not need to coordinate 
its actions with other robots; nevertheless it can implicitly (through sensors) learn about the state 
of other team members and then minimally try to avoid conflicts. Such architectures are typically 
used for tasks where actions need only be loosely coordinated. On the other extreme, in 
deliberative architectures, all the major processing (planning, action synchronization, etc) is 
undertaken in a central location. Robots in the team transmit all relevant information to the 
leader robot. The lead robot then does all the required planning and retransmits subplans 
respectively to team members. In addition, the leader is required to synchronize the execution of 
subplans and to resolve conflicts that may emerge during execution. Obviously, such 
architectures suffer single point failures. Hybrid architectures lie in the middle between fully 
decentralized reactive architectures and deliberative architectures. Such systems make use of 
coordination protocols to achieve coherence among team members. The robots explicitly 
communicate among each other in order to resolve conflicts. In this paper we propose a hybrid 
behavior-based architecture, which allows smooth integration with our high-level description 
language and its associated compiler/middleware. 
 
Typically, teams of robots require vast amounts of time to design and implement.  In this paper 
we propose a high-level description language that seeks to dramatically reduce this development 
time.  In addition to reduced implementation time, the high-level language has other benefits:  
individuals with limited technical knowledge can now easily deploy the robots, and the high-
level descriptions allow users to build upon previously generated descriptions.  High-level 
language commands are broken down into high-level behaviors using a decomposition process.  
Previous work on high level behaviors has, for the most part, been limited to a bottom up 
framework, where the user specifies low level commands that when grouped together form some 
new high-level behavior.  Our proposed solution, referred to as the High Level Robot Team 
Command Language, is to do the contrary and command at the high-level and let the robot 
system decide which behaviors it needs to execute the task. A major problem in behavior-based 
systems is action selection, which is also referred to as behavior coordination. Given a set of 
behaviors: Avoid Obstacle, Push Object, Find Object, and a set of goals, a behavior coordination 
mechanism is supposed to resolve conflicts between behaviors and to schedule their execution. 
Consequently, the conflict resolution and scheduling will result in an emergent overall strategy 
that will direct the robot to reach its goal(s). We divide the behavior coordination task into two 
main stages. In the first stage our compiler/middleware recognizes the major goals of the mission 
and selects the appropriate behaviors from a precompiled repertoire of behaviors.  In the second 
stage, during execution of the mission, a command fusion behavior coordination mechanism 
assumes control of the behavior selection and coordination process. 
 
In the rest of this paper we start by describing previous work in the areas of behavior-based 
multirobot control, behavior selection and high-level language decomposition. Then we 
introduce our behavior-based architecture and formally define the two-stage behavior 
coordination/selection mechanism. In the following sections we provide an overview of the high-



level description language syntax language and the decomposition process. Then we describe our 
experimental setting and give preliminary results followed by a brief conclusion. 

 
 

PREVIOUS WORK 
 

Many behavior-based multirobot systems have been designed and implemented over the last 
decade. In completely decentralized systems the robots act largely independently and try to 
implicitly communicate through the use of their sensors. Two illustrative examples of such 
systems are [8] and [7]. In [8] a behavior-based multirobot system utilizing motor schemas [3] is 
developed. The goal of the robots team is to navigate a previously unknown terrain while 
avoiding obstacles and maintaining a formation. Parker [7] proposes ALLIANCE, a multirobot 
control system based on the subsumption architecture. The main goal of ALLIANCE is the 
design of a fault-tolerant and adaptive system. The developed implicit cooperation techniques are 
tested in a hazardous waste cleanup scenario. Both systems assume missions composed of 
loosely coupled subtasks, where explicit negotiation and synchronization between robots is not 
required. In a more recent related research [4] suggests a behavior-based multirobot architecture, 
which addresses the problem of tight coordination for the task of cooperative transport of 
extended objects over a rough planetary terrain. In order to support tight coordination 
CAMPOUT [4] implements the concept of distributed coordinating behaviors. All three 
examples implement a restrictive set of behaviors which makes the system highly domain 
dependant. We do not claim that a completely domain independent autonomous system is 
currently achievable, however we believe that in order to make such systems useful for the 
mainstream audience a reasonable set of scenario achieving behaviors needs to be available to 
the user.  
 
A major concern in behavior-based systems is behavior coordination mechanisms (BCM). This 
problem has been extensively studied in virtually all related previous research. Pirjanian [9] 
presents a thorough assessment of the major approaches for solving this problem. He places all 
the previous approaches into two major categories: Arbitration BCMs [5,7] and Command 
Fusion BCMs [8]. Arbitration is better suited to multiobjective systems where the goals change 
over time. The arbitration module switches between behaviors according to the current goal of 
the mission. ALLIANCE illustrates the use of such a paradigm. Parker devises an arbitration 
mechanism for behavior selection based on the impatience and acquiescence motivational 
behaviors. The motivational behaviors modules provide a rough measurement of the applicability 
of a given behavior at a given moment according to available sensor data and the internal state of 
the robot. The most applicable behavior is then activated. In contrast, command fusion 
mechanisms combine the incoming data from various behaviors and sensors and then select the 
most applicable one or just linearly superpose the actions of all behaviors. This method is usually 
employed in systems where all the resources are continuously allocated to only one task that 
requires very high attention (e.g. tightly coupled coordination). An example is the motor schema 
architecture, which was used in [8] where the only goal is to navigate a terrain while avoiding 
obstacles and maintaining a formation. CAMPOUT [4] is the most closely related to our work in 
that it employs both arbitration and command fusion based BCMs.   
 



Previous work in controlling a team of robots through the use of some high-level command 
interface is relatively new.  One such example is the Mission Lab project at the Georgia Institute 
of Technology, whose theoretical architecture is covered in [1].  The Mission Lab software suite 
includes programs to handle a variety of robot deployment tasks.  Our proposed robot system 
will have similar interfaces with the user:  robot simulator, high-level behavior editor, system 
status monitor and a compilation program for generating low level behaviors.  However, our 
high-level behavioral generator environment will be completely unique in our implementation.  
The Mission Lab implementation makes use of a graphical tool for building complex FSA 
structures for team state transitions.  A simple text interface, much like a simple word processor, 
will be used in our case with the list of available high level commands listed in a sidebar for easy 
dragging and dropping of commands into the editor environment.  Previous work regarding 
capturing higher-level behaviors has been discussed thoroughly in Ishida’s paper [12].  Ishida 
uses a scenario description language called Q to describe interactions between software agents 
and the external users.  Q has been applied to several scenarios including a web user interface 
and disaster simulations.  Ishida’s research regarding agent interaction is important background 
information because of the need of our robots to be able to effectively pass information between 
each other.  This is especially important in scenarios where the robots must coordinate with each 
other to collectively move objects in a tightly coupled fashion like in applications discussed in 
[4]. 
 
 

THE MULTI-ROBOT CONTROL ARCHITECTURE 
 

As our testbed we consider a search and rescue scenario reduced to the simple task of 
collaboratively finding an object and then pushing that object to a given location. We define two 
classes of behaviors: Single Robot Behaviors and Multi-robot Behaviors. For instance, in the 
search and rescue scenario, the Task Allocation behavior is a collaborative behavior. Robots 
need to collaborate in order to find a reasonable task allocation that takes into consideration the 
current state of each of the robots in a given environment. As figure 1 shows Collaborative 
Pushing is another collaborative behavior. Again, robots need to coordinate their actions while 
collaboratively transporting an extended object.  Others are Single Robot behaviors, like the 
atomic behaviors: move forward, turn, etc. In addition some composed behaviors are also 
considered single robot behaviors, for instance Push Object, Avoid Obstacle. We also classify 
the behaviors into three categories according to the abstraction level. First, high-level behaviors 
consist of composite behaviors such as Task Allocation, Search Location, Collaborative Pushing 
(see fig. 1). Intermediate level behaviors, which are also composed of lower level behaviors (in 
Figure 1; Communication, Systematic Area Scan, Obstacle Avoidance, Push Object), and finally 
the primitive behaviors layer consisting of simple actions such as “turn”, “forwards”, 
“backwards”.  
 
All the atomic behaviors are modeled as motor schemas. Motor schemas are associated with 
perception schemas. In the case of collaborative behaviors messages received from other robots 
implement the perception schemas. While single robot behaviors employ vision feedback as their 
perception schemas. Performing tightly coupled tasks requires a close spatial and temporal 
coordination of behaviors of different robots. In [4] this problem was approached through the 
introduction of collaborative compliant control. Due to real-time constraints the compliant 



control was designed such that no time consuming explicit negotiation takes place between 
robots. Instead robots try to coordinate implicitly through the use of sensors. We allow the robots 
to explicitly communicate with each other to achieve coherence. The collaborative behaviors of 
different robots in the team communicate with each other. As mentioned before these behaviors 
are treated as motor schemas and the communication taking place between them represents the 
corresponding perception schemas.   
 

 
 

Fig.1. Required Behaviors For The Search and Rescue Scenario, arrows represent selection of 
actions 

 
 

BEHAVIOR SELECTION AND BEHAVIOR COORDINATION 
 

Given a repertoire of behaviors (Fig.1.) the next task is to decompose the high-level language 
and to proceed with the action selection mechanism. The decomposition of the high-level 
language results in a set S of prioritized atomic behaviors subsets b ⊆ B, where B is the complete 
repertoire of behaviors. Each set of atomic behaviors represents a subgoal of the mission. A 
Behavior Selection module schedules the execution of the sets in S in an order consistent with 
the priorities (the order of execution will be specified in the following sections).  

Behavior Selection 

 
 

Fig.2. Behavior Selection Module inhibiting the Command Fusion BCM 
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Command Fusion 
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Scheduling b (b ∈ S). 

HIGH LEVEL LANGUAGE SYNTAX 
 

he High Level Robot Team Command Language syntax is inspired by a test equipment 

simply skipped. 
 

refers to the activation of the individual behaviors belonging to subsets 
After activation of the behaviors of a subset b the control is passed to the Command Fusion 
module. The command fusion module effectuates a superposition (linear combination) of the 
outputs of behaviors (motor schemas) belonging to the same control layer. The result of the 
superposition of the outputs of these behaviors is then fed to the next layer of behaviors. Figure 3 
shows the different stages of control. For more details about the motor schemas superposition 
mechanism consult [3]. 
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Fig. 3. System Overview 
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T
programming language, Standard Commands for Programmable Instrumentation (SCPI).  A 
complete description of the SCPI standards can be found in [11] (note: the syntax form was used, 
but the standards are not adhered to – they are provided for background information on SCPI 
only).  Programming commands are in an English-like form allowing even the most novice user 
the ability to implement complex programs.  Command parameters are passed to a particular 
function using a (:) – each parameter provides more information used in the decomposition 
process to further define the necessary behavior set.  An example of a command is the find 
command.  The find command’s specification, find:length:width:height:color, is a relative 
example of a typical high-level command.  This find command specifies to the robots to 
collaboratively look for an object of the given length, width, height and color.  In most cases 
some or all of the description parameters might not be known, in this case unknown variables are 



The use of a high-level language is apparent – now users can control the team of robots as a 
whole instead of each robot individually.  In addition to the ease of programming, the command 

ructure allows for maximum portability.  The same commands can now be used across any 

Another syntax feature shown above is the naming mechanism.  The naming mechanism is used 
for cap which can be used in either another command 

ch as the case in (2) above or to repeat the same command later in the program without having 

Two important pieces of information are generated through the compilation of high-level 
language commands into the m ist and the behavior ordering.  

ecomposing a robot system is very similar to the compilation process that all computer 

ehaviors to use and the role each behavior will take in the system.  This process is determined 

B = <b1,b2,…,bn> 

st
robot platform as long as the platform's creator provides support for the command.  Consider an 
example where a team of robots is asked to search a space for a cube with the dimensions of .25 
meters and colored red.  Once the object is found the robots are then to move the object 
(collectively if the object is too heavy to be moved by one robot) and bring it back to the point 
the robots started from.  Using the high level language to define the procedure the user instructs 
the team using the following commands: 
 

find:.25:.25:.25:red=>cube (1) 
move:cube:0:0   (2) 

 

turing the results of a particular action, 
su
to retype the command.  This device is especially useful if the robots are to interact with the 
same object on multiple occasions or if there are multiple objects with similar qualities. 
 

 
DECOMPOSITION PROCESS 

 

id-level behaviors – the behavior l
D
programmers are used to – the high level language such as C is broken down until it reaches a 
machine level, which is then understood by the processor.  In our robot compilation the high 
level commands are broken down further and further until we arrive at the lowest levels of 
behaviors – the basic units that the robots can use to execute in their world.  Typical 
compilations are broken down into four categories: tokenizing, parsing, code generation and 
optimizing.  The optimizing problem is not the focus of our research and is left as future work.  
The first step tokenizing the high-level syntax points are recognized such as the colons and the 
commands themselves, which are combined into usable statements in the parsing step.  The final 
step in compilation is the code generation, which in our case is the generation of the behavior set. 
 
The execution of the high-level behaviors is managed through a decomposition process.  
Decomposition takes the high-level commands and uses this set to decide which lower level 
b
and generated without any user intervention.  The formalization can be realized with the details 
below.  Where C represents the collection of possible high-level commands that can entered by 
the user, B is the set of mid level behaviors known to exist on each robot and Bx represents the 
minimum set of behaviors that the decomposition process decides is needed for any given 
command x: 
 
  C = <c1,c2,…,cn> 
  



B  ⊆ B, where x ranges from 1 to the number of commands entered by the user 

 several stages of computation starting with the user describing 
their scenario is 

en broken down into the mid and low-level behaviors that the robot then uses to operate in its 

e commands determines the order of execution of the behavior set.  Most temporal 
sues are handled at the lower levels where timing is vital for successful robot operation.  The 

n other words, a behavior set Bx is executed in the order in which the command was entered into 
l 

ompletion of a particular command. 

n the time sequencing of the behaviors and the amount of 
ollaboration that goes on between the behaviors.  With dynamic environments it is extremely 

 the robots are to search an area in a distributive asynchronous manner and find a 
d cube with .25 meters dimensions and finally move that cube to the location the robots started 

x
 
The process of decomposition has

using the high-level commands.  Using the high-level commands the scenario 
th
environment. 
 
Timing at the top level is derived from the order by which the user enters the commands, where 
the order of th
is
high-level timing is simply formalized where Bx represents the minimum set of behavior for a 
command x, as defined above and O, which represents the ordering at the high-level.  
Mathematically expressed it is defined as: 
 
  O = <B1, B2,…, Bn>, for x = 1 to n-the number of commands entered by the user 
 
I
the system.  A change in the behavior set currently being executed is triggered by the successfu
c
 
The decomposition procedure is not limited to just making decisions on what behaviors are to be 
used – it must also make decisions o
c
necessary to have some sort of behavior conflict resolution.  The importance of which is 
demonstrated with the following example.  Consider two behaviors from Figure 1 – Obstacle 
avoidance and Search location and while the search location behavior is being executed, the 
obstacle avoidance behavior detects an object in its immediate path.  In this case the search 
location behavior, if allowed to continue, would cause a collision with that object in its path.  
The behaviors need a mechanism for a behavior to communicate to another behavior that its 
decision is incorrect.  This overruling is handled during the decomposition process using a 
priority scheme.  A value in the range of zero to three is assigned to the behavior with the higher 
valued behaviors the ability to override any decisions a lower level behavior makes.  The priority 
value is not static, however, consider our search and rescue example from above.  The object 
avoidance behavior will change from a value of three in equation (1) to a lower priority in 
equation (2).  
 
Decomposition is best described through an example – consider a simple search and rescue 
scenario where
re
from denoted as the point (0,0).  At the high level, the commands would simply be the same as 
the find and move commands mentioned above.  These commands would produce a minimum 
set of mid level behaviors similar to the set seen in Figure 1.  Also shown in the figure is the 
composition properties of the mid level commands – each mid level command encompasses 
several low level behaviors such as sensor input and motor output that collectively work together 
to complete the specified behavior. 
 



 
 

HARDWARE TESTBED AND PRELIMINARY RESULTS 

The variety and number of sensors available f connection directly to a pc was the primary 
reason for using  power on each 
ne of the robots in the team.  The current configuration for the developed team of robots uses a 

ts.  Preliminarily we have limited the size of the team of robots to only 
o robots and limited the area in which they have to operate in.  These few scenarios provide 

 

4) 

the sce executed with the correct set of behaviors generated in the 
correct

 
or 

 off the shelf pc components to provide the onboard computing
o
desktop motherboard powered by a DC-to-DC power supply through two sealed lead acid 
batteries for each individual robot.  Inter-robot communication is managed through the use of 
wireless Ethernet adaptors utilizing the 802.11b protocol.  Low-level motor control and 
odometry is implemented using a commercially available microcontroller that communicates 
with the robot via RS232. The future configuration’s aim is to reduce the dimensions and weight 
of the previous testbed.  Laptop computers with built in power supply will now be the source for 
the onboard computing power.  802.11b will again be used via built in wireless Ethernet 
provided by the laptop. 
 
Our initial experiments using the testbed described above have been limited to a small world that 
contains very few objec
tw
one of the basic building blocks that will be used to test more complex high-level behaviors.  In 
the example that has a starting position seen in Figure 2 – the robots are instructed to move a 
yellow box from the location it finds it at to a location between the two chairs seen in Figure 4.  
The image of significant interest however is Figure 3, which shows the midpoint of the 
scenario’s completion.  This image is taken a few moments after the first robot has pushed the 
box a certain distance between the two chairs, it then signals the other robot to push the box the 
rest of the way into the goal location and moves itself out of the way.   
 
This simple example demonstrates all aspects of the proposed system.  Using a slightly modified 
set of commands from above: 
 

find::::yellow=>box (3) 
move:box:-.5:.5 (

 
nario can be described and 
 sequence.  

 
 

  
            
                         Figure 4 – Box Pushing Start Point              Figure 5 – Box Pushing Mid Point 
 



 

 
Figure 6 – Box Pushing End Point 

 
 

CONCLUSION AND FUTURE WORK 
 
The contributions of this work include general high-level command language for a team of 
robots along with a specially tailored behavior-based architecture with its associated action 
selection mechanisms. As a result the development costs and time to deployment for complex 
tasks would be dramatically reduced.  Experimentation will be expanded upon to include more 
robots executing more complex tasks in a world that contains many objects that the robots will 
have to decipher the role, if any, the object has.  Unlike the example experiment above, the 

ture test will be performed in dynamic environments and situations where the robots must look 
r and avoid objects.  

 

fu
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ABSTRACT 
 

The Electrocardiograph (EKG or ECG) measures electrical changes of tissue surrounding 
the heart to create a time-based representation of the physical operation of the heart. The 
purpose of this paper is to explore the future of ECG telemetry systems and how they are 
used in health care. The initial goal is to develop an inexpensive, efficient, and robust 
real-time ECG telemetry system. The future goal is to create a wireless network of 
miniature body sensors capable of measuring ECG data and other vital signs. 

 
KEYWORDS 

Wireless Electrocardiogram, Wireless Electrocardiograph, EKG, ECG, Medical 
Telemetry, and Medical Instrumentation. 
 
 

INTRODUCTION 
 
Chambers in the heart, the atria and ventricles, contract in a specific method, pumping 
blood through the body. The rate, order, and rhythm of these contractions are extremely 
important to insure proper blood flow. Normally, the heart’s internal electrical system 
initializes depolarization of the myocardial cells causing physical contraction. 

 
These cells are polarized, their interior has a negative charge and the outside a positive 
charge, in their resting state and when stimulated electrically they depolarize and 
contract. Depolarization consists of the negatively charged interior of a myocardial cell 
becoming positive, causing the cell to contract.  After the initial electrical stimulus of one 
myocardial cell the depolarization spreads concentrically from one cell to another. This 
depolarization process can be viewed as a positive electrical wave passing through the 
heart tissue, resulting in a progressive contraction of the myocardial cells. After the 
depolarization wave passes and the heart is contracted the myocardial cells must recover 
electrically or repolarize. During repolarization, which is a purely electrical process, the 
myocardial cell interiors return to the resting negative charge state.  
 
One cycle of the heart consists of depolarization of the left and right atrium, 
depolarization of the left and right ventricles, and repolarization of the atria and 
ventricles. The process begins in the posterior wall of the right atrium at the Sinoatrial 



(SA) Node, which initiates the wave of depolarization that spreads through both atria and 
results in a wave of atrial contraction. As the positive wave of contraction approaches the 
ventricles it reaches the Atrio-ventricular (AV) Node. It takes about 1/10 second for this 
wave to stimulate the AV Node, which allows time for blood leaving the contracting atria 
to pass through the AV valves into the ventricles. After the AV Node is stimulated it 
passes the electrical wave down the AV bundle, and to the left and right bundle branches. 
The left and right ventricle branches end in fine Purkinje fibers that pass the stimulus to 
the ventricle myocardial cells. This causes them to depolarize and contract. While the 
ventricles are depolarizing the atria are repolarizing. Finally, the ventricles repolarize and 
the cycle repeats when initiated again by the S A Node.  
(Figure 1.) [3], [8] 
 
 

 
 

ECG OPERATION 
 
The basic principle of the ECG is that as the myocardial cells depolarize the resulting 
wave of current can be measured as it passes though the heart and surrounding tissue. By 
placing an electrode on the skin near the heart and another at a distance away from the 
heart the current wave can be measured as an induced voltage on the skin. This pair of 
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electrodes is called a “lead” and consists of a positive electrode and a negative or 
reference electrode. Also, a third electrode placed away from the other electrodes 
provides a measurement reference. The positive and negative areas of an ECG represent a 
positive wave of voltage traveling towards or away, from the positive electrode. [3], [8] 
  
The general physical cycle of the heart is represented graphically on an ECG by the P-
wave, QRS complex, and T-wave. The P-wave represents the wave of contraction in both 
atria. The QRS complex represents the depolarization of the ventricles, specifically the 
electrical impulse travelling from the AV Node, to the Purkinje fibers, and finally to the 
ventricle myocardial cells. During the QRS complex the atria repolarize, but this is 
visually unnoticeable. The T-wave represents the repolarization of the ventricles.  
(Figure 2.) [3], [8] 

 
A standard diagnosis ECG consists of 12 leads; six limb leads and six chest leads. The six 
limb leads (I, II, III, AVR, AVL, and AVF) are placed on the arms and legs and form six 
intersecting lines that create a plane on the chest called the frontal plane. The six chest 
leads (V1, V2, V3, V4, V5, and V6) are placed across the left chest area over the heart and 
form six intersecting lines horizontally through the chest from front to back. This is 
known as the horizontal plane. Each of the 12 leads represents a view of the same 
electrical activity, but from a different position or view. The electrical function of the 
heart is seen through analysis of these different electrical views. [3], [8] 
 
It is common to use a less complex 1-lead or 3-lead ECG device when the detail of a 12-
lead system is not needed. For example: When a patient does not show any ischemia, 
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Figure 2. Electrocardiograph. 
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(lack of blood flow) during a resting 12-lead ECG, but still has other symptoms, like 
rhythmic anomalies, it is often desired to monitor the heart activity in everyday life 
conditions. This allows the correlation of ECG data with other physical signs of heart 
malfunction, like dizziness, fatigue, or loss of breath.  A Holter device is normally used 
in this application and is discussed later.  
 
 

CURRENT ECG TECHNOLOGY 
 

With the increase in computer processing power and availability, ECG technology has 
progressed far in the last 20 years. ECG data is now recorded and displayed digitally, 
opposed to analog strip charts, and with intelligent analysis software, many heart 
conditions can be discovered automatically. Many ECG systems still consist of a 
traditional “wired” set of leads attached to a central display and analysis unit.  

 
Wireless ECG systems have been around since the 1960s, but until recently were merely 
portable ECG data storage devices. The original and most widely used ECG storage 
device is the Ambulatory or Holter ECG. As mentioned previously, when a 12-lead 
hospital based ECG does not display the needed data or data is required for extended 
periods of time a Holter ECG is used. The Holter ECG consists of 3-leads placed on the 
chest area wired to a small storage unit worn on the waist. This is normally used to record 
24 hours of ECG data at about 256 samples per second. After the data is recorded the unit 
is physically returned to the physician for analysis. This method of ECG monitoring is 
very useful, but it is purely passive. If a serious heart condition, an evolving Myocardial 
Inclusion (eminent heart attack), were recorded it would not be discovered until the data 
was reviewed, possibly 24 hours later. Some newer Holter devices attempt to solve this 
data lag problem by using a telephone or Internet connection to upload a sample of ECG 
data as often as needed, but this still leaves a data lag.  
  
In recent years with the decrease in size of wireless technology true real-time wireless 
ECG systems are becoming available. Wireless 5 and 12-lead systems are used in 
hospitals to allow patients freedom from cumbersome ECG wires while recovering from 
surgery. This also allows one nurse to monitor multiple patients’ ECG data from a central 
location. These systems are similar to Holter devices in that they consist of wired leads 
attached to a body worn central collection unit. Instead of recording the ECG data the 
collection unit transmits it, via a RF link, to a central display and analysis station. These 
systems must be very robust, secure, and immune to interference or cross talk because of 
the electrically noisy environment in a hospital. For this reason, they are very expensive 
and are too large to be worn on a daily basis outside of the hospital. 

  
FUTURE RESEARCH 

 
There are many different efforts to develop a real-time wireless ECG system for home 
use, but currently nothing has matured to the final product stage. Most of these systems 
are 1 or 3-lead with wired electrodes connected to a waist worn unit that either transmits 
locally, via a digital RF signal in the 400-900 MHz range, or to a remote Internet sever, 
via a cellular telephone connection. In both cases a computer system receives the ECG 



data and logs it into an online database. The database can be monitored in real-time by 
either a physician or with intelligent analysis software. The software can automatically 
notify a physician if a critical heart arrhythmia is detected.  

 
The next logical step in real-time wireless ECG systems is a totally wireless body sensor 
network. Each electrode is a separate wireless node that collects data and sends it to a 
central collection unit. The collection unit, either body worn or located nearby, combines 
and transmits the data to a remote location or computer database. This is another area of 
research that is in even earlier stages of development. There are two complications with 
this approach. 
  
First, because the electrodes are not physically wired together they are not electrically 
referenced to the same ground point. This means that traditional amplification methods 
used for measuring and comparing skin voltage potentials cannot be used. The second 
problem is that each wireless body sensor must not interfere with the other sensors’ RF 
communication. This means that some sort of networking protocol, like BluetoothTM, 
must be implemented, or each sensor must transmit on a different radio frequency.  
 
 

OBJECTIVES 
 
The purpose of this project’s research is multi-leveled. The first step is to develop an 
inexpensive, yet accurate real-time wireless 1-lead ECG device. (Figure 3.) This device 
needs to be small and efficient so that it can eventually be worn for long periods of time 
and powered by a small button cell battery. Next, software is needed to display and 
analyze the measured ECG data on any computer. The first wireless 1-lead ECG is just a 
small step toward the ultimate goal of creating a wireless and wire-free, intelligent, and 
possibly self-powered body sensor network. The initial and future design goals are 
detailed in the following sections.  
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INTIAL DESIGN 
 
The chosen initial design uses a traditional physiological amplifier circuit to measure the 
voltage fluctuations on the surface of the skin caused by the contractions of the heart. The 
physiological amplifier chosen uses three electrodes, but is actually just a 1-lead ECG. 
Two leads are used to measure the heart potentials and the third lead provides a common 
ground for the system. All of the devices in this design were chosen for their small 
physical size and low power requirements. Figure 4 shows the overall system block chart 
for the initial ECG system.  
 
The physiological or instrumentation amplifier measures the voltage difference between 
the two chest electrodes. The TI-INA321 amplifier was chosen because it has a high 
Common Mode Rejection Ratio (CMRR) and is a low power single supply device. The 
electrodes pick up a considerable amount of noise from the skin, caused by 
electromagnetic interference and physical sensor movement. A high CMRR amplifier 
attenuates or rejects this noise. The difference in electrode potentials is only a few 
millivolts and is amplified to a more usable voltage of about 500mV.  
 
The TI-MSP430 microprocessor serves many purposes. It converts the analog signal from 
the amplifier to an 8-bit digital value. It then formats the data into a RS-232 serial format 
to be transmitted. This processor was chosen because it is a low power single supply 
device and is powerful enough to perform real-time digital filtering or even analysis.  
 
There are many digital transmitters that are possible solutions for the wireless link. The 
transmitter needs to be small, no larger than a quarter, require few external parts, support 
10k to 115k bps data rates, operate on low power, and preferably transmit in the 
Industrial and Medical (ISM) frequency range. This frequency range should help with 
avoiding noise from other devices, like television broadcasts, that could interfere with the 
ECG signal. A few transmitters that are being considered are: the ES Series from Linx 
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Figure 4. Overall ECG Block Diagram. 



Technologies, the DR3000-1 from RFM, the Micrel MICRF102, the Radiotronix RCT-
433-AS, and the Radiometrix TX3A.The ECG RS-232 serial data is received with a 
receiver matched to the transmitter, level shifted with an RS-232 transceiver, and inputted 
into a computer via the serial port. Because of the graphical nature of the desired 
software, Visual BASIC was chosen as the primary programming language. The software 
will allow real time visualization, digital filtering, and analysis of the received ECG data. 
This could also be implemented in Visual C++ or Matlab.   
 

 
CURRENT DESIGN STATUS 

 
Prototype transmitter and receiver circuit boards were designed and produced with a few 
additions to the original design. Additions include: A voltage reference, to decrease noise 
in the amplifier circuit and a low ripple voltage DC to DC converter, to stabilize the 
supply voltage as the battery voltage drops. 
  
The analog data from the amplifier is sampled by the MSP430 ADC at 1000 samples per 
second to insure a clean over sampled signal. The highest frequency content of the ECG 
signal should be no more then 50 Hz (in the peaks of the heart beat) and Nyquist criteria 
requires a sampling frequency of at least twice the highest frequency in the signal. The 
chosen sampling frequency may be reduced at a later date. There are 10 bits per ADC 
sample, thus the data is streaming at 10,000 bps. The 8 MSBs of this data is shifted into 
the UART and then shifted out with RS-232 framing. The current RS-232 frame selected 
is 8 data bits, 1 stop bit, 1 start bit, and no parity (8N1). The transmitter selected is the 
RFM DR3000-1 because it is very small, low-power, and simple to use. It is set to 
transmit at 115.2 Kbps. Thus the MSP430’s UART is set to output about 10k 
words/second and 115.2kbps. This creates a constant stream of 115.2kps data that 
matches the required data rate for the transmitter. A 900Mhz compact antenna (JJB 
series) from Linx was chosen for its small size and performance. 
 
The RF signal is then received with the same RFM device, set to receive mode, and level 
shifted with RS-232 transceiver, TI MAX 3221. The serial data stream is then directly 
connected to the receive pin of a computers serial port. 
 
A Visual Basic program was developed to sample, display, and perform analysis on the 
received signal. The main window displays the ECG wave, the second window shows a 
time-averaged version of each heart cycle, and the third window graphs the heart rate 
variance. The software also allows the user to zoom in on the ECG signal and record it 
for export to other programs. 

 
 

FUTURE DESIGN GOALS 
 
Many additions are needed to make the current design more robust. Data encoding 
implemented on the MSP430, to properly bias the transmitter and receiver, would 
increase range and decrease bit errors. Also, the addition of error checking could help 
discover and remove noise from the final displayed ECG signal. 



 
By using the MSP430, or similar microprocessors, real-time digital filtering and analysis 
can be implemented on the ECG device itself. While this is immediately possible with the 
current design, making a truly wireless ECG body sensor network is not directly 
achievable. Many of the parts and concepts used in the initial design can be applied to 
this future goal.  
 
One method is to make intelligent body sensors, about the size of a normal electrode, that 
contain the electrode, microprocessor (MSP430), transmitter, and battery. The 
measurements from each sensor would then be received and compared by a central unit to 
interpret and transmit the actual measured ECG signal. This is a powerful digital design 
that could use the BluetoothTM networking protocol to insure that there is no sensor-to-
sensor interference. A drawback of the complexity of this approach is the high power 
requirements and physical size of each sensor package. This type of ECG system is 
currently under development by and a company called BioControl.  
 
Another method is to make sensors that are not intelligent and totally analog. The output 
from an amplifier, like the INA321, could be transmitted with an analog transmitter, like 
the Linux ES series. Each sensor would operate on a different radio frequency and be 
received and combined by a central unit. The MSP430 would serve as a good method to 
combine and digitize the analog signals so they could then be transmitted digitally to a 
computer. This method is less complex and would require less power for each sensor, 
thus smaller batteries. Unfortunately, there could be a loss in signal quality due to the 
analog transmission.  
 
Other technologies being developed for medical and recreational use can be applied for 
use in future designs. One example is to replace the button cell batteries of the body 
sensors with a thermoelectric power source, like the Thermo Life from Applied Digital 
Solutions. This flexible film device, when placed on the skin, produces enough power 
from body heat to run a microprocessor. Another example is the addition of tiny GPS 
receivers similar to those in use by Digital Angel Corp. that allow a patient’s location to 
be determined exactly. In the event of a critical emergency, determined automatically by 
the ECG system, medical aid could be dispatched with little delay. Possibly the most 
exciting technology that can be applied to ECG devices is Micro Electro-Mechanical 
Systems (MEMS) or more generally nanotechnology. The body sensors, described 
previously, could be manufactured so small that they could be injected under the skin. 
Any number of intelligent mechanical or electrical sensors could be used to gather data 
like ECG signals and blood pressure. CardioMEMS is currently working on a rice-size 
sensor that is small enough to be implanted under the skin and measure blood pressure. 
All of these technologies are very close to being mature enough to make real impacts on 
ECG and many other medical devices. 

 
 

 
 
 
 



CONCLUSION 
 

Just 100 years ago an ECG machine weighed 600 lbs. and used saline baths as electrodes. 
Now there are ECG devices the size of a deck of playing cards that use tiny gel 
electrodes. Wireless real-time ECG systems are on the verge of becoming the future of 
the ECG. Already cumbersome ECG wires are being replaced in hospitals. With future 
advances in technology ECG devices will become smaller and more robust, eventually 
leading to implantable wireless body sensor networks. Physicians will be able to access a 
patient’s ECG data and vital signs 24 hours a day. Automated analysis software could 
also notify physician and emergency personnel of a patient’s critical heart condition and 
even dispatch them directly to the patient’s location using GPS coordinates. It is just a 
matter of time before this technology matures and such devices become a reality.  
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ABSTRACT 
 

A flexible system has been designed to accurately measure and average the outgoing laser energy of 
a micro-pulse LIDAR unit (MPL). This system incorporates specifically designed analog 
measurement circuitry interfaced with a microcontroller, allowing researchers to manage 
experiments from a personal computer. The final system produces a linearly proportional response 
between an incident laser energy input and the analog and digital circuitry’s output, accurate to 
within 0.1%.  Custom designed algorithms allow the system to average the energy measured in a 
series of pulses.  Each series can range on the order of tens of thousands of pulses. 
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INTRODUCTION 
  

A micro-pulse LIDAR unit can be used to gather information about Earth’s atmosphere by 
comparing outgoing laser energy from the unit to the backscattered laser energy from the 
atmosphere. This requires energy measurement systems for both the departing and returning laser 
pulses.  An outgoing energy measurement system was previously developed at the University of 
Arizona and used in MPL units [1].  However, with the use of faster and more precise analog 
circuitry, a higher resolution analog to digital converter, and a high-speed microcontroller, a new 
laser energy data acquisition system was designed with characteristics of high flexibility, enhanced 
user friendliness, extreme accuracy, and the improved capability to handle more data points. 
 
The laser energy measurement system was designed, built, and tested in three main stages.  The first 
stage consisted of analog circuitry designed to acquire and measure the incident laser energy. The 
second stage was comprised of digital circuitry and software, which was used for averaging the 
outgoing laser energy measurements and controlling each experiment.  The third stage consisted of 
software developed to run on the user’s computer, providing a simple user interface to the system.   
 



 

 
ANALOG DESIGN PROCEDURE AND RESULTS 

 
The primary function of the analog circuitry was to take an incoming laser pulse and output a 
voltage that could then be used to determine the energy contained in that pulse.  In order for this to 
be accomplished, a linear relationship between the incoming energy and the output voltage had to be 
established.   
 
To acquire an electric reading from a laser pulse, it was necessary to use an extremely precise 
photodiode to convert the laser pulse to a current pulse.  The model of photodiode used for this task 
was the DET210, chosen mainly for its responsivity at the frequencies of the MPL.  The standard 
frequency of pulse emissions was set to be 2500 Hz, and the expected width of each pulse was on the 
range of nanoseconds and microseconds.  This resulted in individual pulse frequencies ranging from 
megahertz to kilohertz.   
 
Next, it was observed early on in the design process that the incoming signal from the photodiode 
needed to be decreased in amplitude in order to stay within the operating range of the following 
stages.  Therefore, a simple voltage divider circuit was set up at the output of the photodiode to bring 
the voltage down from approximately 10V to 840mV.  To implement the voltage divider a 98-ohm 
resistor was placed in series with a 9-ohm resistor.  The input was taken in front of the 98-ohm 
resistor, while the output of the voltage divider was the node connecting the two resistors.  Figure 5 
displays the voltage divider as the first portion of the analog circuitry. 
 
After the initial voltage divider stage, the subsequent analog circuitry was required to integrate, peak 
detect, and buffer the input signal.  Therefore, the logical solution was to divide the analog circuitry 
into three stages.  Each stage was connected in series and performed one of the three tasks. 
   
In order to determine the energy contained within an incoming pulse, it was necessary to integrate 
the pulse. This served the purpose of both slowing the signal down to a more manageable speed for 
successive stages, and maintaining a linear relationship between output voltage and input energy by 
measuring the voltage area under each pulse.  This was accomplished using an active integrator 
design.  The basic design for this circuit is well known as the Miller integrator and can be found in 
most circuit design textbooks [2], [4].  However, the correct type of operational amplifier, the 
resistor values, and the capacitor value for this application needed to be chosen.   
 
A LM6362 operational amplifier was decided upon, due to its ability to operate up to 100MHz 
range, which is higher than the frequency of the incoming signals.   
 
The capacitor for the integrator was selected mainly through trial and error.  A programmable pulse 
generator, capable of generating signals well above the megahertz range, was used to drive the 
circuit with test pulses similar to the signals expected from the MPL.  Due to the low energy content 
of each input pulse, the capacitor had to be small enough to allow the charge across it to build up.  
However, if the capacitor was too large it could not store all of the charge for each signal, which 
would cause the output to no longer correspond to the input linearly.  The negative pulse in Figure 1 
displays this problem.  One can notice that as the pulse duration extends, the voltage across the 
integrating capacitor tapers off, causing non-linearity. This is because the capacitor is becoming 



 

saturated with incoming charge.  The capacitor is beginning to maximize its charge towards the end 
of the input signal duration, causing non-linearity.  Eventually, a value of 690 picofarads was 
decided upon.  As displayed in Figure 3, the integrated signal had a very linear correlation to the 
input signal. 
 
The resistor values for the integrator were chosen to increase the gain of the integrating stage. A  
220-ohm resistor was chosen for the input, and a 2190-ohm resistor was chosen for the feedback 
loop.  The final schematic of the active integrator, with values included, can be viewed in Figure 5. 
 
 

 
 

Figure 1  – Effect of too Small of an Integrating Capacitor. 
 
 

 
 

Figure 2  – Display of Correct Integrating Capacitor Effect. 
 
 
The next operation the analog circuitry needed to perform was to place the signal within the range of 
the ADC and detect and hold the peak of the integrated signal. This was accomplished using an 
active peak-detector design.  Once again, the basic schematic can be found in most circuit design 
textbooks [2], [4].  However, it was again necessary to choose the correct type of operational 
amplifier, the correct type of diode, the resistor values, and capacitor value for this specific 
application. 
 
The width of the integrated signal coming into the peak-detector stage was much larger than that of 
the initial input signal to the analog circuitry, which would have allowed us to use a slower 
operational amplifier.  However, for uniformity, another LM6362 operational amplifier was used.  



 

This active portion of the peak-detector served to prevent the signal from decaying after passing 
through the diode.  The input resistor of this operational amplifier was chosen to be 993-ohms and 
the feedback resistor was chosen to be 5940-ohms.  This provided some gain to the signal, which 
served to increase the signal level to the maximum range of the analog to digital converter.  As 
desired, the signal was not amplified above the range of the converter, which was 0V to 10V. 
 
The MUR 130 diode was selected for the peak-detection circuit due to its “Ultrafast” rectifying 
characteristics described on its datasheet.  This allows the diode to turn off during the downswing of 
each signal nanoseconds after the peak of the signal.   
 
Similar to the active integrator capacitor, the capacitor for the peak-detector was selected through 
trial and error.  To select an accurate capacitor, the circuit was driven directly by the MPL unit, 
instead of by the programmable pulse generator.  The auto-store function on the oscilloscope served 
to display a range of values that the MPL would produce during operation. If the capacitor was too 
small, the non-linearity caused by a small time constant was observed in the output signals, as shown 
in Figure 3.  If the capacitor was too large, the charge would stay on the capacitor for too long and 
actually over-write subsequent pulses, as shown in a zoomed out oscilloscope plot in Figure 4.  The 
final capacitor value decided upon was 1 nanofarad.  The schematic of this stage, with values 
included, can be viewed in Figure 5. 
 

 
 

Figure 3 – Effect of too Small of a Peak-Detecting Capacitor. 
 

 
 

Figure 4  – Effect of too Large of a Peak-Detecting Capacitor. 



 

 
Figure 5  –  Final Analog Circuit Schematic. 

 
Towards the end of the testing process, the analog circuitry was connected to the analog to digital 
converter for final testing.  For accurate analog to digital conversion, a simple buffer was added 
between the peak-detecting circuitry and the ADC.  An OPA627 operation amplifier was readily 
available and configured as a unity-gain buffer. This stage is seen in Figure 5. 
 
The final test for the analog circuitry was to input a very controlled range of values from the pulse 
generator and graph the output of the total circuit against the inputs.  This step was to verify that the 
analog circuitry actually produced a linear response to the range of inputs, and to determine the 
constant of proportionality relating the output voltage back to the input energy.  The graph found by 
this test is shown in Figure 6.  As displayed, the relationship was found to be linear with less than 

Input Pulse Area [V*ns] vs. Analog Output 
Voltage

y = 0.0022x - 0.3291
R2 = 0.9992

0
1
2
3
4
5
6
7
8

0 1000 2000 3000 4000

[V*ns] Pulse Input

A
na

lo
g 

O
ut

pu
t V

ol
ta

ge

Figure 6 – Input Pulse Area [V*ns] vs. Analog Output 
Voltage. 



 

0.1 percent error.  As input energy increased, the slope of decay on the peak-detecting capacitor was 
found to increase linearly as well, shown in Figure 7.  Therefore, the entire system produced an 
output voltage linearly proportional by some constant to the energy in the laser.  Because LIDAR 
geometry, laser configurations, and photodiode responsivity could change from MPL unit to unit, it 
was left as a task to the researchers to use a calorimeter to calibrate the hardware and find the correct 
constant of proportionality. 
 

 
DIGITAL DESIGN PROCEDURE 

 
Digital circuitry was necessary to acquire and average results from the analog circuitry.  It was 
required to be accurate, high speed, re-programmable, and have enough memory to hold many 
minutes worth of data.  These problems were solved with a combination of hardware and software. 
 
First, a high-speed 16-bit resolution analog digital converter was selected, the Texas Instruments 
ADS7807.  This ADC was capable of sampling at 40 KSPS, while allowing both serial and parallel 
outputs.  
 
Next, a high-speed microcontroller was selected.  Because laser pulses were occurring every 400us, 
the microcontroller was required to have a speed that would allow it to perform several complex 16-
bit calculations in less than 400 µs time.  Motorola HC11/HC12 microcontrollers were first broadly 
selected, but a specific microcontroller and speed needed to be chosen.  After further analysis, a 16-
bit HC12 microcontroller running at 8 to 16 MHz was estimated to perform the necessary 
calculations in much less time than 400us.  Therefore, a Motorola MC9S12DP256 (HC12) 
microcontroller was used for this project.  Cost was an issue here; a microcontroller development 
board is usually very expensive.  Our team was able to locate a small development board, the 
MiniDragon+, for only $90. 
 

Figure 7 – Output Voltage vs. Decaying Peak-Detecting 
Capacitor Voltage Slope. 
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The microcontroller was programmed in C using a free CodeWarrior HC12 development studio 
demo.  To upload compiled .S19 files, any serial communications program would have sufficed.  For 
our application, a program called MiniIDE was downloaded and used.  The microcontroller had 
Motorola’s D-bug12 monitor installed and running upon powering up the device.  This acted as an 
initial interface between the developer and the microcontroller through the serial communications 
software. 
 
One issue raised early on in the design phase was how the analog digital converter would know 
when to convert.  Knowing the Q-switch produced both the laser pulses as well as a synchronized 
TTL clock pulse, the falling edge of this TTL clock was initially used to signal the ADC to start a 
conversion.  However, because the analog circuitry and ADC had similar amounts of delay 
associated with each, the ADC was converting at a time when the analog signal had not settled.  
Analog circuitry has a tendency to display some ringing effects when an impulse is applied, as 
depicted in Figure 8.  Taking maximum error into account, this ringing was measured to settle 
sometime before 4 µs.  Therefore, it was necessary to add a 4 µs delay to the ADC between the 
falling edge of the Q-switch TTL clock and the nominal conversion point.  
 

 
To create an accurate 4 µs delay invariable to temperature effects, software developers programmed 
interrupts into the microcontroller to take in the Q-switched TTL clock, wait for 4 µs, and produce 
the delayed clock output.  This delayed clock was responsible for driving accurate ADC conversions.   
 
An ADC can take a variable amount of time to perform a conversion, so an interrupt on the 
microcontroller was programmed to wait for the ADC’s ^BUSY line to drop before allowing the 
microcontroller to attempt to acquire data.  This ensured that the data read by the microcontroller 
was precise. 
 
On the microcontroller, many functions were programmed to form the backbone of the system.  A 
custom library was developed to support functions such as printing characters, strings, and more to 
the developer’s computer screen from the microcontroller, obtaining and parsing input from the user, 
and performing string manipulations on data such as toLowerCase, intToStr, and strToInt.  The main 
program file contained functions that allowed a computer or human operator to run experiments and 
other miscellaneous tasks.  When turned on and programmed, the microcontroller would present a 

Figure 8 – Observed ringing after an impulse at the input 



 

user interface on the developer or researcher’s computer screen, allowing the user to navigate a 
menu to run the correct experiment configurations.  The most basic required menu options included 
the specifying the number of LIDAR pulses to acquire, beginning an experiment, and viewing results 
from the previous experiment.  Several other functions were added to this list as part of a testing, 
debugging and development suite, including an ADC calibration function, and a simple digital logic 
analyzer capable of analyzing and debugging logic lines. 
 
The primary concern when developing software was creating a completely optimized core algorithm 
for running an experiment.  To average incoming laser energy information, the running average 
calculation described in Equation (1-1) was chosen because it avoids many software memory 
problems inherent in summing an indefinite amount of data. When laser pulse data is available on 
the ADC output, the microcontroller must gather and execute a time-critical algorithm on the new 
information. This algorithm must not only average the incoming data with previous data, it must also 
keep track of memory usage in order to prevent running out of space for new data.  These procedures 
must be executed in less than 400 µs.  Therefore, once the core algorithm is triggered by the external 
unsynchronized signal, it is critical that the microcontroller focus any available clock cycles to 
computing and not be disturbed by any external problems.  The best solution to this was to place the 
core algorithm code in an interrupt.  Upon entering the interrupt, the microcontroller immediately 
disables all other interrupts to avoid conflicts.  When this core algorithm was not being executed 
while an experiment was running, the microcontroller was set to perform an infinite loop of non-
critical background calculations on the data and memory, utilizing a variable amount of excess clock 
cycles.   

 
 

 
 

 
Where:  

EN = Average Energy after Pulse N 
N = Iteration Number 
R = Current Energy Measurement 

 
Memory was the next concern.  The incoming laser pulses were occurring at 2.5 kHz.  For each laser 
pulse, the running average algorithm needed to be executed, and the variable N in Eq. (1-1) needed 
to be incremented.  On the HC12, the largest standard variable was 16-bits wide.  This meant that N 
would be maximized after 65,535 acquired pulses, or 26.214 seconds.  To solve this, a large array 
containing the results of many 65,535 sets of averages was created.  This extended the running time 
of any experiment to at least 22 minutes, and was easily extendable by adding more array indices.  
To bring the various energy average results together at the end of an experiment, a final running 
average would be performed on this array of averages and any other averaging information 
remaining in the system. All information was weighted properly to produce an accurate final result.  
The output from the microcontroller could be kept as a floating-point number, or rounded to a simple 
16-bit number for further processing by the researchers’ computer.  The design of the memory 
management system in the software allowed the system to be flexible enough to meet more than the 
basic needs of the researcher, who would normally be using the system to average only a few 
minutes’ worth of laser energy data. 
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Equation (1-1). Running average equation performed on 
the incoming data 



 

 
Testing was a critical part of the design process.  The microcontroller software was testing in many 
ways.  Certain test functions were built in and optionally compiled into the software using C 
preprocessor commands, preventing those tests from being compiled into a real application where 
clock cycles were vital.  The software was also simulated in Java, algorithms were tested for 
accuracy, and the ADC was tested for precision on its own.   
 
To test the timing in the core algorithm, a specific function was designed to drive a pin high on the 
microcontroller when the core algorithm interrupt was entered, and drop it low when the core 
algorithm had completed.  By viewing the state of this pin from the microcontroller on an 
oscilloscope and comparing it to the Q-switch TTL clock signal, it was possible to visually see how 
much time the core algorithm was taking between clock pulses.  The optimized core algorithm 
actually completed with a significant amount of time left over between each laser pulse.  In fact, by 
using a square wave frequency generator instead of the MPL’s Q-switch TTL clock, it was found 
that the microcontroller could keep pace in the range of 0 – 10 kHz. 
  
Finally, the ADC’s accuracy needed to be tested and calibrated through software.  No external 
hardware calibration was done on the ADC, so the microcontroller software was intended to correct 
data from the ADC in its core algorithm.  To measure a constant of proportionality between the 
measured ADC output and the actual input, a variety of DC sources were applied to the inputs of the 
ADC and the running average algorithm was performed on 50,000 samples of the incoming DC data.  
The final average was converted back to a voltage through calculations, and this voltage was 
compared to the measured DC voltage.  After many trials, the ADC was found to have an average 
error of only 0.4448 bits. This was very little error, so no actual software calibration was needed to 
correct the ADC any further. 
 
 

COMPUTER SOFTWARE DESIGN PROCEDURE 
 
The final step in the design process was to create a simple user-interface that would link a personal 
computer to the microcontroller. This was accomplished using the software LabView on the 
researcher’s machine, creating an easy to use interface utilizing serial communications between the 
PC and the microcontroller.  LabView took care of all of the connectivity, setting up the experiments 
by sending commands to the interface on the microcontroller through the serial port.   
 
At the end of each experiment, it was the computer’s job to relate the number from the 
microcontroller to the actual average laser energy using the constant of proportionality measured by 
the calorimeter.  When converting the microcontroller value to actual laser energy, LabView could 
also take into account the amount of voltage lost on the peak-detecting capacitor before the ADC 
was able to acquire the signal, as seen by the increasing slope vs. input voltage area in Figure 7.  By 
using an oscilloscope to measure precisely where the ADC was obtaining the peak-detected signal, it 
was possible to write an equation to correct for the losses on the peak-detecting capacitor, as shown 
in Equation (1-2). The time delay between the nominal voltage point and the ADC measured voltage 
was 7380 ns. 
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CONCLUSIONS 
 
An accurate data acquisition system for measuring outgoing energy from the MPL was needed to 
allow researchers to ascertain information about the Earth’s atmosphere. The high speed, precision 
analog circuitry followed by a digital processing sub-system led to an adaptable solution yielding the 
greatest performance with the most efficient budget.   
 
The analog circuitry produced a linear relationship between the output voltage and the input energy.  
The digital circuitry controlled experiments and allowed researchers to connect to the system, 
control input settings, and run experiments through LabView. The software used on the 
microcontroller circuitry was developed in the C programming language to yield the optimal results.  
 
The system had the capability of providing the average energy contained in a series of pulses to a 
researcher, with error below 0.1%.  This system could fit within an MPL unit, easily interface with a 
researcher through a computer, and was versatile enough to capture and measure a wide range of 
laser energy magnitudes. 
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ABSTRACT

The design of a protocol for a satellite cluster link establishment and management that accounts for
link corruption, node failures, and node re-establishment is presented in this paper.  This protocol
will need to manage the traffic flow between nodes in the satellite cluster, adjust routing tables due
to node motion, allow for sub-networks in the cluster, and similar activities.  This protocol
development is in its initial stages and we will describe how we use the LabVIEW Sate Diagram tool
kit to generate the code to design a state machine representing the protocol for the establishment of
inter-satellite communications links.

KEYWORDS

Satellite cluster communications, ad hoc routing protocols, protocol development, protocol testing,
and LabVIEW

INTRODUCTION

This paper describes the initial work performed to develop a link establishment protocol for a
network of satellites forming a cluster.  This link establishment algorithm will expect that the inter-
satellite channel will be unreliable and will, therefore, need to take channel errors into account in the
decision making process.  The satellite cluster problem is similar to that studied in terrestrial mobile
ad hoc networks (MANETS).  In examining approaches to this problem, we decided to attempt a
realization of an algorithm for routing proposed by Chiang et al. [1].  This particular algorithm was
designed for use in fading channels and allows the network of nodes to self-organize into smaller
sub-networks.  This algorithm was designed for use by 100's of nodes in the network, have a good
degree of stability in assigning the roles of cluster head and cluster slave, and allow nodes to move
between sub-networks.  These are all characteristics of the desired satellite cluster protocol.  The
routing algorithm is based on a Least Cluster Change method to decide to which sub-network a node
belongs.  The cluster head controls the transmission of traffic by use of a token to grant permission



to each node for channel access.  Sequence numbers are used in the cluster management traffic to
eliminate stale information and help nodes synchronize.  In the development of the protocol, we use
this basic philosophy and augment it with persistence metrics to ensure that simple channel errors do
not unnecessarily cause links to be marked as broken or nodes unreachable.

There are competing methods for the routing in ad hoc networks that are being considered by other
research groups.  The two that are similar, in some respects, to the one considered here are Ad hoc
On-Demand Distance Vector (AODV) routing and Dynamic Source Routing (DSR).  The AODV
protocol is described in [2] and [3] while DSR is described in [3] and [4].  Some of the main
differences are between AODV, DSR, and the approach chosen in this study are:

1. AODV and DSR assume no a priori node information while our approach assumes that the
network may be pre-seeded with participating nodes,

2. AODV and DSR assume that the networks will be open while our approach assumes that
network access will be limited to “trusted” nodes,

3. AODV and DSR use routing caches for routing information while our approach uses a
routing table to hold the routing information,

4. AODV and DSR obtain routing information in an on-demand manner while our approach
keeps the routing information in a Routing Table,

5. AODV and DSR can drop a link due to a single link error while our approach will not
declare a link to be down until after several messages have failed,

6. DSR send all of the required routing information in the data package header, while AODV
and our approach requires that all intermediate nodes have sufficient path information
locally,

7. AODV and DSR assume that the inter-node link range is < 500 m (802.11-type link) while
the satellite cluster algorithm needs to cover in excess of 1000 km.

For nodes in a satellite cluster, several of the characteristics of AODV and DSR would seem to pose
problems that a different approach could help remove.  In particular, the cluster protocol should

1. Acknowledge that the satellite cluster network will have many, if not all, of its participating
nodes known before launch so they can be seeded and not need to be discovered,

2. Do not remove routing information due to channel errors unless they pass a threshold,
3. Do not send whole route lists with every packet but only send routing information updates

when the link state changes to keep the routing update bandwidth as small as possible,
4. Use low-bandwidth Heartbeat messages to probe for link failures but send them less

frequently than is done on mobile networks where they may be sent approximately every
second.

For ease of coding, the development of the protocol will not, initially, be directly executed in a
high-level language such as C.  Rather, we will take advantage one of two widely-used
environments that can be used for the protocol development: Matlab and LabVIEW.  The Matlab
environment is successfully used in many analysis environments for communications, signal
processing, and controls.  One addition to the Matlab environment is the Stateflow toolkit.  Stateflow
is designed for tasks such as protocol development that can be expressed in terms of states with
well-defined transitions.  During the fall 2003 semester, the effort was directed towards developing



the protocol state diagram in Stateflow.  While this product does have a large learning curve
associated with it, the main deficiency found with Stateflow is that it does not directly support
networking protocols such as Transmission Control Protocol (TCP) and Unconnected Datagram
Protocol (UDP).  These need to be developed in other Matlab environments and then run with the
Stateflow modules.  After a number of unsuccessful experiments with Stateflow and Matlab, there
was not any successful configuration to make this work that we were able to devise.  Therefore, an
alternative approach was sought.

In later 2003, the National Instruments released a State Diagram toolkit for use with the LabVIEW
programming environment.  This toolkit is very similar to the Simulink Stateflow toolkit.  However,
it has one major advantage: the LabVIEW environment fully supports TCP and UDP
communications modes without special modification or non-standard modules.  The language choice
for the initial software development was the National Instruments LabVIEW.  One major
disadvantage of the State Diagram toolkit is that the modules cannot be directly translated by the
toolkit into a C-type of code representation.  This limits the portability to those hosts running the
LabVIEW environment.

PROTOCOL SPECIFICATION

Before generation of the state diagram for the modules was attempted, a detailed protocol
specification was codified.  The protocol specification details can be found in [5] and they can be
summarized as follows:

1. Use a Routing Table pre-seeded with the expected cluster nodes and allow new, trusted
nodes to be added later;

2. Use periodic Heartbeat messages to probe the channel for broken links and let the message
interval be user-defined and only send the messages to neighbors within one hop;

3. Use a periodic Token passing mechanism to control access within a subnet under the
assumption that the overall cluster may need to be partitioned because not every node may be
visible to every other node;

4. Send Routing Table updates from a given node to its one-hop neighbors only when that node
detects link connectivity changes or it receives better link information from one of its
neighbors;

5. Use Cluster Heads to control Token passing within each sub-net where the Cluster Head is
defined as that node in the sub-net with the lowest IP address that is one hop away from all
members of the sub-net;

6. When a Cluster Head fails or moves away from a sub-net, the survivors determine the next
Cluster Head by the one with the lowest IP address. 

The detailed specifications were designed as a state machine for realizing the protocol.  The top-
level states are illustrated in Figure 1.  In LabVIEW notation, this is the initial Virtual Instrument
(VI) defining the protocol.  In the INIT state, the user-defined parameters and initial Routing Table
and State Table are built to define the protocol variables.  Then each node determines if it is a
Cluster Head or Cluster Slave based upon the node’s IP address and location in the Routing Table.



Each node then enters either the HEAD or SLAVE state and executes appropriate processing there. 
These states may be exited if a state change is detected, for example detecting the failure of the
existing Cluster Head, or if the protocol received a management message to stop the protocol.

The Cluster Head and Cluster Slave have similar state diagrams that are realized as state machines as
well and are called as sub-VIs from the main VI.  The state diagram for the Cluster Head is given in
Figure 2.  After initialization, the Head and Slave enter a continuous loop.  The basic structure is to 

1. check for the presence of Heartbeat (HB) messages on the input port and process them if
available;

2. check for the presence of Handshake (HS) messages, e.g. a Routing Table update and process
them if available;

3. check for the presence of a Token message and process it if available;
4. check for time to issue a Heartbeat message and do so to the one-hop neighbors if it is time;
5. check for the time to issue a Token message and do so to the next entry in the Routing Table

for the sub-net.

A Cluster Slave does not issue Token messages so the Token timing check is not part of the Slave VI
states.

The individual states in the Cluster Head and Cluster Slave VIs can be made into VIs of their own
with a finite number of states.  This is illustrated in Figure 3 for the Process Heartbeat message state. 
In this VI, the Heartbeat message of processed and the Routing Table is updated.  The Routing Table
may also be transmitted to the one-hop away nodes if significant changes are detected as part of the
Heartbeat message processing.

Figure 1 – Top-level states in the cluster link establishment protocol.



Figure 2 – State diagram for the Cluster Head state.  The Cluster Slave state is identical except for
the Token transmission timing.

Figure 3 – The Process Heartbeat states within the
Cluster Head or Cluster Slave VIs.



From this point on, it is frequently possible to encode all of the state processing within a single-state
sub-VI rather than making further refinements to the state machine.  This is a design decision for the
protocol designer.  The advantage the State Diagram toolkit brings is that the state diagrams can be
developed quickly and then more time can be spent on the detailed processing modules.  In the
protocol software development, 26 modules were developed to program the protocol.  Some of these
modules perform the flow control between states within the VIs while others perform actual
computations or state variable manipulations.

PROTOCOL TESTING

The software developed for the link establishment protocol was tested and the full description is
given in [6].  The testing philosophy was to build the basic state variable structure, verify that it
could be checkpointed to a disk file and recovered, and then add well-defined modules that built
incrementally upon the successful development and testing of previous modules.  This is where
process reverses flow from the design stage.  During the design, we tried to keep let the protocol
logic dictate the state flow within the VIs and defer the detailed processing until as late as possible. 
Once the detailed processing modules are completed, they are tested at the unit level to ensure
proper functionality and then integrated with other modules.  A total of 11 test sequences were run to
verify that the modules and VI control logic functioned properly. 

RESULTS

The test program described in [6] was intended to validate the initial phase of the satellite cluster
link establishment protocol.  This initial development is intended to provide a basic functionality
that can be further tested and refined.  The capabilities demonstrated in this testing included:

1. The ability to use IP addresses as the means to control node designations as either a Cluster
Head or Cluster Slave and have these designations based upon the current contents of the
Routing Table.

2. The ability to use the contents of the Routing Table to 
a. determine the path of the Token through the Cluster members,
b. determine which cluster members are to receive a Heartbeat message from each node,
c. determine which cluster members have become inactive or unreachable.

3. The ability to transmit Heartbeat messages with a predetermined re-issue period to probe the
cluster for unreachable members.

4. The ability to transmit Token messages with a predetermined re-issue period to allow nodes
to control data traffic.

5. The ability to exchange Routing Table messages between the cluster members and update
this Table based upon changing conditions.

6. Persistence in the transmission of Heartbeat messages until the time-out period is exceeded.
7. Persistence in issuing Token messages and nodes are not removed from the Token path until

the time-out period has expired.
8. The ability of the Cluster Head to control the issuing of Token messages.
9. The ability of the cluster nodes to select a new Cluster Head if the original Cluster Head fails



or becomes unreachable.

With these capabilities, the initial software is ready to proceed to additional testing with channel
errors added to the scenario as well.  These types of tests will allow us to quantitatively compare the
results obtained with this protocol against those with different routing approaches or with different
cluster management techniques.  Based on these subsequent tests, additional features can be added to
augment performance.

CONCLUSIONS

The LabVIEW State Diagram toolkit can be used to generate VIs that are embodiments of state
diagrams as well as having VIs that perform more traditional computational tasks.  The largest
advantage seen in this process was the ability of these types of state variable toolkits to be good
vehicles for organizing the logic flow between states in the protocol and their abilities to be easily
edited to modify the logic if flaws are found or if different approaches are desired.  While this type
of development could be performed in a high-level programming language such as C, the use of a
graphical toolkit made the development process much easier.  Because the toolkits also perform
syntax checking as the code is developed, they are expected to have a quicker development cycle by
eliminating those types of errors.  For a practitioner well versed in the basic environment, albeit
LabVIEW or Simulink/Matlab, these types of toolkits are to be considered for these “nontraditional”
applications of the product.
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ABSTRACT 
 

In the past few years, an evolution has been occurring in test range network topologies.  With the 
proliferation of IP-based networks at the desktop, range officers are seeking ways to extend IP-based 
networks to the test range, to derive the cost and operational benefits offered with IP technology.  
This transition is not without its own set of problems.  The operational transition from the traditional, 
ATM-based ranges to IP-based ranges must be addressed.  In many cases, it is desired to maintain 
the ATM range, and add IP capabilities as time and budget permits.  The net result is that frequently 
a mixed protocol network emerges.  Terawave Communications has been developing telemetry 
transport solutions for both ATM and IP-based networks, along with technology to enable 
convergence of additional services such as video, voice, and data across test ranges.  Terawave has 
developed a solution for various network topologies from ATM-only and IP-only to mixed protocol 
implementations, which supports end-to-end interworking of telemetry, video, and additional 
services over mixed protocol networks.  In this paper, Terawave will detail the implementation 
decisions made in the course of application development, and share a framework for enabling 
seamless intra- and inter- range communication of telemetry and mixed services. 
 
 

KEYWORDS 
 
Packet Encapsulation, Source Selection, Quality of Service (QoS), Switched Virtual Circuit (SVC) 
 
 

INTRODUCTION 
 
The staff at Terawave has developed a platform that supports the aggregation of multiple services for 
transport over broadband networks.   Among the traffic types supported are telemetry, video, voice, 
and data.  The traditional broadband network implementation has been ATM-based, with the 
physical layer implementation being DS3 or SONET-based.  However, with the emergence of the 
use of IP-based networks at both the edge and in backbone, the issues with making the transition 
from ATM-based to IP-based networks must be addressed. 
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In this paper, Terawave will present a framework for identifying design decisions and tradeoffs in 
the design of a network that will successfully transport multiple types of traffic in ATM, IP and 
mixed networks.  A number of proposed solutions will also be presented. 
 
 

NETWORK ARCHITECTURES 
 

For the purposes of discussion, two basic network topologies will be presented.  The network types 
will be classified by the type of mechanisms used to implement layers 2 and 3 of the ISO protocol 
stack.  In this paper, only IP and ATM type networks will be considered. 
 
The first type of network is the uniform topology.  Uniform networks are distinguished by the fact 
that all elements in the network share the same media access and network layer mechanism.  Two 
sub-types of uniform networks will be discussed; uniform IP network, consisting of IP-based 
elements only, and a uniform ATM network, consisting of ATM-based network elements only. 
 
The second type of network topology will be called a mixed topology, and will allow the 
interconnection of both IP-based and ATM-based network elements.  An additional network element 
is required to effect the interworking function where a protocol conversion between IP and ATM 
packets is performed.   
 
 

DESIGN PARAMETERS 
 
A number of design parameters have been identified that define the scope of effort required to 
support seamless traffic transport in a mixed network environment.   These are: 
 

• Encapsulation 
• Connection Management 
• Multicast Support 
• Quality of Service 

 
At all points in the network, standards-based solutions will be used in order to allow the maximum 
amount of connectivity options.   
 
 

ENCAPSULATION 
 
The encapsulation mechanism is the method by which the payload is converted from a traffic stream 
to a series of packets for transmission across the network.  The goal of is to define a method to 
encapsulate traffic so that seamless transport across mixed networks is possible.  After the traffic 
stream is broken up (or segmented) into packets, additional information is added that is used by the 
network to support packet routing, reassembly and error handling.   In ATM networks, the traffic 
stream is converted into a series of packets that are all 53 bytes in length.  In IP networks, packets 
can be from 64 to 1518 bytes in length.  The goal of is to define a method to encapsulate traffic so 
that seamless transport across mixed networks is possible. 
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A standard exists that defines a mechanism for carrying IP traffic over ATM networks. This 
standard, RFC 2684, defines an encapsulation method for IP traffic for subsequent transmission over 
ATM networks.   Figure 1 shows the method by which the traffic is converted into IP packets, and 
the mechanisms by which conversion between IP packets and ATM cells is accomplished. 
 
Three conversion elements are defined to facilitate operation across all network topologies: 
 
IP Convergence—This is a bi-directional function.  In the forward direction, the source traffic stream 
is converted to IP packets.  In the reverse direction, IP packets are converted back into the source 
traffic stream.   
 
RFC 2684 IP to ATM Convergence—In this mechanism, native IP packets are converted to ATM 
cells according to the RFC 2684 standard. 
 
RFC 2684 ATM to IP Convergence—In this mechanism, IP-bearing ATM cells are converted to 
native IP packets. 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 1--Packet and Cell Encapsulation 

 
 
The operation is as follows. 
 
In uniform IP networks, the source traffic is transported as IP packets, and the IP Convergence 
function is the only required conversion element. 
 
In uniform ATM networks, the source traffic is converted to IP packets.  At the ingress to the ATM 
network, the IP packets are converted to ATM cells via the RFC 2684 IP to ATM Convergence 
function.  At the egress from the ATM network, the ATM cells are converted back to IP packets via 
the RFC 2684 IP to ATM Convergence function, prior to the conversion of IP packets back to the 
source traffic stream. 
 
In mixed networks, transition between IP and ATM is effected by the RFC 2684 conversion element 
to perform interconnection between IP and ATM networks. 
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CONNECTION MANAGEMENT 

 
Connection management is the means by which connections are provisioned and maintained.  The 
goal is to maintain connectivity across mixed networks and to automatically propagate connectivity 
across uniform and mixed networks. 
 
Two modes of operation are considered.  In the first mode, all connections are statically provisioned.  
All of the ATM connections are provisioned with VBR traffic parameters.  The IP connections are 
provisioned as typical best effort service.  The aggregate bandwidth of the individual connections is 
configured such that it is less than the network bandwidth, minus an additional amount of bandwidth 
to accommodate bursts in traffic.  In effect, quality of service is implemented using available 
bandwidth.  This has the following advantages: 
 

• Simplicity of configuration 
• Minimal requirements on outer and inter-network equipment 

 
Static configuration has the following disadvantages: 
 

• Potential traffic corruption in bursty conditions 
• Configuration must be manually adjusted when network changes 

 
For this reason, it is desired to implement an automatic mechanism for the provisioning of 
connections.  In uniform ATM networks, the ATM Forum has defined a mechanism for generating 
connections across the network using Switched Virtual Circuits (SVC).  Using this scheme, 
connections are automatically propagated across ATM networks via a signaling method, but the 
intervening ATM switches must support the SVC signaling protocol to implement end-to-end 
connectivity. 
 
In mixed networks, the ATM to IP transition must be supported by the intervening router that 
performs the following functions: 
 

• ATM address to IP address resolution 
• Forwarding of packets and cells to appropriate subnets or ATM network 

 
These functions are implemented in routers compliant to RFC 2225, the IETF document that defines 
the routing interworking functions for IP and ATM networks. 
 
 

MULTICAST SUPPORT 
 
Multicast provides a means for traffic to flow from a source to multiple destinations.  The goal is to 
provide seamless support for multicast traffic across mixed networks. 
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In uniform ATM networks, point-to-multipoint support is implemented using SVC type connections.  
In this implementation, a point-to-multipoint SVC call will provide the needed functionality, 
presuming that the ATM switch supports SVC operation.   
 
In uniform IP networks, multicast support is a native mode of operation.  To implement multicasting, 
the Layer 2 and Layer 3 addresses must conform to the IETF requirements for multicast addressing 
as defined in IETF documents RFC 1112 and RFC 1122. 
 
In mixed networks, again the IP-to-ATM routing functionality must support multicast traffic.  The 
support of multicast traffic is defined in RFC 2225. 
 
 

QUALITY OF SERVICE 
 
In order to support robust delivery of traffic across the network, a set of mechanisms must be 
implemented to ensure successful transmission of the telemetry packets across the network.  These 
mechanisms collectively are called Quality of Service or QoS.  The goal in mixed network 
implementations is to support the migration of QoS across the different networks. 
 
In uniform ATM networks, QoS is implemented via reservations-based system.  ATM provides QoS 
by supporting mechanisms to differentiate traffic and classify packets based upon their service 
category.  ATM provides a number of service categories; CBR, rt-VTR, nrt-VBR, ABR, and UBR.  
Each Virtual Channel (VC) traversing the network can specify the required service category.   A VC 
requiring a particular service category can additionally specify its traffic characteristics using 
explicit parameters. 
 
ATM provides dynamic signaling and routing protocols for setting up resource reservations.  
Signaling protocol is “hard state", meaning that a reservation state is explicitly set up and torn down.  
In an ATM network, each network node implements intelligent queuing mechanisms to ensure 
received packets are processed according to the resource reservation made for them.  ATM also 
provides admission control mechanisms that ensure QoS integrity by not allowing a new VC to be 
set up which will impact the QoS of existing connections.   
 
In uniform IP networks, a number of QoS mechanisms are proposed.  One type of QoS is a relative 
priority mechanism, which makes use of the default interpretation of the 802.1p priority classes.  
 
802.1q (Virtual Bridged LANs Working Group) defines changes to Ethernet frames that will enable 
them to carry VLAN information. It allows switches to assign end-stations to different virtual LANs, 
and defines a standard way for VLANs to communicate across switched networks. 
 
Four bytes have been added to the Ethernet frame for this purpose, causing the maximum Ethernet 
frame length to increase from 1518 to 1522 bytes. In these 4 bytes, 3 bits allow for up to eight 
priority levels and 12 bits identify one of 4,094 different VLANs.  
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Layer 2 priority can be bestowed upon a traffic stream by using the VLAN priority field, layer 3 
priority is controllable by using TOS. Switches and routers which the stream must traverse should be 
configured to respect these priorities. 
 
In mixed networks,  QoS can be supported across network boundaries using a mapping mechanism 
where ATM traffic categories are mapped into the 802.1p relative priority mechanism.  The 
following features must be supported: 
 

• The IP switch must support the Layer 2/802.1p priority mechanism 
• A mapping mechanism must be designed to map the ATM traffic classes into the Layer 2 

service classes 
 
 

RESULTS 
 
An implementation of the mechanisms discussed is shown in Figure 2.  This network is designed to 
terminate input telemetry traffic from two encoders, E1 and E2, located in IP Attached Subnet 1.  
The traffic can then be transmitted and targeted to a mixed network, with different decoder 
implementations on the far end of the network. 
 
All TM traffic coming from the IP Attached Subnet 1 is coded as IP packets by TM  encoders E1 
and E2.  The IP traffic is configured as multicast. 
 
The IP packets then are connected to router R1 via the IP backbone.  Router R1 performs the 
following actions: 
 

• IP to ATM conversion function per RFC 2684 
• Mapping of multicast IP traffic to ATM connections via SVC calls per RFC 2225 

 
The traffic, now as ATM traffic flows across the ATM backbone to two ATM attached network 
elements, NE1 and NE2.   
 
In ATM Attached Subnet 1,  the decoder is implemented in NE1, and is ATM-based.  In this case, 
the decoding of the TM stream is from ATM cells to the native TM stream. 
 
In ATM Attached Subnet 2, NE2 performs the conversion from ATM cells to IP packets. by 
performing the ATM to IP conversion function per RFC 2684. 
 
In this fashion the TM traffic can be propagated across mixed networks, and can be targeted to an 
IP-based decoder or an ATM-based decoder.  As the source traffic in this example is multicast 
across the network, the decoder nodes can both decode the same source TM stream. 
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Figure 2--Mixed Network Test Scenario 
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CONCLUSION 
 
As network topologies evolve from ATM to IP-based implementations, a growing number of ranges 
will be IP-based as well as a mixture of IP and ATM topologies.  In this paper, a set of mechanisms 
was discussed to ease the transition from uniform ATM networks to uniform IP networks.  The 
ability to support operation in mixed networks is seen as a way to ease the transition from ATM to 
IP networks. as well as to supply the user with a method to interoperate between ATM and IP 
networks. 
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ABSTRACT

This paper presents a method of detecting the Tier I modulation SOQPSK when it is used in a

space-time coded (STC) system in which there is a non-negligible differential delay between the

received signals. Space-time codes are useful to eliminate data dropouts which occur on aeronau-

tical telemetry channels in which transmit diversity is employed. The proposed detection algo-

rithm employs a trellis to detect the data while accounting for the offset between the in-phase and

quadrature-phase components of the signals as well as the differential delay. The performance of

the system is simulated and presented and it is shown that the STC eliminates the BER floor which

results from the data dropouts.
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INTRODUCTION

In aeronautical telemtry channels, aircraft are commonly equipped with two transmit antennas

to alleviate signal outages due to aircraft shadowing. However, this configuration causes severe

signal level variations at the receiver when both antennas are in view. In [1], Crummet, et al. pro-

posed using space time coding as a solution to this problem. Their solution involves employing the

Alamouti 2x1 space-time code (STC) described in [2] to overcome the interference due to the two

transmit antennas.



In order to use the solution proposed in [1] it is necessary to overcome two difficulties. First, due

to aircraft antenna spacing the transmitted signals may not arrive at the receiver aligned in time.

The standard detection algorithm for the Alamouti STC assumes that the signals are time aligned.

Second, the Alamouti STC was designed for non-offset modulations, but Tier I waveforms used

on telemetry channels are offset modulations due to the need for a constant envelope signal in the

transmitter.

Jo and Kim [3], Yi and Lee [4], and Nelson and Rice [5] examined the effect of arrival time dif-

ferences on systems employing STC with non-offset modulations. In addition, the application of

STC to constant envelope modulations has received some attention in the literature in recent years.

Fitz and Zhang have studied the application of STC to continuous phase modulation (CPM) sig-

nals in [6] and [7]. Cavers examined the use of STC with MSK (OQPSK with a half sine pulse

shape) in [8]. In these papers it was assumed that the transmitted signals arrived at the receiver

synchronized in time so that any arrival time differences were negligible. This paper shows how

the considerations necessary to deal with the arrival time differences and the offset modulations

can be combined to develope an algorithm suitable for the detection of space-time encoded SO-

QPSK when the arrival time differences are not negligible. The algorithm uses a trellis along with

the Viterbi algorithm to estimate the transmitted bits.

This paper proceeds as follows: A description of how Alamouti 2x1 STC applies to SOQPSK

is given in the next section. Then an algorithm that decodes Alamouti 2x1 STC for SOQPSK

with arrival time differences is developed. After this algorithm is presented, its performance is

compared to non-encoded (single input, single output or SISO) SOQPSK in the results section and

the conclusions of the paper are presented.

SPACE-TIME CODING WITH SOQPSK

An overview of the Alamouti 2x1 STC as it applies to non-offset modulation without differential

delays is presented in [2]. As shown in that paper, the detection algorithm for non-offset modula-

tion operates on pairs of detection filter (DF) outputs which are a function of pairs of data symbols.

However, the offset between the in-phase and quadrature components of SOQPSK signals makes

it impossible to partition the DF output samples so that pairs of data symbols are entirely contained

within pairs of samples. The presence of non-negligible arrival time differences increases this ef-

fect. Hence, in order to detect SOQPSK when the Alamouti 2x1 STC is used and when arrival

time differences are present it is necessary to implement a more complex detection algorithm. This

section presents a signal model for the offset case and examines the applicability of the Alamouti

detection algorithm to that case.



In [9] Hill decribes the SOQPSK waveform. The expression for the modulated signals(t) is

s(t) =

√
4E

T
cos [2πf0t + φ(t, ᾱ) + φ0] (1)

where

φ(t, ᾱ) = πh

∫ t

−∞

∞∑
−∞

αig

(
τ − iT

2

)
dτ. (2)

The information-bearing phaseφ(t, ᾱ) is determined by the ternary sequenceαi = −1, 0, 1, the

unity-area frequency pulseg(t), and the modulation indexh, which is equal to1/2 for offset QPSK

[9]. The valuesαi are a function of the data symbols. The frequency pulseg(t) determines the

spectral occupancy of the signal and the smoothness of the transitions from symbol to symbol.

This formulation presents SOQPSK as a ternary CPM signal. It can also be represented as a linear

quadrature modulation using the technique described by Laurent in [10]. When it is formulated

this way it can be seen that the signal takes the form of offset QPSK with pulse shaping that is

a function of the frequency pulseg(t)–hence the name “shaped offset QPSK”. The full Laurent

decomposition consists of many pulses of varying length, each of which is modulated by a differ-

ent set of so-called pseudo symbols. These pseudo symbols are a function of the data bits. All

of these pulses can be combined into a single pulse which is modulated by the data bits in order

to simplify the detection algorithm, but this single pulse representation requires the use of data

dependent pulses. This representation of SOQPSK views it as a form of a trellis coded modulation

where the pulse for each symbol comes from an alphabet of possible pulses.

Using this representation, the baseband SOQPSK signal can be written as

s(t) =
∑

n

a(n)pa,n (t− nTs) + jb(n)pb,n (t− Ts/2− nTs) (3)

where, as before,Ts is the symbol time,pa,n(t) andpb,n(t) are the data dependent unit-energy

pulse shapes with support on the interval−LTs ≤ t ≤ LTs, anda(n) andb(n) are the even and

odd indexed data bits, respectively. Applying the Alamouti STC and following the convention that

blocks begin with even indices, the Alamouti encoded transmissions from antenna 0 and antenna

1 for the intervalkTs ≤ t ≤ (k + 1)Ts are

antenna 0: a(k)pa,k (t− kTs)

+jb(k)pb,k (t− Ts/2− kTs)

antenna 1: a(k + 1)pa,k (t− kTs)

+jb(k + 1)pb,k (t− Ts/2− kTs)

(4)



and for the interval(k + 1)Ts ≤ t ≤ (k + 2)Ts they are

antenna 0: −a(k + 1)pa,k+1 (t− (k + 1)Ts)

+jb(k + 1)pb,k+1 (t− Ts/2− (k + 1)Ts)

antenna 1: a(k)pa,k+1 (t− (k + 1)Ts)

−jb(k)pb,k+1 (t− Ts/2− (k + 1)Ts) .

(5)

In the absence of arrival time differences, the detector processes the composite received signal and

samples the DF output atTs/2-spaced intervals. In a SISO detector, the carrier phase estimator

derotates the received samples so that the decisions on the in-phase and quadrature components

can be based on alternate samples. In the multiple-input, multiple-output (MIMO) case, it is not

possible, in general, to derotate the samples to accomplish the same decoupling of the I and Q

components. This is because the phase shifts imposed byh0 andh1 are, in general, different. As a

consequence, the real and imaginary components of theTs/2-spaced DF outputs together with the

properties of the space-time code must be used to estimate the transmitted symbols.

When arrival time differences are not negligible it is not possible to sample the DF output atTs/2-

spaced intervals which are aligned with the optimum sampling time for both of the received signals

simultaneously. In this case, in order to get the maximum signal strength in the samples, the DF

output can be sampled in two sets ofTs/2-spaced intervals, each of which is aligned with one of

the received signals. When these samples are interleaved, the resulting sequence contains samples

which are each aligned with the optimum sampling time of one of the received signals.

If the receiver is synchronized to the first signal that arrives, and the second signal is delayed by

τ , then the DF outputs can be stacked to form a vector. A matrix expression with the vector and

matrix entries representingτ - or (Ts/2− τ)-spaced samples results. The expression is

x = RHd + v (6)

where the column vectorsx andd are given by

x =




...

x (kTs)

x (kTs + τ)

x
([

k + 1
2

]
Ts

)

x
([

k + 1
2

]
Ts + τ

)

x ([k + 1] Ts)

x ([k + 1] Ts + τ)

x
([

k + 3
2

]
Ts

)

x
([

k + 3
2

]
Ts + τ

)
...




d =




...

a(k)

a(k + 1)

jb(k)

jb(k + 1)

a(k + 1)

a(k)

jb(k + 1)

jb(k)
...






and are the samples of the DF output and the desired data symbols, ordered as shown. The vectorv

contains the contribution of the additive noise to the detection filter output and consists of complex

Gaussian random variables with zero mean and autocorrelation matrix

M = E
{
vvH

}
=

N0

2
R. (7)

The matrixR is the DF correlation matrix given by

R =




Rp,n (0) Rp,n (−τ) Rp,n

(−Ts

2

)
. . .

Rp,n (τ) Rp,n (0) Rp,n

(−Ts

2
+ τ

)

Rp,n

(
Ts

2

)
Rp,n

(
Ts

2
− τ

)
Rp,n (0)

...
.. .




(8)

whereRp (τ) is defined by

Rp (τ) =

∫ LTs

−LTs

p(t)f(t + τ)dt (9)

wheref(t) is the DF impulse response. Note that the elements ofR are data dependent due to the

dependence of the pulsespn(t) on the data as explained above. This matrix is almost a Toeplitz

matrix—the main diagonal and the even indexed diagonals are constant while the odd indexed

diagonals alternate between two values which differ byTs/2 − τ . For a pulse shape with support

on the interval−LTs ≤ t ≤ LTs, there will be4L− 1 non-zero diagonals above the main diagonal

and4L− 1 non-zero diagonals below the main diagonal. The matrixH is a block diagonal matrix

defined by

H =



H8 0 . . .

0 H8

...
. . .


 (10)

where

H8 =




h0 0 0 0 0 0 0 0

0 h1 0 0 0 0 0 0

0 0 h0 0 0 0 0 0

0 0 0 h1 0 0 0 0

0 0 0 0 −h0 0 0 0

0 0 0 0 0 h1 0 0

0 0 0 0 0 0 h0 0

0 0 0 0 0 0 0 −h1




. (11)

A maximum-likelihood (ML) solution can be envisioned if a packet ofN data symbols is assumed.

In this case, the column vectorsx, d, andv have dimension4N × 1 while the matricesR andH

have dimension4N × 4N . The ML estimate is

d̂ = argmin
d∈SN

{
(x−RHd)H M−1 (x−RHd)

}
. (12)



There are two difficulties that arise when attempting to solve (12). First,M is not a diagonal matrix

because the noise sampled atτ or Ts/2− τ will generally be correlated (due to the detection filter).

Second, the matrixR will not, in general, be a diagonal matrix. The consequence of these two

facts is that the operations on the samples inx cannot be decoupled as they were in the non-offset

case with no arrival time differences (shown in [5]).

Some conditions can be applied to simplify the solution of (12). If the pulse shape satisfies the

Nyquist no-ISI condition:Rp,n (mTs) = 0 for all non-zero integersm then the effect onR is

to render some of the diagonals to be zero. This reduces the number of non-zero elements in

R. However,R is still not a diagonal matrix due to the entries that are a function ofτ as well

as the diagonals containing detection filter correlations at odd multiples ofTs/2. If, in addition

to satisfying the Nyquist no-ISI condition, the pulse shape is full response thenRp(t) = 0 for

|t| ≥ Ts and the number of non-zero diagonals inR is further decreased. AsR becomes closer to

I, the complexity of the solution to (12) reduces. However, the presence of theM−1 term in that

equation means that the operations on the samples inx still cannot be decoupled.

SOQPSK DECODING ALGORITHM

One approach to this problem is to make the approximationM ≈ N0

2
I. Then (12) becomes

d̂ = argmin
d∈SN

{|x−RHd|2} . (13)

Hence, ignoring the correlation on the noise leads to the least squares (LS) solution.

A solution to (13) can be found by examining the quantity to be minimized. Let

∆ = x−RHd. (14)

Elements in the termRHd in (14) can be expanded to give the expression in (15).

∆ =




.

.

.

x
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k + 1
]

Ts + τ
)

x
([

k + 3
2

]
Ts

)

x
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k + 3
2

]
Ts + τ

)

x
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k + 2
]

Ts

)

x
([

k + 2
]

Ts + τ
)

x
([

k + 5
2

]
Ts

)

x
([

k + 5
2

]
Ts + τ

)

x
([

k + 3
]

Ts

)

.

.

.




−




.

.

.

h0

[
c1(b0, ā1, b1, a2, b2; τ) + jc1(a0, b0, ā1, b1, a2; Ts

2 + τ)
]

+ h1

[
c2(b1, a0, b̄0) + jc1(a1, b1, a0, b̄0, a3; Ts

2 )
]

h0

[
c1(b0, ā1, b1, a2, b2; Ts

2 ) + jc2(ā1, b1, a2)
]

+ h1

[
c1(b1, a0, b̄0, a3, b3; Ts

2 − τ) + jc1(a1, b1, a0, b̄0, a3; Ts − τ)
]

h0

[
c1(b0, ā1, b1, a2, b2; Ts

2 + τ) + jc1(ā1, b1, a2, b2, ā3; τ)
]

+ h1

[
c1(b1, a0, b̄0, a3, b3; Ts

2 ) + jc2(a0, b̄0, a3)
]

h0

[
c2(b1, a2, b2) + jc1(ā1, b1, a2, b2, ā3; Ts

2 )
]

+ h1

[
c1(b1, a0, b̄0, a3, b3; Ts − τ) + jc1(a0, b̄0, a3, b3, a2; Ts

2 − τ)
]

h0

[
c1(b1, a2, b2, ā3, b3; τ) + jc1(ā1, b1, a2, b2, ā3; Ts

2 + τ)
]

+ h1

[
c2(b̄0, a3, b3) + jc1(a0, b̄0, a3, b3, a2; Ts

2 )
]

h0

[
c1(b1, a2, b2, ā3, b3; Ts

2 ) + jc2(a2, b2, ā3)
]

+ h1

[
c1(b̄0, a3, b3, a2, b̄2; Ts

2 − τ) + jc1(a0, b̄0, a3, b3, a2; Ts − τ)
]

h0

[
c1(b1, a2, b2, ā3, b3; Ts

2 + τ) + jc1(a2, b2, ā3, b3, a4; τ)
]

+ h1

[
c1(b̄0, a3, b3, a2, b̄2; Ts

2 ) + jc2(a3, b3, a2)
]

h0

[
c2(b2, ā3, b3) + jc1(a2, b2, ā3, b3, a4; Ts

2 )
]

+ h1

[
c1(b̄0, a3, b3, a2, b̄2; Ts − τ) + jc1(a3, b3, a2, b̄2, a5; Ts

2 − τ)
]

.

.

.




(15)



In this equation the following shorthand notation is used:am representsa(k + m) and ā0

represents−a(k). The functionsc1(·) andc2(·) in the second term in that equation provide samples

from the data dependentRp,n (t). The five bits in the argument ofc1(·) provide the index for the

waveform while the time argument gives the offset of the desired sample of the waveform. The

functionc2(·) gives the data dependent peak ofRp,n (0). Because the same bits appear in multiple

elements of∆, the quantity|∆|2 can be minimized by employing a trellis and the Viterbi algorithm

(VA).

The trellis is implemented by reading in the block of eight MF output samples. These samples

are comprised of the four samples which are aligned withs0(t): {x([k+ 3
2
]Ts), x([k+2]Ts), x([k+

5
2
]Ts), x([k + 3]Ts)} (for evenk) interleaved with the four samples which are aligned withs1(t):

{x([k + 1]Ts + τ), x([k + 3
2
]Ts + τ), x([k + 2]Ts + τ), x([k + 5

2
]Ts + τ)} (also for evenk). Then

the partial path metrics are updated in the trellis for each MF output. At the end of the block the

decisions(â(k), b̂(k), â(k + 1), b̂(k + 1)) are output. The novel approach of this algorithm is that

the branch metrics are different, depending on the position in the block. With the elements of∆

expressed as

∆ =




...

∆ (k + 1 + τ)

∆
(
k + 3

2

)

∆
(
k + 3

2
+ τ

)

∆(k + 2)

∆(k + 2 + τ)

∆
(
k + 5

2

)

∆
(
k + 5

2
+ τ

)

∆ (k + 3)
...




, (16)

the branch metrics are given by

λk+1+τ [a0, b0, a1, b1, a2, b2, a3] =

∣∣∣∣∆
(

k + 1 + τ

)∣∣∣∣
2

(17)

λk+ 3
2
[a0, b0, a1, b1, a2, b2, a3, b3] =

∣∣∣∣∆
(

k +
3

2

)∣∣∣∣
2

(18)

λk+ 3
2
+τ [a0, b0, a1, b1, a2, b2, a3, b3] =

∣∣∣∣∆
(

k +
3
2

+ τ

)∣∣∣∣
2

(19)

λk+2[a0, b0, a1, b1, a2, b2, a3, b3] =

∣∣∣∣∆
(

k + 2

)∣∣∣∣
2

(20)

λk+2+τ [a0, b0, a1, b1, a2, b2, a3, b3] =

∣∣∣∣∆
(

k + 2 + τ

)∣∣∣∣
2

(21)



λk+ 5
2
[a0, b0, b1, a2, b2, a3, b3] =

∣∣∣∣∆
(

k +
5

2

)∣∣∣∣
2

(22)

λk+ 5
2
+τ [b0, b1, a2, b2, a3, b3, a4] =

∣∣∣∣∆
(

k +
5

2
+ τ

)∣∣∣∣
2

(23)

λk+3[b0, a2, b2, a3, b3, a4, a5] =

∣∣∣∣∆
(

k + 3

)∣∣∣∣
2

. (24)

The arguments ofλn[·] are the bits that define the states for each stage. The number of states in

the trellis is either 128 or 256, depending on the number of bits that contribute to the sample under

consideration in each stage. The output bits[â(k), b̂(k), â(k +1), b̂(k +1)] are those that minimize

the expression

Γ = λk+1+τ + λk+ 3
2

+ λk+ 3
2
+τ + λk+2 +

λk+2+τ + λk+ 5
2
λk+ 5

2
+τ + λk+3 + +πk (25)

whereπk is the partial path metric up through the stage at time(k + 1)Ts and is given by

πk =
2k+2∑
i=0

λ i
2

+ λ i
2
+τ . (26)

The samplex((k + 3)Ts) is the last sample which contains a contribution from any of the bits in

the block[a(k), b(k), a(k + 1), b(k + 1)]. Once this sample has been processed, a decision on that

block of bits can be made. After the stage att = (k+3)Ts, the state with the minimum path metric

is found. That state is then traced back to the stage att = (k + 1)Ts. The state at that stage which

leads to the minimum metric state at the later stage gives the values for the output bits.

RESULTS

The trellis described in the previous section was implemented and its performance was evaluated

using Monte Carlo simulations. The detection filter used for the simulations presented here was a

half sine filter. In addition, it was assumed that the timing and carrier offset as well as the complex

channel gains are known, and the channel varies slowly enough that it can be approximated as

being constant over several symbol times. The channel gainsh0 andh1 satisfy

|h0|2 + |h1|2 = 1. (27)

The detection filtering was performed at a sample rate of 10 samples per symbol.

Fig. 1 shows the performance obtained using the algorithm described in the previous section. As

can be seen, when the differential delay is negligible, the detection algorithm provides perfor-

mance comparable to the theoretical performance of OQPSK. This shows that space-time encoded
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Figure 1: Bit Error rate as a function ofEb/N0.

SOQPSK can be successfully detected. Fig. 1 also shows that the presence of a differential de-

lay results in a degradation in detection performance. The cause of this degradation is a topic of

continuing research. The absence of a floor in the BER curves for the MIMO SOQPSK detector

indicates that the space-time code is successful at eliminating the data dropouts that occur when

no STC is used.

CONCLUSION

An algorithm for detecting SOQPSK signals that employ the Alamouti 2x1 STC has been pre-

sented. The Viterbi algorithm is used to determine the LS estimate of the transmitted symbol

sequence. The performance of this algorithm is also presented. It can be seen that this signaling

method is successful in avoiding the data dropouts that can plague aeronautical telemetry channels

when multiple transmit antenna are placed on the test vehicle.
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ABSTRACT 
 

There are a number of telemetry applications where it would be helpful to have networks of 
sensors that could autonomously discover their connectivity, and dynamically reconfigure 
themselves during use.  A number of research groups have developed wireless ad-hoc sensor 
network systems.  This paper reviews the state-of-the-art in wireless ad-hoc networks, examining 
the features, assumptions, limitations and unique attributes of some of the more popular solutions 
to this problem. 
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INTRODUCTION 
 
A wireless ad-hoc sensor network must be able to take in sensor data, perform signal 
conditioning and data reduction, and propagate the measurements through a multi-hop wireless 
network until it reaches its final destination.  There are many different ways to use wireless 
sensor networks.  They allow interdisciplinary exploration of wildlife and natural environments 
that were never achievable without intrusion before.   Because they are portable, they can be 
used to monitor tests such as seismic activity in a building without a large expense.  They also 
can be used to monitor changing conditions in tight areas such as planes.  All of these are 
possible because the sensor devices, the nodes (commonly referred as motes), are small and they 
do not require routing power and data lines long distances or through objects.    
 
With the advent of less expensive hardware, wireless ad-hoc sensor networks have grown in 
popularity.  Unfortunately, the technology is still in the early stages of development as a whole.  
There is not a fully complete wireless network solution that meets all requirements of different 
uses.  Instead, there are many groups working on implementing network designs based off of 
many different hardware and software systems.  Some are designed for a specific need; others 
are working towards a general implementation.  Some of these groups have a mature amount of 
research and progress towards their set goals, while others have yet to reach even a small portion 
of their goals. 
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This paper compares wireless sensor research of several of the leading research groups.  It 
examines: what each group has done and where they are in developing their final product, what 
features the have been implemented into the sensors, what the limitations of the project include, 
and some unique features that the group added. 
 

TinyOS 
 
TinyOS (TOS) is an open source operating system for wireless sensor networks designed at the 
University of California, Berkeley [1]. There is a comprehensive website [1] with links to the 
latest TOS release, tutorials, support, FAQs, related work, and hardware designs. Of all of the 
wireless ad-hoc sensor networks currently being developed, TOS appears to be the most mature. 
At the time this paper was written, the latest release (1.1.6), dated 5/17/2004, was available for 
download on the website. TOS has many features, some unique, that contribute to its popularity 
and continued growth. It also has some design and functionality limitations that need to be 
considered when choosing a sensor network to develop and/or implement. The mature 
developmental state of TOS is another aspect that is surely adding to its growing popularity.  

 
The TOS system is a wireless ad-hoc network operating system rich in features and unique 
attributes. It was written in a C-based, event driven, language designed specifically for embedded 
systems called NesC [2]. Although NesC is modeled on the C programming language, it is not 
identical to C, and has a bit of a learning curve. All NesC applications are built around 
components and their interfaces. These components are bidirectional and give TOS its modular 
design of reusable components. These systems can handle real-time tasks by using two types of 
functions, high priority event handlers and low priority task execution functions. The lower 
priority tasks are posted to a queue and executed until the queue is empty or a hardware interrupt 
is received. When a hardware interrupt occurs, it preempts the tasks currently in the queue. After 
the hardware interrupt is processed the tasks are resumed and processed until the queue is empty. 
Once the queue is empty TOS goes into a sleep state until the next hardware event or task 
execution is received.  

 
Power management and conservation capabilities are an integral part of TOS. Power 
management is achieved through the interaction of three key elements [3]: stopping services and 
placing hardware controlled by components into a low power state, a power management 
component placing the processor in the lowest power mode compatible with the current 
hardware state, and the ability of the TOS timer to function even in the lowest power 
consumption mode. Using these three elements with the help of coordination of database 
software called TinyDB [4], TOS is able to support deployments of months at a time by 
coordinating dynamically scheduled periods of time in which the mote “wakes up”, samples 
sensor data, transmits the data to other motes, and then goes back into a low power consumption 
mode. 

 
TOS is rooted in a single hop communication protocol called active messaging [5] which enables 
the mote to send and receive single-hop broadcast messages and unicast messages. As the TOS 
hardware platform has evolved, so has the protocol stack containing active messaging. Another 
evolution, thanks to the contributions from the large community of TOS users, has been the 
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inclusion of multi-hop routing. There are fully developed applications for TOS that contain 
various implementations of multi-hop routing algorithms. 

 
Many different hardware platforms currently support TOS. Table 1 lists some of the different 
platforms and their release date. Data transmission in the older platforms (WeC, Rene, and dot) 
is limited to 10 kbps but changes in the protocol stack and radio transceiver has increased the 
transmission rate the approximately 40 kbps. Most of the TOS platforms have hardware 
schematics available for download on the website but fully functional commercial products are 
currently available for purchasing. Crossbow Inc. [6] has released the MICA, MICA2, and 
MICA2DOT platforms for TOS and also offers TOS on a platform developed by Intel called 
Stargate, which is compatible with the MICA2 platform. Recently, a new IEEE 802.15.4 
compliant radio called TELOS was released by the Moteiv corp. TELOS has increased the data 
transmission rate to 250 kbps and also employs a USB PC to mote interface as opposed to a 
serial interface. On the WeC, Rene, dot, MICA, MICA2, and MICA2DOT platforms, TOS 
applications are downloaded from a PC onto a mote via a serial link. 

 
Platform WeC Rene Dot MICA MICA2 MICA2DOT 
Release Date 1999 2000 2001 2002 2003 2003 

Table 1.  Hardware Platforms which support TOS 
 

A large community of users has adopted TOS, leading to a large pool of projects which 
demonstrates its capabilities. These projects have necessitated advancements in the features of 
TOS, such as power consumption and routing. The Great Duck Island project [7] was a habitat 
monitoring study in which motes were deployed on an uninhabited island off the coast of Maine, 
and environmental conditions monitored over periods of months at a time. A shooter localization 
project [8] performed at Vanderbilt University used a network of TOS motes to measure the 
muzzle blast and acoustical shockwave of a firearm to successfully determine the location of the 
firearm and direction of the projectile being fired. Many more projects and research involving 
TOS can be found at the TOS website. 

 
Working with, and developing, TOS can be enhanced with the use of other software and 
applications. Interaction with the motes can be accomplished using Matlab, a tutorial of which is 
located on the TOS website. TOSSIM [9] is a simulation application included in the standard 
release of TOS that allows networks of thousands of nodes to be simulated. TOSSIM can also be 
run with TinyViz, a customizable graphical interface allowing interaction with running 
simulations. Data collection and organization can also be enhanced using TinyDB[4]. TinyDB 
has an SQL like interface aiding in the collection, processing, and routing of collected data 
without having to write embedded C code. 
 
TOS appears to be the most complete package when looking at the current state of wireless 
sensor network development. The website provides developers a large source of resources from 
development to debugging. The option of purchasing commercial hardware to implement TOS 
with makes it a “plug and play” wireless sensor network that can be operational in a short period 
of time. 
 

MANTIS 
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While TinyOS has the largest development, there are many other groups working towards the 
same goals.  One of those groups is the University of Colorado-Boulder Computer Science 
department.  They have developed MultimodAl system for NeTwork of In-situ wireless Sensors 
(MANTIS).  MANTIS [10] tries to cater to both beginners and experts in wireless networking by 
having a small learning curve and providing many advanced features. 
 
MANTIS has many features that making it an excellent project for working with wireless 
sensors.  The software uses the standard C language to program the notes.  This makes the 
learning curve very small for designing new applications.  The operating system, MANTIS 
Operating System (MOS) is multithreaded which allows applications to be much more complex.  
It also supports three different hardware platforms: the MICA2, Linux, and the groups own 
custom hardware, the MANTIS Nymph.  By supporting Linux, emulation of nodes is simple and 
even can be networked to physical nodes.  To aid in developing, MOS has a remote shell that can 
log into the nodes and debug them.  The major advantage of using the Nymph nodes over the 
Mica2s is the ability to have a Global Positioning System (GPS) receiver on the node. 
 
Even without the large number of developers that like TinyOS has, the project has progressed 
rapidly in the year since the first release of MOS.  Colorado-Boulder group members have 
developed four versions of the software and working on adding many new features.  Currently, 
they are working on the ability to dynamically reprogram the nodes over the wireless network.  
While there are reliability and security issues with reprogramming over the network, it is a large 
step forward in sensor networks.  Members are also looking into ways to reduce power usage.  
As of yet, there is no low power operation, a large disadvantage.  MANTIS uses custom protocol 
called Very Lightweight Mobile Multicast (VLM2) as the say foundation for communication.  It 
has advanced features like a security layer that can block intrusions.   
 
 

SCADDS 
 
The Scalable Coordination Architectures for Deeply Distributed Systems (SCADDS) Project at 
the University of Southern California was setup to research wireless sensor networks [11].  Their 
research includes such topics as: mote radio communication stacks, time synchronization, and 
medium access control for wireless sensor networks (S-MAC).  While the SCADDS group 
designed their own test bed hardware, they have focused on the TinyOS hardware platform.   
 
The S-MAC project is of particular interest to wireless sensor networks.  S-MAC is designed to 
save power by:  implementing node sleeping at set times, making the radio sleeping when other 
nodes transmit, and message passing for applications that require data to be moved through the 
network.  S-MAC also handles long messages efficiently.  These techniques result in as much as 
1/6 the power requirements of an 802.11 like MAC.  Unfortunately, there is higher latency and 
every node may not have a fair chance to send information.  S-MAC has been implemented into 
TinyOS as a separate communications stack starting with TinyOS version 1.1.0. 
 
Based off of their website, it appears that the SCADDS group is no longer actively pursuing any 
research researching SCADDS technology.  The projects have been left in various stages of 
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development.  Some papers are available describing the work and several projects have code 
available to the public. 
 
 

µAMPS 
 
One of the goals in wireless sensor networks is to make the sensor devises as little obtrusive as 
possible.  To make sensors smaller the battery size must be reduced.  The Massachusetts Institute 
of Technology µAMPS project group [12] is working on developing sensors that can make their 
own power using the sensor’s environment, thus eliminating the need for batteries altogether and 
making the sensor much smaller. 
 
MIT µAMPS has a working commercial off-the-shelf (COTS) node called the µAMPS-1.  The 
design was designed with using as little power as possible.  Most of the hardware components 
can be turned off or put in a low power state.  The software was also designed to be energy 
conscience.  The use of a multihop routing algorithm helps reduce reduces the radio transmission 
power. 
 
The team is currently working on developing a second generation µAMPS that would take the 
digital part of µAMPS-1 and place it into an FPGA.  This would be a midway step to the final 
goal of putting the µAMPS into two ASIC chips.  The chips would use MEMS technology so 
that it could generate its own power and contain all the digital and radio components in a very 
small package. 
 
The µAMPS project has a few drawbacks.  There is no available hardware or software for others 
to use, as the MIT group is working alone.  Placing everything on one chip has some design 
issues.  Fabricating a new design is expensive, so any change in the sensor would be expensive.  
If the current design is not the final tested version, it is unclear from the µAMPS website how 
they plan on dealing with upgrades and changes.  
 

 
Sensor Web 

 
NASA’s Jet Propulsion Laboratory (JPL) has also done research into wireless sensor networks.  
Their implantation is called Sensor Webs [13]. Since the start of the project in 1997, JPL has 
tested their Sensor Webs in seven deployments including at Kennedy Space Center and 
Antarctica, all with great success.  The sensors, called sensor pods, can also be linked to an 
online real-time streaming graph that anyone can view from an Internet browser.  This end-to-
end solution allows for sensor data to be easily viewed and compared. 
 
JPL is planning on sending Sensor Webs to other planets.  Because the Sensor Webs have been 
tested in some of the harshest environments on earth, it seems likely that this goal is a good 
possibility.  They are currently focusing developing more applications for the project, as their 
current design is stable and robust [14]. 
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Little technical information is given about the project.  What is known is the sensors support 
multihop routing, use the same 900 MHz ISM band that the MICA2 platform uses, and can 
handle many different types of sensors such as humidity, gas, and light levels [15].  None of the 
hardware or software is available for others and nothing technical is given about the software in 
the sensor pods or the computer software that generates the streaming graphs.   
 

 
ZebraNet 

 
Researchers at Princeton University have built wireless sensor nodes that help study the behavior 
of wild zebras in Kenyan wildlife reserve [16].  Their custom design uses a GPS on the wireless 
sensor to record each zebra’s location.  This data is then logged and shared with other nodes 
when they are in range.  To retrieve data from many of the zebras, a person takes a mobile base 
station in range of one of the zebras.  This project is an excellent example of how ad-hoc 
networking can be used. 

 
There are many challenges that the group had to solve before having a working prototype.  First, 
power consumption was a major concern.  Princeton’s custom operating system, Impala, was 
created with power needs in mind.  When battery life is low, it adapts so that primary functions 
can continue, but at a slower rate.  Instead of listen to the radio at all times, Impala uses periodic 
node discovery so that power can be saved. 

 
While the project support advanced features such as dynamic software updates, and large flash 
memory storage, Princeton is the only developer.  They have described their hardware and 
software well, but unfortunately have not made them available [17, 18].  In the future they plan 
on adapting the design to monitor other animal’s behavior such as the Hyena.  In order to do this 
successfully, the nodes must be reduced in size from its current 2.5 pounds.  They would also 
like to add more sensors that would allow researchers to determine when animals are eating and 
drinking [19]. 
 
 

Other Projects 
 
PicoRadio [20] is a technology researched at the Berkeley Wireless Research Center at UC 
Berkeley.  The goal of PicoRadio was to create low cost ( less than $0.05), low energy, and low 
power consumption transceivers by making the networks self-configurable, by using a system-
on-chip (SOC) design, and by balancing trade offs between communication and computation. 
According to the website, as of June 2002 two of the three phases of work had been completed. 
The first phase was designing a PicoRadio test bed in order to test and analyze factors involved 
(protocol design, wireless communication, …) in designing a PicoNode. The second phase 
consisted of integrating a PicoNode onto two chips, designing a tool chain for project 
development, and exploration of alternative designs of wireless sensor nodes. 

 
The Smart-Its Project [21], collaboration of Lancaster University, ETH Zurich, University of 
Karlsruhe, Interactive Institute  in Sweden and VTT Electronics in Finland, intended to place 
sensors in common household items and have them interact using wireless communication. They 
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were successfully able to build two types of prototypes: a Bluetooth device and a RFM radio 
transceiver device.  They also performed research with RFID tags.  Research on the project 
appears to have stopped as their website has not been updated in the past three years. 

The Center for Embedded Network Sensing (CENS) at UCLA [22] is currently working on a 
large variety of implementations of sensor related projects although not all of them are wireless 
ad-hoc related. Some of the areas of research include habitat sensing, seismic monitoring and 
structural response, and contaminant transport monitoring. An interesting project to note is one 
involving acquisition of seismic data in a building at UCLA damaged during a 1994 earthquake. 
The sensor network consists of 10 Crossbow MICA2 motes. According to the CENS website 
they were successfully able to acquire, with 100 percent reliability, 20 seconds of forced 
vibration data in 5 minutes. More information on the various research projects underway can be 
found at the CENS website. 

The Center for Multimedia Communications at Rice University has developed sensors called 
Generalized Network of Miniature Environmental Sensors (GNOMES) [23].  The some of the 
notable goals are deployment for collecting environmental and meteorological data. They have 
prototype hardware and source code available for download off of the Internet, but offer no 
information about GNOMES networking protocols or operating system. 

The Energy Efficient Sensor Networks (EYES) [24] project is a 3 year European project 
beginning in 2002 and ending in 2005. The focus of the project is the design, implementation, 
and testing of a whole new communications technology and networking and service guidelines. 
These guidelines are to be tailored to the unique requirements of wireless sensor networks. The 
EYES website contains documentation of the project plans and theory behind sensor networks, 
but has no implementation as of yet. 

 
There are also commercial organizations creating wireless ad-hoc sensor networks. Crossbow, as 
mentioned earlier, bundles motes with the TinyOS operating system. Companies such as Dust 
Networks [25], who also has roots based out of UC Berkeley, and Sensoria [26] also offer an end 
product available for purchase. As new applications for wireless ad-hoc sensor are discovered, 
undoubtedly the list of companies offering commercial wireless sensors will grow. 

 
 

CONCLUSION 
 
As wireless ad-hoc sensor networks become more popular, the need for practical solutions 
becomes more important.  While the popularity of this topic is evident from the numbers of 
projects that exist, there exist only a few groups that have successfully demonstrated functioning 
networks. TinyOS appears to be leading the way with its large user base of both individuals and 
commercial entities pushing development forward with new hardware and software tools.  
Projects such as MANTIS are contributing to the development of the technology by making a 
much more user friendly C based implementation.  All of the projects encountered generally 
focus on the similar goals of efficiency in terms of network function, power consumption, and 
small size.  As these and other project mature, new ideas and applications for ad-hoc wireless 
sensor networks materialize so will the number of successful implementations of functioning 
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networks. These networks promise to help us learn more about our world in ways that were 
impossible just a few years ago.  
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Abstract 
 
Exclusive and globally allocated radio 
spectrum is essential for safe and efficient 
air travel.  This paper will focus on the 
impact of changes in both U.S. and 
international radio spectrum policy, describe 
the issues these changes have raised for 
the aeronautical community, and examine a 
few proposed solutions. 
 
First, the paper will put the Federal Aviation 
Administration in the context of the test and 
evaluation community.  Common frequency 
usage will be examined and the major 
interactions between the Federal Aviation 
Administration, Department of Defense, and 
commercial sector test and evaluation 
activities. 
 
The paper will provide a review of several 
U.S. spectrum policies from the early-to-mid 
90’s which set the stage for the current 
domestic spectrum policy debates.  For 
example, spectrum auctioning was formally 
established in the Omnibus Budget 
Reconciliation Act of 1993 and further 
expanded in the Balanced Budget Act of 
1997.  Both of these Acts directed the 
transfer of radio spectrum that was allocated 
solely for Federal Government use to the 
private sector.  These reallocations also set 
the stage for more recent domestic 
spectrum policy debates, such as that over 
ultrawideband devices, broadband service 
over powerline carrier, third generation 
wireless, and other new technologies that 
claim the ability to “share” radio spectrum 
with other existing users. 
 
The paper will also review international 
spectrum policy changes that were made 
within the International Telecommunication 
Union and their impact on aeronautical radio  
spectrum.  These include reallocation of 
aeronautical radio spectrum for uses such 
as wireless local area networks and fixed 
satellite links. 
 

 
Yet another cause of reduction in the 
amount of aeronautical radio spectrum will 
be reviewed…that is, the increase in 
aeronautical requirements with no attendant 
increase in the overall aeronautical radio 
spectrum available.  These increasing 
requirements include such critical spectrum 
needs as Global Navigation Satellite System 
modernization, growing applications which 
use very high frequency (VHF) air/ground 
radio spectrum, new automatic dependent 
surveillance-broadcast services, increased 
aeronautical telemetry needs, and use of 
unmanned aerial vehicles in the national 
airspace.  This growth has resulted in 
increasing spectrum congestion in bands 
that support critical safety services for 
international civil aviation. 
 
Finally, the paper will consider potential 
solutions to the shortage of aeronautical 
radio spectrum.  These solutions include use 
of new advanced technologies, “splitting” the 
current channelization, and changes in radio 
regulations and frequency engineering 
criteria.  Examples of what the Federal 
Aviation Administration is doing to 
implement these solutions will also be briefly 
addressed.  
 
Overview 
 
The United States, like many other 
countries, has “discovered” something that 
radio spectrum engineers have known for 
quite some time.  That is, that the radio 
spectrum is a scarce commodity; that the 
radio spectrum is valuable; and that there is 
not any more of it being made.  As in any 
economic system where the law of supply 
and demand holds, this allows the radio 
spectrum to be considered a resource, just 
like oil or minerals, and demands that it be 
used for the public welfare.  While countries 
have reacted to this issue differently, the 
United States provides one model for how to 
utilize the radio spectrum, and has lead to a 
true “battle of the frequency bands”. 
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It is interesting to review why the U.S. 
Federal Aviation Administration cares about 
this highly contentious radio spectrum 
debate; some of the history on how the 
United States got where it is today; and why 
it is so important to work within the 
international community – especially within 
the international civil aviation community – 
to ensure that the future needs of test and 
evaluation spectrum requirements in 
general, and civil aviation spectrum 
requirements in particular, are satisfied.  We 
have many common interests.   
 
Federal Aviation Administration’s Interest in 
the Radio Spectrum 
 
In the United States, the Federal Aviation 
Administration is the second largest Federal 
Government user of radio spectrum…after 
the Department of Defense…therefore, we 
are a major stakeholder in the spectrum 
policy debate.  This shouldn’t be a surprise, 
because civil aviation provides tremendous 
social, cultural, and economic benefits to the 
country.  For example, one study (Ref 1, 
page 6) concluded that civil aviation has 
over a $900 billion impact on the United 
States economy in 2000. 
 
It’s also clear that civil aviation cannot do its 
job without liberal access to the radio 
spectrum.  Understanding this, the 
International Telecommunication Union over 
the years has provided aviation with 
exclusive and global radio spectrum 
allocations so that we can provide 
communications, navigation, and 
surveillance services to our user community.  
I cannot over-emphasize the importance of 
two words here…”exclusive” and “global”.  It 
is very difficult to share radio frequencies 
between civil aviation users…who require 
high degrees of integrity and reliability to 
meet stringent requirements…and non-
aviation users.  There are many reasons for 
that.  First, equipment built to such stringent 
requirements is expensive and there are few 
other users who want the expense or strict 
standards development activities that are 
integral elements of developing new civil 
aviation systems.  Second, the mobile 
nature of aviation requires that aeronautical 
spectrum be available for use anywhere an 
airplane might fly.  Allowing other users 
access to the aeronautical radio spectrum 

would limit aviation users.  Finally, civil 
aviation is global.  An aircraft taking off from 
Washington Dulles airport on a flight to 
Dakar, Senegal, cannot afford to carry two 
different communications systems for use at 
each airport.  That’s why the International 
Civil Aviation Organization plays such a 
central role in providing global 
interoperability for the aviation community. 
 
It goes without saying that civil aviation must 
keep close ties with many others in the 
aviation community also.  In the United 
States, about 15% of the air traffic is military 
and we consider it to be one of our most 
important users.  In fact, in time of war, the 
Federal Aviation Administration becomes 
part of the Department of Defense.  It is 
essential that the military be allowed to train 
and exercise to keep their combat skills 
honed.  The Federal Aviation Administration 
plays a key role in making this happen.  For 
example, under Steve Zaidman’s leadership, 
the Air Traffic Control Spectrum Engineering 
Services Office is the focal point for military 
electronic jamming exercises including those 
which impact the Global Positioning System.  
Although the Federal Aviation Administration 
must often restrict such training to certain 
times of the day and sometimes limit their 
duration, we are proud to have a 100% 
success record in allowing such military 
training to proceed.  The Federal Aviation 
Administration has a long history of doing 
whatever it takes to make sure our military 
forces are able to “train like they fight” as 
they sharpen their combat effectiveness. 
 
Civil aviation also requires close ties to the 
test and evaluation community.  New civil 
aviation systems are necessarily tested 
using the same frequencies they would use 
in actual operation.  Therefore, in the case 
of development of new aeronautical 
systems, the Federal Aviation Administration 
plays a key role in providing radio spectrum 
in which to perform this testing and 
evaluation…and in some cases, is itself the 
test and evaluation agency. 
 
In the United States, we are also closely 
aligned with the Aeronautical Flight Test 
Radio Coordinating Council that advocates  
and manages aeronautical flight test radio 
spectrum in the United States.  While in the 
past, the Federal Aviation Administration 
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has mainly served as simply an advocate for 
aeronautical telemetry spectrum, several 
recent decisions have demanded that we 
get more involved. Just one area which 
provides an opportunity for mutual support 
and cooperative efforts between civil 
aviation and the test and evaluation 
communities are two agenda items for the 
2007 World Radiocommunication 
Conference.  One of these agenda items will 
review the need for additional aeronautical 
telemetry radio spectrum and the other will 
study the future requirements for the 
aeronautical mobile communications safety 
services. 
 
Spectrum Policy Decisions 
 
If you had to point to one event that began 
the spectrum policy debate in the United 
States, it would probably be the Omnibus 
Budget Reconciliation Act of 1993 (Ref 2).  
You may remember what was happening in 
the United States at that time.  There were 
large Federal budget deficits requiring 
significant cuts in Federal Government 
programs, while initiatives were being 
proposed to raise tax revenues in new ways.  
One proposal that offered an innovative 
revenue source was the auctioning of radio 
spectrum.  The Omnibus Budget 
Reconciliation Act of 1993 was 
Congressional direction for the Federal 
Government to identify at least 200 MHz of 
Federal Government radio spectrum and 
transfer it to the private sector.  This 
legislation was to, “benefit the public by 
promoting the development of new 
telecommunications technologies, products, 
and services that use the spectrum” (Ref 2, 
Executive Summary).  But first, a little 
background… 
 
In the United States, we have two radio 
regulatory authorities and each of these has 
their own version of the radio spectrum 
allocation table. The Federal 
Communications Commission is responsible 
for addressing the radio spectrum 
requirements of the private sector while the 
Department of Commerce’s National 
Telecommunications and Information 
Administration is responsible for 
administering the Federal Government use 
of radio spectrum, although the National 
Telecommunications and Information 

Administration does have some 
responsibilities towards the private sector 
also. 
 
Both the Federal Communications 
Commission and the National 
Telecommunications and Information 
Administration have their own allocation 
tables.  These two allocation tables are very 
similar because most radio spectrum is 
shared between the private sector and 
Federal Government.  It was from the small 
percentage that is allocated solely for 
Federal Government use that the Federal 
Government had to find the 200 MHz to 
transfer to the private sector. 
 
The Federal Aviation Administration faired 
reasonably well in this legislative debate.  
Federal Aviation Administration arguments 
that spectrum supporting safety-related 
services and that spectrum identified for 
global civil aviation (often subject to 
international treaty agreements) should be 
exempted from transfer were largely 
accepted.  The Federal Aviation 
Administration did, however, spend 
approximately $30 million; modifying radars 
and changing frequencies on radio 
communications links; to transfer this non-
safety spectrum to the private sector (Ref 3).  
The aeronautical telemetry bands, especially 
for military telemetry, were reduced both by 
the Omnibus Budget Reconciliation Act of 
1993 and the subsequent Balanced Budget 
Act of 1997, which directed that an 
additional 20 MHz of Federal Government 
radio spectrum and 100 MHz of private 
sector spectrum be identified for auctioning 
(Ref 4).  Spectrum auctioning receipts were, 
“estimated netting $36.1 billion over a 5 year 
period” (Ref 4, page 1-1).  This legislation 
also addressed reimbursement of relocation 
costs by the private sector to Federal 
Government users who were affected. 
 
But the real impact of this legislation was to 
develop a framework for auctioning radio 
spectrum to the highest bidder and to create 
an environment wherein existing users may 
be vulnerable to radio frequency 
interference from new technologies, 
because of increased “sharing” of the radio 
spectrum.  In recent years, this has lead to 
increased sharing of radio spectrum with 
initiatives such as broadband carrier over 
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powerline, approval of ultrawideband 
technology, and other largely consumer-
oriented and unlicensed use of the radio 
spectrum.  Along with this, an atmosphere 
has developed where the burden of proof 
has shifted from the new user proving 
compatibility with existing spectrum usage; 
to a requirement of current users having to 
demonstrate that the new user will cause 
harmful interference. 
 
International Spectrum Policy 
 
At the international level, mostly by changes 
in the table of global spectrum allocations by 
the International Telecommunication Union, 
both international civil aviation and 
aeronautical telemetry spectrum have been 
lost or forced into additional sharing 
arrangements with other users.  For 
example, at the 1997 World 
Radiocommunication Conference, the 
aeronautical radionavigation allocation from 
5150-5250 MHz was proposed (and later 
adopted) for use by the fixed satellite 
service.  At a later Conference, mobile 
services were added to this allocation to 
support wireless local area networks.  These 
additional sharing arrangements have 
resulted in this former aeronautical radio 
spectrum not being suitable to support future 
aeronautical safety services.  A similar fate 
likely awaits the aeronautical radionavigation 
spectrum from 5090-5150 MHz if civil 
aviation doesn’t make use of this band soon.  
In recent years, civil aviation has  also lost 
exclusive use of radio spectrum that had 
been reserved for aeronautical satellite 
safety communications and has accepted 
increased sharing of its radar frequency 
bands. 
 
Due to the explosion of new 
telecommunications technologies, many 
proposed new services must be 
accommodated in radio spectrum that is 
already used, in some cases heavily used.  
Because of this, there are a variety of new 
technologies that claim that they can 
operate in the same frequency bands as 
existing systems, but without interfering with 
these existing services.  At least one of 
these technologies, called ultrawideband 
technology, in some cases operates across 
wide swaths of radio spectrum.  This results 
in low power unlicensed devices being 

allowed to use radio spectrum that was 
formerly designated as “restricted” from 
extraneous transmissions.  Many of these 
restricted bands are used for aeronautical 
safety communications, navigation, and 
surveillance systems. 
 
In general, civil aviation has been a solid 
supporter of new technologies…in many 
cases adapting them for civil aviation 
applications.  However, many of these new 
technologies are primarily directed at the 
consumer market with the attendant lack of 
operating standards and emphasizing a 
focus on low cost. 
 
Reduction in Spectrum Capacity 
 
Actual loss of radio spectrum and 
“encroachment” of consumer devices to 
radio spectrum are not the only threats, 
however.  Spectrum capacity can also be 
lost because of increased spectrum usage.  
This situation is especially insidious for civil 
aviation because it is increasingly difficult to 
expect to obtain additional global, exclusive 
allocations for any radio service.  That 
forces civil aviation to become increasingly 
spectrum efficient so that we can continue to 
operate within our existing allocations…even 
as growth in air traffic continues unabated. 
 
There are many examples of this situation.  
The 108-118 MHz aeronautical 
radionavigation band supports several civil 
aviation systems, including very high 
frequency (VHF) omniranges and instrument 
landing systems.  New systems being 
implemented in this band include ground 
based augmentation systems to supplement 
the Global Navigation Satellite System as 
well as next-generation aeronautical 
surveillance systems.  There are many 
issues with the 108-118 MHz band, 
however, not the least of which is its 
proximity to high power FM broadcast 
stations (from 88-108 MHz) that can 
interfere with sensitive instrument landing 
systems and VHF omnirange equipment 
onboard aircraft in critical phases of flight.  
In the 1970s, the civil aviation community 
forecast that there were insufficient 
instrument landing system channels to 
satisfy future demand.  Based on this 
forecast shortage, the microwave landing 
system was developed and plans were 
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prepared to decommission instrument 
landing systems and implement microwave 
landing systems.  For a variety of reasons, 
microwave landing system implementation 
has been largely abandoned in favor of the 
Global Navigation Satellite System in the 
United States.  In the meantime, instrument 
landing systems continue to be installed and 
more-and-more restrictions on these 
installations are required to allow them to 
operate compatibly.  In some geographic 
areas, there are very few, if any, 
opportunities for frequency support of new 
instrument landing systems. 
 
Another band that suffers from congested 
spectrum capacity is the 118-137 MHz band 
used for air-to-ground air traffic control 
communications.  Over the years, civil 
aviation has achieved greater and greater 
spectrum efficiency in this band by adding 
spectrum to the band (the last being in 1990 
when the band was extended from 118-136 
to 118-137 MHz) and by implementing 
closer channel spacing.  The latest action to 
increase spectrum efficiency was the result 
of decisions made at the 1995 International 
Civil Aviation Organization 
Communications/Operational Divisional 
Meeting.  At this meeting, there were two 
options selected.  First was a reduction in 
channel spacing from 25 kHz to 8.33 kHz, 
theoretically yielding a three-fold increase in 
capacity.  The other option selected was 
implementation of a new digital system 
based on time division multiple access 
technology.  The civil aviation community 
has already begun work on the next-plus-
one generation of air traffic control 
communications systems. 
 
There are other examples of reduction in 
spectrum capacity due to increased usage.  
Radar bands are becoming increasingly 
congested, and airport fixed links supporting 
low level windshear systems and remote 
maintenance monitoring require increasing 
bandwidths of spectrum.  More-and-more, it 
is becoming difficult to increase the 
efficiency of airspace because of lack of 
adequate radio spectrum to support 
optimum plans for airspace re-design. 
 
 
 
 

The Way Forward 
 
There are many potential solutions to the 
dearth of radio spectrum to support 
aeronautical and information technology 
future requirements.  Each of these need to 
be individually analyzed before they are 
implemented to determine their feasibility, 
economic viability, and efficiency in meeting 
future needs.  We will now examine a few of 
these potential solutions. 
 
First, is to develop and implement more 
spectrum efficient technologies.  From a 
practical standpoint, this is usually the most 
inviting of the alternatives.  The downside is 
that a favorable cost-to-benefit argument 
must be developed.  With the cost of 
research and development of new 
technologies being very high, and oftentimes 
these technologies are application specific 
and don’t have the benefit of large market 
share, it is often difficult to justify a favorable 
cost-to-benefit ratio.  Also, in the civil 
aviation community in particular, new 
technologies usually involve considerable 
expense because of the need to certify 
compatibility of the new system onboard the 
aircraft.  These, and many other factors, 
often lead to evolutionary new technologies 
in civil aviation rather than revolutionary new 
technologies. 
 
Second, is “splitting the bandwidth” of the 
channels used for various applications. This 
has successfully been done to increase 
capacity of instrument landing systems and 
air-to-ground air traffic control 
communications radios over the years.  For 
example, instrument landing systems have 
evolved from 100 kHz channels to the 
current 50 kHz channels.  Air traffic control 
communications radio spectrum has 
undergone a four-fold increase in capacity 
as it has evolved from 100 kHz channels, 
then to 50 kHz channels, and then to the 
current 25 kHz channels (NOTE: in core 
Europe, this increase has been 12-fold due 
to their implementation of 8.33 kHz channels 
due to severe air traffic control 
communications spectrum congestion in 
Europe).  While such “bandwidth splitting” is 
often a tempting method of solving spectrum 
shortage issues, it has the disadvantage of 
using the identical existing, often outmoded, 
technology and offers no new benefits which 
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come from transition to a more modern 
technology.   
 
Another method of addressing lack of 
sufficient radio spectrum is to design 
systems to allow “dual usage” of the 
spectrum.  In civil aviation, this has been 
done several times in recent years.  For 
example, in the late 1990’s, international 
civil aviation identified a need for a second 
signal on the Global Navigation Satellite 
System that would be suitable for 
aeronautical safety use.  Because there was 
little hope of identifying new spectrum for 
this proposed service, it was decided to 
design the Global Navigation Satellite 
System signal to operate in the 1164-1215 
MHz portion of the 960-1215 MHz band, 
which is currently used by critical 
aeronautical safety systems such as 
distance measuring equipment, the air traffic 
control radar beacon system, and Mode S.  
An extensive study was undertaken to 
determine what technical characteristics 
such a new Global Navigation Satellite 
System signal would have.  The results were 
a design that will allow the new planned 
Global Navigation Satellite System signal to 
operate without interference to these current 
systems.  In some congested airspaces 
(notably parts of the United States, core 
Europe, and some areas of Japan) there 
may be a need to re-frequency some of the 
distance measuring equipments to allow the 
new Global Navigation Satellite System 
signal to be used to its fullest capabilities.  If 
such action is needed (and studies are 
currently being done to determine if this will 
be needed), it may be a small price to pay to 
more fully realize international civil aviation’s 
vision of a space-based global navigation 
system. 
 
Another example of civil aviation’s “dual 
usage” of a frequency band is the design of 
the ground based augmentation system 
used to supplement the Global Navigation 
Satellite System for precision landings.  This 
augmentation system was designed to 
operate in the 108-118 MHz band that was 
already used to support the instrument 
landing system.  In many cases, such “dual 
usage” of frequency bands allows use of 
existing antennas onboard the aircraft…an 
important consideration due to the high cost 

of installation of new antennas on existing 
airframes. 
 
Yet another method of making more efficient 
use of existing radio spectrum is to closely 
review frequency engineering criteria, 
perform necessary testing to determine if the 
criteria is too stringent, and then to 
implement new frequency engineering 
criteria, if possible, which allows more 
flexible use of the available radio spectrum.  
This was done by the United States to 
increase the capacity of its air-to-ground air 
traffic control communications system.  The 
international standard for many years had 
been a frequency engineering criteria that 
required that the undesired signal (of a 
same frequency transmission from a 
different location) be at least 20 decibels 
lower than the desired signal.  After 
exhaustive study and human factors 
analysis (i.e., air traffic controllers and pilots 
judging the voice quality of the proposed 
new frequency engineering criteria), the 
United States implemented a new criteria 
that required only 14 decibels difference 
between the desired and undesired signals.  
This action greatly increased the capacity of 
the air traffic control communications band 
and was eventually adopted by the 
international civil aviation community.  The 
Federal Aviation Administration is currently 
analyzing frequency engineering criteria for 
other civil aviation systems, such as 
distance measuring equipment and air traffic 
control radars, to determine if there are 
spectrum efficiencies to be gained by 
modifying criteria for those systems.  All 
these, and other, “tricks of the trade”, are 
being used to increase the capacity and 
make more efficient use of allocated 
aeronautical radio spectrum. 
 
One method of increasing available radio 
spectrum is often overlooked…that is, 
changing radio regulations to increase 
efficiency.  Oftentimes, this alternative is 
considered “too tough to take on”, however,  
it can provide significant capacity 
enhancement at little or no cost.  The 
Federal Aviation Administration took this 
approach when studying the possible 
methods of extending the useful life of the 
radio spectrum, from 118 to 137 MHz, that 
supports the air-to-ground air traffic control 
communications system.  Since 1990, the 
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Federal Aviation Administration had been 
working in the international civil aviation 
community to address the serious issue of 
lack of radio spectrum to support current 
and projected growth of air traffic control 
communications circuits.  In these 
international forums, there has been a 
concerted effort to identify candidate 
technologies for the next generation air 
traffic control communications system, to 
select the best technology to satisfy current 
and future requirements for the system, and 
to work within the International Civil Aviation 
Organization to agree on a design for the 
new system.   
 
Because of the global financial situation of 
the airlines and the high cost of the 
proposed new system, the implementation 
of this next generation system has been put 
on hold in the United States.  This has made 
it imperative that we extend the spectrum life 
of the current 25 kHz amplitude modulated 
system.  Many of the potential solutions 
(referred to as the “25 Initiatives”) involve 
changes to current United States’ radio 
regulations.  For example, many radio 
frequencies in the 118-137 MHz band in the 
United States are set aside for special use.  
Examples of such use include flight test, 
flight inspection, flight service station, and 
other such needs.  While all of these 
requirements are essential to a safe and 
efficient national airspace system, some of 
them are used very little in actual day-to-day 
operations.  For example, there were three 
frequencies set aside for “air carrier 
advisory” use on which there were only 
three stations throughout the United States.  
The Federal Aviation Administration 
believed that these three reserved 
frequencies could be more efficiently used 
for general air traffic control requirements, 
and that spectrum needs for the air carrier 
advisory could be met on other non-
reserved frequencies.  Based on Federal 
Aviation Administration input, the Federal 
Communications Commission changed the 
domestic spectrum policy concerning these 
three frequencies that are now being used 
for critical air traffic control communications 
requirements. 
 
 
 

Conclusions 
 
Radio spectrum is a critical resource; a 
resource that cannot be replenished and 
which is 100% in use today.  
Accommodating a new service or expanding 
an existing service either requires 
displacement of other users; such as was 
done when implementing cellular telephone 
systems; or developing suitable sharing 
arrangements to allow disparate users to 
simultaneously use the spectrum. 
 
The international civil aviation community 
has implemented a variety of innovative 
methods of using its radio spectrum in a 
flexible manner.  These range from “low 
tech” solutions such as “splitting” channels 
into smaller bandwidths, to developing new 
cutting edge technologies to satisfy 
increasing aeronautical requirements.  As 
any of these solutions are implemented, 
they must necessarily meet the stringent 
civil aviation needs of integrity, reliability, 
availability, and accuracy to become 
successful. 
 
Recommendations 
 
Both the international civil aviation and the 
test and evaluation communities should fully 
participate in the development of their 
countries’ positions for the 2007 World 
Radiocommunication Conference.  Special 
emphasis needs to be placed on 
Conference Agenda Items 1.5 and 1.6.  
Conference Agenda Item 1.5 addresses the 
future needs of radio spectrum to support 
aeronautical telemetry and associated 
telecommand.  Conference Agenda Item 1.6 
addresses the future requirements for 
aeronautical safety communications. 
 
The international civil aviation, international 
telemetry, and the international test and 
evaluation communities need to work closely 
together to provide mutually supportive 
positions to appropriate international forums 
which address radio spectrum policy.  Such 
activities include those of the International 
Civil Aviation Organization, the International 
Telecommunication Union, the International 
Consortium for Telemetry Spectrum, the 
International Test and Evaluation 
Association, and others. 
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ABSTRACT 
 

There are many civilian and military applications requiring precise attitude determination. 
Geodetics Inc. has demonstrated high-accuracy GPS attitude solutions using their Epoch-by-
Epoch™ (EBE) technology. EBE technology provides computational algorithms for 
instantaneous differential GPS processing of raw GPS measurement data (pseudorange and 
carrier phase).  One of the most significant advantages of EBE technology over conventional 
GPS Real-Time Kinematic (RTK) algorithms is in its instantaneous initialization and re-
initialization capability.  This capability eliminates re-initialization delays due to losses-of-
lock, such as occur during high-dynamic maneuvers.  This paper provides empirical data that 
was gathered during a test program, sponsored by Eglin Air Force Base, to assess the 
performance in real time of EBE technology as it applies to attitude determination. Using 
simulated data from a high-dynamic (9’g) maneuver, EBE yielded real-time attitude with 
accuracy better than one tenth of a degree (0.038 - 0.083 degrees, one standard deviation), 
utilizing geodetic quality GPS receivers operating in dual- or single-frequency mode with 
antenna separation of 2 meters.  GPS geodetic receivers with only single frequency capability 
yielded attitude with accuracy of between 0.044 - 0.176 degrees after 1.3% - 2.5% of the 
solutions were rejected as data outliers. 

 
 

INTRODUCTION 
 

The Air Force has been funding the Technology Insertion Risk Reduction Program (TIRR) to 
determine the feasibility of new technologies and methodologies for future T&E investment. 
The objective of one TIRR funded project, the Enhanced Time Space Position Information 
(ETSPI) project, is to develop a low cost, miniature, real-time TSPI system to provide accurate 
position, pitch and heading, in real-time, on air-to-ground weapons throughout their entire 
flight envelope on land or water ranges.  
 
As part of the ETSPI effort, the performance of EBE technology as it applies to attitude 
determination was evaluated.  During the program, the EBE software package was tested in 
simulated tests, under dynamics of up to 9g’s.  The results of these tests were then analyzed, 
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focusing on attitude solutions utilizing both dual and single frequency pseudorange and carrier 
phase measurements. 
 
This paper begins with a description of EBE technology, followed by EBE attitude test results 
for a simulated dynamic maneuver utilizing both dual and single frequency measurements, and 
a summary that includes future work. 

 
 

EPOCH-BY-EPOCH™ TECHNOLOGY 
 

Geodetics, Inc. has developed a new class of instantaneous, real-time precise GPS positioning 
and navigation algorithms, referred to as Epoch-by-Epoch™ (EBE) [de Jonge et al., 2000, 
Bock et al., 2003 a,b]. Compared to conventional RTK, integer-cycle phase ambiguities are 
independently estimated for each and every observation epoch. Therefore, complications due to 
cycle-slips, receiver loss of lock, power and communications outages, and constellation 
changes are minimized. There is no need for the initialization period (several seconds to 
several minutes) required by conventional RTK methods.  More importantly there is no need 
for re-initialization immediately following loss-of-lock problems such as reduced satellite 
visibility during an aerial maneuver. 

 
In addition, EBE provides precise positioning estimates over longer reference receiver-to-user 
receiver baselines than conventional RTK. This feature supports testing for long-range 
operations, for example, positioning aircraft landing on a ship at sea (i.e., the reference receiver 
is on the ship).  EBE has been proven utilizing dual frequency receivers and operating at 
distances of up to 50 km from the nearest base station in unaided mode, and up to 250 km in 
aided mode. Aided mode requires reasonable knowledge of a-priori position (meter level) such 
as provided by a coupled inertial measurement unit (IMU). 
 
The EBE algorithms are designed to operate in a network environment and make optimal use 
of all GPS measurement data at each epoch, gracefully degrading the position accuracies when 
some measurement data are not available. Further, the system will make use of IMU data, 
compensating for outages when sight to the satellites is blocked. This results in a robust and 
more reliable system. 
 
Precise GPS positioning data provided by EBE is also used to provide platform attitude data. 
This can be accomplished by multiplexing a single receiver among three antennas on the 
platform, or by deploying three complete GPS systems. Only two antennas are necessary to 
compute two of the three attitude angles.  Attitude can be determined to an accuracy of about 
0.02 degrees (with inter-antenna distances of 2.0 meters).  Note that multipath is a limiting 
factor for attitude determination.  This paper presents results obtained in testing the EBE 
approach to attitude determination.   
 
EBE attitude determination requires tracking a common set of five or more satellites and 
providing simultaneous single- or dual-frequency phase and pseudorange (code) data.  Single-
frequency applications are limited to short ranges (5 km or less) as is the case for attitude 
determination. Normally one of the receivers is stationary but this is not a requirement. 
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Epoch-by-Epoch™ offers numerous benefits such as: 
 

• Computationally efficient algorithms that provide a position estimate based on a single 
epoch in several milliseconds. This allows the real-time position estimate to be computed 
on the user platform (assuming reference station data is sent to the user platform). 
• An initialization period is not required. Since RTK requires some period of time (that 
can be measured in seconds to minutes) to perform ambiguity resolution, this is an 
important capability for platforms that require high accuracy (e.g. end-game scoring), 
cannot see the satellites until launch, and have short flight duration.  
• A re-initialization period following loss-of-lock is not required, unlike RTK, which 
needs to restart the integer-cycle phase ambiguity resolution process. This is another 
important capability because the Air Force is considering EBE for high dynamic 
applications where loss of lock and loss of data are likely.  

 
Currently, there are receivers in production that will support the EBE requirement for 
simultaneous code and phase observations.  However, it must be mentioned that many of the 
GPS receivers in use by the military today do not support this requirement; hence, those 
systems could not realize the maximum benefit of EBE.  

 
 

TEST SETUP 
 

Geodetics’ Vector™ software package with EBE attitude determination was tested on a 
simulated maneuver employing an omni-directional antenna model. The maneuver and antenna 
model were programmed into the Guided Weapons Evaluation Facility (GWEF) satellite 
simulator.  The GWEF simulator is a model 2400 GPS Constellation Simulator from Interstate 
Electronics Corporation, and was phase calibrated using the procedures outlined in [Anthony et 
al., 2001]. 
 
The simulated scenario consisted of a single stationary reference receiver and moving rigid 
platform upon which four antennas were mounted in a right-handed Cartesian coordinate 
system with inter-antenna spacing of 2 meters.  For the purposes of this paper, the antennas are 
labeled as shown in figure 1 below. 
 
The simulation moved the rigid platform through two sets of maneuvers, one set occurring 
while the rigid platform was stationary, and the second occurring while the rigid platform was 
translating along a linear path.  During each maneuver set, the platform underwent three 360-
degree rotations one rotation about each of the three axes of rotation (yaw, pitch and roll). Each 
rotation achieved a maximum of 9g’s.  Fifteen minutes of static data were collected prior to the 
start of the first maneuver set, and five minutes of static data were collected after the end of the 
second maneuver set.   
 
Raw GPS measurement data from each of the five antennas in the simulation (1 stationary and 
4 mounted on the rigid platform) were collected using both a Novatel Millennium dual-
frequency receiver and an Ashtech G12 single-frequency receiver.  Figure 2 illustrates the test 
setup. 
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Figure 1.  Antenna Configuration              Figure 2. GWEF Test Setup 
 
For the purposes of extracting autonomous attitude data, it was only necessary to utilize data 
from three of the five available receivers.  The three receivers used, all on the rigid platform, 
were “Origin”, “Forward” and “Right”.  The “Up” antenna was not needed.  Further, the 
leading and trailing static sections were not included in the analysis, which focused on the 
dynamic parts of the simulation. 
 
The tests involved comparing the Vector™ EBE attitude output for three different data sets 
(Novatel Millennium using both L1 and L2 data, Novatel Millennium in Vector™ L1 only 
mode where Vector™ ignores all L2 data present and processes only L1 data, and Ashtech 
G12) with the ‘truth’ simulator attitude output. Although conducted in “post-processing”, the 
EBE analysis was conducted as if the data were collected in real time. 

 
 

TEST RESULTS 
 

Figures 3 – 5 compare unedited Vector™ EBE rigid platform attitude outputs with the ‘true’ 
attitude from the simulator for the maneuver, for the Novatel Millennium (both L1/L2 and L1 
Only) and the Ashtech G12.  Figure 6 compares edited attitude outputs with the ‘true’ attitude 
from the simulator for the Ashtech G12, where statistical outliers were manually edited out of 
the EBE solutions.  In order to isolate and characterize outliers, the median and interquartile 
range for the deviations from truth were calculated, which are less affected by outliers than 
standard statistics. The interquartile range (IQR) is defined as the range of the middle 50% of 
the data. From experience with many real and simulated data sets, the outlier criteria were 
selected to be 4 times the IQR (this criteria corresponds to approximately 3σ, if the single-
epoch solutions were normally distributed). 
 
Table 1 provides statistics (mean, standard deviation) for deviations from truth for the Novatel 
Millennium and Ashtech G12 data and additional robust statistics (median, interquartile range) 
for the edited (outliers removed) Ashtech G12 data. 
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Figure 4. Novatel Millennium - Angular deviat
 

 5
 

 
 
 

ion utilizing L1/L2. 

 
 
 
 
 
 
 
 
 
 
 
 

io
n utilizing L1 only. 



 
 
 
 
 
 
 
 
 

 
 

Figure 5. Ashtech G12 - Angular deviation (Th
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Figure 6. Ashtech G12 - Edited angular deviati
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Novatel Millennium Processing Both L1 and L2 data 

Component Mean Std. Dev. 
Yaw -0.004 0.038 
Pitch -0.005 0.080 
Roll 0.001 0.081 

 
Novatel Millennium Processing Only L1 Data 

Component Mean Std. Dev. 
Yaw -0.005 0.041 
Pitch -0.002 0.080 
Roll -0.001 0.083 

 
Ashtech G12 L1 

Component Mean Std. Dev. Std. Dev. w/o Outliers (m Median IQR % Outliers > 4 IQR 
Yaw 0.115 1.581 0.039 0.000 0.044 2.535 
Pitch -0.110 1.670 0.130 -0.005 0.173 1.338 
Roll 0.066 2.775 0.136 0.001 0.176 1.479 

 
Table 1. Angular accuracy (deviation from truth) of the maneuver (All values are in degrees). 

 
 

SUMMARY 
 

As shown in Table 1, for this high-dynamic (9’g) maneuver, EBE yields real-time attitude with 
accuracy better than one tenth of a degree (0.038 - 0.083 degrees, one standard deviation), 
utilizing geodetic quality GPS receivers operating in dual- or single-frequency mode with 
antenna separation of 2 meters.  Single frequency GPS receivers, such as the Ashtech G12, 
yield attitude in real time with accuracy of between 1.581 and 2.775 degrees (one standard 
deviation).  When 1.3% - 2.5% of the outliers are removed, EBE yields attitude with accuracy 
of between 0.044 - 0.176 degrees (IQR). 
 
In general, outliers and decreased accuracy are a result of a combination of effects, including 
the ability to track sufficient satellites during high dynamic maneuvers, incorrect integer-cycle 
phase ambiguity resolution due primarily to ionospheric effects, and the strong coupling 
between multipath, troposphere and vertical parameter estimation [Bock et al., 2000]. In 
attitude determination applications where inter-receiver distances are very short, atmospheric 
effects are not an issue. Real world testing to explore these effects is planned for future work. 
 
Results presented show that when utilizing EBE technology with a high-quality GPS receiver 
such as the Novatel Millennium in dual- or single-frequency mode, the ETSPI attitude 
requirements of less than 0.5 degrees accuracy are met in real-time even at dynamics of up to 
9g’s. Further, the results show these accuracy requirements are met when utilizing EBE 
technology with a single-frequency receiver such as the Ashtech G12, when robust data editing 
techniques are employed.  Robust data editing in real-time is planned for future work. Further 
reduction of outliers and improved accuracy can be achieved by coupling IMU and GPS for 
aided navigation. 
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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.  High dynamic 
testing results of GPS and Inertial measurement Unit (IMU) devices and problems encountered 
are discussed. Actual testing data will be compared with the original system design requirements. 
Integration of the JAMI components into weapon systems is now underway.  This paper 
discusses the progress of the program during the past year and the efforts planned for the final 
year of 2005.  
 

KEY WORDS 
 
GPS, TSPI, telemetry, flight termination 
 

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 
development of sophisticated post mission processing to obtain End Game Scoring (EGS) quality 
measurements as well as enhancements to Flight Termination including a programmable Safe 
and Arm (FTSA) device and extended environment Flight Termination Receivers were included.  
 
JAMI has progressed from a concept, through demonstrated and working hardware, to an 
operational system and has been integrated onto national ranges in support of missiles and 
targets. 
 
 



BACKGROUND 
 
The JAMI system was developed under a spiral development concept in an effort to reduce risk, 
take advantage of the latest technology available, and in response to the planned project funding 
allocation.  Since the JAMI project included elements of flight safety, TSPI, multiple-band 
telemetry antennas, and EGS, the government was designated as the system integrator to reduce 
risk.  This approach has its risk however in that the JAMI team is responsible for many of the 
milestones in supporting weapons programs. 
 
The JAMI program leveraged off technology developed under other CTEIP programs such as the 
Hardened Subminiature Telemetry and Sensor Systems (HSTSS) project for the high dynamic 
GPS concept and the IMU sensors needed for the JAMI TSPI Unit (JTU).  In addition, the JAMI 
program investigated the capability of existing flight termination receivers and identified 
shortfalls in their applications to many weapons. 
 

2004 PROGRESS 
 
Significant progress has been made during the past year in the areas of high dynamic GPS 
development and ground processing.  Actual flight testing of the JAMI components have 
demonstrated that the original design requirements of the project are attainable including time to 
first fix (TTFF) of the GPS tracking hardware, position and attitude accuracy, flight dynamics 
and packaging constraints.  During the past year a contract was awarded for the JTU, the final 
GPS sensor design was delivered and tested, the safe and arm design was transitioned to 
production and an improved ground station filter was integrated.  These successes were not 
without their setbacks however and a Test Analyze and Fix workshop was held that brought all 
of the disciplines together to work on system interface problems. 
 
The JAMI project has some challenging technical goals covering several technologies.  The most 
challenging are shown in Table 1 and include the dynamics and acquisition time of the GPS and 
other system related requirements.  Other stringent requirements include the environmental 
vibration environment, and the production cost goals.  The JAMI TSPI requirements were 
divided into real- time (RT) and post mission (PM) processing. 
 

JAMI Design Goals Threshold Objective Demonstrated 
Results 

GPS Acquisition Time 3 sec max  < 2 sec 
Attitude Accuracy 5 degree (RT) 2 degree ~ 5 deg (PM) 
Velocity 1500 m/s 2000 m/s > 2500 m/s 
Acceleration 40 G 50 G > 100 G 
Jerk 400 G/s @ 100 ms  > 500 G/s @ 100 ms 
Position Accuracy 80 meters (RT) 0.5 meters < 40 meters 
Velocity Accuracy 8 m/s (RT) 0.1 m/s ~ 20 m/s 
Altitude 30,000 meters 60,000 meters  
Participants 
(missile/target)  

Four on four   

Table 1 JAMI Design Goals 



GPS Tracking Technology-  Work continued on the high dynamic GPS tracking technology 
developed by ParthusCeva.  The JAMI project funded the development of an Application 
Specific Integrated Circuit (ASIC) that combined the 
functionality of four GPS receiver ASICS into a single 
chip.  This chip is now fabricated by Samsung and is 
also used commercially in production GPS receivers.  
The controller ASIC was combined with an RF ASIC 
manufactured by Maxim into the JAMI GPS Sensor 
Unit (GSU) which was delivered in March 2004 and 
has been tested extensively at Eglin AFB, Florida.  
Currently the GSU-II, as shown in Figure 1, has 
demonstrated the ability to acquire more than four 
satellites from a cold start in less than 2 seconds. It can 
track to over 100 G in acceleration, 400 G/s for 300 ms 
in jerk, and track under acceleration down to –167 dBW 
with a C/No or 33 dB-Hz after acquiring at –162 dBW, 
C/No at 38 dB-Hz.  The unit has been tested to velocities of over 2500 m/s.  It consumes about 
0.7 watts of power.  As opposed to the original HSTSS Position Location Sensor (PLS 
technology, the GSU-II has two modes of operation, a GPS sensor mode and a navigation or 
receiver mode.  In the sensor mode this unit requires a ground processor unit that completes the 
GPS receiver function.  The low cost ground processor is implemented on a PCI format card to 
allow for easy integration into the JAMI ground station computer.  One ground processor card is 
required for each airborne sensor so four cards will be needed to meet the JAMI requirement to 
track four missiles simultaneously.  The navigation mode, if selected, allows the GSU-II to 
operate as an autonomous GPS receiver.  In this mode the unit will phase track to at least 25 G of 
dynamics but requires up to 40 seconds to acquire satellites and download the ephemeris 
message needed for full navigation.  The same ASIC devices used in the GSU have been 
packaged into a commercial receiver measuring less than 25 mm square compared with the 
JAMI size of 61 mm square demonstrating the future potential of the technology. 
 
JAMI TSPI Unit-  A contract was awarded to Herley Industries for the design and development 
of the high dynamic TSPI unit.  The first unit delivered for missile integration is scheduled for 
July 2004.  One of the biggest challenges for the JTU design during the past year has been the 
optimization of the IMU sensors.  Several improvements to the IMU signal conditioning 
including reduction of sensor noise and scale factor and bias corrections over temperature have 
significantly improved the performance.  The IMU samples are collected at a 1 KHz rate, 
averaged for 8 ms and added to a running accumulation of delta velocities and delta thetas that 
have been converted into a single quaternion.  The accumulations are samples every 8 ms and 
combined into a downlink message that is input into the missile PCM encoder at a rate of less 
than 150 kb/s.  The message structure was defined by a separate JAMI specification.  The on 
board accumulation of sensor data was developed to allow the Kalman filter on the ground to 
track through telemetry dropouts.  The technique works very well as demonstrated during several 
captive carry test events of the system. 
 
The JTU was designed to be easily integrated into a weapon telemetry system using either an 
asynchronous serial port or a 16 bit parallel port.  The maximum bandwidth required is less than 

Figure 1 GPS Sensor Unit 



150 kb/s.  One of the weapons to use the JTU is also using the event marker inputs to critically 
time tag events in the missile such as rocket motor fire or fuze arm enable.  The JTU is slightly 
over 13 cubic inches in volume and consumes less than 5 watts. 
 
JAMI Test Bed-  The test bed pods were developed as a way to validate the IMU signal 
processing and the complete TSPI unit functionality.  They provide real flight data to the JAMI 
Data Processor in TSPI Unit Message Structure (TUMS) format.  The Advanced Range Datalink 
System (ARDS) pods were selected as the independent tracking “Truth” source since they were 
readily available and were useful for accuracies higher than the JAMI TSPI real-time 
requirements.  ARDS has a position accuracy of about 1 meter and an attitude accuracy of better 
than 0.1 degree.  Several test bed flights were conducted during the past year.  The GPS/IMU 
data from these flights was processed using the real-time filter and the TSPI solution was output 
to the range display system at NAVAIR, China Lake.  The archived data files were also 
processed post mission to evaluate the ultimate performance of the sensor.  The flight test 
consisted of nine runs using an F/A-18 aircraft.  The runs included a combination of rolls, 
weaves, loops and turns that generated up to 20 G of acceleration and about 360 degrees per 
second of angular rate. 
 
 
JAMI Data Processor-  The JAMI Data Processor supports both real-time and post mission data 
processing and analysis.  The JDP consists of a standard PC computer, processing software 
developed for the JAMI project by the range development department at Edwards, AFB, and up 
to four ground processor cards provided as part of the GSU GPS solution by Ceva-DSP.  The 
cost goal for the JDP is still $12K per range including the four GSU ground processor cards.  
The government owned data processing software should significantly reduce the range out-year 
support costs.  The JDP has already been installed and integrated into the range at Point Mugu 
and will be integrated at Tyndall, AFB in 2004. 
 
The post mission software used 
for JAMI analysis is based on the 
Multi-Optimal Sensor Estimation 
Software (MOSES) developed 
for flight analysis at Edwards 
AFB.  This year the MOSES-7 
tools were validated and released 
for production analysis.  
MOSES-7 has two significant 
improvements over previous 
versions.  First was the addition 
of carrier phase tracking to 
improve GPS position accuracy.  
The second improvement and big 
advantage for JAMI was that the 
MOSES implementation does not 
require the measurements in the 
air to be time synchronized with 

Figure 2.  JAMI JDP vs ARDS Raw Attitude 



the measurement from the reference receiver on the ground.  This was significant for JAMI since 
the reference receiver has a 100 ms update rate while the GSU is outputting data every 64 ms.  
 
Figure 2 shows the output of the JDP post mission processor attitude verses ARDS for pass 8 of 
the test flight.  This pass is a Cuban-8 maneuver.  There is a real 4 degree pitch offset between 
the test bed plot and the ARDS pod.   This plot demonstrates that the goal of attitude accuracy of 
less than 2 degrees is possible but the filter time delay characteristics between the JDP and the 
ARDS post processor makes precisely timed comparisons difficult. 
 
Flight Termination Component Development -  The primary goals of the JAMI project in the 
area of flight termination technology were the development of a programmable Flight 
Termination Safe and Arm (FTSA) and the extended qualification of existing flight termination 
receiver hardware to the JAMI composite environmental levels.  The receiver delta qualification 

was completed in 2003 and resulted in both the 
Herley HFTR-60 and L-3 FRT-925 units successfully 
completing the testing. 
 
The FTSA development was delayed by a 
requirement to perform an extensive system safety 
analysis in March 2004.  A production readiness 
review was held in January and proof of design units 
were assembled in March but the qualification unit 
assembly was held up pending the approval of both 
Navy and Air Force system safety analysis of the 
design.  Explosive interface testing is scheduled for 
the summer 2004.  Several weapon programs have 

decided to use the JAMI FTSA design in improved telemetry systems now under development. 
 
The JAMI FTSA provides the user with the ability to program the arming conditions into the unit 
at the factory.  Parameters that are available for selection include the safe separation time, the 
launch valid time, the acceleration level of launch, and whether failsafe conditions of loss of 
power or loss of tone are used.  The FTSA design was optimized to all its use in almost any 
weapon requiring flight termination. 
 
Weapon Integration-   The JAMI project attempted to define all of the JAMI components 
completely using specifications and Interface Control Drawings (ICD).  A problem encountered 
during the past year is that the original specifications were written as development documents.  
As the hardware designs matured, these development specifications should have been converted 
to performance specifications but for a variety of reasons this has not happened.  When actual 
weapon integration began, specific interface information was required and had to be generated. 
 
Another problem with missile integration was the testability of the JAMI components once 
installed in the weapon.  In some cases, a final test of the TSPI system was required during 
missile all-up-round testing.  This presented the need for a GPS satellite simulator to be included 
as part of the test set.  In addition, a streaming PCM decommutator was required to feed 
continuous real- time data to the GSU ground processor unit.  Several tradeoffs were made 

Figure 3  JAMI FTSA 



between the complexity and cost of the system and the value of validating the JTU performance 
at final checkout.  In most cases a decision was made to do extensive JTU testing at the telemeter 
level and then just make sure that the unit was functional at final missile checkout.  Actual 
missile flight testing is not scheduled until 2005. 
 

CONCLUSIONS 
 
The JAMI GPS sensor technology testing results exceeded expectations and resulted in a GPS 
sensor with significant Test And Evaluation potential.  The JAMI Data Processor demonstrated 
the capability of processing both real-time and post mission data from the JDP that meets the 
JAMI performance requirements in most cases.  Integration of the JAMI components into 
weapon systems is progressing with performance testing at missile level one of the more 
challenging issues to resolve.  The flight termination component qualification should be 
completed in 2004 with several projects ready to use the units.  In the next year the JAMI 
components will be integrated into at least three weapon systems with the JDP integrated at three 
ranges. 
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ABSTRACT

This paper presents an alternative approach to high-precision bearing estimation for navigation and
guidance in homing and docking of underwater vehicles. This new technique is significantly simpler
than the conventional methods in terms of computation complexity and yet produces results of
superior precision and consistency.

KEY WORDS

Polarity estimation, bearing angle, homing and docking, navigation, geolocation.

INTRODUCTION

The key to the successful execution of autonomous imaging and sensing is the time synchronization
and geolocation among the units. In particular, geolocation is an extremely challenging task. In
underwater environments, the sensing, imaging, and communication signals are all within the
acoustic range, which is more constrained in terms of available bandwidth, propagation speed, and
serious multi-path interferences. This makes the geolocation a much more challenging and
interesting research topic.

Geolocation can be achieved by estimating the relative location with respect to a set of underwater
base stations. In three-dimensional underwater geolocation, the objective parameters involved are
the range distance and a two-dimensional bearing angle.

Because of the multi-path interferences, the estimation of the polarity of the homing signal has been
difficult. This paper introduces a new approach to the estimation of polarity with significantly
improved accuracy and computational complexity. The presentation of this paper includes system
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design, signal analysis, development of processing algorithms, and results from full-scale
experiments.

CONVENTIONAL TECHNIQUE FOR BEARING ESTIMATION

As described, one of the key capabilities in mobile autonomous sensing is geolocation for navigation
and guidance. This can be achieved by estimating the position of the sensor unit with respect to the
underwater base stations. The locations of the underwater base stations are constantly estimated and
updated with respect to the interface stations over the ocean surface, which is supported by the GPS
systems and microwave mutual reference capability. Thus, the most critical element is the accuracy
of a sensor’s dynamic estimation of its relative location with respect to the underwater base stations.
In three-dimensional underwater geolocation, the objective parameters involved include the range
distance and a two-dimensional bearing angle. The focus of this proposed project is the high-
precision estimation of the two-dimensional bearing angle for real-time navigation and guidance.

Figure (1) is the three-element transmitter prototype for the base stations. With the three
transmission elements, the transmitter sends a sequence of three waveforms. The first, from the top
transducer element, is an in-phase reference signal. The second, from the middle transducer element,
is a pair of signals with a left-right polarity with 180-degree phase offset for the estimation of the
bearing angle in the horizontal direction. Similarly, the third signal from the bottom transducer is
with a top-bottom polarity for the estimation of the bearing angle in the vertical direction.

Figure (1): Three-element transmitter of the guidance system
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Figure (2): Bearing-angle estimation with polarity errors

As shown in Figure (1), the prototype transmission array consists of three transducer elements. At
the top of the array, the square transducer element is designed to transmit the full reference signal
s(t), which is used as the calibration waveform for bearing-angle estimation as well as the estimation
of the range distance. The second transducer, in the middle, consists of two rectangular sub-
elements, separated by a small gap. The two transducer elements are transmitting the same
waveform s(t), but with different polarities. The signal detected by a sensor unit can be written in the
form of,

rx(t) = + [ s(t) – s(t - ∆t) ]

The time difference _t is directly governed by the off-axis bearing angle. Larger bearing angles
produce larger time delay ∆t. When the sensor is moving along the central axis, the time delay term
is zero, which results in a full cancellation and the received waveform is zero. This means the beam
pattern gives a null along the central axis.

This technique is theoretically sound. The fundamental concept is to identify the bearing angle
through the accurate estimate of the time differential in the received signal. Yet, in practice, there are
serious challenges. When the bearing angle is large, the received signal becomes weak due to the
nature of the beam pattern. If the bearing angle is small, s(t) and s(t - ∆t) start to overlap and cancel
each other. The accuracy of the estimation of the bearing angle becomes increasingly difficult due to
the decreased signal-to-noise ratio, especially in serious multi-path environment, which is common
in underwater acoustic propagation. The conventional approach is to estimate the time differential by
identifying the peak magnitude of the received signal r(t) and then the phase term at the peak, which
indicates the polarity of the transmitted signal. Ideally, the estimate of the bearing angle is a
monotonically increasing function. Figure (2) shows the result of the bearing angle estimation
experiment with the conventional method. The horizontal axis is the bearing angle and the vertical
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axis is the estimate. The ideal result is a monotonically increasing function. As it can be seen,
accuracy of the estimates was limited and the estimation of the polarity of the signal is particularly
challenging.

ALTERNATIVE APPROACH

Therefore, it is highly important and desirable to design and develop high-precision signal
processing algorithms for accurate geolocation. The main objective of the polarity method is to
accurately estimate the bearing angle of the source of the transmitted signals. Because the range
distance can be determined through time delay estimation, the accurate estimation of the bearing
angles will effectively complete the geolocation process, in the three-dimensional polar coordinate
system, which is the key to underwater navigation and guidance.

As described, the conventional technique conducts the estimation process based on the maximum of
the received signal. That implies the entire result of the estimation process lies on one single data
point. Noise and multi-path interferences can introduce serious errors. To optimize the accuracy of
bearing-angle estimation, an alternative procedure is proposed. Prior to the estimation procedure, we
first (a) decode the received signal and down shift it to the base band, (b) remove the negative
sideband to obtain the single-sideband version, and (c) integrate the single-sideband signal.

The combined transmitted signal can be represented alternatively in the form of a convolution of the
designated waveform with two impulses with temporal offset,

r(t) = s(t)  *  [ + (_(t) – _(t –_t))]

After demodulation and matched filtering, the signal is in the form of

_(t) = ass(t) * [+(_(t) – _(t - _t))]

where ass(t) is the auto-correlation of s(t). Then it can be seen that the most critical element for the
polarity estimation is the second term of the equation. If we integrate the signal, it becomes

_1(t) = ass(t) * [+ g(t)]

where the gate function g(t) is

g(t) = u(t) – u(t – _t)

For positive polarity, the auto-correlation function ass(t) will be convolving with +g(t) and –g(t) for
negative polarity. Since g(t) is non-negative and the point-like auto-correlation ass(t) is real and even,
the results of the integral gives an accurate estimate of the polarity. In addition, the duration of the
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gate function is governed by _t, which is directly related to dsin_, where d is the separation of the
transducer elements and _ is the bearing angle. Thus, the magnitude of the subsequent integration
produces the estimate of the bearing.

For performance evaluation purposes, the new method is applied to several data sets obtained form
full-scale field tests. Multi-path interferences exist in these data sets and the conventional technique
was unable to accurately estimate the signal polarity. Typically, the bearing angles of these data sets
range from -30 to 30 degrees. To isolate the polarity estimation problem, the range distance was kept
constant. As previously described, the received signals were first down shifted to the base band.  The
left-side band was removed to convert it to the single-side band version. A matched filter of s(t) was
then applied to produce the time-delay profile. Subsequently, a double-integral procedure was
applied to obtain the estimates of the polarity a well as the separation of signal pair. Figure (3) shows
the results obtained by the new algorithm. The polarity estimation achieved 100% accuracy rate with
a very high-degree of consistency. The estimation of the bearing also showed significant potential.
With simple calibration procedure based on the beam patterns, this method can be fully implemented
as a standard bearing estimation technique, not only for the accuracy of the estimation, but also the
simplicity of the procedure for real-time processing.

CONCLUSION

In this paper, a simple algorithm was presented for the accurate estimation of the polarity of the
transmitted signal for the underwater homing and docking systems. This new technique was
successfully tested with several field-test data sets, which the conventional failed to achieve accurate
estimation of the polarity. With extensions and modifications, for the accuracy and simplicity, this
new technique can be implemented for real-time three-dimensional underwater navigation and
guidance.

Figure (3): Results of polarity estimation by using the new method
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ABSTRACT 
 

Hardware architecture and design details of a multi-channel GPS signal simulator with highly 
flexibility is presented, while the dynamic performance objectives and the requirements on the 
hardware architecture are discussed. The IF part of the simulator is implemented almost entirely 
in the digital domain by use of a field programmable gate array (FPGA), which mainly include 
C/A code generators, carrier generators, spreaders, and BPSK modulators. The results of testing 
the proposed simulator hardware architecture at IF with the help of a GPS receiver are presented. 
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INTRODUCTION 
 

Global Positioning System (GPS) signal simulator is expected to generate in real time, the 
composite GPS signal that would be coincident with the signal at a GPS receiver antenna. When 
GPS systems are used in critical applications like avionic systems, it becomes essential and often 
mandatory to exhaustively characterize the performance of such receivers under all anticipated 
worst-case scenarios including varying platform dynamics and signal impairment (multipath, 
jamming, etc.). Other than carrying out actual detailed field trials which would be prohibitive 
from a cost and time standpoint, such a detailed characterization of the receivers would only be 
possible with help of suitably designed real time GPS signal simulators. 
 

The details of GPS signal structure are provided in reference [1]. The satellite orbital 
configuration provided a minimum of six satellites in view at any time, with a maximum of 11. 
Because different satellites have different distance and relative velocity reference to the same 

 - 1 - 



GPS receiver, so when GPS satellites’ signals come to the front-end of one receiver, they are 
different at amplitude, phase and the Doppler shift frequency. Give the receiver platform’s 
coordinates, dynamics and local times, at L1 frequency, the composite signal seen by a civil GPS 
receiver at its antenna terminals can be presented by[2]   

∑
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where Ai(t) represents the amplitude of the signal received from the ith satellite. Di(t) represent 
the data bit transmitted from the ith satellite at the nominal rate of 50bit/s. Ci(t) represents the 
particular Gold code of length 1023 chips used by the ith satellite at the nominal code rate of 
1.023Mcps. τi(t) represents the propagation delay of the ith satellite. f0=1575.42MHz, fid  

represents the Doppler shift frequency of the ith satellite. φi  represents the initial phase of the 
carrier of the ith satellite. M represents the number of satellites visible to the receiver at the same 
time.  
 
Equation (1) shows that the simulator are required not only to produce the GPS signal from 
different satellite, but also to precisely present the relative phase and different amplitude between 
them. Development on the techniques of digital signal processing provides more flexible method 
for the simulator designing. It is possible to incorporate all dynamic signal characteristics into a 
baseband or IF signal, then up-convert to a radio frequency (RF). 
 

HARDWARE ARCHITECTURE 
 

An overall hardware architecture block diagram of the proposed system is shown in Fig.1. The 
simulator is composed of three major parts: a powerful computer, a PCI card, and a RF box. GPS 
navigation data and all the time varying signal parameters are calculated in a powerful computer 
depend on the receiver’s operating environment. Then all information is provided to a digital 
Intermediate Frequency (IF) transmitter in real time for signal generating through PCI bus. After 
a D/A converter and a band-pass filter, the desired analog IF signal is obtained, then it is 
up-converted to the final L1 frequency.    
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Fig.1  Overall Hardware Architecture Block Diagram of the Simulator 
           

Block diagram of the proposed IF transmitter is shown in Fig.2. Clock Manager block provide a 
time base signal which trigger an interrupt for DSP at regular intervals, so navigation data and all 
the controlling parameters are updated periodically by writing and reading the corresponding 
register fill. C/A Code Generator generate the Gold sequence according the number of the 
selected GPS satellite, it is required that initial code phase can be set and the number of the 
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selected satellite can be changed. Code NCO synthesizes the oscillator required to drive the code 
generator. Epoch Counter keep track of the number of C/A code periods over a 1 second interval, 
and it also provides clock information to update the navigation data. The navigation data is spread 
with the C/A code and then passed through a low-pass filter to limiter the bandwidth, later 
modulated with a digital carrier by a BPSK modulator. Most function parts are implemented in a 
FPGA, and this allows for rapid reconfiguration.  
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                Fig.2  Block diagram of the proposed IF transmitter        
                   

Any timing delay error of one microsecond could lead to errors of hundreds of meters in the 
position process, so the reference clock should be highly precision and stabilized. In the present 
design a precision rubidium oscillator is adopted, the master clock of FPGA is obtained by using 
a PLL synthesizer. The nominal carrier frequency is f1 = 4.58MHz, sampling frequency fs = 
20MHz, and the nominal code rate is 1.023Mcps. For a stationary observers, the maximum 
Doppler frequency shift caused by the movement of the GPS satellite is around ±5kHz. 
Suppose the maximum platform velocity is 10km/s ( corresponding Doppler frequency shift of 
±52.52kHz), then the totally Doppler frequency shift is about ±57.52kHz. The frequency scope 
of the baseband signal is about 4.58±(1.023+0.0576)MHz. 
 
The D/A converting speed is upgraded to 4fs = 80MHz, after upsampling and interpolation by a 
factor of 4. D/A converters introduce an inherent sin(x)/x amplitude distortion into the spectrum 
of signals being converted , this results from the sample-and-hold nature of it. The signal 
spectrum structure after D/A converter was showed in Fig.3. 
  

  

            Fig.3  Signal spectrum structure after interpolation 
 

As shown in Fig.3, the spectrum of the signal after interpolation includes not only the spectrum 
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of the original baseband signal but also some equally-spaced image spectra of the same form. So 
if the filter’s center frequency is selected as (40 － 4.58)MHz=35.42MHz , and its 
pass-band-width [2×(1.023+0.0576)]MHz, then get the IF signal at the frequency range 35.42±
(1.023+0.0576)MHz. Interpolation lower the operating speed of the digital circuits, less the 
roll-off effect on the band-fixed signal caused by the inherent sin(x)/x amplitude distortion of 
D/A converters. The frequency magnitude response for zero-order holds is given by 
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As a consequence, a continuous spectrum roll-off occurs at the IF bandwidth about 0.4dB.  
  

The heart of the hardware design of a GPS signal simulator is the code generator, the ability to 
control the relative phase of them, and Doppler effects on the code and carrier. The phase and 
frequency controlling are realized by using numerically controlled oscillator (NCO) [3][4]. Both 
code NCO and Carrier NCO are working on the principle of direct digital frequency synthesizers. 
The difference is that the output of Carrier NCO is digital sine wave samples, where the output of 
code NCO is a square waveform. 

 
Block diagram of Carrier NCO with FM chirp function was presented in Fig.4. Supposing the 
required extreme platform acceleration is 10g, the corresponding Doppler shift rate was 
514.5Hz/s. If one were not to exceed a maximum pseudo range rate error of 0.005m/s 
(corresponding to a frequency error of 0.026Hz/s), then the required update rate for frequency 
controlling parameters should no less then 10μs according to the sampling theorem. Considering 
the computation ability and speed of the computer, the data exchange intervals between the 
computer and PCI card could not be too high, which is usually about 100ms. The more fast 
update rate of controlling parameters in the PCI card could obtain by using interpolation or FIFO 
(first-in-first-out). So the FM chirp function is very important for the dynamic performance of the 
simulator. 
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                  Fig4 Block Diagram of Carrier NCO with FM Chirp Function 

                      
Phase accumulator truncation is the most important source of distortion affecting the spurs 
performance in DDS. And the magnitude of the worst-case spurious response introduced by phase 
accumulator truncation, which was determined to be [5] 
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where Fr is frequency tuning word, L is bit number of phase accumulator, K is the phase 
resolution of the sine function. GCD(Fr,2L—K) denotes the greatest common divisor of Fr and 2L－K. 
As the rule of thumb, the worst spurious signal introduced by phase truncation is approximately 
6K[dB] below the desired output signal. In the digital carrier design, the frequency control word 
length is 32 bits, the phase resolution of the sine function is 15-bit, so the worst spurious signal 
introduced by phase truncation is approximately －90dB. 
  
To achieve a positioning accuracy requirement of 10 m, the required ranging accuracy should be 
at 10/3 m rough order for a PDOP≈3, approximates to σr < 10 ns (σr  denotes the root mean 
square error of the line-in-sight ranging), corresponding to 1% of one C/A code chip[6]. As a 
source signal, the performance requirement should be stricter. In the design, the code NCO has a 
32bit frequency tuning word, a 16bit phase offset word, and the phase resolution is about 1/216 of 
a C/A code chip.   
  

TEST RESULTS 
 
Using the Xilinx’s FPGA (XC2V250), Analog Devices’ 14bit D/A converters (AD9764), and a 
35.42MHz surface acoustic wave (SAW) band pass filter (DW9255), a prototype was built, and 2 
channel GPS signal was generated at IF for the first proof-of-concept testing. The generated 
signal was fed to a spectrum analyzer and the resulting spectrum is depicted in Fig.5, Fig.6, 
which were redrawing of the data recorded by AV4021 spectrum analyzer (made in China) in 
matlab. The same result was observed with a HP8591E spectrum analyzer. Fig.5 is a plot of the 
power spectrum of baseband signal after D/A converter, it has the nominal (sinx/x)2 envelope, the 
central frequency of the mainlobe is about 4.58MHz. Fig.6 is a plot of power spectrum of IF 
signal after band pass filter, now the central frequency of the mainlobe is about 35.42MHz, and 
the sidelobe is suppressed. Since the SAW DW9255 has an insertion loss about 17dB, the signal 
power become much less after the band pass filter. 

 

 Fig.5  Power spectrum of baseband signal after D/A converter 
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                   Fig.6  Power spectrum of IF signal after band pass filter 

 
Next, a noise generator was used to reduce the signal-to-noise ration to simulate propagation loss, 
the IF signal was first combined with noise signal through a combiner, then the signal was 
attenuated by an adjustable attenuators, and fed to IF stage of a GPS receiver developed by 
ourselves (based on Zarlink’s GP2000 chipset, center frequency of IF is 35.42MHz), the result 
showed that the receiver software could successfully acquire, track, and demodulated the 
navigation data simultaneously.   

                     

CONCLUSION 
    

Using the techniques of digital signal processing such as direct digital synthesis and interpolation, 
the hardware architecture and design of the digital IF part of a multi-channel GPS simulator with 
highly agility is described in detail. Both the spreader and the BPSK modulator were 
implemented in digital method. To meet the dynamic performance requirement, NCO with FM 
chirp function and FIFO were extensively used in the design. The results of testing the proposed 
simulator hardware architecture at IF with the help of a GPS receiver developed by us are 
presented. With the help of the advanced EDA tool, the development period was greatly reduced. 
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ABSTRACT

The Broadcast Scheduling Problem (BSP) is a well known NP-complete problem that arises in
the study of wireless networks. In the BSP, a finite set of stations are to be scheduled in a time
division multiple access (TDMA) frame. The objective is a collision free transmission schedule
with the minimum number of TDMA slots and maximal slot utilization. Such a schedule will
minimize the total system delay.

We present variations of a Greedy Randomized Adaptive Search Procedure (GRASP) for the
BSP. Path-relinking, a post-optimization strategy is applied. Also, a reactivity method is used
to balance GRASP parameters. Numerical results of our research are reported and compared
with other heuristics from the literature.

KEYWORDS

Broadcast Scheduling Problem, Ad-hoc Networks, Combinatorial Optimization, GRASP, Heuris-
tics

INTRODUCTION

In recent years, research in the area of wireless communications has increased dramatically. This
is a result of improved technology and increasing demands. One particular focus has been in the
area of so-called ad-hoc networks. Along with this research has been the introduction of many
exciting and challenging problems [2, 10]. The problem of interest for this article is known as
the Broadcast Scheduling Problem (BSP) [4]. Before describing the problem in detail, we will
first give a brief review of ad-hoc networks.

Ad-hoc networks provide high speed communication between potentially mobile receivers by
the application of a packet switching technique over a shared radio channel. In such networks,
each station can act as both a transmitter and a receiver. Thus, it is often necessary to use
intermediate stations as relays to forward messages over the network to the intended recipi-
ent. Applications of ad-hoc networks can be seen in military battlefield scenarios and mobile
commerce [2].



Since every station in the network shares the same channel, it is crucial that precautions are
taken when messages are scheduled to be transmitted. That is, stations should be scheduled in
such a way that there is no destructive interference, or message collision [22]. There are two types
of collision in ad-hoc networks. Direct collision is a result of two adjacent stations broadcasting
during the same time slot. Hidden collision occurs when two non-neighboring stations transmit
simultaneously to a station that can receive messages from both senders. The desired result
is a broadcast schedule which guarantees collision free transmissions and minimizes the overall
delay of the system [4].

PROBLEM DESCRIPTION

We can model an ad-hoc TDMA network as follows. Consider a graph G =(V,E) where the
vertex set V = {1, 2, . . . , n} represents the stations in the network. Then we can successfully
model the network by letting the edge set E represent the set of transmission links between
adjacent stations in the network. We say that stations i and j are one-hop neighboring stations iff
there exists an undirected edge (i, j)∈ E. An equivalent interpretation of V is that it represents
the set of direct collisions. If (i, j) 6∈ E but there exists an intermediate node k ∈ V such that
(i, k) ∈ E and (k, j) ∈ E, then stations i and j are referred to as two-hop neighboring stations.
A hidden collision is a result of two-hop neighbors transmitting in the same slot [3].

Let C be an N × N symmetric binary matrix, where N = | V |. Then we can represent the
set of one-hop neighbors in the connectivity matrix C = {cij} as follows:

cij =

{

1, if (i, j) ∈ E and i 6= j,

0, otherwise.

There are some assumptions that must first be made before we formally define the problem
statement. We assume that there are M time slots per TDMA frame, and that each slot length
is equal to the amount of time required to transmit one packet of data. We assume also that
packets are received in the same slot they are transmitted and packets are sent at the beginning
of each time slot. Now we represent the broadcast schedule as a M×N binary matrix S = {smn}
defined as follows:

smn =

{

1, if station n is to broadcast in slot m,

0, otherwise.

In order to analyze the efficiency of a broadcast schedule, we need to calculate the percentage
of the available slots being assigned in a transmission frame [3]. Let ρn be the slot utilization
for station n. Then,

ρn =
the number of slots assigned to station n

frame length

=

∑M

m=1 smn

M
.

Hence, the total slot utilization of the entire network, ρ, is given by

ρ =

∑N

n=1 ρn

N

=

∑M

m=1

∑N

n=1 smn

NM
.



With these tools, we can now represent the Broadcast Scheduling Problem as follows:

Minimize M and Maximize ρ

subject to:

M
∑

m=1

smn ≥ 1, ∀n, (1)

cij + smi + smj ≤ 2, ∀i,∀j, and ∀m, i 6= j, (2)

ciksmi + ckjsmj ≤ 1, ∀i,∀j,∀k, and ∀m, i 6= j, j 6= k, k 6= i. (3)

Contraint (1) ensures that each station transmits at least once per frame. Constraint (2)
ensures that one-hop neighbors do not transmit in the same slot. Finally, the last constraint
prevents two-hop neighbors from transmitting during the same slot [22]. The BSP was shown
to be NP-complete in [4].

GRASP FOR THE BSP

Greedy Randomized Adaptive Search Procedure (GRASP) [5, 7, 17] is a multi-start metaheuris-
tic for combinatorial optimization problems first introduced by Feo & Resende in [6]. GRASP
is a two-phase procedure. The first phase is known as the construction phase in which an initial
greedy randomized solution is formed. Since a construction phase solution is not guaranteed to
be locally optimal, phase two implements a local search procedure to improve the initial feasible
solution. The best solution produced from all GRASP iterations is returned as the output.
GRASP is easily adaptable and has been successfully applied to such problems as broadcast
scheduling [3], quadratic assignment [13, 14], and most recently to the p-median problem [18]
and the uncapacitated facility location problem [19].

Construction Phase: In [3], Commander, et. al, applied GRASP to the BSP with satisfy-
ing results. Here, we will implement the same construction phase originally employed in [3].
Initially, the stations are sorted in descending order of the number of one-hop and two-hop
neighbors. Then, the station with the most neighbors is assigned. After this greedy choice, the
restricted candidate list (RCL) is created and consists of the best α% of stations which may
simultaneously transmit with the greedy assigned station. In our case, we use α = 20. A station
is then selected at random from the RCL and assigned in the current slot. A new RCL is then
created, and another station randomly selected and assigned. This process continues until RCL
= ∅, at which point the slot number is incremented and the process restarts with another greedy
choice. The selection of the greedy choice is biased towards those stations which have not been
previously assigned. Though it is desired to have multiple broadcasts by each station, this bias
is to help minimize the frame length.

Local Search: Again, the local search used here is taken from [3]. Using the schedule produced
in the construction phase, the slots are sorted in descending order of the number of bursts. The
two slots with the fewest transmissions are combined, and the number of slots is now k = m−1.
Call this modified schedule sm′,n and define E(m′

i) to be the set of collisions in slot m′

i. If we

sum along all the slots, we have the function to minimize as f(s) =
∑k

i=1 E(m′

i). We apply the
following local search for this minimization.



procedure PathRelinking(Guide, Current)
1 slot ← 1;
2 do while slot 6= σM →
3 if |guide(slot)| > |current(slot)| →
4 current(slot) ← guide(slot);
5 fi

6 if all stations assigned at least once →
7 EXIT;
8 fi

9 slot ← slot + 1;
10 od elihw

end PathRelinking

Figure 1. Pseudocode for the Path Relinking subroutine

A colliding station from the combined slot is randomly selected and every attempt is made
to swap this station with another from the remaining k − 1 slots. After each swap, f(s) is
re-evaluated. If the new value of f(s) is less than the value before the swap, then this swap
is deemed a success and another colliding station from the combined slot is selected and the
swap exchange repeated. However, if f(s) is not improved, the swap is undone and another is
attempted.

If after every attempt no successful swap is made, a new colliding station is randomly chosen
and again the swap procedure is attempted. This process continues until either a successful swap
is made, or until some iteration limit is reached. If this combined solution sm′n is improved such
that f(s) = 0, then the frame length has been successfully decreased by one slot. The two slots
with the fewest broadcasts are combined, the value of k is once again decremented, and the
process repeats. In the end if f(s) > 0 then no improved solution was found and the original
construction phase solution is returned as best.

Path Relinking: First introduced by Glover in [9], path relinking (PR) was used as an en-
hancement for tabu searches. PR was first combined with GRASP by Laguna and Mart́ı in [12].
When applied to GRASP, path relinking introduces a memory to the heuristic which usually
results in improvements in solution quality. In the standard GRASP, the multi-start nature of
the heuristic doesn’t include any mechanism for remembering traits about solutions generated
in each iteration. Thus nothing can be recalled about why or why not a certain solution was
more favorable than another. Path relinking allows GRASP to remember these traits and favor
them in successive iterations. GRASP with PR was successfully applied to problems such as
job shop scheduling [1], quadratic assignment [14], and originally for line crossing minimization
[12], to name a few instances. In this paper, we propose a variant of path relinking for BSP.

Path relinking works by using a set of elite solutions as guides and examines point to point
trajectories in search of an optimal solution. With the GRASP for the BSP, the set of elite
solutions is stored in memory. Our elite set contains the ten best solutions up to the current
iteration. After a normal GRASP iteration, one of the elite solutions is chosen at random to
be a guiding solution. There is then a slot-wise comparison between the guiding solution and
the current solution. If in the first slot, the guiding solution has more scheduled stations than
does the current solution, then that slot in the current solution is replaced by the slot from



Stations LB Frame Length Channel Utilization
G RG+PR SVC MFA G RG+PR SVC MFA

15 8 8 8 8 8 0.167 0.167 0.15 0.15

30 10 10 10 11 12 0.120 0.120 0.112 0.108

40 8 8 8 8 9 0.203 0.206 0.188 0.197

Figure 2. Comparison of frame length and utilization all tested heuristics. The lower bounds (LB) were determined by
calculating the clique number as described in [11].

the guiding solution. If however the current slot has a greater throughput than the guiding
solution, then it is kept and the next slot examined. At this point, the procedure checks to see
if all stations have been assigned. If they have, then the procedure stops and the solution is
returned. If all stations have not been assigned, then the slot-wise comparison continues and
after each slot another “all-broadcast” check is performed. The process is allowed to continue for
at most σM slots, where σM = min{Mguide,Mcurrent}. If at this point, all stations have still not
been scheduled, then the program exits and the solution with σM slots is returned as the best
solution from the current iteration. Pseudocode for the PR subroutine can be seen in Figure 1.
Here guide(i) refers to the set of vertices in the ith slot of the guiding solution.

Note that unlike the standard path relinking schemes, our procedure does not necessarily
“relink” the starting and guiding solutions, i.e., it aims to introduce certain attributes of the
guiding solution into the current solution, while the generated path may not reach the guiding
solution in the end.

Reactive GRASP: The idea of reactive GRASP (RG) [15] is a quite helpful addition when
implementing the GRASP to solve a problem. The RG method automatically determines the
value of α parameter. Recall that α determines the size of the RCL. Without Reactive GRASP,
the practitioner must determine the best value of α by brute-force testing.

For our application of RG, we will use a common approach first introduced in [15] and
again in [10]. The method works as follows. We first start with a set ℵ = {α1, α2, . . . , αk} of
potential α values. We follow the same convention as Gomes, et. al, and begin with k = 10
and ℵ = {.1, .2, . . . , 1.0}. From each iteration, an αi parameter is selected from ℵ with some
probability, say pi. Initially, there are no favored choices so pi is uniform for all i.

As the iterations progress, certain values of α will produce better results than others. There-
fore, we have another set A = {a1, a2, . . . , an} where each element ai ∈ A stores the average solu-
tion value found using parameter αi ∈ ℵ. We then determine the values for Λ = {λ1, λ2, . . . , λn},

where λi = f(s∗)
ai

and s∗ represents the current best solution. For our problem, we define f(s)
to be the minimum frame length found. Lastly, the probabilities pi are updated such that
pi = λi

∑

n

k=1
λk

.

It turns out that reactive GRASP can provide benefits over traditional GRASP while adding
little additional overhead. Since more options are available, the program can tailor itself to
produce improved solutions by varying the size of Restricted Candidate List [10].

NUMERICAL RESULTS

GRASP was tested on three networks which were first introduced by Wang & Ansari [21], and
have since become the default test cases for broadcast scheduling heuristics. These examples
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Figure 3. (a) 15 station network. (b) 30 station network. (c) 40 station network.

include a 15, 30, and 40 station network having varying densities. These networks can be seen
in Figure 3.

Figure 4 is a comparison of network utilization versus time for the two GRASP heuristics
for the 40 station network. It can be seen that reactive GRASP with path relinking (RG+PR)
converges much faster than the standard GRASP. Also, the RG+PR heuristic results in a better
solution than standard GRASP. With the additional steps of reactivity and path relinking there
is the common exchange of higher computation time yielding a better quality solution. However,
this trade-off is minimal since higher quality solutions are found in the early iterations of the
enhanced procedure.

Comparative results for the test cases are given in Figure 2. The algorithms tested are
GRASP (G) and reactive GRASP with path relinking (RG+PR). Results from these heuristics
are compared with the sequential vertex coloring (SVC) algorithm from [22] and the mean field
annealing (MFA) heuristic from [21].

Notice that both GRASP heuristics attain the optimal frame lengths for all test cases. Also,



standard GRASP achieves solutions at least as good as the MFA and SVC algorithms. The
enhanced GRASP routine outperforms the other heuristics for all test cases. It is not known
whether these solutions are optimal for these relatively small test cases or not. It would be
interesting to formulate the BSP as an integer programming problem and use a commercial IP
solver to determine the optimal solution.

Figure 4. Time to solution comparison for standard GRASP and Reactive GRASP with Path Relinking for 40 station
example.

CONCLUSIONS

In this article, we introduced the Broadcast Scheduling Problem as an important NP-complete
problem which arises in the implementation of wireless ad-hoc networks and plays a crucial role
in telemetry systems. We presented several variants of the Greedy Randomized Adaptive Search
Procedure (GRASP) and analyzed the results on some well-known test cases. When compared
to other heuristics in the literature, the standard GRASP is the better performer. The solutions
are then increased by the application of reactive GRASP and the post-optimization step of path
relinking. For further research, it would be interesting to see the performance of the enhanced
GRASP metaheuristics on some larger graphs, such as those provided by Commander, et. al in
[4].
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ABSTRACT 
 
Multiple-input multiple-output (MIMO) communication systems are attracting attention because 
their channel capacity can exceed single-input single-output systems, with no increase in 
bandwidth.  While MIMO systems offer substantial capacity improvements, it can be challenging 
to characterize and verify their channel models.  This paper describes a software MIMO channel 
simulator with a graphical user interface that allows the user to easily investigate a number of 
MIMO channel characteristics for a channel recently proposed by the 3rd Generation Partnership 
Project (3GPP). 
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INTRODUCTION 
 
The telemetry community is under increasing pressure to use spectrally efficient modulation 
techniques.  The cellular telephone industry has also been grappling with this problem, and is 
investigating using multiple antenna elements at both the base station (BS) and mobile station 
(MS) [1].  It has been shown that, theoretically, systems using multiple antenna elements can 
achieve significantly higher data rates than systems using single element antennas, while still 
using the same bandwidth.  Achieving this theoretical performance improvement in practical 
systems is a significant challenge. 
 
Areas of research interest for multiple antenna systems include antenna design, digital signal 
processing algorithms, receiver design, and channel modeling.  This work is concentrates on 
developing a channel simulator which allows a user to easily investigate the characteristics of a 
multiple input multiple output (MIMO) channel models.  One of the commonly used models was 
developed by the 3rd Generation Partnership Project (3GPP) [2].  This proposed channel model is 
different from most existing channel models in the literature as channel matrix elements are time 
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varying quantities due to motion of the mobile user.  This is of course an important consideration 
for many telemetry applications.  The simulator allows channel capacity to be evaluated for 
several different propagation environments.  The effect of various channel parameters on channel 
capacity and other general properties of the channel can be easily examined as well. 
 
The following section provides a brief introduction to concepts and terminology of MIMO 
communication systems.  A summary of the 3GPP MIMO channel model under investigation is 
then presented.  The MIMO channel simulator is described next, followed by some typical 
simulation results.  Finally, the work completed here is summarized in the conclusion. 
 
 

MIMO COMMUNICATION SYSTEMS 
 

A wireless MIMO communication system consists of multiple transmit and receive antennas.  
The number of transmit antennas is denoted S  and the number of receiving antennas is denoted 
U .  In simplest form, the MIMO transmitter divides a serial data stream (the signal to be 
transmitted) into S  parallel data streams.  Each parallel data stream is transmitted 
simultaneously by one of the  transmitter anteS nna elements.   
 
As  a  simple  example,  consider  the  case  of 2S = , 2U = , and the message to be transmitted is 
the sequence .  Figure 1 shows how the serial data sequence is parallelized and 
which symbols are transmitted by each antenna element.  Each antenna element transmits in an 
omnidirectional manner with equal power.  The transmitter simultaneously transmits  data 
symbols during time intervals defined by Equation (1): 

1 2 3 4{ , , , ,...}m m m m

S

 
  (1) ( )( 1) ,   1,2s si T iT i− = K

 
The message symbol transmitted by the  element during the  time interval is defined by 
Equation (2): 

ths thi

 
 ( 1)s i Sm + −  (2) 
 
Thus, for the time interval of (0, )sT , transmitter element one is transmitting symbol  and 
transmitter element two is transmitting symbol .  For the time interval of 

1m

2m ( , 2 )s sT T , transmitter 
element one is transmitting symbol  and transmitter element two is transmitting symbol , 
etc.  The data symbols transmitted by each antenna element can be seen in Figure 1.  At the 
receiver, each antenna element receives a signal containing a combination of the currently 
transmitted data symbols.  The signal received by the  element during the  time interval is 
defined as: 

3m 4m

thu thi

 
 ( )1 ( 1) 2 ( 1) ( 1), ,u i S i S U i Sr m m m+ − + − + −K  (3) 
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Figure 1 - A Simple MIMO System 

 
 
Note the dependence on all currently transmitting message symbols.  For example, during the 
time interval (0, )sT , receiver element one receives a signal that is a function of  and  and 
is denoted by .  Similarly, receiver element two receives a signal that is a function of 

 and  and is denoted by .  Each receiver element receives a signal containing 
functions of the same data symbols (  and ).  Although both received signals are functions 
of the same data symbols, the received signals are different due to spatial diversity of the 
transmitting antenna elements (i.e. the transmit antenna elements are spaced as some multiple of 
a carrier wavelength) or the multipath environment at the mobile. 

1m 2m

1 1 2( , )r m m

1m 2m 2 1 2( , )r m m

1m 2m

 
Assuming flat fading, the propagation environment between each combination of transmit and 
receive antenna elements can be described by a complex quantity denoted suh .  The subscript 
indicates the applicable transmit and receive antenna elements.  For instance,  is a complex 
quantity describing the channel gain and phase shift between element one of the transmitter and 
element two of the receiver. 

12h

 
Continuing with the  case, the propagation environment or channel between transmitter and 
receiver antennas can be described by a  matrix denoted H .  The channel matrix, H , has 
elements, 

2 2x
2 2x

suh , which are complex.  The channel matrix in this case is: 
 

  (4) 11 12

21 22

h h
h h
⎛ ⎞

= ⎜
⎝ ⎠

H ⎟

 
With the channel properly defined, exact expressions for the received signal at each receive 
antenna element can be written.  To simplify discussion a noiseless case is first considered.  
Using Equation (4), the received signal at receiver element one is  and 
the received signal at receiver element two is 

1 1 2 11 1 21 2( , )r m m h m h m= +

2 1 2 12 1 22 2( , )r m m h m h m= +  for the time interval of 
(0, )sT .  This can be written in vector form as: 
 
 T=r H m  (5) 
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where  is the  received signal vector,  is the Ur 1U × H S×  channel matrix, and  is the m 1S ×  
transmitted message vector.  If the channel matrix  is known or estimated accurately, perhaps 
through a training sequence, Equation (5) is simply a linear system of two equations and two 
unknowns,  and .  As long as the equations are independent the original message symbols 
can be recovered even though they were transmitted simultaneously.  The ability to break a serial 
data stream into parallel branches, transmit simultaneously on the same frequency, and still 
recover the original message is key to achieving large data rates over a fixed bandwidth.  This 
example is greatly simplified but it demonstrates the fundamental concept of MIMO 
communication systems. 

H

1m 2m

 
Under the more realistic assumption of additive complex Gaussian noise, the received signal is: 
 
 T= +r H m n  (6) 
 
where  is a  vector of independent and identically distributed (i.i.d.) complex Gaussian 
random variables.  The general form of the channel matrix is: 

n 1U ×

 
 

  (7) 
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This MIMO signal model will be used in the remainder of this work.  This signal model 
describes a single user communicating over a flat fading channel with additive white Gaussian 
noise.  Current results for MIMO communication systems and channels are most often for single 
user environments, although some work does exist for specific multi-user cases [3]. 
 
To extract the original message in the presence of noise, the effect of noise on the demodulation 
process, the type of receiver used, estimation of the channel matrix and other problems must be 
addressed.  System specific details and algorithms will not be discussed in this work.  Although 
the message extraction process is more complicated, the fundamental concept of the noiseless 
case still applies: Spectral and temporal overlap of message symbols for achieving high data 
rates with limited spectrum. 
 
 

THE 3GPP STANDARD MIMO CHANNEL 
 
The 3GPP technical report [2] detailing the MIMO channel model investigated in this work 
allows generation of channel matrices for an elementS −  linear BS array and a elementU −  
linear MS array.  The propagation environment between the BS and MS is described by  
multipath components, where  for each of three possible simulation environments: 

N
6N =

 4



suburban macrocell, urban macrocell, and urban microcell.  Each multipath component is 
described by a  matrix whose elements are complex quantities. S U×
 
The standard MIMO channel consists of numerous user and system parameters.  The various 
geometric channel parameters, including antenna array orientation, line of site (LOS) direction, 
angle of arrival (AoA), angle of departure (AoD), and other relative measurements between the 
BS and MS have been tabulated in Table 1. Other details of the channel, including a figure of the 
antenna geometries, and important environment parameters can be found in [2].  Detailed 
algorithms for generating channel matrices from these parameters can be found in [4]. 
 

Table 1 - MIMO Channel Geometric Parameters

Parameter Description 

BSΩ  

 
BS antenna array orientation, defined as the difference between the 
broadside of the BS array and the absolute North (N) reference direction. 
 

BSθ  

 
LOS AoD direction between the BS and MS, with respect to the 
broadside of the BS array. 
 

,n AoDδ  AoD for the  ( 1nth )Nn = K  path with respect to the LOS AoD BSθ . 

, ,n m AoD∆  
Offset for the  mth ( 1m M )= K  subpath of the  path with respect to nth

,n AoDδ . 

, ,n m AoDθ  
Absolute AoD for the  mth ( 1m M )= K  subpath of the  path at the 
BS with respect to the BS broadside. 

nth

MSΩ  
MS antenna array orientation, defined as the difference between the 
broadside of the MS array and the absolute N reference direction. 

MSθ  Angle between the BS-MS LOS and the MS broadside. 

,n AoAδ  AoA for the  ( 1nth )Nn = K  path with respect to the LOS AoA 0,MSθ . 

, ,n m AoA∆  
Offset for the  mth ( 1m M )= K  subpath of the  path with respect to nth

,n AoAδ . 

, ,n m AoAθ  

 
Absolute AoA for the  mth ( 1m M )= K  subpath of the  path at the 
MS with respect to the BS broadside. 

nth

 
v  MS velocity vector. 

vθ  

Angle of the velocity vector with respect to the MS broadside. 
arg( )vθ = v  
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THE MIMO CHANNEL SIMULATOR 
 

The graphical user interface (GUI) MIMO channel simulator can be seen in Figure 2.  This 
interface allows the various propagation environments and parameters to be easily changed by 
the user.  After simulation the results can be viewed and saved from within the interface.  Among 
other things, the simulation results include the time varying equal power capacity [5], the time 
varying water filling capacity [1,6], and time variation characteristics of the channel matrix 
elements. 
 
This software also allows Monte Carlo simulations with user specified length, propagation 
environment, and channel parameters to be easily performed.  This type of simulation is useful in 
obtaining good bounds on channel capacity for specific instances of environment and channel 
condition.  Simulations that compare the effect of an individual channel parameter on channel 
capacity can also be performed.  Since there are numerous channel parameters, these simulations 
are useful in observing how a single parameter affects channel capacity.  These types of 
simulations are discussed in detail in the following section. 

 
Figure 2 – MIMO Channel Simulator GUI 
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MIMO CHANNEL COMPARATIVE SIMULATIONS 
 

The MIMO channel simulator allows comparative simulations to be easily performed.  This type 
of simulation holds all channel parameters constant (or as many as possible) and varies just a 
single channel parameter.  This allows the effect of a single channel parameter on the channel 
capacity and channel behavior to be easily observed.  Comparative simulations for MS velocity 
magnitude, average signal-to-noise ratio, number of antenna array elements, and line-of-sight 
strength were run and the results are discussed below. 
 
Velocity Magnitude: The effect of MS velocity magnitude on channel capacity and the time 
variation of the channel matrix coefficients can be observed with this simulation.  A typical 
result can be seen in Figure 3.  This figure shows the magnitude of the channel matrix 
coefficients as a function of time.  The simulation results are from a suburban macrocell 
environment with 2-element BS and 2-element MS arrays for MS velocities of 5m/s and 15m/s.  
As expected, this figure shows that channel matrix elements of the MS with a larger velocity 
magnitude change at a much faster rate.   
 
Signal-to-Noise Ratio:  The MIMO channel simulator allows the average signal-to-noise ratio 
(SNR) at the mobile antenna elements to be changed easily.  The average SNR has a significant 
impact on channel capacity.  This simulation allows the effect of SNR on channel capacity to be 
observed.  Typical results for this type of simulation can be seen below in Figure 4.  This figure 
shows the equal power capacity complementary cumulative distribution functions (CCDFs) for 
various values of SNR in an urban microcell environment.  As expected, as SNR increases, the 
capacity CCDFs shifts to the right.  All other channel parameters were held constant. 

 
 

Figure 3 - Channel Coefficient Magnitude Velocity Comparison 
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Figure 4 – Effect of Signal-to-Noise Ratio 
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Number of Array Elements:  The number of antenna elements used at the BS and MS has a 
significant impact on channel capacity.  It has been shown that channel capacity is proportional 
to the minimum number of antenna elements at the BS or MS [1].  Thus, increasing the number 
of antenna elements can significantly increase capacity.  This simulation allows the effect of 
changing the number of antenna elements on channel capacity to be observed.  Figure 5 shows 
typical simulation results for this type of simulation in a suburban macrocell environment. 

 
Figure 5 – Effect of Number of Array Elements 
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Line-of-Sight Strength:  Line-of-Sight (LOS) strength has been shown to have a detrimental 
effect on channel capacity in MIMO communication systems [7,8].  The effect of LOS strength 
on the channel capacity can be easily investigated with this type of simulation.  Typical 
simulation results can be seen below in Figure 6 for an urban microcell environment.  This figure 
shows how channel capacity decreases as the K factor (i.e. percentage of power in the LOS 
component) increases.  All other channel parameters were held constant. 
 

Figure 6 – Effect of LOS Strength 
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CONCLUSION 

 
This paper has provided an introduction to MIMO communication systems and a software 
MIMO channel simulator that has been implemented in MATLAB.  This software can estimate 
channel capacity via simulation for specific propagation environments and channel conditions of 
the 3GPP standard MIMO channel.  As seen in the examples above, this simulator is also a 
useful tool for investigating the effect of individual channel parameters on channel capacity, and 
investigating other general properties of the channel.  An in-development version of the 
simulator may be obtained by contacting the author at panagos@umr.edu.  
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ABSTRACT 
 
One approach to improving spectrum usage efficiency is to manage the scheduling of frequencies 
more effectively.  The use of metrics to analyze frequency scheduling could aid frequency managers 
in a variety of ways.  However, the basic question of what is a good metric for representing and 
analyzing spectral usage remains unanswered.  Some metrics capture spectral occupancy.  This 
paper introduces metrics that change the focus from occupancy to availability.  Just because 
spectrum is not in use does not mean it is available for use.  A significant factor in creating unused 
but unusable spectrum is fragmentation.  A mission profile for spectrum usage can be considered a 
rectangle in a standard time versus frequency grid.  Even intelligent placement of these rectangles 
(i.e., the scheduling of a missions spectrum usage) can not always utilize all portions of the 
spectrum.  The average typical mission availability (ATMA) metric provides a way of numerically 
answering the question: Could we have scheduled another typical mission?  This is a much more 
practical question than: Did we occupy the entire spectrum?  If another mission couldn’t have been 
scheduled, then the entire spectrum was effectively used, even if the entire spectrum wasn’t 
occupied. 
 
 

KEYWORDS 
 

Frequency Management, Spectrum, Metrics, Frequency Scheduling, Fragmentation 
 
 

INTRODUCTION 
 
In its daily incarnation, frequency management is the process of scheduling blocks of frequencies 
and time in a non-interfering fashion.  The unit of scheduling is a mission profile, which is a single 
contiguous block of frequencies over a contiguous period of time.  Thus, geometrically, a mission 
profile can be considered a rectangle in a time vs. frequency grid.  Figure 1 shows such a grid with 
four mission profiles scheduled.  A fifth potential mission that conflicts with one of the already 
scheduled missions is also shown.  This conflict is geometrically illustrated by the overlap of the 
rectangles. 
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A significant concern in frequency scheduling is that of spectrum fragmentation.  (This is virtually 
identical to the concept of disk fragmentation on a computer.)  The placement of mission profiles 
can easily lead to a fragmentation of the domain into pieces that are not usable.  For example, the 
potential new mission in figure 1 can not be scheduled anywhere without conflicting with the 
missions already scheduled. Within this example, a simple solution is to move the left-most mission 
down a notch or two and everything fits just fine.  However, real world applications may have tens 
or hundreds of missions so that deciding what rectangles to move may not always be immediately 
obvious.  In fact, many people spend all day trying to deconflict frequency schedules. 
 
There are a variety of reasons why scheduling frequencies is hard.  One reason is simply that 
scheduling is a mathematically difficult problem.  This scheduling problem is an example of a 
dynamic bin packing problem.  Technically, such problems are NP-hard, meaning that they are 
exponentially difficult and, in the worst case, computers could take years or centuries to find optimal 
solutions.  Other realities that make frequency scheduling difficult include: not all radios are tunable; 
missions often require multiple frequency ranges; changes require coordination, time, and often have 
cascading effects; frequency isn’t the only thing that has to be rescheduled; prioritizations are not 
always well established; and a variety of other reasons. 
 

2200
2205
2210
2215
2220
2225
2230
2235
2240
2245   Existing Missions
2250
2255   Potential New Mission
2260
2265
2270
2275
2280
2285
2290

0:
00

1:
00

2:
00

3:
00

4:
00

5:
00

6:
00

7:
00

8:
00

9:
00

10
:0

0

11
:0

0

12
:0

0

13
:0

0

Time (Hours)

Fr
eq

ue
nc

y 
(M

H
z)

X

Y

 
Figure 1 – Time vs. Frequency Grid with scheduled and conflicting missions.1 

____________________ 
1 The mission profiles in all examples are fictional.  In particular, most of the profiles are larger than in practice.  They are provided for illustration of 
the concepts only. 
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Because of the difficulties of scheduling, the reality is that the spectrum gets fragmented and not all 
of the spectrum is used.  The questions addressed in this paper are: What metrics capture how well 
the scheduling was done considering the reality of fragmentation?  How do we generate a numerical 
measure of whether or not another mission could have been scheduled?  In other words, was there a 
usable portion of the spectrum available? 
 
 

MISSION AVAILABILITY METRICS (FIXED TILE METHODS) 
 
Focusing on the idea of whether a new mission profile will fit into a grid with already scheduled 
missions, one approach is simply to try every possible position and see if a conflict is created.  That 
is, think of the mission profile as a fixed size, rectangular, tile and see if it fits into the jigsaw puzzle 
anywhere.  Although, the question isn’t just: Can a particular mission profile fit somewhere?  The 
question is more about quantifying probabilities of scheduling missions in general.  So a next level 
use of the fixed tile approach is to ask: How many places can a mission profile be placed?  This 
allows the calculation of a probability by dividing the number of places a mission profile can be 
scheduled without conflict by the total number of possible placements. 
 
Depending on what restrictions are applied, there are several metrics that can be defined.2  The fixed 
tile approach can also be used to define spectral fragmentation. 
 

1. Time Required Mission Availability (TRMA).  The probability of scheduling a mission given 
a mission profile and a required start time, but not a required frequency.   

2. Frequency Required Mission Availability (FRMA).  The probability of scheduling a mission 
given a mission profile and a required frequency, but not a required start time.   

3. Ad Hoc Mission Availability (AHMA).  The probability of scheduling a mission given a 
mission profile and flexibility in both frequency and start time. 

4. Average Typical Mission Availability (ATMA).  Most users doing frequency scheduling 
have more than one typical mission profile.  ATMA is the average of the AHMA for all 
typical mission profiles.  (Although, certainly you could average any of these metrics.) 

5. Percent Fragmentation. Define a portion of the frequency-time domain to be fragmented if 
that portion is not usable to schedule a typical mission profile.  Percent fragmentation can 
then be calculated as the percent unusable out of the total domain or as the percent unusable 
out of the portion of the domain not already scheduled.  Since this is defined for a specific 
mission profile, the final percent fragmentation is defined to be the average fragmentation for 
all typical mission profiles. 

 
The following sections provide a detailed example of ATMA, which the author puts forth as the 
most useful of these metrics for answering the questions: Could another mission have been 
scheduled? and Has the spectrum been scheduled efficiently?  ATMA requires the introduction of 
“typical” mission profiles.  This allows individual users to customize some of the metrics to their 
particular environment by identifying what their most common mission profiles are.  Another 
customizable aspect for all these metrics is the definition of both the total frequency available and 

____________________ 
2 These and the ma ximum availability metrics listed have all been formally defined by the author. 
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the portion of the day used for the calculations.  In order to give an example of ATMA, an example 
of AHMA must be given first since ATMA is the average of AHMAs. 
 
 

AD HOC MISSION AVAILABILITY (AHMA) 
 
AHMA is the probability of scheduling a mission given a mission profile and flexibility in both 
frequency and start time.  A supporting metric is an absolute count of the available (frequency, start 
time) pairs the mission can be scheduled at.  Numeric interpretations of AHMA include: 
 

1. AHMA > 0 means the mission can be scheduled for some (frequency, start time) pair.  
2. AHMA = 1 means there are no other missions scheduled in the frequency and start time 

ranges.   
3. The greater AHMA is, the more flexibility there is to schedule the mission. 

 
Predetermined inputs to the algorithm 
 

1. Required bandwidth 
2. Required duration 
3. Available frequency range 
4. Available mission time range 
5. Existing scheduled missions 

 
Algorithm 
 

Calculate earliest and latest start times from available mission time range and required 
duration. 
Calculate lowest and highest frequency from available frequency range and required 
bandwidth. 
Set dT to the minimum time increment (1 hour in this example.) 
Set dB to the minimum bandwidth increment (5 MHz in this example.) 
 
available count = 0 
for start time = earliest start time to latest start time step dT 
 for frequency = lowest frequency to highest frequency step dB 
  if schedulable then 
   Available count = Available count + 1 

end if 
 end for 

end for 
 
number of available start times = (latest start time – earliest start time ) / dT 
number of available frequencies = (highest frequency – lowest frequency) / dB 

 Number of (frequency, start time) pairs  
  = number of available start times * number of available frequencies 
 AHMA = available count / number of (frequency, start time) pairs. 
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Note that AHMA  = Average TRMA over all available frequencies 
  = Average FRMA over all available start times. 

 
 

SPECIFIC EXAMPLE OF AHMA 
 
Given these inputs to the algorithm: 
 

1. Required bandwidth  15 MHz 
2. Required duration  5 hrs 
3. Available frequency range 2200 – 2295 MHz 
4. Available mission time range 0000 – 1400 
5. Existing scheduled missions (See figure 1.) 

 
Then: 
 
Earliest start time = 0000 
Latest start time = 0900 
Lowest frequency = 2200 
Highest frequency = 2280 
Number of available start times = 10 (using dT = 1 hr) 
Number of available frequencies = 16 
Number of available (frequency, start time) pairs = 160 
Available Count = 33 (10 times at 2200 MHz, 1 time at 2235 MHz, 5 times at 2205 MHz, 5 times at 
2210 MHz, and 3 times each at 2265, 2270, 2275, and 2280 MHz)  
AHMA = 33/160 = 0.21 (or 21%) 
 
The first four iterations of the algorithm for this example are illustrated in figure 2.  Place a 
rectangular tile, 15 MHz by 5 hrs, into the grid at the earliest start time, 0000, and at the lowest 
frequency, 2200.  The tile does not intersect any other scheduled missions, so increment the 
available count to 1.  Then move the tile down 5 MHz (dB). The tile intersects an already scheduled 
mission so do not increment the available count.  Continue moving the tile down 5 MHz at a time.  
The tile continues to intersect a scheduled mission until the lowest frequency used by that tile is 
2765 MHz.  At which point the available count starts to be incremented again.  After the tile reaches 
2280 MHz, the algorithm resets the frequency and increments the start time by 1 hour (dT).  Then 
the inner iteration of walking the tile down the frequencies repeats.  This continues until all the 
possible (frequency, start time) pairs have been checked for availability. 
 
 

AVERAGE TYPICAL MISSION AVAILABILITY (ATMA) 
 
This calculates the average AHMA for several typical mission profiles.  This is a summary statistic 
that gives a one number estimate of the probability of scheduling a typical mission on an ad hoc 
basis.  Numeric interpretations of ATMA include: 
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1. ATMA low (near 0) means a very low probability of scheduling an ad hoc mission.  Also 
indicates a schedule that is very full or very fragmented.   In other words, scheduling a 
mission would require major rework of existing scheduled missions. 

2. ATMA high (near 1) means high probability of scheduling an ad hoc mission.   
3. The greater ATMA is, the more flexibility there is to schedule a mission. 
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Figure 2 – Moving the fixed tile to calculate AHMA 
 
Predetermined inputs to the ATMA algorithm 
 

1. Predefined typical mission profiles },...,1:),{( nidb ii = , where the bi are bandwidths in MHz 
and the di are durations in hours 

2. Available frequency range 
3. Available mission time range 
4. Existing scheduled missions 
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Algorithm 
 

 ATMA = 
n

dbAHMA
n

i
iiå

=1

)),((
 

 
 

SPECIFIC EXAMPLE OF ATMA 
 
Given these inputs to the algorithm: 
 

1. Predefined typical mission profiles  {(5 MHz, 3 hrs), (15 MHz, 5 hrs), (20 MHz, 11 hrs)} 
2. Available frequency range  2200 – 2295 MHz 
3. Available mission time range  0000 – 1400 
4. Existing scheduled missions  (See figure 1.) 

 
ATMA = (118/228 + 33/160 + 0/64) / 3 = 0.07  
 
That is, there is only about a 7% chance of scheduling a typical mission.  
 
 

COMPARISON TO PERCENT OF OCCUPANCY (PO) 
 
In order to appreciate the significance of ATMA, it is useful to compare it to percent of occupancy 
(PO) which is based on how much of the spectrum is actually being used.  Specifically, PO is 
calculated by dividing the amount of the spectrum used by the total available spectrum.  In the 
example used previously there are four mission profiles: {(50, 2), (10, 2), (5, 5), (35, 3)}.  These 
make a total occupancy of 100 + 20 + 25 + 105 = 250 MHz.  There is a total available occupancy of 
95 MHz x 14 Hours = 1330 MH.  This results in a PO of 250/1330 = 0.19 or 19%. 
 
A 19% occupancy gives the impression that 81% of the spectrum is available for use.  But, as we can 
see from the ATMA calculations, there is only a 7% chance of scheduling a typical mission!  This 
illustrates dramatically the effects of fragmentation on scheduling and the main thesis of this paper.  
Just because spectrum is not occupied does not mean it is usable.  Just because there is a low overall 
occupancy does not mean that the spectrum is being used inefficiently. 
 
 

MAXIMUM AVAILABILITY METRICS (VARIABLE TILE METHODS) 
 
Instead of asking whether a particular mission profile can be scheduled it might be desirable to ask 
how large a profile can be scheduled.  This question can be answered by using a similar method of 
looking at all possibilities, but this time, instead of using fixed-size tiles, the tiles are varied in size 
until they intersect existing scheduled missions.  For example, to find the largest possible mission 
profile that can be scheduled at time 0:00 and 2290 MHz, start by placing a 1x1 tile in that location.  
If that doesn’t intersect a scheduled mission, then try a 1x2 tile, and then a 1x3 tile, etc. until the tile 
does intersect.  At that point, say at a 1x19 sized tile, then start increasing in the X direction and try a 
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2x19 tile.  With a carefully crafted algorithm that checks all possible tiles, the largest such tile (or 
mission profile) can be found.  In the example illustrated by Figure 2, the largest tile that can be 
placed at time 0:00 and 2290 MHz is a 7x6 tile representing a mission profile of 7 hours by 30 MHz.  
It is the largest mission profile in the sense of largest mission occupancy, which is calculated by 
multiplying the time by the bandwidth.  In this case, the mission occupancy is 210 MHz hrs. 
 
Just as with the fixed tile methods, there are several variant me trics that can be defined. 
 

1. Maximum Available Duration (MAD).  The longest possible duration a mission can be 
scheduled for a given start time and required bandwidth. 

2. Maximum Available Bandwidth (MAB). The largest possible bandwidth a mission can be 
scheduled with for a given start time and required duration. 

3. Maximum Available Mission Occupancy (MAMO).  The mission profile with the largest 
mission occupancy that can be scheduled for a given start time and frequency. 

4. Maximum MAMO.  The maximum MAMO over a set of start times and frequencies. 
5. Averages for each of these over a set of start times and frequencies can also be calculated. 

 
 

USE OF THESE METRICS 
 
There are always many ways to use these and other metrics.  Here are some suggestions. 
 
Availability Trend Analysis 
 
Many of these metrics could be used for long term planning – in both time and frequency domains.  
For example, if average AHMA for evenings or weekends is extremely high while average AHMA 
during normal workdays is nearly 0, then the metrics would indicate the need for more flights 
scheduled during evenings and weekends.  Similarly, comparisons of AHMA for L and S bands 
could indicate the need to migrate one way or the other. 
 
Another use would be in analyzing future ability to support a large program.  For example, consider 
the situation where a new program appears.  It is likely they will be able to provide an estimate of 
spectrum requirements over the life of the project.  There will be existing projects that will continue 
to operate over all or part of the time period of this new project.  It would be possible to take the 
requests that these existing projects have made and forecast their future usage.  Add these to the new 
project’s estimates.  Run scheduling algorithms over future time periods and see what kinds of 
availability metrics are returned.  If general availability is low, there should be real concern that the 
new project could not be supported and that further efficiency efforts should be implemented. 
 
Defense Against Further Spectrum Reduction 
 
This is certainly one of the driving forces for introducing these metrics.  Actual percent of 
occupancy has never been, and probably never will be, 100 percent for Test and Evaluation (T&E) 
purposes (except possibly for short periods of time.)  This makes defending usage difficult. 
However, this doesn’t change the fact that when the T&E community needs spectrum, either the 
spectrum is available or the mission doesn’t happen.  A proactive approach to spectrum defense is to 
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present spectral usage data in a manner that captures the full complexity of the problem.  
Availability metrics are an attempt to do so. 
 
As has been shown in the examples, availability may be very small even with a very small percent of 
occupancy.  Although actual implementation of these metrics will provide the real answer, it is 
expected that most of the availability metrics are close to zero over normal operational times.  This 
should help illustrate numerically that the T&E community is not wasting spectrum; that the 
spectrum is, in fact, being used efficiently within the working constraints of the discipline.    
 
Real Time Reassignment Aids 
 
To the person on the front line trying to schedule missions, the mission availability metrics could be 
useful, especially if the specific time and frequency choices were returned in addition to the counts.  
That is, instead of having to manually search for possible positions to schedule a requested mission, 
it would be quite useful if the schedulers could be provided with all possible choices. The maximum 
availability metrics could also be helpful, especially for ad hoc requests for projects that are willing 
to take what they can get. 
 
Scheduling Algorithm Analysis 
 
This may be wishful thinking, but it would be nice if the scheduling process could be automated or, 
at least, semi-automated.  That is, are there algorithms that can help increase scheduling efficiency in 
both manpower and number of missions scheduled?  Several of the metrics identified could be used 
for static analysis.  That is, given a set of either past requests, fictional requests, or projected 
requests, it would be possible to run several algorithms and compare the resulting metrics.   
 
 

DISCUSSION 
 
To a certain extent, these metrics have been developed by starting with a couple of algorithmic ideas 
and defining the various metrics that come out of the process.  However, these metrics also have 
been developed starting from the idea that, just because a portion of the spectrum is not occupied, 
doesn’t mean that it is not used efficiently.  A phrase that helps codify this is: “Use” is “denial to 
others.”  A simple example of this is that when you schedule a block of frequencies, no one else can 
use it whether you do or not.  A more complicated example is fragmentation.  If, all constraints 
considered, a fragmented but unused portion of the spectrum can not be used by a particular mission, 
that mission has been denied use of that portion of the spectrum.  Hopefully, these ideas illustrate 
that a metric based solely on spectral occupancy is a somewhat uninformed metric. 
 
Availability metrics are not currently in use.  There is some potential for them to be incorporated 
into the Integrated Frequency Deconfliction System (IFDS), but a final decision has not been made.  
The frequency management community is engaged in a discussion of how to present spectral usage 
to the world. There are certainly other metrics or variants to be considered, but the author believes 
that the idea of availability, rather than occupancy, is a valid and strong candidate for capturing 
actual scheduling efficiency.  
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ABSTRACT

The impact of frequency selective multipath fading on the bit error rate performance of ARTM

Tier-1 waveforms (FQPSK and SOQPSK) is derived and analyzed. In the presence of a strong

specular reflection with relative magnitude|Γ1|, the ARTM Tier-1 waveforms suffer a loss in per-

formance of(1−|Γ1|)−4
√
|Γ1| for |Γ1| < 0.5 and a relatively high error floor at approximately10−2

for |Γ1| ≥ 0.5. The ARTM Tier-1 waveforms possess twice the spectral efficiency of PCM/FM,

but exhibit a greater loss and higher error floors than PCM/FM for the same multipath conditions

and signal-to-noise ratio.
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INTRODUCTION

The Advanced Range Telemetry (ARTM) program [1] was launched by the Central Test and

Evaluation Investment Program (CTEIP) in 1997 to identify more bandwidth efficient modulation

formats compatible with fully saturated non-linear amplifiers for use on aeronautical telemetry

channels. Modulation formats with improved spectral efficiency were selected in two phases. In

the first phase, Feher-patented QPSK (FQPSK) [2] and a compatible variant of the MIL-STD 188-

181 Shaped Offset QPSK (SOQPSK) [3] were selected. These two modulation formats, known

collectively as “ARTM Tier-1 Waveforms,” have twice the spectral efficiency as PCM/FM [4],

even when used with non-linear power amplifiers.



As the data rates used for aeronautical telemetry have increased, the multipath interference has

become increasingly frequency selective and has proven to be the dominant channel impairment.

A model for the multipath in aeronautical telemetry is described in [5] where it was shown that

the dominant feature is a “ground bounce” with complex amplitudeΓ1 and delayτ1. The effect

of frequency selective multipath interference on PCM/FM was analyzed [6] where it was shown

that the loss in bit error rate performance (relative to the AWGN-only environment) is bounded by

(1− |Γ1|)−2|Γ1|.

In this paper, we analyze the effect of frequency selective multipath on the ARTM Tier-1 wave-

forms. We show that in the presence of a strong specular multipath reflection with magnitude|Γ1|,
the loss in performance for FQPSK is(1 − |Γ1|)−4

√
|Γ1| for |Γ1| < 0.5. An error floor at approxi-

mately10−2 occurs for|Γ1| ≥ 0.5. A performance analysis of FQPSK is outlined in the analysis

section and numerical results are presented in the performance. The relationship between FQPSK

and SOQPSK is discussed briefly in the section of soqpsk, and the conclusions are presented.

ANALYSIS

Feher-patented QPSK (FQPSK) [7] is a variant of offset QPSK where the inphase and quadra-

ture components of the modulated waveform are cross correlated to produce a quasi-constant en-

velope signal [8, 9]. Following Simon [9], the FQPSK waveform may be expressed in terms

of a set of 16 baseband pulse shapesSm(t) for m = 0, 1, . . . , 15. During the symbol interval

nTs ≤ t ≤ (n+1)Ts, the waveformSi(n)(t−nTs) is used to amplitude modulate the inphase com-

ponent of the carrier. Likewise, during the interval(n + 1/2)Ts ≤ t ≤ (n + 3/2)Ts, the waveform

Sq(n)(t− (n−1/2)Ts) is used to amplitude modulate the quadrature component of the carrier. The

indicesi(n), q(n) ∈ {0, 1, . . . , 15} are determined by the input data streams as described in [9].

The complex baseband FQPSK waveform may be represented as

f(t) =
√

Eb

∑
n

[
Si(n)(t− nTs) + jSq(n)(t− (n + 1/2)Ts)

]
(1)

whereEb is the average bit energy andTs is the symbol period (or reciprocal of the symbol rate).

We assume the FQPSK waveform is transmitted over the aeronautical telemetry channel [5]

whose impulse response is

h(t) = δ(t) + Γ1δ(t− τ1) + Γ2δ(t− τ2). (2)

The second and third and third terms on the right-hand side of (2) represent two multipath reflec-

tions with complex amplitudesΓ1 = Γ1I + jΓ1Q andΓ2 = Γ2I + jΓ2Q and delaysτ1 and τ2,

respectively, as described in [5].
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Figure 1: Symbol-by-symbol detector for FQPSK and SOQPSK using a simple detection filter.

When the FQPSK waveform (1) is transmitted through the channel (2), the received signal may

be represented as

r(t) = f(t) ∗ h(t) + w(t) (3)

= f(t) + Γ1f(t− τ1) + Γ2f(t− τ2) + w(t) (4)

wherew(t) = wI(t)+jwQ(t) represents the additive thermal noise which is modeled as a complex-

valued Gaussian random process where the real and imaginary processes each have zero mean and

power spectral densitiesN0/2 W/Hz.

The optimal detector is a sequence detector using a trellis that accounts for the possible combi-

nations of waveforms determined by the memory of the waveform mapper [9]. In practice, symbol-

by-symbol detection is used since this type of detector is compatible with generic offset QPSK and

shaped-offset QPSK [10]. The symbol-by-symbol detector is illustrated in Figure 1. After rotation

by the carrier phase synchronizer, the received waveform is filtered by a detection filter with im-

pulse responseg(t) that is normalized to unit energy (i.e.
∫∞
−∞ |g(t)|2dt = 1). Integrate-and-dump

detection is realized when

g(t) =





√
1
Ts

0 ≤ t ≤ Ts

0 otherwise
. (5)

The complex output of the detection filter isZ(t) = ZI(t) + jZQ(t). The real part of the

filter output is sampled att = kTs and the imaginary part of the detection filter is sampled at

t = (k + 1/2)Ts to form an ordered pair which is used for detection.



The inphase component of the detection filter output may be expressed as

ZI(t) =
√

Eb

∑
n

[
Ri(n)(t− nTs) + Γ1IRi(n)(t− nTs − τ1) + Γ2IRi(n)(t− nTs − τ2)

− Γ1QRq(n)(t− (n + 1/2)Ts − τ1)− Γ2QRq(n)(t− (n + 1/2)Ts − τ2)

]
+ vI(t) (6)

where

Rm(t) =

∫ ∞

−∞
Sm(x)g(t− x)dx (7)

is the response of the detection filter to the pulse shapeSm(t) for m = 0, 1, . . . , 15 and

vI(t) =

∫ ∞

−∞
wI(x)g(t− nTs − x)dx (8)

is the detection filter output due to the inphase noise component. The sample att = kTs is

ZI(kTs) =
√

Eb

∑
n

[
Ri(n)((k− n)Ts) + Γ1IRi(n)((k− n)Ts − τ1) + Γ2IRi(n)((k− n)Ts − τ2)

− Γ1QRq(n)((k − n− 1/2)Ts − τ1)− Γ2QRq(n)((k − n− 1/2)Ts − τ2)

]
+ vI(kTs) (9)

wherevI(kTs) is a Gaussian random variable with zero mean and varianceN0/2. When the im-

pulse response of the detection filter is zero outside the interval0 ≤ t ≤ Ts, Equation (9) becomes

ZI(kTs) =
√

Eb

[
Ri(k)(0) +

∑

n6=k

{
Γ1IRi(n)((k − n)Ts − τ1) + Γ2IRi(n)((k − n)Ts − τ2)

− Γ1QRq(n)((k − n− 1/2)Ts − τ1)− Γ2QRq(n)((k − n− 1/2)Ts − τ2)

}]
+ vI(kTs). (10)

The first term on the right-hand side of (10) is the decision variable used for detection in the case

of no multipath and additive white Gaussian noise. The next four terms (in the summation) repre-

sent interference due to the two multipath reflections. The first two of these four terms represent

attenuated and delayed versions of the inphase component. The remaining two terms represent

attenuated and delayed versions of the quadrature component. We observe that the phase shifts

imposed on the delayed signal components cross-couple the inphase and quadrature components

of the transmitted signal.

Following the same procedure, the quadrature component of the detection filter outputZQ(t)

and its value att = (k + 1/2)Ts could be obtained

ZQ(t) =
√

Eb

∑
n

[
Rq(n)(t− (n + 1/2)Ts) + Γ1IRq(n)(t− (n + 1/2)Ts − τ1)

+ Γ2IRq(n)(t− (n + 1/2)Ts− τ2) + Γ1QRi(n)(t− nTs− τ1) + Γ2QRi(n)(t− nTs− τ2)

]
+ vQ(t)

(11)



ZQ((k+1/2)Ts) =
√

Eb

[
Rq(k)(0)+

∑

n 6=k

{
Γ1IRq(n)((k−n)Ts− τ1)+Γ2IRq(n)((k−n)Ts− τ2)

+ Γ1QRi(n)((k − n + 1/2)Ts − τ1) + Γ2QRi(n)((k − n + 1/2)Ts − τ2)

}]
+ vQ((k + 1/2)Ts)

(12)

where

vQ(t) =

∫ ∞

−∞
wQ(x)g(t− nTs − x)dx. (13)

Again, it has been assumed that the impulse response of the detection filter is zero outside the

interval0 ≤ t ≤ Ts. vQ((k + 1/2)Ts) is a Gaussian random variable with zero mean and variance

N0/2 and is independent ofvI(kTs).

For notational simplicity, the expressions (10) and (12) can be expressed as

ZI(kTs) =
√

EbRi(k)(0) + MI(k)

+ vI(kTs) (14)

ZQ((k + 1/2)Ts) =
√

EbRq(k)(0) + MQ(k)

+ vQ((k + 1/2)Ts) (15)

where

MI(k) =
√

Eb

∑

n 6=k

{
Γ1IRi(n)((k − n)Ts − τ1)

+ Γ2IRi(n)((k − n)Ts − τ2)

− Γ1QRq(n)((k − n− 1/2)Ts − τ1)

− Γ2QRq(n)((k − n− 1/2)Ts − τ2)

}
(16)

and

MQ(k) =
√

Eb

∑

n 6=k

{
Γ1IRq(n)((k − n)Ts − τ1)

+ Γ2IRq(n)((k − n)Ts − τ2)

+ Γ1QRi(n)((k − n + 1/2)Ts − τ1)

+ Γ2QRi(n)((k − n + 1/2)Ts − τ2)

}
. (17)



These terms quantify the distortion of the multipath interference normalized to the average symbol

energy. In reality,MI(k) and MQ(k) are functions not only of the time indexk, but also the

waveformsSi(n) andSq(n) and the multipath parametersΓ1, τ1, Γ2, andτ2. The dependence is not

explicit since to make it so would be notationally cumbersome.

For a given pair of waveformsSi(k) andSq(k) the probability of bit error,P (b|i(k), q(k)), can

be obtained using standard analysis techniques [11] and may be expressed as

P (b|i(k), q(k)) =
1

2
Q

(√
2Eb

N0

[
Ri(k)(0) + MI(k)

]2

)
+

1

2
Q

(√
2Eb

N0

[
Rq(k)(0) + MQ(k)

]2

)
.

(18)

The average probability of error is obtained from (18) by averaging over the possible values for

MI(k) andMQ(k) for each possible symbol index pairi(k) andq(k).

THE PERFORMANCE OF FQPSK

The bit error rate is a function of the multipath parametersΓ1, τ1, Γ2, andτ2. These parameters

vary with time as the air-borne transmitter progresses along its flight path. Average values of these

parameters, reported in [5], are

|Γ1| = 0.85 τ1 = 45 nsec (19)

|Γ2| = 0.01 τ2 = 155 nsec (20)

The first multipath propagation path is characterized by a large amplitude and short delay. This

component models a strong “ground bounce” that is a common occurrence at test ranges in the

Western USA. The second multipath reflection is characterized by a small amplitude and larger

delay. This component is a diffuse component with random variations as described in [5].

The number of non-zero terms in the normalized multipath componentsMI(k) andMQ(k)

are determined by the relationship betweenτ1, τ2 and the symbol intervalTs. Since the symbol

intervalTs is the reciprocal of the symbol rate, the way the multipath interference effects the bit

error rate performance is a function of the symbol rate. For low bit rates,Ts is large relative toτ1

andτ2 and the multipath interference manifests itself as frequency non-selective (or “flat”) fading

[11, Chapter 13]. At higher bit rates,Ts is on the order ofτ1 andτ2 and the multipath interference

produces a frequency selective fading processes [11, Chapter 13].

The bit rates of practical interest to aeronautical telemetry are 5, 10, and 20 Mbits/sec. The

relationship between these bit rates and the multipath delaysτ1 andτ2 is summarized in Table 1.

For 10 Mbits/sec, the longest multipath delay is less than a symbol time (but greater than 1/2 the

symbol time). Thus, the multipath introduces intersymbol interference from the proceeding two



Table 1: The Relationship between bit rate and multipath delaysτ1 andτ2 given by (20).
Bit Rate Symbol Rate τ1/Ts τ2/Ts

(Mbits/sec) (Msymbols)

5.0 2.5 0.1125 0.3875

10.0 5.0 0.225 0.775

20.0 10.0 0.45 1.55

symbols. In this case, the normalized multipath components are given by

MI(k) =
√

Eb

[
Γ1IRi(k−1)(Ts − τ1) + Γ1IRi(k)(−τ1)

− Γ1QRq(k−1)

(
Ts

2
− τ1

)
− Γ1QRq(k)

(
−Ts

2
− τ1

)

+ Γ2IRi(k−1)(Ts − τ2) + Γ2IRi(k)(−τ2)

−Γ2QRq(k−2)

(
3Ts

2
− τ2

)
− Γ2QRq(k−1)

(
Ts

2
− τ2

)]
(21)

and

MQ(k) =
√

Eb

[
Γ1IRq(k−1)(Ts − τ1) + Γ1IRq(k)(−τ1)

+ Γ1QRi(k)

(
Ts

2
− τ1

)
+ Γ1QRi(k+1)

(
−Ts

2
− τ1

)

+ Γ2IRq(k−1)(Ts − τ2) + Γ2IRq(k)(−τ2)

+Γ2QRi(k−1)

(
3Ts

2
− τ2

)
+ Γ2QRi(k)

(
Ts

2
− τ2

)]
. (22)

When the bit rate is increased to 20 Mbits/sec, the longest multipath delay is approximately one and

one-half times the symbol interval. The multipath interference introduces intersymbol interference

from the preceding three symbols, the detalied expression forMI(k) andMQ(k) in this case can

be found at [12].

The average probability of bit error is obtained from (18) by averaging over the possible wave-

forms. In the presence of multipath, the averaging needs to include the possible waveforms during

the preceding two symbol interval (for 5 and 10 Mbits/sec) and the possible waveforms during

the three preceding intervals (for 20 Mbits/sec). For a given waveformSm(t) on the inphase

component, there are four possible inphase component waveforms during the preceding interval.

Similarly, a given waveform on the quadrature component has four possible quadrature component

waveforms during the preceding interval. Evaluation of (21) also requires knowledge of the pos-

sible inphase/quadrature pairings for the waveforms as well as the possible waveforms during the



preceding interval on the opposite component. This relationship, actually a new trellis relationship,

is tabulated in [12].

Application of the technique is demonstrated for the 10 Mbit/sec case. LetK represent the

set of all possible waveform indices forSi(k)(t), Sq(k)(t − Ts/2), Si(k−1)(t − Ts), Sq(k−1)(t −
3Ts/2), Si(k−2)(t−2Ts), andSq(k−2)(t−7Ts/2). Averaging over the possibilities yields the average

probability of bit error

P (b) =
1

2|K|
∑

k∈K

{
Q

(√
2Eb

N0

[
Ri(k)(0) + MI(k)

]2

)
+ Q

(√
2Eb

N0

[
Rq(k)(0) + MQ(k)

]2

)}
.

(23)

A plot of this expression for 10 Mbit/sec and the corresponding expression for 20 Mbit/sec FQPSK

in a multipath channel characterized byΓ1 = 0.85ejπ/4, τ1 = 45 nsec,Γ2 = 0.01, τ2 = 155

nsec is plotted in Figure 2. The performance of FQPSK in the AWGN environment is shown for

comparison. Note that the multipath interference causes substantial loss. The loss is much worse

when the phase ofΓ1 is π. Simulation results for 10 Mbit/sec FQPSK over this multipath channel

are also included and show very close agreement with the analysis.

The effect of a single multipath reflection on the performance of FQPSK can be assessed using

(23) where (21) and (22) are evaluated withΓ2I = Γ2Q = 0. Suitable, but straight-forward, alter-

ations are also required whenτ1 > Ts. The results of this analysis are summarized in Figures 3

and 4. The average probability of bit error (23) is evaluated forτ1/Ts = 0.45 for different values

of |Γ1| and different values of6 Γ1 in Figure 3. Observe that both|Γ1| and 6 Γ1 have a pronounced

effect on the behavior of the average bit error probability. When6 Γ1 = 0, the multipath produces

constructive interference so thatP (b) decreases as|Γ1| increases. In this case, the multipath in-

terference actually improves the bit error probability over the AWGN value. At the other extreme,
6 Γ1 = π produces the most destructive interference so that the average bit error probability in-

creases as|Γ1| increases as shown. The dependence on6 Γ1 is emphasized in Figure 4. Note that

the minima for each value ofΓ1 occur at 6 Γ1 = 0 which corresponds to the case of maximum

destructive interference.

The dependence betweenP (b) and 6 Γ1 is to be expected since6 Γ1 is the dominant quantity

in determining the location of the spectral null produced by the multipath interference [5]. In

real scenarios,6 Γ1 changes with time so that the multipath null appears to “sweep” through the

spectrum of the received signal when viewed on a spectrum analyzer in real time.

For analytical purposes, the probability of bit error averaged over6 Γ1 is of interest [6]. The

average probability of bit error,

P (b) =
1

2π

∫ π

−π

P (b)dφ, (24)

is plotted in Figure 5 for various values of|Γ1|. Observe that the loss in performance, relative

to the AWGN environment, varies is a function of|Γ1| as summarized in Table 2. The loss in



2 4 6 8 10 12 14 16 18 20
10−6

10−5

10−4

10−3

10−2

10−1

E
b
/N

0

P
(b

)

10Mbps ∠Γ1=π/4,∠Γ2=0
20Mbps ∠Γ1=π/4,∠Γ2=0
FQPSK(Simulation)
FQPSK(AWGN)
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in a multipath fading channel withΓ1 = 0.85ejπ/4, τ1 = 45 nsec,Γ2 = 0.01, τ2 = 155 nsec.

Simulations for 10 Mbit/sec FQPSK in the same channel are also included. The performance of

FQPSK in the AWGN environment is shown for comparison.
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performance is approximately

LFQPSK≈ (1− |Γ1|)−4
√
|Γ1| . (25)

The loss in performance for FQPSK exceeds that for PCM/FM. In addition, Figure 5 suggests that

the multipath causes an error floor for FQPSK. For the range of signal-to-noise ratios shown, this

error floor is observable for|Γ1| ≥ 0.5. This error floor is much higher than the error floor for

PCM/FM.

THE PERFORMANCE OF SOQPSK

Shaped Offset QPSK (SOQPSK) is a ternary CPM modulation format whose modulation index



Table 2: Performance loss for FQPSK atP (b) = 10−5 in the presence of a strong specular reflec-

tion relative to the AWGN environment.

|Γ1| loss from Figure 5 (dB) loss predicted by (25) (dB)

0.0 0 0

0.1 0.99 1.16

0.2 3.10 3.47

0.3 6.40 6.79

0.4 12.40 11.22

0.5 – –

h = 1/2. Using complex baseband notation, the SOQPSK waveform may be represented as

s(t) = exp {jφ(t)} (26)

φ(t) = π
∑

k

α(k)g(t− kTb) (27)

whereα(k) ∈ {−1, 0, +1} is thek-th ternary symbol,Tb is the bit time, andg(t) is a phase pulse

that is the time integral of a frequency pulsep(t) with area 1/2. The frequency pulse defined in

MIL-STD 188-181 is a rectangular pulse with durationTb and amplitudeTb/2. IRIG-106 specifies

a more bandwidth efficient variation of this waveform which it terms SOQPSK-TG. The frequency

pulse for SOQPSK-TG is aspectral raised cosine pulse that is been windowed by atemporal

raised-cosine. The phase and frequency pulses for SOQPSK-TG are given by [3]

g(t) =

∫ t

−∞
p(x)dx (28)

p(t) = A

cos

(
πρBt

2Tb

)

1− 4

(
ρBt

2Tb

)2 ×
sin

(
πBt

2Tb

)

πBt

2Tb

× wn(t) (29)

where the window is

wn(t) =





1 0 ≤
∣∣∣∣

t

2Tb

∣∣∣∣ ≤ T1

1
2

+ 1
2
cos

(
π

T2

(
t

2Tb

− T1

))
T1 ≤

∣∣∣∣
t

2Tb

∣∣∣∣ ≤ T1 + T2

0 T1 + T2 <

∣∣∣∣
t

2Tb

∣∣∣∣

(30)

and the constantA is chosen to make the area ofp(t) 1/2. The waveform is completely specified

by the parametersρ, B, T1, andT2. For SOQPSK-TG the values areρ = 0.7, B = 1.25, T1 = 1.5,



andT2 = 0.5. The frequency pulse has support on the interval−2 ≤ t/2Tb ≤ 2 and thus spans 4

signaling intervals. SOQPSK-TG is an example ofpartial responseCPM [13]. The mapping from

bits to ternary symbols is described in [3].

The name “shaped offset QPSK” follows from the observation that each ternary symbol causes

the carrier phase either advance by±π/2 radians or to remain at its current value. When viewed

on an I-Q plot, the carrier phase appears to migrate from quadrant to quadrant along the unit circle.

By contrast, the carrier phase of (unshaped) Offset QPSK migrates from quadrant to quadrant

instantaneously. Since the phase pulse “shapes” the phase trajectory of the carrier from what it

would be for unshaped OQPSK, the waveform has an interpretation as a “shaped” OQPSK.

The use of a linear detector of the form illustrated in Figure 1 with binary CPM withh = 1/2

has been analyzed in [14, 15, 16] and applied in [17, 18]. To date, the performance of a linear

detector forternaryCPM has not been analyzed. Detection filters for SOQPSK have been studied

by Geoghegan, et. al [19] using experimental techniques.

Given the analytical difficulties of evaluating the performance of a ternary non-linear modula-

tion, we resort to simulations to demonstrate that the bit error rate performance of SOQPSK is very

close to that of FQPSK. The simulation results for 10 Mbit/sec SOQPSK in a multipath channel

characterized byΓ1 = 0.85ejπ/4, τ1 = 45 nsec,Γ2 = 0.01, τ2 = 155 nsec and using the detec-

tion filter (5) are plotted in Figure 6. Note the close agreement between the 10 Mbit/sec FQPSK

performance curve and the 10 Mbit/sec SOQPSK performance curve. This and other simulation

results not included in this paper demonstrate that the conclusions drawn for FQPSK based on the

analysis also apply to SOQPSK.

CONCLUSIONS

The bit error rate performance of FQPSK and SOQPSK (collectively known as the ARTM

Tier-1 waveforms) was analyzed in a frequency selective multipath fading environment modeled

by the aeronautical telemetry channel. In the presence of a strong specular multipath reflection, the

ARTM Tier-1 waveforms experience a loss in performance well approximated by (25). Analysis

of the average bit error probability shows that a relatively high error floor at approximately10−2

occurs for|Γ1| ≥ 0.5. Thus, the ARTM Tier-1 waveforms possess twice the spectral efficiency of

PCM/FM, but exhibit a greater loss and higher error floors than PCM/FM for the same multipath

conditions and signal-to-noise ratio. Since the multipath interference is an intermittent problem

(occurring only for low elevation angles), the bandwidth efficiencies realized by the ARTM Tier-1

waveforms improve the overall capacity of DoD test ranges.
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ABSTRACT

Since the Advanced Range Telemetry (ARTM) program first proposed the use of multi-h continuous
phase modulation (ARTM CPM), there has been much work done to characterize the performance of this
waveform. The ideal performance of ARTM CPM is well understood and has been shown to be close
to that of PCM/FM and the Tier I modulations (FQPSK-B and SOQPSK). In practice, however, ARTM
CPM is very sensitive to phase noise at the receiver and also requires very long synchronization times.
These difficulties can be addressed with additional link margin. In this paper we propose an alternate set
of modulation indexes which are approximately 2 dB superior in performance with respect to the original
set (we use minimum distance concepts to characterize the performance of each set). Brief consideration
is also given to frequency pulses other than the existing raised cosine (RC) pulse. We also characterize
the effect these new parameters have on the signal spectrum. This 2 dB gain gives ARTM CPM some of
the system flexibility currently enjoyed by PCM/FM and the Tier I modulations. One such option is to
realize this 2 dB gain using low-complexitycoherentdetection schemes, which we demonstrate; we also
show anoncoherentdetection scheme that performs within 2 dB of optimum (or in other words, it has the
same performance as the existingcoherentdetector for ARTM CPM). This is significant since noncoherent
detection avoids some of the synchronization burdens that have plagued ARTM CPM thus far.

INTRODUCTION

The ARTM Tier I and II modulation formats were chosen such that they have approximately the same
detection efficiency as the legacy PCM/FM waveform, but with different degrees of spectral efficiency;
however, the comparison of detection efficiency is somewhat unfair in thatsuboptimumdetection schemes
are used for PCM/FM and Tier I while theoptimumdetection scheme is used for ARTM CPM. In other



words, there is room for improvement in the case of PCM/FM and Tier I, while in all practicality ARTM
CPM can only perform worse. In fact, Geoghegan has already shown for PCM/FM that a significant gain
over limiter-discriminator detection is available through the use of multi-symbol noncoherent detection [1],
while even more gain is possible using optimum coherent detection for PCM/FM. Thus, the level playing
field for detection efficiency has already been broken up. The performance gap is widened further by the
long synchronization times required by the fully coherent ARTM CPM detector and its sensitivity to phase
noise [2].

In this paper, we present an alternate proposal for ARTM CPM which is approximately2 dB superior
to the existing ARTM CPM standard. We provide motivation for this proposal via minimum distance argu-
ments which demonstrate that the existing set of modulation indexes for ARTM CPM,h = {4/16, 5/16},
are located at a relatively “weak” position in the performance space. This same analysis also shows a sharp
increase in signal distance for the nearby set of proposed modulation indexesh = {5/16, 6/16}. We also
briefly consider other frequency pulses of durationL = 3 symbol times, in addition to the existing3RC
pulse1. We show the effect these new parameters have on the signal spectrum.

This performance margin of2 dB opens up the same possibilities that exist for PCM/FM and Tier I;
in other words, we can pursue near-optimum detection techniques that realize as much of this gain as
possible, or we can trade the gain for lower complexity (practical) detection schemes. For the sake of
discussion, we divide complexity into the subcategories ofcomputationalcomplexity, in terms of the re-
quired number of trellis states and correlators (matched filters), and also intosystemcomplexity, including
additional synchronization requirements, etc.

For both the existing and proposed configurations of ARTM CPM, a straightforward application of
optimum detection principles [3] requires a detector with128 matched filters followed by a maximum like-
lihood sequence estimator (MLSE) with256 states. In terms of system complexity, this coherent detector
requires carrier phase synchronization, symbol timing recovery, and modulation index synchronization.
The mention of these synchronization requirements is important since their implementation is non-trivial;
however, the details of their construction are beyond the scope of this paper. While coherent detection
requires highsystemcomplexity, we show how it is possible to reduce thecomputationalcomplexity with
two different32-state schemes that are within0.1 dB of optimum. We also show a noncoherent detection
scheme of64 states that is within2 dB of optimum, or approximately the same as the existing coherent de-
tector for ARTM CPM. This noncoherent scheme avoids the system requirement of carrier phase recovery.
We begin with a summary of the ARTM CPM signal model.

ARTM CPM SIGNAL MODEL

The existing parameters for the ARTM CPM are

M = 4, L = 3, h = {4/16, 5/16}

f(t) =

{
1

2LT

[
1− cos

(
2πt
LT

)]
, 0 ≤ t ≤ LT

0, otherwise

(1)

1We acknowledge that C. Bishop gave an informal presentation of some initial findings for different pulse shapes at ITC’03.



where the above parameters are explained in the following. The complex-baseband representation of the
multi-h CPM signal, following standard notation [3], is given by

s(t, α) = exp
(
jψ(t, α)

)
, (2)

ψ(t, α) = 2π
n∑

i=−∞
αihiq(t− iT ), nT ≤ t < (n + 1)T (3)

whereT is the symbol duration,{hi} is the set ofNh modulation indexes (Nh = 2 in this case),α = {αi}
are the information symbols in theM -ary alphabet{±1,±3, · · · ,±(M − 1)}, andq(t) is the phase pulse.
In this paper, the underlined subscript notation in (3) is defined as modulo-Nh, i.e. i , i modNh. We
assume the modulation indexes are rational numbers of the form [4]

hi = ki/p (4)

whereki andp are relatively prime integers. We note that many authors use the formhi = 2ki/p for
expressing the modulation indexes [3]. In a moment, we discuss the subtle difference between when these
two expressions are used and the important advantage one obtains when using (4).

The phase pulseq(t) and the frequency pulsef(t) are related by

q(t) =

∫ t

0

f(τ) dτ. (5)

The frequency pulse is supported over the time interval(0, LT ), as in (1), and is subject to the constraint

∫ LT

0

f(τ) dτ = q(LT ) =
1

2
. (6)

Due to the finite duration off(t), the infinite sum in (3) can be divided into two terms

ψ(t, α) = θ(t,αn) + π

n−L∑
i=−∞

αihi (7)

where

θ(t, αn) = 2π
n∑

i=n−L+1

αihiq(t− iT ). (8)

The termθ(t,αn) is a function of thecorrelative state vectorαn = (αn−L+1, αn−L+2, · · · , αn), which
contains theL symbols being modulated by the phase pulse. There areML possible values for the correla-
tive state vector. As it stands, the second term in (7) assumes one of2p values when taken modulo-2π (this
is because{hi} are rational numbers). We consider the alternate data symbolsUn =

(
αn + (M − 1)

)
/2

which are simply the result of a one-to-one mapping from values in the set{±1,±3, · · · ,±(M − 1)} to
the values in the set{0, 1, · · · ,M − 1}. Substitutingαn = 2Un − (M − 1) into (7) yields

ψ(t, α) = θ(t, αn) + θn−L + νn (9)



where thephase stateθn−L is given by

θn−L =
2π

p

( n−L∑
i=−∞

Uiki

)
modp (10)

andνn = νn−1−πhn(M −1) is a data-independent phase tilt [4]. Due to (4), the phase state takes on only
p distinct values0, 2π/p, 2 · 2π/p, . . . , (p − 1)2π/p. The structure of (9) is conveniently described by a
phase trellis comprised ofpML−1 states, withM branches at each state. The optimum MLSE detector is
based on this phase trellis. For ARTM CPM, this amounts topML−1 = 256 states, whereas this number
would be512 states without the use of the tilted phase model.

ALTERNATE PROPOSAL FOR ARTM CPM

We now develop a proposal for an alternate set of signal parameters given by

M = 4, L = 3, h = {5/16, 6/16}

f(t) =

{
1

2LT

[
1− cos

(
2πt
LT

)]
, 0 ≤ t ≤ LT

0, otherwise

(11)

where the only difference from (1) is the set of modulation indexes{hi}. We begin with minimum distance
analysis which is followed by analysis of the signal spectrum.

A. Minimum Distance Analysis
In [3, ch. 2], it is shown that the probability of bit error for CPM in additive white Gaussian noise

(AWGN) is well approximated by

Pb ≈
∑

i

Ci ·Q
(√

d2
i

Eb

N0

)
(12)

whereEb is the signal energy per bit,N0 is the one-sided power spectral density of the noise,Ci anddi

are constants that shall be explained shortly, and

Q(x) =
1√
2π

∫ ∞

x

e−u2/2 du. (13)

Due to the nature of (13), asEb/N0 increases, the sum in (12) is dominated by the term with the smallest
value ofdi. We refer to this value asdmin = mini{di}, or theminimum normalized Euclidian distance. This
is significant because the error performance is conveniently summarized by this single distance parameter.
The details required for computingdmin are found in [3, ch. 3].

A helpful design exercise is to fix the pulse shape and alphabet size (in this case the frequency pulse is
3RC and the alphabet size isM = 4) and computedmin for a range of modulation indexes. Figure 1a shows
d2

min for M = 4, 3RC, and for modulation indexesh1 andh2 that range from zero to one-half. There are
four data points on this surface which are called out. The lower two points are for(h1, h2) = (4/16, 5/16)



Figure 1:a) Minimum squared Euclidian distance over a range of modulation indexes. The ’+’ data points are for

the proposed modulation indexes, the ’o’ data points are for the existing modulation indexes. b) Performance curves

for the existing and proposed schemes using Equation (12) and Table 1 (computer simulations are also shown). The

curves show a performance advantage of slightly more than2 dB for the proposed scheme atPb = 10−5.

Table 1:Parameters needed to compute Equation (12) for the existing and proposed ARTM CPM schemes.

Existing scheme
i d2

i Ci

0 1.29 0.123

1 1.66 0.633

Proposed scheme
i d2

i Ci

0 2.60 0.633

1 2.90 0.633

and(h1, h2) = (5/16, 4/16), which is the existing ARTM CPM format, whered2
min = 1.29. The upper two

points are for(h1, h2) = (5/16, 6/16) and(h1, h2) = (6/16, 5/16), which is the proposed ARTM CPM
format, whered2

min = 2.60. The surface shows that the distance rises sharply in the region between these
close values of modulation indexes and suggests a10 log10(2.6/1.29) = 3 dB gain is available simply by
changing the modulation indexes.

As it turns out, both the existing and proposed ARTM CPM schemes have additional distance terms
that make meaningful contributions to the sum in (12). Table 1 shows the important values ofd2

i andCi

for each scheme; details regarding the derivation of these values are given in the Appendix. The values
in Table 1 are used to generate the performance curves in Figure 1b, where corresponding curves from
computer simulations are also displayed. For the existing scheme, the theoretical and simulated curves line
up exactly for largeEb/N0, which confirms the completeness of the listing in Table 1. For the proposed
scheme, there are numerous less-significant terms which are not given in Table 1 that account for the slight
difference between the theoretical and simulated curves. The curves in Figure 1b give the best view of the
performance advantage of the proposed scheme, which is slightly larger than2 dB atPb = 10−5.
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Figure 2: PSD of the proposed modulation indexes using three different pulse shapes (3RC, 3Gaussian, and3S),

these are compared to the PSD of the existing3RC scheme.

B. Spectral Analysis
Figure 2 shows the power spectral density (PSD) of the existing3RC scheme. Also shown in the figure

are three PSDs for the proposed modulation indexes using different length-3T frequency pulse shapes:
RC, Gaussian [3, ch. 2], and the so-calledS pulse2 These pulses lead to slightly different spectraland
distance characteristics; as an informal rule, the3Gaussian pulse results in an additional gain of0.25 dB
for all of the proposed detection schemes that follow, while the3S pulse results in a gain of0.35 dB. With
this rule in mind, the remainder of the discussion is in terms of the3RC pulse.

REDUCED COMPLEXITY DETECTION SCHEMES

As mentioned earlier, the optimal coherent detector for ARTM CPM requirespML−1 = 256 states and
128 correlators (matched filters). The impulse response of each filter has a duration of one symbol time.
This detector is described in detail in [3, ch. 7]. Since the proposed ARTM CPM scheme leaves the values
of M , L, andp unchanged, the number of states and matched filters remain unchanged as well; in terms
of computational complexity, the two schemes belong to the same complexity “family”. We have already
seen the performance of these two optimal detectors in Figure 1b.

For coherent detection, there are a number of complexity reduction schemes available. From a per-
formance standpoint, the two most attractive of these are the pulse amplitude modulation (PAM) tech-
nique [5], and the one given by Svensson, Sundberg, and Aulin (SSA) [6]. The details needed to describe
these detectors are too numerous to be given here; however, these detection schemes are surveyed in [7]
for the existing ARTM CPM waveform. In short, these two approximations can be paired with yet an-

2The S pulse of length-3T is simply a length-T rectangular pulse convolved with itself twice.
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Figure 3: a) Performance of the PAM and SSA reduced-complexity coherent detectors for the proposed ARTM

CPM scheme (both of these detectors haveS = 32 states). For reference, the optimum performance curves for both

modulation schemes are also shown, as well as a performance bound for the PAM detector. The SSA detector has

essentially optimum performance while the PAM detector is within a tenth of a dB of optimum. b) Performance of

the noncoherent detector from [9]. A noncoherent configuration withS = 64 states for the proposed ARTM CPM

scheme has roughly the same performance as the coherent detector for the existing scheme. This is confirmed with

a performance bound and computer simulations (both shown).

other approximation (reduced state sequence estimation, or RSSE [8]) to each yield a32-state detector.
While these two detectors use the same trellis, they have an entirely different matched filter bank. The
SSA detector requires32 matched filters where the PAM detector requires the equivalent of24 matched
filters3. Figure 3a shows the simulated performance of these two32-state detectors; this figure also shows
the reference curves from Figure 1b, as well as a theoretical bound for the PAM detector. The32-state
SSA detector has essentially the same performance as the optimum256-state detector, while the32-state
PAM detector is within a tenth of a dB of optimum.

Turning our attention to noncoherent detection, there are also a number of schemes available for ARTM
CPM [7]. Of these, the one in [9] shows the most promise, both in terms of performance and low com-
putational complexity. Based on the distance analysis in [10], thisnoncoherentdetector in a64-state
configuration has an equivalent squared Euclidian distance of1.46 for the proposed scheme; this value
is comparable to thecoherentdistance properties of the existing ARTM CPM scheme, shown in Table 1.
Figure 3b shows the reference curves from Figure 1b along with the noncoherent performance bound,
which is verified with computer simulations (also shown).

3For the proposed scheme, the PAM detector actually uses just four matched filters; these filters are longer than the SSA
filters and are thus the computational equivalent of24 SSA-type filters. For the existing ARTM CPM scheme, the PAM detector
performs well with only three matched filters, which are the computational equivalent of18 SSA-type filters [7].



CONCLUSION

We have proposed an alternate set of modulation indexes for ARTM CPM. In doing so, we have
shown how these proposed parameters achieve a2 dB performance gain over the existing ARTM CPM
scheme with a modest increase in signal spectrum. Assuming these spectral properties are satisfactory,
we have also shown a number of detection schemes that present different options for this2 dB gain; the
reduced-complexity coherent detectors allow an attractive means of realizing this gain, while the nonco-
herent detector trades this gain for reduced system complexity and achieves performance comparable to
the existing ARTM CPM scheme. We have also shown that minor gain increments are available from
the use of frequency pulses other than the existing raised cosine pulse. This proposal gives the ARTM
CPM modulation some of the system flexibility enjoyed by the ARTM Tier I modulations and the legacy
PCM/FM waveform.

APPENDIX

We show how to arrive at the values given in Table 1. For CPM, the bit error probability is approxi-
mately [3, ch. 2]

Pb ≈
∑

i

Ci ·Q
(√

d2
i

Eb

N0

)
. (14)

The normalized squared Euclidian distanced2
i is [3, ch. 2]

d2
i =

log2 M

2

∫ ∣∣s(t, αj)− s(t, αk)
∣∣2 dt (15)

= log2 M

∫ [
1− Re{s(t,γi)}

]
dt (16)

whereγi = αj − αk is the differencebetween two data sequencesαj andαk. The integral in (16)
will continue to grow indefinitely except for a special class ofγi, calledsignal merges, which satisfy the
condition (∑

l

γlkl

)
mod2p = 0 (17)

wherekl andp are from the modulation indexes in (4). In words, a merge is when the phase advances and
retards over a brief time interval such that the net change in phase is zero, when taken modulo2π. For
example, with the existing ARTM CPM modulation indexes, if we insert the example difference sequence
γex = · · · , 0, 0, 2,−4, 6,−4, 2, 0, 0, · · · into (17) we get· · · 0+2 ·4−4 ·5+6 ·4−4 ·5+2 ·4+0+ · · · = 0.
This example sequence is a signal merge since its coordinates sum to zero when scaled by the modulation
indexes. We point out that for multi-h CPM, a merge also depends on the alignment of the modulation
indexes with the difference sequence. In this example, we designateh0 = 4/16 as the modulation index
that coincides with the first non-zero coordinate,2, of γex.

Of course, there is more than one(αj,αk) pair that has the common difference±γi. We must count



Table 2: Merge parameters for the existing case withM = 4, 3RC, andh = {4/16, 5/16}.

i γi d2
i Ci R h0 W (γi) N(γi)

0 · · · , 0, 2,−4, 6,−4, 2, 0, · · · 1.29 0.123 5 4/16 7 72

1 · · · , 0, 2,−2, 0, 2,−2, 0, · · · 1.66 0.633 5 4/16 4 648

Table 3: Merge parameters for the proposed case withM = 4, 3RC, andh = {5/16, 6/16}.

i γi d2
i Ci R h0 W (γi) N(γi)

0 · · · , 0, 2,−2, 0, 2,−2, 0, · · · 2.60 0.633 5 5/16 4 648

1 · · · , 0, 2,−2, 0, 0, 0, 2,−2, 0, · · · 2.90 0.633 7 5/16 4 10368

these pairs, which is simply the number

N(γ) = 2
R−1∏

l=0

(
M − |γl|

2

)
(18)

whereR is the span of non-zero coordinates inγ. Using γex again, we haveR = 5 andN(γex) =

2 · 3 · 2 · 1 · 2 · 3 = 72, meaning there are72 pairs of data sequences with the common difference of±γi.
These difference sequences areerror events. In order to arrive at a bit error probability, we must count

the number of bit errors in an error event. This number is a function of the mapping from bits to symbols,
which is typically a Gray code. In our example, the bit error weight isW (γex) = 7 bits.

With these quantities defined, the scale factorCi is given by [10]

Ci =
W (γi) ·N(γi)

log2 M ·Nh ·MR
. (19)

In Tables 2 and 3 we show the intermediate quantities needed to compute (19) for the existing and proposed
ARTM CPM schemes respectively.
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ABSTRACT 
 

This paper evaluates the performance as well as effectiveness of the High Speed Ethernet LAN- 
Based Distributed Telemetry Data Network Architecture. It also attempts to obtain a feasible 
solution for the Extension of LAN over High Performance Digital Modem via Routers and 
Bridges.  With the advent of highly efficient broadband TCP/IP network and rapid growth of data 
traffic demand in the area of Telemetry Data Acquisition and Processing, one has to adopt a high 
bit rate PCM Telemetry Data Stream with the strategy of distributed task scheduling in multi-
processor environment. The proposed Telemetry System Architecture is adopted as a milestone to 
Modern Telemetry system. It incorporates various value added services for the performance 
evaluation of various flight vehicles providing authenticated data.  This paper shows that by 
configuring the IP addresses of various nodes and router / bridges with V.35 interfaces, it is 
possible to extend the Telemetry Data on a local LAN to the remote LAN for display and high 
speed processing in real time. Necessary comparisons of performance of the existing to the 
proposed systems are presented.   
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INTRODUCTION 
 

In a conventional Telemetry System, the inherent limitations are the processing speed and the 
time driven round robin or priority based task scheduling by the single processor. So, in real time 
scenario, the processor is really overloaded and unable to take the burden of executing extra tasks 
within its required time frame. The other factor, which adversely affects the system performance, 
is the limitation of slow data update rate in the Telemetry Remote terminals. This is mainly due to 
the fact that Serial Asynchronous links have low baud rate and the terminals are ‘dump terminal' 
in the real sense. The remote terminals are restricted to either VT-340, VT-300 or dump terminal 
emulators only. These remote terminals are normally extended via 9600 baud Asynchronous serial 
links with data update rate of the order of 1 sec. These displays were provided only as visual aids 
to the specialists and are not designed for high data rate applications, which require monitoring of 
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the fast varying parameters at remote sites. Also, in the modern telemetry systems, dump 
terminals are rarely used as the very purpose of it has changed into the intelligent display where a 
user can not only monitor the data but also process and retransmit again to another location. So, in 
the main telemetry system, system complexity has been greatly reduced due to its distributed task 
scheduling. The proposed Network architecture configures the local and the remote Routers / 
Bridges via high speed digital link properly, and achieves an efficient means of transportation of 
High Speed Serial Telemetry Data in real time to remote location. Now, with this noble idea of 
LAN extension, the remote terminal becomes an intelligent terminal enabling real time remote 
data logging as well as real time data processing, re-transmission and off-line data extraction and 
analysis facilities. 
  
The Ethernet LAN based Telemetry Data Network Architecture under consideration, consists of 
three numbers of Window-NT based Broadcast Nodes and two numbers of Display Stations. The 
Broadcast Nodes are mainly dedicated for data acquisition of maximum two numbers of 1 Mbps 
PCM streams or 2 Mbps single PCM stream and broadcast it to Ethernet LAN.  The Local 
Display Stations acquire all the PCM streams from LAN, merges multiple PCM telemetry streams 
and transmit real time data over serial synchronous link via modems. Each display station can 
transmit data over maximum four Asynchronous and two Synchronous links with 9600-baud rate. 
All these nodes are connected over 8 ports 10/100 Mbps Ethernet HUB with IEEE 802.3 
CSMA/CD protocol. The data communication between them is implemented with normal TCP/IP 
protocol via data gram (Broadcast) approach. The local Ethernet LAN HUB is extended to remote 
location by CISCO 1700 series Router with V.35 interface which is connected to a high speed (2 
Mbps) digital subscriber   link (HDSL) modem. The remote site will have the same configuration 
but in reversed fashion and ultimately multiple remote display stations can be connected over 
remote Ethernet HUB. Another approach towards LAN extension is to use the Bridge instead of 
Router. If the local and remote LAN are of same network protocol then bridge is sufficient as it 
simply broadcasts all data packets it receives. The router is required to be used if one needs a 
security feature to be enabled and both local and remote networks are at different network 
protocols like Token Ring, Ethernet or FDDI. Also, it can be configured to transmit data packet to 
the network with specific IP address instead of simply broadcasting to the entire network. Real 
time Telemetry data acquisition has been achieved satisfactorily using present network 
configuration with maximum 1 Mbps Telemetry single stream or 500 Kbps dual streams with its 
own frame overhead.Better performance can be realized by incorporating higher link speed. Once 
the local LAN is extended to remote site, multiple display stations can be configured putting over 
another Ethernet HUB. The error detection and correction scheme embedded into router and 
bridge extends the data link more reliably for providing authenticated data compared to normal 
asynchronous link. The extracted telemetry data can be transmitted serially over asynchronous 
and synchronous link again from the remote display station itself, which will increase the 
effective utilization of the telemetry system resources.       
 
        

SYSTEM OVERVIEW 
 

In a broad sense, the number of nodes, namely broadcast stations for PCM data acquisition and 
distribution depends on the number of PCM streams to be acquired and processed. In the present 
system architecture, we have considered three numbers of broadcast stations with two PCM 
streams for each broadcast station. Hence, a total of six PCM streams with proper connectivity 
can achieve 100% redundancy in the failsafe system functionalities. These three broadcast stations 
are connected over 10/100 Mbps Ethernet LAN via 8 ports Ethernet HUB. On the HUB, there are 



  
two Display Stations (ideally any number is possible), which are responsible for merging 
multiple PCM streams acquired from broadcast stations at local side and displaying the same in 
graphical as well as in text form. Apart from their own task of Data Acquisition, Distribution and 
Display, the Broadcast Stations and Display Stations can transmit the extracted data over 9600 
baud Asynchronous as well as Synchronous Links with 100 ms (10 Hz) data update rate and the 
refresh rate of asynchronous terminals is 1Hz only. This may not serve our purpose of monitoring 
fast varying super-commutated parameters. Another limitation is the number of bytes or frame 
length that can be transmitted over these links. In this case, theoretically only 120 bytes can be 
transmitted. However, with a proper study, it is found that due to restriction of protocol overhead 
and processing speed, the frame length is limited to 72 bytes only. So, efforts were made to use 
the present networking idea of Routers and Bridges with TCP/IP features. The basic idea of using 
Router is to interconnect two dissimilar networks with different Network Protocols where it works 
at 3rd layer of OSI architecture [1]. On the other hand, the Bridge is for two similar networks 
where it works at level 2 (data link) of OSI. Another advantage of using Router is to inter-connect 
multiple and different networks in different domains. Also, by properly defining the network and 
host addresses in the routing table and specifying the hop limit, we can restrict the Telemetry data 
flow over the entire network. When all the networks are in a same domain and data flow 
manipulation is not important, it is easier to use a bridge instead of router.  The router’s V.35 
WAN interface is terminated in turn to high-speed digital modem (HDSL). It supports maximum 
2 Mbps rate, single twisted pair cable up to 3 Km and minimum 160 Kbps up to 12 Km. On the 
other side of the network, this cable is terminated to same HDSL modem and then to remote 
router through V.35 WAN interface. The router’s LAN interface (Ethernet) is connected to 10/100 
Mbps remote Ethernet HUB where we can connect as many display stations as required either by 
up-linking the HUB itself or via another router and so on. With this present scheme and link speed 
limit, maximum of two PCM streams of 500 kbps each or 1 Mbps single stream are extended 
satisfactorily without any data loss.  

 
 

SYSTEM SPECIFICATIONS 
 

1720 CISCO Router: 
 
The 1 Port Serial Wide Area Network (WAN) Interface Card (WIC) provide EIA/RS-232, EIA-
449, V.35, X.21 Data Terminal Equipment / Data Communication Equipment (DTE/DCE) Serial 
Interfaces. It supports both asynchronous up to 115.2 Kbps and synchronous up to 2.048 Mbps 
data rates. Its 10/100 Mbps fast Ethernet interface port connects the router to local Ethernet LAN 
(IEEE 802.3 standard). This port auto-senses the speed (10 Mbps or 100 Mbps) and mode (Full 
duplex or Half duplex) of the device to which it is connected and then operates at the same speed 
and in same mode. The major tasks while configuring the Routers are to configure the global 
parameters, security, fast Ethernet interface, serial WAN interface and dynamic routing 
parameters [2, 3, 4].   
 
 
Remote Bridge – H Connect RS (BANYAN Networks) 
 
The H-Connect RS is a High bit rate Digital Subscriber Line (HDSL) desktop unit to extend the 
communication range on a physical copper wire reducing the need for repeaters to connect two 
isolated Ethernet LANs. This unit is compatible with IEEE 802.3 Ethernet standard with IEEE 
802.1d Spanning Tree Bridging Protocol and ETSI RTR/TM-3036 and ANSI T1, E1 standards 



  
[4]. It operates at full duplex on 2 wire at a bit rate in the range of 144 Kbps to 2320 
Kbps with operating range of 1.0 Km over 0.4 mm copper wire or 1.2 Km over 0.5 mm copper 
wire with 6 dB noise margin over near end cross talk with a 10-7 BER @ 2.32 Mbps [5].   
 
 

SYSTEM ARCHITECTURE 
 

The basic architecture of the entire LAN based Telemetry Network and its extension via Router or 
Bridge is shown in Fig.1.0. The actual network and its extension via Router/Bridges are shown in 
Fig.2.0. We have configured the local network / host addresses of Broadcast Stations 1, 2 and 3 as 
190.0.0.1, 190.0.0.2 and 190.0.0.3 and two Display Stations 1 and 2 as 190.0.0.4 and 190.0.0.5 
respectively. The local router LAN port is configured to address 190.0.0.254. All the Broadcast 
Stations are programmed to distribute the acquired Telemetry Data over the entire network by a 
broadcast address of 255.255.255.255 i.e. all the host of all the networks. The remote LAN is 
configured to be of Class-A type with network address 10.1.1.0 with remote display station 1 as 
10.1.1.1 and so on. The remote router Ethernet LAN port is configured as 10.1.1.254. Both the 
routers’ routing tables are configured to have access to each other (No deny). 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
If there are more than two such LANs in different IP domain, these can be interconnected by 
separate sets of Routers and HUB and the routing tables of each router have to be modified 
accordingly. In the case of a bridge, the IP packets received will be broadcasted over the remote 
LANs whereas the router will route IP packets only to those remote networks, which are specified 
in its IP forwarding table. Presently three display stations are configured at the remote LAN 
which is almost 3 Km away from actual telemetry station. The remote display stations are pre-
configured with required telemetry parameters to be monitored real time for critical decision-
making. We can use any serial synchronous or asynchronous card for further communication / re-
transmission to various other locations if required. In this case, actual telemetry acquisition node 
may be responsible for only data acquisition whereas other major tasks like display, analysis, 
transmission can be off-loaded to various nodes in local as well as remote LAN. Using the above 
distributed architecture, telemetry resources are effectively managed in better way with enhanced 
level of satisfaction. With the remote bridge configuration, the pair of local and remote routers is 
simply replaced by a pair of remote bridges. 

Fig.1.0. The basic Network Architecture 
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SYSTEM PERFORMANCE AND RESULTS 

 
The restrictions as discussed earlier for the conventional Telemetry sy
easily by using the above concept of LAN extension. In such case, entire
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SUMMARY AND CONCLUSION 

 
In this paper, it has been observed that for a given data traffic, a LAN based distributed 
architecture gives a better performance in real time in terms of network throughput and data 
updating rate compared to the conventional Telemetry system. For the remote stations, at 
distances more than the above specified distances, the fiber optic interfaces can be adopted. With 
router and bridge with 2.048 Mbps link, PCM stream up to 1 Mbps (single stream) or 500 Kbps 
(dual stream) has been achieved. So it is concluded that the router / bridge inter-connectivity of 
different remote telemetry networks is a natural cost-effective and efficient solution for the 
telemetry data transfer over intra-net or inter-net. It is observed that telemetry resource sharing 
and distributed resource management in LAN based telemetry and its extension via router bridge 
leads to highly efficient data network compared to conventional telemetry systems.       
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Abstract

An Ad hoc network with unicasting is considered, in which each node has an M element
antenna array. Transmission from node l(i) to i is quasi-synchronous, so that code acquisition
is not required. Space-Time (S-T) waveforms are transmitted with temporal dimension Ns

Nyquist samples. An adaptive, distributed S-T waveform design algorithm is developed,
which maintains QoS while attempting to minimize transmit power. The resulting Iterative
Minimum Mean-Square Error–Time Reversal algorithm (IMMSE-TR) sets the transmit S-T
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Introduction

We consider an Ad hoc network where each node has an array of M elements and transmits
an Ns Nyquist sample long waveform. Each node i has a single link (unicasting) destination
node l(i) 6= i, with i, l(i) ∈ {1, 2, . . . , N}. The optimization problem is to adaptively con-
struct the S-T transmit waveform g̃i ∈ C

MNs to maintain a constant SNR γ0 (QoS) while
minimizing the sum transmit power Psum =

∑N
i=1 ||g̃i||

2. The problem is an extension of opti-
mal transmit/receive beamforming [1][2][3] which has been addressed using iterative MMSE
techniques. Iterative methods have also been employed for temporal-only signal adaptation
[4][5][6] and for S-T waveform design in uplink CDMA [7].

Synchronization (code acquisition) is a challenging problem in an Ad hoc network. In
contrast to cellular topologies, power control is infeasible and hence the near-far effect greatly
hinders the code acquisition process. Here, we consider a quasi-synchronous transmission
scheme, in which node l(i) purposefully advances its symbol transmission by ri,l(i)/c, where
ri,j is the distance between nodes i, j. QS operation eliminates the need for code acquisi-
tion [8][9], and can be implemented using network-wide timing/positioning available from a
combination of atomic clocks, GPS and cooperative radiolocation [10].

The IMMSE-TR algorithm is summarized as follows: Node i uses the LMS/RLS algo-
rithm to construct its linear MMSE S-T detector wi ∈ C

MNs using a training sequence (e.g.
embedded in a RTS/CTS handshake). The normalized transmit S-T vector gi is then set
to the conjugate time-reverse of wi, denoted by wr,∗

i as defined in the sequel. The pro-
cess is iterated between nodes i, l(i) until convergence. It is shown that IMMSE-TR then
corresponds to the power algorithm with gi the maximizing eigenvector of an SNR-related
objective matrix. IMMSE-TR equivalently corresponds to a noncooperative game that max-
imizes normalized SNR while minimizing an approximate measure of interference between
nodes.

Space-Time Signals and Channels

A generic direct-sequence type spread-spectrum system is considered, in which the symbol
duration T is much longer than the multipath spread, and the system bandwidth is W =
PG/T , where PG > 1 is the processing gain. The Nyquist sampling interval is then Ts =
T/(2PG). Further define Ns = T/Ts as the number of samples/symbol. The transmit S-T
signal from node i, g̃i ∈ C

MNs , is then defined by

g̃i = [gi(Ns − 1)T , gi(Ns − 2)T , . . . , gi(0)
T ]T (1)

where gi(n) ∈ C
M is the vector of inputs to the transmit array at Nyquist sample n. Symbols

bi(m) are transmitted at a rate 1/T .
The S-T channel is represented by a Nyquist sampled response Hi,j(p) ∈ C

M×M , for
p = 0, 1, . . . , 2Ns − 1. Let Hν

i,j represent the array response at node i due to transmission
from j on the ν-th multipath, where r1

i,j = ri,j is the length of the direct path. Then Hi,j(p)
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is given by the interpolation formula, where transmit node j applies a timing advance of
rj,l(j)/c sec. for QS operation.

Hi,j(p) =

Np
∑

ν=1

Hν
i,jsinc

((

pTs −
rν
i,j

c
+

rj,l(j)

c

)

/Ts

)

. (2)

It is assumed that the multipath spread Tm = (r
Np

i,j − ri,j)/c satisfies Tm = LTs << NsTs as
in a typical spread-spectrum system. Hence, the channel Hi,l(i)(p) is approximately limited
to samples p = {0, 1, . . . , L−1}. However, reception at i from nodes l 6= l(i) is asynchronous,
and the effective channel thus has support p = {0, 1, . . . , 2Ns − 1}.

Given the channel model in (2) and the short multipath spread assumption, the array
output vector ri(n) ∈ C

M at node i at time mNs + k, for k = 0, 1, . . . , Ns − 1 is

ri(mNs + k) =
L−1
∑

p=0

Hi,l(i)(p)gl(i)((k − p))bl(i)(m)+ (3)

∑

l 6=i,l(i)

2
∑

q=0

2Ns−1
∑

p=0

Hi,l(p)gl((k − p) + qNs)bl(m− q) + ni(mNs + k),

where ni(k) is circular white Gaussian noise with covariance matrix I.
The S-T received signal is then ri(m) ∈ C

MNs , defined by ri(m) = [ri((m + 1)Ns −
1)T , . . . ri(mNs)

T ]T . This S-T vector can be written in vector-matrix form as

ri(m) = H0
i,l(i)g̃l(i)bl(i)(m) +

∑

l 6=i,l(i)

2
∑

q=0

Hq
i,lg̃lbl(m− q) + ni(m). (4)

The matrices Hq
i,j ∈ C

MNs×MNs are block-Toeplitz, with subblock n,m (Matlab notation)
given by

Hq
i,j((n− 1)M + 1 : nM, (m− 1)M + 1 : mM) = Hi,j(m− n + qNs).

for n,m = 1, . . . , Ns.

IMMSE-TR Algorithm

The IMMSE-TR algorithm attempts to minimize transmit power while maintaining QoS
(SNR). In terms of the unit-norm S-T linear detector wl(i) ∈ C

MNs , the SNR at node l(i) is

Γl(i) =
|wH

l(i)Hl(i),ig̃i|
2

wH
l(i)Rl(i)(g̃−l(i))wl(i)

, (5)
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where the multiaccess interference (MAI) plus noise covariance matrix is Ri(g̃−i) ∈ C
MNs×MNs ,

defined by

Ri(g̃−i) =
∑

l 6=i,l(i)

2
∑

q=0

Hq
i,lg̃lg̃

H
l (Hq

i,l)
H + I. (6)

The game theoretic notation g̃−i indicates dependence on all transmit vectors g̃l for l 6= i.
The optimum linear S-T receiver is MVDR, given in unnormalized form by w̃l(i) =

R−1
l(i)Hl(i),ig̃i. Using this solution in Γl(i) yields the following optimization problem.

Minimize
N

∑

i=1

||g̃i||
2 (7)

Subject to Γl(i)(g̃i, g̃−i) = g̃H
i HH

l(i),iR
−1
l(i)(g̃−i)Hl(i),ig̃i ≥ γ0,

where γ0 is the target SNR.
The optimization problem (7) is non-convex, and a closed-form solution for the power

minimizing g̃i does not exist [3]. However, it is also shown in [3] that the IMMSE algorithm
for beamforming can satisfy the necessary (though not sufficient) conditions for optimality.
The IMMSE beamforming method is extended to S-T waveform design in Table 1. IMMSE-
TR hinges on the following definition of time-reverse matrices and vectors.

Definition 1 Time-Reversal: Let x ∈ C
MN be a vector with N temporal subvectors x(n) ∈

C
M , hence x = [x(N)Tx(N)T . . .x(1)T ]T . The time-reverse is then xr = [x(1)Tx(2)T . . .x(N)T ]T

with subvectors xr(n) = x(N − n + 1) for n = 1, . . . , N .
Let A ∈ C

MN×MN be a matrix with temporal subblocks of dimension M ×M , such that
(Matlab notation) A(n,m) ≡ A((n− 1)M : nM, (m− 1)M : mM). The time-reverse matrix
Ar is defined by the subblocks Ar(n,m) = A(N − n + 1, N −m + 1) for n,m = 1, . . . , N .

The following properties of time-reversed systems are then readily derived.

Proposition 1 Time-Reversed System Relations: Let y = Ax, where y,x ∈ CMN,MN are
composed of temporal subvectors y(n),x(n) ∈ C

M , and A is divided into temporal subblocks
A(n,m) ∈ C

M×M . Then
yr = (Ax)r = Arxr. (8)

Let A,B ∈ C
MN×MN be S-T matrices with temporal subblocks A(n,m),B(n,m) ∈

C
M×M . The time-reverse of the product satisfies (AB)r = ArBr.

Let A ∈ C
MN×MN with temporal subblocks A(n,m) ∈ C

M×M be invertible. Then
(A−1)r = (Ar)−1.

The next proposition defines space-time channel reciprocity.

Proposition 2 Space-Time Channel Reciprocity: Let Hi,l(i) ∈ C
NsM×NsM represent the

space-time channel from transmit array l(i) to receive array i. Nyquist sample n of the
S-T channel is denoted by Hi,l(i)(n) ∈ C

M×M for n = 0, . . . , Ns − 1. The temporal subblocks
of size M ×M are then given by Hi,l(i)(n,m) = Hi,l(i)(m−n) ∈ C

M×M for n,m = 1, . . . , Ns.
Assume spatial channel reciprocity, so that Hi,l(i)(p)T = Hl(i),i(p). Then HT

i,l(i) = Hr
l(i),i. That
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For n = 1, 2, . . .
For each node i

m← 1
While ||gi(m + 1)− gi(m)|| > ε

Update normalized S-T MVDR detector at i
w′

i(m + 1) = Ri(g̃
n
−i)

−1Hi,l(i)gl(i)(m)
wi(m + 1)← w′

i(m + 1)/||w′
i(m + 1)||

gi(m + 1)← wr,∗
i (m + 1)

Transmit packet to node l(i) –
Update node l(i) S-T detector.
w′

l(i)(m + 1) = Rl(i)(g̃
n
−i)

−1Hl(i),igi(m + 1)

wl(i)(m + 1)← w′
l(i)(m + 1)/||w′

l(i)(m + 1)||

gl(i)(m + 1)← wr,∗
l(i)(m + 1)

m← m + 1
End while
mi ← m
Update SVD approximation gn

i = si ⊗ ai ≈ gi(mi)

Transmit estimated SNR Γl(i)(
√

P n
i gn

i , g̃n
−i) from l(i)→ i

Update power P n
i ← P n

i γ0/Γl(i)

Next i
Next n

Table 1: IMMSE-TR adaptive space-time waveform algorithm.

is, the transpose of the S-T block Toeplitz channel response at node i due to l(i) is the time-
reverse of the response at l(i) to i. Note that this space-time reciprocity does not hold for
channels Hi,j, for j 6= l(i), due to the QS time-advance rj,l(j)/c.

The basic operation of IMMSE-TR is as follows: On each iteration n, nodes i = 1, 2, . . . , N
are updated sequentially. Each nodal update i is composed of IMMSE subiterations m.
Specifically, at subiteration m+1, node i computes its MMSE/MVDR S-T detector wi(m+1)
based on a training sequence transmitted by node l(i). In practice, the MMSE S-T detec-
tor is updated using the LMS or RLS algorithm, however in the simulations in the sequel,
it is assumed that the unnormalized w′

i(m + 1) takes on its optimum value w′
i(m + 1) =

R−1
i (g̃n

−i)Hi,l(i)g̃l(i)(m). The transmit beamformer is then set to the conjugate time-reverse,
gi(m + 1) = wi(m + 1)r,∗. Node i then transmits a training sequence back to l(i), which
computes its S-T detector wl(i)(m + 1), and resets its transmit vector to gl(i)(m + 1) =
wl(i)(m + 1)r,∗. The result of the subiterations is characterized by the following proposition.

Proposition 3 The S-T transmit vector gi(m) converges to the maximum eigenvector of
the objective matrix

Gi = (R−1
i )r,∗HH

l(i),iR
−1
l(i)Hl(i),i, (9)
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Equivalently, limm→∞ gi(m) solves

gi = argmax
g

gHHH
l(i),iRl(i)(g̃−i)

−1Hl(i),ig

gHRi(g̃−i)r,∗g
. (10)

Proof: From Table 1, gi(m+1) = wr,∗
i (m+1). Assuming exact convergence of the LMS/RLS

MMSE algorithm, and using the rules for time-reversal in Definition 1 we then have gi(m +
1) = (R−1

i )r,∗Hr,∗
i,l(i)g

r,∗
l(i)(m). However, from S-T channel reciprocity in Proposition 2, Hr,∗

i,l(i) =

HH
l(i),i. Furthermore, gr,∗

l(i)(m) = wl(i)(m). Substituting for wl(i)(m) = R−1
l(i)Hl(i),igi(m) yields

the final update for the transmit vector.

gi(m + 1) =
1

c
(R−1

i )r,∗HH
l(i),iR

−1
l(i)Hl(i),igi(m), (11)

where c normalizes ||gi(m + 1)|| = 1. Following [3], eq. (11) corresponds to the power
algorithm, leading as m→∞ to the solution in eqs. (9),(10).

The noncooperative game theory interpretation of IMMSE-TR is similar to [3]. The
utility function corresponding to Table 1 is

ui(g̃i, g̃
n
−i) = (12)

ν(γ0 − Γl(i)(g̃i, g̃
n
−i)) + ln

(

g̃H
i HH

l(i),iRl(i)(g̃
n
−i)

−1Hl(i),i)g̃i

)

− ln
(

g̃H
i Ri(g̃

n
−i)

r,∗g̃i

)

,

where ν(x) is an arbitrary concave, continuous function with maximum at x = 0. The
IMMSE-TR algorithm at iteration n, i then corresponds to the noncooperative game g̃n

i =
arg maxg̃i

ui(g̃i, g̃
n
−i). The utility ui() increases with normalized SNR (first ln term) and

decreases with increasing interference to other nodes (second ln term – an interference tax.)
The utility is maximized when the power Pi = ||g̃i||

2 is set so that the SNR constraint is
met with equality (Γl(i) = γ0). The interference tax can be rewritten using the time-reversal
definitions 1 and replacing wr,∗

l by gl as

gH
i Rr,∗

i gi = (13)

gH
i

∑

l 6=i,l(i)

Hr,∗
i,l g

r,∗
l (gH

l )r,∗(HH
i,l)

r,∗gi + 1 =
∑

l 6=i,l(i)

|gH
i Hr,∗

i,l wl|
2 + 1.

If S-T channel reciprocity held for all nodes i, j, then Hr,∗
i,l = HH

l,i, and the interference
terms in (13) would indeed correspond to the interference at node l caused by transmitter
i, |wH

l Hl,igi|
2, as in [3]. Unfortunately, S-T reciprocity only holds for node pairs i, l(i)

(Definition 2), hence eq. (13) is not part of a Total Interference Function [3].
Simulation results demonstrated slow convergence when gn

i was set to the unconstrained
IMMSE-TR solution (10). Furthermore, allowing gn

i to be an arbitrary MNS length complex
vector increases transmitter complexity. The IMMSE-TR algorithm in Table 1 enforces a
separable S-T solution gi = si ⊗ ai, where ⊗ is the Kronecker product. The temporal
signature is si ∈ C

Ns , with spatial signature ai ∈ C
M . The separable S-T waveform is then

the solution to
si, ai = arg min

s∈CNs ,a∈CM
||gi − si ⊗ ai||

2. (14)

6



It is well known that the minimum norm solution (14) can be found using the SVD of the
matrix (Matlab notation)

Gi = [gi(1 : M)gi(M + 1 : 2M) . . . gi((Ns − 1)M + 1 : NsM)]T .

The vectors si, ai are then the left and right singular vectors of Gi corresponding to the
largest singular value.

Results and Conclusions

Simulation results for IMMSE-TR are shown in Figures 1, 2 and 3 for N = 10 nodes with
M = 4 elements and a processing gain of PG = 7, or Ns = 14 Nyquist samples per symbol.
Three ray channels Np = 3 were chosen at all nodes with a π/2 rad. angular spread. The
temporal multipath duration was 2Ts sec. The power efficiency 0 ≤ η ≤ 1 in Fig. 1 is the
ratio ηn = P su

i /P n
i , where P su

i is the power required to maintain SNR γ0 in the absence of
MAI. That is, P su

i is

P su
i =

γ0

λmax

(

HH
l(i),iHl(i),i

) , (15)

where λmax(A) is the largest eigenvalue of matrix A. Note that λmax

(

HH
l(i),iHl(i),i

)

is the

maximum normalized SNR on link i→ l(i) in the absence of MAI. Hence η = 1 when MAI is
absent, since gn

i is the maximum eigenvector of HH
l(i),iHl(i),i from (9). The power efficiencies

are then seen in Fig. 1 to satisfy η ≥ .8 at all nodes.
The final temporal signatures si and beamformers ai are shown in Figs. 2, 3 for this

scenario. The temporal signatures are OFDM-like, but not pure sinusoids. As shown in
[11], the optimal S-T waveforms in the absence of MAI are indeed separable, with temporal
signatures given by sinusoids. However, the SNR-maximizing temporal waveforms for the Ad
hoc network are not sinusoidal, even with the inclusion of a cyclic prefix, since the effective
whitened channel matrix R

−1/2
l(i) Hl(i),i is no longer block-Toeplitz. Nevertheless, the sinusoidal

nature of the si suggests that a more structured solution for the S-T waveforms may exist.
The same scenario as in Figs. 1 – 3 was considered with the processing gain increased to

PG = 15. The resulting power efficiency is plotted in Fig. 4, which shows a slight increase
in η over the PG = 7 case, due to the reduced temporal correlation achievable.

To summarize, a new iterative MMSE space-time waveform design algorithm was devel-
oped, which was shown to correspond to a noncooperative game. Quasi-synchronous trans-
mission on the desired link was employed to minimize the code acquisition problem. The
resulting S-T waveforms gi maximize a similar utility function to that in the pure beamform-
ing case [3], with utility increasing with normalized SNR, and decreasing with (approximate)
interference to other nodes. The QS channel model alters the direct relationship between
the interference tax and Total Interference Function in pure beamforming [3]. As a result,
the optimum solution for the gi via the Lagrangian does not have the generic IMMSE form,
in contrast to beamforming-only [3]. Nevertheless, simulation results showed excellent power
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efficiencies in a scenario with more nodes than beamforming elements, due to the additional
degrees of freedom afforded by the temporal signature.
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Figure 1: Power efficiency η for M = 4, Ns = 14, N = 10 nodes.
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Figure 2: Temporal signatures for M = 4, Ns = 14.
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Figure 3: Spatial signatures for M = 4, Ns = 14.
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Figure 4: Power efficiency η for M = 4, Ns = 30, N = 10 nodes.
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ABSTRACT 
 

Sensor networks can demand large amounts of bandwidth if the raw sensor data is transferred to 
a central location.  Feature recognition and sensor fusion algorithms can reduce this bandwidth.  
Unfortunately the designers of the system, having not yet seen the data which will be collected, 
may not know which algorithms should be used at the time the system is first installed.   This 
paper describes a flexible architecture which allows the deployment of data reduction algorithms 
throughout the network while the system is in service.  The network of sensors approach not only 
allows for signal processing to be pushed closer to the sensor, but helps accommodate extensions 
to the system in a very efficient and structured manner. 
 
Keywords:  Sensor Networks, Data Fusion, Feature Extraction, Network Architecture 
 

INTRODUCTION 
 
Systems are often designed with hundreds, if not thousands, of sensors.  Theses sensors can 
monitor anything from the occasional event switch which may produce data once a month, to 
video images and other high bandwidth sensors that produce megabits of information per second.  
It can be a challenge to decide how to process, forward, display and archive this data. 
     
Remote monitoring engineers often require all the data as rapidly as it can be sampled in order to 
perform initial system monitoring.  This leads to high communications costs with any 
transmission medium, and is especially difficult for wireless applications.  Having rapid access 
to the raw data may be necessary during early system design and verification, so abnormal 
operation can be quickly detected and analyzed. Often, as remote monitoring engineers 
determine which sensors and what algorithms are the best indicators of system anomalies, 
transmitting most of the data becomes unnecessary.  To reduce the overall bandwidth it is 
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desirable to move these algorithms to the remote sensors so that only the result of this detection 
algorithm needs to be transmitted. 
     
The goal of this research is to design a system that allows online improvements in the monitoring 
of sensor data.  Factors considered include a simple extendable architecture, transformation 
reusability to reduce overall system requirements, and adaptability to include a wide variety of 
sensors. 
     
Starting at the sensor data, each sensor is sampled and controlled by a sensor server process.  
These servers are written in such a way that they can provide data to multiple client processes 
with potentially different sample rates.  These client processes are built to transform the sensor 
data into useful information. 
     
Once the data is transformed into information that requires action a final level of processes have 
control over the communications channels to the local as well as remote users.  These processes 
can send alerts as well as data to the users so that impending failures or events can be managed.  
In some cases the system could even have the ability to shut down operations in order to save 
money and lives. 
 

SYSTEM ARCHITECTURE 
 
The system architecture is described as separate processes which may be distributed among 
various processors.  Most of the systems are described how they would act on a typical 
embedded computer architecture with system random-access memory (RAM), hard drive and 
various input/output (IO) devices.  However, many of the processes can be implemented on a 
microcontroller system with RAM, flash memory storage and the various IO. 
 
Sensor server processes are used to collect various input data and trigger sensor processes to 
transform and analyze the data.  It is important to note that these sensor processes are kept 
separate from the server process for a reason.  Often the system may have several tasks to 
exhibit, and multiple goals to achieve.  However, these tasks and goals may need the same 
transform on the sensor data. By keeping the transform process separate, the transform is only 
performed once.  Also, more than one sensor-process may need access to the same sensor data to 
analyze different aspects of the raw sensory data.  This type of data flow and processing is the 
beginning of a web of processes and tasks that collect refine and analyze data. 
 
Each output is controlled by a process that has the responsibility to schedule different task 
communications based upon their priority.  A final task coordinator is used to add new processes 
to the active system.  New processes register with the task coordinator which in turn adds the 
triggers to the existing processes to start the new process. 
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Figure 1 System architecture 
 
A schematic of the proposed systemic system architecture is shown in Figure 1.  Each of the 
sensors is controlled by sensor server and provides raw data which is analyzed by sensor 
processes to extract useful information.  Note that some raw data from a given sensor may be 
processed by multiple sensor processes in order to extract different information.  For example 
video data can be processed by a motion flow process to detect moving objects, while the same 
raw data is being processed by texture segmentation process to detect the extent an object.  Note 
that the same sensory information can be used by multiple tasks and each task may also act using 
information from multiple sensors. 
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Figure 2 Example system flow 
 

 
Figure 2 is a simple example set of processes that can be used to detect problematic vibration in a 
system.  The system flow starts at the camera where a sensor server obtains images and makes 
them available to image processing tasks.  Each new image triggers the image processing tasks to 
start processing on the new image.  In this example a motion detection process takes successive 
images and looks for motion.  Once a threshold is exceeded a trigger is sent to activate any 
dependent processes.  The data is made available to these new processes so that further analysis 
can be done.  In this example the system could determine the location of the vibrating parts and 
calculate the maximum acceleration in the vibration.  This would then be sent to an output 
channel for alerting the remote user. 

SENSOR SERVERS 
 
Many times there are multiple tasks that could require sensor information.  For example; the 
system may be using the vision information to estimate an objects position while at the same 
time it is required to visually measure an objects size.  Without a vision server allowing for 
concurrent connections to the vision data, these two tasks would have to be integrated into a 
single process or take turns using the video resource.  This may not be bad for two tasks, but in 
general there could be dozens of visual tasks that happening at the same time and each task 
would require different amounts of processing time with different data.  This multiple access 
problem is solved by the use of sensor servers. 
 
One common sensor is a camera, so the implementation of a sensor server is described in detail 
using the data obtained by a camera.  Allowing multiple processes to access the same image 
information proposes some problems.  Some processes might take longer than a single frame 
time period of 33ms to work with the image.  If the image capturing were delayed until all 
processes were done with the image data, then the capture rate would not be fast enough for 
some high speed sensor processes like motion detection.  While making a copy of the image is 
possible, copying takes a significant amount of processor time and would be required for each 
process that needed the image data. The solution is to implement a ring buffer.  The video 
capture is done independent of the image data usage so the frame rate is always maintained at 
thirty frames per second. 
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This is done is by filling the ring buffer with frames using the capture card’s Direct Memory 
Access controller.  Once the buffer is full, normal operation commences.  The server blocks 
(waits) until the next to the last frame is done transferring from the capture card.  The capture 
card continues with the last frame however before it is done the next frame for it to transfer is 
queued to replace the next oldest frame in the ring buffer.  By this method the frames are 
available for the maximum amount of time and the DMA controller always has the next frame to 
transfer before it is done with its current frame (Figure 3). 
 

Pointer to the 
frame currently 
updating via DMA 

Pointer to frame in 
the queue of the 
DMA controller 

Ring Buffer Memory 

 
Figure 3 Video ring buffer operation 

 
 
The size of the ring buffer multiplied by the time per frame gives the maximum time for 
processing a specific image.  Typically thirty frames are held so that there is a complete second 
of processor time to analyze the image data. 
 
Other sensor processes have similar requirements of being able to access the data for more time 
than the update rate.  And even if processing the data from a sensor may not take longer than its 
update rate, often the short term history of sensor data is needed.  For example; after some image 
processing, a task might reveal a situation where other data is needed.  At that point the other 
data needs to have a ring buffer that maintains data at the same time as the image data. 
 
For that reason, the other sensors of the system need to have a ring buffer with a size that allows 
their data to be available for a similar amount of time.  These sensor servers are considered an 
extension of the sensor hardware and are most useful if they are placed on processors at or in 
close proximity to the sensors.    

SENSOR PROCESSES 
 
Some sensors give useful information directly from their outputs.  For example sonar proximity 
sensors use the time that the sound takes to travel away from and bounce back to a transducer.  
This time directly relates to a distance to an obstacle.  Cameras on the other hand are primarily 
used to reproduce a scene on a screen and therefore there is little knowledge gained from the raw 
data of an image.  Processing is required to gather edges, segment areas and recognize features.  
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This process of going from raw data to usable knowledge is highly dependent on the sensor and 
the knowledge that is desired.  It is important to note that the image sensor processing done in 
these algorithms is not typically done on the whole image of each frame.  Most often there is 
apriori knowledge of what is expected in a view.  For example in processing could concentrate 
on the area in the image where motion is detected. 

TASK PROCESSES 
 
Task process use information from various sensor processes to draw a conclusion about the 
sensor data and trigger some form of output.  From the remote monitoring stand point this would 
be the collection of all the indications that would indicate an impending failure.   

OUTPUT INTERFACE 
 
With the system having various tasks and tasks occurring simultaneously the system must 
manage its outputs.  For example if one task is communicating the system status and a second 
task needs to alert that there is an impending failure the output interface will abort the status 
communication and allow the higher priority message through.  

TASK COORDINATOR 
 
The task coordinator also has the job of registering tasks and its triggers.  When a task is added 
to the system there are one or more processes than can trigger the new task and there may be one 
or more other tasks that need to be triggered after the new task.  For example if a task is added to 
calculate the average system pressure during startup, a trigger would be added to the startup 
sensor server to start the calculation of average system pressure.  Each new task and its 
associated triggers can be added and removed from the system after deployment.   
 

CONCLUSIONS 
 

In situations where there is a cost associated with the total amount of data transmitted or a large 
cost for a high bandwidth channel, it is desirable to minimize the data sent through this 
communications channel.  It is often possible to reduce data to summaries of data or to use 
feature detection to detect and alert when problems occur.  In the proposed architecture a system 
of adding processes that prepare and process sensor data in a distributed manner not only allows 
for the system to be extended as new anomaly detection algorithms are developed it also allows 
for parts of the processing to be pushed close to the sensor and reducing the overall 
communications requirements. 
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Abstract - Fibre Channel is being implemented
as an avionics communication architecture for
a variety of new military aircraft and upgrades
to existing aircraft.  The Fibre Channel
standard (see T11 web site www.t11.org)
defines various network topologies and
multiple data protocols.  Some of the
topologies and protocols (ASM, 1553, RDMA)
are suited for Avionics applications, where the
movement of data between devices must take
place in a deterministic fashion and needs to
be delivered very reliably.  All aircraft flight
hardware needs to be tested to be sure that it
will communicate information properly in the
Fibre Channel network.  The airframe
manufacture needs to test the integrated
network to verify that all flight hardware is
communicating properly.  Continuous
maintenance testing is required to insure that
all communication is deterministic and
reliable.  This paper provides an overview of a
Fibre Channel Avionics network and protocols
being used for Avionics.  The paper also
discusses a practical implementation of
avionics level testing and testing challenges
associated with these applications.

INTRODUCTION

New advanced avionics programs and
applications have an increasing need for
bandwidth while maintaining the traditional values
of low latency, determinism, and reliability as
hallmarks of mil-avionics requirements.  During
the past decade Fibre Channel has emerged as a
winning solution from several competing
technologies such as Scalable Coherent Interface
(SCI) and Gigabit Ethernet.  One characteristic
that all the competing technologies shared with
Fibre Channel is that they were all based on high-

speed serial transmissions placed in routed
switched architectures.

You will see that this “shared characteristic”
places two important stress points on incumbent
testing methodologies and strategies.  First, the
shear volume of the data makes it impossible to
hold onto a philosophy of logging all data on the
network so as to not miss something of
importance for post-run or post-flight analysis.
And secondly, in a switched topology there is no
single tap point in the system where all the data
may be seen.  Perhaps as important is the fact
that, since shared media transports have been
abandoned for the increased system bandwidth
offered by switched networks, there is no single
link that can possibly contain all the network
traffic.

Although relatively new to the avionics
marketplace, Fibre Channel is already a High
Speed Digital Data Bus for Avionics.  For
instance, it is already being implemented on major
programs like the F35/JSF, F18, F16, E2C, B1B
and others.  Although Fibre Channel is largely not
understood, it must fulfill the mil-avionics market
requirements for speed, reliability, determinism,
and fault tolerance.  Speed, reliability, and
determinism issues are relatively easy to address.
However, fault tolerance turns out to be
dependent on a combination of architectural
issues and Upper Level Protocol (ULP), and Fibre
Channel transport characteristics.

FIBRE CHANNEL BASICS

What is Fibre Channel?  A very high view of Fibre
Channel shows it is an accepted international
standard.  Within the American National
Standards Institute (ANSI) body is a group called



the international Committee for Information
Technology Standards (INCITS) that is home to a
task group called T11.  Defining Fibre Channel is
the responsibility of the T11 task group
committee.  Sister sub-committees to T11 would
be HIPPI and FDDI as well as T10’s work with
SCSI.

This means that Fibre Channel is a Commercial-
Off-the-Shelf (COTS) technology enjoying all the
benefits of a three to five billion dollar commercial
marketplace defined as the Storage Area Network
(SAN) market.  Although mil-avionics requires
special environmental packaging and support for
deployed architectures greatly exceeds the
eighteen months of the commercial marketplace,
there are great benefits derived from a
marketplace which tests, deploys and supports
the basic technology.  Even in the commercial
marketplace, deployed Fibre Channel systems
more closely match mil-avionics systems because
the commercial world greatly values the integrity
of their core corporate data files and reliable
access with ultra-high availability.  Witness the
Wall Street and banking industries requirements
for 99.999% availability or uptime and 100%
reliability of data.  The billions invested annually
into this commercial marketplace accrue directly
to the mil-avionics market.

Fibre Channel has been designed to be a
communication protocol between host processors
and secondary storage elements like disk drives
and tape drives.  This means that Fibre Channel
has been designed with all the real-time
requirements of speed and reliability that is
characteristic of the Input-Output (I/O) market and
shared with the mil-avionics market.  Additionally,
Fibre Channel has been designed with the
concepts of connectivity and interoperability that
mark the general networking marketplace.
Finally, Fibre Channel has been designed to be a
universal carrier of information.  The result is that
Fibre Channel has been crafted to easily map
other protocols.  The idea was to allow existing
software written for legacy protocols to be easily
ported to Fibre Channel.  In fact, Fibre Channel
does not have a native “command set” of its own.
For an application to utilize the Fibre Channel
physical and logical transport layers, someone
must map an existing command set to it, like SCSI
or 1553, or invent one of their own like the
Anonymous Subscriber Messaging Protocol
(ASM) utilized on some advanced avionics
programs.

Fibre Channel is described in the standards as a
stack of architectural levels.  Although the stack
pictured in Figure 1 illustrates 7 levels, I will only
briefly mention four of them here.

FC-0, the bottom level, describes the Physical
Interface for Fibre Channel.  This level specifically
defines the speeds, transceivers, connectors, and
cabling.  Currently there are three baud rates
shipping in commercial and military avionics Fibre
Channel products.  These are 1.0625 gigabaud,
2.125 gigabaud, and 4.25 gigabaud.  These rates
translate to duplex user data rates of 200
Megabytes per second, 400 Megabytes per
second, and 800 Megabytes per second
respectively.
Although the technology is called “Fibre Channel”
the physical media variants include copper along
with long-wave and short-wave optics utilizing
both single mode and multimode cabling.  Fibre
Channel systems are flexible enough that every
physical link may be chosen based on that link’s
requirements and not on the presence of other
media types elsewhere in the system.

The FC-2 level is interesting because it describes
how Fibre Channel manages the flow of
information between two ports.  This level was
designed by the Standards body to allow ease of
mapping to Upper Level Protocols (ULP) through
an intermediate mapping level (FC-4).

Fibre Channel supports three pure topologies,
illustrated in Figure 2, and one hybrid.  Fibre
Channel supports the Point-to-Point, Arbitrated
Loop, and Fabric Switched topologies.  The hybrid
topology supported is Arbitrated Loops attached
to Switch ports.  Take note, in all topologies a
Fibre Channel port’s transmitter is only ever
physically attached to one other port’s receiver.
This simplification of the link allows for highly-
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reliable transmissions lowering the system error
rate in even ultra-high-speed links to acceptably
low rates.

A simple solution for higher availability and
greater fault tolerance utilizing any of these
topologies is to have redundant physical ports on
a node attach to redundant topologies.

For instance Figure 3 depicts a single node with
four Fibre Channel physical port connections.
Two of the connections can be to two redundant
switches and two can be tied into two redundant
Arbitrated Loops.  This would be a very fault
tolerant system.

You may notice that the figure also illustrates that
a single physical Fibre Channel link is comprised
of two independent fibers: a dedicated transmit
and a dedicated receive.  This means that the port
is full-duplex capable of receiving and transmitting
concurrently.  In fact, in a switched topology a port
can be receiving data from a source port while

sending data to a completely different destination
port.
To the attached Fibre Channel ports called
N_Ports for Node-Ports, the switched fabric looks
like a cloud (see Figure 4) that takes care of all
destination routing.  The N_Port is uninvolved in
the process of routing and really has no idea of
the physical destination since packets of data,
called frames, are routed based on a network
assigned address.

Figure 5 illustrates the Fibre Channel data
hierarchy.  A ULP command represents an
operation.  For instance, a 1553 Remote Terminal
(RT) to Bus Controller (BC) transfer command
represents an operation comprised of several
movements of data beginning the BC sending a
command to the RT.  Then the RT sends a status
message to the BC followed closely by the RT
sending the data to the BC.  In Fibre Channel this
operation is called an Exchange.  The importance
of this is seen in that Exchanges are Fibre
Channel’s mechanism for mapping half-duplex
protocols like 1553, SCSI, and others.  The
individual movements of data like 1553
commands, status, and data, typically called
Informational Units, are represented in Fibre
Channel by Sequences.  Exchanges are
comprised of one to many Sequences.
Sequences are comprised of one to many Fibre
Channel frames.  The maximum Fibre Channel
frame size is limited to 2,148 bytes where 2,112
bytes are user defined data.  If the Information
Unit to be transferred is larger than 2,112 bytes
then the Sequence must be comprised of more
than one Fibre Channel frame.  Finally, Frames
are comprised of Transmission Words and
Transmission Words are comprised of four
Transmission Characters.  Each Transmission
Character is ten bits; Fibre Channel utilizes an
eight bit to ten bit transmission encoding.

Fibre Channel Basic Topologies
• Point-to-Point

– Exactly two N_Ports connected together
– No Switch (routing function) present

• Arbitrated Loop topology
– Low cost attachment of 1 -126 ports
– Two NL_Ports is a practical minimum
– Switch (routing function) distributed into each 

NL_Port
– Special Environments and attach to a Switch
– Polling still possible without Well-Known 

services
• Switch topology

– Up to 14 million ports connected together
– 2 million reserved for special functions
– Generic centralized switch (routing) 

environment
– Well-Known Services usually required

Switch
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Another valuable Fibre Channel basic relates to
user classes of service that Fibre Channel offers.
Generally, there are four user classes of service
defined in Fibre Channel.  However, only two of
them are widely deployed.  Classes of service has
to do with the Quality of Service (QoS) with which
data is sent across the media.  Typical QoS
features include guaranteed bandwidth,
guaranteed latency, acknowledged delivery,
notification of non-delivery, end-to-end flow
control, and guaranteed in-order delivery of
frames within a Sequence.

Class 3 is the dominant user-class of service
deployed in both the commercial and mil-aero
markets. It is a best effort packet-switched service
that resembles a datagram service with no
attendant QoS features.  Class 2 has been
implemented by many vendors of fibre Channel
hardware with a view to the future.  It also is a
packet-switched service but it has end-to-end flow
control with acknowledged delivery and
notification of non-delivery.  It does not guarantee
bandwidth or latency of messages.
If, at this point, you are excited enough to want to
learn more about Fibre Channel or become an
expert, then you will want to know where you can
obtain the appropriate ANSI Standards.
Completed Standards may be obtained through
Techstreet in Ann Arbor, Michigan.  You may
email them at service@techstreet.com or
telephone them at (734) 302-7801.  If you do not
mind looking at draft revisions of the standards
you may download them in PDF format from the
T11 web site at WWW.t11.org.

AN OVERVIEW OF A FIBRE CHANNEL
AVIONICS NETWORK

Figure 7 illustrates one possible avionics
architecture.  Redundancy for fault tolerance and
high-availability is secured by each node
containing three ports.  One port attaches directly
to a Fibre Channel switch and the other two ports
attach to Fibre Channel Arbitrated Loops
connected in reverse directions.  The idea is that if
a switch port fails then the loops which are
independently connected will support the avionics
traffic.  Even if one loop fails the other loop is
present.

Loop topologies are inherently lacking in fault
tolerance because the failure of a single port can
cause the entire loop to become inoperable.  In
commercial as well as military implementations
Fibre Channel loop ports are connected with
bypass elements that allow a failed port to be
bypassed.

POPULAR AVIONICS PROTOCOLS

Within the T11 Fibre Channel Standards group is
a technical committee dedicated to the definition
of profiles for the mil-avionics community.  Three
of the profiles published to date include a mapping
of the 1553 Command Set to Fibre Channel, a
totally new protocol called Anonymous-Subscriber
Messaging (ASM), and Remote Direct Memory
Access (RDMA) which is a SCSI light protocol.

One trick for those already familiar with a legacy
protocol like 1553 is to mentally separate the
command set from the means of the transport.
Also, 1553 Bus features like Bus Controller
timeouts on responses to commands from
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Remote Terminals is not necessary to carry over
to Fibre Channel.  In a similar manner the
limitations of the 1553 Bus like, allowing only one
active BC at a time and the small message sizes
of 1553, are not limitations that need to be carried
over to Fibre Channel.

Once again, the fault tolerance of a system is
derived from a combination of the architecture, the
topology, the physical transport protocol, and the
application protocol.  For instance, a loop topology
guarantees in-order delivery by virtue of its single
path for all frames.  In a complex switch topology
where multiple paths are possible the topology
does not guarantee in-order delivery; in-order
delivery of frames must be handled by other
means such as a routing protocol.

The following discussion shows how avionics
protocols assist in providing QoS characteristics
to the system.

Figures 7 and 8 are latter diagrams that illustrate

two common 1553 commands as Fibre Channel
Exchanges.  Generally, the industry uses Class 3
which is the unacknowledged datagram service.
Since class 3 is a best effort delivery, there is no
indication provided by the Fibre Channel transport
that a frame has been lost.  So how does the BC
know if the RT has received the BC to RT
command sequence?  The answer is, in time the
RT will send a status Sequence in response to the
received data sequence.  So the 1553 command
set is a self-acknowledging protocol from the ULP
level.  Since the ULP level sets higher up the
protocol stack than the network transport level, it
is in fact a more reliable means of
acknowledgment than if Fibre Channel class 2
were used and the network were to send an
Acknowledgement Frame for every frame
received.  If the BC does not receive the status
sequence from the RT then it can choose some
recovery mechanism.

Figure 9 illustrates the ASM protocol that was
invented for use on modern avionics programs.  It
is a very simple Producer-Consumer paradigm.
The idea is that avionics applications are
designed to be run at periodic rates. Applications,
by design, expect to consume certain data
elements at well-known periodic rates. They will
also generate data elements at well-known rates.
These applications do not need to be told by a
master controller when to consume and generate
data; they will do it by design.  Also inherent in the
design is that the producers of data do not need to
know who the consumers of their data are;
therefore the consumers are anonymous.  By the
same token, consumers of data do not need to
know who the producers of their data are, again
anonymous.  As Figure 9 illustrates, the ASM
Exchange is very simple single Sequence.

Example ASM Exchange
Data ConsumerData Producer

Producer Sends Sequence of Data Frames to Consumer

Figure 9

Example 1553 BC-RT Operation

Send 1553 BC to RT Transfer Command

Remote TerminalBus Controller

BC Sends Data Frames to RT

RT Sends Status 

Sequence

Exchange Originator Exchange Responder

Figure 7

Example 1553 RT-BC Operation

Send 1553 RT to BC Transfer Command

Remote TerminalBus Controller

RT Sends Data Frames to BC

RT Sends Status 

Sequence
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Figures 10 illustrates the RDMA protocol.  RDMA
is really exactly like the commercial SCSI FCP
protocol with only slight modifications to enable
low latency transfers.  In terms of fault tolerance
the protocol is similar to the 1553 mapping to
Fibre Channel already discussed.

TESTING CHALLENGES

Avionic Systems designed around Fibre Channel
present some new challenges to those tasked
with maintaining, testing and validation.  It is not
uncommon on legacy systems to log all network
traffic.  Consider carrying that philosophy over to a
Fibre Channel based system. A single Fibre
Channel link operating at 1.0625 gigabaud will
generate 200 megabytes per second of data. To
log one hour of traffic amounts to collecting and
storing just under seven terabytes of data.
Further complicating the situation is that Fibre
Channel topologies are not shared in the sense of
offering a single point in the system where all
traffic may be monitored.  So in a typical avionics
system utilizing a 24 port switch there are 24 links
to monitor meaning the total system data
capability is just under 168 terabytes of
information in one hour.

Another challenge is the notion that testing and
instrumentation should be completely unobtrusive.
Unobtrusiveness may be achievable in systems
designed around multi-drop Busses; but in fibre
optic systems with point-to-point and switched
fabric topologies it is not possible.  There are
generally three options:

1. You can optically tap into a fiber optic link at
the cost of power to the destination.

2. You may schedule traffic to be routed to a test
system meaning the test system is no longer
in-line with the destination.

3. You may insert an instrument between the
source and destination on a link causing the
data to the destination to be delayed and
retimed.

TESTING STRATEGIES

There are three basic types of test instrument
apparatus useful in testing Fibre Channel
systems.  First, is the two-channel pass-through
protocol analyzer: it is useful in debugging the
correctness of the Fibre Channel transport
protocol on the physical links as well as assisting
in debugging the user applications running on the
link.  It can also be used to stream data to
secondary storage for post run analysis.

A second apparatus is the use of Data or Pattern
Generators to stimulate avionics modules under
test.  A Pattern Generator should be able to stress
the link’s ability to handle data, send legal and
illegal user application data, and perform illegal
Fibre Channel operations.  Since avionics
systems have a large component, of periodic
data, it would be useful if the Data Generator had
the ability to schedule periodic data transfers.

Thirdly, building on the Data Generator the ability
to respond to link inputs in real-time makes a
useful tool for hosting applications under test or
for emulating systems to other Devices-Under-
Test (DUT).  In short, this “Emulator” can provide
a complete, flexible lab environment in which to
stimulate and test a DUT.

The leading supplier of Fibre Channel testers for
the mil-aero market today is AIM-USA.  Their PCI
Fibre Channel tester card (APG-FC2) meets and
exceeds all the requirements for each of the three
test apparatus.
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ABSTRACT 
 
There are seven parts of the Institute of Electrical and Electronics Engineers (IEEE) 1451 Smart 
Transducer family of standards either approved, in work, or in review.  These documents are 
providing a nonproprietary set of standards for the implementation of smart transducers (i.e., sensors 
and actuators).  This paper overviews these standards and their status.  In particular, the IEEE 
P1451.5, which addresses wireless transducers, and the IEEE P1451.0, which will provide a 
common high level architecture for the entire family, will be discussed.  A reference model, which is 
being used as a focus for the IEEE P1451.0, will be introduced to help show the relation between all 
the members of the family. 
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INTRODUCTION 
 
The IEEE 1451 family of standards addresses smart transducers. This paper overviews the seven 
current members of this family and provides status on each.  The word ?smart’ in this context means 
different things to different people.  There are, in some sense, two aspects of adding intelligence to a 
sensor. The first of these is simply the ability to communicate with the sensor over a network or 
through another form of direct communication.  The second of these, local processing, places some 
electronic intelligence at the sensor site itself, allowing some level of data fusion, process control, or 
self tests to be implemented.  The IEEE 1451 standards address the communications aspect that must 
be in place in order to take full advantage of any local processing ability.  Indeed, if there is a 
standard method of communication, then individual manufacturers can innovate in regards to local 
processing. 
 
Within the working groups, it is normal to refer to the different standards as ‘the dots’.  Thus, ‘dot 1’ 
refers to IEEE 1451.1 and ‘dot 2’ refers to IEEE 1451.2, etc.  Formally, a ‘p’ is added to the title in 
order to indicate that the standard is still in a ‘proposed’ state and is not formally approved yet.  
Thus, the IEEE P1451.5 has not been approved, whereas the IEEE 1451.1 has.   
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The dot 2 was the first to be approved, although the dot 1 was well on its way at the time.  Since 
then, the number of dots has grown.  The dot 1 was intended to be an overriding architecture for the 
other family members.  Unfortunately, the working groups for the other dots did not have a member 
that knew the details of the dot 1 well enough to provide the link back into the dot 1.  Thus, some of 
the working groups implemented their standards without a strong tie to the dot 1 and the family is 
less cohesive than desired.  The dot 0 was established to try and bring the family members back into 
a cohesive group.  Consider figure 1, which presents the dot 0 reference model and depicts the 
relation between the different members. 
 

 
 

Figure 1 – IEEE P1451.0 Reference Model 
 
For the purposes of this paper, it is not necessary to understand every detail of this figure so let us 
focus on the high points.  On the left is the network, which can be thought of as the main access for 
users or applications.  This access is accomplished via the network capable application processor 
(NCAP).  This communicates with the transducer (on the right) via the transducer interface module 
(TIM).  The original concept of the NCAP was to have a standard hardware module for each 
different network (e.g., Ethernet, fiber channel, etc.) that would communicate in a standard way with 
the TIMs.  That way, a transducer manufacturer could build a TIM that could plug into any network 
by simply providing the appropriate NCAP. 
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Focus now on the middle of figure 1.  The dots 2, 3, 5, and 6 are different physical layers (e.g., 
multidrop bus, wireless, etc.).  The dot 0 intends to provide the common functionality that is physical 
layer independent and is represented as the logical interaction on either side of the physical layers.  
The dot 1 is a higher level application view of transducers.  The dot 4 is kind of the orphan child that 
serves a purpose but fits into this scheme differently than the other family members.  Note that the 
dot 1 and dot 4 are labeled ‘optional’ and that the rest of the reference model can stand alone without 
them. 
 
 

IEEE 1451.1 
 
Full Title: Standard for a Smart Transducer Interface for Sensors and Actuators - Network Capable 
Application Processor (NCAP) Information Model 
 
Status: Approved 1999, about to enter 5-year review. 
 
Description:  This provides a high level, object oriented, application model for transducers.  It was 
intended to be used as a basis for the other family members.  Due to lack of input from 
knowledgeable players, the other family members have not incorporated this as much as they could 
have.  Its most notable contribution is the NCAP.  However, with the advent of the dot 0 and the 
participation of a dot 1 knowledgeable working group member, this high level model is being 
reinvigorated.  It appears that the dot 0 will provide a reasonable link between the dot 1 and the other 
family members. 
 
 

IEEE 1451.2 
 
Full Title: Standard for a Smart Transducer Interface for Sensors and Actuators - Transducer to 
Microprocessor Communication Protocols and Transducer Electronic Data Sheet (TEDS) Formats 
 
Status: Approved 1997, in 5-year review. 
 
Description: Although technically, this standard allows for multiple transducers per Standard 
Transducer Interface Module (STIM), it is mostly built around the concept of a single transducer 
interfacing to a network.  It defines a ten-wire interface to the transducer and requires an NCAP for 
every STIM.  Five years after its approval, it is clear that this standard has not been as successful as 
desired.  The author’s opinion is that this is for two reasons.  First, the ten-wire interface is just not 
commercially viable (many sensors only need two wires to function).  Second, the required TEDS 
defined are much too large – providing another commercial difficulty.  As part of the required five 
year review, the working group is addressing both of these issues.  They are currently considering 
adding other physical interfaces (most notably RS232) that will necessitate distinct changes to the 
TEDS as well.  Further, the dot 0 working group is working closely with the dot 0 to try to define 
common functionality among the family.  The biggest contribution this standard has made is the 
introduction of the TEDS; some form of TEDS has been incorporated into every other family 
member. 
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IEEE 1451.3 

 
Full Title: Standard for a Smart Transducer Interface for Sensors and Actuators - Digital 
Communication and Transducer Electronic Data Sheet (TEDS) Formats for Distributed Multidrop 
Systems  
 
Status: Approved 2003, published 2004. 
 
Description: The ‘multidrop’ in the title can be translated as ‘sensor bus.’  It is possible to have 256 
transducers per bus and 254 buses per NCAP.  One of the considerations was to try and limit wiring 
and this was partially implemented by transmitting power and data over the same wire.  Specifically, 
the standard endorses the use of HomePNATM. This is a readily available chip set that manufacturers 
can use to develop the smart transducer interfaces.  There are several manufacturers actively 
implementing this standard now that it is approved and there is quite a bit of hope that this standard 
will become a success. 
 
 

IEEE 1451.4 
 
Full Title: Standard for a Smart Transducer Interface for Sensors and Actuators - Mixed-Mode 
Communication Protocols and Transducer Electronic Data Sheet (TEDS) Formats 
 
Status: Approved 2004, awaiting publication. 
 
Description: This member kind of sits on the side of the rest of the family.  It addresses the issue that 
there are times when receiving the direct analog signal from a transducer and digital communication 
are both desirable.  This is true, for example, when the transducer is directly hooked to an 
oscilloscope. (All the other family members assume a complete digital interface; that there is an 
analog to digital or digital to analog processor directly attached to the sensor.)   The basic approach 
is to be able to switch between analog and digital communications by reversing polarity on the 
standard two wires most transducers have. (Methods for doing this with transducers having more 
than two wires are also defined.)  This family member stands by itself more than the other members 
do.  However, it would be possible to use this standard to define the low level interface to the 
transducer as indicated in figure 1.  There are several manufacturers actively implementing this 
standard now that it is approved and there is quite a bit of hope that this standard will become a 
success. 
 
 

IEEE P1451.5 
 
Full Title: Standard for a Smart Transducer Interface for Sensors and Actuators - Wireless 
Communication Protocols and Transducer Electronic Data Sheets (TEDS) Formats 
 
Status: In work, target completion in 2005. 
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Description: This standard introduces wireless interfaces and is very much awaited by the market.  
The working group conducted a requirements survey and asked for initial implementation proposals.  
The working group felt that offering multiple choices was the best way to meet the diverse 
requirements identified in the survey, therefore the group decided to support multiple wireless 
protocols.  Further, different existing protocols have different applications in terms of distance, 
number of nodes, security, and quality of service.  As of the time of writing there are subgroups 
working on defining smart transducer interfaces for IEEE 802.11, IEEE 802.15.5, and Bluetooth.  
Anyone wishing to form a subgroup for another wireless interface is welcome to submit a proposal.  
Another significant decision was to fully support the concept of the IEEE 1451.0.  That is, the dot 5 
is working closely with the dot 0 to develop the structures that are felt to be common among the 
different family members.  An indicator that this family member will be a success is that members of 
the different subgroups are also members of the associated standards committees.  That is, this 
working group includes members of the IEEE 802.11, IEEE 802.15, and Bluetooth working groups.  
There is a strong feeling that these complementary technologies need to have a clean interface 
defined. 
 
 

IEEE P1451.6 
 
Full Title: Standard for a Smart Transducer Interface for Sensors and Actuators - A High-speed 
CAN open-based Transducer Network Interface for Intrinsically Safe (IS) and Nonintrinsically Safe 
Applications 
 
Status: Project Authorization Request (PAR) approved Mar 2004, target completion in 2006. 
 
Description:  This standard will define an interface for intrinsically safe transducers.  That is, for 
applications where it is not safe to have high voltage or amperage (e.g., sensors in fuel tanks).  This 
working group has also stated a desire to use the common functionality defined by the dot 0.  
Otherwise, this group has just formed and has not done much work yet. 
 
 

IEEE P1451.0 
 
Full Title: Standard for a Smart Transducer Interface for Sensors and Actuators – Functions, 
Communication Protocols, and Transducer Electronic Data Sheet (TEDS) Formats 
 
Status: In work, target completion in 2005. 
 
Description: The dot 0 is intended to bring the different family members back into a coherent set of 
standards.  A guiding principle is that, from the user’s perspective, it should not matter what physical 
layer (or what family member) is used to actually access a given sensor.  A user simply wants to be 
able to configure, control, and receive data from transducers.  The reference model in figure 1 is a 
way of focusing on the relation between the family members, but the real emphasis of the dot 0 is on 
a common or core set of TEDS and a common command set. 
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The TEDS is the electronic version of standard data sheets, although they can potentially contain 
much more information than was ever on a piece of paper.  This includes everything from serial 
number and manufacturer to calibration data and, potentially, full control documentation.  At the 
time of writing there are four required TEDS: 
 

1. Meta-TEDS 
2. Transducer Channel TEDS 
3. Commissioning TEDS 
4. End User Application Specific TEDS 

 
and eight optional TEDS: 
 

• Three calibration-related TEDS 
• Five text-based TEDS 

 
Each of the physical layer members of the family would be expected to define their own physical 
layer TEDS. 
 
The common commands are divided into these categories: 
 

1. Initialization Commands 
2. Operational Commands 
3. Set Operating Mode Commands 
4. Read Operating Mode Commands 
5. Run Diagnostic Commands 
6. TEDS Access Commands 
7. Manufacturer-Defined Commands 

 
The dot 0 is still being developed so none of the TEDS or commands are fully defined.  However, 
the foundation has been laid.  There are members from each of the other family members active in 
the dot 0 working group and there is real commitment to making the dot 0 a full partner in the family 
of standards.  With any luck, the next couple of years will see the IEEE 1451 family mature and 
become common in the marketplace. 
 
 

SUMMARY STATUS 
 

IEEE 1451. Status 
 0 – Common Functionality  In work, target completion 2005 
 1 – Object Model  Approved, close to 5-year review 
 2 – Single Transducer  Approved, in 5-year review 
 3 – Multidrop (Sensor Bus)  Approved 
 4 – Mixed Mode  Approved, awaiting publication 
 5 – Wireless  In work, target completion 2005 
 6 – Intrinsically Safe  PAR approved Mar 04, target 2006 
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ABSTRACT 
 

With recent improvements in data acquisition technology, it is now possible to use an FTI data 
acquisition system to measure analog signals with a total error from all sources of less than 0.05% - 
over an extended temperature range - and at high sample rates.  This accuracy is better than one 
count of an old 10-bit system and includes non-linearities, initial errors (in gain, offset and 
excitation) and drift errors, simplifying the task of interpreting data acquisition system performance 
specifications. 
This paper looks at some practical steps taken to achieve this accuracy, from a hardware design and 
signal processing perspective.  This leads to a discussion of implications for the FTI system 
designer, including: sensor and wiring specifications, sample rate, filtering specifications, and a 
discussion of implications for the data processing engineers.  
 

KEYWORDS 
 
Analog accuracy, data acquisition, FTI 
 
 

INTRODUCTION 
 
At last year’s conference ACRA CONTROL gave a paper on specifying the next generation airborne 
data acquisition systems. This paper suggested a minimum set of specification for analog FTI 
modules. One of these was specifications was "Total DC error" which should include all gain, offset 
and non-linearity errors over the full temperature range and including the excitation. 
This paper looks at some of the techniques developed at ACRA CONTROL for our next generation 
calibrated series of analog modules that achieve total errors of better than 0.05% FSR over (and 
above) the industrial temperature range. 



 
 

BACKGROUND 
 

To give some idea of the task facing a designer who is aiming for a total error of better than 0.05%, 
from all sources, over temperature - it is interesting to note that a single device with a 10ppm/°C 
drift with temperature can drift by ±0.08% ((100° - 25°C) x 10ppm). 
In older systems with multiplexers, a specification of 60dB crosstalk can hide a 0.10% dc error, 
depending on the dc value in other channels. 
Another example is as follows: a "good" instrumentation amplifier might have an initial gain error of 
±0.05% at 25°C and a gain drift error of ±0.1% (worst case).  If this is connected to a bridge, whose 
excitation has similar errors, than the total error can be as high as ±0.3%. 
This error (0.3%) is six times greater than the target (0.05%) and we have yet to include the 
following factors in the error budget analysis: 

• Gain and offset errors in ADC 
• Gain and offset errors in gain and offset adjust block 
• Offsets in the instrumentation amplifier 
• Non-linearities in all the above 
• Loading compliance issues on all the above 

From the above, it might appear that a total dc error from all sources over temperature of even 0.5% 
is ambitious enough; without aiming for 0.05% over an extended temperature range of -55°C to 
+105°C. 
The next section outlines five steps taken to achieve just that. 
 
 

FIVE STEPS TO 0.05% TOTAL ERROR FROM -55 TO +105°C 
 
STEP 1:  USE THE MINIMUM AMOUNT OF ANALOG COMPONENTS 
All analog components drift with temperature, with time and with loading.  To achieve 0.05%, it is 
essential that as much processing as possible be done digitally.  This includes filtering, offset and 
gain adjust. 
An anti-aliasing filter will always be required, but if the digital processing over-samples and 
decimates then a simple, low-order, fixed filter can be used, with the cut-off frequency set so high 
that drifts do not affect the bandwidth of interest. 
If the ADC range is chosen correctly there is no advantage to analog offset adjust. Digital offset 
adjust not only saves on components but allows for larger adjustments at larger gains. 
Digital gain adjust allows for infinitely more choices of range and saves on components, but is 
limited to a range of circa 1 decade (a factor of 10 or 20dB), as non-linearities and offset drifts are 
amplified linearly. 
 



STEP 2:  USE A GOOD ARCHITECTURE 
The KAM-500 allows for distributed processing on each module. In particular there is one ADC per 
channel with the ADC close to the filter and this, together with the processing, is all on one PCB. 
There are no analog multiplexers. This removes the 60dB crosstalk (0.1%) and associated switching 
currents form each channel. 
Having no analog signals on the back-plane allows a single star point between the analog and digital 
planes, and allows analog tracks to be kept short and orthogonal to digital tracks. In particular, on 
KAM-500 modules, analog components and digital components are on opposite sides of the PCB 
with ground planes in between. 
Another advantage of distributed (FPGA) processing is that, if required for exceptional low-noise 
applications, data processing with respect to the ADC's operation can be strictly controlled to 
minimise noise. 
Not only is the processing distributed, but so is the calibration information - having an EEPROM on 
each module allows calibration information (see below) to be stored on each module for each 
channel and each excitation output. 
One final trick is to have a temperature sensor on each module so that temperature drifts can be 
compensated digitally (see steps 4 and 5 below). 
 
STEP 3:  USE GOOD ANALOG COMPONENTS 
After steps 1 and 2, we are left with excitation, instrumentation amplifier, a simple filter and an 
ADC. These components must be chosen carefully. 
The ADC must be at least 16-bits, especially if processing includes gain. To keep the filter simple 
and fixed, the ADC must be able to sample at many times the highest sample rate and have excellent 
linearity (and THD) figures across the full bandwidth. For linearity, Sigma Delta ADCs are an  
obvious choice, but they have a very low output sample rate and tend to have poor drift and 
repeatability figures. With the calibration discussed below, the most important specifications for the 
ADC are low the gain and offset drift with age and temperature. 
Instrumentation amplifiers need significant testing as often there are trade-offs such as THD (for 
good ac accuracy) vs. low bias currents (for good ac accuracy). 
Capacitors are not so important for dc accuracy, but tend to cause big problems with ac accuracy 
unless they have very low THD (e.g. NPO types). Today, resistors and references are available with 
0.01% accuracy and drifts of less than 10ppm. However, with calibration against temperature (see 
below) the ageing drift specification is again very important. 
After the components are selected, it is vital that extensive non-linearity and repeatability (power 
on/off, temperature hysteresis and accelerated ageing) tests be carried out. This is important, as 
calibration will not improve these errors. 
 
STEP 4:  CALIBRATE THE SIGNAL CONDITIONING AGAINST TEMPERATURE 
Once the board is designed and the components tested for INL, temperature, power on/off hysteresis 
and repeatability, the next step is to allow for calibration of gain and offset vs. temperature.  
Each module is cycled twice over temperature and the gain and offset of each channel is calibrated at 
each gain setting with multiple readings at the input. These values are then used to tweak the gain 



and offset as a function of temperature. The calibration values are stored in EEPROM on each board 
and the gain and offset is then tuned in real-time as a function of the board's temperature. 
Care must be taken so that enough temperature points are chosen so that the reading does not appear 
to "jump". For example, if the gain changes by 0.10% over the temperature range than at least 5 
temperature points are required to keep gain jumps within 0.02%. The KAM-500 calibrated series 
modules use 125 temperature points. 
 
STEP 5:  CALIBRATE THE EXCITATION AGAINST TEMPERATURE 
Excitation errors are often neglected when doing an error budget. An excitation error of 0.10% in the 
excitation for a bridge will cause an error of 0.10% in gain. 
The strategy used on the KAM-500 calibrated series of ADC modules is to use a low drift high-
resolution D/A to set the excitation voltage or current. The D/A setting gives the lowest error at 
25°C.  Any remaining error or errors with temperature are adjusted as part of the gain compensation 
with temperature. 
 
 

IMPLICATIONS OF THIS TYPE OF ACCURACY ON ACCEPTANCE TESTING 
HAVE PATIENCE: 
One customer, using a highly reputable programmable PT100 simulator that was fine for older FTI 
equipment, found that when testing for the above low error tolerances, he had to wait 30 minutes for 
the simulator to warm-up before taking measurements. 
 
USE SENSE LINES 
Another test that was fine for older FTI systems had to be modified so that sense lines could be used 
with the test voltmeters and ohmmeters. 
 
JUST BECAUSE IT CHANGES DOES NOT MEAN IT IS DRIFTING 
One customer expressed surprise that error specifications were being met even though the excitation 
when measured using a voltmeter seemed to be outside the stated accuracy specification at 105°C. It 
was then explained that the excitation was not adjusted with temperature but its effects were. In 
other words the gain was adjusted not the excitation.  
 
DO NOT CALIBRATE FOR EXCITATION UNLESS IT IS BEING USED 
One user found that a module worked fine with a bridge but was less accurate when a simple 
differential ended analog signal was applied.  The problem here was that the gain was being adjusted 
to compensate for the excitation that was not being used. Once the module was reprogrammed for 
voltage input, all was fine. 
 
UNDERSTAND SINAD, THD, SNR AND THE NOISE FROM THE TEST EQUIPMENT 
Another problem with high accuracy systems is that noisy test equipment is more obvious. The 
PT100 simulator mentioned above was fine when the module under test had its filter cut-off 



frequency set near dc. When it was set for a bandwidth of 100s of Hz, the noise was considerable. 
The simulator manufactured knew this and correctly argued that temperature changes slowly.  
 

IMPLICATIONS OF THIS TYPE OF ACCURACY FOR USE IN THE FIELD 
THINK CAREFULLY ABOUT CALIBRATION IN THE FIELD 
Older FTI systems boasted about short insertion or voltage insertion (ZCAL, VCAL etc), which 
enabled calibration in the field. Both these methods are for calibrating the test equipment (not the 
sensor!) and are no longer required with instrumentation like the calibrated series. As a matter of 
fact, introducing the circuitry to do this will cause greater errors then it will correct! 
However, the next generation analog module should still support sensor calibration (as opposed to 
instrument calibration) via pseudo-shunt or similar techniques. 
 
CONSIDER USING 16-BITS AND FORGET ABOUT TWEAKING THE RANGE  
For many applications, 0.05% is far more than what is required. For example, it can be argued that a 
strain gage sensor alone has errors 10 times greater than that even before it is connected to 
instrumentation.   
However, one powerful feature of highly accurate 16-bit FTI systems is that, rather than balancing 
1000s of sensors in the hope of getting the optimum range and gain for 12-bit systems, a single range 
can be chosen for all. 
For example, rather than using a gain of 64 and 10-bits, transmit 16-bits and a gain of 1. Not only 
does this mean that over-shoot and under-shoot data can be observed, but it cuts down considerably 
on the processing information for each channel that must accompany the archived data. In other 
words, rather than storing the actual gain and offset used for each channel - simply use the rule that 
the gain is always one and the offset always zero. 
At first glance, it appears that the error for such a scenario would be 64 x 0.05% (3.2%).  Typically it 
would be much less as the excitation and gain errors do not change with gain, only offsets and non-
linearities. 
 
 

CONCLUSION 
 

The next generation analog flight test instrumentation modules, such as the KAM-500 calibrated 
series will have total dc errors from all sources over all temperatures of better than 0.05%. 
To achieve this, the minimum amount of analog components must be used along with a distributed 
architecture that allows for processing and calibration on the module - not centrally. 
Furthermore, some care has to be taken when acceptance-testing modules with this level of accuracy. 
However, there are many advantages to having 21st century accuracy: not does it allow greater 
freedom in terms of range settings but the extra dc and ac accuracies allow the aircraft computer 
models to be refined. 
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ABSTRACT 
 
The wireless sensor concept has been hindered in the past by the large number of components 
needed to add the wireless transceiver feature and the additional power consumption needed for that 
feature. This has been resolved by incorporating all the wireless components into a single, low 
power modular circuit.  Intelligence is being added to legacy sensors to make them Institute of 
Electrical and Electronics Engineers (IEEE) 1451.4 compatible with an element called a Sensor 
Identification Transducer Electronic Data Sheet (SITEDS), which contains the Transducer 
Electronics Data Sheet (TEDS) for that sensor.  All the sensor interface parameters are automatically 
configured by a module called the Universal Smart Transducer Interface Module (USTIM) using the 
TEDS input from the respective sensor’s SITEDS.  An IEEE P1451.5 compatible wireless interface 
can be incorporated into the SITEDS with the transceiver module giving the legacy sensor full 
wireless capability.  
 
 

KEYWORDS 
 
Smart transducers, IEEE 1451.4, IEEE 1451.5, Wireless, AATIS, data acquisition, SITEDS, USTIM 
and NCAP 
 
 

INTRODUCTION 

 
A system is being developed for Edwards AFB to give old sensors the same plug-and-play capability 
as the new ‘smart’ sensors. These smart sensors are being designed and developed according to the 
new IEEE 1451.3 and .4 standards and have the necessary information contained in their TEDS 
allowing them the same plug-and-play capability as the new sensors.  The information needed to 
describe a particular sensor is located with each individual sensor, thus removing the need to 
program the main system with this information. The IEEE 1451.4 compliant SITEDS information is 
located with each sensor and will be available to the ground support equipment (GSE) when the 
particular sensor is inserted into the system.  A device called a network-capable applications 
processor (NCAP) was developed to interface the USTIMs to the Advanced Airborne Test 
Instrumentation System (AATIS) party line bus.  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 
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AATIS party line bus. An IEEE P1451.5 compatible wireless interface could be incorporated into 
the SITEDS with the transceiver module giving the legacy sensor full wireless capability eliminating 
the need for the USTIM. 
 
 

SENSOR IDENTIFICATION TEDS MODULE 
 
In this system, the sensor/memory units are connected to a USTIM, which is essentially the same as 
the transducer bus interface module (TBIM) described in the IEEE 1451.3 standard. Since the 
USTIM is able to accommodate a changing number and variety of sensor/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 are required by the USTIM in order to properly configure the interface 
hardware to the sensor/memory unit. 

In order to accommodate the unique requirements of the USTIM, a method of creating the overall 
TEDS and configuring its storage in the system had to be devised. 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 IEEE 1451.4 SPECIFICATION STANDARD FOR SITEDS 

 
The IEEE 1451.4 is a standard for adding sensor parameter information in a TEDS stored in an 
electrically erasable programmable read-only memory (EEPROM) that resides in the sensor. The 
IEEE 1451.4 smart TEDS sensors provide both an analog signal for traditional measurement, along 
with a serial digital link for accessing the TEDS information for plug-and-play operation.  

 
The memory module that is connected to each legacy sensor will be contained in 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. 

Some of the data fields contained in the SITEDS are shown in the examples in Table 1. The 
information required for the channel TEDS specified in the IEEE 1451.3 standard is shown in Table 
2.  Each octet listed in column 4 (table 2) 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. The F32 designates a single precision 
real number and F64 a double precision number.  A string is implemented with the eXtensible 
Markup Language (XML) controlled by the document W3C XML 1.0.  Physical units are designated 
by ‘Units’ and are 10 octets long. 
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Table 1.  Example Contents of the SITEDS for Two Sensors 
 

Basic TEDS

Standard and
Extended TEDS

User Data

Manufacturer ID

Model ID

Version Letter

Serial Number

Calibration Date

Sensitivity @ Ref.

Reference Freq.

Reference Temp.

Measurement

Electrical Output

Quality Factor

Temp. Coefficient

Direction (x,y,z)

Sensor Location

Calibration Date

34

8113

A

00461G

June 14, 2002

1.094E+03 mV/g

100.0 Hz

23 oC

+ 50 g

+ 5 V

300 E-3

-0.48 % / oC

x

3A-p2

April 15, 2003

Manufacturer ID

Measurement

Electrical Output

Bridge Impedance

Excitation, Nominal

Excitation, Min.

Excitation, Max.

Response Time

Sensor Location

Cal. Record ID

64

24

C

0003461

Dec 15, 2001

+ 100 lbf

+ 3.01 mV/V

350 W

10 VDC

7 VDC

18 VDC

5 ms

R32-1

543-01.23

Model ID

Version Letter

Serial Number

Calibration Date

IEPE Accelerometer Bridge (mV/V) Load Cell

 
Table 2.  Contents of the Transducer Channel TEDS 

Field Description Type #
octets

— TEDS length U32L 4
1 TEDS identifier U8E 1

— TransducerChannel related information — —
2 Calibration key U8E 1
3 TransducerChannel type key U8E 1
4 Physical units UNITS 10
5 Design operational lower range limit F32 4
6 Design operational upper range limit F32 4
7 Worst-case uncertainty F32 4
8 Self-test key U8E 1

— Data converter related information — —
9 Data model U8E 1

10 Data model length U8C 1
11 Model significant bits U16C 2
12 Maximum data repetitions U16C 2
13 Series origin F32 4
14 Series increment F32 4
15 Series units UNITS 10
16 Maximum pre-trigger samples U16C 2
— Timing related information — —
17 TransducerChannel update time (t u) F32 4
18 TransducerChannel write setup time (tws) F32 4

19 TransducerChannel read setup time (t rs) F32 4
20 TransducerChannel sampling period (t sp) F32 4
21 TransducerChannel warm-up time F32 4
22 TransducerChannel read delay time (tch) F32 4
23 TransducerChannel self-test time requirement F32 4
— Time of the sample information — —
24 Source for the time of sample U8E 1
25 Incoming propagation delay through the data transport logic F32 4
26 Outgoing propagation delay through the data transport logic F32 4
27 Trigger-to-sample delay uncertainty F32 4
— Attributes — —
28 Sampling attribute U8E 1
29 Buffered attribute U8E 1
30 End-of-data-set operation attribute U8E 1
31 Streaming attribute U8E 1
32 Edge-to-report attribute U8E 1
33 Actuator-halt attribute U8E 1
— Sensitivity — —
34 Sensitivity direction F32 4
35 Direction angles Two

F32
8

— Options — —
36 Event sensor options U8E 1
— Checksum U16C 2
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An EEPROM containing the transducer channel TEDS information, resides at the sensor instead of 
the USTIM, allowing the legacy sensors to become plug-and-play.  The 24CXX family of 
EEPROMs is used since it offers a wider range of available memory and package sizes. For 

example, 128 x 8 bits of nonvolatile memory can be contained 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, 
provided calibration data are stored as coefficients as opposed to a large 
look-up table array. 
 
To ensure a stable power source, a voltage regulator accompanies the 
memory device. 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 1 shows a SITEDS module contained in snap-on housing for legacy 
sensors. A two-wire, I2C bus is used to communicate with the USTIMs. 
 

Figure 1.  SITEDS Adapter           
 

 
LEGACY SYSTEM UPGRADE TO IEEE 1451.3  

 
A block diagram of the legacy system upgrade is shown in figure 2. These modules contain the 
intelligence and TEDS for each sensor. The modules are then connected together on their own  
4-wire 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 
through a laptop computer or PDA. An 
IEEE 1451 TEDS can be loaded onto a 
USTIM through the GSE interface with a 
laptop computer during installation. An 
IEEE 1451.4 compliant TEDS associated 
with each legacy sensor will be located in 
the SITEDS.  As previously mentioned, 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.  
 
 

Figure 2. Multi-USTIM System Diagram with RF Interface      
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WIRELESS SENSOR UPGRADE 
 
Circuits needed to allow wireless communication of modules on a bus have gotten smaller and 
power consumption has been reduced.  This has produced the opportunity to add wireless 
connectivity to the sensors themselves.  The IEEE has recognized this situation and is developing the 
IEEE 1451.5 specification to define Transducer Electronic Data Sheets (TEDS) based on the IEEE 
1451 concept, and protocols to access TEDS and transducer data. It will adopt necessary wireless 
interfaces and protocols to facilitate the use of technically differentiated, existing wireless 
technology solutions. It will not specify transducer design, signal conditioning, wireless system 
physical design or use, or use of TEDS. An openly defined wireless transducer communication 
standard, that can accommodate various existing wireless technologies, will reduce risk for users, 
transducer manufacturers, and system integrators. It will enhance the acceptance of the wireless 
technology for transducer connectivity.  The work for the wireless IEEE P1451.5 standard is 
leveraging other 1451 and 802 projects. This will include: 
 

• Smart Transducer Object Model from 1451.1 
• Basic TEDS Concept from 1451.2 
• Synch and XML TEDS from 1451.3 
• Compact TEDS and Transducer Interface from 1451.4 
• Medium access and physical layer definitions from IEEE 802 family 

 
Bringing legacy sensors up to the proposed IEEE P1451.5 standard will require some changes to the 
current system shown in figure 2.  Each sensor will require a special SITEDS module to convert the 
sensor analog signal to digital and transmit the digital data and the TEDS information.  The 
requirement to have USTIMs with multiple inputs is eliminated.  A USTIM is still required for 
multiple sensors, but only one RF connection is needed.  This will be a high-speed connection since 
many sensors must be multiplexed through the USTIM.  The USTIM can now be made a part of the 
NCAP.  This is shown in figure 3.  
 
Current transducers used in an Instrumentation Support System (ISS) have no ability to be queried.  
The smart transducers described above can respond to queries with all the ‘vital statistics’ regarding 
their functionality – e.g., whether they are working, what their calibration information is, what their 
serial number is, or simply what they measure.  This will allow an ISS to know exactly what is 
available on a test vehicle, which, in turn, would allow the coordination of the instrumentation setup 
and the ground station setup for a test to be significantly simplified. It would also be advantageous to 
generate simulated output and to auto-calibrate (change the calibration coefficients in real-time).  
This will allow full pre-test checkout and dynamic error correction, which, in turn, will decrease 
maintenance and increase quality.  Handheld devices to allow reading and writing information to 
smart transducers are needed.  Figure 4 shows a PDA displaying the contents of an accelerometer 
TEDS. Software that can do system-wide queries of status and configuration information will be 
needed. Wireless support GSE will be needed when data acquisition systems are installed on aircraft 
since wired connections such as those used in the existing NCAP for GSE may not be easily 
accessible. 
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Figure 3. Wireless sensor bus with NCAP and USTIM combined 

 

WIRELESS LAN NODE MEETING THE IEEE 
802.11B SPECIFICATIONS 
The wireless LAN node (WLN) module is a wireless local area 
network (WLAN) product based on the IEEE 802.11 standard and 
uses direct-sequence spread spectrum (DSSS) technology. 
It is interoperable with PC-compatible WLANs and access points that 
conform to the 802.11b standard.  The WLN module contains a media 
access controller (MAC), radio frequency (RF) transmitter and 
receiver section, and RF power amplifier. An external antenna is 
connected to the module to transmit and receive RF signals. A block 
diagram of the WLN module is shown in figure 5.  
 
 
 

Figure 4. PDA displaying TEDS information        
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Figure 5. Wireless LAN module. 

The physical wireless WLN module is shown in figure 6.  Note the two antenna connectors on the 
top view of the module.  These can be used for diversity antennas.  The interface connector to the 
USTIM is shown in the bottom view. The WLN module size is 38 x 27 x 4.2 mm. 
 

                     
Figure 6. Wireless LAN Module Top        Bottom – Actual size 

 
The wireless LAN module is contained in the USTIM-NCAP enclosure shown in figure 7.  The 
antenna is connected to the USTIM-NCAP, shown in figure 7. 
 

 
 
 
 

Figure 7. USTIM-NCAP with Wireless LAN Interface 
 

AATIS Party Line Bus Antenna Connector 
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Once the USTIM-NCAP 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 sensors. Thus, no 
special software or hardware will be required for the legacy systems. A block diagram of the AATIS 
system and the sensors and their RF SITEDS is shown in figure 8. The USTIM connects the 
respective transducers directly to the System Control Unit’s (SCU) party line bus through its integral 
NCAP as shown connected to the heavy black line in Figure 8.  No additional interfaces are required 
since the GSE as well as the wireless smart sensors can use the RF interface.  An in-circuit 
reprogrammable logic device is contained within the USTIM-NCAP that can be reconfigured with a 
laptop computer to accept other protocols.  
 

(DIRECT) 
(DIRECT) 
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Figure 8. AATIS Block Diagram with Sensor RF Bus to USTIM – NCAP combined 

 
 

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. Adding wireless 
capability to legacy sensors meeting the proposed IEEE P1451.5 standard will reduce the amount of 
wiring even further. A wireless GSE PDA will be able to reconfigure and service the TEDS as well 
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as perform other maintenance tasks over the same RF link as the smart sensors after the IEEE 1451 
compatible test modules are imbedded in the aircraft. 
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ABSTRACT 

The Technical Committee 9 (TC-9) of the Institute of Electrical and Electronics Engineers (IEEE) 
Instrument and Measurement Society wants to ensure that all members of the IEEE 1451 family of 
standards conform to a common set of basic functionality and have, at some level, a common 
interface. To this end, the IEEE p1451.0 working group has been chartered to prepare an overarching 
standard that will define the operation of the other members of the family while still leaving the 
physical interface up to the various other standards working groups. The IEEE p1451.0 will define 
the general functionality required of an IEEE 1451 transducer, a common command set that is 
appropriate to all family members, and the core set of transducer electronic data sheets (TEDS). This 
paper gives a brief overview of the overall functionality and follows that with a description of the 
commands and the TEDS. 

 

KEYWORDS 

IEEE 1451, Smart Transducers, TEDS, Common Commands 

 

INTRODUCTION 

When the IEEE Std. 1451.3-2003 working group was chartered, initially there was a general written 
agreement that the group would only make those changes to the basic structure created by the first 
member of the family, IEEE Std 1451.2-1997, that were required to allow the additional 
functionality needed to implement the different interface. The IEEE 1451.2 interface is a ten-wire 
interface intended to connect one smart transducer interface module (STIM) containing one or more 
transducers with a network-capable application processor (NCAP). The NCAP would then function 
as a gateway to interface the STIM to a communications network such as Ethernet. The IEEE 1451.3 
interface was to be a multi-drop bus with several transducer bus interface modules (TBIMs) 
connected to an NCAP. This required that some changes be made to what was defined in IEEE 
1451.2 but, as the working group developed the standard, more and more changes were made and 
much of the original intent of keeping as close to IEEE 1451.2 as possible was forgotten. Therefore, 
IEEE 1451.3 has significant changes from IEEE 1451.2. The IEEE 1451.3 working group duplicated 
much of the effort already expended by the IEEE 1451.2 working group, which meant that it took a 
long time to develop IEEE 1451.3. With several new interfaces being proposed, (Wireless, USB, 
CAN, etc.) there was significant danger that this process would repeat itself and that the different 
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members of the family would have little in common. So the IEEE p1451.0 working group was 
chartered to define the basic core functionality of the family of standards and to allow the other 
working groups to concentrate on the interface between the transducer modules and the NCAP. This 
paper discusses two aspects of this proposed standard, the TEDS and the command set. 

 

TEDS 

There are twelve TEDS currently defined in the IEEE p1451.0 standard. Of these, four are required 
to be implemented in any transducer module and it is these four that we will discuss in this paper. 
The four required TEDS are: 

• Module Meta-TEDS 
• TransducerChannel TEDS 
• Commissioning TEDS  
• End-User Application-Specific TEDS. 

General format for TEDS  

All TEDS have the general format shown in Table 1. The first field in any TEDS is the TEDS 
length. It is a four octet unsigned integer. The length field is followed by a TEDS identification 
header. The next block is the information content for the TEDS. Depending upon the TEDS, the 
information may be binary information or it may be text-based. The last field in any TEDS is a 
checksum that is used to verify the integrity of the TEDS. 

Table 1—Generic format for any TEDS 

Field Description Type # bytes 
— TEDS length U32L 4 

TEDSID TEDS Identification Header  5 
1 to N Data block Variable Variable 

— Checksum U16C 2 

TEDS length 

The TEDS length is the total number of bytes in the TEDS identification header, the TEDS data 
block, plus the two bytes in the checksum. This allows the number of bytes in the TEDS to be up to 
4,294,967,296. Why a number that large? It is desired that the TEDS length field be the same for all 
TEDS and the text-based TEDS have the potential to become large. A four-byte integer was 
considered the smallest number that would provide enough length for any current usage and for 
several years into the future. 

TEDS Identification Header 

The first field in any IEEE 1451.0 TEDS is the TEDS identification header. It contains three one-
byte subfields as follows: 

• IEEE 1451 standards family number (0 for IEEE p1451.0) 

• TEDS Class which identifies the TEDS 

• Version Number of the TEDS. 
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Data block structure 

This structure contains the information that is stored in a specific TEDS. The fields that comprise 
this structure are different for each TEDS type. 

Checksum 

The checksum shall be the one’s complement of the sum (modulo 216) of all preceding bytes, 
including the initial TEDS length field and the entire TEDS data block. The checksum calculation 
excludes the checksum field.  

 

META-TEDS 

This TEDS gives a few parameters that the system will need to know to be able to communicate 
reliably with the module, but its real purpose is to describe the relationships between the various 
transducers that are incorporated within that module. The first type of relationship is defined because 
it is expected that using actuators to control some aspects of the signal conditioning for a sensor will 
become common. In order for this to work, the system will need to know which actuator is 
associated with which sensor and what function the actuator is controlling. The second type of 
relationship is defined because there are transducer modules that contain multiple transducers that 
have relationships that the user needs to know to be able to interpret the data. An example of this is a 
three axis accelerometer. The third type of relationship between transducers is defined to provide a 
way for the module to combine the outputs from multiple sensors or the inputs to multiple actuators 
into a single entity to improve communications efficiency. 

 

TRANSDUCERCHANNEL TEDS 

This TEDS defines the characteristics of a given TransducerChannel. It is divided into five major 
sections. The first section defines what is being measured and what range of operation the unit is 
designed to work over. It also tells whether or not a calibration TEDS is supplied and if it can be 
applied within the module. The self test capability for the transducer is also identified. The second 
major section describes the sample of data that the transducer provides, if it is a sensor, or needs, if it 
is an actuator. This includes such information as the format of the data (integer or some other 
format) as well as the number of samples that can be acquired with a single trigger. The third section 
contains the timing information for this transducer. With the information in this section the NCAP is 
able to compute the time of a sample, determine the time-out values needed to communicate with it, 
and determine the time required to run the self-test. The forth section lists the attributes associated 
with the transducer channel. The NCAP reads these attributes to determine the operating modes 
supported by the transducer. The last section is a few miscellaneous fields. 

 

COMMISSIONING TEDS 

Every transducer in a system needs a user-friendly identification. This TEDS is intended to be used 
to give a transducer a name that is independent of the physical address of that transducer. For 
example, the transducer on NCAP number 4 in the transducer module with the alias of 17 and the 
channel number of 1 could be named “X-axis acceleration at BS 422.” The content of a 
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Commissioning TEDS is user defined. This TEDS is designed to be a text-based TEDS with space 
for 32 characters plus the header for a text based TEDS. If the user chooses to define it differently 
there are 42 bytes set aside for this TEDS. 

 

END-USER APPLICATION-SPECIFIC TEDS 

Like the Commissioning TEDS, the content of this TEDS is user defined. It is simply a place in 
nonvolatile memory where the end user can place up to 256 bytes of information plus a length field 
and a checksum. The standard places no restrictions on what this may be used for. 

 

OPTIONAL TEDS 

There are two groups of TEDS that the manufacturer may or may not choose to implement. The 
TEDS in the first group are intended to be used to calibrate or compensate the TransducerChannel. 
They are as follows: 

• Calibration TEDS – This TEDS contains the calibration constants necessary to convert the 
raw output of a sensor into engineering units or the input to an actuator from engineering 
units into the form needed by the actuator. 

• Frequency Response TEDS – This TEDS gives the frequency response of the transducer 
along with its signal conditioning and any other processing done within the module in table 
form. 

• Transfer Function TEDS – This TEDS provides the same information as the Frequency 
Response TEDS except in an algorithmic form. 

The second group of optional TEDS are text-based. They are intended to provide information in a 
form that the operator can display and read. The TEDS described previously were intended for the 
use by the processors in the system but these TEDS are solely for the operator. They are: 

• Meta-Identification TEDS 
• TransducerChannel Identification TEDS 
• Calibration-Identification TEDS 
• Location and Title TEDS 
• Commands TEDS 

 
 

TEDS TAGGED DATA STRUCTURE 

All TEDS prepared by a transducer manufacturer use a type, length, and value (TLV) data structure. 
In the case of text-based TEDS this TLV data structure is used to provide a directory structure to 
speed up access into different sections of the text portion of the TEDS which uses the eXtensible 
Markup Language (XML) for the information content. 

Using the TLV construct as shown in Table 2, each value is stored as a 3 field tuple.  The “Type” 
field is the tag that identifies the TLV, similar in function to an HTML or XML tag.  The “Length” 
field specifies the length of the value field, and the “Value” field is the actual data.  Each field can be 
composed of one or more TLVs.  
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Table 2—Definition of the Type, Length, and Value (TLV) Structure 

Field Description 
Type This code identifies the field in the TEDS that is contained within the value field. Except 

for types 1 and 2 the same number in the type field will have a different meaning in each 
different TEDS. 

Length The number in this field gives the number of bytes in the value field. The number of bytes 
in the length field is controlled by an entry in the TEDS Identification TLV. 

Value This field contains the TEDS information. 
 
For the TEDS Identification Header in the Meta-TEDS we would have the following: 
 

01,03,00,01,01. 
 
In this example 01 is the type indicating the TEDS identification header, 03 is the length of the value 
field in bytes and 00,01,01 represents the value. The 00 indicating that this is an IEEE 1451.0 TEDS, 
the first 01 indicates that it is the Meta-TEDS and the second 01 that it is version 1 of the Meta-
TEDS. 
 

COMMANDS 

At the time of writing, IEEE p1451.0 defines ninety-four commands, many of which are optional 
depending upon what the manufacturer has implemented. The standard command format is divided 
into two eight-bit fields. One of these fields is called the “Command Class” and the other the 
“Command Function.” There are nine different command classes and each of them has functions 
associated with it. 

The response to some of these commands is fully defined and others are only loosely defined. An 
example of a completely defined command would be Read TEDS Block. The loosely defined 
commands are things like Sleep, Reset or Calibrate Transducer. For these commands, the 
general function to be performed is defined and the details are left to the manufacturer. 

 

INITIALIZATION COMMAND CLASS 

A device only responds to commands in this class when in the halted state. The transducer will 
respond to one of these commands with an error message, if the system is set up for that to happen, 
but will otherwise ignore any of these commands that are issued when the device is not halted. There 
are sixteen commands in this class. As can be seen from Table 3 these commands tend to come in 
pairs. With the exception of the Calibrate and Zero commands, if the features one of these 
commands is intended to support is implemented then the other command is required. 
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Table 3—Initialization Commands 

Sleep Set TransducerChannel 
data repetition count 

Set TransducerChannel pretrigger count 

Wake-up Read TransducerChannel 
data repetition count 

Read TransducerChannel pretrigger count 

Calibrate TransducerChannel Enable Corrections AddressGroup Definition 

Zero TransducerChannel Disable Corrections Read AddressGroup assignment 

Store operational setup Read TIM structure  

Erase operational setup   

 

OPERATIONAL COMMANDS 

Operational commands are the class of commands that are expected to be used in the collection and 
processing of data. These commands can be issued at any time, with the exception of when the 
transducer module is in the sleep state. Table 4 lists the commands in this class along with their 
rough groupings. 

Table 4—Operational Commands 

Write service request mask Enable TransducerChannel trigger 

Read service request mask Disable TransducerChannel trigger 

Query data block Write TransducerChannel data 

Read TransducerChannel data Write TransducerChannel data block 

Read TransducerChannel data block Reset 

Read TIM version Halt 

 

SET OPERATING MODE COMMANDS 

When discussing the various transducer types we noted that there were different operating modes 
that could be associated with each of the transducer types. In total, there are six different command 
functions in this class and they each have two or three options. A detailed discussion of this subject 
would be too long for this paper so we will say no more on the subject at this time. 

 

READ OPERATING MODE COMMANDS 

This command is used to read the operating mode as discussed in the previous paragraph. 

 

RUN DIAGNOSTIC COMMANDS 

This is one of the very loosely defined commands. Per the standard it only has one argument and that 
is used to say to run all diagnostics. The manufacturer may add additional commands in this class 
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and in most cases is expected to do so. In order to make them useful for the user this would require a 
Commands TEDS to identify them. 

 

TEDS ACCESS COMMANDS 

There are four commands associated with the TEDS access, but that they can be used to access any 
of 255 different TEDS.  

Query TEDS 

The Query TEDS command is used by the NCAP to learn information about a specific TEDS. This 
command is a request for the transducer module to give information to the NCAP that is needed to 
transfer the TEDS between the transducer module and the NCAP. 

Read TEDS block command 

A read TEDS block command is used to read a block of information from the transducer module to 
the NCAP. The command is designed to allow the NCAP to be used to read the TEDS a block at a 
time depending upon how much data can be transferred at a time. It can also be used to read a 
portion if the TEDS. 

Write TEDS block command 

The Write TEDS block command is used to write the TEDS in a transducer module. It is very 
similar in function to the Read TEDS Block command.  

At the first point in the processing of Write TEDS Block command that the data in non-volatile 
memory is altered, the TEDS is marked as invalid. It will remain marked as invalid, at least, up to 
the point that the Update TEDS command is received 

Update TEDS command 

The Update TEDS command is sent by the NCAP to indicate that the TEDS has been completely 
written. The transducer module will calculate the checksum for the entire TEDS and compare its 
value to the last two bytes of the TEDS. If the checksum is correct the TEDS may then be marked as 
Valid. If the checksum is wrong then the TEDS remains marked as invalid. 

 

MANUFACTURER DEFINED COMMANDS 

Some people believe that the working group went too far with the number of commands that have 
been defined but everybody realizes that what is defined is only a small subset of the total set of 
commands required to setup and control the various types of transducers and signal conditioners 
available on the market. To get around this problem but still allow a transducer manufacturer to 
build anything that is desired the standard allows the manufacturer to define additional commands. 
The commands should use the same structure as used in the commands defined in the standard. That 
is, they should have a command class and command function that is followed by any required 
arguments. In order to make these commands immediately available to the user, a Commands TEDS 
is used to describe these commands. 
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SUMMARY 

There are now five different groups that either have put together or are putting together standards for 
the IEEE 1451 family of standards not counting IEEE Std. 1451.1-1999. Each of these standards 
uses a different communications media for the interface between the transducer module and the 
remainder of the system. IEEE p1451.0 is attempting to be the unifying effort between all of these 
diverse groups. IEEE p1451.0 is attempting to put together a standard that will describe the 
functionality of a transducer module, the command set to be used, and the TEDS. This paper gives a 
brief description of the commands that are being defined and the contents and structure of the TEDS. 
There are eight other TEDS that were not discussed here but are expected to be in the final standard. 
What will this standard mean to the user? It will mean that while it will be necessary to buy the 
appropriate hardware, the software required for the end-users system to communicate with a 
transducer in any member of the family will be the same. You still will not be able to but an IEEE 
1451.2 STIM with its ten wire interface with an IEEE p1451.5 wireless NCAP and expect them to 
work together. But you will be able to buy IEEE 1451.2 STIMs along with IEEE 1451.2 NCAPs and 
expect them to work in the same system as the IEEE p1451.5 wireless devices. And even more 
importantly, the operator will not need to know or care which interface is being used to be able to 
use the device. 
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ABSTRACT 
 
Sensor network applications typically require continuous monitoring of physical phenomena for 
extended periods of time under severe energy resource constraints. Accordingly, design 
considerations for sensor Media Access Control (MAC) protocols depart significantly from those 
of traditional wireless MAC protocols that largely ignore the energy factor. In this paper, we re-
examine the design space of wireless sensor MAC protocols and modify IEEE 802.11 
Distributed Coordination Function (DCF) to incorporate energy-adaptive contention mechanisms 
for prolonging sensor lifetime. Performance of the proposed schemes is evaluated with DCF as a 
baseline and results indicate the benefits of energy-aware mechanisms for sensor MAC 
protocols. 
 
Keywords — MAC protocols, sensor networks, contention 
 
 

I. INTRODUCTION 
 
Sensor networks are an emerging technology that has many important applications ranging from 
environment protection and homeland security, to space exploration. A sensor net typically 
consists of many tiny nodes that collaborate in their sensing, processing and communicating 
activities to accomplish high-level application tasks (e.g., temperature sensing in a specified 
region). Energy is a major constraint in sensors, which signifies the importance of energy 
conserving schemes in protocol design. Also, certain nodes may drain energy faster than the 
others, and may even go out service prematurely disrupting network connectivity [1]. Wireless 
Media Access Control (MAC) protocols arbitrate among several sensors to provide the channel 
allocation function. Traditional MAC protocols, such as MACAW [2] and IEEE 802.11 
Distributed Coordination Function (DCF) [3], largely ignore the energy factor and emphasize 
per-node fairness that are not as important in the context of sensor nets. One way of optimizing 
existing MAC protocols for sensor nets is to make the contention scheme energy-aware. In this 
paper we present schemes that accomplish this by providing preferential treatment to low-energy 
nodes as compared to high-energy nodes. This allows sensor networks to prolong lifetime by 
shifting the energy cost of contending for the channel from lower energy nodes to higher energy 
ones because the energy resources at the weakest nodes largely determine the lifespan of the 
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network.  
 
In this paper, we introduce two energy-adaptive contention schemes for wireless sensor MAC 
protocols. The first mechanism, Energy-Aware Back-off Window, (based on MACAW backoff 
behavior) allows nodes with low energy levels to have smaller contention windows and shorter 
maximum queue lengths than those of high energy level nodes. Essentially, compared to higher 
energy nodes, lower energy nodes try to send packets more aggressively at the same time they 
give up more readily since fewer packets are allowed to be queued. Adopting this behavior, 
lower energy nodes suffer shorter overall contention time, and as a result reduce the energy 
consumption during the contention time. Note that the total energy consumption consists of that 
used for (A) transmitting data, (B) contending for the channel, and (C) idling. We cannot reduce 
(A), schemes such as low duty cycle sensor nets attempt to save (C). This paper deals with 
saving energy in case (B).  
 
The second scheme, namely, Adaptive Limited Contention uses the same principle but employs 
an alternative realization: an adaptive tree walk protocol mechanism [4]. Specifically, nodes in 
the radio range form a virtual cluster. Initially, all nodes in the cluster are eligible to transmit. 
When a first collision occurs, only a subset of nodes with certain energy level (favoring weaker 
nodes) is eligible to transmit.  When a second collision occurs, only a subset of the previous 
subset, which satisfies a more stringent energy level requirement, is eligible to transmit, etc., 
until the contention is resolved. Again, the weaker nodes have shorter maximum queue lengths.  
 
The report is organized as follows: section II describes related research work, followed by a 
detailed description of the proposed mechanisms in section III. The performance of the protocols 
is evaluated in section IV. Finally, section V concludes the paper and lays out future work. 
 
 

II. RELATED WORK 
 
There are on-going efforts that introduce periodic sleeping behavior into sensor nets to conserve 
energy. In [6], three sources of energy wastage in the MAC layer have been identified, namely, 
collision, overhearing and idle listening. The paper describes a scheme that reduces all three by 
putting nodes to sleep when they are in the idle state. Nodes determine sleep schedules by 
periodically exchanging SYNC packets to maintain synchronization among neighboring nodes in 
an attempt to reduce latency. Complete synchronization is difficult to achieve, which may result 
in increased packet latency. Also, nodes bordering two neighborhoods experience reduced sleep 
and hence drain energy faster than other nodes in the network. The new IEEE 802.15.4 standard 
[5] is another example of a sensor MAC protocol that uses periodic sleep in the nodes to 
conserve energy. This scheme also requires synchronization among nodes to decide on suitable 
sleep schedules. Contention-free MAC protocols to reduce energy consumption in sensor 
networks have been discussed in [1]. There, energy-aware schemes that use energy criticality 
information to compute contention parameters have been proposed, where the criticality of a 
node is a function of its residual energy and the amount of traffic in its queue. The protocol 
mechanism favors critical nodes and dynamically allots more TDMA slots to such nodes. 
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However, protocols requiring channel reservation are not adaptive to network dynamics and may 
result in inefficient channel utilization.  
 
Our work is orthogonal and complementary to these research efforts. We introduce energy-aware 
contention mechanisms that can save energy in addition to that saved by periodic sleeping. Our 
schemes operate in a contention environment much like DCF [3] and MACAW [2], modified 
along the above mentioned dimensions. 
 
 

III. PROTOCOL DESCRIPTION 
 
Our two proposed schemes are based on DCF and MACAW with modifications to include 
energy-aware mechanisms. The basic components common to both energy-aware mechanisms 
are as follows:  

Energy Tables and sleep 
In our proposed schemes, nodes exchange energy information by piggybacking their current 
energy levels in the RTS/CTS packet exchanges. An alternative is to use periodic exchange of 
special protocol packets, but we consider piggybacking for its low overhead. It is assumed that 
sensor nodes have access to their current energy level information. All nodes in the 
neighborhood hear and record energy level information. Each node maintains an energy table 
that lists neighbor IDs along with their residue energy levels and uses this local energy 
information to compute the parameters of our scheme, described in the following section. 
 
During every RTS/CTS exchange, nodes’ energy tables get updated and each node uses this up-
to-date energy information to compute its contention window size. We retain the physical carrier 
sensing and virtual carrier sensing from DCF [3]. Nodes defer from transmitting when the 
channel is busy, and resume their back-off at the end of a transmission. Nodes not involved in 
the current transmission sleep for the duration of the transmission, known from the Network 
Allocation Vector (NAV [3]) field in RTS/CTS, to conserve energy.  Hence the proposed 
mechanisms adopt sleep behavior only through the virtual carrier sensing process of DCF.  

Energy metrics  
The MAC layer energy-aware adaptations are based on three metrics:  
(1) the relative energy level of the current node defined as:  

lh
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where El and Eh are the energy levels of the nodes in the neighborhood that have the lowest and 
highest residue energy respectively and Ec is the current node’s energy level. The higher the 
node’s current energy level as compared to its neighbors, the higher the REL value.  
(2) The percentile of nodes with residue energy lower than or equal to the current node given as: 
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where fb is number of nodes whose energy levels are lower than the current node, fw is the 
number of nodes that have the same energy level as the current node, and N is the total number 
of nodes in the neighborhood. PR indicates the energy ranking of a node among its neighbors.  
(3) A composite measure that combines the above two metrics: 

PRREL γβα +=  

where β, γ are tunable parameters that satisfy the constraint: β + γ  = 1. All the three parameters 
α,β and γ  have a value in the range [0,1]. 
The energy metrics REL and PR each measure a different aspect of the current node’s energy 
position among nodes in the neighborhood. The metric α carries the information of both REL 
and PR and therefore we mainly use α as the measure of residual energy level. The protocol 
details specific to each energy-aware mechanism are described below. 
 
I. Energy-aware contention window sizing  
 
Exponential back-off is used in traditional wireless MAC protocols to resolve contention, which 
has no consideration for node energy levels. Repeated unsuccessful retransmissions consume 
significant amount of energy, which nodes with low energy-levels can least afford. We modify 
the back-off window sizing on the base of MACAW [2]. In MACAW, contention widow size 
increases by a factor of 1.5 upon collision and decreases by a factor of 0.5 upon a successful 
transmission. In our modified scheme, the increase factor becomes 1 + α and the decrease factor 
becomes α. Since the average of α is 0.5, an average node will behave the same as MACAW, 
but lower energy nodes with smaller α (reflecting energy criticality) will have less back off and 
earlier chance of successful transmission. In other words, the contention scheme is made energy-
aware and generally favors lower energy nodes. However, increasing the transmission 
probability of lower energy nodes causes unfair throughput favoring lower energy nodes. To 
rectify this situation, we adjust the number of packets allowed to be queued, called maximum 
queue size (q), according to the following conservation relationship: 

jjii pqpq =  

where, qi, qj and pi, pj refer to queue sizes and probabilities of transmission of node i and j, 
respectively. The intuition behind the conservation equation is that although packets have 
different transmission probabilities, the aggregate probability of generating traffic is roughly the 
same across all nodes in the neighborhood.  
 
II. Adaptive limited contention  
 
The aim of adaptive limited contention is to restrict the number of nodes contending for the 
channel to an optimum value in order to reduce collisions and yet not wasting transmission 
opportunities. Our energy-aware mechanism favors lower energy nodes by providing them with 
a higher probability of transmission at the expense of higher energy nodes. Initially, all 
interfering nodes, which form a virtual cluster, have the same probability of transmission in each 
slot. When collision occurs, the transmission probability is calculated based on past collision 
history and the node energy level. Again, lower energy nodes have higher transmission 
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probabilities. The differentiation of transmission probabilities is again balanced by different 
queue sizes according to the throughput conservation equation explained in the previous scheme.  
 
If each station transmits during a contention slot with probability p, then Ps, the probability of 
successful channel acquisition on that slot is [4], 

1)1( --= k
s pkpP  

where k is the average number of contending nodes. The optimal value of p is 1/k, which 
maximizes Ps. Further, if M is the average number of collisions experienced by a node, then M 
converges to 1/ Ps, hence,   

1)1(
1 --= kpkp
M

 

In our implementation, a node estimates a value for k according to the above equation, using its 
transmission probability (p) at the previous round and the number of collisions suffered as M. 
The equation is solvable using approximate expansion assuming p is small. Energy awareness is 
introduced by a modulating factor, and the transmission probability for the next round is as 
follows:  

)5.0(
1

α+
=

k
p  

The energy-aware modulating factor is chosen so that an average node (α  = 0.5) behaves as if 
no energy-aware mechanism is present. The effect of transmission probability p is that the 
average number of contending nodes is pN, rather than N, assuming N nodes intend to transmit. 
Adapting p is equivalent to modulating the population of potential contenders for the channel, 
thus limiting the degree of contention. 
 
 

IV. PERFORMANCE EVALUATION 
 
We simulated the performance of our proposed energy-aware mechanisms in comparison to that 
of DCF. Also, the impact of parameters β and γ on the performance was studied. We 
implemented our protocol mechanisms in NS2, by incorporating the energy-aware features in the 
existing DCF simulation code. A simple five node sensor network scenario was used, in which 
four nodes generate and send exponentially distributed traffic to a single sink node. Figure 1 
depicts the scenario. In this simple configuration, traffic in each node was defined in a manner 
sufficient to generate collisions among transmitting nodes to evaluate the performance of our 
energy-adaptive contention schemes.  
 
The performance results were obtained with parameter values chosen for a typical wireless 
sensor network [6]. Table 1 lists the parameter values used in simulations. In our 
implementation, a node piggybacks its energy information in each RTS/CTS transmission and as 
a result the energy consumed for the handshake is slightly greater than that of DCF.
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Figure 1. Network topology used in the simulation 

 
    

Table 1. Simulation parameters 

Channel bandwidth 1 Mbps 

Average packet size 1000 Bytes 

RTS, CTS, ACK size 30 Bytes 

Minimum CW size 32 Slots (from DCF) 

Maximum CW size 1024 Slots (from DCF) 

Reception power 13mW 

Transmission power 24.75mW 

Idle power 13mW 
Sleep power 15µW  

β, γ  Varied 

A. Energy Consumption 
Figure 2 shows the average energy consumed for DCF [3] and the energy-aware mechanisms 
(CW implies contention window).    
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Figure 2.   Energy consumption rate for DCF and Energy-aware MACs 

The energy behavior of the latter shows significant improvement over DCF and the considerable 
energy savings is due to, 1) the energy-aware contention schemes allow low energy nodes to 
transmit with higher probability, thereby reducing the amount of idle listening in low energy 
nodes during back-off and physical carrier sensing, 2) sleep introduced among inactive nodes 
that avoids idle listening when the channel is busy serving other nodes. 
 
Figure 3 shows the average energy consumed per byte transmitted at each node. The results were 
obtained with initial node energy levels for sources 0, 1, 2 and 3 being 50%, 10%, 100%, and 
100% of the maximum energy level, respectively. Sink (node 4) was not considered as it did not 
generate any traffic.  From the bar graph we can see that, in the energy-aware window sizing 
scheme, node 1, which has the least amount of residue energy, has consumed the least amount of 
energy per byte. The scheme provides similar throughput for low and high energy nodes; but due 
to the preferential treatment, low energy nodes experience lesser backoff time and reduced 
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collisions, allowing for considerable energy savings. Adaptive limited contention follows similar 
pattern, but exhibits higher energy consumption per byte than energy-aware contention window. 
This is because on a single success the adaptive limited contention resets the contention window 
size to minimum, which does not retain any memory of network congestion state, thereby 
resulting in more collisions. In DCF, the energy consumed per byte does not follow preferential 
pattern for low energy nodes (node 1 has the highest energy consumption), signifying no energy 
awareness.  
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Figure 3.   Comparison of Energy consumed per byte for DCF and Energy-aware MAC  

B. Throughput and Latency Characteristics 
Figures 4 and 5 show the throughput and latency characteristics of our energy-aware contention 
schemes in comparison to DCF. It can be seen that our schemes offer similar throughput as DCF. 
The energy-aware window sizing scheme exhibits marginally higher delay per packet, since 
during high congestion the contention window size stays high (decreases only by a factor of • on 
success) to reflect the network state thereby increasing the average contention time.  
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Figure 4.   Throughput comparison                                                   
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Figure 5.   Latency comparison 

D. Impact of Energy Factors 
Figure 6 shows the performance of the energy adaptive window sizing scheme for different 
values of energy parameters β and γ. The result for the adaptive limited contention scheme is not 
much different, and thus is omitted here. The REL scaling factor is β and γ  is the percentile 
scaling factor. We can infer from the graphs that a larger γ  results in a higher energy 
consumption. This is because a small variation in energy level among the neighboring nodes 
only slightly affects the REL. However, it alters the percentile of the nodes more dramatically. A 
higher γ  magnifies this effect and increases the contention window sizes of nodes with higher 
rankings, thereby increasing the energy spent in contending for the channel.  
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Figure 6.   Energy consumption rate for different β and γ   
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The energy consumption rate in the case where β dominates is marginally higher than that in the 
case where β and γ are equal. When the energy differences among neighbors are high, REL 
values respond more dramatically than the percentile values. However, REL is susceptible the 
outliner problem. In our study, we find giving approximately equal weight to the two parameters 
results in good performance.  
 
 

VI. CONCLUSIONS AND FUTURE WORK 
 
In this paper we proposed two energy-aware MAC schemes for sensor applications. We 
compared the performance of the energy-adaptive mechanisms and DCF through simulation. We 
find the energy-aware schemes result in considerable energy savings with no significant 
degradation in the throughout and latency behavior.  
 
We plan to follow on by investigating the performance of energy-aware MACs in more complex 
network scenarios that include multi-hop routing, hidden-nodes and noisy channels (with high 
packet loss rate), which approach realistic network condition. We also plan to systematically 
investigate the full range of MAC parameters that can be made energy adaptive.  
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FORWARD 
 
 
The Telemetry Standards have taken on a new look effective with this release.  The IRIG-106 is 
now published in two parts.  Part I contains the more familiar information and standards that have 
been evolved over the years.  Part II is a totally new entity.  This new part is devoted to the 
standards associated with the present technological evolution / revolution in the telemetry 
networks area. 
 
The Telemetry Group of the Range Commanders Council has prepared this document to foster 
the compatibility of telemetry transmitting, receiving, and signal processing equipment at the 
member ranges under the cognizance of the RCC.  The range commanders highly recommend that 
telemetry equipment operated by the ranges and telemetry equipment used in programs that 
require range support conform to these standards. 
 
These standards do not necessarily define the existing capability of any test range, but constitute a 
guide for the orderly implementation of telemetry systems for both ranges and range users.  The 
scope of capabilities attainable with the utilization of these standards requires a careful 
consideration of tradeoffs.  Guidance concerning these tradeoffs is provided in the text. 
 
These standards provide the necessary criteria on which to base equipment design and 
modification.  The ultimate purpose is to ensure efficient spectrum utilization, interference free 
operation, interoperability between ranges, and compatibility of range user equipment with the 
ranges. 
 
This standard, published in two parts, is complemented by a companion series, RCC document 
118, Test Methods for Telemetry Systems and Subsystems, and RCC document 119, Telemetry 
Applications Handbook. 
 
The policy of the Telemetry Group is to update the telemetry standards and test methods as 
required being consistent with advances in the state of the art.  To determine the current revision 
status, contact the RCC Secretariat at White Sands Missile Range, New Mexico at (505) 678-
1107 or DSN 258-1107. 
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CHAPTER 1 
 
 

INTRODUCTION 
PART I 

 
 

Part 1 of the Telemetry Standards addresses the here-to-date conventional methods, 
techniques, and practices affiliated with aeronautical telemetry applicable to the member RCC 
ranges. 
 
Part 1 of this document is composed of nine chapters; each devoted to a different element of the 
telemetry system or process. 
 
Reference documents are identified at the point of reference. 
 
Commonly used terms are defined in standard reference glossaries and dictionaries.  Definitions 
of terms with special applications are included when the term first appears, generally in the front 
sections of individual chapters.  Radio frequency terms are defined in the Manual of 
Regulations and Procedures for Federal Radio Frequency Management.  Copies of that 
manual may be obtained from: 
 

Executive Secretary, IRAC 
U.S. Department of Commerce, NTIA 

Room 1605, HCHB Building 
14th and Constitution Avenue, N.W. 

Washington, D.C. 20230 
 

 

 New 
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CHAPTER 2   

 
 

TRANSMITTER AND RECEIVER SYSTEMS 
 
 
2.1 Radio Frequency Standards for Telemetry 
 
         These standards provide the criteria to determine equipment and frequency use 
requirements and are intended to ensure efficient and interference-free use of the radio 
frequency spectrum and interchange of operations and data between test ranges.  The 
radio frequency spectrum is a limited natural resource;  therefore, efficient use of available 
spectrum is mandatory.  In addition, susceptibility to interference must be minimized.  
Systems not conforming to these standards require justification upon application for 
frequency allocation, and the use of such systems is highly discouraged.  The standards 
contained herein are derived from the National Telecommunications and Information 
Administration's (NTIA) Manual of Regulations and Procedures for Federal Radio 
Frequency Management. 
 
2.2 Definitions 
 
 Allocation (of a Frequency Band).  Entry of a frequency band into the Table of 
Frequency Allocations1 for use by one or more radio communication services or the radio 
astronomy service under specified conditions. 
 
 Assignment (of a Radio Frequency or Radio Frequency Channel).  Authorization 
given by an administration for a radio station to use a radio frequency or radio frequency 
channel under specified conditions. 
 
 Authorization.  Permission to use a radio frequency or radio frequency channel 
under specified conditions. 
 
 Occupied Bandwidth.  The width of a frequency band such that below the lower and 
above the upper frequency limits, the mean powers emitted are each equal to a specified 
percentage of the total mean power of a given emission.  Unless otherwise specified by the 
International Telecommunication Union (ITU) for the appropriate class of emission, the 
specified percentage shall be 0.5 percent.  The occupied bandwidth is also called the 99-
percent power bandwidth in this document. 
  

                     
     1The definitions of the radio services that can be operated within certain frequency 
bands contained in the radio regulations as agreed to by the member nations of the 
International Telecommunications Union.  This table is maintained in the United States by 
the Federal Communications Commission and the NTIA. 
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Primary Service.  A service that has full rights in a band of frequencies and can claim 
protection from harmful interference from other services. 
 
 Secondary Service.  Service that can be obtained on a noninterference operation 
basis with primary service users.  Stations of a secondary service shall not cause harmful 
interference to stations of a primary service and cannot claim protection from interference 
from stations of a primary service; however, they can claim protection from harmful 
interference from other secondary stations to which frequencies were assigned at a later 
date. 
 
2.3 UHF Bands 
  
 The bands used for telemetry are described unofficially as the L band from 1435 to 
1535 MHz, the S band from 2200 to 2300 MHz, and the upper S band from 2310 to 2390 
MHz.  While these band designations are common in telemetry parlance, they may have no 
specific meaning to anyone else.  Telemetry assignments are made for testing2 manned and 
unmanned aircraft, missiles, space vehicles, rocket sleds and systems carried on such sleds, 
or for testing their major components. 
 
2.3.1  Allocation of the L Band (1435 to 1535 MHz).  This band is allocated in the United 
States of America and its possessions for government and nongovernment aeronautical 
telemetry use on a shared basis.  The nongovernment use of this band is coordinated by 
the Aerospace and Flight Test Radio Coordinating Council (AFTRCC).  The frequencies 
in this range will be assigned for aeronautical telemetry and associated remote-control 
operations3 for testing of manned or unmanned aircraft, missiles, rocket sleds, and other 
vehicles or their major components.  Authorized usage includes telemetry associated with 
launching and reentry into the Earth's atmosphere as well as any incidental orbiting prior 
to reentry of manned or unmanned vehicles undergoing flight tests.  The following 
frequencies are shared with flight telemetering mobile stations: 1444.5, 1453.5, 1501.5, 
1515.5, 1524.5, and 1525.5 MHz. 
 
2.3.1.1  1435 to 1525 MHz.  This frequency range is allocated for the exclusive use of 
aeronautical telemetry in the United States of America. 
 
2.3.1.2  1525 to 1530 MHz.  The 1525- to 1530-MHz band was reallocated at the 1992 
World Administrative Radio Conference (WARC-92).  The Mobile-Satellite Service is 
now a primary service in this band.  The Mobile Service (includes aeronautical telemetry) 
is now a secondary service in this band. 
 
2.3.1.3  1530 to 1535 MHz.  The Maritime Mobile-Satellite Service is a primary service in 
the frequency band from 1530 to 1535 MHz.4  The Mobile Service (including aeronautical 
telemetry) is a secondary service in this band. 
                     
     2A telemetry system as defined here is not critical to the operational (tactical) function 
of the system. 
     3The word used for remote control operations in this band is telecommand. 
     4Reallocated as of 1 January 1990. 
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2.3.2  Allocation of the S Band (2200 to 2300 MHz).  No provision is made in this band 
for the flight testing of manned aircraft. 
 
2.3.2.1  2200 to 2290 MHz.  These frequencies are shared equally by the United States 
Government's fixed, mobile, space research, space operation and Earth 
exploration-satellite services.  These frequencies include telemetry associated with launch 
vehicles, missiles, upper atmosphere research rockets, and space vehicles regardless of 
their trajectories. 
 
2.3.2.2  2290 to 2300 MHz.  Allocations in this range are for the space research service 
(deep space only) on a shared basis with the fixed and mobile (except aeronautical mobile) 
services. 
 
2.3.3  Allocation of the Upper S Band (2310 to 2390 MHz).  This band is allocated to the 
radiolocation and mobile services in the United States of America.  Government and 
nongovernment telemetry users share this band in a manner similar to that of the L band.  
Telemetry assignments are made for flight testing of manned or unmanned aircraft, missiles, 
space vehicles, or their major components.  The frequencies 2312.5, 2332.5, 2352.5, 2364.5, 
2370.5, and 2382.5 MHz are also designated for use by both government and nongovernment 
stations on a co-equal basis for telemetering and associated telecommand operations for 
expendable and reusable launch vehicles whether or not such operations involve flight testing. 
 Such uses will be limited to 1-MHz bandwidths. 
 
2.3.3.1  2310 to 2360 MHz.  These frequencies have been reallocated and were auctioned 
by the Federal Communications Commission in April 1997.  The Wireless 
Communications Service is the primary service in the frequencies 2305-2320 MHz and 
2345-2360 MHz.  The Digital Audio Radio Satellite Service is the primary service in the 
2320-2345 MHz band.  In the band 2310-2360 MHz, the mobile and radiolocation 
services are allocated on a primary basis until 1 January 1997 or until broadcasting-
satellite (sound) service has been brought into use in such a manner as to affect or be 
affected by the mobile and radiolocation services in those service areas, whichever is later. 
 Aeronautical telemetry will become a secondary service when these services start using 
the band. 
 
2.3.3.2  2360 to 2390 MHz.  The Mobile Service (including aeronautical telemetry) is a 
primary service in this band.  The Balanced Budget Act of 1997 resulted in the 
reallocation of 2385-2390 MHz to other applications.  The Mobile Service will no longer 
be a primary service in this frequency range after 2005 (or 2007 in some areas). 
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2.4   UHF Telemetry Transmitter Systems 
 
 Air- and space-ground telemetry is accommodated in the appropriate UHF bands 
1435 to 1535, 2200 to 2300, and 2310 to 2390 MHz as described in paragraph 2.3. 
 
2.4.1  Center Frequency Tolerance.  Unless otherwise dictated by a particular application, 
the frequency tolerance for a telemetry transmitter shall be ±0.002 percent of the 
transmitter's assigned center frequency. Transmitter designs shall control transient 
frequency errors associated with startup and power interruptions. During the first second 
after turn on, the transmitter output frequency shall be within the occupied bandwidth of 
the modulated signal at any time when the transmitter output power exceeds -25 dBm. 
Between 1 and 5 seconds after initial turn on, the transmitter frequency shall remain within 
twice the specified limits for the assigned radio frequency. After 5 seconds, the standard 
frequency tolerance is applicable for any and all operations where the transmitter power 
output is -25 dBm or greater (or produces a field strength greater than 320 mV/meter at a 
distance of 30 meters from the transmitting antenna in any direction).  Specific uses may 
dictate tolerances more stringent than those stated. 
 
2.4.2  Channel Bandwidth Definitions.  Channel bandwidths are defined below. 
 
2.4.2.1  Standard Bandwidth Signal.  A standard bandwidth signal occupies a bandwidth 
less than or equal to 1 MHz. 
 
2.4.2.2  Wide Bandwidth Signal.  A wide bandwidth signal occupies a bandwidth greater 
than 1 MHz.5 
 
2.4.3  Channelization.  Channel spacings for all types of telemetry uses are described in the 
following subparagraphs. 
 
2.4.3.1  Standard Bandwidth Channels.  Standard bandwidth channel spacing is in 
increments of 1 MHz, beginning 500 kHz from the lower band edge, such as 1435.5, 
1436.5, and 1437.5 MHz.  By definition, the band edges of a standard bandwidth channel 
cannot fall outside the allocated band. 
 
2.4.3.2  Wide Bandwidth Channels.  Channels with bandwidths greater than 1 MHz are 
assigned channels on spacings as standard bandwidth channels.  The resulting spectrum is 
not allowed to fall outside the allocated band. 

                     
     5Telemetry systems with bandwidths greater than 10 MHz, operating on the standard 
telemetry bands, are highly discouraged. 
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2.4.4  Output Power.  Emitted power levels shall always be limited to the minimum 
required for the application.  The output power shall not exceed 25 watts6.  The effective 
isotropic radiated power (EIRP) shall not exceed 25 watts7. 
 
2.4.5  Modulation.  The traditional modulation methods for aeronautical telemetry are 
frequency modulation and phase modulation.  Frequency and phase modulation have a 
variety of desirable features but may not provide the required bandwidth efficiency 
especially for higher bit rates.  When better bandwidth efficiency is required, the standard 
method for digital signal transmission is Feher’s-patented quadrature phase shift keying 
(FQPSK-B).  FQPSK-B is a nearly constant envelope and is compatible with non-linear 
amplifiers with minimal spectral regrowth and minimal degradation of detection efficiency. 
 Additional FQPSK-B characteristics are discussed in section 7 of Appendix A. 
 
2.4.5.1  Characteristics of FQPSK-B.  FQPSK-B is described in Digcom Inc. document, 
“FQPSK-B, Revision A1, Digcom-Feher Patented Technology Transfer Document, 
January 15, 1999”.  This document can be obtained under a license from: 
 

Digcom Inc. 
44685 Country Club Drive 

El Macero, CA 95618 
Telephone: 530-753-0738 

FAX: 530-753-1788 
 
2.4.5.1.1  Differential Encoding.  Differential encoding shall be provided and shall be 
consistent with the following definitions:  
 
The NRZ-L data bit sequence {bn} is sampled periodically by the transmitter at time 
instants  
 

,....2,1,0                                 == nnTt b  
 
where Tb is the NRZ-L bit period. Using the bit index values n as references to the 
beginning of symbol periods, the differential encoder alternately assembles I channel and Q 
channel symbols to form the sequences 
 

,...,,
and

,...,,

753

642

QQQ

III
 

 
                     
     6An exemption from this power limit will be considered; however, systems with 
transmitter power levels greater than 25 watts will be considered nonstandard systems and 
will require additional coordination with affected test ranges. 
     7An exemption from this EIRP limit will be considered; however, systems with EIRP 
levels greater than 25 watts will be considered nonstandard systems and will require 
additional coordination with affected test ranges. 
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according to the following rules: 
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where Å  denotes the exclusive-or operator, and the bar above a variable indicates the 
‘not’ or inversion operator. Q channel symbols are offset (delayed) relative to I channel 
symbols by one bit period.  
  
2.4.5.1.2  Data Randomization.  The data input to the transmitter shall be randomized 
using either an encryptor that provides randomization or an Interrange Instrumentation 
Group (IRIG) 15-bit randomizer as described in Chapter 6 and Appendix D.  The purpose 
of the randomizer is to prevent degenerative data patterns from degrading data quality. 
 
2.4.5.1.3  Quadrature Modulator Phase Map.  Table 2-1 lists the mapping from the input 
to the modulator (after differential encoding and FQPSK-B wavelet assembly) to the 
carrier phase of the modulator output.  The amplitudes in table 2-1 are ± a, where “a” is a 
normalized amplitude. 
 
  

TABLE 2-1.  FQPSK-B PHASE MAP. 

I Channel Q Channel Resultant Phase 

a a 45 degrees 

-a a 135 degrees 

-a -a 225 degrees 

a -a 315 degrees 
 
 
2.4.5.1.4  Bit Rate.  The bit rate range for FQPSK-B shall be between 1 Mb/s and 20 
Mb/s. 
 
2.4.5.1.5  Transmitter Phase Noise.  The sum of all discrete spurious spectral components 
(single sideband) shall be less than -36 dBc. The continuous single sideband phase noise 
power spectral density (PSD) shall be below the curve shown in figure 2-1. The maximum 
frequency for the curve in figure 2-1 is one-fourth of the bit rate. For bit rates greater than 
4 Mb/s, the phase noise PSD shall be less than –100 dBc/Hz between 1 MHz and one-
fourth of the bit rate. 
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2.4.5.1.6  Carrier Suppression.  The remnant carrier level shall be no greater than -25 dBc. 
 Paragraph 7.0 of Appendix A contains additional discussion of carrier suppression. 
 
2.4.5.2  Modulation Polarity.  An increasing voltage at the input of a frequency modulation 
(FM) transmitter shall cause an increase in output carrier frequency.  An increase in voltage at 
the input of a phase modulation (PM) transmitter shall cause an advancement in the phase of 
the output carrier.  An increasing voltage shall cause an increase in the output power of an 
amplitude modulation (AM) transmitter. 
 
2.4.6  Spurious Emission and Interference Limits.  Spurious8 emissions from the transmitter 
case, through input and power leads, and at the transmitter radio frequency (RF) output and 
antenna-radiated spurious emissions are to be within required limits shown in MIL-STD-461, 
Electromagnetic Emission and Susceptibility Requirements for the Control of Electromagnetic 
Interference, when measured by the methods and equipment shown in MIL-STD-462, 
Electromagnetic Interference Characteristics, Measurement.  Other applicable standards and 
specifications may be used in place of MIL-STD-461 and MIL-STD-462, if necessary. 
 

                     
     8Any unwanted signal or emission is spurious whether or not it is related to the 
transmitter frequency (harmonic). 

Figure 2-1. Continuous single sideband phase noise power spectral density. 
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2.4.6.1  Transmitter-Antenna System Emissions.  Emissions from the antenna are of primary 
importance.  For example, a tuned antenna may or may not attenuate spurious frequency 
products produced by the transmitter, and an antenna or multi-transmitter system may generate 
spurious outputs when a pure signal is fed to its input.  The transmitting pattern  of such 
spurious frequencies is generally different from the pattern at the desired frequency.   Spurious 
outputs in the transmitter output line shall be limited to -25 dBm.  Antenna-radiated spurious 
outputs shall be no greater than 320 mV/meter at 30 meters in any direction. 
 

 
2.4.6.2  Conducted and Radiated Interference.  Interference (and the RF output itself) 
radiated from the transmitter or fed back into the transmitter power, signal, or control 
leads could interfere with the normal operation of the transmitter or the antenna system to 
which the transmitter is connected.  All signals conducted by the transmitter's leads (other 
than the RF output cable) in the range of 150 kHz to 50 MHz, and all radiated fields in the 
range of 150 kHz to 10 GHz (or other frequency ranges as specified) must be within the 
limits of the applicable standards or specifications. 
 
2.4.7  Operational Flexibility.  Each transmitter shall be capable of operating at all 
frequencies within its allocated band without design modification9. 
 
2.4.8  Modulated Transmitter Bandwidth.10  Telemetry applications covered by this standard 
shall use 99-percent power bandwidth to define occupied bandwidth and -25 dBm bandwidth 
as the primary measure of spectral efficiency.  The -25 dBm bandwidth is the minimum 
bandwidth that contains all spectral components that are -25 dBm or larger.  A power level of 
-25 dBm is exactly equivalent to an attenuation of the transmitter power by 55 + 10´log(P) 
dB where P is the transmitter power expressed in watts.  The spectra are assumed symmetrical 
about the transmitter’s center frequency unless specified otherwise.  All spectral components 
larger than –(55 + 10´log(P)) dBc at the transmitter output must be within the spectral mask 
calculated using the following equation:  
 

     ( )
m
RffffRKfM cc ³---+= ;log100log90   (2-3) 

where 

  M(f) = power relative to P (i.e., units of dBc) at frequency f (MHz) 

                     
     9The intent is that fixed frequency transmitters can be used at different frequencies by 
changing crystals or other components.  All applicable performance requirements will be 
met after component change. 
     10These bandwidths are measured using a spectrum analyzer with the following 
settings: 10-kHz resolution bandwidth, 1-kHz video bandwidth, and max hold detector.   

WARNING:  Spurious levels of -25 dBm may severely degrade the performance of 
sensitive receivers whose antennas are located in close proximity to the telemetry 
transmitting antenna.  Therefore, lower spurious levels may be required in certain 
frequency ranges, such as near GPS L1 and L2 frequencies. 

 New 
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  K =  -20  for analog signals 
  K =  -28 for binary signals  
  K =  -63 for quaternary signals (e.g., FQPSK-B) 
  fc =  transmitter center frequency (MHz) 
  R =  bit rate (Mb/s)   for digital signals or 
        ( )maxff +D  (MHz) for analog FM signals 
  m =  number of states in modulating signal; 
           m = 2 for binary signals  
           m = 4 for quaternary signals and analog signals 
  D f  =  peak deviation 
  fmax  =  maximum modulation frequency 
 
 Note that the mask in this standard is different than the mask contained in the 1996 and 
1999 versions of the Telemetry Standards, and, in general, narrower.  Equation (2-3) does not 
apply to spectral components separated from the center frequency by less than R/m.  The -
25 dBm bandwidth is not required to be narrower than 1 MHz.  Binary signals include all 
modulation signals with two states while quaternary signals include all modulation signals with 
four states (quadrature phase shift keying and FQPSK-B are two examples of four-state signals). 
 Appendix A, paragraph 6.0, contains additional discussion and examples of this spectral mask.  
 
2.5 UHF Telemetry Receiver Systems 
 
 As a minimum, UHF receiver systems shall have the following characteristics: 
 
2.5.1  Spurious Emissions.  The RF energy radiated from the receiver itself or fed back into 
the power supply, and/or the RF input, output, and control leads in the range from 150 kHz to 
10 GHz shall be within the limits specified in MIL-STD 461.  It shall be tested in accordance 
with MIL-STD 462 or RCC Document 118, volume II,  Test Methods for Telemetry RF 
Subsystems.  Other applicable standards and specifications may be used in place of 
MIL-STD-461 and MIL-STD-462, if necessary. 
 
2.5.2  Frequency Tolerance.  The accuracy of all local oscillators within the receiver shall be 
such that the conversion accuracy at each stage and overall is within ±0.001 percent of the 
indicated tuned frequency under all operating conditions for which the receiver is specified. 
 
2.5.3  Receiver Phase Noise.  The sum of all discrete spurious spectral components (single 
sideband) shall be less than -39 dBc.  The continuous single sideband phase noise power 
spectral density (PSD) shall be 3 dB below the curve shown in figure 2-1.  The maximum 
frequency for the curve in figure 2-1 is one-fourth of the bit rate.  For bit rates greater 
than 4 Mb/s, the phase noise PSD shall be less than –103 dBc/Hz between 1 MHz and 
one-fourth of the bit rate. 
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2.5.4  Spurious Responses.  Rejection of any frequency other than the one to which the 
receiver is tuned shall be a minimum of 60 dB referenced to the desired signal over the 
range 150 kHz to 10 GHz. 
 
2.5.5  Operational Flexibility.  All ground-based receivers shall be capable of operating 
over the entire band for which they are designed.  External downconverters may be either 
intended for the entire band or a small portion but capable of retuning anywhere in the 
band without modification. 
 
2.5.6  Intermediate Frequency Bandwidths.  The standard receiver intermediate frequency 
(IF) bandwidths are shown in table 2-2.  These bandwidths are separate from and should 
not be confused with post-detection low-pass filtering that receivers provide11.  The ratio 
of the receiver’s -60 dB bandwidth to the -3 dB bandwidth shall be less than 5. 
 

 
 

For data receivers, the IF bandwidth should typically be selected 
so that 90 to 99 percent of the transmitted spectrum is within 
the receiver 3-dB bandwidth.  In most cases, the optimum IF  

bandwidth will be narrower than the 99-percent power bandwidth measured using 
the method outlined in Appendix A, subparagraph 5.2.1. 

 
 

TABLE 2-2.  STANDARD RECEIVER IF BANDWIDTHS. 

300 kHz† 1.5 MHz‡ 6 MHz‡ 

500 kHz† 2.4 MHz‡ 10 MHz‡ 

750 kHz† 3.3 MHz‡ 15 MHz‡ 

1000 kHz† 4.0 MHz‡ 20 MHz‡ 

 
‡   see note next page 
†   see note next page

                     
     11In most instances, the output low-pass filter should not be used to "clean up" the 
receiver output prior to use with demultiplexing equipment. 

NOTE
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NOTE

1.  Bandwidths are expressed at the points where response is 3 dB  
                                  below the response at the design center frequency, assuming that  
  passband ripple is minimal, which may not necessarily be the case.  The 3-dB      
  bandwidth is chosen, because it closely matches the noise bandwidth of a "brick-wall"  
  filter of the same bandwidth.  The "optimum" bandwidth for a specific application  
  may be other than that stated here.  Ideal IF filter response is symmetrical about its  
  center frequency; in practice, this may not be the case. 
 
  2.  Not all bandwidths are available on all receivers or at all test ranges.  Additional  
  receiver bandwidths may be available at some test ranges.  
 
  3.  (†) Bandwidths are for use with standard bandwidth channels. 
 
  4.  (‡) Bandwidths are for use with wide bandwidth channels. 
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CHAPTER 3 
 
 

FREQUENCY DIVISION MULTIPLEXING TELEMETRY STANDARDS 
 
 
3.1 General 
 
 In frequency division multiplexing, each data channel makes use of a separate 
subcarrier which occupies a defined position and bandwidth in the modulation baseband 
of the RF carrier.  Two types of frequency modulation (FM) subcarrier formats may be 
used.  The data bandwidth of one format type is proportional to the subcarrier center 
frequency, while the data bandwidth of the other type is constant, regardless of 
subcarrier frequency.  
 
3.2 FM Subcarrier Characteristics 
 
 In these systems, one or more subcarrier signals, each at a different frequency, are 
employed to frequency modulate (FM) or phase modulate (PM) a transmitter in 
accordance with the RF conditions specified in chapter 2.  The following subparagraphs 
set forth the standards for utilization of FM frequency division multiplexing. 
 
3.2.1  Each of the subcarriers conveys measurement data in FM form.  The number of 
data channels may be increased by modulating one or more of the subcarriers with a 
time-division multiplex format such as pulse-code modulation (PCM). 
 
3.2.2  The selecting and grouping of subcarrier channels depend upon the data 
bandwidth requirements of the application at hand and upon the necessity to ensure 
adequate guard bands between channels.  Combinations of both proportional-bandwidth 
channels and constant-bandwidth channels may be used. 
 
3.3 FM Subcarrier Channel Characteristics 
 
 The following subparagraphs describe the characteristics of 
proportional-bandwidth and constant-bandwidth FM subcarrier channels. 
 
3.3.1  Proportional-Bandwidth FM Subcarrier Channel Characteristics.  Table 3-1 lists 
the standard proportional-bandwidth FM subcarrier channels.  The channels identified 
with letters permit ±15 or ±30 percent subcarrier deviation rather than ±7.5 percent 
deviation but use the same frequencies as the 12 highest channels.  The channels shall be 
used within the limits of maximum subcarrier deviation.  See appendix B for expected 
performance tradeoffs at selected combinations of deviation and modulating frequency. 



 

TABLE 3-1.  PROPORTIONAL-BANDWIDTH FM SUBCARRIER CHANNELS 
   

±±7.5%  CHANNELS  

                                   Lower            Upper        Nominal      Nominal        Maximum         Minimum  
                  Center        Deviation     Deviation     Frequency           Rise         Frequency             Rise  
                           Frequencies          Limit            Limit        Response        Time         Response               Time  
 Channel            (Hz)               (Hz)              (Hz)          (Hz)       (ms)               (Hz)                  (ms)   
      1            400            370    430           6           58              30            11.7  
      2            560            518             602            8           44             42            8.33  
      3            730            675             785          11           32              55           6.40  
      4            960            888           1032           14           25              72            4.86  
      5          1300          1202         1398           20           18              98            3.60  
      6          1700          1572         1828           25           14             128            2.74  
      7          2300          2127         2473           35           10             173            2.03  
      8          3000          2775         3225           45            7.8           225            1.56  
      9          3900          3607         4193           59            6.0           293            1.20  
    10         5400          4995        5805           81            4.3           405             .864  
    11         7350          6799        7901          110            3.2           551             .635  
    12         10 500          9712          11 288          160            2.2           788             .444  
    13         14 500          13 412          15 588          220            1.6          1088             .322  
    14         22 000          20 350          23 650          330            1.1          1650             .212  
    15         30 000        27 750          32 250          450             .78         2250             .156  
    16         40 000        37 000          43 000          600             .58         3000             .117  
    17         52 500        48 562          56 438          788            .44         3938             .089  
    18         70 000        64 750          75 250         1050             .33         5250             .06  
    19         93 000        86 025          99 975         1395             .25         6975             .050  
    20       124 000     114 700        133 300         1860             .19         9300             .038  
    21       165 000     152 625        177 375         2475             .14       12 375             .029  
    22       225 000     208 125        241 875         3375             .10       16 875             .021  
    23       300 000     277 500        322 500         4500             .08       22 500             .016  
    24       400 000     370 000        430 000         6000             .06      30 000             .012  
    25       560 000     518 000        602 000         8400             .04       42 000             .008  
 
 
See notes at end of table. 
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TABLE 3-1 (CONT'D).  PROPORTIONAL-BANDWIDTH FM SUBCARRIER CHANNELS 
 

±15% CHANNELS  

     Lower     Upper      Nominal    Nominal    Maximum        Minimum  
      Center        Deviation     Deviation  Frequency        Rise         Frequency         Rise  
  Frequencies          Limit           Limit     Response        Time         Response          Time  
 Channel       (Hz)      (Hz)               (Hz)            (Hz)           (ms)               (Hz)            (ms)  
 A         22 000         18 700         25 300            660             .53               3300           .106  
 B          30 000         25 500         34 500            900             .39               4500           .078  
 C          40 000          34 000         46 000         1200            .29              6000           .058  
 D   52 500   44 625  60 375 1575 .22    7875 .044 
 E         70 000           59 500         80 500         2100             .17          10 500           .033  
 F         93 000           79 050        106 950         2790             .13          13 950           .025  
 G      124 000        105 400        142 600         3720             .09          18 600           .018  
 H      165 000        140 250        189 750         4950             .07          24 750           .014  
  I      225 000        191 250        258 750         6750             .05          33 750           .010  
  J      300 000        255 000        345 000         9000             .04          45 000           .008  
 K      400 000        340 000        460 000       12 000             .03         60 000          .006  
 L      560 000        476 000        644 000       16 800             .02          84 000           .004  
 
See notes at end of table. 
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TABLE 3-1 (CONT'D).  PROPORTIONAL-BANDWIDTH FM SUBCARRIER CHANNELS  
 

±30% CHANNELS  

     Lower           Upper        Nominal      Nominal        Maximum         Minimum 
         Center        Deviation     Deviation     Frequency         Rise         Frequency           Rise  
  Frequencies          Limit            Limit        Response         Time         Response             Time  
 Channel             (Hz)               (Hz)              (Hz)               (Hz)            (ms)                 (Hz)              (ms)  
 AA          22 000        15 400           28 600         1320             .265            6600           .053  
 BB          30 000        21 000           39 000         1800             .194            9000           .038  
 CC          40 000        28 000           52 000         2400             .146         12 000          .029  
 DD          52 500        36 750           68 250         3150             .111         15 750           .022  
 EE          70 000        49 000           91 000         4200             .083         21 000           .016  
 FF          93 000        65 100        120 900        5580             .063         27 900           .012  
 GG       124 000        86 800        161 200         7440             .047         37 200           .009  
 HH       165 000       115 500        214 500         9900             .035         49 500           .007  
 II       225 000       157 500        292 500       13 500             .026         67 500           .005  
 JJ       300 000       210 000        390 000       18 000             .019         90 000           .004  
 KK       400 000       280 000        520 000       24 000             .015        120 000           .003  
 LL       560 000       392 000        728 000       33 600             .010        168 000           .002  
 
 

 Round off to nearest Hz. 
 
 The indicated maximum data frequency response and minimum rise time is based on the maximum theoretical response that can 
be obtained in a bandwidth between the upper and lower frequency limits specified for the channels. See appendix B, paragraph 3.0 for 
determining possible accuracy versus response tradeoffs. 
 
 Channels A through L may be used by omitting adjacent lettered and numbered channels.  Channels 13 and A may be used 
together with some increase in adjacent channel interference. 
 
 Channels AA through LL may be used by omitting every four adjacent double lettered and lettered channels and every three 
adjacent numbered channels.  Channels AA through LL may be used by omitting every three adjacent double lettered and lettered 
channels and every two adjacent numbered channels with some increase in adjacent channel interference. 

3-4 



 

 

 
 

 
 

3-5 

                        3.3.2  Constant-Bandwidth FM Subcarrier Channel Characteristics.  
Table 3-2 lists the standard constant-bandwidth FM subcarrier channels.  The letters A, 
B, C, D, E, F, G, and H identify the channels for use with maximum subcarrier deviations 
of ±2, ±4, ±8, ±16, ±32, ±64, ±128, and ±256 kHz, along with maximum frequency 
responses of 2, 4, 8, 16, 32, 64, 128, and 256 kHz.  The channels shall be used within the 
limits of maximum subcarrier deviation.  See appendix B for expected performance 
tradeoffs at selected combinations of deviation and modulating frequencies. 
 
3.4 Tape Speed Control and Flutter Compensation 
 
 Tape speed control and flutter compensation for FM/FM formats may be 
accomplished as indicated in subparagraph 6.8.4, chapter 6.  The standard reference 
frequency used shall be in accordance with the criteria in table 3-3 when the reference signal 
is mixed with data. 



 

TABLE 3-2.  CONSTANT-BANDWIDTH FM SUBCARRIER CHANNELS. 
A CHANNELS   B CHANNELS    C CHANNELS    D CHANNELS    E CHANNELS   F CHANNELS   G CHANNELS  H CHANNELS 
Deviation   Deviation   Deviation   Deviation  Deviation  Deviation   Deviation   Deviation 
 limits = ± 2 kHz   limits = ± 4 kHz   limits = ± 8 kHz   limits = ± 16 kHz   limits = ± 32 kHz    limits = ± 64 kHz   limits = ± 128 kHz   limits = ± 256 kHz 
Nominal frequency   Nominal frequency   Nominal frequency   Nominal frequency  Nominal frequency  Nominal frequency  Nominal frequency  Nominal frequency 
 response = 0.4 kHz  response = 0.8 kHz   response = 1.6 kHz   response = 3.2 kHz  response = 6.4 kHz   response = 12.8 kHz  response = 25.6 kHz   response = 51.2 kHz 
 Maximum frequency  Maximum frequency  Maximum frequency Maximum frequency  Maximum frequency  Maximum frequency  Maximum frequency   Maximum frequency 
 response = 2 kHz   response = 4 kHz   response = 8 kHz  response = 16 kHz    response = 32 kHz      response = 64 kHz     response = 128 kHz     response = 256 kHz 
Center                 Center                 Center                  Center                Center                 Center                Center    Center 
 Frequency   Frequency             Frequency               Frequency             Frequency              Frequency             Frequency        Frequency 
 (kHz)  (kHz)                  (kHz)                   (kHz)                 (kHz)                  (kHz)    (kHz)   (kHz) 
     8                       16                       32                          64                     128                      256                   512  1024 
       16                       32                       64                       128                     256    512                  1024  2048 
       24                       48                       96                       192                     384    768                  1536  3072 
       32                       64                    128                       256                      512                   1024                  2048 
       40                       80                    160                       320                     640                   1280                  2560 
       48                       96                    192                       384                     768                   1536                  3072 
       56                    112                    224                       448                     896                   1792                  3584 
       64                    128                    256                       512                   1024                  2048 
       72                    144                    288                       576                   1152                  2304 
       80                    160                    320                       640                   1280                  2560 
       88                    176                    352                       704                   1408                  2816 
       96                    192                    384                       768                   1536                  3072 
    104                    208                    416                      832                   1664                  3328 
    112                    224                    448                       896                   1792                  3584 
    120                    240                    480                       960                   1920                  3840 
    128                    256                    512                     1024                  2048  The constant-bandwidth channel designation shall be the channel center  
    136                    272                    544                     1088                  2176   frequency in kilohertz and the channel letter indicating deviation  limit; 
    144                    288                    576                     1152                  2304   for example, 16A, indicating fc = 16 kHz, deviation limit of ±2 kHz.  
    152                    304                    608                     1216                  2432 
    160                    320                    640                     1280                  2560 
    168                    336                    672                     1344                  2688  The indicated maximum frequency is based upon the maximum theoretical 
    176                    352      704                     1408                  2816   response that can be obtained in a bandwidth between deviation limits 
                specified for the channel.  See discussion in appendix B for determining  
                practical accuracy versus frequency response trade offs. 
 
                Prior to using a channel outside the enclosed area, the user should verify 
               the availability of range assets to support the demodulation of the channel 
               selected.  Very limited support is available above 2 MHz. 
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TABLE 3-3.  REFERENCE SIGNAL USAGE 

 
 

Reference Frequencies for Tape 
Speed and Flutter Compensation 

 
Reference Frequency (kHz ±0.01%) 

 
 9601 

 4801 

 2401 
 200 
 100 
   50 
   25 
   12.5 
     6.25 
     3.125 
 
 
 
 If the reference signal is recorded on a separate tape track, any of the listed 
reference frequencies may be used provided the requirements for compensation 
rate of change are satisfied. 
 
 If the reference signal is mixed with the data signal, consideration must be 
given to possible problems with intermodulation sum and difference frequencies.  
Also, sufficient guard band must be allowed between the reference frequency and 
any adjacent data subcarrier.  
 
 
 
 
 
 
 
 
 
 
 
____________________________ 
 1These frequencies are for flutter compensation only and not for capstan 
servo speed control.  In addition, the 240 kHz reference signal may be used as a 
detranslation frequency in a constant-bandwidth format. 
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CHAPTER 4 
 
 

PULSE CODE MODULATION STANDARDS 
 
 
4.1 General 
 
 Pulse code modulation (PCM) data are transmitted as a serial bit stream of binary-
coded time-division multiplexed words.  When PCM is transmitted, premodulation 
filtering shall be used to confine the radiated RF spectrum in accordance with appendix 
A.  These standards define pulse train structure and system design characteristics for the 
implementation of PCM telemetry formats.  Additional information and 
recommendations are provided in appendix C and in RCC document 119, Telemetry 
Applications Handbook.   
 
4.2 Class Distinctions and Bit-Oriented Characteristics 
 
 The PCM formats are divided into two classes for reference.  Serial bit stream 
characteristics are described below prior to frame and word oriented definitions.  
 
4.2.1  Class I and Class II Distinctions.  Two classes of PCM formats are covered in this 
chapter:  the basic, simpler types are class I, and the more complex applications are class II. 
 The use of any class II technique requires concurrence of the range involved.  All formats 
with characteristics described in these standards are class I except those identified as class 
II.  The following are examples of  class II characteristics: 

-  bit rates greater than 5 megabits per second (see subparagraph 4.2.2.3) 
-  word lengths in excess of 16 bits (subparagraph 4.3.1.1) 
-  fragmented words (subparagraph 4.3.1.2) 
-  more than 8192 bits or 1024 words per minor frame (subparagraph 4.3.2.1.1) 
-  unevenly spaced supercommutation (subparagraph 4.3.2.4)  
-  format changes (paragraph 4.4) 
-  asynchronous embedded formats (paragraph 4.5) 
-  tagged data formats (paragraph 4.6) 
-  formats with data content other than unsigned straight binary, discretes, or 

complement arithmetic representation for negative numbers such as floating 
point variables, binary-coded decimal, and gain-and-value. 

-  asynchronous data transmission (paragraph 4.8) 
-  merger of multiple format types (such as chapter 8) 

 
   The use of fixed frame formats has been a common practice but 

does not fit all requirements.  A verification of range capabilities 
should be made prior to incorporation of class II features into a 
telemetry system. 

NOTE



 

 

 
 

4-2

4.2.2  Bit-Oriented Definitions and Requirements.  Definitions and requirements relating 
to serial PCM bit streams are described next. 
 
4.2.2.1  Binary Bit Representation.  The following code conventions for representing 
serial binary ones and zeros are the only permissible representations: 
 
 NRZ-L Bif-L 
 NRZ-M Bif-M 
 NRZ-S Bif-S 
 
 Graphic and written descriptions of these conventions are shown in figure 4-1.  
Only one convention shall be used within a single PCM bit stream.  If Randomized NRZ-
L (RNRZ-L) is transmitted, it shall use the 15-bit regeneration pattern as described in 
chapter 6 and appendix D.  
 
4.2.2.2  Serial Bit Stream Transitions.  The transmitted or recorded bit stream shall be 
continuous and shall contain sufficient transitions to ensure bit acquisition and continued 
bit synchronization, taking into account the binary representation chosen.  (See 
recommendation in paragraph 1.3, appendix C.)  
 
4.2.2.3  Bit Rate.  The RF and recording limits, defined in chapters 2 and 6, should be 
considered when determining maximum bit rates.  The minimum bit rate shall be 10 bps.  
Bit rates greater than 5 Mbps are class II. 
 
4.2.2.4  Bit Rate Accuracy and Stability.  During any period of desired data, the bit rate 
shall not differ from the specified nominal bit rate by more than 0.1 percent of the 
nominal rate. 
 
4.2.2.5  Bit Jitter.  The bit jitter shall not exceed ± 0.l of a bit interval referenced to the 
expected transition time with no jitter.  The expected transition time shall be based on 
the measured average bit period as determined during the immediately preceding 1000 
bits. 
 
4.3 Fixed Formats 
 
 Characteristics of fixed formats are described below.  Fixed formats do not have 
changes during transmission with regard to frame structure, word length or location, 
commutation sequence, sample interval, or measurement list.  
 
4.3.1  Word-Oriented Definitions and Requirements.  The following definitions and 
requirements are addressed to word characteristics. 
 
4.3.1.1  Word Length (Class I and II).  Individual words may vary in length from 4 bits 
to not more than 16 bits in class I and not more than 64 bits in class II. 



 
Code 

Designation 

Logic 
Waveform 

Levels 

 
 

Code Waveforms 

 
 

Code Definitions 
                           
  1 0 1 1 0 0 0 1 1 0 1 0  
                          Non Return to Zero - Level 

NRZ-L                              “ONE” is represented by one level 

                             �“ZERO” is represented by the other level 

                          Non Return to Zero - Mark 
NRZ-M                               “ONE”  is represented by a change in level 

                              �“ZERO” is represented by NO change in level 

                          Non Return to Zero - Space 
NRZ-S                               “ONE” is represented by NO change in level 

                              �“ZERO” is  represented by a change in level 

                          Bi-Phase - Level(1) 
Bif-L                               “ONE” is represented by a “ONE” level with 

transition to the “ZERO” level 

                              �“ZERO” is  represented by a “ZERO” level with transition 
to the “ONE” level 

                          Bi-Phase - Mark(1) 
Bif-M(2)                               “ONE” is represented by NO level change at the beginning of 

the bit period 

                              �“ZERO” is  represented by a level change at the beginning 
of the bit period 

                          Bi-Phase - Space(1) 
Bif-S(2)                               “ONE” is represented by a level change at the beginning of 

the bit period 

                              �“ZERO” is  represented by a NO level change at the 
beginning of the bit period 

  Figure 4-1.  PCM code definitions. 
 
 (1) The Bif codes may be derived from the corresponding NRZ codes by inverting the level for the last half of each bit interval.  
 (2) The definitions of the mark and space versions of the bi-phase code have been reversed in various editions of the IRIG Telemetry Standards.  The Telemetry Group included both 
definitions in the 1986 and 1993 versions of the Telemetry Standards.  In 106-96, the Telemetry Group replaced the 106-93 Bif-M and Bif-S definitions with the 106-93 DBif-S and DBif-
M definitions.  The 106-93 Bif-M and DBif-S definitions were identical except for a possible inversion and a time delay of one-half bit period. The Bif-S and DBif-M codes were identical 
with the same exceptions.  The inversions do not change the data content, because the information is in the level changes (transitions) not the levels. The differential terminology and code 
designation have been dropped. 
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4.3.1.2  Fragmented Words (Class II).  A fragmented word is defined as a word divided 
into no more than eight segments and placed in various locations within a minor frame.  
The locations need not be adjacent.  All word segments used to form a data word are 
constrained to the boundaries of a single minor frame.  Fragmented synchronization 
words are not allowed. 
 
4.3.1.3  Bit Numbering.  To provide consistent notation, the most significant bit in a 
word shall be numbered "one."  Less significant bits shall be numbered sequentially 
within the word. 
 
4.3.1.4  Word Numbering.  To provide consistent notation, the first word after the minor 
frame synchronization pattern shall be numbered "one" (see figure 4-2).  Each 
subsequent word shall be numbered sequentially within the minor frame.  Numbering 
within a subframe (see subparagraph 4.3.2.3.1) shall be "one" for the word in the same 
minor frame as the initial counter value for subframe synchronization and sequentially 
thereafter.  Notations of W and S shall mean the W word position in the minor frame and 
S word position in the subframe. 
 
4.3.2  Frame Structure.  The PCM data shall be formatted into fixed length frames as 
defined in these sections regarding frame structure and in figure 4-2.  Frames shall 
contain a fixed number of equal duration bit intervals. 
 
4.3.2.1  Minor Frame.  The minor frame is defined as the data structure in time sequence 
from the beginning of a minor frame synchronization pattern to the beginning of the next 
minor frame synchronization pattern. 
 
4.3.2.1.1  Minor Frame Length (Class I and II).  The minor frame length is the number of bit 
intervals from the beginning of the frame synchronization pattern to the beginning of the 
next synchronization pattern.  The maximum length of a minor frame shall neither exceed 
8192 bits nor 1024 words in class I and shall not exceed 16 384 bits in class II. 
 
4.3.2.1.2  Minor Frame Composition.  The minor frame shall contain the minor frame 
synchronization pattern, data words, and subframe synchronization words, if used.  Words 
of different length may be multiplexed in a single minor frame.  The length of a word in any 
identified word position within a minor frame shall be constant.  Other words such as frame 
format identifiers may be needed within class II formats (see paragraph 4.4). 
 
4.3.2.1.3  Minor Frame Synchronization.  The minor frame synchronization information shall 
consist of a fixed digital word not longer than 33 consecutive bits and not shorter than 16 
bits.  Recommended synchronization patterns are given in table C-1, appendix C. 
 
4.3.2.1.4  Transmitted Frame Counter.  The frame counter provides a natural binary count 
corresponding to the minor frame number in which the frame count word appears.  It is 
recommended that such a counter be included in all minor frames whether class I or class 
II and is especially desirable in class II formats to assist with data processing.  The 
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MINOR FRAME LENGTH “N” WORDS OR “B” BITS 
MAX LENGTH 

CLASS I - 8 192 BITS OR 1024 WORDS 
CLASS II - 16 384 BITS 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
•  BY DEFINITION A MAJOR FRAME CONTAINS N*Z WORDS OR B*Z BITS 
    “Z” = THE NUMBER OF WORDS IN LONGEST SUBFRAME. (MAX. 256) 
    “N” = THE NUMBER OF WORDS IN MINOR FRAME. 
    “B” = THE NUMBER OF BITS IN MINOR FRAME. 
 
•  MINOR FRAME SYNC IS CONSIDERED ONE WORD, REGARDLESS OF LENGTH 
•  “W” IS WORD POSITION IN THE MINOR FRAME 
•  “S” IS WORD POSITION IN THE SUBFRAME 
 
 
Figure 4-2.  PCM frame structure. 
 
 
frame counter should be of nominal format word length and reset to start upcounting 
again after reaching maximum value.  In formats where subcommutation is present, the 
subframe ID counter may serve as the frame counter. 
 

 

  MINOR FRAME SYNC 1 2 (W,1) N-1 
 
 
   •        • 

   •        • 

   •        • 

   •        • 

              MAJOR FRAME 
   •        • 

   •        • 

   •        • 
 
           (W,S) 
 
  
 

   MINOR FRAME SYNC      1          2                   (W,Z)                 N-1 
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4.3.2.2  Major Frame.  A major frame contains the number of minor frames required to 
include one sample of every parameter in the format. 
 
4.3.2.2.1  Major Frame Length.  Major frame length is defined as minor frame length (N 
words or B bits) multiplied by the number of minor frames (Z) in the major frame.  The 
maximum number of minor frames per major frame shall not exceed 256. 
 
4.3.2.2.2  Minor Frame Numbering.  To provide consistent notation, the first minor 
frame in a major frame shall be numbered "one."  Each subsequent minor frame shall be 
numbered sequentially within the major frame. 
 
4.3.2.3  Subcommutation.  Subcommutation is defined as a sampling of parameters at 
submultiple rates (1/D) of the minor frame rate where the depth of a subframe, D, is an 
integer in the range of 2 to Z.  
 
4.3.2.3.1  Subframe.  Subframe is defined as one cycle of the parameters from a 
subcommutated minor frame word position.  The depth, D, of a subframe is the number 
of minor frames in one cycle before repetition. 
 
4.3.2.3.2  Subframe Synchronization Method.  The standard method for subframe 
synchronization is to use a "subframe ID counter," a binary counter which counts 
sequentially up or down at the minor frame rate.  The counter shall be located in a fixed 
position in each and every minor frame.  A subframe ID counter should start with the 
minimum counter value when counting up or the maximum counter value when counting 
down.  The counter should also be left or right justified in a word position.  The start of 
a major frame shall coincide with the initial count for the deepest subframe. 
 
4.3.2.4  Supercommutation.  Supercommutation ("supercom") is defined as time-
division-multiplex sampling at a rate which is a multiple of the minor frame rate.   
Supercommutation (on a minor frame) provides multiple samples of the same parameter 
in each minor frame.  "Supercom on a subframe" is defined as time-division-multiplex 
sampling at a rate which is a multiple of the subframe rate and provides multiple samples 
of the same parameter within a subframe.  For class I, supercommutated samples shall be 
evenly spaced.  For class II, supercommutated samples should be as evenly spaced as 
practical. 
 
4.4 Format Change (Class II) 
 
 Format change is defined as change with regard to frame structure, word length or 
location, commutation sequence, sample interval, or change in measurement list.  Format 
changes shall occur only on minor frame boundaries.  Bit synchronization shall be 
maintained and fill bits used instead of intentional dead periods.  Format changes are 
inherently disruptive to test data processing; fixed format methods are preferred.  Format 
change methods shall conform to the characteristics described in the following sections. 
 
4.4.1  Frame Format Identification.  A frame format identifier (FFI) is a word that shall 
uniquely identify a single format.  In formats where change is required, the frame format 
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identifier shall be placed in every minor frame.  The format identifier shall be the same 
length (or multiples of) as the most common word length in the format and shall occur in 
a fixed position in the minor frame.  The FFI shall identify the format applicable to the 
current minor frame.  Frame synchronization pattern, FFI location, bit rate, and binary bit 
representation code shall not be changed.  The FFI shall be constructed such that a single 
bit error cannot produce another valid FFI.  The number of unique formats indicated 
shall not exceed 16. 
 
4.4.2  Format Change Implementation Methods.  The following subparagraphs describe 
format change implementation methods. 
 
4.4.2.1  Measurement List Change.  This method of format change consists of a 
modification in data content only and not format structure. 
 
4.4.2.2  Format Structure Change.  Defined as a format change where there is a 
departure in frame structure and not just data content. 
 
4.5 Asynchronous Embedded Format (Class II) 
 
  Defined as a secondary data stream asynchronously embedded into a host major 
frame in a manner which does not allow predicting the location of embedded 
synchronization information based only on host format timing.  The embedded frame 
segments shall be inserted as an integral number of words in every host minor frame.  In 
this combined format, specific word positions in the host minor frame shall be dedicated 
to the embedded asynchronous format.  No more than two asynchronous embedded 
formats are permitted.  
 
4.6 Tagged Data Format (Class II) 
 
  Defined as a fixed frame length format having no applicable subframe or major 
frame definitions and characterized as a stream of data words, or blocks of words, with 
associated identifiers (tags).  These formats consist of frame synchronization patterns, 
identifiers, data words, and fill words as required. 
 
4.6.1  Alternating Tag and Data.  This tagged data format consists of frames containing 
tag words alternating in time sequence with data words or blocks of words identified by 
the tags. 
 
4.6.2  Bus Data Military Standard (MIL-STD) 1553.1  Telemetering of MIL-STD 1553 
information is preferred to be restructured to conform to class I methods.  If not, 
telemetered MIL-STD 1553 data shall conform to chapter 8, paragraph 8.6.  
 
4.7 Time Words 
 
                     

1Defined in USAF Systems Command MIL-STD 1553, Multiplex Applications 
Handbook. 
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 The following paragraphs describe the formatting of time words within a PCM 
stream.  A 16-bit standardized time word format and a method to insert time words into 
PCM word sizes other than 16-bits are described.  
 
4.7.1  In 16-bit standardized time word format, there shall be three words dedicated to 
providing timing information.  These words are designated high order time, low order 
time, and microsecond time.  High and low order time words shall be binary or binary 
coded decimal (BCD) weighted, and microsecond words shall be binary weighted.  Time 
word construction examples are shown in figure 4-3 and figure 4-4.  
 
4.7.2  The microsecond time word shall have a resolution of 1 microsecond; that is, the 
least significant bit, bit 16, has a value of 0.000001 second.  This word shall increment 
until it attains a value of 10 milliseconds at which time it will reset to zero.  Thus the 
maximum value of the counter is 9999 (decimal).   
 
4.7.3  The low order time word shall have a resolution of 10 milliseconds; that is, the 
least significant bit, bit 16, of the low order time word shall have a value of 0.010 
second. 
 
4.7.4  The high order time word shall have a resolution of 655.36 seconds when binary 
weighted; that is, the least significant bit, bit 16, has a value of 655.36 seconds.  When 
BCD weighted, the least significant bit, bit 16, of the high order time word shall have a 
value of 1 minute.  For BCD, the days field shall contain the three least significant 
characters of the BCD Julian Date. 
 
4.7.5  It is recommended that high, low, and microsecond time words proceed the first 
data word in the minor frame.  The time word order shall be high order time word, 
followed by low order time word, followed by microsecond time word.  Microsecond 
time words may be used to tag individual data words, but care shall be taken that high 
order and low order time words be inserted at a rate necessary to resolve time 
ambiguities.   
 
4.7.6  Time word insertion into PCM word sizes other than 16 bits shall be as follows:  
high order, low order, and microsecond time words shall be inserted into PCM words 
with time word bits occupying contiguous bit locations in the PCM word.  The time 
word shall occupy contiguous PCM data words until the time word is contained in the 
PCM stream.  If the time word size is not an integer multiple of the PCM word size and 
there are unused bits in the PCM word, the remaining unused bits in the last PCM word 
that contains the time word shall be fill bits with value 0.  Figure 4.4 illustrates the 
insertion of time words into a PCM stream with word size of 12 bits. 
 



         HIGH ORDER TIME 

 
 1 2 3 4 5 6 7 8 9 10 11 12 13 14 15 16 
 
 

                

(BCD WEIGHTING)  1 DAY         10 HR          1 HR               10 MIN           1 MIN 
(BINARY WEIGHTING)              655.36 SEC 

 

            LOW ORDER TIME 

 

 0 0               

(BCD WEIGHTING) 0 10 SEC       1 SEC         0.1 SEC   0.01 SEC 
(BINARY WEIGHTING)              0.010 SEC 

 

          MICROSECOND TIME 

 
                 

(BINARY WEIGHTING)              1 MICROSECOND 
           

 
 
 
 Figure 4-3.  16 bit standardized time word format.
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HIGH ORDER TIME 
 

          PCM WORD N     PCM WORD N+1 

 1 2 3 4 5 6 7 8 9 10 11 12 13 14 15 16 24 
 
 

                ALL ZERO FILLER 

(BCD) 1 DAY 10 HR      1 HR 10 MIN  1 MIN  
(BINARY)                655.36 SEC  

 
LOW ORDER TIME 

 
           PCM WORD N+2   PCM WORD N+3 

 
 

                ALL ZERO FILLER 

(BCD) 0 10 SEC 1 SEC  0.1 SEC  0.01 SEC    
(BINARY)              0.01 SEC    

 
MICROSECOND TIME 

 
PCM WORD N+4 PCM WORD N+5 

 
 

0 0               ALL ZERO FILLER 

 
 

          
1 MICROSECOND 

 

 
 
  Figure 4-4.  Time word insertion into 12 bit PCM word size.
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4.7.6  Time word insertion into PCM word sizes other than 16 bits shall be as follows:  
high order, low order, and microsecond time words shall be inserted into PCM words 
with time word bits occupying contiguous bit locations in the PCM word.  The time 
word shall occupy contiguous PCM data words until the time word is contained in the 
PCM stream.  If the time word size is not an integer multiple of the PCM word size and 
there are unused bits in the PCM word, the remaining unused bits in the last PCM word 
that contains the time word shall be fill bits with value 0.  Figure 4.4 illustrates the 
insertion of time words into a PCM stream with word size of 12 bits. 
   
4.8 Asynchronous Data Merge 
 
 Asynchronous data is defined as an external sequential data stream (consisting of 
data bits, associated overhead, and optional parity, all at an autonomous update rate) 
which is a candidate for insertion into a primary or “host” PCM format.  Common 
examples are RS-232 serial and IEEE-488 parallel messages.  Each source of such data 
shall use fixed word positions in the host format.  This section does not apply to 
secondary PCM formats which are to be embedded as described in paragraph 4.5.  
Merger shall comply with subparagraph 4.2.2 and the following conventions. 
 
4.8.1  PCM Data Word Format.  Figure 4-5 illustrates the host PCM format word 
containing a merged asynchronous data word and associated overhead which is referred 
to as an “asynchronous word structure.”  The data may be inserted in any length PCM 
word that will accommodate the required bits. Asynchronous data shall not be placed in 
fragmented words.  Multiple host PCM format words, if used, shall be contiguous.     
 
4.8.2  Insertion Process.  The asynchronous word structure shall contain the information 
from the asynchronous message partitioned into two fields, data and overhead, as shown in 
figure 4-5.  The asynchronous message is inserted into the asynchronous word structure 
with the following bit orientations.  The most significant data bit (MSB) through least 
significant data bit (LSB) and parity (if used) of the message are denoted as D1 (MSB) 
through Di and will be inserted into structure bits B1 (MSB) through Bi.  The next two 
structure bits, B(i+1) and B(i+2) are reserved for the stale and overflow flags generated by 
the host encoder.  All remaining overhead (message and host encoder generated) D(i+3) 
through Dn (LSB), will be inserted into structure bits B(i+3) through Bn (LSB).   
 
4.8.2.1  Transmission Overhead.  All transmission overhead not required for data 
reconstruction shall be removed. 
 
4.8.2.2  Parity Bit.  Transmission of a parity bit is optional. If it is transmitted, it shall be 
at the end of the data field  (see figure 4-5) adjacent to the LSB of the data. 
 
4.8.2.3  Data Bits.  The data bits shall be inserted into the PCM word with the most significant 
bit of the asynchronous data aligned with the most significant bit of the PCM word.   
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4.8.2.4 Stale Data Bit.  A “stale data bit” flag shall be generated each time a new data 
value is inserted into the PCM stream.  The flag shall be transmitted with the associated 
data.  The flag bit shall be placed in the next less significant bit location following the 
LSB of the data.  If new data is not ready for transmission by the time the PCM word 
must be sent again, either the old data or alternating one/zero fill shall be sent and the 
flag set.  Stale data shall be indicated by a binary “one” (see figure 4-6).  
 
 

               STALE 
 BIT 

OVERFLOW  
BIT 

 
 

 0 0 FRESH DATA 
                     0 1 DATA OVERFLOW 

1 0 STALE DATA 
1 1 USER DEFINED 

  
 Figure 4-6.  Overhead truth table. 
 
4.8.2.5  Overflow Bit.  An “overflow bit” flag shall be generated to indicate an abnormal 
condition in which data may be lost.  The overflow bit shall be placed in the next less significant 
data bit location following the stale bit flag.  An overflow bit at a binary “one” indicates that a 
data discontinuity exists between the current data word and the previous data word (see figure 
4-6).  
 
4.8.2.6  Insertion Rate.  The asynchronous word structure shall be inserted into the host 
PCM word at a rate to avoid data loss in the PCM stream. 

(MSB)                          (LSB) 
B1 B2 *  *   * Bi B(i+1) B(i+2) B(i+3) *  *  * Bn 

 
D1 D2 *  *   * Di D(i+1) D(i+2) D(i+3) *  *  * Dn 
 
 DATA (MSB) - DATA (LSB) 
PLUS OPTIONAL PARITY;  
D1 = DATA (MSB) 
Di  = DATA (LSB) FOR  
         NO PARITY 
Di  = PARITY WHEN  
         USED 
 

STALE OVER 
FLOW 

ALL REMAINING 
OVERHEAD  
Dn = (LSB)  

 
               DATA FIELD                                             OVERHEAD FIELD                     
 

Figure 4-5.   Asynchronous word structure. 
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CHAPTER 5 
 
 

DIGITIZED AUDIO TELEMETRY STANDARD 
 
 
5.1 General 
 
 This chapter defines Continuous Variable Slope Delta (CVSD) modulation as the 
standard for digitizing audio and addresses the method of inserting CVSD encoded audio 
into a PCM stream.  Additional information and recommendations are provided in 
appendix F, Continuous Variable Slope Delta Modulation.  Appendix F was extracted 
from the applicable sections of MIL-STD-188-113. 
 
5.2 Definitions 
 
 For the purpose of this standard, the following definitions apply. 
 
5.2.1  Band-Limited Audio.  An audio signal (typically consisting of voice, tones, and 
sounds) that is limited to a subset of the audio spectrum.  For most aircraft audio 
applications, the spectrum between 100 and 2300 hertz is adequate. 
 
5.2.2  Continuous Variable Slope Delta Modulation.  The CVSD modulation is a method 
of digitizing a band-limited audio signal.  The CVSD modulator is, in essence, a 1-bit 
analog-to-digital converter.  The output of this 1-bit encoder is a serial bit stream, where 
each bit represents an incremental increase or decrease in signal amplitude and is 
determined as a function of recent sample history. 
 
5.3 Signal Source 
 
 The signal to be encoded shall be a band-limited audio signal.  The source of this 
signal may be varied.  Some examples are microphones, communication systems, and 
tones from warning systems.  This standard applies to audio signals only. 
 
5.4 Encoding/Decoding Technique 
 
 The technique to encode and decode the band-limited audio signal is Continuous 
Variable Slope Delta (CVSD) modulation.  This technique is to be implemented in 
accordance with appendix F. 
 
 A CVSD converter consists of an encoder-decoder pair.  The decoder is connected 
in a feedback path.  The encoder receives a band-limited audio signal and compares it to 
the analog output of the decoder.  The result of the comparison is a serial string of 
"ones" and "zeros."  Each bit indicates that the band-limited audio sample's amplitude is 
above or below the decoded signal.  When a run of three identical bits is encountered, 
the slope of the generated analog approximation is increased in its respective direction  
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until the identical string of bits is broken.  The CVSD decoder performs the inverse 
operation of the encoder and regenerates the audio signal. 
 
5.5 CVSD Encoder Output Bit Rate (CVSD Bit Rate) 
 
 The CVSD bit rate for encoding the band-limited audio signal is a function of the 
desired audio quality and the PCM format characteristics.  The minimum and maximum 
CVSD bit rates will not be specified. 

 
 Appendix F contains performance criteria for the CVSD encoder and decoder 
when operated at 16 or 32 kilobits/second. 
 
5.6 CVSD Word Structure 
 
 The digitized audio signal from the CVSD encoder's serial output shall be inserted into the 
PCM stream as shown in figure 5-1.  The most significant bit (MSB) shall be the most stale 
sample (first in).  The least significant bit (LSB) shall be the most recent sample (last in). 
 
 Figure 5-1.  Insertion of CVSD encoded audio into a PCM stream. 
 

5.7 CVSD Word Sample Rate  
 
 The CVSD word sample rate is dependent on the minimum desired CVSD bit rate, 
the PCM word length, and the PCM word sample rate.  Once the CVSD word sample 
rate is determined, the actual CVSD bit rate can be calculated.  The decoder must be run 
at the same CVSD bit rate as the encoder. 
 
 

    
   A qualitative test of CVSD with a tactical aircraft intercom system (ICS)   
                            yielded the following results: 
   (1)  intelligible, robotic sounding audio at 12 kilobits/second; (2)  good 
quality audio at 16 kilobits/second; and (3)  audio quality did not significantly improve as the 
bit rate was increased above 32 kilobits/second. 

 MOST STALE CVSD SERIAL OUTPUT STREAM  MOST RECENT 
  SAMPLE         SAMPLE 
 
   s-2 s-1 s s+1 . . .  s+(n-1) s+n  s+(n+1) 
 
      n-BIT CVSD WORD 
 
    SAMPLE  SAMPLE   SAMPLE 
     s  s+1   •     •     •   s+(n-1) 
       MSB          LSB 
        PCM WORD 

NOTE

NOTE
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      Because of the nature of CVSD encoding, over and under sampling 
     of the CVSD output will have unpredictable results. 
   
 
 
 To simplify the reconstruction of the audio signal and minimize 
 all encoding/decoding delays, it is STRONGLY recommended that 

the digitized audio words be inserted in the PCM stream at evenly 
spaced intervals. 

 
 
 
5.8 CVSD Bit Rate Determination 
 
 The following discussion provides a procedure for determining the CVSD bit rate 
based on the desired minimum CVSD bit rate and information given in the host PCM 
format.  Note that this procedure assumes the CVSD words are inserted in a class I PCM 
format with constant word widths and are not subcommutated.  The CVSD bit rate can be 
obtained by multiplying the minor frame rate by the number of times the CVSD words 
appear in the minor frame by the word width used for the CVSD words in the minor 
frame.  This relationship is expressed in equation (5-1). 
 
 
CVSD BIT RATE =  MINOR FRAME RATE  #CVSD WORDS PER MINOR FRAME  WORD WIDTH• •
 
 
 Knowing the details on the host PCM format, equation (5-1) contains two 
unknowns:  CVSD BIT RATE and #CVSD WORDS PER MINOR FRAME.  One of 
these unknowns must be chosen by the user, then the other one can be calculated.  The 
recommended procedure is to choose the desired (target value) CVSD bit rate and solve 
equation (5-1) for #CVSD WORDS PER MINOR FRAME.  This relationship is 
expressed in equation (5-2). 
 

 WIDTH WORD RATE  FRAME MINOR

RATE BIT CVSD DESIRED
 = calculated FRAME MINOR PER  WORDSCVSD#

•
 
 Next, round up (if required) the result of equation (5-2) to the nearest integer.  To 
satisfy the evenly spaced recommendation, round up (if required) to the nearest integer 
that divides evenly into the number of PCM words per minor frame. 
 
 Finally, for either case, substitute the result of equation (5-2) back into equation (5-
1) to determine the actual CVSD bit rate.  To illustrate this procedure, consider the 
following numerical example for determining the CVSD bit rate.  An existing PCM 
format has the following characteristics:

(5-1) 

(5-2) 

NOTE



 

 

 
 

5-4

   Bit rate    =   192 000 bits/second 
   Word width    =   12 bits/word 
   Minor frame rate   =   100 frames/second 
   Words per minor frame  =   160 words/minor frame 
 
 To insert a serial CVSD bit stream with a desired (target value), CVSD bit rate of 
16 000 bits/second will require the following procedure.  Based on the information 
given, use equation (5-2) to calculate the #CVSD WORDS PER MINOR FRAME. 
 

# CVSD WORDS PER MINOR FRAME
DESIRED CVSD BIT RATE

MINOR FRAME  RATE  WORD WIDTH
  =  CALCULATED

•
 

#CVSD WORDS PER MINOR FRAME
16 000 ( ) 

100 ( )  12 ( )
  =  CALCULATED

bits

frames bits word

sec

sec •
 

 
# CVSD WORDS PER MINOR FRAME 13.3 ( =  CALCULATED words frame)  
 
 
 Rounding up the #CVSD WORDS PER MINOR FRAME to the nearest integer 
yields 14.  In this example, there are 160 PCM words in the minor frame.  If the user 
needs to satisfy the evenly spaced criteria, then by inspection, the #CVSD WORDS PER 
MINOR FRAME will be rounded up to 16.  For comparison, both cases will be 
substituted into equation (5-1) to yield the actual CVSD bit rate. 
 
 
 CASE 1:  (unevenly spaced CVSD samples, NOT RECOMMENDED) 
 
# CVSD WORDS PER MINOR FRAME 14 ( =  CALCULATED words frame)  
 
CVSD BIT RATE =  MINOR FRAME RATE  # CVSD WORDS PER MINOR FRAME  WORD WIDTH• •
 
CVSD BIT RATE 100 (   14 (   12 (  =  ACTUAL frames words frame bits wordsec) ) )• •  
 
CVSD BIT RATE 16 800 (  =  ACTUAL bits sec)  
 
 
 CASE 2:  (evenly spaced samples, RECOMMENDED) 
 
# CVSD WORDS PER MINOR FRAME 16 ( =  CALCULATED words frame)  
 
CVSD BIT RATE =  MINOR FRAME RATE  # CVSD WORDS PER MINOR FRAME  WORD WIDTH• •
 
CVSD BIT RATE 100 (   16 (   12 (ACTUAL =  frames words frame bits wordsec) ) )• •  
 

)(bits/sec  00 2 19 RATE BIT CVSD  = ACTUAL  
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CHAPTER 6 
 
 

MAGNETIC TAPE RECORDER AND REPRODUCER STANDARDS 
 
 
6.1 Introduction 
 
 These standards define terminology for longitudinal fixed-head recorder and reproducer systems 
and establish the recorder and reproducer configuration required to ensure crossplay compatibility 
between tapes recorded at one facility and reproduced at another.  Standards for 19 millimeter digital 
cassette helical scan and 1/2 inch digital cassette (S-VHS) helical scan recording systems are also 
included along with the associated multiplexer/demultiplexer systems.  Acceptable performance levels 
and a minimum of restrictions consistent with compatibility in interchange transactions are delineated.  
While the standards may serve as a guide in the procurement of magnetic tape recording equipment, 
they are not intended to be employed as substitutes for purchase specifications.  Other standards have 
been prepared by the American National Standards Institute (ANSI) and the International Standards 
Organization (see paragraph 1.0, appendix D). 
 
 Wherever feasible, quantitative performance levels are given which must be met or exceeded to 
comply with these standards.  Standard test methods and measurement procedures shall be used to 
determine such quantities, including those contained in volume III of RCC document 118, Test 
Methods for Recorder/Reproducer Systems and Magnetic Tape. 
 
 United States (U.S.) engineering units are the original dimension in these standards.  Conversions 
from U.S. engineering units (similar to British Imperial Units) to Systeme International d' Unites (SI) 
units have been done according to ANSI Z210.1-1976 (and International Standards Organization 370) 
Method A, except as noted.  Standards applying to magnetic tapes are contained in chapter 7 of this 
document. 
 
6.2 Definitions 
 
6.2.1  5/6 Modulation Code.  A method of encoding whereby a 5-bit data group is converted to a 6-bit 
code frame in accordance with a conversion table.  Such coding is performed to control the frequency 
content of the data stream. 
 
6.2.2  Basic Dimension.  A dimension specified on a drawing as BASIC is a theoretical value used to 
describe the exact size, shape, or location of a feature.  It is used as the basis from which permissible 
variations are established by tolerances on other dimensions. 
 
6.2.3  Bias Signal, High Frequency.  A high-frequency sinusoidal signal linearly added to the analog 
data signal in direct recording to linearize the magnetic recording characteristic. 
 
6.2.4  Bi-Phase.  A method of representing "one" or "zero" levels in PCM systems where a level 
change is forced to occur in every bit period.  In bi-phase recording, the bi-phase level (split-phase) 
method is employed. 
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6.2.5  Bit Error.  In PCM systems, a bit error has occurred when the expected bit value is not present; 
for example, a zero is present when a one is expected, or a one is present when a zero is expected. 
 
6.2.6  Bit Error Rate.  Number of bits in error in a predetermined number of bits transmitted or 
recorded, for example, 1 in 106 or a BER of 10-6. 
 
6.2.7  Bit Packing Density, Linear.  Number of bits recorded per inch or per millimeter of tape length.  
For serial PCM recording, the number of bits per unit length of a single track. 
 
6.2.8  Bit Slip.  The increase or decrease in detected bit rate by one or more bits with respect to the 
actual bit rate. 
 
6.2.9  Code Frame.  An ordered and contiguous set of bits (symbol) that results as a unit from the 
process of modulation coding. 
 
6.2.10  Code Word Digital Sum (CWDS).  Denotes the digital sum variation of one modulation code 
frame (symbol). 
 
6.2.11  Crossplay.  Reproducing a previously recorded tape on a recorder and reproducer system other 
than that used to record the tape. 
 
6.2.12  Crosstalk.  Undesired signal energy appearing in a reproducer channel as a result of coupling 
from other channels. 
 
6.2.13  Data Azimuth (Dynamic).  The departure from the head segment gap azimuth angles (static) 
because of the dynamic interface between the heads and the moving tape. 
 
6.2.14  Data Scatter.  The distance between two parallel lines (as defined under Gap Scatter) in the 
plane of the tape, which contains all data transitions recorded simultaneously with the same head at the 
same instant of time. 
 
6.2.15  Data Spacing.  For interlaced head systems, the distance on tape between simultaneous events 
recorded on odd and even heads. 
 
6.2.16  Digital Sum Variation (DSV).  Indicates the integral value which is counted from the beginning 
of the modulation coded waveform, taking a high level as 1 and a low level as -1. 
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6.2.17  Direct Recording (ac Bias Recording).  A magnetic recording technique employing a 
high-frequency bias signal which is linearly added to the data signal.  The composite signal is then used 
as the driving signal to the record-head segment.  The bias signal, whose frequency is well above the 
highest frequency that can be reproduced by the system, transforms the recording of the data signal so 
that it is a more nearly linear process. 
 
6.2.18  Double-Density Recording.  Direct, FM, or PCM recording on magnetic tape at bandwidths 
equal to those used in wide-band instrumentation recording, but at one-half the wide-band tape speeds 
specified in IRIG standard 106-80 and earlier telemetry standards.  Special record and reproduce heads 
and high output tapes (see chapter 7) are required for double-density recording. 
 
6.2.19  Dropout.  An instantaneous decrease in reproduce signal amplitude of a specified amplitude and 
duration. 
 
6.2.20  ECC Code Word.  The group of symbols resulting from ECC encoding including the data 
symbols and the check symbols appended. 
 
6.2.21  Edge Margin.  The distance between the outside edge of the highest number track and the tape 
edge (see figure 6-1). 
 
6.2.22  Edge Margin Minimum.  The minimum value of edge margin. 
 
6.2.23  Error Correcting Code (ECC). A mathematical procedure yielding bits used for the detection 
and correction of errors. 
 
6.2.24 FM Recording.  Recording on magnetic tape using frequency- modulated record electronics to 
obtain response from dc to an upper specified frequency.  The FM systems forfeit upper bandwidth 
response of direct record systems to obtain low frequency and dc response not available with direct 
recording. 
 
6.2.25  Flux Transition.  A 180-degree change in the flux pattern of a magnetic medium brought about 
by a reversal of poles within the medium. 
 
6.2.26  Flux Transition Density.  Number of flux transitions per inch or per millimeter of track length. 
 
6.2.27  Flutter.  Undesired changes in the frequency of signals during the reproduction of a magnetic 
tape produced by speed variations of the magnetic tape during recording or reproducing. 
 
6.2.28  Gap Azimuth.  The angular deviation, in degrees of arc, of the recorded flux transitions on a 
track from the line normal to the track center line. 
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6.2.29  Gap Length (Physical).  The dimension between leading and trailing edges of a record or 
reproduce head-segment gap measured along a line perpendicular to the leading and trailing edges of 
the gap. 
 
6.2.30  Gap Scatter (Record Head).  The distance between two parallel lines is defined in the following 
subparagraphs. 
 
6.2.30.1  The two lines pass through the geometric centers of the trailing edges of the two outermost 
head segment gaps within a record head.  The geometric centers of the other head segment gap trailing 
edges lie between the two parallel lines.  
 
6.2.30.2  The two parallel lines lie in the plane of the tape and are perpendicular to the head reference 
plane (see figure 6-3). 
 
6.2.31  Gap Scatter (Reproduce Head).  Defined the same as for record-head gap scatter except that 
the reference points for reproduce heads are the geometric centers of the center lines of the head 
segment gaps (see figure 6-3). 
 
6.2.32  Guard Band.  The unrecorded space between two adjacent recorded tracks on the magnetic 
tape. 
 
6.2.33  Head (Record or Reproduce).  A group of individual head segments mounted in a stack. 
 
6.2.34  Head Designation.  For interlaced heads, the first head of a record or reproduce pair over which 
the tape passes in the forward direction contains odd-numbered head segments and is the odd head.  
The second head containing even-numbered head segments is the even head.  For noninterlaced heads, 
that is, in-line heads, both odd- and even-numbered head segments are contained within a single head. 
 
6.2.35  Heads, In-Line.  A single record head and a single reproduce head are employed.  Odd and 
even record-head segment gaps are in-line in the record head.  Odd and even reproduce-head segment 
gaps are in-line in the reproduce head. 
 
6.2.36  Head Reference Plane.  The plane, which may be imaginary, is parallel to the reference edge of 
the tape and perpendicular to the plane of the tape.  For purposes of this definition, the tape shall be 
considered as perfect (see figures 6-2 and 6-3). 
 
6.2.37  Head Segment, Record or Reproduce.  A single transducer that records or reproduces one 
track (see figure 6-3). 
 
6.2.38  Head Segment Gap Azimuth (Record or Reproduce Heads).  The angle formed in the plane of 
the tape between a line perpendicular to the head reference plane and a line parallel to the trailing edge 
of the record-head segment gap or parallel to the center line of the reproduce-head segment gap. 
 
6.2.39 Head Segment Gap Azimuth Scatter.  The angular deviations of the head segment gap azimuth 
angles within a head. 
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6.2.40  Head Segment Numbering.  Numbering of a head segment corresponds to the track number on 
the magnetic tape on which that head segment normally operates.  For interlaced heads, the odd head 
of a pair contains all odd-numbered segments, while the even head will contain all even-numbered 
segments (see figure 6-2).  In-line heads will contain odd and even segments in the same head stack. 
 
6.2.41  Head Spacing.  For interlaced head systems, the distance between odd and even heads. 
 
6.2.42  Head Tilt.  The angle between the plane tangent to the front surface of the head at the center 
line of the head segment gaps and a line perpendicular to the head reference plane (see figure 6-3). 
 
6.2.43  Heads, Interlaced.  Two record heads and two reproduce heads are employed.  Head segments 
for alternate tracks are in alternate heads. 
 
6.2.44  Helical Track.  A diagonally positioned area on the tape along which a series of magnetic 
transitions is recorded. 
 
6.2.45 High-Density Digital Recording.  Recording of digital data on a magnetic medium resulting in a 
flux transition density in excess of 590 transitions per millimeter (15 000 transitions per inch) per track. 
 
6.2.46  Individual Track Data Azimuth Difference.  Angular deviation of the data azimuth of an 
individual odd or even recorded track from the data azimuth of other odd or even tracks.  The difficulty 
in making direct optical angular measurements requires this error to be expressed as a loss of signal 
amplitude experienced when the tape is reproduced with an ideal reproducing head, whose gap is 
aligned to coincide with the data azimuth of all tracks in one head as compared to the azimuth which 
produces maximum signal for an individual track (see figure 6-3). 
 
6.2.47  Interleaving.  The systematic reordering of data so that originally adjacent ECC code word 
symbols are separated, thus reducing the effect of burst errors on the error correcting capability.  
 
6.2.48  Non-Return-to-Zero Level.  A binary method of representation for PCM signals where one is 
represented by one level, and zero is defined as the other level in a bi-level system. 
 
6.2.49  Physical Recording Density.  The number of recorded flux transitions per unit length of track, 
for example, flux transitions per millimeter (ftpmm). 
 
6.2.50  Principal Block.  Denotes a group of helical tracks recorded on the tape in one complete 
rotation of the scanner. 
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6.2.51  Principal Block Number (PBN).  A unique number assigned to and recorded in each principal 
block. 
 
6.2.52  Record Level Set Frequency.  Frequency of a sinusoidal signal used to establish the standard 
record level in direct- record systems.  Normally, 10 percent of the upper band edge (UBE) frequency.  
 
6.2.53  Reference Tape Edge.  When viewing a magnetic tape from the oxide surface side with the 
earlier recorded portion to the observer's right, the reference edge is the top edge of the tape (see figure 
6-1). 
 
6.2.54  Reference Track Location.  Location of the center line of track number 1 from the reference 
edge of tape. 
 
6.2.55  Scanner.  The rotating assembly housing the helical heads around which the tape is applied 
thereby accomplishing the recording of helical tracks on the tape. 
 
6.2.56  Standard Record Level.  For a magnetic tape recorder meeting IRIG standards and operating in 
the direct record mode, the input signal level produces 1 percent third harmonic distortion of the record 
level set frequency. 
 
6.2.57  Tape Skew.  Motion of a magnetic tape past a head such that a line perpendicular to the tape 
reference edge has an angular displacement (static or dynamic) from the head gap center lines. 
 
6.2.58  Tape Speed, Absolute.  The tape speed during recording and reproducing.  The peripheral 
velocity of the capstan minus any tape slip, regardless of tape tension and environment. 
 
6.2.59  Tape Speed, Effective.  The tape speed modified by the effects on tape of operating conditions 
such as tension, tape materials, thickness, temperature, and humidity.  The effective tape speed should 
be equal to the selected speed of the recorder, for example, 1524 mm/s (60 ips), 3048 mm/s (120 ips), 
regardless of operating conditions. 
 
6.2.60  Tape Speed Errors.  Errors are the departures of the effective speed from the selected tape 
speed. 
 
6.2.61  Track Angle.  The angular deviation, in degrees of arc, of the centerline of the recorded helical 
track from the tape reference edge.  
 
6.2.62  Track Location.  Location of the nth track centerline from the reference track centerline. 
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6.2.63  Track Numbering.  The reference track is designated as track number 1.  Tracks are numbered 
consecutively from the reference track downward when viewing the oxide surface of the tape with the 
earlier recorded portion of the tape to the observer's right (see figure 6-1). 
 
6.2.64  Track Spacing.  Distance between adjacent track centerlines on a magnetic tape (see figure 
6-1). 
 
6.2.65  Track Width.  The physical width of the common interface of the record-head segment at the 
gaps.  This definition does not include the effects of fringing fields, which will tend to increase the 
recorded track width by a small amount. 
 
6.2.66  Volume Label.  A group of bits used to provide an identifying code for a tape cartridge. 
 
6.3 General Consideration for Longitudinal Recording 
 
 Standard recording techniques, tape speeds, and tape configurations are required to provide 
maximum interchange of recorded telemetry magnetic tapes between the test ranges.  Any one of the 
following methods of information storage or any compatible combination may be used simultaneously: 
direct recording, predetection recording, FM recording, or PCM recording.  Double-density recording 
may be used when the length of recording time is critical; however, it must be used realizing that 
performance parameters such as signal-to-noise ratio, crosstalk, and dropouts may be degraded  (see 
paragraph 2.0, appendix D). 
 
6.3.1  Tape Speeds.  The standard tape speeds for instrumentation magnetic tape recorders are shown 
in table 6-1. 
 
6.3.2  Tape Width.  The standard nominal tape width is 25.4 mm  
(1 in.) (see table 7-1, Tape Dimensions). 
 
6.3.3  Record and Reproduce Bandwidths.  For the purpose of these standards, two system bandwidth 
classes are designated: wide band and double density (see table 6-1).  Interchange of tapes between the 
bandwidth classes is NOT recommended. 
 
6.4 Recorded Tape Format 
 
 The parameters related to recorded tape format and record and reproduce head configurations 
determine compatibility between systems that are vital to interchangeability (crossplay) of recorded 
magnetic tapes.  Refer to the definitions in paragraph 6.2, figures 6-1 through 6-4 and tables 6-2 
through 6-4.  See appendix D for configurations not included in these standards. 
 
6.4.1 Track Width and Spacing.  Refer to figure 6-1 and tables 6-2 through 6-4. 
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TABLE 6-1.  RECORD AND REPRODUCE PARAMETERS 

 
 
     Direct Record 
 ±3 dB Reproduce Direct Record Bias       Level Set 
  Tape Speed      Passband    Set Frequency      Frequency 
  mm/s   (ips)        kHz1      (UBE) kHz2 (10% of UBE) kHz 
 
   WIDE BAND  (OVERBIAS 2dB) 
 
6096.0 (240     ) 0.8-4000  4000  400 
3048.0 (120     ) 0.4-2000  2000  200 
1524.0 ( 60      ) 0.4-1000  1000  100 
  762.0 ( 30      ) 0.4- 500    500    50 
  381.0 ( 15      ) 0.4- 250    250    25 
  190.5 (  7-1/2) 0.4- 125    125    12.5 
    95.2 (  3-3/4) 0.4-  62.5      62.5      6.25 
    47.6 (  1-7/8) 0.4-  31.25      31.25      3.12 
 
DOUBLE DENSITY (OVERBIAS 2 dB) 
 
3048.0 (120       ) 2   -4000 4000 400 
1524.0 (  60       ) 2   -2000 2000 200 
  762.0 (  30       ) 2   -1000 1000 100 
  381.0 (  15       ) 2   -  500   500   50 
  190.0 (    7-1/2) 1   -  250   250   25 
    95.2 (    3-3/4) 0.5-  125   125   12.5 
 

                                            
  1Passband response reference is the output amplitude of a sinusoidal signal at the record 
level set frequency recorded at standard record level.  The record level set frequency is 10 percent 
of the upper band edge frequency (0.1 UBE) 
 2When setting record bias level, a UBE frequency input signal is employed.  The signal 
input level is set 5 to 6 dB below standard record level to avoid saturation effects which could 
result in erroneous bias level settings.  The record bias current is adjusted for maximum reproduce 
output level and then increased until the output level decreases by the number of dB indicated in 
the table (see paragraph 4.1.3.3 of volume III, 
RCC document 118). 
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TABLE 6-2.  DIMENSIONS – RECORDED TAPE FORMAT, 14 TRACKS 
           INTERLACED ON 25.4 mm (1 in.) WIDE TAPE 
           (REFER TO FIGURE 6-1.) 

Parameters  Millimeters   Inches 
  Maximum  Minimum  
Track Width     1.397      1.143  0.050 ±0.005 
Track Spacing       1.778   0.070 
Head Spacing 
 Fixed Heads   38.125    38.075  1.500 ±0.001 
 Adjustable Heads   38.151    38.049  1.500 ±0.002 
Edge Margin, Minimum       0.279   1.011 
Reference Track 
 Location     1.168      1.067  0.044 ±0.002 
Track Location 
Tolerance     0.051     -0.051            ±0.002 
 
      Location of nth track  
 
  Track Number   Millimeters   Inches  
   Maximum  Minimum 
  1  (Reference)   0.000   0.000 0.000 
  2     1.829   1.727 0.070 
  3     3.607   3.505 0.140 
  4     5.385   5.283 0.210 
  5     7.163   7.061 0.280 
  6     8.941   8.839 0.350 
  7   10.719 10.617 0.420 
  8   12.497 12.395 0.490 
  9   14.275 14.173 0.560 
 10    16.053 15.951 0.630 
 11   17.831 17.729 0.700 
 12   19.609 19.507 0.770 
 13   21.387 21.285 0.840 
 14   23.165 23.063 0.910 
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TABLE 6-3.  DIMENSIONS – RECORDED TAPE FORMAT, 14 TRACKS 
      IN-LINE ON 25.4 mm (1 in.) WIDE TAPE (REFER TO  
      FIGURE 6-1.) 

Parameters  Millimeters   Inches 
  Maximum  Minimum  
Track Width     0.660      0.610  0.25    ± 0.001 
Track Spacing       1.778   0.070 
Head Spacing        N/A        N/A 
Edge Margin, Minimum1    1.118      0.044 
Reference Track 
 Location     0.698      0.622  0.0260 ± 0.0015 
Track Location 
 Tolerance     0.038     -0.038               ± 0.0015 
 
      Location of nth track  
  Track Number   Millimeters   Inches  
   Maximum  Minimum 
  1  (Reference)   0.000   0.000 0.000 
  2     1.816   1.740 0.070 
  3     3.594   3.518 0.140 
  4     5.372   5.296 0.210 
  5     7.150   7.074 0.280 
  6     8.928   8.852 0.350 
  7   10.706 10.630 0.420 
  8   12.484 12.408 0.490 
  9   14.262 14.186 0.560 
 10    16.040 15.964 0.630 
 11   17.818 17.742 0.700 
 12   19.596 19.520 0.770 
 13   21.374 21.298 0.840 
 14   23.152 23.076 0.910 

                                            
 1Track location and spacing are the same as the odd tracks of the  
28-track interlaced format (see table 6-4).  Edge margin for track 1 is only 0.229 mm (0.009 in.). 
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                       TABLE 6-4.  DIMENSIONS – RECORDED TAPE FORMAT, 28 TRACKS 
                       INTERLACED ON 25.4 mm (1 in.) WIDE TAPE (REFER TO FIGURE 6-1). 
 
Parameters  Millimeters   Inches 
  Maximum  Minimum  

Track Width     0.660      0.610  0.025   ±0.001 
Track Spacing       0.889   0.035 
Head Spacing 
 Fixed Heads   38.125    38.075  1.500   ±0.001 
 Adjustable Heads   38.151    38.049  1.500   ±0.002 
Edge Margin, Minimum       0.229   1.009 
Reference Track 
 Location     0.699      0.622  0.0260 ±0.0015 
Track Location 
Tolerance     0.038     -0.038              ±0.0015 
 

      Location of nth track  

  Track Number   Millimeters   Inches  

   Maximum  Minimum 

  1  (Reference)   0.000   0.000 0.000 
  2     0.927   0.851 0.035 
  3     1.816   1.740 0.070 
  4     2.705   2.629 0.105 
  5     3.594   3.518 0.140 
  6     4.483   4.407 0.175 
  7     5.372   5.296 0.210 
  8     6.261   6.185 0.245 
  9     7.150   7.074 0.280            4.407           0.175           
 10      8.039   7.963 0.315 
 11     8.928   8.852 0.350 
 12     9.817   9.741 0.385 
 13   10.706 10.630 0.420 
 14   11.595 11.519 0.455 
 15   12.484 12.408 0.490 
 16   13.373 13.297 0.525 
 17   14.262 14.186 0.560 
 18   15.151 15.075 0.595 
 19   16.040 15.964 0.630 
 20   16.929 16.853 0.665 
 21   17.818 17.742 0.700 
 22   18.707 18.631 0.735 
 23   19.596 19.520 0.770 
 24   20.485 20.409 0.805 
 25   21.374 21.298 0.840 
 26   22.263 22.187 0.875 
 27   23.152 23.076 0.910 
 28   24.041 23.965 0.945 
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  Figure 6-1.  Recorded tape format.
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   Figure 6-2.  Record and reproduce head and head segment identification and location N-track interlaced system) 
.
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Figure 6-3.  Head and head segment mechanical parameters. 
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         Figure 6-4.  PCM record and reproduce configuration. 
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6.4.2  Track Numbering.  The tracks on a tape are numbered consecutively from track 1 through 
track n with track 1 located nearest the tape reference edge as shown in figure 6-1. 
 
6.4.3  Data Spacing.  For interlaced formats, the spacing on tape between simultaneous events on odd 
and even tracks is nominally 38.1 mm (1.5 in.) (see paragraph 6.4.4.1). 
 
6.4.4  Head Placement.  The standard technique for wide band and 28-track double density is to 
interlace the heads, both the record and the reproduce, and to provide alternate tracks in separate 
heads.  Thus, to record on all tracks of a standard width tape, two interlaced record heads are used; to 
reproduce all tracks of a standard width tape, two interlaced reproduce heads are used.  For 14-track 
double density, the standard technique uses one in-line record head and one in-line reproduce head. 
 
6.4.4.1  Head Placement, Interlaced.  Two heads comprise the record-head pair or the reproduce-head 
pair.  Mounting of either head pair is done in such a manner that the center lines drawn through the 
head gaps are parallel and spaced 38.10 mm ±0.05 (1.500 in. ±0.002) apart, as shown in tables 6-2 and 
6-4, for systems that include head azimuth adjustment.  The dimension between gap centerlines 
includes the maximum azimuth adjustment required to meet system performance requirements.  For 
systems with fixed heads, that is, heads without an azimuth adjustment, the spacing between gap center 
lines shall be 38.10 mm ±0.03 (1.500 in. ±0.001) (see figure 6-2). 
 
6.4.4.2  Head Identification and Location.  A head segment is numbered to correspond to the track 
number that segment records or reproduces.  Tracks 1, 3, 5, . . . are referred to as the "odd" head 
segments.  Tracks 2, 4, 6, . . . are referred to as the even head segments.  For interlaced heads, the head 
containing the odd numbered segments (odd head) is the first head in a pair.of heads (record or 
reproduce) over which an element of tape passes when moving in the forward record or reproduce 
direction (see figure 6-2). 
 
6.4.4.3  In-Line Head Placement.  An in-line head shall occupy the position of head number 1 in an 
interlaced system. 
 
6.4.4.4 Head Segment Location.  Any head segment within a head shall be located within ±0.05 mm 
(±0.002 in.) of the nominal (dimension from table without tolerances) position required to match the 
track location as shown in figure 6-1 and tables 6-2 through 6-4. 
 
6.5 Head and Head Segment Mechanical Parameters 
 
 The following subparagraphs describe the mechanical parameters of the head and head segments. 
 
6.5.1  Gap Scatter.  Gap scatter shall be 0.005 mm (0.0002 in.) or less for 25.4 mm (1 in.) tape (see 
figure 6-3 and subparagraph 4.1, appendix D). 
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6.5.2  Head Segment Gap Azimuth Alignment.  The head segment gap azimuth shall be perpendicular 
to the head reference plane to within ±0.29 mrad (±1 minute of arc). 
 
6.5.3  Head Tilt.  The plane tangent to the front surface of the head at the center line of the head 
segment gaps shall be perpendicular to the head reference plane within ±0.29 mrad (±1 minute of arc) 
for wide band and double density recorders (see figure 6-3). 
 
6.5.4  Record-Head Segment Gap Parameters.  The parameters for the length and azimuth alignment 
are described in the following subparagraphs. 
 
6.5.4.1  Record-Head Segment Gap Length.  The record gap length (the perpendicular dimension from 
the leading edge to the trailing edge of the gap) shall be 2.16 mm ±0.5 (85 microinch ±20) for wide 
band recorders and 0.89 mm ±0.12 (35 microinch ±5) for double density recorders (see figure 6-3 and 
paragraph 6.0, appendix D).  
 
6.5.4.2  Record-Head Stack Gap Azimuth Alignment.  The record-head stack azimuth shall be 
perpendicular to the head reference surface to within ±0.29 mrad (±1 minute of arc).  See paragraph 
1.2, volume III, RCC document 118 for suggested test procedure. 
 
6.5.4.3  Reproduce-Head Segment Gap Azimuth Alignment.  The reproduce-head segment azimuth 
alignment shall match that of the record-head segment as indicated by reproducing an UBE frequency 
signal on a selected track and setting the reproduce head azimuth for the maximum output.  At this 
azimuth setting, the output of any other track in the reproduce head shall be within 2 dB of the output 
at its own optimum azimuth setting (see paragraph 1.3, volume III, RCC document 118). 
 
6.6 Head Polarity 
 
 See chapter 1, volume III, RCC document 118 and subparagraph 4.2, appendix D of this 
document for additional information. 
 
6.6.1  Record-Head Segment.  Each record-head winding shall be connected to its respective amplifier 
in such a manner that a positive going pulse referenced to system ground at the record amplifier input 
will result in the generation of a specific magnetic pattern on a segment of tape passing the record head 
in the normal direction of tape motion.  The resulting magnetic pattern shall consist of a polarity 
sequence of south-north-north-south. 
 
6.6.2  Reproduce-Head Segment.  Each reproduce-head segment winding shall be connected to its 
respective amplifier in such a manner that an area of a tape track exhibiting a south-north-north-south 
magnetic pattern will produce a positive going pulse with respect to system ground at the output of the 
reproducer amplifier. 
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6.7 Magnetic Tape and Reel Characteristics 
 
 Magnetic tape and reel characteristics are specified in chapter 7.  It is recommended that all 
recorder and reproducer systems at a particular range be calibrated for operational use against a 
reference tape of the type used by the range for each bandwidth class of recorder and reproducer 
system.  Additional supplementary procurement specifications may be required to meet a particular 
operational requirement of the ranges. 
 
6.7.1  Tape Width.  The standard nominal tape width is 25.4 mm (1 in.) (see table 7-1, Tape 
Dimensions). 
 
6.7.2  Tape Guiding.  The tape guidance system restricts the tape angular motion to ±0.15 mrad (±30 
seconds of arc) as measured by the interchannel time displacement error (ITDE) of outer tracks on the 
same head stack.  Make sure the guidance system does not damage the tape. 
 
6.8 Direct Record and Reproduce Systems 
 
 Direct recording is a method of recording information signals on magnetic tape using 
high-frequency ac bias recording (see paragraph 6.2, Definitions).  Two classes of systems, wide band 
and double density, are included in these standards (see table 6-1). 
 
6.8.1  Direct Record Parameters.  The following subparagraphs describe the direct record parameters. 
 
6.8.1.1  The input impedance for wide band and double density recorders shall be 75 ohms nominal 
across the specified band. 
 
6.8.1.2  Input gain adjustment shall be provided to permit sine-wave signals of 0.35 to 3.5 V rms to be 
adjusted to produce standard record level. 
 
6.8.1.3  Ideally, the recorded flux level on tape versus frequency should be constant.  To approach this 
ideal, the record amplifier transfer characteristic is basically a constant current versus frequency with a 
superimposed compensation characteristic to correct only for loss of recording efficiency with frequency.  
Results of the test described in paragraph 4.8, volume III, RCC document 118, with the output 
amplitude at the 2 percent upper band edge (UBE) frequency used as the 0 dB reference, shall be no 
greater than the following: 
 
    Percent of UBE Frequency  dB Difference 
 
      10     0.5 
      50     1.0 
      80     1.6 
    100     2.0 
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6.8.1.4  Record bias setting information is contained in table 6-1.  The bias frequency shall be greater 
than 3.5 times the highest direct record frequency for which the recorder and reproducer system is 
designed (see appendix D). 
 
6.8.2  Standard Record Level.  The standard record level for direct record systems is the input level of 
the record level set frequency, which produces an output signal containing 1 percent third harmonic 
distortion.  The conditions necessary to establish the standard record level include appropriate selection 
of the sinusoidal reference frequency (record level set frequency) as indicated in table 6-1 and proper 
reproduce amplifier termination as defined in figure 4-2, volume III, RCC document 118.  A  
1 percent third harmonic distortion content is achieved when the level of the third harmonic of the 
record level set frequency is 40 dB ±1 below the level of a sinusoidal signal of 30 percent of UBE 
frequency which is recorded at the standard record level (see paragraph 5.0, appendix D for 
information regarding standard test and operating practices). 
 
6.8.3  Reproduce Parameters.  The following subparagraphs describe the reproduce parameters. 
 
6.8.3.1  For wide band and double density recorders, the output impedance shall be 75 ohms nominal 
across the specified passband. 
 
6.8.3.2  When reproducing a signal at the record level set frequency (recorded at the standard record 
level), the output level shall be a minimum of 1 V rms with a third harmonic distortion of 1 percent and 
a maximum second harmonic distortion of 0.5 percent when measured across a resistive load of 75 
ohms.  Lack of proper output termination will not cause the reproduce amplifier to oscillate. 
 
6.8.4  Tape Speed and Flutter Compensation.  The average or long-term tape speed must be the same 
during record and reproduce to avoid frequency offsets, which may result in erroneous data.  To 
minimize this problem, a reference signal may be applied to the tape during record and the signal used 
to servo-control the tape speed upon reproduce.  However, because servo-control systems have limited 
correction capabilities and to minimize the amount of equipment required at the ranges, tape speeds 
and servo-control signals shall conform to the following standards. 
 
6.8.4.1  The effective tape speed throughout the reel or any portion of the reel (in absence of 
tape-derived servo-speed control) shall be within ±0.2 percent of the standard speed as measured by 
the procedures described in chapter 2, volume III, RCC document 118. 
 
6.8.4.2  Sinusoidal or square wave speed-control signals are recorded on the tape for the purpose of 
servo-control of tape speed during playback.  The operating level for speed-control signals shall be 10 
dB ±5 below standard record level when mixed with other signals or standard record level when 
recorded on a separate track. 
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6.8.4.3  The constant-amplitude speed-control signal shall be used on a separate track for optimum 
servo-speed correction.  The speed-control signal may be mixed with other signals if recording 
requirements so demand and system performance permits.  Mixing of the speed-control signal with 
certain types of signals may degrade system performance for tapes which are to be reproduced on tape 
transports with low time-base error capstan drive systems (refer to manufacturer).  Table 6-5 lists 
speed-control signal frequencies.  The speed-control signal may also be used as a flutter correction 
signal.  
 
6.8.4.4  Signals to be used for discriminator flutter correction systems are listed in tables 3-3 and 6-5.  
See subparagraph 6.8.4.3 and table 3-3 for restrictions on use of flutter correction signals. 
 
6.9 Timing, Predetection, and Tape Signature Recording 
 
 Described in the following subparagraphs are timing signal, predetection, and tape signature 
recording. 
 
6.9.1  Timing Signal Recording.  Modulated-carrier, time-code signals (IRIG A, IRIG B and IRIG G) 
are widely used and other formats are available.  When recording IRIG B time-code signals, care must 
be taken to ensure that low-frequency response to 100 Hz is provided.  The direct record, low 
frequency cutoff of most wide band recorders is 400 to 800 Hz.  For these systems, IRIG B time code 
signals should be recorded on an FM track or on an FM subcarrier.  The widest bandwidth subcarrier 
available should be employed to minimize time delay1.  For double density systems, all time code 
signals should be recorded on an FM track or an FM subcarrier. 
 
6.9.2  Predetection Recording.  Predetection signals have been translated in frequency but not 
demodulated.  These signals will be recorded by direct (high frequency bias) recording.  Parameters for 
these signals are in table 6-6. 
 
6.9.3  Tape Signature Recording.  For data processing using wide band and double-density recorders 
and reproducers, a tape signature recorded before or after the data, or both before and after the data, 
provides a method of adjusting the reproducer head azimuth and reproduce equalization.  A means is 
also provided for verifying the proper operation of equipment such as playback receivers and bit 
synchronizers used to retrieve the recorded data. 

                                            
 

1Timing code formats are found in IRIG standard 200-89, Time Code Formats and IRIG 
standard 205-87, Parallel Binary and Parallel Binary Coded Decimal Time Code Formats. 
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TABLE  6-5.  CONSTANT-AMPLITUDE SPEED-CONTROL SIGNALS1 

 
 
      Tape Speed           Frequency2 
 mm/s              ips                                ______________kHz_______________  
 
 6096  (240      400   ±0.01%     800  ±0.01% 
 3048  (120     )  200  ±0.01%  400  ±0.01% 
 1524  (  60     )  100  ±0.01%  200  ±0.01% 
   762  (  30     )    50  ±0.01%  100  ±0.01% 
    381 (  15     )    25  ±0.01%    50  ±0.01% 
   190.5  (    7-1/2)    12.5  ±0.01%    25  ±0.01% 
     95.5  (    3-3/4)      6.5  ±0.01%    12.5  ±0.01% 
     47.6  (    1-7/8)      3.125  ±0.01%      6.25  ±0.01% 

 
 

 
 Caution should be used when multiplexing other signals  with the  
 speed-control signal.  In the vicinity of the frequency of the speed-control 
 signal (fsc ±10 percent), the level of individual extraneous signals including 

spurious, harmonics, and noise must be 40 dB or more below the level of the speed-control  
  signal.  A better procedure is to leave one octave on either side of the speed-control signal  
  free of other signals.   
 
 
 
 
 
 
 
 
 
 
 
________________________ 
 1May also serve as discriminator flutter-correction reference signal (see table 3-3). 
 2Either set of speed-control signals may be used primarily with wideband systems, but only 
the higher set of frequencies is recommended for double density systems.  When interchanging 
tapes, care should be taken to ensure that the recorded speed-control signal is compatible with the 
reproduce system’s speed-control electronics. 

NOTE
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TABLE 6-6.  PREDETECTION CARRIER PARAMETERS 
 

     Predetection Carrier  
  Tape Speed  Center Frequency1  2  
 mm/s     (ips)   mm/s     (ips)                  kHz                . 
  Wide Band  Double Density   A      B 
 6096 (240)  3048.0 (120   )   1800  2400 
 3048 (120)  1524.0  (  60   )     900  1200 
 1524 (  60)    762.0  (  30   )     450.0    600 
   762 (  30)   381.0  (  15   )     225.0    300 
    381 (  15)   109.5  (    7.5)     112.5    150 

 
 A pulse code modulation (PCM) signature is recommended where primarily PCM data is 
recorded.  A swept-frequency or white-noise signature may be used for other data such as frequency 
division multiplexing (FDM) or wide band FM.  The procedures for recording and using these 
signatures are given in paragraph 7.0, appendix D.  A recommended preamble/postamble signal for 
recorder/reproducer alignment is included in paragraph 6.12. 
 
6.10  FM Record Systems 
 
 For these FM record systems, the input signal modulates a voltage- controlled oscillator, and the 
output is delivered to the recording head.  High frequency bias may be used but is not required.  These 
standards shall apply. 
 
6.10.1  Tape and Reel Characteristics.  Paragraph 7.1 and all related subparagraphs shall apply. 
 
6.10.2 Tape Speeds and Corresponding FM Carrier Frequencies.  See table 6-7 
 
6.10.3  FM Record/Reproduce Parameters.  See table 6-7. Figure 6-7.  ADARIO block format. 
 

                                            
 1 The predetection record/playback passband is the carrier center frequency ±66.7 percent. 
 2 Use center frequencies in column B when data bandwidth exceeds the capabilities of 
those in column A. 
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TABLE 6-7.  WIDE BAND AND DOUBLE DENSITY FM RECORD PARAMETERS 
 
 

                    Carrier  
    Tape Speed                         Carrier        Deviation Limits1  
     mm/s (ips)                           Center     Plus    Minus  Modulation  Response 
    Frequency  Deviation  Deviation  Frequency  Band Limits  
  Wide Band FM      kHz         kHz           kHz          kHz           dB2          . 
       Group I  
      47.6 (    1-7/8 )      6.750     9.450      4.050  dc to   1.250   ±1 
      95.2 (    3-3/4 )    13.500    18.900      8.100  dc to   2.500   ±1  
    190.5 (    7-1/2 )    27.000    37.800    16.200  dc to   5.000   ±1  
    381.0 (  15      )    54.000    75.600    32.400  dc to 10.000   ±1  
    762.0 (  30      )  108.000  151.200    64.800  dc to 20.000   ±1 
  1524.0 (  60      ) 216.000  302.400 129.600  dc to 40.000   ±1 
  3048.0  (120      )  432.000  604.800  259.200  dc to 80.000   ±1 
Double Density  Wide Band FM  
       Group II  
      47.6 (   1-7/8)     14.062     18.281       9.844  dc to      7.810   ±1, -3  

      95.2  (   3-3/4)      28.125     36.562      19.688  dc to    15.620   ±1, -3  
    95.2 (   3-3/4)    190.5 (   7-1/2)      56.250      73.125      39.375  dc to    31.250   ±1, -3  
  190.5 (   7-1/2)    381.0 (  15    )    112.500    146.250      78.750  dc to    62.500   ±1, -3  
  381.0  (  15    )    762.0 (  30    )    225.000    292.500    157.500  dc to   125.000   ±1, -3  
  762.0  (  30    )  1524.0  (  60    )    450.000    585.000    315.000  dc to   250.000   ±1, -3  
1524.0  (  60    )             3048.0  (120    )    900.000  1170.000    630.000  dc to   500.000   ±1, -3  
3048.0  (120    )             6096.0  (240    )  1800.000  2340.000  1260.000  dc to 1000.000   ±1, -3  

                                            
 1Input voltage levels per subparagraph 6.4.1. 
 2Frequency response referred to 1-kHz output for FM channels 13.5 kHz and above, and 100 Hz for channels below 13.5 kHz. 
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6.10.4  Speed Control and Compensation.   Subparagraph 6.8.4 shall apply.  Note that a 
separate track is always required for speed control and flutter compensation signals with a 
single-carrier FM system. 
 
6.10.5  FM Record Parameters.  For FM record systems, an input voltage of 1 to 10 V 
peak-to-peak shall be adjustable to produce full frequency deviation. 
 
6.10.5.1  Deviation Direction.  Increasing positive voltage gives increasing frequency.  
Predetection recorded tapes may be recorded with reverse deviation direction because of the 
frequency translation techniques employed. 
 
6.10.6  FM Reproduce Systems.  Output levels are for signals  recorded at full deviation.  In 
wide band and double density FM systems, the output is 2 V peak-to-peak minimum across a 
load impedance of 75 ohms ±10 percent.  Increasing input frequency gives a positive going 
output voltage. 
 
6.11  PCM Recording 
 
 The PCM signals may be successfully recorded using several different methods.  
Methods included in these standards are predetection recording, post-detection recording, 
and serial high-density digital recording (HDDR).  Parallel HDDR methods are not included. 
 
6.11.1  Predetection PCM Recording.  This method employs direct recording of the signal 
obtained by heterodyning the receiver IF signal to one of the center frequencies listed in table 
6-6 without demodulating the serial PCM signal (see figure 6-4).  The maximum 
recommended bit rate for predetection recording of NRZ data is equal to the predetection 
carrier frequency, for example, 900 kb/s for a 900 kHz predetection carrier.  The maximum 
recommended bit rate for predetection recording of bi-phase (Bif) data is equal to one-half 
the predetection carrier frequency.  For bit rates greater than one-half the maximum 
recommended rates, the preferred method of detection is to convert the signal to a higher 
frequency before demodulation. 
 
6.11.2  Post-Detection PCM Recording.  The serial PCM signal (plus noise) at the video 
output of the receiver demodulator is recorded by direct or wide band FM recording methods 
without first converting the PCM signal to bi-level form (see figure 6-4).  Table 6-8 lists 
maximum bit rates versus tape speed for these recording methods.  The minimum 
recommended reproduce bit rates are 10 kb/s for post-detection direct Bif and 10 bits per 
second for post-detection FM (see paragraph 4.2.2.3). 
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TABLE 6-8.  MAXIMUM RECOMMENDED BIT RATES, POST- 

DETECTION RECORDING1  
        Post-D 
  Tape Speed     Direct   Post-FM  

    m/s     (ips)      mm/s   (ips)    Bif (kb/s)   Bif (kb/s)  NRZ (kb/s) 
   Wide Band  Double Density  
6096.0  (240    )  3048.0  (120    )    1800      900          1800  
3048.0  (120    )  1524.0  (  60    )      900      450            900  
1524.0  (  60    )    762.0  (  30    )      450      225            450 
  762.0  (  30    )    381.0  (  15    )      225      112            225 
  381.0  (  15    )    190.5  (   7-1/2)      112        56            112 
  190.0  (   7-1/2)      95.2  (   3-3/4)        56        28              56  
    95.2  (   3-3/4)       ---       ---        28        14              28  
    47.6  (   1-7/8)       ---       ---        14          7              14  

 
 
6.11.3  Serial High-Density Digital Recording.  Serial HDDR is a method of recording PCM 
data on a magnetic tape which involves applying the data to one track of the recorder as a 
bi-level signal. 
 
6.11.4  This paragraph deals with standards for direct recording of PCM telemetry data using 
a wide band analog instrumentation recorder or reproducer system.  Direct recording is 
described in paragraph 6.8.  The recommended PCM codes, maximum bit rates, record and 
reproduce parameters, and the magnetic tape requirements are also described. 
 
6.11.4.1  PCM Codes.  The recommended codes for serial high-density PCM recording are 
bi-phase level (Bif-L) and randomized non return to zero-level (RNRZ-L).  The maximum 
recommended bit packing densities (for wide band recording) re 590 b/mm (15 kb/in.) for 
Bif-L and 980 b/mm (25 kb/in.) for RNRZ-L.  Refer to table 6-9 for maximum 
recommended bit rates versus standard tape speeds.  The minimum recommended reproduce 
bit rates are 5 kb/s for Bif-L and 200 kb/s for RNRZ-L.  Details of the implementation are 
discussed in paragraph 3.0, appendix D.  

                                            
 1 Direct recording of NRZ signals is NOT recommended unless the signal format 
is carefully designed to eliminate low-frequency components for any data expected. 
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TABLE 6-9.  MAXIMUM RECOMMENDED BIT RATES 

 
 
  Tape Speed  
   m/s      (ips)       mm/s     (ips)    Bif-L (kb/s)  RNRZ-L (kb/s) 
   Wide Band  Double Density  
6096.0  (240      )  3048.0  (120      )   3600   6000  
3048.0  (120      )  1524.0  (  60      )    1800   3000  
1524.0  (  60      )    762.0  (  30      )     900   1500  
  762.0  (  30      )    381.0  (  15      )     450     750  
  381.0  (  15      )    190.5  (    7-1/2)      225     375  
  190.5  (    7-1/2)      95.2  (    3-3/4)      112     1871  
    95.2  (    3-3/4)       ---      ---        56       931 
    47.6  (    1-7/8)      ---      ---        28       461 
 
 
 
6.11.4.2  Bif-L Code.  The Bif-L code is recommended for direct recording under the 
following conditions:  the bit rate of the data to be recorded does not exceed the maximum 
bit rates for Bif-L (see table 6-9), and the amount of tape required for mission recording by 
this method is not a severe operational constraint. 
 
6.11.4.3  RNRZ-L Code.  The RNRZ-L code is recommended for direct recording under any 
of the following conditions:  the bit rate of the data to be recorded exceeds the maximum 
recommended bit rates for Bif-L (see table 6-9) or maximum tape recording time is needed. 
 
6.11.4.3.1  To minimize baseline wander anomalies, RNRZ-L is NOT recommended if the 
reproduced bit rate is less than 200 kb/s. 
 
6.11.4.3.2  The RNRZ-L shall be implemented using a 15-stage shift register and modulo-2 
adders (see figure 6-5).  The randomized bit stream to be recorded is generated by adding 
(modulo-2) the input bit stream to the modulo-2 sum of the outputs of the 14th and 15th 
stages of the shift register.  In the decoder, the randomized bit stream is the input to the shift 
register (see figure 6-5).

                                            
 1Reproducing data at bit rates less than 200 kb/s is not recommended when using 
RNRZ-L (see appendix D for details). 
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 Figure 6-5.  Serial high-density digital record and reproduce. 
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6.11.4.4  Record Parameters.  The record parameters are explained in the following 
subparagraphs. 
 
6.11.4.4.1  High-density PCM data shall be recorded in compliance with the direct record 
parameters detailed in subparagraph 6.8.1 including the use of an ac bias signal level which 
produces the required 2 dB over-bias condition. 
 
6.11.4.4.2  The peak-to-peak level of the PCM input signal shall be equal to twice the rms 
value of the signal amplitude used to establish the standard record level with a tolerance of 
±25 percent (see subparagraph 6.8.2). 
 
6.11.4.4.3  The signal to be recorded must be bi-level.  Bi-level signals are signals where only 
two levels are present.  Therefore, signals containing noise must be converted to bi-level 
signals before they are recorded. 
 
6.11.4.4.4  To minimize the effects of tape dropouts, serial high-density digital data should 
not be recorded on the edge tracks of the tape. 
 
6.11.4.5  Reproduce Parameters.  All reproduce parameters in subparagraph 6.8.3 shall apply. 
 
6.11.4.5.1  PCM Signature.  A PCM signature should be recorded before or after or both 
before and after the data to provide a method for adjusting the reproduce head azimuth and 
the reproducer equalizers.  The data rate of the PCM signature should be the same as the rate 
of the data to be recorded (see paragraph 7.0, appendix D for tape signature recording). 
 
6.11.4.5.2  Phase Equalizer.  Correct phase equalization is very important to the 
reconstruction of the serial high-density digital data.  Adjustable phase equalizers are desirable 
but not mandatory. 
 
6.11.4.6  Magnetic Tape.  High-density digital (HDD) magnetic tapes are recommended; 
however, wide band instrumentation tapes can be used on recorder and reproducer systems 
with 1.27 mm (0.050 in.) track widths (see chapter 7). 
 
6.11.4.7  Tape Copying.  The following practices are recommended when making copies of 
original data tapes. 
 
6.11.4.7.1  Convert data reproduced from the original tape to a bi-level signal prior to 
recording a copy. 
 
6.11.4.7.2  Align reproduce head azimuth to original tape. 
 
6.11.4.7.3  Adjust reproducer equalizers correctly. 
 
6.11.4.7.4  Prior to recording the copy, use the recorded PCM signature to optimize the 
quality of the reproduced data. 
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6.11.4.8  PCM Bit Synchronizer.  The PCM bit synchronizer should contain circuitry to 
reestablish the baseline reference PCM signal (a dc restorer circuit).  This circuit is essential 
when reproducing RNRZ-L at reproduced bit rates less than 1 Mb/s.  The PCM bit 
synchronizer loop bandwidth should be selected for optimum performance between 0.1 and 3 
percent of the bit rate. 
 

 
If an appropriate PCM bit synchronizer is not available, the tape can be 
copied directly; however, the SNR will be decreased.  
 
 

6.12 Preamble Recording for Automatic or Manual Recorder Alignment 
 
 A preamble (or postamble) may be recorded on the same tape as the data signal with 
known frequency and amplitude elements which will allow automatic or manual alignment of 
the signal electronics to optimize the performance of the playback system.  Reproduce 
azimuth, equalization, and FM demodulator sensitivity may be adjusted at all available tape 
speeds.  The preamble may be used for manual adjustment of any instrumentation magnetic 
tape recorder/reproducer (wide band and double density).  Automatic adjustment requires a 
recorder/reproducer specifically designed with the capability to automatically adjust one or 
more of the following:  reproduce-head azimuth, amplitude equalization, phase equalization, 
and FM demodulator sensitivity.  The signal source may be internal to the recorder or may be 
externally generated. 
 
6.12.1  Alignment, Direct Electronics.  Direct electronics shall use a 1/11 band edge square 
wave for both manual and automatic alignment as given in appendix D. 
 
6.12.2  Alignment, FM Electronics.  The FM electronics shall use a 1/11 band edge square 
wave and ±1.414 Vdc or 0.05 Hz square wave for both manual and automatic alignment as 
given in appendix D. 
 
6.13 19-mm Digital Cassette Helical Scan Recording Standards 
 
 These standards are for single-channel high-bit rate helical scan digital recorders using 
19 mm tape cassettes.  Bit rates of less than 10 megabits per second to 256 megabits per 
second or greater may be recorded and reproduced by equipment conforming to these 
standards.  Interchange parties must, however, determine the availability at a particular site of 
the equipment required to meet particular data recording requirements.  Compatibility 
between the recording device and the expected playback equipment must also be considered. 

NOTE
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6.13.1  Track Format.  The format recorded and reproduced by these systems shall be as specified 
in American National Standard For Information Systems 19-mm Type ID-1 Recorded 
Instrumentation Digital Tape Format, ANSI X3.175-19902.  Helical tracks employ azimuth 
recording wherein the head gap angle with respect to the recorded track center line is 90° + 15° 
for one scan and 90° - 15° for the adjacent scan.  (See subparagraph 4.9.2 of standard X3.175-
1990).  Figure 6-6 and table 6-10 show details of the helical tracks and auxiliary longitudinal 
tracks for control, timing, and annotation in the ID-1 format. 
 
6.13.2  Tape and Cassettes.  Magnetic tape and 19-mm cassettes are specified in chapter 7.  
The magnetic tape shall meet the requirements for 850 oersted class (68,000 A/M).  A tape 
base thickness of 16 um is normally employed.  The recorder/reproducers shall be capable of 
using 19-mm cassettes that conform to the physical dimensions of medium and large cassettes 
as shown in table 6-11.  Table 6-11 shows tape capacities and indicates the amount of time 
available for recording, assuming a data input rate of 240 megabits per second. 
 
6.13.3 Recorder/Reproducer Input and Output.  Data input and clock are required.  The 
data input shall be in an 8-bit parallel, byte serial format, and the clock signal will be at the 
required byte rate.  Data output will also be in 8-bit parallel format. 
 
 

 
 Figure 6-6.  Location and dimensions of recorded tracks. 
 

                                            
 2ANSI X3.175-1990.  Available from American National Standards Institute, 
1430 Broadway, New York, NY  10018. 
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TABLE 6-10.  RECORD LOCATION AND DIMENSIONS  

 
 
   DIMENSIONS   NOMINALS  
A  TIME-CODE TRACK LOWER EDGE  0.2  mm  
B  TIME-CODE TRACK UPPER EDGE  0.7  mm  
C  CONTROL TRACK LOWER EDGE  1.0  mm 
D  CONTROL TRACK UPPER EDGE  1.5  mm 
E  DATA-AREA LOWER EDGE  1.8  mm 
F  DATA-AREA WIDTH  16  mm 
G  ANNOTATION TRACK LOWER EDGE  18.1 mm  
H  ANNOTATION TRACK UPPER EDGE  18.8  mm 
I  HELICAL TRACK WIDTH 0.045  mm 
J  TRACK PITCH, BASIC   0.045  mm 
N  HELICAL TRACK TOTAL LENGTH  170  mm 
P  ANNOTATION/TIME-CODE HEAD LOCATION  118.7  mm 
R  SECTOR RECORDING TOLERANCE  ±0.1  mm 
T  CONTROL TRACK SYNC TOLERANCE ±0.1  mm 
P  TRACK ANGLE, ARC-SINE (16/170)  5.4005o 
W  TAPE WIDTH  19.01 mm 
Y  DATA-AREA REFERENCE LINE, BASIC  1.8075  mm 
 
 
 
 
 

 
TABLE 6-11.  TAPE LENGTH AND NOMINAL PLAY RECORD/ REPRODUCE 
                        TIME AT 240 MEGABITS/SECOND USER DATA RATE 
                         

          TAPE        TAPE       PLAY  

   CASSETTE       THICKNESS    LENGTH        TIME  

 (MICROMETERS)   (METERS)  (MINUTES)  

   MEDIUM   16   587           24  

   LARGE   16        1311           55  

CASSETTE DIMENSIONS, NOMINAL  

   CASSETTE       LENGTH    WIDTH   THICKNESS 

   MEDIUM        254 mm     150 mm       33 mm  

   LARGE        366 mm     206 mm       33 mm 
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6.14 Multiplex/Demultiplex (MUX/DEMUX) Standard for Multiple Data Channel 
Recording on 19-MM Digital Cassette Helical Scan Recorder/Reproducer Systems 
 
 For recording and reproducing multiple channels on 19-mm Digital Cassette Helical 
Scan Recorders, the ADARIO multiplex/demultiplex format is recommended.  The ADARIO 
(Analog/Digital/ Adaptable/Recorder Input/Output) format was developed for the 
Department of Defense, Fort Meade, Maryland.  The format is government-owned and may, 
therefore, be used in equipment provided for government activities.  Some of the features of 
ADARIO are 
 

• requires less than 3 percent overhead to be added to user data; 
 
• accommodates multiple channel record/playback with each channel completely 

autonomous in sample rate and sample width; 
 
• stores all the necessary parameters for channel data reconstruction for either real-

time playback, time-scaled playback, or computer processing; 
 
• preserves phase coherence between data channels; 

 
• provides channel source and timing information; and 
 
• accommodates 224 (over 16 million) blocks of data, each block having 2048 24-

bit words (see figure 6-7). 
 
 The ADARIO format imposes minimum restrictions on the channel signals and aggregate data 
parameters.  Specific implementations that use the ADARIO format may impose additional 
restrictions. 
 
 ADARIO format, defined field restrictions: 
  Session Length  - Unlimited 
  Sequence numbered - Blk. 2

24
 (100 G Byte max.) 

  Master Clock  - MC 2
19

 *250 Hz (131 MHz max.) 
  Block Rate  - BMD, MC/BMD (8 Blk./Sec min.) 
             MC/2048 (64K Blk./Sec. max.) 
  Aggregate Rate - MC *24 (3145 Mbps max.) 
  Channel Quantity  - Q, Ch#, 2

4
 (16 channels max.) 

  Bits per Sample  - FMT, 1,2,3,4,5,6,7,8,10,12,14,16 
           18,20,22,24 bits per sample 
  Input Clock Rate  - MC, Rate 2

19 *250 Hz (131 MHz max.) 
  Input Bit Rate  - 2035 *24 Block Rate (3125 Mbps max.) 
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  Analog Bandwidth  - MC/2.5 (52.4 MHz max.) 
  Analog Attenuation  - Atten, 2

5
 (-15 dB, +16 dB) 

  Analog Coupling  - DCAC (dc or ac) 
  Time Correlation  - 1/MC (7.6 ns max. Resolution) 
        - TD/MC 2

16
 (65, 536*MC max. Range) 

  Channel Card Types  - CHT, 2
6
 (64 max.) 

 
 Channel input digital data can be in any format, serial or parallel, in any coding, and at 
any levels, TTL, ECL, that can be accommodated by the channel type card used.  Channel 
input analog signals can contain any form of modulation, at any nominal level, with any 
dynamic within the limitations (see figure 6-8). 
   

 
 

Figure 6-7.  ADARIO block format. 
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 Figure 6-8.  ADARIO data format. 
 
 
6.15  Submultiplex/Demultiplex Standards for Multiple Data Channels on a 
Primary Digital Multiplex/Demultiplex Channel 
 
 For combining multiple low to medium rate telemetry channels on a single 
primary digital channel such as the ADARIO input channel, the submultiplex (submux) 
format is recommended.  The format was developed for test range applications where 
high quantity of channels must be collected in conjunction with high data rate primary 
channels.  The submux format provides a standard for extending the ADARIO primary  
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channel or any other primary digital channel for conveying data from up to 31 
subchannels in digital aggregate data form.  Each channel is totally autonomous and can 
be enabled/disabled at any time.  Some of the features of the submux format are 
 
 • accommodates analog, digital clocked and asynchronous, time and 

 annotation text, and other application specific telemetry channels; 
 
 • requires less than 0.3 percent of overhead per channel; 
 
 • stores all necessary parameters for channel signal reconstruction  
  in real or scaled time; 
 
 • preserves phase coherence between all channels for all rates (dc to 
  maximum) and all types of channels; and 
 
 • accommodates variable and fixed rate primary channel of up to  
  256 Mbps. 
 
6.15.1  Format Structure.  General structure of the submux format is based on a constant 
block rate and variable block data length for each channel data block.  The aggregate 
data stream is the sequential collection of each enabled channel data block with a three-
word header.  Each channel data block is the sequential collection of data samples or 
events within the block time period.  A reserved channel (channel ID=31) provides 
frame synchronization and block timing and is always the first channel in the frame 
sequence.  Individual channels can be enabled or disabled at any time within the rate 
limitations of the primary channel.  Primary channel redundant parameter fields such as 
date, time, and annotation are placed in optional defined channel types, thereby, 
minimizing overhead caused by redundancy.  All data and headers are bit packed into 
16-bit words.  All fields, unless specifically stated, are binary coded.  Physical 
implementation of the format may have design restrictions as to types and quantities of 
channels and maximum allowable field limits.  
 
6.15.2  Implied Parameters and Limits.  Maximum aggregate rate (256 Mbps), block 
rate, first sample time delay measurement, and internal sample period are based on a 16-
MHz clock rate divided by 2N, where N can be set from 0 to 7 defining the derived 
clock.  Block rate is based on the derived clock divided by 20 160 which sets the limit 
on the total aggregate word count of all channels in a block period.  The maximum 
block rate (793.65 blocks per second) in conjunction with the 16-bit bit count field, 
limits the maximum subchannel input rate to 52 Mbps.  The 16-MHz clock limits the 
time delay resolution to 62.5 nanoseconds. 
 
 The maximum number of channels is limited by the 5-bit field and the reserved 
block sync channel to 31 channels numbered from 0 to 30.  Channel ID of 31 is the 
reserved block sync channel that conveys timing information.  To accommodate fixed 
rate primary channel, fill can be inserted after the last channel data block, prior to the 
next block sync channel (at the end of the frame ), and must consist of all binary ones 
(FFFF hex word value ). 
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 Channel priority is fixed in channel number sequence with channel ID of 31 
(block sync) first, followed by channel ID 0, if enabled, to channel ID 30, followed by 
fill (if required) to maintain fixed channel rate.  Any channel can be one of eight 
channel types.  Type 0 channels convey timing data in the 3-word header and have 
implied data length of 0.  Type other than zero contains the bit count field that defines 
the length of valid data in the data block.  The actual word length of the data block is 
the integer of ((Bit Count + 15)/16).  Channel type also defines the content of the fields 
in the header. 
 
6.15.3  Defined Parameters.  Each channel data block has a 3-word (16-bit) header that 
contains the channel ID number, channel type, and other defined and undefined fields 
based on the channel type code.  Undefined fields are reserved for future use and should 
be zero filled. Each channel header also contains up to 4 status bits that indicate the 
condition in the current data block or the condition of the last aggregate frame. 
 
 Channel ID 31 is a special form of channel type 0.  The first two words are used 
for synchronization and are F8C7 BF1E hex value.  The block rate clock (BRC) defines 
the main clock binary divider and is used for time scaled signal reconstruction.  Each 
increment time period doubles.  “Fill” indicates if the primary channel requires fill for 
fixed data rate. 
 
 Channel ID can be any unique number from 0 to 30 and designates the physical 
subchannel used for acquiring the data.  Channel type defines the type of data this 
channel conveys and is currently defined for 0 to 5. 
 
 A type 0 “Time Tag” channel typically processes IRIG time code data and is used 
to time tag the frame.  The Days Hours Minutes Seconds Fractional Seconds fields are 
the content of IRIG time code input or channel derived and in the same BCD form as 
the IRIG G time code. 
 
 Type nonzero headers contain FMT field that defines the format of the sample in 
bits per sample, 4-bit status field that indicates any errors or warnings pertaining to the 
current data block, bit count field that defines the length of valid data in the data block, 
and time delay field that (when external clock is used) indicates the delay from block 
time to the first sample in the BRC defined clock periods.  When the internal clock is 
used, as indicated by type or most significant bit (MSB) of time delay, the sample 
period field defines the period of the internal sample clock in the BRC defined clock 
periods.  The internal sample clock is always an integer divisor of the block period and 
the first sample is coincident with the block time.  In type 1 blocks, this field is used for 
sequential block count. 
 
 When the internal clock is used with digital serial channel, the data and clock lines 
are sampled at the designated rate and result in eight data and eight clock samples per 
data block word.  Otherwise, all incoming digital data are sampled at the incoming 
clock and results in a sample in the data block, with the first sample being left justified 
in the first word with “format”  designated number of bits starting with the MSB of the  
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sample.  Samples are bit sequentially packed regardless of word boundaries.  The last 
sample in the block period is fully packed into the current data block with the remaining 
portion of the word, if any, being left undefined.  
 
6.15.4  Aggregate Format on the Primary Data Channel.  Figures 6-9a and b show the 
defined types of channel data from which the aggregate is composed.  The primary data 
will always consist of the “Frame Sync” block followed by one or more unique channel 
blocks, followed by fill if required.  The frame sync block will be generated at block 
rate.  Aggregate data may be clocked by the primary channel or by the submux at 
constant or burst rate depending on the primary channel characteristics.  Data format 
field definitions appear in appendix G, Submux Data Format Field Definitions. 
 
6.15.5  Submux/Demux FILL Requirement.  The submux produces aggregate data at 
the user aggregate data rate.  In other words, the rate and amount of data produced on 
the aggregate output is directly proportional to the user specified clock and data format 
bits and is averaged over the frame period.  This variable aggregate data rate is 
acceptable to variable rate primary channels or buffered variable rate recorders.  
 
 Fixed rate primary channels and fixed rate recorders require data at some fixed 
rate.  The fixed rate is usually set to be the maximum expected user aggregate rate.  
When the user aggregate rate is less than the maximum, then some sort of filler is 
necessary to maintain the constant output rate.  The format-specified fill word provides 
this filler and is automatically generated when the primary channel or fixed rate 
recorder provides clocks after the last word of the last enabled channel is clocked out 
within the frame period.  Fill is always terminated by the Frame of Block Sync channel, 
indicating the presence of the next frame data.  
 
 The quantity of fill words is totally dependent on the fixed primary channel rate and 
the average user aggregate rate within one frame period.  Minimum is zero words when 
user rates are at the maximum and equal to the fixed rate (minus the overhead).  When user 
rates are at the minimum, maximum amount of fill will be generated for maintaining 
constant output rate.
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    16 BITS 
    15 14 13 12 11 10 9 8 7 6 5 4 3 2 1 0 
 

GENERAL FORM HW1 CHN ID CHT FMT ST1 ST2 ST3 ST4 
   HW2   
   HW3 I/E TIME DELAY OR SAMPLE PERIOD 
 

FRAME SYNC HW1 CHN ID = 1F CHT = 0 SYNC 1 = F8C7 HEX (FULL WORD) 
   HW2 SYNC 2 = BF1E HEX 
   HW3 BRC FILL         AOE PCR ST3 ST4 
 

TIME TAG HW1 CHN ID = 0 TO 30 CHT = 0 MSB        DAYS (BCD) 
   HW2 DAYS HOURS (BCD)             MINUTES (BCD)   
   HW3 SECONDS (BCD)             FRACTIONAL SECONDS   
 

ANNOTATION HW1 CHN ID = 0 TO 30 CHT = 1 FMT = 7 NC OVR PE OE 
  TEXT HW2 BIT COUNT 
   HW3 BLOCK COUNT 
   DW1 MSB           1ST CHARACTER               MSB           2D CHARACTER               
    :   
   DWN MSB           LAST CHARACTER              UNDEFINED  IF NOT LAST 
 

DIGITAL SRL. HW1 CHN ID = 0 TO 30 CHT = 2 FMT = 0 NSIB OVR ST3 ST4 
  EXT. CLK HW2 BIT COUNT = L 
   HW3 I/E=0 TIME DELAY 
   DW1 DS1 DS2 DS3 DS4 DS5 DS6 DS7 DS8 DS9 DS10 DS11 DS12 DS13 DS14 DS15 DS16 
    :   
   DWN       DSL-1 DSL UNDEFINED  IF NOT LAST 
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Figure 6-9a.  Submux data format. 
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    15 14 13 12 11 10 9 8 7 6 5 4 3 2 1 0 
 

DIGITAL SRL. HW1 CHN ID = 0 TO 30 CHT = 2 FMT = 0 0 0 ST3 ST4 
   INT. CLK HW2 BIT COUNT = L 
   HW3 I/E=1       SAMPLE PERIOD 
   DW1 DS1 DS2 DS3 DS4 DS5 DS6 DS7 DS8 CS1 CS2 CS3 CS4 CS5 CS6 CS7 CS8 
    :   
   DWN DSL- DSL- DSL- DSL- DSL- DSL- DSL- DSL CSL- CSL- CSL- CSL- CSL- CSL- CSL- CSL 
 

DIGITAL PRL. HW1 CHN ID = 0 TO 30 CHT = 3 FMT=0 TO 15 (SHOWN =6) NSIB OVR ST3 ST4 
  EXT. CLK HW2 BIT COUNT = L 
   HW3 I/E=0 TIME DELAY 
   DW1 MSB                    1ST SAMPLE   MSB                    2ND SAMPLE   3RD SAMPLE  

    :   
   DWN  MSB      LAST SAMPLE          LSB=BIT L UNDEFINED  IF NOT LAST 
 

ANALOG HW1 CHN ID = 0 TO 30 CHT = 4 FMT=0 TO 15 (SHOWN =7) AOR ST2  ST3 ST4 
   WIDE BAND HW2 BIT COUNT = L 
   HW3 I/E=1    SAMPLE PERIOD 
   DW1 MSB                  1ST SAMPLE   MSB                       2ND SAMPLE   
    :   
   DWN MSB                  LAST SAMPLE   UNDEFINED  IF NOT LAST 
 

ANALOG  HW1 CHN ID = 0 TO 30 CHT = 5 FMT=0 TO 15 (SHOWN =7) LAO RAO ST3 ST4 
  STEREO HW2 BIT COUNT = L 
  "L" & "R" HW3 I/E=1 ENL ENR  SAMPLE PERIOD 
   DW1 MSB                 1ST SAMPLE "L"    MSB                      1ST SAMPLE "R"   
    :   
   DWN MSB                    LAST SAMPLE UNDEFINED   IF NOT LAST 
 
FILL FW FILL WORD = FFFF HEX 
 Figure 6-9b.  Submux data format. 
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6.16 1/2 Inch Digital Cassette (S-VHS) Helical Scan Recording Standards 
 
 These standards are for helical scan digital magnetic tape recorder/reproducers 
using the Very Large Data Store (VLDS) format. This standard is intended for 
applications where compact size is needed and bit rates do not exceed 32 or 64 megabits 
per second (Mbps). The VLDS is a 12.65 mm (1/2 inch) S-VHS (850 oersteds nominal ) 
media based tape format. This standard describes the salient features of the LDS format.  
To ensure crossplay compatibility between recorders of different manufacturers, refer to 
Metrum Document Number 168290191. 
 
6.16.1  Tape and Tape Cartridge.  The tape shall conform to Magnetic Media 
Laboratory (MML) Document Number 93-1, Specification for Rotary Instrumentation 
Magnetic Recording Tape, 68KA-M (850 oersteds), dated 16 February 1993 and the 
tape cartridge shall conform to ANSI Standard V98.33M-1983, Specification for 
Physical Characteristics and Dimensions.   
 
6.16.2  Format Types.  There are four standard formats:  two B formats provide 32 
Mbps standard density or 64 Mbps high density for most applications where severe 
environmental conditions are not encountered, and two E formats provide 16 Mbps 
standard density or 32 Mbps high density for harsh environments involving extremes of 
vibration and temperature.  A tape made on a standard density system may be 
reproduced on a high density system.  Relative to the B formats, the E formats use a 100 
percent larger track pitch, an 81 percent larger track width, and a larger guard band 
providing a very large margin for accurately tracking and recovering data under extreme 
conditions.  The E formats provide only about one-half the data storage capacity of the 
B format but can be played back on a B format system. 
 
6.16.2.1  B Format.  These formats originate from helical scanner implementations 
using four helical heads organized in pairs at 180° separation.  The heads are both read 
and write functionally and are supported by two parallel sets of read/write electronics 
referred to as data channels.  Helical track dimensions are given in figure 6-10. 
 
6.16.2.2 E Format.  These formats originate from helical scanner implementations using 
two helical heads with wider track widths at 180°  separation on the scanner.  The heads 
are both read and write functionally.  One set of read/write or write only electronics is 
required.  Helical track dimensions are given in figure 6-11. 
 
 
 

                                                
1 Metrum Document Number 16829019, VLDS Magnetic Tape Recorder/Reproducer 
Tape Cartridge Format Specification.  Available from Metrum, Inc., 4800 E. Dry Creek 
Road, Littleton, Colorado 80122. 
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 Figure 6-10.  Helical track dimensions, B format. 
 
 

  
        Figure 6-11.  Helical track dimensions, E format. 
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6.16.3  Data Storage.  Data are recorded onto 12.65 mm (1/2 in.) wide magnetic tape 
using both rotating and fixed heads (see figure 6-12).  The rotating heads record data in 
adjacent track patterns at an inclined angle to the normal tape motion.  The fixed heads 
record data on tracks parallel to the tape motion.  The fixed head tracks are used for 
control and servo purposes and do not directly record user data. 
 
6.16.4  Physical Relationships.  Maintaining high accuracy of the ratio between scanner 
rotational speed and tape speed (1.5492 mm (0.0610 in.) of tape motion per scanner 
rotation) is critical to maintaining the format geometry.  Head and tape speed will vary 
accordingly with changes in the other two speed parameters.  The three speed 
parameters vary linearly with  
desired user data rates.  Parameters used with a user data rate of 32 Mbps (B) or 16 
Mbps (E) are as follows: 
 
 user bits/helical track 2

17
=131 072 bits (16 KBytes) 

 scanner diameter 62.000 mm + 0.008/-0.000mm  
       (2.44 in. + 0.0003 in.) 
 scanner rotation speed 3662.1 rpm 
 tape speed  94.55 mm/sec (3.72 in./sec.) 
 head/tape speed 11 794.30 mm/sec (464.34 in./sec.) 
 helix angle (head rotational 5° 56' 7.4" basic dimension 
    plane to ref. edge of tape) 
 head gap length refer to Metrum Document 16829019 
 tape tension (inlet side of 0.35N + 0.02N 
    scanner) 
 
6.16.5  Helical Track Organization.  Each group of four helical tracks resulting from 
one complete revolution of the scanner (two helical tracks for the E formats) is termed a 
principal block on the tape.  A principal block is the smallest increment of data that may 
be written to or read from the tape. Each principal block is assigned a unique number 
which is recorded as part of the helical track.  Helical tracks containing user data begin 
with the number 1 and are sequentially incremented on the tape up to the capacity of the 
cartridge.  Whenever new data are appended on a previously recorded cartridge, the new 
data are precisely located to begin with the next helical track location after the previous 
end of data point with no interruption or discontinuity in track spacing.  
 
6.16.6  Recorded Information.  The following subparagraphs contain additional 
information. 
 
6.16.6.1  Add overhead bytes generated by error correction encoding algorithms. 
 
6.16.6.2  Provide preamble and postamble patterns for isolation of the information at the 
beginning and ends of the helical tracks.  
 
6.16.6.3  Provide clock synchronization patterns to facilitate clock recovery at the 
beginning of each helical track.  
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6.16.6.4  Add patterns throughout the helical track to maintain synchronization and 
counteract bit slips during data extraction. 
 
6.16.6.5  Provide redundantly recorded principal block numbers for organizing data on 
the cartridge.  
 
6.16.6.6  Include a user specifiable volume label for identifying the entire cartridge.  
 
6.16.6.7  Add miscellaneous data used to convey information about the organization of 
data on the cartridge and within the helical tracks.  
 
6.16.7  Recording Geometry and Physical Dimensions.  Included in the following 
subparagraph are the recording geometry and the physical dimensions. 
 
6.16.7.1  Tape Reference Edge.  The tape reference edge for dimensions specified in 
this section shall be the lower edge as shown in  6-12.  The magnetic coating, with the 
direction of tape travel as shown in figure 6-10, shall be the side facing the observer.  
 
6.16.7.2  Helical Tracks.  Contained in the succeeding subparagraphs are the helical 
tracks attributes. 
 
6.16.7.2.1  Track Widths.  The width of a written track shall be 0.032 mm + 0.002 
(0.0013 in. ± 0.000079) for the B formats and 0.058 mm + 0.002  
(0.0023 in. ± 0.000079) for the E formats.    
 
6.16.7.2.2  Track Pitch.  The distance between the center lines of any two adjacent 
tracks, measured perpendicular to the track length, shall be 0.0404 mm (0.0016 in.) for 
the B formats and 0.0808 mm (0.0032 in.) for the E formats. 
 
6.16.7.2.3  Track Straightness.  Either edge of the recorded track shall be contained 
within two parallel straight lines 0.005 mm (0.0002 in.) apart.  The center lines of any 
four consecutive tracks shall be contained within the pattern of four tolerance zones.  
Each tolerance zone is defined by two parallel lines which are inclined at an angle of 5° 
58' 58.4" basic with respect to the tape edge.  The center lines of the tolerance zones 
shall be spaced 0.0404 mm (0.0016 in.) apart for the B format and 0.0808 mm (0.0032) 
apart for the E format.  The width of the first tolerance zone shall be 0.007 mm 
(0.00028 in.).  The width of tolerance zones two, three, and four shall be 0.011 mm 
(0.0004 in.).  These tolerance zones are established to contain track angle, straightness, 
and pitch errors.   
 
6.16.7.2.4  Gap Azimuths.  The azimuth of the head gaps used for the helical track 
recording shall be inclined at angles of + 6° + 15' to the perpendicular to the helical 
track record (see figures 6-10 and 6-11).  For the E formats and for the first and third 
tracks of every principal block of  the B formats, the recorded azimuth is oriented in the 
clockwise direction with respect to the line perpendicular to the track direction when 
viewed from the magnetic coating side of the tape. For the B formats, the second and 
fourth tracks of each principal block are oriented in the counterclockwise direction.  
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6.16.7.2.5  Track Guard Bands.  The nominal unrecorded guard band between any two 
adjacent helical tracks shall be 0.008368 mm (0.0003 in.) for the B formats and 
0.022737 mm (0.0009 in.) for the E formats.  
 
6.16.7.2.6  Track Angle.  The track angle shall be 5° 58' 58.4". 
 
6.16.7.2.7  Track Length.  The track length shall be 96.619 mm (3.80 in.).  
 
6.16.7.2.8  Physical Recording Density. The maximum physical density of the recording 
shall be 1930 or 3776 flux transistors per millimeter (ftpmm) respectively for the 32 and 
64 Mbps systems.  
 
6.16.7.3  Longitudinal Tracks.  The characteristics of the longitudinal tracks are 
described in the subsequent subparagraphs. 
 
6.16.7.3.1 Servo Track.  The servo track is located along the reference edge of the tape 
as shown in figure 6-12.  The azimuth angle of the servo track head gap shall be 
perpendicular to the recorded track.  The recording of the servo track is composed of a 
recorded pulse (nominally 0.0185 mm (0.0007 in.)) for each principal block on the tape.  
The recording shall achieve full magnetic saturation for at least half the pulse.  The time 
duration of the pulse is determined by the tape speed to yield this physical dimension.  
During the interval between pulses, no magnetic recording occurs on the track.  The 
pulse is timed to begin coincident with the midpoint of the principal block (the data 
channel switches from first to second head).  The physical offset from the longitudinal 
head to the helical heads is shown in figures 6-10, 6-11, and 6-12 as dimension “X.”  
 
6.16.7.3.2.  Filemark Track.  The filemark track is located near the top of the tape as 
shown in figure 6-12.  The azimuth angle of the filemark track head gap shall be 
perpendicular to the recorded track.  The recording of the filemark track is composed of 
a series of pulses located in conjunction with the principal block to be marked.  Each 
filemark is composed of three redundant pulses (nominal 0.005 mm (0.0002 in.)).  The 
three pulses are typically spaced 0.029 mm (0.0011 in.) apart with a maximum span of 
0.09 mm (0.0035 in.) from the beginning of the first to the beginning of the third.  This 
triplet of pulses is for redundancy against tape flaws and on detection are treated as one 
filemark regardless of whether 1, 2, or 3 pulses are detected.  The filemark pulses are 
associated with a specific principal block by initiating the first pulse between 4 to 5.5 
msec after the midpoint of the principal block.  (Data channel switches from first to 
second head.)  
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 Figure 6-12.  Recorded tracks on tape, B format. 
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6.16.8 Tape Cartridge Format.  The physical format of the recording along the length 
of the tape is shown in figure 6-13.  Immediately following the physical beginning of 
tape (PBOT) is an unused portion of tape, followed by the cassette format zone which 
precedes the logical beginning of tape (LBOT).  Principal blocks of user data shall be 
recorded between LBOT and the logical end of tape (LEOT), which precedes the 
physical end of tape (PEOT).  
 

 
 
 
6.16.8.1  Load Point.  The load point is defined as the first point after PBOT accessible 
by the recording system with the tape fully engaged to the scanner.  
 
6.16.8.2  Format Zone.  The format zone begins at the load point, precedes the LBOT, 
and consists of a minimum of 450 principal blocks recorded on the tape.  It provides a 
run up area for the servo systems and principal block identification allowing precise 
location of the LBOT where user data begin. The zone must be prerecorded to prepare 
the cartridge to accept user data. This process involves locating at the load point and 
beginning recording as soon as tape speed servo lock is achieved.  The principal blocks 
recorded are numbered beginning with a negative number and counting up until 
principal block 0 is recorded.  Principal block 0 shall be the last recorded block in the 
format zone.  Principal blocks recorded in the format zone do not contain user data or  
error correction coding (ECC) overhead bytes, but do contain the remaining 
miscellaneous information described in paragraph 6.16.6 and in the helical track data 
format descriptions.  The volume label for the cartridge is irreversibly determined at the 
time the format zone is recorded.  
 
6.16.8.3  Logical Beginning of Tape.  The logical beginning of tape denotes the end of 
the format zone and the point at which principal blocks containing reproducible data 
begin. The first principal block containing useful information shall be assigned the 
number one.  
 
6.16.8.4  Data Zone.  Beginning with principal block 1 at LBOT and continuing through 
to LEOT, the data zone shall be the principal blocks which record user data as well as 
the added miscellaneous information to allow full reproduction and management of the 
data on the tape cartridge.  
 
6.16.8.5  Logical End of Tape.  The logical end of tape is a physical principal block 
count.  The principal block count for the standard ST-160 tape cartridge is 210 333. 
 
 
 

 
Figure 6-13.  Tape cartridge layout. 
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6.16.9 Helical Track Format.  The format for writing data into a single helical track is 
shown in figure 6-14.  The term "bits" refers to actual on tape bit cells.  Each helical 
track begins with a preamble area consisting of 6216 bits of an alternating pattern of 
three 0 bits and three 1 bits for the 32 Mbps system or 9240 bits for the 64 Mbps system.  
This 6-bit pattern is repeated 1036 or 1540 times.  The preamble is followed by a track 
synchronization area.  This area provides for obtaining registration to the track data 
patterns. It is composed of four zones of 732 bits each with an alternating 0 and 1-bit 
pattern that facilitates clock recovery.  Each of these four zones is followed by a 36-bit 
sync pattern.  These sync patterns are described more fully in subparagraph 6.16.9.1.  
The track synchronization area ends with 24 bits of an alternating pattern of three 0 bits 
and three 1 bits.  The central area is where actual user data are recorded in 138 data 
blocks for the 32 Mbps system or 276 data blocks for the 64 Mbps system.  Each data 
block contains 205 5/6 modulation code frames of interleave data for a total of 1230 bits.  
 

Figure 6-14.  Helical Track Format. 
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 This data is followed by a 36-bit sync pattern.  Sync patterns and interleave data are 
more fully described next.  Each helical track ends with a postamble pattern of three 0 bits 
and three 1 bits.  This is the same pattern as the preamble.  Compiling all bits yields an 
overall track total of 186 468 tape bits for the 32 Mbps system and 364 824 tape bits for the 
64 Mbps system.  Since each contains 131 072 or 262 144 user bits, overheads are 29.7 and 
28.1 percent. 
 
6.16.9.1 Sync Patterns.  Each helical track contains 142 or 280 sync patterns as shown in 
figure 6-14.  Four of these are contained in the track sync area with the remaining 138 or 276 
distributed at the end of each data block. These sync patterns provide registration to the bit 
sequence and allow management of bit slips.  The track and data sync consists of 36 bits in 
the form of six 6-bit words.  The first five words are the same for all sync words.  They are 
 
   WORD0 2Ah   WORD3 0Fh 
   WORD1 2Ah   WORD4 2lh 
   WORD2 0Ch 
 
WORD5 defines which sync word is being issued in the following manner: 
 
 Sync Location  Words  Sync Location  Words 
 Track Sync 1 39h  Data Sync 4 2Eh 
 Track Sync 2   35h  Data Sync 5  2Bh 
 Track Sync 3   2Dh  Data Sync 6 2Eh 
 Track Sync 4  1Dh             .   . 
 Data Sync 1 2Bh            .   . 
 Data Sync 2 2Eh Data Sync 279 2Bh 
 Data Sync 3  2Bh Data Sync 280 2Eh 
 
6.16.9.2  Data Blocks.  Each helical track contains 138 or 276 data blocks which record 
the user data as well as miscellaneous information used in locating and managing data on 
the tape cartridge (see figure 6-14).  The construction of these data blocks is performed 
by each channel’s data path electronics.  Figure 6-15 illustrates a typical block diagram of 
a channel data path as described in the following subparagraphs. 
 
6.16.9.2.1  Error Correction Encoding.  An interleaved Reed-Solomon (RS) code is used for 
error detection and correction.  An outer ECC is applied to written data first which is an RS 
(130, 128) for purposes of error detection only.  An inner ECC is subsequently applied which 
is an RS (69, 65) for error detection and correction.  The resulting encoded data is stored in a 
multiple page interleave buffer memory array containing 128 rows by (2x69) or (8x69) 
columns of encoded user data.  For the outer ECC, incoming data is arranged in groups of 
128 bytes each.  The outer ECC encoder appends 2 check bytes to each 128 byte block. For 
the inner ECC, the 130 byte group resulting from the outer ECC is divided into two  65 byte 
blocks.  The first 65 byte block (ECC codewords 1, 3, 5, ...) contains all user data while the 
second 65 byte block (ECC codewords 2, 4, 6, ...) contains 63 bytes of user data with the last 
2 bytes being the check bytes generated by the outer ECC.  The inner ECC encoder appends 
4 check bytes to each 65 byte block. 
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 Figure 6-15.  Typical VLDS data path electronics block diagram. 
 
Operations in the RS encoder are performed using numbers in a finite field (also called 
a Galois field (GF)).  The field used contains 256 8-bit elements and is denoted GF 
(256).  The representation of GF (256) used is generated by the binary degree eight 
primitive polynomials.  
 
 p(x) = x8  +  x4  +  x3  +  x2  +  1    outer ECC 
 p(x) = x8  +  x5  +  x3  +  x   +  1    inner ECC 
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The ECC generator polynomials are 

 G(x) = (x+a24) (x+a25) outer ECC 
 G(x) = (x+1) (x+a) (x+a2) (x+a3) inner ECC 
 
where "a" denotes the primitive element of the field.  
 
6.16.9.2.2  Interleave Buffer.  Encoding data from the two levels of ECC are stored in an 
interleave buffer memory.  The architectures for this memory are shown in figure 6-16.  
This buffer allows interleaving of the encoder data. Interleaving spreads adjacent ECC 
code word bytes within a helical track for the 32 Mbps system to minimize the effect of 
burst error events.  For the 64 Mbps system, interleaving spreads adjacent ECC codeword 
bytes within two helical tracks (two helical tracks per channel per principal block) to 
further minimize burst error effects.  Data to and from the ECC are accessed along 
horizontal rows in the memory matrix.  Data to and from tape are accessed along vertical 
columns in the memory.  Each column in the matrix consists of 128 bytes which will 
constitute one block in the helical track format (see figure 6-14).  
 
6.16.9.2.2.1.  Exchange of Data with ECC.   Addressing of the interleave buffer for 
exchange of data with the ECC for the 32 Mbps systems is 
 
 ECC CODEWORD ADDRESS RANGE (hexadecimal) 
 
  1  0080 to 00C4 
  2  0000 to 0044 
  3  0180 to 01C4 
  4  0100 to 0144 
  5  0380 to 03C4 
 
 ECC CODEWORD  ADDRESS RANGE (hexadecimal) 
 
     6  0200 to 0244 
     .     . 
     .     . 
     .     . 
  253  7E80 to 7EC4 
  254  7E00 to 7E44 
  255  7F80 to 7FC4 
  256  7F00 to 7F44 
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    Figure 6-16.  Interleave buffer architectures. 
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Addressing of the interleave buffer for exchange of data with the ECC for the 64 Mbps 
systems is  
 
 ECC CODEWORD ADDRESS RANGE (hexadecimal) 
 
     1   00000 to 00044 
     2   00400 to 00444 
     3   00800 to 00844 
     .      .     
    
     .      . 
     .      . 
  128   1FC00 to 1FC44 
  129   00080 to 000C4 
  130   00480 to 004C4 
     .      . 
     .      . 
     .      . 
  256   1FC80 to 1FCC4 
  257   00100 to 00144 
  258   00500 to 00544 
     .      . 
     .      . 
     .      . 
  512   1FD80 to 1FDC4 
  513   00200 to 00244 
  514   00600 to 00644 
     .      . 
     .      . 
     .      . 
  1024   1FF80 to 1FFC4 
 
Each codeword is 69 bytes long.  The address increments by hex 001 for each byte in a 
codeword. The first data byte sent to/from the ECC for each helical track is stored in 
location 000. 
 
6.16.9.2.2.2 Exchange of Data To and From Tape.  Addressing of the interleave buffer 
for exchange of data to and from tape for the 32 Mbps system is 
 
DATA BLOCK ADDRESS RANGE (Channel 1) ADDRESS RANGE (Channel 2) 
  1  0000 to 7F00  0022 to 7F22 
  2  0080 to 7F80  00A2 to 7FA2 
  3  0001 to 7F01  0023 to 7F23 
  4  0081 to 7F81  00A3 to 7FA3 
  5  0002 to 7F02  0024 to 7F24 
  6  0082 to 7F82  00A4 to 7FA4 
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DATA BLOCK ADDRESS RANGE (Channel 1) ADDRESS RANGE (Channel 2) 
   .      .       . 
   .      .       . 
   .      .                          . 
  67  0021 to 7F21  0043 to 7F43 
  68  00A1 to 7FA1  00C3 to 7FC3 
  69  0022 to 7F22  0044 to 7F44 
  70  00A2 to 7FA2  00C4 to 7FC4 
  71  0023 to 7F23  0000 to 7F00 
    .      .       . 
    .      .       . 
    .      .       . 
    135  0043 to 7F43  0020 to 7F20 
  136  00C3 to 7FC3  00A0 to 7FA0 
  137  0044 to 7F44  0021 to 7F21 
  138  00C4 to 7FC4  00A1 to 7FA1 
 
Each data block is 128 bytes long.  The address increments by hex 0100 for each byte in a data 
block.  The first byte sent to/from tape for each channel 1 helical track is stored in location 0000.  
The first byte sent to/from tape for each channel 2 helical track is stored in location 0022.  
 
Addressing of the interleave buffer for exchange of data to/from the 64 Mbps system is 
 
 DATA BLOCK  ADDRESS RANGE (hexadecimal) 
  1  00000 to 1FC00 
  2  00080 to 1FC80 
  3  00100 to 1FD00 
  4  00180 to 1FD80 
   .        . 
   .        . 
  8   00380 to 1FF80  
  9   00001 to 1FC01 
              10   00081 to 1FC81 
   .  . 
   .  . 
   .  . 
       275  00122 to 1FD22 
                 276  001A2 to 1FDA2 
         1’  00222 to 1FE22 
         2’  002A2 to 1FEA2 
         3’  00322 to 1FF22 
         .  . 
         .  . 
         .  . 
         8’  001A3 to 1FDA3 
         9’  00223 to 1FE23 
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 DATA BLOCK  ADDRESS RANGE (hexadecimal) 
       10’  002A3 to 1FEA3 
   .  . 
   .  . 
   .  . 
     275’  00344 to 1FF44 
     276’  003A4 to 1FFA4     
 
Each data block is 128 bytes long.  The address increments by hex 0400 for each byte in 
a data block.  The first byte sent to or from tape for both channels  is stored in location 
00000.  The interleave buffer extends across both helical tracks in a principal block for 
each channel, thus the data block number “n” refers to the data block in the first helical 
track of the principal block and the data block number “n’ ” denotes the data block 
number in the second helical track of the principal block.   
 
6.16.9.2.3  8 to 5 Conversion.  Data being moved from the interleave buffer to tape is read 
from the memory in 8-bit bytes and is immediately converted to 5-bit groups in preparation 
for modulation coding.  During reproduction this conversion occurs in reverse fashion.  The 
algorithm for conversion is detailed in Metrum Document Number 16829019.  
 
6.16.9.2.4  Miscellaneous Information Inclusion.  Each data block in the helical track 
includes one additional bit added to the data set prior to modulation coding.  Each data 
block removed from the interleaved buffer memory consists of 128 bytes of ECC encoded 
user data totaling 1024 bits. Conversion from 8-bit bytes to 5 bit groups results in 204 
groups plus 4 bits.  A miscellaneous information bit is added to each data block as the 
1025th bit to complete 205 full 5-bit groups.  Miscellaneous information is currently 
defined only in the first helical track of each principal block.  The remaining three helical 
tracks (1 in the E format) contain no defined miscellaneous bits and are reserved for future 
expansion.  Any reserved miscellaneous information bits shall be recorded as 0 bits.  The 
defined purposes of miscellaneous information bits in the first helical track of each 
principal block are 
 
 DATA BLOCK   MISCELLANEOUS BIT DEFINITION 
 1 to 20 inclusive  First copy of 20-bit principal block number:  
     2s complement binary; least significant bit in 
     data block 1; most significant bit in data  
     block 20. 
 
 21 to 40 inclusive Second copy of 20-bit principal block  
     number:  2s complement binary; least  
     significant bit in data block 21; most  
     significant bit in data block 40. 
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 DATA BLOCK   MISCELLANEOUS BIT DEFINITION 
 41 to 60 inclusive Third copy of 20-bit principal block number: 
     2s complement binary; least significant bit in  
     data block 41; most significant bit in data  
     block 60. 
 
 61 to 76 inclusive Volume label: 16-bit binary; least significant  
     bit in data block 61; most significant bit in  
     data block 76. 
 
 77 to 80 inclusive Revision number:  4-bit code; value at time of  
     writing is 0001 (1h).  
 
 81 to 84 inclusive 4-bit tape information code as follows:  
      81 bit = 0 denotes all helical data was  
    input as user digital data.  
    81 bit = 1 denotes input data stream    
       to each channel.  The ECC    
       was 15 bytes of user digital    
      data beginning with first    
     byte plus 1 inserted byte 
    from a different source in a  
    repeating fashion.  This bit  
    must be uniformly set for  
    the entire cartridge  
    including the format zone.   
    It is used to support 
     mixing of digitized analog  
    data into the digital  
    stream and separation on  
    reproduction. 
 
    82 bit = 0 denotes cartridge size is  
    ST-120 for purposes of  
    determining LEOT.  This  
    bit must be set for the  
    entire cartridge including  
    the format zone.  
 
    82 bit = 1 denotes cartridge size is  
    ST-160 for purposes of  
    determining LEOT.  This  
    bit must be set uniformly  
    for the entire cartridge  
    including the format zone.  
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  DATA BLOCK   MISCELLANEOUS BIT DEFINITION 
    83 and 84   Reserved for additional 
     tape information coding. 
 
 85 to 138 or 276 inclusive   Reserved for future expansion 
 
6.16.9.2.5  Modulation Code.  Data is encoded using a 5/6 modulation code that has a 
spectral null at dc.  The coding algorithm employed has a code word digital sum (CWDS) 
maximum of + 2 with a maximum run length of 6 bits.  The 205 5-bit groups resulting 
from the 8 to 5 conversion (including the inserted miscellaneous bit) undergo this coding 
to form the final 5/6 code frames that are physically recorded  in the data blocks of the 
helical track format.  The algorithm for coding is detailed in Metrum Document Number 
16829019.                                                   
 
6.17 Multiplex/Demultiplex (MUX/DEMUX) Standards for Multiple Data 
Channel Recording on ½ Inch Digital Cassette (S-VHS) Helical Scan 
Recorder/Reproducer Systems. 
 
 For recording and reproducing multiple channels on 1/2 Inch Digital Cassette (S-
VHS) Helical Scan Recorders, the Asynchronous Real-time Multiplexer and Output 
Reconstructor (ARMOR) multiplex/demultiplex format is recommended. The ARMOR 
data format is an encoding scheme that may be used to multiplex multiple asynchronous 
telemetry data channels into a single composite channel for digital recording, 
transmission, and subsequent demultiplexing into the original constituent channels. 
 
6.17.1  General.  Data types supported by the ARMOR format are PCM, analog, decoded 
IRIG time, and 8-bit parallel.  MIL-STD-1553 data is encoded into an IRIG 106 Chapter 
8 serial PCM stream prior to multiplexing into the ARMOR format. Voice channels are 
encoded in the same way as all other analog channels.  The composite channel is 
formatted into fixed bit-length, variable word-length frames. A constant aggregate bit rate 
and a fixed frame bit-length are established for each multiplex by an algorithm that is 
dependent on the number, type, and rate of the input channels.  The aggregate bit rate and 
frame bit length result in a fixed frame rate for each multiplex. The ARMOR encoding 
scheme captures the phase of each input channel relative to the start of each composite 
frame.  The demultiplexing process may then use the captured phase information to align 
the reconstruction of the constituent channels relative to a reproduced constant frame 
rate.  
 
6.17.2  Setup Block Format.  In addition to defining the organization of the frames 
containing the multiplexed data, the ARMOR format incorporates the definition of a 
“setup block” that contains the parameters necessary to demultiplex the associated data 
frames.  The setup block is included in the composite stream at the start of each recording 
to preserve with the data the information necessary to decode the data.  Appendix L 
defines the setup block format and content. 
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6.17.3  Multiplexer Format.  The definition of the ARMOR multiplex format has two  
parts.  The frame structure definition describes the organization of the composite data 
frame which changes from one multiplex to the next.  The channel coding definition 
describes the encoded data word format for each data type, which is the same for all 
multiplexers. 
 

Step 1 2 3 4 5 6 7 
      1 2 … m   1 2 … m   
1 2 3 4               

Sync Filler 

(or time 
code) 

PCM Channel 
Blocks 

Filler PAR Channel 
Blocks 

Filler 

 Figure 6-17.  The steps of the build process. 

 
6.17.3.1  Frame Structure.  The sequence of steps used to establish the multiplexed frame 
structure, shown in Figure 6-17, is explained in Table 6-18 below.  The process involves 
putting the sync, PCM, parallel ( PAR), time code, and analog channels into a frame.  
The filler blocks may consist of either constant (hex FF) bytes or analog samples, 
depending upon the constituent input channel mix. The PCM Sample Start Bit Point and 
the Parallel Sample Start Bit Point are based on calculations of the master oscillator, 
pacer, and the bit rate of the slowest PCM and word rate of the slowest parallel channels 
respectively. The pacer is a clock pulse that is programmed to a multiple of the fastest 
analog channel sample rate.  These calculations assure that the first word of the slowest 
PCM channel or the first word of the slowest parallel channel are not placed too early in 
the composite frame.  If necessary to satisfy these Start Bit Point calculations, filler in the 
form of analog channel words or hex FF, if no analog words are available, is used to 
force the first PCM or PAR word later in the composite frame.  Compatibility with 
specific legacy versions of the format requires the use of the appropriate equations, which 
are embodied in a software program, refer to Calculex Part No. 199034-00022. 
 

                                                
2Part Number 199034-0002, available from CALCULEX, Inc., P.O. Box 339, Las 

Cruces, NM 88004 or by email to info@calculex.com. 
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6.17.3.2  Pacer Divisor Calculation.  The number of analog samples per ARMOR frame 
for each analog channel must be evenly divisible into the number of bits per ARMOR 
frame.   The initial bits per ARMOR frame are calculated to minimize the aggregate bit 
rate of the composite.    

TABLE 6-12.  SCANLIST BUILD STEPS 

  (Reference scanlist in Figure 6-17) 
Step #1 Sync The Sync is made up of four bytes of 8 bits totaling 32 

bits: FE 6B 28 40 
Step #2 Time Code If time code exists, it is placed after the sync in three 

words of bit length 24, 24, and 16.  Multiple time 
codes are placed in ascending hardware sequence, as 
identified in the setup block. 

Step #3 Filler (PCM Start 
Bit) 

If required, either filler or analog channels are placed 
next, depending on the calculation of the PCM Sample 
Start Bit Point.  If no analog (or voice) channels are 
included in the multiplex, hex value “FF” filler is 
inserted in the frame as required to satisfy the PCM 
Sample Start Bit Point calculation.  When analog 
channels are part of the multiplex, analog words are 
used in place of hex FF filler to minimize the 
formatting overhead. 

Step #4 PCM Channels The PCM channels are placed next in ascending order 
of speed with the slowest channel first.  Multiple 
channels at the same speed are placed in ascending 
hardware sequence, as identified in the setup block. 

Step #5 Filler (PAR Start 
Bit) 

If required, either filler or analog channels are placed 
next, depending on the calculation of the PAR Sample 
Start Bit Point.  If no analog (or voice) channels are 
included in the multiplex, hex FF filler is inserted in 
the frame as required to satisfy the PAR Sample Start 
Bit Point calculation.  When analog channels are part 
of the multiplex, any remaining analog words that 
were not inserted in the frame at step 3 are used in 
place of hex FF filler to minimize the formatting 
overhead channel. 

Step #6 PAR Channels The PAR channels are placed next in ascending order 
of speed with the slowest channel first.  Multiple 
channels at the same speed are placed in ascending 
hardware sequence, as identified in the setup block. 

Step #7 Filler (Analog 
Channels) 

All remaining analog words which have not been used 
for filler in steps 3 and 5 are placed next, followed by 
any additional filler required to satisfy the pacer 
divisor calculation. 
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 Filler is then added to satisfy the divisibility rule to set the pacer clock speed.  This 
step is referred to as the pacer divisor calculation, since the pacer itself is derived from 
the same master oscillator as the aggregate bit rate clock. 
 
6.17.3.3  ARMOR Channel Coding.  Each input data channel is encoded into 8-, 12-, 16-, 
or 24-bit words, depending on the type of channel.   The bit length of an ARMOR frame 
is always an integer multiple of eight, so 12-bit words must occur an even (multiple of 
two) number of times within each frame.  The data within a frame is serially concatenated 
most significant bit first. Table 6-19, which is an example of an ARMOR frame with two 
analog, one parallel, four PCM, and one time code channel, is referenced in the following 
descriptions. 

 

 

TABLE 6-13.  SAMPLE ARMOR FRAME

Frame Item Description Words/Frame Bits/Word
Sync Pattern X'FE6B2840' 1 32
Time Code Ch #1 Encoded Time 2 24
Time Code Ch #1 Encoded Time 1 16
Filler X'FF' 7 8
PCM Ch #1 Encoded User Data 130 16
PCM Ch #2 Encoded User Data 162 16
PCM Ch #3 Encoded User Data 226 16
PCM Ch #4 Encoded User Data 321 16
Analog Ch #1 Encoded User Data 100 12
Analog Ch #2 Encoded User Data 20 12
Parallel Ch #1 Encoded User Data 2 16
Parallel Ch #1 Encoded User Data 260 8  

 

6.17.3.4  Sync Pattern.  All ARMOR frames begin with the fixed 32-bit sync pattern 
hexadecimal  FE6B2840. 
 
6.17.3.5  Time Code Channels.  When time code channels are present in an ARMOR 
multiplex, their data words always immediately follow the sync pattern or another time 
code channel.  Time is encoded as 64 bits in two 24-bit words and one 16-bit word.  
Table 6-20 defines the individual bits of the time code words.  The encoded time is the 
time at the start of the ARMOR frame. 
 
   D  Day Of Year 
   H  Hour of Day 

M  Minutes past the Hour 
   S  Seconds past the Minute 
   MS  Milliseconds past the Second 

HN Hundreds of Nanoseconds past the Millisecond 
   SE  Sync Error (Time code decoding error) 
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   NT  No Time Code (input signal detect fail) 
   0  Always Zero 
 

    

BIT WORD1 WORD2 WORD3
23 D9 0
22 D8 S6
21 D7 S5
20 D6 S4
19 D5 S3
18 D4 S2
17 D3 S1
16 D2 S0
15 D1 SE 0
14 D0 NT 0
13 0 0 HN13
12 H5 0 HN12
11 H4 MS11 HN11
10 H3 MS10 HN10
9 H2 MS9 HN9
8 H1 MS8 HN8
7 H0 MS7 HN7
6 M6 MS6 HN6
5 M5 MS5 HN5
4 M4 MS4 HN4
3 M3 MS3 HN3
2 M2 MS2 HN2
1 M1 MS1 HN1
0 M0 MS0 HN0  

 
 
6.17.3.6  PCM Channels.  User PCM data is encoded into 16-bit words.  The number of 
16-bit words (per channel) in each frame is approximately two percent greater than the 
number required to store the user data during the frame time period.  These overhead 
words are included to compensate for minor variations in user data clock rates.  In order 
to record the number of allocated frame bits which actually contain user data, the first 
two 16-bit words are redundant copies of a bit count.  In Figure 6-19, PCM Channel #1 
has 130 words: two count words and 128 data words.  The bit count in either one of the 
redundant count words records the number of bits in the 128 data words that are actually 

TABLE 6-14. 

 TIME CODE  WORD  FORMAT 
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user PCM data (most significant bit first). All remaining bits are filler.  The first user data 
bit in the most significant bit location of the third channel word (the first data word 
following the redundant count words) was the first bit to be received after the start of 
qqthe ARMOR  frame. 
 
6.17.3.7  Analog Channels.  Analog data is digitized into either 8-bit or 12-bit samples 
using offset binary notation (a sample of X’00’ or X’000’ is the largest negative value).  
No overhead words or bits are included with analog channel data because input sampling 
is synchronous to the start of the ARMOR frame.  The first sample of each channel was 
captured at frame start time with all remaining samples evenly spaced throughout the 
frame time.  Note that the location of the analog channel words within the composite 
ARMOR frame has no correlation with the time between the start and end of the frame 
when the analog samples were captured (digitized).  The first sample of the 100 Analog 
Channel #1 words and the first sample of the 20 Analog Channel #2 words in Figure 6-19 
were both captured (digitized) at the same instant in time, which was the frame start time.   
Voice is a special case of an analog channel in that it is always 8-bit samples. 
 
6.17.3.8  Parallel Channels.  The encoding of parallel input channels is very similar to 
PCM encoding.  Approximately two percent more than the minimum number of words 
necessary to store the user data during one ARMOR frame period are allocated to each 
parallel channel.  The first two 16-bit words of each channel are redundant count words 
that record the actual number of allocated data words that contain user data.  The 
remaining allocated words contain filler.  Figure 6-19 has two entries for Parallel Channel 
#1.  The first entry shows the two (redundant) 16-bit count words and the second entry 
shows the number of allocated 8-bit data words for the channel.  The number of 8-bit data 
words that contain user data is determined by examining either of the two count words.  
The first data word for each parallel channel was the first word received after the start of 
the ARMOR  frame. 
 
6.17.4  ARMOR Format Compatibility.  Compatibility with the ARMOR format can be 
divided into two distinct cases.  In the first case, the user is playing back a legacy tape 
(made with legacy multiplexer hardware and software) on non-legacy demultiplexer 
hardware and software.  In the second case, the user is creating a tape on non-legacy 
multiplexer hardware and software for future playback by legacy demultiplexer hardware 
and software. 
 
 In the first case, the legacy tape contains a setup block (see Section 6.17.2 above) at 
the start of the recording.  The setup block contains the information necessary for the user 
to demultiplex the data records on the tape.   The bit rate field in the setup block header 
section specifies the rate at which the legacy recording was generated. The saved scanlist 
field in the setup block trailer section specifies the exact sequence and size of the sync, 
data, and filler words in the recording. 
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 In the second case, the user must first generate an ARMOR setup block at the start 
of the recording. Subsequent data records must then be formatted in accordance with the 
specification in the setup block. Setup Block creation is described in  
appendix L. 
 
6.17.5  ARMOR Format Validation.  The CALCULEX, Inc. ARMOR Format 
Verification Program (AFVP) may be used to determine if an independently generated 
multiplex is compatible with existing legacy hardware.  The AFVP reads the setup block 
(see Section 6.17.2. above) from the data set under test and validates the data set frame 
structure.  Please refer to IRIG 118, Vol III.   The AFVP may be obtained from 
CALCULEX. 3 
 
 

                                                
3 Part Number 198007-0001 may be obtained from CALCULEX, Inc. P.O. Box 

339, Las Cruces, NM 88004 or by email request to info@calculex.com. 
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CHAPTER 7 
 
 

MAGNETIC TAPE STANDARDS 
 
 
7.1 General 
 
 These standards define terminology, establish key performance criteria, and 
reference test procedures for longitudinally-oriented oxide, unrecorded magnetic tape 
designed for instrumentation recording1, and reference specifications for 19 mm (0.75 in) 
cassettes designed for digital helical scan recording and S-VHS cassettes designed for 
12.65 mm (1/2 in) digital helical scan recording.  Classes of instrumentation recording 
tapes include High Resolution (HR) tapes used for wide band recording, High Density 
Digital (HDD) tapes used for high density digital PCM recording, and High Energy (HE) 
tapes used for double density recording.  Coercivities of HR and HDD tapes are in the 
range of 275 to 350 oersteds.  High energy tapes have coercivities of 600 to 800 
oersteds.  Nominal base thickness is 25.4 Tm (1.0 mil) and nominal coating thickness is 5 
Tm (200 microinches) for all tapes.  Where required, limits are specified to standardize 
configurations and to establish the basic handling characteristics of the tape.  Limits 
placed on the remaining requirements must be determined by the tape user in light of the 
intended application and interchangeability requirements imposed on the tape (see table 
7-4 for examples of suggested requirement limits). 
 
7.2 Definitions 
 
 Underlined terms appearing within definitions indicate that these terms are defined elsewhere 
in paragraph 7.2.  For the purpose of this standard, the following definitions apply. 
 
7.2.1  Back Coating.  A thin coating of conductive material (for example, carbon) bonded to 
the surface of a magnetic tape opposite the magnetic-coated surface for reducing electrostatic 
charge accumulation and for enhancing high-speed winding uniformity.  Resistivity of the back 
coating should be 1 megohm per square or less, whereas the oxide-coated magnetic surface 
resistivity is much higher (also see magnetic oxide coating). 
 
7.2.2  Base.  The material on which the magnetic oxide coating (and back coating, if 
employed) is applied in the manufacture of magnetic tapes.  For most applications, 
polyester-base materials are currently employed. 
 
                                                
 
    1Federal Specifications W-T-1553A and W-R-175 may be used to replace 
paragraphs contained in this chapter where applicable.  High output and HDD tapes 
are not included in the Federal Specifications.  Other standards are referenced in 
paragraph 1.0, appendix D. 
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7.2.3  Bias Level.  The level of high frequency ac bias current or voltage in a direct 
record system needed to produce a specified level of an upper band edge (UBE) 
frequency sine-wave signal at a particular tape speed.  Usually adjusted to produce 
maximum output or increased beyond maximum to depress the output 2 dB. 
 
7.2.4  Bi-Directional.  Ability of a magnetic tape to record and to reproduce a specified 
range of signals within specified tolerances of various characteristics when either end of the 
tape on the reel is used as the leading end. 
 
7.2.5  Binder.  Material in which the magnetic oxide particles or back-coating particles 
are mixed to bond them to the base material. 
 
7.2.6  Blocking.  Failure of the magnetic coating to adhere to the base material because 
of layer-to-layer adhesion in a wound tape pack. 
 
7.2.7  Center Tracks.  On a recorded tape, center tracks are those which are more than 
one track distance from either edge of the tape, for example, tracks 2 through 13 of a 
14-track tape or tracks 2 through 27 of a 28-track tape. 
 
7.2.8  Dropout.  A reproduced signal of abnormally low amplitude caused by tape 
imperfections severe enough to produce a data error.  In digital systems, dropouts 
produce bit errors. 
 
7.2.9  Edge Tracks.  The data tracks nearest the two edges of a recorded magnetic tape, 
for example, tracks 1 and 14 of a 14-track tape. 
 
7.2.10  Erasure.  Removal of signals recorded on a magnetic tape to allow reuse of the tape or 
to prevent access to sensitive or classified data.  Instrumentation recorders and reproducers do 
not usually have erase heads, so bulk erasers or degaussers must be employed. 
 
7.2.11  E-Value.  The radial distance by which the reel flanges extend beyond the 
outermost layer of tape wound on a reel under a tape tension of 3.33 to 5.56 newtons 
(12 to 20 ounces of force) per inch of tape width.  Inadequate E-value may prohibit the 
use of protective reel bands. 
 
7.2.12  High-Density Digital Magnetic Tape.  Instrumentation magnetic tape with 
nominal base thickness of 25.40 Tm (1 mil) and coercivity of 275 to 350 oersteds used to 
record and reproduce high-density digital (PCM) signals with per-track bit densities of 
590 b/mm (15 kb/in.) or greater. 
 
7.2.13  High-Energy Magnetic Tape.  Magnetic tapes having coercivity of 600 to 800 
oersteds and nominal base thickness of 25.4 Tm (1 mil) used for double density analog 
recording and high-density digital recording above 980 b/mm (25 kb/in.).  
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7.2.14  High-Resolution Magnetic Tape.  Instrumentation magnetic tape used for 
recording on wide band recorder and reproducer systems.  The HR and HDD tapes may 
have identical coatings and coercivities (275 to 350 oersteds) but differ in the extent and 
type of testing conducted by the manufacturer. 
 
7.2.15  Layer-to-Layer Signal Transfer (Print Through).  Transfer of a signal to a layer 
of a wound magnetic tape originating from a signal recorded on an adjacent layer of tape 
on the same reel.  Saturation-level recorded signals and tape storage at elevated 
temperatures are likely contributors to this effect. 
 
7.2.16  Magnetic Oxide Coating.  Material applied to a base material to form a magnetic 
tape.  The magnetic oxide coating contains the oxide particles, the binder, and other 
plasticizing and lubricating materials necessary for satisfactory operation of the magnetic 
tape system (also see back coating). 
 
7.2.17  Manufacturer's Centerline Tape.  A tape selected by the manufacturer from his 
production, where the electrical and physical characteristics are employed as reference standards 
for all production tapes to be delivered during a particular contractual period.  Electrical 
characteristics include, but are not limited to, bias level, record level, output at 0.1 UBE, and 
wavelength response.  The MCTs are not usually available for procuring agency use. 
 
7.2.18  Manufacturer's Secondary Centerline Tape.  A tape selected by a manufacturer 
from his production and provided in lieu of an MCT.  On the MSCT, the electrical 
characteristics may depart from the MCT characteristics, but calibration data referenced 
in the MCT are provided.  All other characteristics of the MSCT are representative of 
the manufacturer's product. 
 
7.2.19  Modulation Noise.  Noise riding on a reproduced signal that is proportional to 
the amplitude of the recorded signal (below saturation) and results from tape-coating 
irregularities in particle size, orientation, coercivity, and dispersion. 
 
7.2.20  Record Level.  The level of record current or voltage required to achieve a 
specified reproduce output level with bias level previously set to the correct value.  In 
direct record systems, standard record level is the level 
of a 0.1 UBE frequency signal required to produce 1 percent third harmonic distortion in 
the reproduced output signal because of tape saturation. 
 
7.2.21  Scatterwind.  Lateral displacements of tape wound on a reel which gives an irregular 
appearance to the side surfaces of a tape pack.  Scatterwind can result from such things as 
poorly controlled tape tension, guiding, static electrical charge, and poor tape slitting. 
 
7.2.22  Shedding.  Loss of magnetic coating from tape during operation on a tape 
transport.  Excessive shedding causes excessive dropout. 
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7.2.23  Short Wavelength Output Uniformity.  A measure of high-frequency reproduce 
signal amplitude uniformity caused by oxide coating variations. 
 
7.2.24  Upper Band Edge.  The highest frequency that can be recorded and reproduced 
at a particular tape speed in the direct record mode.  The UBE signals are used in setting 
bias level; 0.1 UBE signals are used to set record level. 
 
7.2.25  Wavelength Response.  The record and reproduce characteristic of a magnetic 
tape which depends on tape formulation, coating thickness, and other tape physical 
parameters and is a function of the wavelength recorded on the tape (tape speed divided 
by signal frequency) rather than the actual frequency recorded. 
 
7.2.26  Working Length.  Length of tape usable for reliable recording and reproduction 
of data.  Actual tape length on a reel exceeds the working length to provide for tape start 
and stop at each end of the reel without loss of data. 
 
7.2.27  Working Reference Tape.  A tape or tapes of the same type as an MCT or MSCT 
selected by the user and calibrated to the MCT or MSCT.  The working reference tapes 
(WRT) are employed in conducting tests on tape types during a procurement activity and for 
aligning and testing recorder and reproducer systems to minimize running the MCT or MSCT. 
 
7.3 General Requirements for Standard Instrumentation Tapes and Reels 
 
      The following subparagraphs describe the requirements for tapes and reels. 
 
7.3.1  Reference Tape System.  To establish a set of test procedures which can be 
performed independently and repeatably on different manufacturers' tape transports, a 
centerline reference tape system employing Manufacturer's Centerline Tapes (MCT), 
Manufacturer's Secondary Centerline Tapes (MSCT) or Working Reference Tapes 
(WRT) as required, should be used.  The reference tape system provides a centerline 
tape against which tape or tape recorder specifications may be tested or standard tapes 
for aligning operational recorders. 
 
7.3.1.1  Manufacturer's Centerline Tape.  The electrical characteristics provided for a 
manufacturer's centerline tape include, but are not limited to, bias level, record level, wavelength 
response, and output at 0.1 UBE wavelength.  The physical characteristics of the MCT shall 
also represent the manufacturer's production and shall be representative of all production tape 
delivered during any resultant contractual period (see subparagraph 7.2.17). 
 
7.3.1.2  Manufacturer's Secondary Centerline Tape.  On the MSCT, the electrical 
characteristics are calibrated to the manufacturer's reference tape, and calibration data 
are supplied with the MSCT.  The physical characteristics of the MSCT shall represent 
the manufacturer's production (see subparagraph 7.2.18). 
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7.3.1.3  Working Reference Tape.  Working reference tapes shall be of the same type as 
those under procurement or test and shall be used in place of a MCT or MSCT  for all 
applicable test procedures  (see subparagraph 7.2.27). 

 
    The MCT or MSCT shall be a full-length tape of 25.4 mm (1 in.) 
width, wound on a 266.7 mm (10 1/2 in.) or 355.6 mm (14 in.) reel or 
as designated by the tape user.  The center one-third of the working 

tape length shall be used as the calibrated working area. 
 
 

7.3.1.4  Test Recorder and Reproducer.  A laboratory quality test recorder shall be 
designated for use with the reference tape system during any magnetic tape procurement 
and test program.  The recorder selected shall meet the requirements in chapter 6. 
 
7.3.1.5  MCT/MSCT/WRT Use.  Using MCT or MSCT as a reference, the tape user 
performs all tests necessary to determine if the manufacturer's centerline performance 
values meet operational and recorder requirements.  All acceptable centerline tapes are 
retained by the tape user as references in subsequent acceptance test procedures 
performed in support of resultant contracts or contractual periods.  A working reference 
tape, which has been calibrated to an MCT or MSCT, is used as the actual working 
reference in the applicable testing procedures outlined in volume III, RCC document 
118.  Dropout tests should use a tape other than the MSCT or WRT. 
 
7.3.2  Marking and Identifying.  See Federal Specification W-T-1553A. 
 
7.3.3  Packaging.  Specified by user. 
 
7.3.4  Winding.  The tape shall be wound on the reel or hub with the oxide surface facing 
toward the hub ("A" wind).  The front of the wound reel is defined as that flange visible when 
viewing the tape reel with the loose end of the tape hanging from the viewer's right. 
 
7.3.5  Reels and Hubs.  Reels and hubs shall conform to the tape user specified 
requirements of Federal Specification W-R-175 (also see appendix D). 
 
7.3.6  Radial Clearance (E-Value).  For all tape lengths, use 3.175 mm  
(0.125 in.) (see subparagraph 7.2.11). 
 
7.3.7  Flammable Materials.  Flammable materials shall not be a part of the magnetic 
tape.  Flammable materials will ignite from a match flame and will continue to burn in a 
still carbon dioxide atmosphere. 
 
7.3.8  Toxic Compounds.  Compounds which produce toxic effects in the environmental 
conditions normally encountered under operating and storing conditions as defined in 
subparagraph 7.4.2 shall not be part of the magnetic tape.  Toxicity is defined as the 
property of the material which has the ability to do chemical damage to the human body. 

NOTE
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 Highly toxic or corrosive compounds produced under conditions of extreme heat shall 
be identified and described by the manufacturer. 
 
7.4 General Characteristics of Instrumentation Tapes and Reels 
 
 The following subparagraphs describe the general characteristics for tapes and reels. 
 
7.4.1  Dimensional Specifications.  Magnetic tape shall be supplied on flanged reels in the 
standard lengths, widths, and base thicknesses outlined in table 7-1.  Reel and hub 
diameters are taken from Federal Specification W-R-175. 
 

 

TABLE 7-1.  TAPE DIMENSIONS 
 

Tape Width millimeters inches 
   
 25.4 +0 -0.10 1.000 +0 -0.004 
   

Tape Thickness millimeters     inches  
   

Base Material       0.025         0.0010 Nominal1 
Oxide Thickness       0.005         0.0002 Nominal 

 
 Tape Length by Reel Diameters (reels with 76 mm  
              (3 in.) center hole) 
   

Reel Diameter Nominal Tape Length2 Minimum True Length3 
   

266 mm  (10.5 in.) 1100 m    (3600 ft) 1105 m  (3625 ft) 
   "     "        "     " 1400 m    (4600 ft) 1410 m  (4625 ft) 

   
356 mm  (14.0 in.) 2200 m    (7200 ft) 2204 m  (7230 ft) 
   "     "        "     " 2800 m    (9200 ft) 2815 m  (9235 ft) 

   
381 mm  (15.0 in.) 3290 m  (10 800 ft) 3303 m (10 835 ft) 

   
408 mm  (16.0 in.) 3800 m  (12 500 ft) 3822 m (12 540 ft) 

                                                
 1 Actual tape base material thickness slightly less because of manufacturing 
conventions. 
 2Original dimensions are in feet.  Metric conversions are rounded for  
convenience. 
 3Tape-to-flange radial clearance (E-value) is 3.18 mm (0.125 in.). 
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7.4.2  Environmental Conditions.  The tape shall be able to withstand, with no physical 
damage or performance degradation, any natural combination of operating or non-
operating conditions as defined in subparagraphs 7.4.2.1 and 7.4.2.2. 
 
7.4.2.1  Tape Storing Conditions.  Magnetic tape is subject to deterioration at 
temperature and humidity extremes.  In some cases the damage is reversible, but 
irreversible damage may occur, especially with long-term storage in unfavorable 
conditions. 
 
7.4.2.2  Operating Environment.  Recommended limits: 
 
 Condition  Range 
 
 Temperature: 4 to 30 oC (40 to 85 oF) 
 
 Humidity:  20 to 60 percent relative humidity (RH)  
  noncondensing 
 
 Pressure:  Normal ground or aircraft operating altitude  
  pressures.  For very high altitudes, tape users  
  should consult with manufacturers to determine 
  if tape and recorder compatibility is affected by  
  low atmospheric pressure. 
 

(1) Binder/oxide system tends to become sticky and unusable above 50 
oC (125 oF). 
(2) At low humidities, tape binder and oxide system tends to dry out, 
and oxide and binder adhesion can be unsatisfactory.  Brown stains    

  on heads may appear below 40 percent RH. 
(3) At high humidities, abrasivity is increased and other performance problems may 
arise. 

 
7.4.2.3  Non-operating Environment.  Temperature and Relative Humidity. 
 
 Short Term - 0 to 45 °C (32 to 115 °F) and 10 to 70 percent RH 
 noncondensing 
 
 Long Term - 1 to 30 oC (33 to 85 oF) and 30 to 60 percent RH  
 noncondensing 
 

Experience has shown that with long exposure to temperatures 
below freezing, lubricants and plasticizers tend to migrate out of the 
oxide coating resulting in poor  lubrication and gummy surface 
deposits. 

 

NOTE

 

NOTE

 



 

 

 
 7-8 

7.4.3  Other Characteristics.  Storage life, bi-directional performance, frictional vibration, 
and scatterwind characteristics shall conform to Federal Specification W-T-1553[SH] 
unless otherwise specified by the tape user  
at the time of purchase. 
 
7.5 Physical Characteristics of Instrumentation Tapes and Reels 
 
 As specified in Federal Specification W-T-1553A and W-R-175. 
 
7.6 Instrumentation Tape Magnetic and Electrical Characteristics 
 
 The following subparagraphs describe required magnetic and electrical tape 
characteristics. 
 
7.6.1  Bias Level.  The bias level (see subparagraph 7.2.3) required by the magnetic tape 
shall not differ from the bias level requirements of the reference tape by more than the 
amount specified by the tape user.  The test procedure outlined in subparagraph 7.3.1, 
Bias Level,  volume III of RCC document 118 shall be used to determine compliance 
with this requirement. 
 
7.6.2  Record Level.  The record level (see subparagraph 7.2.20) required by the 
magnetic tape shall not differ from the record level requirements of the reference tape by 
more than the amount specified by the tape user.  The test procedure outlined in 
subparagraph 7.3.2, Record Level, volume III of RCC document 118 shall be used to 
determine compliance with this requirement.  
 
7.6.3  Wavelength Response.  The output of the magnetic tape, measured at the 
wavelength values listed in table 7-2, Measurement Wavelengths, shall not differ from 
the output of the reference tape by more than the amounts specified by the tape user.  
Wavelength response requirements shall be specified in terms of output after having 
normalized the output to zero decibels at the 0.1 UBE wavelength.  The test procedure 
outlined in subparagraph 7.3.3, Wavelength Response and Output at 0.1 Upper Band 
Edge Wavelength, volume III of RCC document 118 shall be used to determine 
compliance with this requirement (see table 7-4A, Suggested Wavelength Response 
Requirements). 
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TABLE 7-2.  MEASUREMENT WAVELENGTHS 
 

 
High-Resolution and HDD Tape 

 

 
High-Energy Tape 

 Tm (mils) Tm (mils) 
 

 3810.00 (150.000) 254.00 (10.000) 
 254.00 (10.000) 25.40 (1.000) 
 25.40 (1.000) 12.70 (0.500) 
 6.35 (0.250) 6.35 (0.250) 
 3.18 (0.125) 3.18 (0.125) 
 2.54 (0.100) 2.54 (0.100) 
 2.03 (0.080) 1.52 (0.060) 
 1.52 (0.060) 1.02 (0.040) 
  0.76 (0.030) 

 
 
7.6.4  Output at 0.1 UBE Wavelength.  The wavelength output of the magnetic tape 
shall not differ from the 0.1 UBE wavelength of the reference tape by more than the 
amount specified by the tape user.  The test procedure outlined in subparagraph 7.3.3, 
Wavelength Response and Output at 0.1 Upper Band Edge Wavelength, volume III of 
RCC document 118 shall be used to determine compliance with this requirement. 
 
7.6.5  Short Wavelength Output Uniformity.  The short wavelength output of the magnetic 
tape shall be sufficiently uniform that a signal recorded and reproduced throughout the 
working tape length in either direction of longitudinal tape motion shall remain free from 
long-term amplitude variation to the extent specified by the tape user.  The test procedure 
outlined in subparagraph 7.3.4, Short Wavelength Output Uniformity, volume III of RCC 
document 118 shall be used to determine compliance with this requirement. 
 
7.6.6  Dropouts.  The instantaneous nonuniformity (dropout) output of a recorded 
signal, caused by the magnetic tape, shall not exceed the center-track and edge-track 
limits specified by the tape user on the basis of dropouts per 30.48 m (100 ft.) of nominal 
working tape length.  The nominal dropout count shall be determined by totaling all the 
dropouts per track over the working tape length and dividing by the total number of 
30.48 m (100 ft.) intervals tested. 
 
 A second method of specifying the allowable dropout count is to specify the 
maximum number per track for each 30.48 m (100 ft.) interval tested.  This method may 
be preferred if critical data is recorded in specific areas of the working tape length, but a 
specified number of dropouts per hundred feet greater than the average values may be 
expected. 
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Dropout test results are very dependent on the tape transport 
used for the test and will vary from run to run on a given 
transport.  Edge tracks tend to contain more dropouts than the 
center tracks, and more dropouts are allowed on the edge 

tracks.  Refer to table 7-4. 
 
7.6.6.1  For High Resolution (HR) tapes, a dropout is defined as a 6 dB reduction in 
amplitude for a period of 5 microseconds or more of a 1 MHz sine-wave signal recorded 
and reproduced at a tape speed of 3048 mm/s (120 ips).  Signal losses of 6 dB or more 
which exceed the 5 microsecond time period shall constitute a dropout count for each 5 
microsecond time period occurring in the given signal loss.  Track definitions are given 
in subparagraphs 7.2.7 and 7.2.9.  The test procedure outlined in subparagraph 7.1.3.3, 
volume III of RCC document 118 shall be used to determine compliance with this 
requirement. 
 
7.6.6.2  For High Density Digital (HDD) tapes, a dropout is defined as a 10 dB or 
greater reduction in amplitude for a period of 1 microsecond or more of a square-wave 
test signal of maximum density recorded and reproduced at 3048 mm/s or 1524 mm/s 
(120 ips or 60 ips).  On at least every other track  (7 tracks of the odd head on a 28-
track head assembly (alternatively, every other track of the even head) record and 
reproduce a square-wave test signal of 2 MHz at 3048 mm/s (120 ips) or 1 MHz at 1524 
mm/s (60 ips).  The record level shall be set slightly above saturation by adjusting the 
record current to produce maximum reproduce output and increasing the record current 
until the output signal is reduced to 90 percent of maximum.  For playback, a reproduce 
amplifier and a threshold detector shall be used.  The signal-to-noise ratio of the test 
signal at the input to the threshold detector shall be at least 25 dB, and the detector shall 
detect any signal loss of 10 dB or more below reference level.  The reference level shall 
be established by averaging the test signal output level over a 10 m (30.8 ft.) nominal 
tape length in the vicinity of a dropout. 
 
7.6.6.3  For each of the seven tracks tested, the accumulated duration in microseconds of 
detected dropout events shall be displayed and used to directly display the dropout rate 
for each track scaled appropriately for the tape working length.  Signal losses of 10 dB 
or more which exceed the 1 microsecond time period shall constitute a dropout count for 
each microsecond time period occurring in the given signal loss. 
 
7.6.6.4  For high-energy tapes, a dropout is defined as for high-resolution tapes except 
that a 2 MHz signal is used. 
 
7.6.7  Durability.  The magnetic tape shall resist deterioration in magnetic and electrical 
performance because of wear to the coating surface.  Signal losses, as defined below, 
caused by surface wear shall not occur in excess of the per-pass limits specified in table 
7-3 for the first 35 passes. 

NOTE
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 Signal losses in excess of those limits specified above shall not occur during either 
a record, record and reproduce or uninterrupted reproduce pass of the working tape 
length.  Signal loss is a reduction in signal amplitude of 3 dB or greater for a time period 
of 3 through 10 seconds of a recorded and reproduced short wavelength signal.  Where a 
continuous loss of signal of 3 dB or greater exceeds the 10-second time period, a signal 
loss count shall be required for every sequential 10-second time period occurring in the 
given signal loss.  The test procedure outlined in subparagraph 7.3.6, Durability, volume 
III of RCC document 118 shall be used to determine compliance with this requirement. 
 
7.6.8  Modulation Noise.  The amplitude modulation superimposed upon a recorded 
and reproduced signal by the magnetic tape shall not exceed the limits specified by the 
tape user.  The test procedure outlined in subparagraph 7.3.7, Modulation Noise, 
volume III of RCC document 118 shall be used to determine compliance with this 
requirement. 
 
7.6.9  Layer-to-Layer Signal Transfer.  A signal resulting from layer-to-layer signal 
transfer shall be reduced in amplitude from the original signal a minimum of 40 dB for 
25.4 Tm (1.0 mil) tape and 46 dB for 38.1 Tm (1.5 mils) tape.  The test procedure 
outlined in subparagraph 7.3.8, Layer-to-Layer Signal Transfer, volume III of RCC 
document 118 shall be used to determine compliance with this requirement. 
 
 

 
TABLE 7-3.  DURABILITY SIGNAL LOSSES 

 
 

Designated Tape 
Length 

 
Number of Allowable Signal Losses  

(per pass) 
meters Feet  
  762 (2500) 2 
 1097 (3600) 2 
 1402 (4600) 2 
 1524 (5000) 2 
  2195 (7200) 3 
  2804 (9200) 3 
  3292 (10 800) 4 
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TABLE 7-4.  SUGGESTED TAPE REQUIREMENT LIMITS  

 
 

 Par. No. 
 

Tape Requirement 
 

Suggested Limits 
7.6.1 Bias Level ±2.0 dB from MCT 

7.6.2 Record Level ±2.0 dB from MCT 

7.6.3 Wavelength Response 
(See table 7-4A.) 

 

7.6.4 Output at 0.1 UBE Wavelength 1.5 dB from MCT 

7.6.5 Short Wavelength 
Output Uniformity 

HR Tape          HE Tape   
 2.5 dB              2.5 dB 

7.6.6 Dropouts per 30 m 
(100 ft)         (average) 

     Center Tracks      Edge Tracks 

       5 HR Tape 10 

       1 HDD Tape   1 

     20 HE Tape 30 

7.6.7 Durability (See table 7-3.)  

7.6.8 Modulation Noise 1 dB maximum 
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  TABLE 7-4A.  SUGGESTED WAVELENGTH RESPONSE 
            REQUIREMENTS 
 

 
HR AND HDD TAPE 

 
   Measurement Wavelength HR Response (dB)   HDD Response (dB) 
   
         Tm        mils   
    
 3810.00  (150.000)  1.00  2.00 
 254.00  (10.000)  1.00  1.00 
 15.14  (0.600)  0.00  0.00 
 6.35  (0.250)  1.50  1.50 
 3.18  (0.125)  2.00  2.00 
 2.54  (0.100)  2.50  2.50 
 2.03  (0.080)  2.50  2.50 
 1.52  (0.060)  3.00  3.00 
   

HIGH-ENERGY TAPE  
 

Measurement Wavelength 
 

HE Wavelength Response (dB) 

      Tm            mils  
 
 25.40  (1.000)  2.00 
 12.70  (0.500)  2.00 
 7.62  (0.300)  0.00 
 3.18  (0.125)  2.50 
 1.52  (0.060)  2.50 
 1.02  (0.040)  3.00 
 0.76  (0.030)  3.50 
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7.6.10  Erasure Ease.  For HR and HDDR tapes, an erase field of 79.58 kA/M (1000 
oersteds) shall effect at least a 60 dB reduction in output amplitude of a previously 
recorded 25.4 Tm (1.0 mil) wavelength signal.  For HE tapes, an erase field of 160 kA/m 
(2000 oersteds) shall effect at least a 60 dB reduction of a previously recorded 25.4 Tm 
(1.0 mil) wavelength signal.  The test procedure outlined in subparagraph 7.3.9, Ease of 
Erasure, volume III of RCC document 118 shall be used to determine compliance with 
this requirement.  
 
7.6.11  Suggested Tape Requirement Limits.  Table 7-4 lists some suggested limits to be 
used for instrumentation tape. 
 
7.7  General Requirements for 19-mm Digital Cassette Helical Scan Recording 
Tape and Cassettes 
 
7.7.1  Magnetic Tape.  The magnetic tape shall meet the requirements of MML 
Document 94-1, Specification for Rotary Instrumentation Magnetic Recording Tape, 19-
millimeter (0.75 inch) Wide, 68 KA/M (850 Oersteds)1. 
 
7.7.2  19-mm Cassettes.  The recorder/reproducers shall be capable of using 19 mm 
cassettes that conform to the physical dimensions of medium and large cassettes as 
defined in SMPTE 226M2. 
 
7.8  General Requirements for 1/2-Inch Digital Cassette Helical Scan Recording 
Tape and Cassettes 
 
7.8.1  Magnetic Tape.  The magnetic tape shall meet the requirements of MML 
Document 93-1, Specification for Rotary Instrumentation Magnetic Recording Tape, 
12.65 millimeter (0.5 inch), 68 KA/M (850 Oersteds)3. 
 
7.8.2  1/2-Inch Cassettes.  The recorder/reproducers shall be capable of using 1/2-inch 
cassettes that conform to the physical dimensions as defined in ANSI V98.33M-19834.  
To ensure crossplay compatibility, the T-160 (327 meters, min.) is recommended.  

                                                
 1 MML Document 94-1 is available from the Naval Air Warfare Center Aircraft 
Division, Warminster, Pennsylvania 18974-0591. 
 2 SMPTE 226M is available from the Society of Motion Picture and Tele-vision 
Engineers, 595 West Hartdale Avenue, White Plains, New York 10607. 
 3 MML Document 93-1 is available from the Naval Air Warfare Center, Aircraft 
Division, Warminster, Pennsylvania 18974-0591. 
 4 ANSI V98.33M-1983 is available from American National Standards Institute, 1430 
Broadway, New York, New York 10018. 
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CHAPTER 8 
 
 

MIL-STD-1553 ACQUISITION FORMATTING STANDARD 
 
 
8.1 General 
 
 This standard addresses the acquisition of all the traffic flowing on MIL-STD-1553 
type data buses.  The formats described permit up to eight data buses within a single system. 
 Other constraints such as RF bandwidth and tape recording time will dictate the actual 
number of buses processed by a single system.  Standards for both composite (telemetry) 
and tape recorder formats are presented.  
 
 Although specifically designed to satisfy the requirements of 100 percent MIL-STD-
1553 bus acquisition, the formatting provisions of this standard may be used in other 
applications when the data source and content are similar enough to permit easy adaptation.  
Users should contact the appropriate range to ensure any adaptations are compatible with 
that range.    
 
8.2 Definitions 
 
8.2.1  Bus Monitor.  The terminal assigned the task of receiving bus traffic and extracting all 
information to be used at a later time. 
 
8.2.2   Data Bus.  All hardware including twisted shielded pair cables, isolation resistors, and 
transformers required to provide a single data path between the bus controller and all the 
associated remote terminals. 
 
8.2.3  Dual Redundant Data Bus.  The use of two data buses to provide multiple paths 
between the subsystems. 
 
8.2.4  Bus Loading.  The percentage of time the data bus is active. 
 
8.2.5  Maximum Burst Length.  The maximum length of a continuous burst of messages with 
minimum length message gaps. 
 
8.2.6  Bus Error.  Conditions detected which violate the definition of MIL-STD-1553 word 
structure.  Conditions such as synchronization, Manchester, parity, noncontiguous data word, 
and bit count/word errors are all considered word type errors.  System protocol errors, for 
example, incorrect word count/message and illegal mode codes, are not considered bus 
errors. 
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8.3 Source Signal 
 
 The source of data is a signal conforming to MIL-STD-1553.  Format provisions are 
made for a dual redundant data bus system per bus.  The interface device performing the data 
acquisition shall be configured as a bus monitor.  Figure 8-1 depicts in block diagram form 
the concept of 100 percent MIL-STD-1553 bus data acquisition. 
 
 

In the design of the interface to the MIL-STD-1553 bus, it may be 
necessary to include buffers to prevent loss of data and to conserve 
bandwidth.  The buffer size is influenced by bus loading, maximum 
burst length, output bit rate, tape recording speed, time tagging, and 

auxiliary inputs.  
 
 
 
   

 
XMTR 
 

     RCVR  

          
TIME  V    T  P  
  E  T  A  R  
USER  H  . A  P  . O  
USER  I  :  1 P  E  :  1 C  
  C  E    E  O 
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 A    • E    • P  I  P 
    1553 • R    • C    • R  N  U 
  DATA •   O  O  G  T 
BUSES • U  R  D    
 N  . D  U  . U  
8A  I  :  8 E  C  :  8 N  
AB  T  R  E 

R 
 I 
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 Figure 8-1.  System block diagram. 
 
8.4 Word Structure 
 
 The following subparagraphs describe the general word structure to be used for the 
formatted output. 
 
8.4.1  The formatted data shall be a 24-bit word constructed as shown in figure 8-2(a). 
 

NOTE
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8.4.2  The information extracted from the data bus shall have the synchronization pattern and 
parity bit removed. 
 
8.4.3   Each incoming MIL-STD-1553 word (Command, Status or Data), auxiliary input or 
time word shall be appropriately labeled with a 4-bit content identifier label as described in 
figure 8-2(c). 
 
8.4.4  Data extracted from the MIL-STD-1553 bus shall maintain bit order integrity in the 
information field for a command, status, data, and error word.  Bit position four in the 
MIL-STD-1553 bus word shall be placed in bit position nine in the formatted data word.  The 
remaining bits of the MIL-STD-1553 bus word shall be placed in successive bit positions in 
the formatted data word.  Transposing or reordering of the bits is not permitted. 
 
8.4.5   Each word shall also carry a 3-bit bus identifier label as shown in figure 8-2(b). 
 
8.4.6  An odd-parity bit generated for the resulting formatted data shall be the most 
significant bit as shown in figure 8-2(a). 
 
8.4.7   Fill words, required to maintain continuous data output, shall have 1010 1010 1010 
1010 (AAAA hex) as the information bit pattern. 
 
8.4.8   For bus errors defined in paragraph 8.2.6 (Error A - 1100 or Error B - 1000), the 
synchronization pattern and the parity bit are removed as stated in subparagraph 8.4.2.  The 
information bits, 9 through 24, of the formatted word shall contain the resulting 16-bit pattern 
extracted from the bus. 
 
8.4.9  The buffer overflow tag (0000) and appropriate bus identification tag shall be appended 
to the first word placed into the buffer after the buffer becomes available for data storage.  
This word should be an "extra" word, not the next available piece of data.  Bits 9 through 24 
are available for system level diagnostics and are not specified here.  Tagging in this manner 
marks the point of data discontinuity and preserves the integrity of the next piece of data. 
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 1 2 3 4 5 6 7 8 9 10 11 12 • • • 21 22 23 24  

                     
 P BUS CONTENT             
 A IDENT IDENT       I N F O R M A T I O N    
 R LABEL LABEL             
 I                    
 T                    
 Y                    
      a.  Field Definition     
 -------------------------------------------------------------------------------------------------------------  
                     
   BIT         BIT       
   2  3  4         2  3  4       
                     
   0  0  0  BUS1      1  0  0  BUS 5   
   0  0  1  BUS2      1  0  1  BUS 6   
   0  1  0  BUS3      1  1  0  BUS 7   
   0  1  1  BUS4      1  1  1  BUS 8 

 
  

      b.  Bus Identifier Label Definition; 
        Bits 2, 3, & 4 

    

 -------------------------------------------------------------------------------------------------------------  
                     
 BIT        BIT          
 5  6  7  8       5  6  7  8         
                     
 1  1  1  1 COMMAND A   0  1  1  1 TIME - HIGH ORDER  
 1  1  1  0 STATUS A   0  1  1  0 TIME - LOW ORDER  
 1  1  0  1 DATA A   0  1  0  1 TIME - MICROSECOND  
 1  1  0  0 ERROR A   0  1  0  0 TIME - RESPONSE  
 1  0  1  1 COMMAND B   0  0  1  1 USER DEFINED  
 1  0  1  0 STATUS B   0  0  1  0 USER DEFINED  
 1  0  0  1 DATA B   0  0  0  1 FILL WORD  
 1  0  0  0 ERROR B   0  0  0  0 BUFFER OVERFLOW  
                     
   NOTE:                
   A = primary channel of the dual redundant bus    
   B = secondary channel of the dual redundant bus    
                     
      c.  Content Identifier Label Definition; 

       Bits 5, 6, 7, & 8 
    

 
 Figure 8-2.  Word Construction. 
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8.5 Time Words 
 
 The following subparagraphs describe the structure and use of time words within the 
formatted output. 
 
8.5.1  There shall be four words dedicated to providing timing information.  Three of these 
words are defined in subparagraphs 4.7.1 through 4.7.4 and figure 4-3.  They are designated 
as high order time, low order time, and microsecond time.  The optional, fourth-time word, 
designated-response time, has the same structure as the microsecond time word 
(subparagraph 4.7.2).  The structure shall follow the 16-bit per word format shown in figure 
4-3 and be placed into bits 9 through 24. 
 
8.5.2.  If time tagging of the occurrence of MIL-STD-1553 messages is necessary to satisfy 
user requirements, the first command word of the message shall be time tagged.  The time 
words shall immediately follow the first command word in the following order:  high order 
time, low order time, and microsecond time. 
 
8.5.3   The optional response time word shall have 1 microsecond resolution and shall 
indicate the response time of the data bus.  The response time word shall immediately precede 
the status word associated with it. 
 

 
If the response time function is not used, the identifier label 0100 may be 
assigned to user defined inputs. 
 

 
8.6 Composite Output 
 
 The following subparagraphs describe the characteristics for a singular composite 
output signal. 
 
8.6.1  The composite, continuous output shall conform to the requirements for pulse-code 
modulation as stated in chapter 4. 
 
8.6.2   The data shall be transmitted or recorded most significant bit first. 
 
8.6.3   The bit rate is dependent on several factors including bus loading and auxiliary inputs 
and shall be sufficient to preclude any loss of data. 
 
8.6.4  The order of bus words must remain unaltered except in the case of a buffer overflow. 
 
8.6.5  The frame length shall be fixed using fill words as required and shall be > 128 words 
and < 256 words including the frame synchronization word. 
 
8.6.6   The frame synchronization word shall be fixed and 24 consecutive bits in length.  The 
pattern, also shown in table C-1, appendix C, is 1111 1010 1111 0011 0010 0000 (FAF320 
hex). 

NOTE
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8.6.7  A frame structure employing frame time is recommended but optional.  If frame time is 
used, the frame structure shall consist of the frame synchronization word, followed by the high 
order time word, followed by the low order time word, followed by the microsecond time word, 
followed by the data words from all sources making up the composite signal up to the frame 
length specified in subparagraph 8.6.6 (see figure 8-3).  If frame time is not used, the frame 
synchronization word shall be followed immediately by the data words. 
 
 

Additional care must be exercised in data processing and reduction if the 
last word in a composite stream is a command word.  The associated 
message time tag will not appear until after the synchronization and time 
words in the next frame.  

 
 
8.6.8  The following subparagraphs describe the recommended techniques for recording the 
high bit rate composite output signal.   
 
8.6.8.1  Longitudinal recording shall conform to the PCM recording provisions of chapter 6. 
 
8.6.8.2  Recording using parallel HDDR or rotary head recorders offers the advantage of 
inputting a single high bit rate signal to the recording system.  The input PCM signal shall 
conform to the appropriate sections of this standard. 
 
8.6.8.3  If recording using digital recorders or other noncontinuous recording processes with 
buffered inputs, the fill words, inserted to provide a continuous output stream, may be 
optionally eliminated.  
 
8.7  Single Bus Track Spread Recording Format 
 
 The following subparagraphs describe the characteristics of a single bus recording 
technique using a multiple tape track spread output format.   
 
8.7.1  The target tape recorder/reproducer for a track spread format is a longitudinal 
fixed-head machine described in chapter 6 and not one employing parallel high density digital 
recording (HDDR) or rotary head recording characteristics. 

NOTE
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 FRAME SYNC 
PATTERN 

FRAME 
HIGH TIME 

FRAME  
LOW TIME 

FRAME  
MICRO TIME 

DATA 
WORD 1 

 
 DATA WORD 

N-3 
DATA  

WORD N-2 
DATA  

WORD N-1 
DATA  

WORD N 
 

 
 END OF FRAME 
 

 

 Figure 8-3.  Composite frame structure. 
 
8.7.2   The code generated for longitudinal tape recording shall be RNRZ-L or Bif-L as 
described in chapters 4 and 6. 
 

 
Bit rates less than 200 000 bits per second are not recommended when 
using RNRZ-L. 
 

 
8.7.3  To extend recording time while still acquiring 100 percent of the MIL-STD-1553 bus 
data, a multiple track spread recording technique is presented. 
 
8.7.3.1  When necessary to use more than one tape recording track (to extend record time), 
separate PCM streams shall be created and delayed by 24/TK bits with respect to each other, 
where TK represents the number of tape tracks used for a given bus. 
 
8.7.3.2  When multiple track spread recording is required, the track spread shall be on a bus 
basis such as bus number 1 spread over four tracks, and bus number 2 spread over two 
tracks.  The maximum number of tracks per bus shall be limited to four. 
 

 
Consideration should be given to spread track assignment; that is, all 
tracks associated with a given bus should be recorded on the same head 
stack. 

 
8.7.3.3  Each stream shall have a frame synchronization pattern 24 bits in length, conforming 
to subparagraph 8.6.6. 
 
8.7.3.4  The word structure shall be identical to that described in paragraph 8.4. 
 
8.7.3.5  The frame length shall be fixed and shall be the same for each track used for a given 
bus.  The frame length shall conform to the requirements of subparagraph 8.6.5. 
 
8.7.3.6  The data shall be formatted such that it is transmitted (recorded) most significant bit 
first. 

NOTE

 

NOTE
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8.7.3.7  A structure employing frame time is recommended but optional.  This subparagraph 
describes a four-track spread example using frame time.  The PCM stream designated TK1 
shall be constructed as the frame synchronization word, followed by the high order frame 
time word, followed by data words (see figure 8-4).  The PCM stream designated TK2 shall 
be constructed as the frame synchronization word, followed by the low order frame time 
word, followed by data words.  The PCM stream designated TK3 shall be constructed as the 
frame synchronization word, followed by the microsecond frame time word, followed by data 
words.  The PCM stream designated TK4 shall be constructed as the frame synchronization 
word, followed by the first data word, followed by other data words.  Schemes using one, 
two, or three tracks for a given bus shall follow like construction; that is, sequencing through 
the data track by track.  If frame time is not used, data words shall immediately follow the 
frame synchronization patterns. 
 

Additional care must be exercised in data processing and reduction if the 
last word in the final track spread stream is a command word.  The 
associated message time tag will not appear until after the 
synchronization and time words in the next frame. 

 
 
 
 

      
TK1 FRAME SYNC 

PATTERN 
FRAME 

HIGH TIME 
DATA  

WORD 2 
DATA 

WORD 6 
  

  
TK2  FRAME SYNC 

PATTERN 
FRAME 

LOW TIME 
DATA  

WORD 3 
DATA 

WORD 7 
  

 <> 24/TK bit times 
TK3   FRAME SYNC 

PATTERN 
FRAME 
MICRO TIME 

DATA 
WORD 4 

DATA 
WORD 8 

 

  <> 24/TK bit times 
TK4    FRAME SYNC 

PATTERN 
DATA  

WORD 1 
DATA 

WORD 5 
DATA 

WORD 9 
 

   <> 24/TK bit times 
         
 
 Figure 8-4.  Multiple tape track spread format (4-track spread example). 
 
 

NOTE
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CHAPTER 9 
 

 
TELEMETRY ATTRIBUTES TRANSFER STANDARD 

 
 
9.1 General 
 
 Telemetry attributes are those parameters required by the receiving/ processing 
system to acquire, process, and display the telemetry data received from the test 
item/source.  The Telemetry Attributes Transfer Standard (TMATS) provides a common 
definition and format to facilitate the transfer of information between the user and the test 
range and between ranges.  The telemetry attributes are defined such that the information 
required to set up the telemetry receiving and processing equipment is provided.  The 
format, while not necessarily compatible with any receiving/ processing system, will allow 
test ranges or other receiving systems to develop a computer conversion program to 
extract the information and to set up data required for their unique equipment 
configuration.  Nonstandard parameter variations are not included in the attribute listings 
of choices but may be included by exception in the comments section of each group. 
 
 The intent of this chapter is to cover primarily attributes and terminology included 
in or consistent with the other chapters in document 106.  For example, PCM format 
attributes should comply with the PCM standards as given in chapter 4.  Other attributes 
are included, at times, for service and utility, but should not be construed as 
endorsements apart from the other 106 chapters. 
 
9.2   Scope 
 
 The TMATS provides the definition of the telemetry attributes and specifies the 
media and data format necessary to permit the ready transfer of the information required 
to set up the telemetry receiving/processing functions at a test range.  The standard does 
not conform to nor does it define existing or planned capabilities of any given test range.  
Only those parameters which are defined in this document are included by specific 
reference.  Other nonstandard parameter values/definitions may be included in the 
comments section of each group. 
 
9.3   Purpose 
 
 The TMATS provides a common format for the transfer of information between 
the user and a test range or between ranges (see appendix H).  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. 
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9.4     Media and Data Structure 
 
 A variety of physical and electronic media are currently available for use in 
exchanging attribute information. The most important factor in selecting which medium 
to use is that the parties involved must agree to the specific medium of choice. If any 
data compression (such as Backup/Restore or Zip/Unzip) will be used, both parties 
should agree to its use. 
 
 A cover sheet describing the system that produced the attribute medium should 
accompany the attribute information.  A recommended format for the cover sheet is 
given in appendix I. 
 
9.4.1  Physical Format.  Attributes for each mission configuration are to be supplied in a 
single physical file with contents as 7-bit ASCII coded characters. Line feed (LF) and 
carriage return (CR) may be used to improve readability of the information.  
Nonprintable characters will be discarded by the destination agency prior to translating 
the attributes into telemetry system configuration information. 
 
 For disks, multiple mission configurations may be provided on a single disk; 
however, each configuration must be in a separate file identified in the disk directory. File 
names should use the file extensions .TXT to indicate a text file, or .TMT to indicate a 
TMATS file. A stick-on label and the accompanying cover sheet identify the file names 
corresponding to the mission configuration used for each mission. 
 
 On magnetic tape, physical records may be any size up to 2048 bytes.  A single end-of-
file (EOF) mark indicates the end of a mission configuration.  Additional mission 
configurations can be included in sequential files on a single tape.  A double EOF is used to 
indicate the end of the last mission configuration on the tape.  A stick-on label and an 
accompanying cover sheet identifying the missions for each configuration are required. 
 
9.4.2  Logical Format.  Each attribute appears in the file as a unique code name and as a 
data item.  The code name appears first, delimited by a colon.  The data item follows, 
delimited by a semicolon.  Thus an attribute is formatted as A:B;, where A is the code 
name and B is the data item, in accordance with the tables in paragraph 9.5.  Numeric 
values for data items may be either integer or decimal. Scientific notation (± d.ddddddE± 
ee) is allowed only for the specific data items defined for its use in the tables in paragraph 
9.5.  For alphanumeric data items, including keywords, either upper or lower case is 
allowed; all defined keyword values are shown as upper case and enclosed in quotes in the 
tables in paragraph 9.5.  Semicolons are not allowed in any data item (including comment 
items).  Any number of attributes may be supplied within a physical record subject to the 
maximum mentioned in subparagraph 9.4.1.  Attributes may appear in any order. 
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 There are two basic types of attribute code names:  single and multiple entry.  
Single-entry attributes are those for which there is only one data item.  Multiple-entry 
attributes appear once in the definition tables in paragraph 9.5 but have multiple items; 
these items are assigned a number. The number appears in the code name preceded by a 
hyphen.  For example, data source identifiers might have the following entries: 
 

G\DSI-1:Aircraft; 
G\DSI-2:Missile; 
G\DSI-3:Target; 

 
 The code name COMMENT may be used to interject comments to improve 
readability. (Note that the comment data items, such as G\COM, are intended to convey 
further details within the TMATS file itself.) Comments must follow the attribute logical 
format, as shown below: 
 
  COMMENT:  This is an example of a comment; 
 
 Refer to paragraph 9.5 for detailed definition of code names and attributes and 
appendix J for an example application of this standard. 
 
9.5    Telemetry Attributes 
 
 The description of the mission configuration includes all potential sources of data, 
RF links, pre- or post-detected analog tapes, or onboard recorded magnetic tapes.  Each 
of these have unique characteristics which must be defined.  Each source is given a unique 
identity and its characteristics are specifically defined in associated attributes fields.  In 
multiplexed systems, each data stream is uniquely identified by a data link name, which, in 
turn, is related to the data source name. 
 
 

Only the information that is essential to define the attributes of a system 
is required.  Nonapplicable information does not need to be included in 
the file.  However, all attribute information given is to be provided in the 
specified format. 

 
 
 The attributes defined in this section proceed from the general level to the detailed 
level.  The groups defined, in terms of data to be entered, are described next. 
  
 •  General Information - establishes the top-level program definition and 

identifies the data sources. 
 
 •  Transmission Attributes - define an RF link.  There will be one group for each 

RF link identified in the General Information Group. 
 

NOTE
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 •  Tape Source Attributes - identify a tape data source. 
 
 •  Multiplex/Modulation Attributes - describe the FM/FM, FM/PM, or PM/PM 

multiplex characteristics.  Each multiplexed waveform must have a unique set 
of attributes.  For the analog measurement, the tie to the engineering units 
conversion is made in this group. 

 
 •  Digital Data Attributes - are divided into three groups: the PCM Format 

Attributes, the PCM Measurement Description, and the 1553 Bus Data 
Attributes. 

 
 •  PCM Format Attributes - define the PCM data format characteristics, 

including subframes and embedded formats.  Each PCM format will have a 
separate format attributes group. 

 
 •  PCM Measurement Descriptions - define each PCM measurand that ties the 

PCM measurement, format, and data conversion (calibration) together. 
 
 •  1553 Bus Data Attributes - specify the PCM encoded 1553 bus format 

characteristics. 
 
 •  PAM Attributes - contain the definition of the PAM system.  It includes the 

PAM format characteristics and measurement attributes.  The tie to the 
engineering unit conversion is made for the measurands contained in the PAM 
format. 

 
 •  Data Conversion Attributes - contain the data conversion information for all 

measurements in this telemetry system.  The calibration data and conversion 
definition of raw telemetry data to engineering units is included.  The tie to 
the measurands of the telemetry systems defined in the previous groups is via 
the measurement name. 

 
 •  Airborne Hardware Attributes - define the configuration of airborne 

instrumentation hardware in use on the test item. 
 
9.5.1  Contents.  The following subparagraphs discuss the organization of the attributes 
and their relationships with the various groups. 
 
9.5.1.1  Organization.  Attribute information is organized according to a hierarchical 
structure in which related items are grouped and given a common heading.  The number 
of levels varies within the overall structure and is a function of the logical association of 
the attributes.  At the highest level, the telemetry attributes are defined for the following 
groups: 
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  Identifier   Title 
 
         G   General Information 
         T   Transmission Attributes 
         R   Tape Source Attributes 
         M   Multiplexing/Modulation Attributes 
         P   PCM Format Attributes 
         D   PCM Measurement Description 
         B   1553 Bus Data Attributes 
         A   PAM Attributes 
         C   Data Conversion Attributes 
         H   Airborne Hardware Attributes 
 
 Within the structure, a lower case letter, for example, n, p, or r, indicates a multiple 
entry item with the index being the lower case letter.  The range of these counters is 
from one to the number indicated in another data entry, usually with the appendage \N. 
 
 Within the tables, the code name, definition, and maximum field size are given for 
each individual attribute. The maximum field size is intended to be a guideline indicating 
the intended use of the attribute, and does not imply support of the maximum by any and 
all ranges. For example, the fact that the Number of Data Sources attribute is 2 
characters long does not mean that 99 data sources are supported. Each range should be 
consulted as to their specific capabilities. 
 
9.5.1.2  Group Relationships.  The interrelationships between the various groups are 
shown pictorially in figure 9-1. 
 
 

1.  Data Source ID is unique within a General Information Group 
(G).  It ties the Transmission Group (T) or the Tape Group (R) or 
both to the G group and to the Multiplex/ Modulation Group (M).  
2.  The tie from the M group to a PCM Group (P), a PAM Group 

(A) or a 1553 Bus Group (B) is the Data Link Name.  3.  The tie from the P group to 
an embedded P group is another Data Link Name.  4.  The tie from the M group to the 
Data Conversion Group (C) for an analog measurement is the Measurement Name.  5.  
The tie from the P group to the PCM Measurement Description Group (D) is the Data 
Link Name.  6.  The tie from either the A, D, or B groups to the Data Conversion 
group is the Measurement Name. 

 
 
 

NOTE
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 Figure 9-1.  Group relationships. 
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9.5.2  General Information (G).  The general information group provides overall program 
information.  Figure 9-2 gives the overall information that is included in this group and 
Table 9-1 identifies and defines the data required including the dates associated with the 
detailed information.  Since the identification of the data sources is an integral part of the 
remaining groups, each source must be identified uniquely. 
 

GENERAL INFORMATION GROUP (G) 

    CODE NAME REFERENCE 
PAGE 

 PROGRAM NAME   (G\PN) (9-8) 

  TEST ITEM  (G\TA) (9-8) 

  *INFORMATION    

   IRIG 106 REVISION LEVEL  (G\106)  

   ORIGINATION DATE  (G\OD)  

   REVISION NUMBER  (G\RN)  

   REVISION DATE  (G\RD)  

   UPDATE NUMBER  (G\UN)  

   UPDATE DATE  (G\UD)  

   TEST NUMBER  (G\TN)  

   NUMBER OF POINTS OF CONTACT  (G\POC\N)  

   *POINT OF CONTACT    

   NAME  (G\POC1-n)  

   AGENCY  (G\POC2-n)  

   ADDRESS  (G\POC3-n)  

   TELEPHONE   (G\POC4-n)  

  *DATA  SOURCE  IDENTIFICATION   (9-9) 

   NUMBER OF DATA SOURCES   (G\DSI\N)  

   DATA SOURCE ID  (G\DSI-n)  

   DATA SOURCE TYPE  (G\DST-n)  

  *TEST  INFORMATION   (9-9) 

   TEST DURATION  (G\TI1)  

   PRE-TEST REQUIREMENT   (G\TI2)  

   POST-TEST REQUIREMENT  (G\TI3)  

  SECURITY CLASSIFICATION  (G\SC)  

  * COMMENTS    

  COMMENTS  (G\COM) (9-10) 

    *HEADING ONLY - NO DATA ENTRY 

 
 Figure 9-2.  General Information Group (G). 
 
 

TABLE 9-1.  GENERAL INFORMATION GROUP  (G) 
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PARAMETER 

MAXIMUM 
FIELD 
SIZE 

 
CODE 
NAME 

 
DEFINITION 

PROGRAM NAME          16    G\PN NAME OF PROGRAM 
 

TEST ITEM          64    G\TA TEST ITEM DESCRIPTION IN 
TERMS OF NAME, MODEL, 
PLATFORM, OR 
IDENTIFICATION CODE, AS 
APPROPRIATE. 

INFORMATION 
IRIG 106 
REVISION LEVEL 
 

          2    G\106 VERSION OF IRIG 106 
STANDARD USED TO 
GENERATE THIS TMATS FILE.   

ORIGINATION 
DATE 

          10    G\OD DATE OF ORIGINATION OF 
THIS MISSION 
CONFIGURATION. 
DD - DAY       MM – MONTH 
YYYY – YEAR 
(MM-DD-YYYY) 

REVISION 
NUMBER 

          4    G\RN REVISION NUMBER 
ASSOCIATED WITH THIS 
MISSION CONFIGURATION 

REVISION DATE           10    G\RD DATE OF REVISION. 
DD - DAY       MM – MONTH 
YYYY – YEAR 
(MM-DD-YYYY) 

UPDATE NUMBER           2    G\UN UPDATE NUMBER OF 
CURRENT CHANGE WHICH 
HAS NOT BEEN 
INCORPORATED AS A 
REVISION 

UPDATE DATE           10    G\UD DATE OF UPDATE. 
DD - DAY       MM – MONTH 
YYYY – YEAR 
(MM-DD-YYYY) 

TEST NUMBER          16    G\TN TEST IDENTIFICATION 
NUMBER OF 
POINTS OF 
CONTACT 

          1   G\POC\N NUMBER OF POINTS OF 
CONTACT TO BE GIVEN 

POINT OF 
CONTACT: 
  NAME 
  AGENCY 
  ADDRESS 
  TELEPHONE 

 
 
         24 
         48 
         48 
         20 

 
 
  G\POC1-n 
  G\POC2-n 
  G\POC3-n 
  G\POC4-n 

LIST EACH OF THE 
RESPONSIBLE AGENCIES AND 
THEIR POINT OF CONTACT 
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TABLE 9-1  (Cont’d).  GENERAL INFORMATION GROUP  (G) 

 
PARAMETER 

MAXIMUM 
FIELD 
SIZE 

 
CODE 
NAME 

 
DEFINITION 

DATA SOURCE IDENTIFICATION 
NUMBER OF 
DATA  SOURCES 

          2    G\DSI\N SPECIFY THE NUMBER OF DATA 
SOURCES:  FOR RF TELEMETRY 
SYSTEMS, GIVE THE NUMBER OF 
CARRIERS; FOR TAPE RECORDED 
DATA, IDENTIFY THE NUMBER 
OF TAPE SOURCES. 

DATA  SOURCE 
ID 

         32    G\DSI-n PROVIDE A DESCRIPTIVE NAME 
FOR THIS SOURCE. EACH 
SOURCE IDENTIFIER MUST BE 
UNIQUE. 

DATA  SOURCE 
TYPE 

          3    G\DST-n SPECIFY THE TYPE OF SOURCE:  
RF - ‘RF’,  TAPE - ‘TAP’,  
OTHER - ‘OTH’ . 

PROVIDE THE ABOVE TWO ITEMS FOR EACH DATA SOURCE. 
 
TEST INFORMATION 
TEST  
DURATION 

          4    G\TI1 APPROXIMATE DURATION OF 
TEST IN HOURS. 

PRE-TEST 
REQUIREMENT 

          1    G\TI2 INDICATE WHETHER A PRE-TEST 
REQUIREMENT IS APPLICABLE.  
PROVIDE DETAILS IN COMMENT 
RECORD (‘Y’ OR ‘N’) 

POST-TEST 
REQUIREMENT 

          1    G\TI3 SPECIFY WHETHER A POST-TEST 
REQUIREMENT IS APPLICABLE.  
PROVIDE DETAILS IN COMMENT 
RECORD (‘Y’ OR ’N’). 

SECURITY 
CLASSIFICATION 

          1    G\SC PROVIDE THE CLASSIFICATION 
OF THE PROJECT DATA.  
PROVIDE CLASSIFICATION 
GUIDE DESCRIPTION IN 
COMMENT RECORD. 
   UNCLASSIFIED - ‘U’ 
   CONFIDENTIAL - ‘C’ 
   SECRET - ‘S’ 
   TOP SECRET - ‘T’ 
   OTHER - ‘O’ 
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TABLE 9-1  (Cont’d).  GENERAL INFORMATION GROUP  (G) 

PARAMETER MAXIMUM 
FIELD 
SIZE 

CODE 
NAME 

 
DEFINITION 

COMMENTS 
COMMENTS 1600    G\COM INFORMATION THAT IS NEEDED 

TO COMPLETE DATA 
REQUESTED AND ANY OTHER 
INFORMATION DESIRED. 

 
9.5.3  Transmission Attributes (T). 
 
 The Transmission Attributes are presented graphically in figure 9-3 and specified in 
table 9-2.  The information contained within this group is used to set up the RF receiver 
through the detection and recovery of the baseband composite waveform.  The format 
contains the information needed to configure the antenna and receiver subsystems. 
 
 Additional equipment inserted in a specific range configuration such as microwave 
or other relay is intended to be transparent to the user and is not described under 
Transmission Attributes. 
 
 Because the information is mutually exclusive, only the appropriate frequency 
modulation (FM) or phase modulation (PM) system data set is required for a link. 
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    CODE NAME REFERENCE 

PAGE 

 DATA SOURCE ID   (T-x\ID) (9-12) 

  *SOURCE RF ATTRIBUTES   (9-12) 

   TRANSMITTER ID  (T-x\TID)  

   FREQUENCY  (T-x\RF1)  

   RF BANDWIDTH  (T-x\RF2)  

   DATA BANDWIDTH  (T-x\RF3)  

   MODULATION TYPE  (T-x\RF4)  

   TOTAL CARRIER MODULATION  (T-x\RF5)  

   POWER (RADIATED)  (T-x\RF6)  

   NUMBER OF SUBCARRIERS  (T-x\SCO\N)  

    SUBCARRIER NUMBER  (T-x\SCO1-n) (9-12) 

    MODULATION INDEX  (T-x\SCO2-n)  

   MODULATOR NON-LINEARITY  (T-x\RF7)  

   *PREMODULATION FILTER   (9-13) 

    BANDWIDTH  (T-x\PMF1)  

    SLOPE  (T-x\PMF2)  

    TYPE  (T-x\PMF3)  

   *TRANSMIT ANTENNA   (9-13) 

   TRANSMIT ANTENNA TYPE  (T-x\AN1)  

   TRANSMIT POLARIZATION  (T-x\AN2)  

   ANTENNA LOCATION  (T-x\AN3)  

   *ANTENNA PATTERNS   (9-13) 

   DOCUMENT  (T-x\AP)  

   *POINT OF CONTACT    

   NAME  (T-x\AP\POC1)  

   AGENCY  (T-x\AP\POC2)  

   ADDRESS  (T-x\AP\POC3)  

   TELEPHONE  (T-x\AP\POC4)  

  *GROUND STATION ATTRIBUTES   (9-13) 

   IF BANDWIDTH  (T-x\GST1)  

   BASEBAND COMPOSITE BANDWIDTH  (T-x\GST2)  

   *GAIN CONTROL   (9-14) 

    AGC TIME CONSTANT  (T-x-\GST3)  

   OR     

    MGC GAIN SET POINT  (T-x\GST4)  

   AFC/APC  (T-x\GST5)  

    TRACKING BANDWIDTH  (T-x\GST6)  

   POLARIZATION RECEPTION  (T-x\GST7) (9-14) 

   *FM SYSTEMS   (9-14) 

  OR     

    DISCRIMINATOR BANDWIDTH (T-x\FM1)  

    DISCRIMINATOR LINEARITY  (T--x\FM2)  

   *PM SYSTEMS   (9-14) 

    PHASE LOCK LOOP BANDWIDTH  (T-x\PLL)  

  *COMMENTS    

  COMMENTS  (T-x\COM) (9-15) 

    *HEADING ONLY - NO DATA ENTRY 

 
TABLE 9-2.  TRANSMISSION ATTRIBUTES GROUP  (T) 

 
Figure 9-3.  Transmission Attributes Group (T). 
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PARAMETER 

MAXIMUM 
FIELD 
SIZE 

 
CODE 
NAME 

 
DEFINITION 

DATA  SOURCE 
ID 

         32 T-x\ID DATA SOURCE ID CONSISTENT 
WITH GENERAL INFORMATION 
GROUP.  

SOURCE RF ATTRIBUTES 
TRANSMITTER 
ID 

         12 T-x\TID TRANSMITTER IDENTIFICATION 
 

FREQUENCY           6 T-x\RF1 CARRIER FREQUENCY, IN MHz.  
IF PROGRAMMABLE, ENTER ‘P’, 
AND DEFINE IN COMMENT 
RECORD. 

RF BANDWIDTH           6 T-x\RF2 TOTAL RF BANDWITH (-60 dB) OF 
MODULATED SIGNAL, IN MHz. 

DATA 
BANDWIDTH 

          6 T-x\RF3 COMPOSITE BASEBAND DATA 
BANDWIDTH (3 dB), IN kHz. 

MODULATION 
TYPE 

          8 T-x\RF4 DEFINE THE MODULATION TYPE:  
‘FM’     ‘PM’     ‘BPSK’     ‘DPSK’  
‘QPSK’      ‘OTHR’      ‘FQPSK-B’ 

TOTAL 
CARRIER 
MODULATION 

          6 T-x\RF5 FOR FM SYSTEM DEFINE TOTAL 
CARRIER DEVIATION, PEAK-TO-
PEAK, IN kHz.  FOR PM SYSTEM 
DEFINE TOTAL PHASE 
MODULATION, PEAK-TO-PEAK, 
IN RADIANS. 

POWER 
(RADIATED) 

          4 T-x\RF6 TOTAL TRANSMITTED POWER 
WHEN MODULATED, IN WATTS. 

NUMBER OF 
SUBCARRIERS 

          2 T-x\ 
SCO\N 

NUMBER OF SUBCARRIERS IN 
THE COMPOSITE BASEBAND 
WAVEFORM, n.  IF NONE, ENTER 
‘NO’. 

SUBCARRIER 
NUMBER 

          5 T-x\ 
SCO1-n 

GIVE THE IRIG CHANNEL 
NUMBER FOR THE SUBCARRIER.  
IF NONSTANDARD SUBCARRIER, 
ENTER ‘NO’,  AND ENTER 
FREQUENCY IN THE COMMENTS 
SECTION WHERE n IS AN 
IDENTIFICATION TAG FOR THE 
SUBCARRIER. 

MODULATION 
INDEX 

          4 T-x\ 
SCO2-n 

SPECIFY THE MODULATION 
INDEX FOR EACH SUBCARRIER 
IN THE COMPOSITE WAVEFORM, 
AS APPROPRIATE. 
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TABLE 9-2  (Cont’d).  TRANSMISSION ATTRIBUTES GROUP  (T) 
 

PARAMETER 
MAXIMUM 

FIELD 
SIZE 

 
CODE 
NAME 

 
DEFINITION 

MODULATOR 
NONLINEARITY 

          4 T-x\RF7 MODULATOR NONLINEARITY, IN 
PERCENT. 

PREMODULATION FILTER 
BANDWIDTH           6 T-x\PMF1 PRE-MODULATION COMPOSITE 

FILTER BANDWIDTH, 3 dB CUT-
OFF FREQUENCY, IN kHz. 

SLOPE           2 T-x\PMF2 PRE-MODULATION FILTER 
ASYMPTOTIC ROLL-OFF SLOPE, 
dB/OCTAVE. 

TYPE           2 T-x\PMF3 SPECIFY THE FILTER TYPE: 
CONSTANT AMPLITUDE - ‘CA’ 
CONSTANT DELAY - ‘CD’ 
OTHER - ‘OT’ 

TRANSMIT ANTENNA 
TRANSMIT 
ANTENNA TYPE 
 

         16 T-x\AN1 TRANSMIT ANTENNA TYPE. 

TRANSMIT 
POLARIZATION 

          4 T-x\AN2 TRANSMIT ANTENNA 
POLARIZATION. 
‘RHCP’   ‘LHCP’   LINEAR - ‘LIN’ 

ANTENNA 
LOCATION 

         16 T-x\AN3 DESCRIBE THE ANTENNA 
LOCATION. 

ANTENNA PATTERNS 
DOCUMENT          16 T-x\AP IDENTIFY DOCUMENT HAVING 

ANTENNA PATTERNS. 
POINT OF 
CONTACT: 
   NAME 
 
   AGENCY 
 
   ADDRESS 
 
   TELEPHONE 

 
 
         24 
 
         48 
 
         48 
 
         20 

 
 
T-x\AP\ 
   POC1 
T-x\AP\ 
   POC2 
T-x\AP\ 
   POC3 
T-x\AP\ 
   POC4 

IDENTIFY THE POINT OF 
CONTACT FOR ADDITIONAL 
INFORMATION. 

GROUND STATION ATTRIBUTES 
IF BANDWIDTH           6 T-x\GST1 DEFINE THE IF BANDWIDTH (3 

dB) IN MHz. 
BASEBAND 
COMPOSITE 
BANDWIDTH 

          6 T-x\GST2 DEFINE THE CUTOFF 
FREQUENCY (3 dB), IN kHz, OF 
THE OUTPUT FILTER. 
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TABLE 9-2  (Cont’d).  TRANSMISSION ATTRIBUTES GROUP  (T) 

 
PARAMETER 

MAXIMUM 
FIELD 
SIZE 

 
CODE 
NAME 

 
DEFINITION 

GAIN CONTROL 
AGC TIME 
CONSTANT 

          4 T-x\GST3 SPECIFY THE AGC TIME CONSTANT 
DESIRED IN MILLISECONDS. 

MGC GAIN 
SET POINT 

          6 T-x\GST4 PROVIDE THE MANUAL GAIN CONTROL 
SET POINT IN TERMS OF RECEIVED 
SIGNAL STRENGTH, dBm. 

AFC/APC           3 T-x\GST5 SPECIFY AUTOMATIC FREQUENCY 
CONTROL (‘AFC’) OR AUTOMATIC 
PHASE CONTROL (‘APC’) OR NONE 
(‘NON’). 

TRACKING  
BANDWIDTH 

          4 T-x\GST6 SPECIFY TRACKING LOOP BANDWIDTH 
IN Hz. 

POLARIZATION 
RECEPTION 

          5 T-x\GST7 SPECIFY POLARIZATION TO BE USED: 
     RHCP - ‘RHCP’ 
     LHCP - ‘LHCP’ 
     BOTH - ‘BOTH’ 
     BOTH WITH DIVERSITY COMBINING: 
          PRE-DETECTION-’B&DPR’ 
          POST-DETECTION-’B&DPO’ 
     DIVERSITY COMBINING (ONLY): 
          PRE-DETECTION-’PRE-D’ 
          POST-DETECTION-’POS-D’ 
          OTHER - ‘OTHER’,  
              SPECIFY IN COMMENTS. 
 

FM SYSTEMS 
DISCRIMINATOR 
BANDWIDTH 

          4 T-x\FM1 SPECIFY THE DISCRIMINATOR 
BANDWIDTH REQUIRED IN MHz. 

DISCRIMINATOR 
LINEARITY 

          4 T-x\FM2 SPECIFY THE REQUIRED LINEARITY 
OVER THE BANDWIDTH SPECIFIED. 

PM SYSTEMS 
PHASE LOCK 
LOOP 
BANDWIDTH 

          4 T-x\PLL SPECIFY THE PHASE LOCKED LOOP 
BANDWIDTH. 
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TABLE 9-2  (Cont’d).  TRANSMISSION ATTRIBUTES GROUP  (T) 
 

PARAMETER 
MAXIMUM 

FIELD 
SIZE 

 
CODE 
NAME 

 
DEFINITION 

COMMENTS 
COMMENTS     1600 T-x\COM PROVIDE THE ADDITIONAL 

INFORMATION REQUIRED TO 
COMPLETE THE ABOVE 
INFORMATION REQUESTED OR TO 
PROVIDE ANY OTHER 
INFORMATION THAT IS DESIRED. 

 
 
 
9.5.4  Tape Source Attributes (R).  This group describes the attributes required when the 
data source is a magnetic tape as specified in chapter 6.  In the case of the tape data link 
identification, each data source must be identified.  In some cases the data source 
identification may be identical, particularly when the same information has been received 
from different receiver sites, on different polarizations, or on different carriers for 
redundancy purposes.  Some of the information requested will be available only from the 
recording site or the dubbing location. 
 
 Figure 9-4 indicates the information required.  Various categories of information 
have been included.  In the data section of the attributes, it will be necessary to repeat 
the items until all of the data sources have been defined, including the multiple tracks, 
which contain ground station data of interest.  Table 9-3 defines the information 
required.  Any nonstandard tape recordings will require explanation in the comments and 
may require supplemental definition. 
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    CODE NAME REFERENCE 
PAGE 

 DATA SOURCE ID   (R-x\ID) (9-17) 

  TAPE ID  (R-x\RID) (9-17) 

  TAPE DESCRIPTION  (R-x\R1)  

  *TAPE CHARACTERISTICS    

   TAPE TYPE  (R-x\TC1)  

   TAPE MANUFACTURER  (R-x\TC2)  

   TAPE CODE  (R-x\TC3)  

   TAPE WIDTH  (R-x\TC4)  

   TAPE HOUSING  (R-x\TC5)  

   TYPE OF TRACKS  (R-x\TT)  

   NUMBER OF TRACKS  (R-x\N)  

   RECORD SPEED  (R-x\TC6)  

   DATA PACKING DENSITY  (R-x\TC7)  

   TAPE REWOUND  (R-x\TC8)  

  *RECORDER INFORMATION   (9-18) 

   TAPE DRIVE MANUFACTURER  (R-x\RI1)  

   TAPE DRIVE MODEL  (R-x\RI2)  

   ORIGINAL TAPE  (R-x\RI3)  

   DATE AND TIME CREATED  (R-x\RI4)  

   *CREATING ORGANIZATION 

POINT OF CONTACT 

  (9-18) 

    NAME  (R-x\POC1)  

    AGENCY  (R-x\POC2)  

    ADDRESS  (R-x\POC3)  

    TELEPHONE  (R-x\POC4)  

   DATE OF DUB  (R-x\RI5)  

   *DUBBING ORGANIZATION 

 POINT OF CONTACT 

   

   NAME  (R-x\DPOC1)  

   AGENCY  (R-x\DPOC2)  

   ADDRESS  (R-x\DPOC3)  

   TELEPHONE  (R-x\DPOC4)  

  *DATA   (9-19) 

   TRACK NUMBER  (R-x\TK1-n)  

   RECORDING TECHNIQUE  (R-x\TK2-n)  

   DATA SOURCE ID  (R-x\DSI-n)  

   DATA DIRECTION  (R-x\TK3-n)  

  *REFERENCE TRACK   (9-20) 

   NUMBER OF REFERENCE TRACKS   (R-x\RT\N)  

   TRACK NUMBER  (R-x\RT1-n)  

  REFERENCE FREQUENCY (R-x\RT2-n) 

  *COMMENTS    

  COMMENTS  (R-x\COM) (9-20) 

    *HEADING ONLY - NO DATA ENTRY 
 
 Figure 9-4.  Tape Source Attributes Group (R).



 

 
 

 9-17 

TABLE 9-3.  TAPE SOURCE ATTRIBUTES GROUP  (R) 
 

PARAMETER 
MAXIMUM 

FIELD 
SIZE 

 
CODE 
NAME 

 
DEFINITION 

DATA  SOURCE ID          32 R-x\ID DATA  SOURCE ID CONSISTENT 
WITH GENERAL INFORMATION 
GROUP. 

TAPE ID          32 R-x\RID TAPE IDENTIFICATION. 
 

TAPE 
DESCRIPTION 

         32 R-x\R1 TAPE REEL NUMBER OR OTHER 
DEFINITION. 

TAPE CHARACTERISTICS 
TAPE TYPE           4 R-x\TC1 SPECIFY THE TAPE TYPE:  

ANALOG - ‘ANAL’ 
CASSETTE - ‘CASS’ 
HDDR - ‘HDDR’ 
PARALLEL - ‘PARA’ 
OTHER - ‘OTHR’,  DEFINE IN 
COMMENTS RECORD. 

TAPE 
MANUFACTURER 

          8 R-x\TC2 NAME OF MANUFACTURER OF 
THE TAPE. 

TAPE CODE           8 R-x\TC3 SPECIFY MANUFACTURER’S 
TAPE DESIGNATION CODE. 

TAPE WIDTH           4 R-x\TC4 PHYSICAL DIMENSION OF TAPE 
WIDTH, IN. 

TAPE HOUSING           5 R-x\TC5 STATE THE REEL SIZE, INCHES: 
‘10.5’            ‘14.0’            ‘15.0’ 
‘16.0’            ‘OTHER’ 
STATE THE CASSETTE SIZE, MM: 
‘12.65’           ‘19.0’            ‘OTHER’ 

TYPE OF TRACKS           2 R-x\TT STATE THE TYPE OF TRACKS ON 
THE TAPE: 
LONGITUDINAL - ‘LO’ 
ROTARY - ‘RO’ 

NUMBER OF 
TRACKS 

          2 R-x\N STATE THE NUMBER OF TRACKS 
ON THE TAPE. 

RECORD SPEED           4 R-x\TC6 STATE RECORD SPEED IN 
INCHES PER SECOND. 
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TABLE 9-3  (Cont’d).  TAPE SOURCE ATTRIBUTES GROUP  (R) 
 

PARAMETER 
MAXIMUM 

FIELD 
SIZE 

 
CODE 
NAME 

 
DEFINITION 

DATA PACKING 
DENSITY 

          2 R-x\TC7 STATE RECORDING SYSTEM 
BANDWIDTH: 
     INTERMEDIATE BAND - ‘IM’ 
     WIDE BAND - ‘WB’ 
     DOUBLE DENSITY - ‘DD’ 
     OTHER - ‘OT’ 

TAPE REWOUND           1 R-x\TC8 YES - ‘Y’                 NO - ‘N’ 
 

RECORDER INFORMATION 
TAPE DRIVE 
MANUFACTURER 

          8 R-x\RI1 NAME OF TAPE DRIVE 
MANUFACTURER 

TAPE DRIVE 
MODEL 

          8 R-x\RI2 MANUFACTURER’S MODEL 
NUMBER OF TAPE DRIVE USED 
TO CREATE THE TAPE. 

ORIGINAL TAPE           1 R-x\RI3 YES - ‘Y’                 NO - ‘N’ 
 

DATE AND TIME 
CREATED 

         19 R-x\RI4 DATE AND TIME TAPE WAS 
CREATED: 
DD - DAY               MM - MONTH 
YYYY - YEAR         HH - HOUR 
MI – MINUTE         SS - SECOND 
   (MM-DD-YYYY-HH-MI-SS) 

CREATING 
ORGANIZATION 
POINT OF 
CONTACT: 
  NAME 
 
  AGENCY 
 
  ADDRESS 
 
  TELEPHONE 

 
 
 
 
         24 
 
         48 
 
         48 
 
         20 

 
 
 
 
R-x\POC1 
 
R-x\POC2 
 
R-x\POC3 
 
R-x\POC4 
 

POINT OF CONTACT AT THE 
FACILITY CREATING THE TAPE: 
NAME, ADDRESS, AND 
TELEPHONE. 

DATE OF DUB           10 R-x\RI5 DATE THE DUB WAS MADE: 
DD - DAY            MM - MONTH 
YYYY - YEAR 
(MM-DD-YYYY) 
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TABLE 9-3  (Cont’d).  TAPE SOURCE ATTRIBUTES GROUP  (R) 

 
PARAMETER 

MAXIMUM 
FIELD 
SIZE 

 
CODE 
NAME 

 
DEFINITION 

DUBBING 
ORGANIZATION 
POINT OF 
CONTACT: 
  NAME 
 
  AGENCY 
 
  ADDRESS 
 
  TELEPHONE 

 
 
 
 
         24 
 
         48 
 
         48 
 
         20 

 
 
 
 
R-x\ 
   DPOC1 
R-x\ 
   DPOC2 
R-x\ 
   DPOC3 
R-x\ 
   DPOC4 
 

POINT OF CONTACT AT THE DUBBING 
AGENCY:  NAME, ADDRESS, AND 
TELEPHONE 

DATA (DEFINE INFORMATION CONTAINED ON EACH TRACK OF THE TAPE.) 
TRACK NUMBER           2 R-x\TK1-n SPECIFY THE TRACK NUMBER THAT 

CONTAINS THE DATA TO BE 
SPECIFIED. 

RECORDING 
TECHNIQUE 

          6 R-x\TK2-n SPECIFY THE RECORDING TECHNIQUE 
USED FOR THIS TRACK: 
  FM/FM - ‘FM/FM’ 
  HDDR - ‘HDDR’ 
  PRE-DETECTION - ‘PRE-D’ 
  DIRECT - ‘DIRECT’ 
  FM-WIDE BAND GRP I - ‘FMWBI’ 
  FM-WIDE BAND GRP II - ‘FMWBII’ 
  FM-INTERMEDIATE BAND - FM-IM’ 
  FM-NARROW BAND - ‘FM-NB’ 
  DOUBLE DENSITY - ‘DOUDEN’ 
  ROTARY (SINGLE TRACK) - ‘RO-K’ 
  ROTARY (MULTIPLEXED) - ‘RO-MUX’ 
  OTHER - ‘OTHER’. 
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TABLE 9-3  (Cont’d).  TAPE SOURCE ATTRIBUTES GROUP  (R) 
 

PARAMETER 
MAXIMUM 

FIELD 
SIZE 

 
CODE 
NAME 

 
DEFINITION 

DATA SOURCE ID          32 R-x\DSI-n SPECIFY THE DATA SOURCE 
IDENTIFICATION.  FOR A SITE 
RECORDED MULTIPLEXED 
TRACK, PROVIDE A  DATA  
SOURCE IDENTIFICATION. 

DATA DIRECTION           3 R-x\TK3-n FORWARD - ‘FWD’ 
REVERSE - ‘REV’ 

REFERENCE TRACK 
NUMBER OF 
REFERENCE 
TRACKS 

          1 R-x\RT\N SPECIFY THE NUMBER OF 
REFERENCE TRACKS. 

TRACK 
NUMBER 
 

          2 R-x\RT1-n STATE THE TRACK LOCATION 
OF THE REFERENCE SIGNAL. 

REFERENCE 
FREQUENCY 

          6 R-x\RT2-n FREQUENCY OF REFERENCE 
SIGNAL, kHz. 

THERE WILL BE ONE TAPE SOURCE ATTRIBUTES GROUP FOR EACH TAPE 
SOURCE. 
COMMENTS 
COMMENTS     3200 R-x\COM THIS RECORD IS TO BE USED TO 

PROVIDE THE ADDITIONAL 
INFORMATION REQUESTED AND 
TO PROVIDE ANY OTHER 
INFORMATION DESIRED. 

 
 
9.5.5  Multiplex/Modulation Attributes (M).  The composite baseband waveform is 
received from the receiver or tape reproducer electronics and is passed to the 
demultiplexer/demodulator for further processing.  Figure 9-5 summarizes the 
information that is required to continue processing the data.  The composite baseband 
waveform may consist of any number of signals, which are modulated directly onto the 
RF carrier including a baseband data signal, and one or more subcarriers. 
 
 The baseband data signal may be PCM, pulse amplitude modulation (PAM), or 
analog data.  The PCM and PAM data streams must be defined in terms of a data link 
name.  This data link name is unique for each system that contains different data, has a 
different format, or has a different data rate.  The analog measurand is typically 
converted into engineering units appropriate for the measurand.  The measurement name 
provides the connection to the Data Conversion Attributes Group (C). 
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 Subcarriers, both standard and nonstandard, may be part of the baseband 
composite waveform.  These, in turn, may be modulated with PCM, PAM, or analog 
data.  As with the baseband data signal, these data channels must be defined.  Table 9-4 
specifies the required information for the data signal attributes.  
 
 

    CODE NAME REFERENCE 
PAGE 

 DATA SOURCE ID   (M-x\ID) (9-22) 

  *COMPOSITE SIGNAL STRUCTURE   (9-22) 

   SIGNAL STRUCTURE TYPE  (M-x\BB1)  

   MODULATION SENSE  (M-x\BB2)  

   COMPOSITE LPF BANDWIDTH  (M-x\BB3)  

  *BASEBAND SIGNAL   (9-22) 

   BASEBAND SIGNAL TYPE  (M-x\BSG1)  

   *LOW PASS FILTER    

    BANDWIDTH  (M-x\BSF1)  

    TYPE  (M-x\BSF2)  

   *BASEBAND DATA LINK TYPE   (9-23) 

   *PCM  OR PAM    

  OR     

    DATA LINK NAME  (M-x\BB\DLN)  

    *ANALOG    

   MEASUREMENT NAME  (M-x\BB\MN)  

  *SUBCARRIERS   (9-23) 

   NUMBER OF SUBCARRIERS  (M-x\SCO\N)  

   *IRIG SUBCARRIERS    

    NUMBER OF SCOs  (M-x\SI\N)  

    SCO NUMBER  (M-x\SI1-n)  

    SCO #n DATA TYPE  (M-x\SI2-n)  

    MODULATION SENSE  (M-x\SI3-n)  

    *LOW PASS FILTER   (9-24) 

     BANDWIDTH  (M-x\SIF1-n)  

     TYPE  (M-x\SIF2-n)  

    *DATA LINK TYPE   (9-24) 

    *PCM OR PAM    

   OR     

     DATA LINK NAME  (M-x\SI\DLN-n)  

    *ANALOG    

     MEASUREMENT 
NAME 

 (M-x\SI\MN-n)  

   OTHER  (M-x\SO) (9-24) 

  REFERENCE CHANNEL  (M-x\RC)  

  *COMMENTS    

  COMMENTS  (M-x\COM) (9-24) 

    *HEADING ONLY - NO DATA ENTRY 
 
 Figure 9-5.  Multiplex/Modulation Attributes Group (M).
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TABLE 9-4.  MULTIPLEX/MODULATION GROUP (M) 
 

PARAMETER 
MAXIMUM 

FIELD 
SIZE 

 
CODE 
NAME 

 
DEFINITION 

DATA  SOURCE ID          32 M-x\ID DATA  SOURCE IDENTIFICATION 
COMPOSITE SIGNAL STRUCTURE 
SIGNAL 
STRUCTURE 
TYPE 

          7 M-x\BB1 SPECIFY THE COMPOSITE 
BASEBAND SIGNAL STRUCTURE: 
   ‘PCM’               HYBRID: 
   ‘PAM’                  ‘ANA/SCO’ 
   ‘ANALOG’          ‘PAM/SCO’ 
  ‘ SCO’s’                ‘PCM/SCO’ 
   ‘OTHER’ 

MODULATION 
SENSE 

          3 M-x\BB2 SPECIFY THE MODULATION 
SENSE: 
‘POS’ – INDICATES THAT AN  
          INCREASING VOLTAGE 
          RESULTS IN AN INCREASE 
          IN FREQUENCY. 
‘NEG’ – INDICATES THAT A 
          DECREASING VOLTAGE 
          RESULTS IN AN INCREASE 
          IN FREQUENCY 

COMPOSITE LPF 
BANDWIDTH 

          6 M-x\BB3 GIVE THE LOW PASS 
BANDWIDTH OF THE 
COMPOSITE WAVEFORM, IN kHz.  
(3 dB CUTOFF FREQUENCY). 

BASEBAND SIGNAL 
BASEBAND 
SIGNAL TYPE 

          3 M-x\BSG1 TYPE OF BASEBAND DATA: 
   ‘PCM’     ‘ANA’ (ANALOG)        
   ‘PAM’   ‘OTH’ (OTHER) 
   ‘NON’ (NONE). 

LOW PASS FILTER 
BANDWIDTH           6 M-x\BSF1 SPECIFY LOW PASS FILTER 

BANDWIDTH, 3 dB, CUTOFF 
FREQUENCY, IN kHz. 
 

TYPE           2 M-x\BSF2 SPECIFY THE FILTER TYPE: 
   CONSTANT AMPLITUDE - ‘CA’ 
   CONSTANT DELAY - ‘CD’ 
   OTHER - ‘OT’, DEFINE IN THE 
     COMMENT RECORD. 
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TABLE 9-4  (Cont’d).  MULTIPLEX/MODULATION GROUP (M) 

 
PARAMETER 

MAXIMUM 
FIELD 
SIZE 

 
CODE 
NAME 

 
DEFINITION 

BASEBAND DATA LINK TYPE 
PCM OR PAM 
DATA LINK 
NAME 

         32 M-x\BB\ 
DLN 

SPECIFY THE DATA LINK NAME 
FOR PCM OR PAM DATA 
FORMAT. 

ANALOG    
MEASUREMENT 
NAME 

         32 M-x\BB\ 
MN 

GIVE THE MEASURAND NAME. 

SUBCARRIERS 
NUMBER OF 
SUBCARRIERS 

          2 M-x\SCO\ 
N 

SPECIFY THE NUMBER OF 
SUBCARRIERS ON THIS DATA 
LINK. 

IRIG SUBCARRIERS 
NUMBER OF 
SCOs 

          2 M-x\SI\N SPECIFY THE NUMBER OF IRIG 
SUBCARRIERS. 

SCO NUMBER           5 M-x\SI1-n GIVE THE IRIG CHANNEL 
NUMBER FOR THE SUBCARRIER. 

SCO #n 
DATA TYPE 

          3 M-x\SI2-n SPECIFY THE TYPE OF DATA ON 
THE SUBCARRIER: 
   PCM - ‘PCM’ 
   ANALOG - ‘ANA’ 
   PAM - ‘PAM’ 
   OTHER - ‘OTH’. 

MODULATION 
SENSE 

          3 M-x\SI3-n SPECIFY THE MODULATION 
SENSE: 
‘POS’ - INDICATES THAT AN 
          INCREASING VOLTAGE  
          RESULTS IN AN INCREASE 
          IN FREQUENCY 
‘NEG’ - INDICATES THAT A 
          DECREASING VOLTAGE 
          RESULTS IN AN INCREASE 
          IN FREQUENCY. 
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TABLE 9-4  (Cont’d).  MULTIPLEX/MODULATION GROUP (M) 

 
PARAMETER 

MAXIMUM 
FIELD 
SIZE 

 
CODE 
NAME 

 
DEFINITION 

LOW PASS FILTER 
BANDWIDTH           6 M-x\ 

SIF1-n 
SPECIFY THE LOW PASS FILTER 
CUTOFF FREQUENCY (3 dB), IN 
kHz. 

TYPE           2 M-x\ 
SIF2-n 

SPECIFY THE FILTER TYPE: 
   CONSTANT AMPLITUDE - ‘CA’ 
   CONSTANT DELAY - ‘CD’ 
   OTHER - ‘OT’, DEFINE IN THE  
   COMMENTS RECORD. 

DATA LINK TYPE 
PCM OR PAM 
DATA LINK 
NAME 

         32 M-x\SI\ 
DLN-n 

SPECIFY THE DATA LINK NAME 
FOR PCM AND PAM DATA 
FORMATS. 

ANALOG 
MEASUREMENT 
NAME 

         32 M-x\SI\ 
MN-n 

GIVE THE MEASURAND NAME. 
 

REPEAT THE ABOVE FOR EACH IRIG SUBCARRIER ON THIS CARRIER. 
OTHER           1  M-x\SO ARE THERE NONSTANDARD 

SUBCARRIERS? 
   YES - ‘Y’,              NO -’N’ 
   DEFINE IN THE COMMENTS. 

REFERENCE 
CHANNEL 
 

          6  M-x\RC FREQUENCY OF REFERENCE 
CHANNEL IN kHz, IF 
APPLICABLE. 

COMMENTS 
COMMENTS     3200  M-x\COM PROVIDE THE ADDITIONAL 

INFORMATION REQUIRED AND 
ANY OTHER INFORMATION 
DESIRED. 
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9.5.6  Digital Data Attributes.  The digital data attributes are separated into three groups 
containing PCM-related attribute information.  The PCM Format Attributes Group (P) is 
described in subparagraph 9.5.6.1.  The PCM Measurement Description Attributes, 
contained in (D), are described in subparagraph 9.5.6.2.  Subparagraph 9.5.6.3 depicts 
the MIL-STD-1553 Bus Data attributes (B). 
 
9.5.6.1  PCM Format Attributes (P).  The PCM Format Attributes Group contains the 
information required to decommutate the PCM data stream. Operations of both class I 
and II are included.  (Limited information is incorporated for class II operation.)  Figure 
9-6 presents the flow and summary of the information required.  In general, only 
standard methods of synchronization have been included except for cases where 
considerable application is already in place.  Inclusion should not be taken to mean that 
the nonstandard approaches are better or desired.  Table 9-5 contains the PCM Format 
Attributes.  The group defines and specifies the frame format and the information 
necessary to set up the PCM decommutation.  Refer to chapter 4 for the definition of 
terms (such as major and minor frames and subframes) and word numbering 
conventions. 



 

 
 

 9-26 

 

    CODE NAME REFERENCE 
PAGE 

 DATA LINK NAME   (P-d\DLN) (9-28) 

  *INPUT DATA   (9-28) 

   PCM CODE  (P-d\D1)  

   BIT RATE  (P-d\D2)  

   ENCRYPTED  (P-d\D3)  

   POLARITY  (P-d\D4)  

   AUTO-POLARITY CORRECTION  (P-d\D5)  

   DATA DIRECTION  (P-d\D6)  

   DATA RANDOMIZED  (P-d\D7)  

   RANDOMIZER LENGTH  (P-d\D8)  

  *FORMAT   (9-29) 

   TYPE FORMAT   (P-d\TF)  

    COMMON WORD LENGTH  (P-d\F1)  

    WORD TRANSFER ORDER  (P-d\F2)  

    PARITY  (P-d\F3)  

    PARITY TRANSFER ORDER  (P-d\F4)  

   *MINOR FRAME   (9-30) 

   NUMBER OF MINOR FRAMES IN 
MAJOR FRAME 

  (P-d\MF\N)  

    NUMBER OF WORDS IN A 
MINOR FRAME 

 (P-d\MF1)  

    NUMBER OF BITS IN A 
MINOR FRAME 

 (P-d\MF2)  

   SYNC TYPE  (P-d\MF3) (9-30) 

    *SYNCRONIZATION 
PATTERN 

   

   LENGTH  (P-d\MF4)  

   PATTERN  (P-d\MF5)  

  *SYNCHRONIZATION CRITERIA    (9-30) 

   IN SYNC CRITERIA  (P-d\SYNC1)  

    SYNC PATTERN CRITERIA  (P-d\SYNC2)  

   *OUT OF SYNCHRONIZATION CRITERIA   (9-31) 

   NUMBER OF DISAGREES  (P-d\SYNC3)  

   SYNC PATTERN CRITERIA  (P-d\SYNC4)  

  *MINOR FRAME FORMAT DEFINITION   (9-31) 

   WORD NUMBER  (P-d\MFW1-n)  

    NUMBER OF BITS IN WORD  (P-d\MFW2-n)  

   *SUBFRAME SYNCHRONIZATION   (9-31) 

   NUMBER OF SUBFRAME ID 
COUNTERS 

 (P-d\ISF\N)  

   SUBFRAME ID COUNTER NAME  (P-d\ISF1-n)  

   SUBFRAME SYNC TYPE  (P-d\ISF2-n)  

    *ID COUNTER   (9-32) 
 

 Figure 9-6.  PCM Format Attributes Group (P). 
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    SFID COUNTER LOCATION  (P-d\IDC1-n)  

    ID COUNTER WORD LENGTH  (P-d\IDC2-n)  

    ID COUNTER MSB STARTING 
BIT LOCATION 

 (P-d\IDC3-n)  

    ID COUNTER LENGTH  (P-d\IDC4-n)  

    ID COUNTER TRANSFER 
ORDER 

 (P-d\IDC5-n)  

    ID COUNTER INITIAL VALUE  (P-d\IDC6-n) (9-32) 

    INITIAL COUNT SUBFRAME 
NUMBER 

 (P-d\IDC7-n)  

    ID COUNTER END VALUE  (P-d\IDC8-n)  

    END COUNT SUBFRAME 
NUMBER 

 (P-d\IDC9-n)  

    COUNT DIRECTION  (P-d\IDC10-n)  

    

*SUBFRAME DEFINITION 

   

(9-32) 

    NUMBER OF SUBFRAMES  (P-d\SF\N-n)  

    SUBFRAME NAME  (P-d\SF1-n-m)  

    SUPERCOM  (P-d\SF2-n-m)  

    LOCATION DEFINITION  (P-d\SF3-n-m)  

    SUBFRAME LOCATION  (P-d\SF4-n-m-w)  

    INTERVAL  (P-d\SF5-n-m)  

    SUBFRAME DEPTH  (P-d\SF6-n-m)  

   *ASYNCHRONOUS EMBEDDED FORMAT   (9-34) 

    NUMBER OF ASYNCHRONOUS 
EMBEDDED FORMATS 

 (P-d\AEF\N)  

    DATA LINK NAME  (P-d\AEF\DLN-n) (9-34) 

    SUPERCOM   (P-d\AEF1-n)  

    LOCATION DEFINITION  (P-d\AEF2-n)  

    LOCATION  (P-d\AEF3-n-w)  

    INTERVAL  (P-d\AEF4-n) (9-35) 

    WORD LENGTH  (P-d\AEF5-n-w)  

    MASK  (P-d\AEF6-n-w)  

   *FORMAT CHANGE   (9-35) 

    *FRAME FORMAT IDENTIFIER    

     LOCATION  (P-d\FFI1)  

     MASK  (P-d\FFI2)  

    *MEASUREMENT LIST CHANGE   (9-36) 

   OR      

     NUMBER OF MEASUREMENT LISTS  (P-d\MLC\N)  

     FFI PATTERN  (P-d\MLC1-n)  

     MEASUREMENT LIST NAME  (P-d\MLC2-n)  

         

 
 

  Figure 9-6 (Cont'd).  PCM Format Attributes Group (P). 
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   *FORMAT STRUCTURE CHANGE   (9-36) 

    NUMBER OF FORMATS  (P-d\FSC\N)  

    FFI PATTERN  (P-d\FSC1-n)  

    DATA LINK ID  (P-d\FSC2-n)  

  *ALTERNATE TAG AND DATA   (9-36) 

   NUMBER OF TAGS  (P-d\ALT\N)  

   NUMBER OF BITS IN TAG  (P-d\ALT1)  

   NUMBER OF BITS IN DATA WORD  (P-d\ALT2)  

   FIRST TAG LOCATION  (P-d\ALT3)  

   SEQUENCE  (P-d\ALT4)  

  *ASYNCHRONOUS DATA MERGE               
FORMAT 

   

  NUMBER OF ASYNCHRONOUS DATA 
MERGE FORMATS 

          (P-d\ADM\N)  

  DATA MERGE NAME  (P-d\ADM\DMN-n)  

  SUPERCOM      (P-d\ADM1-n)  

  LOCATION DEFINITION      (P-d\ADM2-n)  

  LOCATION      (P-d\ADM3-n)  

  INTERVAL      (P-d\ADM4-n)  

  DATA LENGTH      (P-d\ADM5-n)  

  MSB LOCATION      (P-d\ADM6-n)  

  PARITY      (P-d\ADM7-n)  

 *COMMENTS    

 COMMENTS  (P-d\COM) (9-38) 

 *HEADING ONLY - NO DATA ENTRY   
 

 Figure 9-6 (Cont'd).  PCM Format Attributes Group (P). 
 

TABLE 9-5.  PCM FORMAT ATTRIBUTES GROUP (P) 
 

PARAMETER 
MAXIMUM 

FIELD 
SIZE 

 
CODE 
NAME 

 
DEFINITION 

DATA LINK 
NAME 

         32 P-d\DLN IDENTIFY THE DATA LINK NAME 
CONSISTENT WITH THE MUX/MOD 
GROUP. 

INPUT DATA 
PCM CODE           6 P-d\D1 DEFINE THE DATA FORMAT CODE: 

   ‘NRZ-L’         ‘BIO-L’         ‘RNRZ-L’ 
   ‘NRZ-M’        ‘BIO-M’        ‘OTHER’ 
   ‘NRZ-S’         ‘BIO-S’ 

BIT RATE           9 P-d\D2 DATA  RATE IN BITS PER SECOND. 
SCIENTIFIC NOTATION MAY BE 
USED. 
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TABLE 9-5  (Cont’d).  PCM FORMAT ATTRIBUTES GROUP (P) 

 
PARAMETER 

MAXIMUM 
FIELD 
SIZE 

 
CODE 
NAME 

 
DEFINITION 

ENCRYPTED           1 P-d\D3 DATA IS ENCRYPTED -’E’ 
DATA IS UNENCRYPTED - ‘U’ 
   IF THE DATA IS ENCRYPTED, 
   PROVIDE DETAILS IN COMMENT 
   RECORD. 

POLARITY           1 P-d\D4 DATA POLARITY: 
   NORMAL - ‘N’ 
   INVERTED - ‘I’. 

AUTO-POLARITY 
CORRECTION 

          1 P-d\D5 IS AUTOMATIC POLARITY 
CORRECTION TO BE USED? 
   YES - ‘Y’               NO - ‘N’ 

DATA DIRECTION           1 P-d\D6 TIME SEQUENCE OF DATA: 
   NORMAL - ‘N’ 
   REVERSED - ‘R’. 

DATA 
RANDOMIZED 

          1 P-d\D7 YES - ‘Y’     OR     NO - ‘N’. 

RANDOMIZER 
LENGTH 

          3 P-d\D8 SPECIFY THE RANDOMIZER 
LENGTH: 
   STANDARD (15 BITS) - ‘STD’ 
   OTHER - ‘OTH’, DEFINE IN 
   COMMENTS RECORD. 
   NOT APPLICABLE - ‘N/A’. 

FORMAT 
TYPE FORMAT           4 P-d\TF  

TYPE OF PCM FORMAT: 
   CLASS I - ‘ONE’ 
   1553 BUS - ‘1553’ 
   ALTERNATE TAG AND 
      DATA - ‘ALTD’ 
   OTHER - ‘OTHR’, DESCRIBE IN 
   COMMENTS RECORD. 

COMMON WORD 
LENGTH 

          2 P-d\F1 NUMBER OF BITS IN COMMON 
WORD LENGTH. 

WORD TRANSFER 
ORDER 

          1 P-d\F2 DEFINE THE DEFAULT FOR THE 
FIRST BIT TRANSFERRED IN 
NORMAL TIME SEQUENCE: 
   MOST SIGNIFICANT BIT - ‘M’ 
   LEAST SIGNIFICANT BIT - ‘L’. 
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TABLE 9-5  (Cont’d).  PCM FORMAT ATTRIBUTES GROUP (P) 

 
PARAMETER 

MAXIMUM 
FIELD 
SIZE 

 
CODE 
NAME 

 
DEFINITION 

PARITY           2 P-d\F3 NORMAL WORD PARITY 
   EVEN - ‘EV’ 
   ODD - ‘OD’ 
   NONE - ‘NO’ 

PARITY 
TRANSFER 
ORDER 

          1 P-d\F4 PARITY BIT LOCATION 
   LEADS WORD - ‘L’ 
   TRAILS WORD - ‘T’. 

MINOR FRAME 
NUMBER OF 
MINOR FRAMES 
IN MAJOR 
FRAME 

          3 P-d\MF\N NUMBER OF MINOR FRAMES IN 
A MAJOR FRAME. 

NUMBER OF 
WORDS IN A 
MINOR FRAME 

          4 P-d\MF1 SPECIFY THE NUMBER OF 
WORDS IN A MINOR FRAME, AS 
DEFINED IN PARAGRAPH 4.3. 

NUMBER OF 
BITS IN A 
MINOR FRAME 

          5 P-d\MF2 NUMBER OF BITS IN A MINOR 
FRAME INCLUDING MINOR 
FRAME SYNCHRONIZATION 
PATTERN. 

SYNC TYPE           3 P-d\MF3 DEFINE MINOR FRAME 
SYNCHRONIZATION TYPE: 
   FIXED PATTERN - ‘FPT’ 
   OTHER - ‘OTH’. 

SYNCHRONIZATION PATTERN 
LENGTH           2 P-d\MF4 SPECIFY THE MINOR FRAME 

SYNCHRONIZATION PATTERN 
LENGTH IN NUMBER OF BITS. 

PATTERN          33 P-d\MF5 DEFINE MINOR FRAME 
SYNCHRONIZATION PATTERN IN 
BITS (“1”s and “0”s) WITH THE 
LEFT MOST BIT AS THE “FIRST 
BIT TRANSMITTED.” 

SYNCHRONIZATION CRITERIA 
IN SYNC 
CRITERIA 

          2 P-d\SYNC1 THIS SPECIFIES THE DESIRED 
CRITERIA FOR DECLARING THE 
SYSTEM TO BE IN SYNC: 
   FIRST GOOD SYNC – 0 
   CHECK - NUMBER OF AGREES 
     (1 OR GREATER) 
   NOT SPECIFIED - ‘NS’. 
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TABLE 9-5  (Cont’d).  PCM FORMAT ATTRIBUTES GROUP (P) 
 

PARAMETER 
MAXIMUM 
FIELD SIZE 

CODE 
NAME 

 
DEFINITION 

SYNC PATTERN 
CRITERIA 

2 P-d\SYNC2 NUMBER OF BITS THAT  
MAY BE IN ERROR IN THE 
SYNCHRONIZATION PATTERN. 

OUT OF SYNCHRONIZATION CRITERIA 
NUMBER OF 
DISAGREES 

2 P-d\SYNC3 SPECIFIES THE DESIRED 
CRITERIA FOR DECLARING 
THE SYSTEM OUT OF SYNC: 
   NUMBER OF DISAGREES, 
   NOT SPECIFIED - ‘NS’. 

SYNC PATTERN 
CRITERIA 

2 P-d\SYNC4 NUMBER OF BITS THAT MAY 
BE IN ERROR IN THE 
SYNCHRONIZATION PATTERN. 

MINOR FRAME FORMAT DEFINITION 
WORD NUMBER 4 P-d\MFW1-n WORD POSITION (#n) IN A 

MINOR FRAME, OR FOR 
CLASS II SYSTEMS, THE 
POSITION IN THE DEFINED 
FRAME.  WORD POSITION 1 
FOLLOWS THE 
SYNCHRONIZATION 
PATTERN. 

NUMBER OF BITS 
IN WORD 

2 P-d\MFW2-n THE NUMBER OF BITS IN 
WORD POSITION #n.  IF 
DEFAULT VALUE, DO NOT 
INCLUDE. 

THE ABOVE PAIR SET MUST BE DEFINED FOR ALL WORDS THAT HAVE A 
LENGTH OTHER THAN THE COMMON WORD LENGTH.  THEREFORE, ALL 
WORD POSITIONS NOT INCLUDED IN THE ABOVE WILL HAVE THE 
COMMON WORD LENGTH AS A DEFAULT VALUE. 
SUBFRAME SYNCHRONIZATION 

SUBFRAME ID 
COUNTER NAME 

32 P-d\ISF1-n SPECIFY THE SUBFRAME ID 
COUNTER NAME. 

SUBFRAME SYNC 
TYPE 

2 P-d\ISF2-n DEFINE THE SUBFRAME 
SYNCHRONIZATION TYPE: 
   ID COUNTER - ‘ID’ 
   OTHER - ‘OT’, DEFINE IN 
   COMMENTS. 

NUMBER OF 
SUBFRAME 
ID COUNTERS 

2 P-d\ISF\N SPECIFY THE NUMBER OF 
SUBFRAME ID COUNTERS 
DEFINED WITHIN THE MINOR 
FRAME. 
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TABLE 9-5  (Cont’d).  PCM FORMAT ATTRIBUTES GROUP (P) 

 
PARAMETER 

MAXIMUM 
FIELD 
SIZE 

 
CODE 
NAME 

 
DEFINITION 

ID COUNTER 
SUBFRAME ID 
COUNTER 
LOCATION 

          4 P-d\IDC1-n IF ID COUNTER IS DESIGNATED 
AS THE SUBFRAME SYNC TYPE, 
GIVE THE MINOR FRAME WORD 
POSITION OF THE COUNTER. 

ID COUNTER 
WORD LENGTH 

          2 P-d\IDC2-n SPECIFY THE MINOR FRAME 
WORD LENGTH OF THE WORD 
CONTAINING THE ID COUNTER, 
NUMBER OF BITS. 

ID COUNTER 
MSB STARTING 
BIT LOCATION 

          2 P-d\IDC3-n SPECIFY THE BIT LOCATION OF 
THE ID COUNTER MSB WITHIN  
THE WORD. 

ID COUNTER 
LENGTH 

          2 P-d\IDC4-n SPECIFY THE SUBFRAME ID 
COUNTER LENGTH.  NUMBER 
OF BITS. 

ID COUNTER 
TRANSFER 
ORDER 

          1 P-d\IDC5-n SPECIFY WHETHER THE MOST 
OR LEAST SIGNIFICANT BIT IS 
TRANSFERRED FIRST: 
   MOST SIGNIFICANT - ‘M’ 
   LEAST SIGNIFICANT - ‘L’. 

ID COUNTER 
INITIAL VALUE 

          3 P-d\IDC6-n SPECIFY THE INITIAL VALUE OF 
THE ID COUNTER. 

INITIAL COUNT 
SUBFRAME 
NUMBER 

          3 P-d\IDC7-n SPECIFY THE MINOR FRAME 
NUMBER ASSOCIATED WITH 
THE INITIAL COUNT VALUE. 

ID COUNTER 
END VALUE 

          3 P-d\IDC8-n SPECIFY THE END VALUE OF 
THE ID COUNTER. 

END COUNT 
SUBFRAME 
NUMBER 

          3 P-d\IDC9-n SPECIFY THE MINOR FRAME 
NUMBER ASSOCIATED WITH 
THE END COUNT VALUE. 

COUNT 
DIRECTION 

          3 P-d\ 
IDC10-n 

SPECIFY THE DIRECTION OF THE 
COUNT INCREMENT: 
   INCREASING - ‘INC’ 
   DECREASING - ‘DEC’ 

SUBFRAME DEFINITION 
NUMBER OF 
SUBFRAMES 

          4 P-d\SF\ 
N-n 

SPECIFY THE NUMBER OF 
SUBFRAMES ASSOCIATED 
WITH THE SUBFRAME ID  
COUNTER NAMED ABOVE. 
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TABLE 9-5  (Cont’d).  PCM FORMAT ATTRIBUTES GROUP (P) 

 
PARAMETER 

MAXIMUM 
FIELD 
SIZE 

 
CODE 
NAME 

 
DEFINITION 

SUBFRAME 
NAME 

32 P-d\SF1- 
n-m 

SPECIFY THE SUBFRAME NAME. 
 

SUPERCOM           2 P-d\SF2- 
n-m 

IF NOT SUPERCOMMUTATED, 
ENTER - ‘NO’.   OTHERWISE, 
ENTER THE NUMBER OF 
WORD POSITIONS. 

LOCATION 
DEFINITION 

          2 P-d\SF3- 
n-m 

IF SUPERCOMMUTATED, 
SPECIFY HOW THE WORD 
LOCATIONS ARE DEFINED: 
  FIRST WORD AND  
      INTERVAL - ‘FI’ 
  EVERY LOCATION - ‘EL’ 
  NOT APPLICABLE - ‘NA’ 
 

SUBFRAME 
LOCATION 

          4 P-d\SF4- 
n-m-w 

SPECIFY THE FIRST WORD 
WITHIN THE MINOR FRAME 
THAT CONTAINS THE 
SUBFRAME IDENTIFIED.  FOR 
THE CASE WHEN EVERY 
WORD LOCATION IS DEFINED, 
REPEAT THIS ENTRY FOR 
EACH WORD POSITION 
APPLICABLE.  FOR THE FIRST 
WORD AND INTERVAL, 
INCLUDE THE NEXT ENTRY TO 
DEFINE THE INTERVAL. 

INTERVAL           4 P-d\SF5- 
n-m 

SPECIFY THE INTERVAL TO BE 
USED TO DEFINE THE 
SUBFRAME LOCATION. 

SUBFRAME 
DEPTH 

          3 P-d\SF6- 
n-m 

SPECIFY THE SUBFRAME 
DEPTH.  IF NO ENTRY, THEN 
THE SUBFRAME ID COUNTER 
DEPTH WILL BE USED AS THE 
DEFAULT VALUE. 

REPEAT THE ABOVE FOR EACH SUBFRAME IN THE MINOR FRAME FORMAT. 
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TABLE 9-5  (Cont’d).  PCM FORMAT ATTRIBUTES GROUP (P) 

 
PARAMETER 

MAXIMUM 
FIELD 
SIZE 

 
CODE 
NAME 

 
DEFINITION 

ASYNCHRONOUS EMBEDDED FORMAT 
NUMBER OF 
ASYNCHRONOUS 
EMBEDDED 
FORMATS 

          1 P-d\AEF\N SPECIFY THE NUMBER OF 
ASYNCHRONOUS EMBEDDED 
FORMATS: 
   ONE - ‘1’    TWO -’2’ 
   NONE - ‘0’ 

DATA LINK 
NAME 

         32 P-d\AEF\ 
DLN-n 

PROVIDE THE DATA LINK 
NAME FOR THIS 
ASYNCHRONOUS 
EMBEDDED FORMAT.  REPEAT 
NAME AND THE FOLLOWING 
ENTRIES FOR THE SECOND 
FORMAT, AS APPROPRIATE.  (A 
SEPARATE DATA LINK 
DEFINITION MUST BE 
PROVIDED FOR EACH 
ASYNCHRONOUS EMBEDDED 
FORMAT.) 

SUPERCOM           3 P-d\AEF1-n IF THE ASYNCHRONOUS 
FORMAT IS NOT 
SUPERCOMMUTATED,  
ENTER - ‘NO’ .   OTHERWISE, 
ENTER THE NUMBER OF HOST 
MINOR FRAME WORDS THAT 
ARE USED. 

LOCATION 
DEFINITION 

          2 P-d\AEF2-n IF SUPERCOMMUTATED, 
SPECIFY HOW THE WORD 
LOCATIONS ARE DEFINED: 
  FIRST WORD AND  
      INTERVAL - ‘FI’ 
  EVERY LOCATION - ‘EL’ 
  CONTIGUOUS WORDS - ‘CW’ 
  NOT APPLICABLE - ‘NA’ 
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TABLE 9-5  (Cont’d).  PCM FORMAT ATTRIBUTES GROUP (P) 

 
PARAMETER 

MAXIMUM 
FIELD 
SIZE 

 
CODE 
NAME 

 
DEFINITION 

LOCATION           4 P-d\AEF3-n-w SPECIFY THE FIRST WORD 
WITHIN THE MINOR FRAME 
THAT CONTAINS THE 
ASYNCHRONOUS EMBEDDED 
FORMAT IDENTIFIED.  FOR THE 
METHOD WHEN EVERY WORD 
LOCATION IS DEFINED, REPEAT 
THIS ENTRY FOR EACH WORD 
POSITION APPLICABLE.  FOR 
THE FIRST WORD AND 
INTERVAL METHOD, INCLUDE 
THE NEXT ENTRY TO DEFINE 
THE INTERVAL. 

INTERVAL           4 P-d\AEF4-n SPECIFY THE INTERVAL TO BE 
USED TO DEFINE THE 
ASYNCHRONOUS EMBEDDED 
FORMAT LOCATION. 

WORD LENGTH           2 P-d\AEF5-n-w SPECIFY THE NUMBER OF 
EMBEDDED BITS IN THIS HOST 
WORD LOCATION. 

MASK          64 P-d\AEF6-n-w IF THE ASYNCHRONOUS 
PORTION OF THE WORD IS 
SHORTER THAN THE WORD 
LENGTH, THEN PROVIDE THE 
BINARY MASK REQUIRED TO 
INDICATE WHICH BITS ARE 
USED (1s USED, 0s NOT USED). 
LEFTMOST BIT CORRESPONDS 
TO FIRST BIT TRANSMITTED. 

FORMAT CHANGE 
FRAME FORMAT IDENTIFIER 
LOCATION           4 P-d\FFI1 SPECIFY THE POSITION IN THE 

MINOR FRAME THAT CONTAINS 
THE FRAME FORMAT 
IDENTIFICATION (FFI) WORD.  IF 
MORE THAN ONE WORD 
LOCATION, PROVIDE THE 
DETAILS IN THE COMMENTS 
RECORD. 
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TABLE 9-5  (Cont’d).  PCM FORMAT ATTRIBUTES GROUP (P) 

 
PARAMETER 

MAXIMUM 
FIELD 
SIZE 

 
CODE 
NAME 

 
DEFINITION 

MASK          64 P-d\FFI2 IF THE FFI IS SHORTER THAN THE 
WORD LENGTH, THEN PROVIDE 
THE BINARY MASK REQUIRED TO 
INDICATE WHICH BITS ARE USED.  
LEFTMOST BIT CORRESPONDS TO 
FIRST BIT TRANSMITTED. 

MEASUREMENT LIST CHANGE 
NUMBER OF 
MEASUREMENT 
LISTS 

          2 P-d\MLC\N SPECIFY THE NUMBER OF 
MEASUREMENT LISTS THAT ARE 
REQUIRED TO BE SELECTED.  IF 
NONE, ENTER ‘NO’.  OTHERWISE, 
ENTER THE NUMBER, n. 

FFI PATTERN          16 P-d/MLC1-n SPECIFY THE FFI PATTERN THAT 
CORRESPONDS TO THE 
MEASUREMENT LIST (1s and 0s).  
THIS ENTRY AND THE NEXT ARE 
AN ORDERED PAIR. 

MEASUREMENT 
LIST NAME 

         32 P-d\MLC2-n SPECIFY THE MEASUREMENT LIST 
NAME. 

FORMAT STRUCTURE CHANGE 
NUMBER OF 
FORMATS 

          2 P-d\FSC\N SPECIFY NUMBER OF FORMATS 
THAT ARE TO BE DEFINED. 

FFI PATTERN          16 P-d\FSC1-n SPECIFY THE FFI PATTERN THAT 
CORRESPONDS TO THE FORMAT 
THAT IS DEFINED.  THIS ENTRY 
AND THE FOLLOWING ARE AN 
ORDERED PAIR. 

DATA LINK ID          32 P-d\FSC2-n IDENTIFY THE FORMAT THAT 
CORRESPONDS TO THIS FFI CODE. 

ALTERNATE TAG AND DATA 
NUMBER OF 
TAGS 

          3 P-d\ALT\N SPECIFY THE NUMBER OF 
PARAMETERS THAT ARE 
INCLUDED WITHIN THIS 
CATEGORY, THAT IS, THE 
NUMBER OF TAGS. 
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TABLE 9-5  (Cont’d).  PCM FORMAT ATTRIBUTES GROUP (P) 

 
PARAMETER 

MAXIMUM 
FIELD 
SIZE 

CODE 
NAME 

 
DEFINITION 

NUMBER OF 
BITS IN TAG 

2 P-d\ALT1 SPECIFY THE NUMBER OF 
BITS THAT ARE IN THIS TAG. 

NUMBER OF 
BITS IN DATA 
WORD 

2 P-d\ALT2 SPECIFY THE NUMBER OF 
BITS THAT ARE IN THE 
COMMON DATA WORD. 

FIRST TAG 
LOCATION 

2 P-d\ALT3 IDENTIFY THE LOCATION OF 
THE START OF THE FIRST TAG 
LOCATION IN TERMS OF BITS, 
WITH THE FIRST BIT POSITION 
AFTER THE  SYNCHRONIZATION 
PATTERN BEING NUMBER 1. 

SEQUENCE 1 P-d\ALT4 IF THE TAG/DATA WORD 
SEQUENCE IS TAG, THEN 
DATA ENTER ‘N’ FOR 
NORMAL.  IF THE DATA 
PRECEDES THE TAG, ENTER 
‘R’ FOR REVERSED. 

ASYNCHRONOUS DATA MERGE FORMAT 
NUMBER OF 
ASYNCHRONOUS 
DATA MERGE 
FORMATS 

1 P-d\ADM\N SPECIFY THE NUMBER OF 
ASYNCHRONOUS DATA 
MERGE FORMATS. 

ASYNCHRONOUS 
DATA MERGE 
NAME 

32 P-d\ADM\DMN-n PROVIDE THE DATA MERGE 
NAME FOR THIS 
ASYNCHRONOUS DATA 
MERGE FORMAT.  THIS CAN 
BE USED TO IDENTIFY THE 
SOURCE OF THE DATA MERGE 
FORMAT, AS APPROPRIATE.  
(USE THE COMMENTS FIELD 
TO DESCRIBE THIS DATA 
SOURCE FOR THE 
ASYNCHRONOUS DATA 
MERGE FORMAT.) 

SUPERCOM 3 P-d\ADM1-n IF THE ASYNCHRONOUS 
DATA MERGE  FORMAT IS 
NOT SUPERCOMMUTATED, 
ENTER - ‘NO’.   OTHERWISE, 
ENTER THE NUMBER OF HOST 
MINOR FRAME WORDS THAT 
ARE USED. 
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TABLE 9-5  (Cont’d).  PCM FORMAT ATTRIBUTES GROUP (P) 

 
PARAMETER 

MAXIMUM 
FIELD 
SIZE 

 
CODE 
NAME 

 
DEFINITION 

LOCATION 
DEFINITION 

          2 P-d\ADM2-n IF SUPERCOMMUTATED, 
SPECIFY HOW THE WORD 
LOCATIONS ARE DEFINED: 
  FIRST WORD AND 
      INTERVAL - ‘FI’ 
  EVERY LOCATION - ‘EL’ 
  CONTIGUOUS WORDS - ‘CW’ 
  NOT APPLICABLE - ‘NA’ 

LOCATION           4 P-d\ADM3-
n-w 

SPECIFY THE FIRST WORD 
WITHIN THE MINOR FRAME 
THAT CONTAINS THE 
ASYNCHRONOUS DATA MERGE 
FORMAT IDENTIFIED.  FOR THE 
METHOD WHEN EVERY WORD 
LOCATION IS DEFINED, REPEAT 
THIS ENTRY FOR EACH WORD 
POSITION APPLICABLE.  FOR THE 
FIRST WORD AND INTERVAL 
METHOD, INCLUDE THE NEXT 
ENTRY TO DEFINE THE 
INTERVAL. 

INTERVAL           4 P-d\ADM4-n SPECIFY THE INTERVAL TO BE 
USED TO DEFINE THE 
ASYNCHRONOUS DATA MERGE 
FORMAT LOCATION. 

DATA LENGTH           2 P-d\ADM5-n SPECIFY THE NUMBER OF DATA  
BITS USED IN THIS DATA MERGE 
FORMAT. 

MSB 
LOCATION 

          2 P-d\ADM6-n PROVIDE THE MOST 
SIGNIFICANT BIT (MSB) 
POSITION WITHIN THE HOST 
MINOR FRAME LOCATION. 

PARITY           2 P-d\ADM7-n IF USED, SPECIFY THE PARITY 
INFORMATION: 
 EVEN - ‘EV’ , ODD - ‘OD’ ,  
 NONE - ‘NO’ . 

COMMENTS 
COMMENTS       6400 P-d\COM PROVIDE ANY ADDITIONAL 

REQUIRED OR DESIRED 
INFORMATION. 
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9.5.6.2  PCM Measurement Description (D).  Table 9-6 and figure 9-7 contain the PCM 
Measurement Descriptions.  The descriptions define each measurand or data item of 
interest within the frame format specified in the PCM attributes.  Table 9-6 includes the 
measurement name, which links the measurement to the Data Conversion Attributes 
Group. 
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      CODE NAME REFERENCEPA
GE 

 DATA LINK 
NAME 

    (D-x\DLN) (9-42) 

  NUMBER OF MEASUREMENT LISTS  (D-x\ML\N)  

  MEASUREMENT LIST NAME  (D-x\MLN-y)  

  NUMBER OF MEASURANDS  (D-x\MN\N-y)  

  MEASUREMENT NAME  (D-x\MN-y-n) (9-42) 

   PARITY  (D-x\MN1-y-n)  

   PARITY TRANSFER ORDER  (D-x\MN2-y-n)  

   MEASUREMENT TRANSFER ORDER  (D-x\MN3-y-n)  

   *MEASUREMENT LOCATION   (9-43) 

    MEASUREMENT LOCATION TYPE  (D-x\LT-y-n)  

    *MINOR FRAME   (9-43) 

     MINOR FRAME LOCATION  (D-x\MF-y-n)  

     BIT MASK  (D-x\MFM-y-n)  

    *MINOR FRAME SUPERCOMMUTATED   (9-43) 

   OR      

     NUMBER OF MINOR FRAME 
LOCATIONS 

 (D-x\MFS\N-y-n)  

     LOCATION DEFINITION  (D-x\MFS1-y-n)  

     *INTERVAL   (9-44) 

    OR      

      LOCATION IN MINOR FRAME  (D-x\MFS2-y-n)  

      BIT MASK  (D-x\MFS3-y-n)  

      INTERVAL  (D-x\MFS4-y-n)  

     *EVERY LOCATION    

     MINOR FRAME LOCATION  (D-x\MFSW-y-n-e)  

     BIT MASK   (D-x\MFSM-y-n-e)  

    *MINOR FRAME FRAGMENTED   (9-45) 

   OR      

     NUMBER OF FRAGMENTS  (D-x\FMF\N-y-n)  

     MEASUREMENT WORD LENGTH  (D-x\FMF1-y-n)  

     LOCATION DEFINITION  (D-x\FMF2-y-n)  

     *INTERVAL    

    OR      

      LOCATION IN MINOR FRAME  (D-x\FMF3-y-n)  

      BIT MASK  (D-x\FMF4-y-n)  

      INTERVAL  (D-x\FMF5-y-n)  

     *EVERY LOCATION   (9-45) 

     MINOR FRAME LOCATION  (D-x\FMF6-y-n-e)  

     BIT MASK  (D-x\FMF7-y-n-e)  

     FRAGMENT TRANSFER ORDER  (D-x\FMF8-y-n-e)  

     FRAGMENT POSITION  (D-x\FMF9-y-n-e)  

        
 
 Figure 9-7.  PCM Measurement Description Group (D).
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    *SUBFRAME   (9-46) 

            OR     

     SUBFRAME NAME  (D-x\SF1-y-n)  

     LOCATION IN SUBFRAME  (D-x\SF2-y-n) (9-46) 

     BIT MASK  (D-x\SFM-y-n)  

    *SUBFRAME SUPERCOMMUTATED   (9-47) 

  OR     

     SUBFRAME NAME  (D-x\SFS1-y-n)  

     NUMBER OF SUBFRAME LOCATIONS  (D-x\SFS\N-y-n)  

     LOCATION DEFINITION  (D-x\SFS2-y-n)  

     *INTERVAL   (9-47) 

    OR     

      LOCATION IN SUBFRAME  (D-x\SFS3-y-n)  

      BIT MASK  (D-x\SFS4-y-n)  

      INTERVAL  (D-x\SFS5-y-n) (9-47) 

     *EVERY LOCATION   (9-47) 

     SUBFRAME LOCATION  (D-x\SFS6-y-n-e)  

     BIT MASK  (D-x\SFS7-y-n-e)  

    *SUBFRAME FRAGMENTED   (9-48) 

     NUMBER OF FRAGMENTS  (D-x\FSF\N-y-n)  

     MEASUREMENT WORD LENGTH  (D-x\FSF1-y-n)  

     NUMBER OF SUBFRAMES  (D-x\FSF2\N-y-n)  

     SUBFRAME NAME  (D-x\FSF3-y-n-m) (9-48) 

     LOCATION DEFINITION  (D-x\FSF4-y-n-m)  

     *INTERVAL   (9-48) 

    OR     

      LOCATION IN SUBFRAME  (D-x\FSF5-y-n-m)  

      BIT MASK  (D-x\FSF6-y-n-m)  

      INTERVAL  (D-x\FSF7-y-n-m)  

     *EVERY LOCATION   (9-49) 

      SUBFRAME LOCATION  (D-x\FSF8-y-n-m-e)  

      BIT MASK  (D-x\FSF9-y-n-m-e) (9-49) 

      FRAGMENT TRANSFER ORDER  (D-x\FSF10-y-n-m-e)  

      FRAGMENT POSITION  (D-x\FSF11-y-n-m-e)  

  *COMMENTS     

  COMMENTS   (D-x\COM) (9-50) 

       *HEADING ONLY - NO DATA ENTRY 
 

 Figure 9-7 (Cont'd).  PCM Measurement Description Group (D). 
  



 

 
 

 9-42 

 
TABLE 9-6.  PCM MEASUREMENT DESCRIPTION GROUP (D) 

 
PARAMETER 

MAXIMUM 
FIELD 
SIZE 

 
CODE 
NAME 

 
DEFINITION 

DATA LINK 
NAME 

         32 D-x\DLN PROVIDE THE DATA LINK NAME. 

NUMBER OF 
MEASUREMENTS 
LISTS 

          2 D-x\ML\N SPECIFY THE NUMBER OF 
MEASUREMENTS LISTS TO BE 
PROVIDED. 

MEASUREMENT 
LIST NAME 

         32 D-x\MLN-y PROVIDE THE MEASUREMENT LIST 
NAME ASSOCIATED WITH 
THE FOLLOWING ATTRIBUTES.  
THE FOLLOWING INFORMATION 
WILL HAVE TO BE REPEATED FOR 
EACH MEASUREMENT LIST 
IDENTIFIED IN THE PCM FORMAT 
ATTRIBUTES GROUP. 

NUMBER OF 
MEASURANDS 

          4 D-x\MN\ 
N-y 

SPECIFY THE NUMBER OF 
MEASURANDS INCLUDED WITHIN 
THIS MEASUREMENT LIST. 

MEASUREMENT 
NAME 

         32 D-x\MN- 
y-n 

MEASURAND NAME. 

PARITY           2 D-x\MN1- 
y-n 

SPECIFY PARITY: 
   EVEN - ‘EV’               ODD - ‘OD’ 
   NONE - ‘NO’ 
   DEFAULT TO MINOR FRAME 
   DEFINITION - ‘DE’. 

PARITY 
TRANSFER 
ORDER 

          1 D-x\MN2- 
y-n 

PARITY BIT LOCATION 
LEADS WORD - ‘L’ 
TRAILS WORD - ‘T’ 
 MINOR FRAME DEFAULT - ‘D’. 

MEASUREMENT 
TRANSFER 
ORDER 

          1 D-x\MN3- 
y-n 

MOST SIGNIFICANT BIT FIRST - M’ 
LEAST SIGNIFICANT BIT FIRST - ‘L’ 
DEFAULT - ‘D’. 
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TABLE 9-6  (Cont’d).  PCM MEASUREMENT DESCRIPTION GROUP (D) 
 

PARAMETER 
MAXIMUM 

FIELD 
SIZE 

 
CODE 
NAME 

 
DEFINITION 

MEASUREMENT LOCATION 
MEASUREMENT 
LOCATION 
TYPE 

          4 D-x\LT-y-n SPECIFY THE NATURE OF THE 
LOCATION OF THIS MEASURAND. 
   MINOR FRAME - ‘MF’ 
   MINOR FRAME  
      SUPERCOMMUTATED - MFSC’ 
   MINOR FRAME 
      FRAGMENTED - ‘MFFR’ 
   SUBFRAME - ‘SF’ 
   SUBFRAME 
      SUPERCOMMUTATED - ‘SFSC’ 
   SUBFRAME FRAGMENTED –‘SFFR’. 

MINOR FRAME 
MINOR FRAME 
LOCATION 

          4 D-x\MF-y-n THE MINOR FRAME WORD POSITION 
OF THE MEASUREMENT. 

BIT MASK          64 D-x\MFM- 
y-n 

BINARY STRING OF 1s and 0s TO 
IDENTIFY THE BITS IN A WORD 
LOCATION THAT ARE ASSIGNED TO 
THIS MEASUREMENT.  IF THE FULL 
WORD IS USED FOR THIS 
MEASUREMENT, ENTER - ‘FW’. 
LEFTMOST BIT CORRESPONDS TO 
FIRST BIT TRANSMITTED. 

MINOR FRAME SUPERCOMMUTATED 
NUMBER OF 
MINOR FRAME 
LOCATIONS 

          4 D-x\MFS\ 
N-y-n 

NUMBER OF WORD POSITIONS THAT 
THE SUPERCOMMUTATED CHANNEL 
OCCUPIES, N. 

LOCATION 
DEFINITION 

          1 D-x\MFS1- 
y-n 

TO SPECIFY THE INTERVAL, 
   ENTER - ‘I’. 
TO SPECIFY EVERY WORD 
   LOCATION, ENTER - ‘E’. 
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TABLE 9-6  (Cont’d).  PCM MEASUREMENT DESCRIPTION GROUP (D) 

 
PARAMETER 

MAXIMUM 
FIELD 
SIZE 

 
CODE 
NAME 

 
DEFINITION 

INTERVAL 
LOCATION IN 
MINOR FRAME 

          4 D-x\MFS2- 
y-n 

SPECIFY THE FIRST WORD 
LOCATION IN THE MINOR 
FRAME. 

BIT MASK          64 D-x\MFS3- 
y-n 

BINARY STRING OF 1s AND 0s TO 
IDENTIFY THE BITS IN A WORD 
LOCATION THAT ARE ASSIGNED 
TO THIS SUPERCOMMUTATED 
MEASUREMENT.  IF THE FULL 
WORD IS USED FOR THIS  
MEASUREMENT, ENTER - ‘FW’.   
LEFT MOST BIT CORRESPONDS 
TO FIRST BIT TRANSMITTED. 

INTERVAL           3 D-x\MFS4- 
y-n 

SPECIFY THE INTERVAL COUNT 
THAT IS THE OFFSET FROM THE 
FIRST WORD LOCATION AND 
EACH SUBSEQUENT LOCATION. 

EVERY LOCATION 
MINOR FRAME 
LOCATION 

          4 D-x\MFSW 
-y-n-e 

ENTER THE MINOR FRAME 
WORD POSITION OF THE 
MEASUREMENT. 

BIT MASK          64 D-x\MFSM 
-y-n-e 

BINARY STRING OF 1s AND 0s TO 
IDENTIFY THE BITS IN A WORD 
LOCATION THAT ARE ASSIGNED 
TO THIS SUPERCOMMUTATED 
MEASUREMENT.  IF THE FULL 
WORD IS USED FOR THIS 
MEASUREMENT, ENTER - ‘FW’. 
LEFT MOST BIT CORRESPONDS 
TO FIRST BIT TRANSMITTED. 

ENTER THE MINOR FRAME LOCATION AND BIT MASK FOR EACH OF THE 
WORD POSITIONS THAT THE SUPERCOMMUTATED CHANNEL OCCUPIES, (N) 
LOCATIONS. 
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TABLE 9-6  (Cont’d).  PCM MEASUREMENT DESCRIPTION GROUP (D) 

 
PARAMETER 

MAXIMUM 
FIELD 
SIZE 

 
CODE 
NAME 

 
DEFINITION 

MINOR FRAME FRAGMENTED 
NUMBER OF 
FRAGMENTS 

          1 D-x\FMF\ 
N-y-n 

NUMBER OF MINOR FRAME 
WORD POSITIONS THAT THE 
FRAGMENTED CHANNEL 
OCCUPIES, N. 

MEASUREMENT 
WORD LENGTH 

          3 D-x\FMF1- 
y-n 

TOTAL LENGTH OF THE 
RECONSTRUCTED BINARY 
DATA WORD. 

LOCATION 
DEFINITION 

          1 D-x\FMF2- 
y-n 

TO SPECIFY THE INTERVAL, 
   ENTER - ‘I’. 
TO SPECIFY EVERY WORD 
   LOCATION, ENTER - ‘E’. 

INTERVAL 
LOCATION IN 
MINOR FRAME 

          4 D-x\FMF3- 
y-n 

SPECIFY THE FIRST WORD 
POSITION THAT THE 
FRAGMENTED WORD OCCUPIES 
IN THE MINOR FRAME. 

BIT MASK          64 D-x\FMF4- 
y-n 

BINARY STRING OF 1s AND 0s 
TO IDENTIFY THE BITS IN A 
WORD POSITION THAT ARE 
ASSIGNED TO THIS 
FRAGMENTED CHANNEL.  IF 
THE FULL WORD IS USED FOR 
THIS MEASUREMENT, ENTER  
‘FW’.  LEFT MOST BIT 
CORRESPONDS TO FIRST BIT 
TRANSMITTED. 

INTERVAL           4 D-x\FMF5- 
y-n 

SPECIFY THE INTERVAL THAT 
IS THE OFFSET FROM THE FIRST 
WORD LOCATION AND EACH 
SUBSEQUENT LOCATION. 

EVERY LOCATION 
MINOR FRAME 
LOCATION 

          4 D-x\FMF6- 
y-n-e 

ENTER THE MINOR FRAME 
WORD POSITION OF THE 
MEASUREMENT. 
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TABLE 9-6  (Cont’d).  PCM MEASUREMENT DESCRIPTION GROUP (D) 
 

PARAMETER 
MAXIMUM 

FIELD 
SIZE 

 
CODE 
NAME 

 
DEFINITION 

BIT MASK          64 D-x\FMF7- 
y-n-e 

BINARY STRING OF 1s AND 0s TO 
IDENTIFY THE BITS IN A WORD 
POSITION THAT ARE ASSIGNED TO 
THIS FRAGMENTED 
MEASUREMENT.   IF THE FULL 
WORD IS USED FOR THIS 
MEASUREMENT, ENTER - ‘FW’.  
LEFT MOST BIT CORRESPONDS TO 
FIRST BIT TRANSMITTED. 

FRAGMENT 
TRANSFER 
ORDER 

          1 D-x\FMF8- 
y-n-e 

MOST SIGNIFICANT BIT FIRST - ‘M’ 
LEAST SIGNIFICANT BIT FIRST - ‘L’ 
DEFAULT - ‘D’. 

FRAGMENT 
POSITION 

          1 D-x\FMF9- 
y-n-e 

A NUMBER FROM 1 TO N 
SPECIFYING POSITION OF THE 
FRAGMENT WITHIN THE 
RECONSTRUCTED BINARY DATA 
WORD.  (1 CORRESPONDS TO 
MOST SIGNIFICANT FRAGMENT). 

ENTER THE MINOR FRAME LOCATION AND BIT MASK FOR EACH OF THE 
WORD POSITIONS THAT THE FRAGMENTED CHANNEL OCCUPIES, (N) 
LOCATIONS. 
SUBFRAME 
SUBFRAME 
NAME 

32 D-x\SF1- 
y-n 

ENTER THE SUBFRAME NAME. 

LOCATION 
IN 
SUBFRAME 

          3 D-x\SF2- 
y-n 

SPECIFY THE WORD NUMBER IN 
THE SUBFRAME. 

BIT MASK          64 D-x\SFM- 
y-n 

BINARY STRING OF 1s AND 0s TO 
IDENTIFY THE BITS IN A WORD 
LOCATION THAT ARE ASSIGNED 
TO THIS MEASUREMENT.  IF THE 
FULL WORD IS USED FOR THE 
MEASUREMENT,  ENTER - ‘FW’. 
LEFT MOST BIT CORRESPONDS TO 
FIRST BIT TRANSMITTED. 
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TABLE 9-6  (Cont’d).  PCM MEASUREMENT DESCRIPTION GROUP (D) 

 
PARAMETER 

MAXIMUM 
FIELD 
SIZE 

 
CODE 
NAME 

 
DEFINITION 

SUBFRAME SUPERCOMMUTATED 
SUBFRAME 
NAME 

32 D-x\SFS1- 
y-n 
 

ENTER THE SUBFRAME NAME. 

NUMBER OF 
SUBFRAME 
LOCATIONS 

          3 D-x\SFS\ 
N-y-n 

NUMBER OF SUBFRAME 
WORD POSITIONS THAT THE  
SUPERCOMMUTATED 
CHANNEL OCCUPIES. 

LOCATION 
DEFINITION 

          1 D-x\SFS2- 
y-n 

TO SPECIFY: 
   INTERVAL ENTER - ‘I’ 
   EVERY WORD ENTER - ‘E’. 

INTERVAL 
LOCATION IN 
SUBFRAME 

          3 D-x\SFS3- 
y-n 

SPECIFY THE FIRST WORD 
POSITION THAT THE 
SUPERCOMMUTATED WORD 
OCCUPIES IN THE SUBFRAME. 

BIT MASK          64 D-x\SFS4- 
y-n 

BINARY STRING OF 1s and 0s 
TO IDENTIFY THE BIT 
LOCATIONS IN A WORD 
POSITION THAT ARE 
ASSIGNED TO THIS SUPER-
COMMUTATED CHANNEL.  IF 
THE FULL WORD IS USED FOR 
THIS MEASUREMENT, ENTER - 
‘FW’.  LEFT MOST BIT 
CORRESPONDS TO FIRST BIT 
TRANSMITTED. 

INTERVAL           3 D-x\SFS5- 
y-n 

SPECIFY THE INTERVAL THAT 
IS THE OFFSET FROM THE 
FIRST WORD LOCATION AND 
EACH SUBSEQUENT 
LOCATION. 

EVERY LOCATION 
SUBFRAME 
LOCATION 

          3 D-x\SFS6- 
y-n-e 

ENTER THE SUBFRAME 
WORD POSITION OF THE 
MEASUREMENT. 
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TABLE 9-6  (Cont’d).  PCM MEASUREMENT DESCRIPTION GROUP (D) 

 
PARAMETER 

MAXIMUM 
FIELD 
SIZE 

 
CODE 
NAME 

 
DEFINITION 

BIT MASK 64 D-x\SFS7- 
y-n-e 

BINARY STRING OF 1s and 0s TO 
IDENTIFY THE BIT LOCATIONS 
IN A WORD POSITION THAT ARE 
ASSIGNED TO THIS SUPER-
COMMUTATED MEASUREMENT.  
IF THE FULL WORD IS USED FOR 
THIS MEASUREMENT, ENTER 
‘FW’. LEFT MOST BIT 
CORRESPONDS TO FIRST BIT 
TRANSMITTED. 

ENTER THE SUBFRAME LOCATION AND BIT MASK FOR EACH OF THE WORD 
POSITIONS THAT THE SUPERCOMMUTATED CHANNEL OCCUPIES, (N) 
LOCATIONS. 
SUBFRAME FRAGMENTED 
NUMBER OF 
FRAGMENTS 

1 D-x\FSF\ 
N-y-n 

NUMBER OF SUBFRAME WORD 
POSITIONS THAT THE 
FRAGMENTED CHANNEL 
OCCUPIES, N. 

MEASUREMENT 
WORD LENGTH 

3 D-x\FSF1- 
y-n 

TOTAL LENGTH OF THE 
RECONSTRUCTED BINARY DATA 
WORD. 

NUMBER OF 
SUBFRAMES 

1 D-x\FSF2\ 
N-y-n 

NUMBER OF SUBFRAMES 
CONTAINING THE FRAGMENTS. 

SUBFRAME 
NAME 

32 D-x\FSF3- 
y-n-m 

ENTER THE SUBFRAME NAME. 

LOCATION 
DEFINITION 

1 D-x\FSF4- 
y-n-m 

TO SPECIFY: 
   INTERVAL - ‘I’ 
   EVERY WORD - ‘E’. 

INTERVAL 
LOCATION IN 
SUBFRAME 

3 D-x\FSF5- 
y-n-m 

SPECIFY THE FIRST WORD 
POSITION THAT THE 
FRAGMENTED WORD 
OCCUPIES IN THE SUBFRAME. 
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TABLE 9-6  (Cont’d).  PCM MEASUREMENT DESCRIPTION GROUP (D) 
 

PARAMETER 
MAXIMUM 

FIELD 
SIZE 

 
CODE 
NAME 

 
DEFINITION 

BIT MASK          64 D-x\FSF6- 
y-n-m 

BINARY STRING OF 1s AND 0s 
TO IDENTIFY THE BIT  
LOCATIONS IN A WORD POSITION 
THAT ARE ASSIGNED TO THIS 
FRAGMENTED CHANNEL.  IF THE 
FULL WORD IS USED FOR THIS 
MEASUREMENT, ENTER - ‘FW’. 
LEFT MOST BIT CORRESPONDS TO 
FIRST BIT TRANSMITTED. 
 

INTERVAL           3 D-x\FSF7- 
y-n-m 

SPECIFY THE INTERVAL THAT IS 
THE OFFSET FROM THE FIRST 
WORD LOCATION AND EACH 
SUBSEQUENT LOCATION. 

EVERY LOCATION 
SUBFRAME  
LOCATION 

          3 D-x\FSF8- 
y-n-m-e 

ENTER THE SUBFRAME WORD 
POSITION OF THE MEASUREMENT. 

BIT MASK          64 D-x\FSF9- 
y-n-m-e 

BINARY STRING OF 1s and 0s 
TO IDENTIFY THE BIT LOCATIONS 
IN A WORD POSITION THAT ARE 
ASSIGNED TO THIS FRAGMENTED 
MEASUREMENT.  IF THE FULL 
WORD IS USED FOR THIS 
MEASUREMENT, ENTER ‘FW’. LEFT 
MOST BIT CORRESPONDS TO FIRST 
BIT TRANSMITTED. 

FRAGMENT 
TRANSFER 
ORDER 

          1 D-x\ FSF10- 
y-n-m-e 

MOST SIGNIFICANT BIT FIRST - ‘M’ 
LEAST SIGNIFICANT BIT FIRST - ‘L’ 
DEFAULT - ‘D’ 
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TABLE 9-6  (Cont’d).  PCM MEASUREMENT DESCRIPTION GROUP (D) 

 
PARAMETER 

MAXIMUM 
FIELD 
SIZE 

 
CODE 
NAME 

 
DEFINITION 

FRAGMENT 
POSITION 

          1 D-x\ FSF11- 
y-n-m-e 

A NUMBER FROM 1 TO N 
SPECIFYING POSITION OF  
THIS FRAGMENT WITHIN THE 
RECONSTRUCTED BINARY DATA 
WORD.  (1 CORRESPONDS TO 
MOST SIGNIFICANT FRAGMENT). 

ENTER THE SUBFRAME LOCATION AND BIT MASK FOR EACH OF THE WORD 
POSITIONS THAT THE FRAGMENTED CHANNEL OCCUPIES, (N) LOCATIONS. 
REPEAT THE ABOVE ENTRIES, AS APPROPRIATE FOR EACH SUBFRAME THAT 
CONTAINS THE COMPONENTS OF THE FRAGMENTED WORD. 
COMMENTS 
COMMENTS     3200 D-x\COM PROVIDE ANY ADDITIONAL 

INFORMATION REQUIRED 
OR DESIRED. 

THIS GROUP WILL CONTAIN A REPETITION OF THE ABOVE INFORMATION 
UNTIL EACH MEASUREMENT HAS BEEN DEFINED.  ANY WORD POSITION NOT 
INCLUDED WILL BE TREATED AS A SPARE CHANNEL OR A “DON’T CARE” 
CHANNEL.  INFORMATION WILL NOT BE PROCESSED FOR THESE “SPARE” 
CHANNELS.  NOTE THAT MEASUREMENT LIST CHANGES AND FORMAT 
CHANGES THAT ARE A PART OF CLASS II SYSTEMS ARE INCLUDED IN THE 
ABOVE, SINCE THE KEY TO THE MEASUREMENT DEFINITION IS THE DATA 
LINK NAME (FORMAT) AND THE MEASUREMENT LIST. 
 
9.5.6.3  1553 Bus Data Attributes (B).  Figure 9-8 and table 9-7 describes the 1553 bus-
originated data formats.  The 1553 Bus Data Attributes Group defines the attributes of a 
data acquisition system that is compliant with chapter 8.  The primary components of this 
group are the recording description and message content definition.  The former defines 
the method by which the data were recorded on the tape such as track spread versus 
composite.  The latter consists of the message identification information and the 
measurement description set.  The message identification information defines the 
contents of the control word that identifies each 1553 message.  The measurement 
description set describes the measurement attributes and contains the measurement name 
which links the measurand to the Data Conversion Attributes Group (C). 
 
 Mode codes are described in the message identification information.  If the 
Subterminal Address (STA) field contains 00000 or 11111, the information in the Data 
Word Count/Mode Code field is a mode code and identifies the function of the mode 
code.  If the mode code has associated data words, they are described in this section of 
the attributes.  If the 1553 message is a remote terminal to remote terminal transfer, both 
the transmit command and the receive command are used to identify the message. 
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    CODE NAME REFERENCE 
PAGE 

 DATA LINK 
NAME 

  (B-x\DLN) (9-52) 

  TEST ITEM  (B-x\TA) (9-52) 

  NUMBER OF BUSES  (B-x\NBS\N)  

   BUS NUMBER  (B-x\BID-i)  

   BUS NAME  (B-x\BNA-i)  

   *RECORDING DESCRIPTION   (9-53) 

    NUMBER OF TRACKS  (B-x\TK\N-i)  

    TRACK SEQUENCE  (B-x\TS-i-k)  

   *MESSAGE CONTENT DEFINITION   (9-53) 

   NUMBER OF MESSAGES  (B-x\NMS\N-i)  

   MESSAGE NUMBER  (B-x\MID-i-n)  

   MESSAGE NAME  (B-x\MNA-i-n)  

   REMOTE TERMINAL NAME  (B-x\TRN-i-n)  

   REMOTE TERMINAL ADDRESS  (B-x\TRA-i-n)  

   SUBTERMINAL NAME  (B-x\STN-i-n) (9-53) 

   SUBTERMINAL ADDRESS  (B-x\STA-i-n)  

   TRANSMIT/RECEIVE MODE  (B-x\TRM-i-n)  

   DATA WORD COUNT/MODE COUNT  (B-x\DWC-i-n)  

   SPECIAL PROCESSING  (B-x\SPR-i-n)  

   *RT/RT RECEIVE COMMAND LIST   (9-54) 

    REMOTE TERMINAL NAME  (B-x\RTRN-i-n-m)  

    REMOTE TERMINAL 
ADDRESS 

 (B-x\RTRA-i-n-m) (9-54) 

    SUBTERMINAL NAME  (B-x\RSTN-i-n-m)  

    SUBTERMINAL ADDRESS  (B-x\RSTA-i-n-m)  

    DATA WORD COUNT  (B-x\RDWC-i-n-m)  

   *MODE CODE   (9-55) 

    MODE CODE DESCRIPTION  (B-x\MCD-i-n)  

    MODE CODE DATA WORD 
DESCRIPTION 

 (B-x\MCW-i-n)  

   *MEASUREMENT DESCRIPTION SET   (9-55) 

   NUMBER OF MEASURANDS  (B-x\MN\N-i-n)  

   MEASUREMENT NAME  (B-x\MN-i-n-p)  

   PARITY  (B-x\MN1-i-n-p) (9-55) 

   PARITY TRANSFER ORDER  (B-x\MN2-i-n-p)  

       
 

 Figure 9-8.  1553 Bus Data Attributes Group (B). 
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   *MEASUREMENT 
LOCATION 

  (9-55) 

   NUMBER OF 
MEASUREMENT 
LOCATIONS 

 (B-x\NML\N-i-n-p)  

   MESSAGE WORD 
NUMBER 

 (B-x\MWN-i-n-p-e)  

   BIT MASK  (B-x\MBM-i-n-p-e)  

   TRANSFER ORDER  (B-x\MTO-i-n-p-e)  

   FRAGMENT POSITION  (B-x\MFP-i-n-p-e) (9-56) 

  *COMMENTS    

  COMMENTS  (B-x\COM) (9-56) 

    *HEADING ONLY - NO DATA ENTRY 
 
 Figure 9-8 (Cont'd).  1553 Bus Data Attributes Group (B). 
 

TABLE 9-7.  1553 BUS DATA ATTRIBUTES GROUP (B) 
 

PARAMETER 
MAXIMUM 

FIELD 
SIZE 

 
CODE 
NAME 

 
DEFINITION 

DATA LINK 
NAME 

         32 B-x\DLN IDENTIFY THE DATA LINK 
CONSISTENT WITH THE 
MULTIPLEX/MODULATION 
GROUP.  THE PCM FORMAT OF 
THE DATA STREAM SHALL BE 
DEFINED IN THE PCM FORMAT 
ATTRIBUTES GROUP. 

TEST ITEM          16 B-x\TA TEST ITEM DESCRIPTION IN 
TERMS OF NAME, MODEL, 
PLATFORM, OR IDENTIFICA-
TION CODE THAT CONTAINS 
THE DATA ACQUISITION 
SYSTEM. 

NUMBER OF 
BUSES 

          1 B-x\NBS\N SPECIFY THE NUMBER OF 
BUSES INCLUDED WITHIN 
THIS DATA LINK. 

BUS NUMBER           3 B-x\BID-i ENTER THE BUS NUMBER 
AS A BINARY STRING. 

BUS NAME          32 B-x\BNA-i SPECIFY THE BUS NAME 
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TABLE 9-7  (Cont’d).  1553 BUS DATA ATTRIBUTES GROUP (B) 

 
PARAMETER 

MAXIMUM 
FIELD 
SIZE 

 
CODE 
NAME 

 
DEFINITION 

RECORDING DESCRIPTION 
NUMBER OF 
TRACKS 

          2 B-x\TK\N-i ENTER THE NUMBER OF TAPE 
TRACKS USED TO RECORD 
DATA.  ANY ENTRY GREATER 
THAN ONE INDICATES THAT 
THE DATA HAS BEEN SPREAD 
ACROSS MULTIPLE TRACKS. 

TRACK 
SEQUENCE 

          3 B-x\TS-i-k IN THE FOLLOWING ENTRIES 
GIVE THE SEQUENCE ORDER OF 
TAPE TRACKS THAT SHOULD 
BE USED TO RECOVER THE 
DATA STREAM IN THE 
CORRECT ORDER.  (THE ORDER 
GIVEN SHOULD CORRESPOND 
TO THE  ACTUAL SKEW OF THE 
DATA ON THE TAPE.) 

 MESSAGE CONTENT DEFINITION 
NUMBER OF 
MESSAGES 

          8 B-x\NMS\N-i THE NUMBER OF MESSAGES 
TO BE DEFINED. 

MESSAGE 
NUMBER 

          8 B-x\MID-i-n THE MESSAGE NUMBER THAT 
CONTAINS THE FOLLOWING 
DATA. 

MESSAGE 
NAME 

         32 B-x\MNA-i-n SPECIFY THE MESSAGE NAME. 

REMOTE 
TERMINAL 
NAME 

         32 B-x\TRN-i-n ENTER THE NAME OF THE 
REMOTE TERMINAL THAT IS 
SENDING OR RECEIVING 
THIS MESSAGE. FOR RT/RT, 
SPECIFY THE SENDING REMOTE 
TERMINAL NAME. 

REMOTE 
TERMINAL 
ADDRESS 

          5 B-x\TRA-i-n SPECIFY THE FIVE BIT 
REMOTE TERMINAL ADDRESS 
FOR THIS MESSAGE. 

SUBTERMINAL 
NAME 

         32 B-x\STN-i-n ENTER THE NAME OF THE 
SUBTERMINAL THAT IS 
SENDING OR RECEIVING  
THIS MESSAGE. 
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TABLE 9-7  (Cont’d).  1553 BUS DATA ATTRIBUTES GROUP (B) 

 
PARAMETER 

MAXIMUM 
FIELD 
SIZE 

 
CODE 
NAME 

 
DEFINITION 

SUBTERMINAL 
ADDRESS 

          5 B-x\STA-i-n SPECIFY THE FIVE BIT  
SUBTERMINAL ADDRESS FOR 
THIS MESSAGE. 

TRANSMIT/ 
RECEIVE 
MODE 

          1 B-x\TRM-i-n INDICATE IF THIS COMMAND 
WORD IS A TRANSMIT OR 
RECEIVE COMMAND. FOR 
RT/RT, SPECIFY TRANSMIT. 
   TRANSMIT - ‘1’ 
   RECEIVE - ‘0’ 

DATA WORD 
COUNT/MODE 
CODE 

          5 B-x\DWC-i-n ENTER THE NUMBER OF DATA 
WORDS AS A BINARY STRING, 
USING X TO INDICATE A 
“DON’T CARE” VALUE.  IF THE 
SUBTERMINAL ADDRESS 
INDICATES A MODE CODE, 
ENTER THE MODE CODE 
VALUE AS A BINARY STRING. 

SPECIAL 
PROCESSING 

        200 B-x\SPR-i-n PROVIDE ANY SPECIAL 
PROCESSING REQUIREMENTS 
PERTAINING TO THIS 
MESSAGE. 

RT/RT RECEIVE COMMAND LIST 
REMOTE 
TERMINAL 
NAME 

         32 B-x\RTRN- 
i-n-m 

ENTER THE NAME OF THE 
REMOTE TERMINAL THAT IS 
RECEIVING THIS RT/RT 
MESSAGE. 

REMOTE 
TERMINAL 
ADDRESS 

          5 B-x\RTRA- 
i-n-m 

SPECIFY THE FIVE BIT 
REMOTE TERMINAL ADDRESS 
FOR THIS RT/RT MESSAGE. 

SUBTERMINAL 
NAME 

         32 B-x\RSTN- 
i-n-m 

ENTER THE NAME OF THE SUB-
TERMINAL THAT IS RECEIVING 
THIS RT/RT MESSAGE. 

SUBTERMINAL 
ADDRESS 

          5 B-x\RSTA- 
i-n-m 

SPECIFY THE FIVE BIT 
SUBTERMINAL ADDRESS FOR 
THIS RT/RT MESSAGE. 
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TABLE 9-7  (Cont’d).  1553 BUS DATA ATTRIBUTES GROUP (B) 

 
PARAMETER 

MAXIMUM 
FIELD 
SIZE 

 
CODE 
NAME 

 
DEFINITION 

DATA WORD 
COUNT 

          5 B-x\RDWC- 
i-n-m 

ENTER THE NUMBER OF  
DATA WORDS AS A BINARY 
STRING, USING X TO INDICATE 
A “DON’T CARE” VALUE.  
EXCLUDE STATUS AND TIME 
WORDS.  (AN RT/RT MESSAGE 
CANNOT CONTAIN A MODE 
CODE.) 

MODE CODE 
MODE CODE 
DESCRIPTION 

        200 B-x\MCD-i-n DESCRIBE THE FUNCTION OR 
ACTION ASSOCIATED WITH 
THIS MODE CODE. 

MODE CODE 
DATA WORD 
DESCRIPTION 

        200 B-x\MCW-i-n IF THE MODE CODE HAS AN 
ASSOCIATED DATA WORD 
FOLLOWING THE MODE CODE 
COMMAND, PROVIDE A 
COMPLETE DESCRIPTION 
OF THE DATA WORD. 

MEASUREMENT DESCRIPTION SET 
NUMBER OF 
MEASURANDS 

          4 B-x\MN\ 
N-i-n 

SPECIFY THE NUMBER OF 
MEASURANDS. 

MEASUREMENT 
NAME 

         32 B-x\MN- 
i-n-p 

MEASURAND NAME. 

PARITY           2 B-x\MN1- 
i-n-p 

NORMAL WORD PARITY. 
   EVEN - ‘EV’ 
   ODD - ‘OD’ 
   NONE - ‘NO’. 

PARITY 
TRANSFER 
ORDER 

          1 B-x\MN2- 
i-n-p 

PARITY BIT LOCATION 
   LEADS WORD - ‘L’ 
   TRAILS WORD - ‘T’. 

MEASUREMENT LOCATION 
NUMBER OF 
MEASUREMENT 
LOCATIONS 

          2 B-x\NML\ 
N-i-n-p 

IF THIS MEASUREMENT IS 
CONTAINED IN ONE WORD, 
ENTER ‘1’.  IF THIS 
MEASUREMENT IS FRAG-
MENTED, ENTER THE NUMBER 
OF FRAGMENTS. 
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TABLE 9-7  (Cont’d).  1553 BUS DATA ATTRIBUTES GROUP (B) 

 
PARAMETER 

MAXIMUM 
FIELD 
SIZE 

 
CODE 
NAME 

 
DEFINITION 

MESSAGE 
WORD NUMBER 

          3 B-x\MWN- 
i-n-p-e 

ENTER THE NUMBER 
CORRESPONDING TO THE 
DATA WORD COUNT WITHIN A 
MESSAGE THAT CONTAINS 
THE MEASUREMENT OR THE 
FRAGMENTED MEASURAND. 

BIT MASK          64 B-x\MBM- 
i-n-p-e 

BINARY STRING OF 1s AND 0s 
TO IDENTIFY THE BIT 
LOCATIONS THAT ARE 
ASSIGNED TO THIS MEASURE-
MENT IN THE WORD 
IDENTIFIED ABOVE.  IF THE 
FULL WORD IS USED FOR THIS 
MEASUREMENT, ENTER ‘FW’.  
LEFT MOST BIT CORRESPONDS 
TO FIRST BIT TRANSMITTED. 

TRANSFER 
ORDER 

          3 B-x\MTO- 
i-n-p-e 

SPECIFY IF THE START BIT IS 
   MOST SIGNIFICANT - ‘MSB’ 
   LEAST SIGNIFICANT - ‘LSB’ 

FRAGMENT 
POSITION 

          1 B-x\MFP- 
i-n-p-e 

A NUMBER FROM 1 TO N 
THAT SPECIFIES THE POSITION 
OF THE FRAGMENT WITHIN 
THE RECONSTRUCTED BINARY 
DATA WORD. 
(1 CORRESPONDS TO THE 
MOST SIGNIFICANT 
FRAGMENT) 

REPEAT THE ABOVE TO DESCRIBE EACH FRAGMENT OF A FRAGMENTED 
WORD. THE TRANSFER ORDER INDICATES WHETHER TO TRANSPOSE THE 
ORDER OF THE BIT SEQUENCE OR NOT (LSB INDICATES TO TRANSPOSE THE 
BIT SEQUENCE). 
COMMENTS 
COMMENTS       3200 B-x\COM PROVIDE ANY ADDITIONAL 

INFORMATION REQUIRED OR 
DESIRED. 
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9.5.7  PAM Attributes (A).  This group provides the information necessary to define 
the channelization and measurand definition for a PAM waveform.  As with the PCM 
signal, the tie to the calibration data is with the measurement name.  Figure 9-9 
summarizes the types of inputs required.  Table 9-8 specifies the details required.  The 
information that defines the measurand for each channel is required for the channels of 
interest. 
 
 

    CODE NAME REFERENCE 
PAGE 

 DATA LINK 
NAME 

  (A-x\DLN) (9-58) 

  INPUT CODE  (A-x\A1) (9-58) 

  POLARITY  (A-x\A2)  

  SYNC PATTERN TYPE  (A-x\A3)  

  SYNC PATTERN (OTHER)  (A-x\A4)  

  CHANNEL RATE  (A-x\A5)  

  CHANNELS PER FRAME  (A-x\A\N)  

  NUMBER OF MEASURANDS  (A-x\A\MN\N)  

  *REFERENCE CHANNELS   (9-58) 

   0% SCALE CHANNEL NUMBER  (A-x\RC1)  

   50% SCALE CHANNEL NUMBER  (A-x\RC2)  

   FULL SCALE CHANNEL NUMBER  (A-x\RC3)  

  *SUBFRAME DEFINITION   (9-59) 

   NUMBER OF SUBFRAMES  (A-x\SF\N)  

   SUBFRAME n LOCATION  (A-x\SF1-n)  

   SUBFRAME n SYNCHRONIZATION  (A-x\SF2-n)  

   SUBFRAME n SYNCHRONIZATION 
PATTERN 

 (A-x\SF3-n)  

  *CHANNEL ASSIGNMENT   (9-59) 

   MEASUREMENT NAME  (A-x\MN1-n)  

   SUBCOM  (A-x\MN2-n)  

   SUPERCOM  (A-x\MN3-n)  

  *LOCATION   (9-60) 

   CHANNEL NUMBER  (A-x\LCW-n-s)  

   SUBFRAME CHANNEL NUMBER  (A-x\LCN-n-s-r)  

  *COMMENTS    

  COMMENTS  (A-x\COM) (9-60) 

          *HEADING ONLY - NO DATA ENTRY 
 
 Figure 9-9.  PAM Attributes Group (A). 
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TABLE 9-8.  PAM ATTRIBUTES GROUP (A) 

 
PARAMETER 

MAXIMUM 
FIELD 
SIZE 

 
CODE 
NAME 

 
DEFINITION 

DATA LINK 
NAME 

         32 A-x\DLN IDENTIFY THE DATA LINK 
NAME. 

INPUT CODE           2 A-x\A1 DEFINE THE INPUT CODE: 
   50% DUTY CYCLE - ‘RZ’ 
   100% DUTY CYCLE (NRZ) - ‘NR’ 

POLARITY           1 A-x\A2 NORMAL - ‘N’        INVERTED - ‘I’ 
SYNC PATTERN 
TYPE 

          3 A-x\A3 SPECIFY THE SYNCHRO- 
NIZATION PATTERN 
   IRIG 106 - ‘STD’ 
   OTHER - ‘OTH’. 

SYNC PATTERN 
(OTHER) 

          5 A-x\A4 DEFINE THE OTHER 
(NONSTANDARD) SYNCHRONI-
ZATION PATTERN IN TERMS OF 
   0  – ZERO SCALE 
   H – HALF SCALE 
   F  – FULL SCALE 
   X – DON’T CARE. 

CHANNEL RATE           6 A-x\A5 SPECIFY THE CHANNEL RATE IN 
CHANNELS PER SECOND. 

CHANNELS PER 
FRAME 

          3 A-x\A\N SPECIFY THE NUMBER OF 
CHANNELS PER FRAME 
INCLUDING THE SYNC PATTERN 
AND CALIBRATION CHANNELS.  
MAXIMUM ALLOWED IS 128. 

NUMBER OF 
MEASURANDS 

          4 A-x\A\MN\N INDICATE THE NUMBER OF 
MEASURANDS ASSOCIATED 
WITH THIS DATA LINK (SOURCE). 

REFERENCE CHANNELS 
0% SCALE 
CHANNEL 
NUMBER 

          3 A-x\RC1 CHANNEL NUMBER OF 0% SCALE 
REFERENCE.  IF NOT USED, 
ENTER ‘NON’ (NONE). 

50% SCALE 
CHANNEL 
NUMBER 

          3 A-x\RC2 CHANNEL NUMBER OF 50% 
SCALE REFERENCE.  IF NOT 
USED, ENTER ‘NON’ (NONE). 
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TABLE 9-8  (Cont’d).  PAM ATTRIBUTES GROUP (A) 

 
PARAMETER 

MAXIMUM 
FIELD 
SIZE 

 
CODE 
NAME 

 
DEFINITION 

FULL SCALE 
CHANNEL NUMBER 

3 A-x\RC3 CHANNEL NUMBER OF FULL 
SCALE REFERENCE.  IF NOT 
USED, ENTER ‘NON’ (NONE). 

SUBFRAME DEFINITION 
NUMBER OF 
SUBFRAMES 

1 A-x\SF\N SPECIFY THE NUMBER OF 
SUBMULTIPLEXED CHANNELS IN 
THE FRAME. 

SUBFRAME n 
LOCATION 

3 A-x\SF1-n CHANNEL NUMBER OF THE 
SUBFRAME (REPEAT THIS ENTRY 
AND THE FOLLOWING TWO 
ENTRIES FOR EACH SUBFRAME 
AS A SET). 

SUBFRAME n 
SYNCHRONIZATION 

3 A-x\SF2-n SPECIFY THE SYNCHRONIZATION 
PATTERN FOR THE SUBFRAME:   
   IRIG 106 - ‘STD’ 
   OTHER - ‘OTH’. 

SUBFRAME n 
SYNCHRONIZATION 
PATTERN 

5 A-x\SF3-n DEFINE THE OTHER 
(NONSTANDARD) 
SYNCHRONIZATION PATTERN 
IN TERMS OF: 
   0  - ZERO SCALE 
   H – HALF SCALE 
   F  - FULL SCALE 
   X – DON’T CARE 
   OTH – OTHER 

CHANNEL ASSIGNMENT 
MEASUREMENT 
NAME 

32 A-x\MN1-n GIVE THE MEASUREMENT NAME. 

SUBCOM 1 A-x\MN2-n IS THIS A SUBCOMMUTATED 
CHANNEL?  ‘Y’  OR ‘N’. 

SUPERCOM 1 A-x\MN3-n IS THIS A SUPERCOMMUTATED 
CHANNEL?  IF YES, ENTER THE 
NUMBER OF POSITIONS IT 
OCCUPIES – n.  IF NO, ENTER - ‘N’. 
A SUPERCOMMUTATED 
SUBCOMMUTATED PARAMETER 
IS ALLOWABLE AND WILL HAVE 
ENTRIES IN THIS AND THE 
PREVIOUS RECORD. 
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TABLE 9-8  (Cont’d).  PAM ATTRIBUTES GROUP (A) 

 
PARAMETER 

MAXIMUM 
FIELD 
SIZE 

 
CODE 
NAME 

 
DEFINITION 

LOCATION 
CHANNEL 
NUMBER 

          3 A-x\LCW-n-s NUMBER OF THE CHANNEL 
THAT CONTAINS THIS 
MEASURAND.   IF THIS IS A 
SUBCOMMUTATED CHANNEL, 
ENTER THE CHANNEL THAT 
CONTAINS THE SUBCOM- 
MUTATED CHANNEL. 

SUBFRAME 
CHANNEL 
NUMBER 

          3 A-x\LCN-n-s-r CHANNEL NUMBER IN THE 
SUBFRAME, IF APPROPRIATE. 

COMMENTS 
COMMENTS       3200 A-x\COM PROVIDE ANY ADDITIONAL 

INFORMATION REQUIRED OR 
DESIRED. 

 
 
9.5.8  Data Conversion Attributes (C).  The Data Conversion Attributes Group includes a 
definition of the method by which the raw telemetry data is to be converted to meaningful 
information.  The sensor calibration is contained in the group for each type of sensor that 
uses a standard calibration curve or for each sensor or parameter that has a unique 
calibration requirement.  The calibration information can be entered in several different 
formats.  Provision is made to permit a test organization to convert data set entries to 
coefficients of an appropriate curve fit and record the derived coefficients.  Figure 9-10 
shows the structure of the data conversion attributes.  Table 9-9 contains the detailed 
information required.  
 
 

For reference purposes, the following telemetry unit definitions apply: 
PCM - natural binary range as indicated by binary format entry 
PAM - 0 to full scale (100) 
FM (Analog) - lower band edge (-100) to upper band edge (+100). 

NOTE

 



 

 
 

 9-61 

 
    CODE NAME REF.  PAGE 

 MEASUREMENT 
NAME 

        (C-d\DCN) (9-63) 

  *TRANSDUCER INFORMATION   (9-63) 

   TYPE  (C-d\TRD1)  

   MODEL NUMBER  (C-d\TRD2)  

   SERIAL NUMBER  (C-d\TRD3)  

   SECURITY CLASSIFICATION  (C-d\TRD4)  

   ORIGINATION DATE  (C-d\TRD5)  

   REVISION NUMBER  (C-d\TRD6)  

   ORIENTATION  (C-d\TRD7)  

   *POINT OF CONTACT   (9-64) 

   NAME  (C-d\POC1)  

   AGENCY  (C-d\POC2)  

   ADDRESS  (C-d\POC3)  

   TELEPHONE  (C-d\POC4)  

  *MEASURAND   (9-64) 

   DESCRIPTION        (C-d\MN1)  

   MEASUREMENT ALIAS    (C-d\MNA)  

   EXCITATION VOLTAGE        (C-d\MN2)  

   ENGINEERING UNITS        (C-d\MN3)  

  LINK TYPE        (C-d\MN4)  

  *TELEMETRY VALUE DEFINITION   (9-64) 

   BINARY FORMAT    

   FLOATING POINT FORMAT  (C-d\FPF)  

  *INFLIGHT CALIBRATION   (9-65) 

   NUMBER OF POINTS     (C-d\MC\N)  

   STIMULUS  (C-d\MC1-n)  

   TELEMETRY VALUE  (C-d\MC2-n)  

   DATA VALUE  (C-d\MC3-n)  

  *AMBIENT VALUE   (9-65) 

   NUMBER OF AMBIENT CONDITIONS     (C-d\MA\N)  

   STIMULUS  (C-d\MA1-n)  

   TELEMETRY VALUE  (C-d\MA2-n)  

   DATA VALUE  (C-d\MA3-n)  

  *OTHER INFORMATION   (9-66) 

   HIGH MEASUREMENT VALUE     (C-d\MOT1)  

   LOW MEASUREMENT VALUE     (C-d\MOT2)  

   HIGH ALERT LIMIT VALUE     (C-d\MOT3)  

   LOW ALERT LIMIT VALUE      (C-d\MOT4)  

   HIGH WARNING LIMIT VALUE      (C-d\MOT5)  

   LOW WARNING LIMIT VALUE      (C-d\MOT6)  

   SAMPLE RATE       (C-d\SR)  

 Figure 9-10.  Data Conversion Attributes Group (C).
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  *DATA CONVERSION    (9-67) 

   CONVERSION TYPE   (C-d\DCT)  

   *ENGINEERING UNITS CONVERSION    (9-67) 

    *PAIR SETS   (9-67) 

   OR      

    NUMBER OF SETS  (C-d\PS\N)  

    APPLICATION  (C-d\PS1)  

    ORDER OF FIT  (C-d\PS2)  

    TELEMETRY VALUE  (C-d\PS3-n)  

    ENGINEERING UNITS VALUE  (C-d\PS4-n)  

    *COEFFICIENTS   (9-68) 

   OR      

     ORDER OF CURVE FIT  (C-d\CO\N)  

     DERIVED FROM PAIR SET  (C-d\CO1) (9-68) 

     COEFFICIENT (0)  (C-d\CO)  

     N-TH COEFFICIENT  (C-d\CO-n)  

    *OTHER   (9-69) 

   OR      

     DEFINITION OF OTHER DATA 
CONVERSION 

 (C-d\OTH)  

    *DERIVED PARAMETER   (9-69) 

   OR      

     NUMBER OF INPUT MEASURANDS  (C-d\DP\N)  

     MEASURAND #N  (C-d\DP-n)  

     NUMBER OF INPUT CONSTANTS  (C-d\DPC\N)  

     CONSTANT  #N  (C-d\DPC-n)  

     ALGORITHM  (C-d\DPA) (9-69) 

    *DISCRETE   (9-69) 

   OR      

     NUMBER OF EVENTS  (C-d\DIC\N)  

     NUMBER OF INDICATORS  (C-d\DICI\N)  

     CONVERSION DATA  (C-d\DICC-n)  

     PARAMETER EVENT DEFINITION  (C-d\DICP-n)  

    * PCM  TIME    

    OR     

     PCM TIME  WORD FORMAT  (C-d\PTM)    

    * 1553  TIME    

     OR     

     1553 TIME  WORD FORMAT  (C-d\BTM)    

    *DIGITAL VOICE   (9-70) 

   OR      

     ENCODING METHOD  (C-d\VOI\E)  

     DESCRIPTION  (C-d\VOI\D)  

 
 Figure 9-10 (Cont'd).  Data Conversion Attributes Group (C). 
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    *DIGITAL VIDEO   (9-71) 

   OR      

     ENCODING METHOD  (C-d\VID\E)  

     DESCRIPTION  (C-d\VID\D)  

  *COMMENTS    

  COMMENTS  (C-d\COM) (9-71) 

        *HEADING ONLY - NO DATA ENTRY 

 
TABLE 9-9.  DATA CONVERSION ATTRIBUTES GROUP (C) 

 
PARAMETER 

MAXIMUM 
FIELD 
SIZE 

 
CODE 
NAME 

 
DEFINITION 

MEASUREMENT 
NAME 

32 C-d\DCN GIVE THE MEASUREMENT NAME. 

TRANSDUCER INFORMATION 
TYPE 32 C-d\TRD1 TYPE OF SENSOR, IF APPROPRIATE. 
MODEL NUMBER 32 C-d\TRD2 IF APPROPRIATE. 
SERIAL NUMBER 32 C-d\TRD3 IF APPLICABLE. 
SECURITY 
CLASSIFICATION 

2 C-d\TRD4 ENTER THE SECURITY 
CLASSIFICATION OF THIS 
MEASURAND. 
   UNCLASSIFIED - ‘U’ 
   CONFIDENTIAL - ‘C’ 
   SECRET - ‘S’ 
   TOP SECRET - ‘T’ 
   OTHER - ‘O’. 
APPEND THE FOLLOWING:  
   IF RECEIVED TELEMETRY    
   SIGNAL (COUNTS) IS  
   CLASSIFIED, ADD  ‘R’. 
   IF EXPRESSED IN  
   ENGINEERING UNITS, THE  
   MEASURAND VALUE IS  
   CLASSIFIED, ADD  ‘E’.  
   IF BOTH ARE CLASSIFIED, ADD  ‘B’. 

ORIGINATION 
DATE 

10 C-d\TRD5 DATE OF ORIGINATION OF THIS 
DATA FILE. 
DD – DAY                MM – MONTH  
YYYY – YEAR        (MM-DD-YYYY) 

 Figure 9-10 (Cont'd).  Data Conversion Attributes Group (C). 
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TABLE 9-9  (Cont’d).  DATA CONVERSION ATTRIBUTES GROUP (C) 
 

PARAMETER 
MAXIMUM 
FIELD SIZE 

CODE 
NAME 

 
DEFINITION 

REVISION 
NUMBER 

          4 C-d\TRD6 SPECIFY THE REVISION NUMBER OF THE 
DATA PROVIDED. 

ORIENTATION          32 C-d\TRD7 DESCRIBE THE PHYSICAL 
ORIENTATION OF THE SENSOR. 

POINT OF  
CONTACT: 
   NAME 
   AGENCY 
   ADDRESS 
   TELEPHONE 

 
 
         24 
         48 
         48 
         20 

 
 
C-d\POC1 
C-d\POC2 
C-d\POC3 
C-d\POC4 

POINT OF CONTACT WITH THE 
ORGANIZATION THAT PROVIDED THE 
CALIBRATION DATA. 

MEASURAND 
DESCRIPTION          64 C-d\MN1 DESCRIBE THE PARAMETER BEING 

MEASURED. 
MEASUREMENT 
ALIAS 

         32 C-d\MNA 
 

ALTERNATE MEASURAND NAME. 

EXCITATION 
VOLTAGE 

         10 C-d\MN2 SENSOR REFERENCE VOLTAGE IN 
VOLTS. 

ENGINEERING 
UNITS 

         16 C-d\MN3 DEFINE THE ENGINEERING UNITS 
APPLICABLE TO THE OUTPUT DATA. 

LINK TYPE           3 C-d\MN4 DEFINE THE SOURCE DATA LINK TYPE: 
   FM (ANALOG) - ‘ANA’        PCM - ‘PCM’ 
   PAM - ‘PAM’        OTHER - ‘OTH’. 

TELEMETRY VALUE DEFINITION 
BINARY  
FORMAT 

          3 
 
 

C-d\BFM FORMAT OF  THE BINARY INFORMATION: 
INTEGER - ‘INT’ 
UNSIGNED INTEGER BINARY - ‘UNS’ 
SIGN AND MAGNITUDE BINARY (+=0) - ‘SIG’ 
SIGN AND MAGNITUDE BINARY (+=1) – ‘SIM’ 
ONE’S COMPLEMENT - ‘ONE’ 
TWO’S COMPLEMENT - ‘TWO’ 
OFFSET BINARY - ‘OFF’ 
FLOATING POINT - ‘FPT’ 
BINARY CODED DECIMAL  -‘BCD’ 
OTHER - ‘OTH’,  DEFINE IN COMMENTS. 

FLOATING 
POINT FORMAT 

8 C-d\FPF IF BINARY FORMAT IS ‘FPT’,  SPECIFY 
WHICH FLOATING POINT FORMAT WILL 
BE USED. 
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TABLE 9-9  (Cont’d).  DATA CONVERSION ATTRIBUTES GROUP (C) 

 
PARAMETER 

MAXIMUM 
FIELD 
SIZE 

 
CODE 
NAME 

 
DEFINITION 

INFLIGHT CALIBRATION 
NUMBER OF 
POINTS 

          1 C-d\MC\N IS INFLIGHT CALIBRATION 
REQUIRED?  ‘N’ FOR NO OR A 
NUMBER BETWEEN 1 AND 5, 
IF IT IS REQUIRED. 
A MAXIMUM OF FIVE 
CALIBRATION POINTS MAY  
BE INCLUDED. 

STIMULUS          32 C-d\MC1-n PROVIDE THE STIMULUS 
FOR THIS CALIBRATION 
POINT. 

TELEMETRY 
VALUE 

         16 C-d\MC2-n TELEMETRY UNITS VALUE. 
 

DATA VALUE          32 
 

C-d\MC3-n ENGINEERING UNITS VALUE. 
SCIENTIFIC NOTATION MAY 
BE USED. 

THE ABOVE SET OF THREE ENTRIES MUST BE REPEATED FOR EACH 
INFLIGHT CALIBRATION POINT. 
AMBIENT VALUE  
NUMBER OF 
AMBIENT 
CONDITIONS 

          1 C-d\MA\N NUMBER OF STATIC OR 
SIMULATED CONDITIONS. 
 

TIMULUS          32 C-d\MA1-n DESCRIPTION OF THE 
STATIC ENVIRONMENT IN 
WHICH A  NONTEST 
STIMULUS OR SIMULATOR IS 
THE DATA SOURCE. 

TELEMETRY 
VALUE 

         16 C-d\MA2-n TELEMETRY UNITS VALUE 
FOR THE STATIC STIMULUS. 

DATA VALUE          32 C-d\MA3-n ENGINEERING UNITS VALUE 
FOR THE STATIC OR 
SIMULATED CONDITION. 
SCIENTIFIC NOTATION MAY 
BE USED. 



 

 
 

 9-66 

 
TABLE 9-9  (Cont’d).  DATA CONVERSION ATTRIBUTES GROUP (C) 

 
PARAMETER 

MAXIMUM 
FIELD 
SIZE 

 
CODE 
NAME 

 
DEFINITION 

OTHER INFORMATION 
HIGH 
MEASUREMENT 
VALUE 

         32 C-d\MOT1 HIGHEST ENGINEERING 
UNIT VALUE DEFINED BY 
THE CALIBRATION DATA. 
SCIENTIFIC NOTATION MAY 
BE USED. 

LOW 
MEASUREMENT 
VALUE 

         32 C-d\MOT2 LOWEST ENGINEERING UNIT 
VALUE DEFINED IN THE 
CALIBRATION DATA. 
SCIENTIFIC NOTATION MAY 
BE USED. 

HIGH ALERT  
LIMIT VALUE 

         32 C-d\MOT3 HIGHEST ENGINEERING 
UNIT VALUE EXPECTED OR 
SAFE OPERATING VALUE OF 
THE PARAMETER. (“RED”) 
SCIENTIFIC NOTATION MAY 
BE USED. 

LOW ALERT  
LIMIT VALUE 

         32 C-d\MOT4 LOWEST ENGINEERING UNIT 
VALUE EXPECTED OR THE 
SAFE OPERATING VALUE OF 
THE PARAMETER. (“RED”)  
SCIENTIFIC NOTATION MAY 
BE USED. 

HIGH WARNING 
LIMIT VALUE 

         32 C-d\MOT5 HIGHEST ENGINEERING 
UNIT VALUE EXPECTED OR 
SAFE OPERATING VALUE OF 
THE PARAMETER. (“YELLOW”) 
SCIENTIFIC NOTATION MAY 
BE USED. 

LOW WARNING 
LIMIT VALUE 

         32 C-d\MOT6 LOWEST ENGINEERING UNIT 
VALUE EXPECTED OR THE 
SAFE OPERATING VALUE OF 
THE PARAMETER. (“YELLOW”)  
SCIENTIFIC NOTATION MAY 
BE USED. 

SAMPLE RATE           6 C-d\SR ENTER THE SAMPLE RATE 
IN TERMS OF SAMPLES/ 
SECOND. 
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TABLE 9-9  (Cont’d).  DATA CONVERSION ATTRIBUTES GROUP (C) 

 
PARAMETER 

MAXIMUM 
FIELD 
SIZE 

 
CODE 
NAME 

 
DEFINITION 

DATA CONVERSION 
CONVERSION 
TYPE 

          3 C-d\DCT DEFINE THE CHARACTERISTICS 
OF 
THE DATA CONVERSION: 
   NONE - ‘NON’ 
ENGINEERING UNITS: 
   PAIR SETS - ‘PRS’ 
   COEFFICIENTS - ‘COE’ 
   DERIVED - ‘DER’ 
   DISCRETE - ‘DIS’ 
   PCM TIME - ‘PTM’ 
   1553 TIME - ‘BTM’ 
   DIGITAL VOICE - ‘VOI’ 
   DIGITAL VIDEO - ‘VID’ 
   SPECIAL PROCESSING - 
     ‘SP’ (ENTER IN COMMENTS). 
   OTHER - ‘OTH’ 

ENGINEERING UNITS CONVERSION 
PAIR SETS 
NUMBER OF SETS  

          2 
C-d\PS\N SPECIFY THE NUMBER OF PAIR 

SETS PROVIDED, n. 
APPLICATION  

          1 
C-d\PS1 ARE THE PAIR SETS TO BE USED 

TO DEFINE A  POLYNOMINAL  
CURVE FIT?    ‘Y’ (YES)  OR ‘N’ 
(NO).  IF THE ANSWER IS NO, 
THEN THE  PAIR SETS ARE TO 
BE USED AS A “TABLE LOOKUP” 
WITH LINEAR INTERPOLATION 
BETWEEN THE DEFINED POINTS. 
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TABLE 9-9  (Cont’d).  DATA CONVERSION ATTRIBUTES GROUP (C) 

 
PARAMETER 

MAXIMUM 
FIELD 
SIZE 

 
CODE 
NAME 

 
DEFINITION 

ORDER OF FIT           2 C-d\PS2 SPECIFY THE ORDER OF THE 
CURVE FIT TO BE 
PERFORMED, m.  AT LEAST 2 
PAIR SETS MUST BE 
PROVIDED, AND A MAXIMUM 
OF 32 PAIR SETS MAY BE 
INCLUDED.  TWELVE OR 
MORE PAIR SETS ARE 
RECOMMENDED FOR A FIFTH 
ORDER FIT. 

TELEMETRY 
VALUE 

         16 C-d\PS3-n TELEMETRY UNITS VALUE. 

ENGINEERING 
UNITS VALUE 
 

         32 C-d\PS4-n ENGINEERING UNITS VALUE. 
SCIENTIFIC NOTATION MAY 
BE USED. 

REPEAT THE ABOVE FOR THE n DATA SETS. 
COEFFICIENTS 
ORDER OF 
CURVE FIT 

          2 C-d\CO\N SPECIFY THE ORDER OF THE 
POLYNOMINAL CURVE FIT, n. 

DERIVED FROM 
PAIR SET 

          1 C-d\CO1 WERE THE COEFFICIENTS 
DERIVED FROM THE PAIR SET 
CALIBRATION DATA 
PROVIDED (‘Y’ OR ’N’)?  IF 
YES, PROVIDE A POINT OF 
CONTACT IN THE COMMENTS 
RECORD. 

COEFFICIENT 
(0) 

         32 C-d\CO VALUE OF THE ZERO ORDER 
TERM (OFFSET). SCIENTIFIC 
NOTATION MAY BE USED. 

N-TH 
COEFFICIENT 

         32 C-d\CO-n VALUE OF THE COEFFICIENT 
OF THE N-TH POWER OF X 
(FIRST ORDER COEFFICIENT IS 
THE EQUIVALENT OF BIT 
WEIGHT). SCIENTIFIC 
NOTATION MAY BE USED. 

REPEAT UNTIL ALL N+1 COEFFICIENTS ARE DEFINED. 
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TABLE 9-9  (Cont’d).  DATA CONVERSION ATTRIBUTES GROUP (C) 

 
PARAMETER 

MAXIMUM 
FIELD 
SIZE 

 
CODE 
NAME 

 
DEFINITION 

OTHER 
DEFINITION OF 
OTHER DATA 
CONVERSION 

      1000 C-d\OTH DEFINE OTHER DATA 
CONVERSION TECHNIQUE OR 
SPECIAL PROCESSING 
REQUIREMENT. 

DERIVED PARAMETER 
NUMBER OF INPUT 
MEASURANDS 

          2 C-d\DP\N SPECIFY THE NUMBER OF 
INPUT MEASURANDS USED TO 
DERIVE THIS PARAMETER. 

MEASURAND #N          32 C-d\DP-n SPECIFY THE NAME OF THE    
N-TH INPUT MEASURAND. 

CONTINUE UNTIL ALL n MEASURANDS ARE DEFINED. 
NUMBER OF INPUT 
CONSTANTS 

          2 C-d\DPC 
\N 

SPECIFY THE NUMBER OF 
INPUT CONSTANTS USED TO 
DERIVE THIS PARAMETER 

CONSTANT #N          32 C-d\DPC-n SPECIFY THE VALUE FOR THE 
N-TH CONSTANT. SCIENTIFIC 
NOTATION MAY BE USED. 

CONTINUE UNTIL ALL n CONSTANTS ARE DEFINED. 
ALGORITHM         240 C-d\DPA DEFINE THE ALGORITHM TO 

BE USED IN DERIVING THE 
PARAMETER. 

DISCRETE 
NUMBER OF 
EVENTS 

          2 C-d\DIC\N HOW MANY EVENTS ARE 
ASSOCIATED WITH THIS 
DISCRETE FIELD, n? 

NUMBER OF 
INDICATORS 

          2 C-d\DICI\ 
N 

NUMBER OF INDICATORS: 
FOR A PCM SYSTEM, PROVIDE 
THE NUMBER OF BITS USED 
FOR THIS DISCRETE SET.  FOR 
A PAM OR ANALOG CHANNEL, 
PROVIDE THE NUMBER OF 
LEVELS USED TO DEFINE THIS 
DISCRETE SET. 
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TABLE 9-9  (Cont’d).  DATA CONVERSION ATTRIBUTES GROUP (C) 

 
PARAMETER 

MAXIMUM 
FIELD 
SIZE 

 
CODE 
NAME 

 
DEFINITION 

CONVERSION 
DATA 

         16 C-d\DICC-n TELEMETRY VALUE, COUNTS 
FOR PCM, PERCENT OF FULL 
SCALE FOR PAM OR ANALOG. 

PARAMETER 
EVENT 
DEFINITION 

        240 C-d\DICP-n DEFINE THE EVENT FOR THE 
BIT OR BIT FIELD IN A WORD 
THAT CORRESPONDS TO A 
DISCRETE EVENT OR THE 
PERCENT FULL SCALE VALUE 
SUCH AS SWITCH ON OR OFF. 

CONTINUE TO DEFINE THE EVENTS FOR EACH BIT PATTERN OR VALUE OF 
THE DISCRETE MEASURAND. 
PCM TIME 
PCM TIME WORD 
FORMAT 
 

          1 C-d\PTM SPECIFY THE PCM TIME WORD 
FORMAT USED, AS DEFINED 
IN PARAGRAPH 4.7. 
 HIGH ORDER TIME - ‘H’ 
 LOW ORDER TIME - ‘L’ 
 MICROSECOND TIME - ‘M’ 

1553  TIME 
1553 TIME WORD 
FORMAT 
 

          1 C-d\BTM SPECIFY THE 1553 TIME WORD 
FORMAT USED, AS DEFINED 
IN PARAGRAPHS 4.7 AND 8.5. 
 HIGH ORDER TIME - ‘H’ 
 LOW ORDER TIME - ‘L’ 
 MICROSECOND TIME - ‘M’ 
 RESPONSE TIME - ‘R’ 

DIGITAL VOICE 
ENCODING 
METHOD 

         4 C-d\VOI\E SPECIFY THE VOICE 
ENCODING METHOD USED. 
 CVSD - ‘CVSD’ 
 OTHER - ‘OTHR’ 

DESCRIPTION         640 C-d\VOI\D SPECIFY THE DECODING 
ALGORITHM TO BE USED. 
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TABLE 9-9  (Cont’d).  DATA CONVERSION ATTRIBUTES GROUP (C) 

 
PARAMETER 

MAXIMUM 
FIELD 
SIZE 

 
CODE 
NAME 

 
DEFINITION 

DIGITAL VIDEO 
ENCODING 
METHOD 

         64 C-d\VID\E SPECIFY THE VIDEO 
ENCODING METHOD USED. 

DESCRIPTION         640 C-d\VID\D SPECIFY THE DECODING 
ALGORITHM TO BE USED. 

COMMENTS 
COMMENTS       3200 C-d\COM PROVIDE ANY OTHER 

INFORMATION REQUIRED OR 
DESIRED. 

 
9.5.9  Airborne Hardware Attributes (H).  The Airborne Hardware Attributes Group defines 
the specific configuration of airborne instrumentation hardware in use on the item under test.  
This group allows the same TMATS file to describe the airborne hardware as well as the 
telemetry attributes. 
 
 Specific information on the structure and definition of airborne hardware attributes is 
not included in this standard.  There are far too many hardware systems to try to define them 
all in one group.  The main purpose of identifying this group is to reserve the ‘H’ designation 
for those instrumentation organizations which choose to use the TMATS standard in this 
way. 
 
 The only H group attributes defined in this standard are: 
 

• Test Item (code name H\TA) specifies the item under test and ties the H group to the 
G group, and 

 
• Airborne System Type (code name H\ST-n) will distinguish which airborne systems 

are being described in the current file and will determine how the rest of the attributes 
in the H group are interpreted. 

 
For anyone wishing to define an H group, it is strongly 
recommended that the conventions laid out in this standard be 
followed.  The resultant document should maintain the look and feel 
of this standard for consistency. 

NOTE
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APPENDIX A 
 

 
FREQUENCY CONSIDERATIONS FOR TELEMETRY 

 
 
1.0 Purpose 
 
 This appendix was prepared with the cooperation and assistance of the Range 
Commanders Council (RCC) Frequency Management Group (FMG).  This appendix 
provides guidance to telemetry users for the most effective use of the ultra high frequency 
(UHF) telemetry bands, 1435 to 1535 MHz, 2200 to 2290 MHz, and 2310 to 2390 MHz. 
Coordination with the frequency managers of the applicable test ranges and operating areas 
is recommended before a specific frequency band is selected for a given application.  
Government users should coordinate with the appropriate Area Frequency Coordinator and 
commercial users should coordinate with the Aerospace and Flight Test Radio Coordinating 
Council (AFTRCC).  A list of the points of contact can be found in the National 
Telecommunications and Information Administration's (NTIA) Manual of Regulations and 
Procedures for Federal Radio Frequency Management. 
 
2.0    Scope 
 
 This appendix is to be used as a guide by users of telemetry frequencies at  
Department of Defense (DOD)-related test ranges and contractor facilities.  The goal of 
frequency management is to encourage maximal use and minimal interference among 
telemetry users and between telemetry users and other users of the electromagnetic 
spectrum. 
 
2.1   Definitions.  The following terminology is used in this appendix. 
 
        Allocation (of a Frequency Band).  Entry of a frequency band into the Table of 
Frequency Allocations1 for use by one or more radio communication services or the radio 
astronomy service under specified conditions. 
 
        Assignment (of a Radio Frequency or Radio Frequency Channel).  Authorization 
given by an administration for a radio station to use a radio frequency or radio frequency 
channel under specified conditions. 
 
 Authorization.  Permission to use a radio frequency or radio frequency channel 
under specified conditions. 
                                            
     1 The definitions of the radio services that can be operated within certain frequency 
bands contained in the radio regulations as agreed to by the member nations of the 
International Telecommunications Union.  This table is maintained in the United States 
by the Federal Communications Commission and the NTIA. 
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 Certification.  The Military Communications-Electronics Board’s (MCEB) process 
of verifying that a proposed system complies with the appropriate rules, regulations, and 
technical standards. 
 
 J/F 12 Number.  The identification number assigned to a system by the MCEB after 
the Application for Equipment Frequency Allocation (DD Form 1494) is approved; for 
example, J/F 12/6309 (sometimes called the J-12 number). 
 
        Resolution Bandwidth.  The -3 dB bandwidth of the measurement device. 
 
2.2   Other Notations.  The following notations are used in this appendix.  Other 
references may define these terms slightly differently. 
 
 B99%     Bandwidth containing 99 percent of the total power 
 B-25dBm Bandwidth containing all components larger than -25 dBm 
  B-60dBc Bandwidth containing all components larger than the power  
    level that is 60 dB below the unmodulated carrier power 
  dBc   Decibels relative to the power level of the unmodulated carrier 
 fc       Assigned center frequency 
 
3.0   Authorization to Use a Telemetry System 
 
        All RF emitting devices must have approval to operate in the United States and 
Possessions (US&P) via a frequency assignment unless granted an exemption by the 
national authority.  The NTIA is the President's designated national authority and 
spectrum manager.  The NTIA manages and controls the use of radio frequency (RF) 
spectrum by federal agencies in US&P territory.  Obtaining a frequency assignment 
involves a two step process:  RF spectrum support certification of major RF systems 
design, and operational frequency assignment to the RF system user. 
 
3.1  RF Spectrum Support Certification.  All major RF systems used by federal agencies 
must be submitted to NTIA, via the Interdepartmental Radio Advisory Committee, for 
system review and spectrum support certification prior to committing funds for 
acquisition/procurement. During the system review process, compliance with applicable 
RF standards, and RF allocation tables, rules, and regulations is checked.  For 
Department of Defense (DOD) agencies, and in support of DOD contracts, this is 
accomplished via the submission of a DD Form 1494 to the Military Communications 
and Electronics Board. Noncompliance with standards, the tables, rules, or regulations 
can result in denial of support, limited support, or support on an unprotected non- 
priority basis.  All RF users must obtain frequency assignments for any RF system (even 
if not considered major).  This is accomplished by submission of frequency use proposals 
through the appropriate frequency management offices.  Frequency assignments may not 
be granted for major systems that have not obtained spectrum support certification. 
 
3.1.1  Frequency Allocation.  As stated before, telemetry systems must normally operate 
within the frequency bands designated for their use in the National Table of Frequency 
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Allocations.  With sufficient justification, use of other bands may at times be permitted, 
but the certification process is much more difficult, and the outcome is uncertain.  Even 
if certification is granted (on a noninterference basis to other users), the frequency 
manager is often unable to grant assignments because of local users who will receive 
interference.  
 
3.1.1.1  Telemetry Bands.  Air- and space-to-ground telemetering is allocated in the 
UHF bands 1435 to 1535, 2200 to 2290, and 2310 to 2390 MHz, commonly known as 
the L band, the S band, and the upper S band. 
 
3.1.1.2  VHF Telemetry.  The very high frequency (VHF) band, 216-265 MHz, was used 
for telemetry operations in the past.  Telemetry was moved to the UHF bands as of 1 
January 1970 to prevent interference to critical government land mobile and military 
tactical communications.  Telemetry operation in this band is strongly discouraged and is 
considered only on an exceptional case-by-case basis. 
 
3.1.2  Technical Standards.  The MCEB and the NTIA review proposed telemetry 
systems for compliance with applicable technical standards.  For the UHF telemetry 
bands, the current revisions of the following standards are considered applicable: 
 
 RCC Document IRIG 106, Telemetry Standards  
 
 MIL-STD-461, Requirements for the Control of Electromagnetic Interference 
Emissions and Susceptibility 
 
 Manual of Regulations and Procedures for Federal Radio Frequency Management 
(NTIA). 
 
 Applications for certification are also thoroughly checked in many other ways 
including necessary and occupied bandwidths, modulation characteristics, reasonableness 
of output power, correlation between output power and amplifier type, and antenna type 
and characteristics.  The associated receiver normally must be specified or referenced.  
The characteristics of the receiver are also verified. 
 
3.2  Frequency Authorization.  Spectrum certification of a telemetry system verifies that 
the system meets the technical requirements for successful operation in the 
electromagnetic environment.  However, a user is not permitted to radiate with the 
telemetry system before requesting and receiving a specific frequency assignment.  The 
assignment process takes into consideration when, where, and how the user plans to 
radiate.  Use of the assignments is tightly scheduled by and among the individual ranges 
to make the most efficient use of the limited telemetry radio frequency (RF) spectrum 
and to ensure that one user does not interfere with other users. 
 
4.0 Frequency Usage Guidance 
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 Frequency uses are controlled by scheduling in the areas in which the tests will be 
conducted.  The following recommendations are based on good engineering practice for 
such usage. 
 
4.1  Frequency Assignments.  
Frequency scheduling for 
simultaneous use at the same 
location typically will not be made 
for systems whose closest 99-percent 
power band edges are separated by 
less than the 99-percent bandwidth 
of the wider of the two.  (The signals 
must also comply with the spectral 
mask presented in paragraph 6.1 of 
this appendix). Figure A-1 shows the 
radio frequency spectrum of two 
signals being transmitted 
simultaneously. The left signal center 
frequency is 1455.5 MHz with 800-kb/s modulation.  The right signal center frequency is 
1465.5 MHz with 5-Mb/s modulation.  The 99-percent power bandwidths of these two 
signals are approximately 930 kHz and 5800 kHz.  (See first line of table A-1).  
Therefore, the minimum center frequency separation is (930+5800)/2 + 5800 = 
9165 kHz.  Because all telemetry signals are centered on xxxx.5 MHz, the separation 
must be an integer number of MHz. The smallest integer number of MHz larger than 
9165 kHz is 10 MHz.  Scheduling as stated here should ensure a desired signal-to-
interfering-signal ratio of at least 40 dB for two signals of equal bandwidth and effective 
radiated power at the same distance from the receiving antenna when the receiver 
bandwidth includes less than 99 percent of the desired signal's energy.  In instances when 
this ratio is insufficient to ensure desired data quality, the frequency separation must be 
increased. 
 
4.2  Geographical Separation.  Two or more telemetry systems operating in a given 
geographical area2 should be separated in frequency such that overlap between spectra for 
each pair of signals is less than 0.5 percent of the power of either in the -20 dB receiver 
passband of the other.  Overlap separation can be provided by a combination of frequency 
selection, power levels, antenna positioning and aiming, and geographical separation. 
 
4.3  Simultaneous Operation.  Standard practice for multiple emitters at the same 
location, power level, and transmitting antenna direction (if applicable) is to separate 
signals from one another by a "guard band" greater than or equal to the occupied 
bandwidth of the widest bandwidth signal in each pair of adjacent frequency transmitters.  
When more than one transmitter is used on the same host vehicle, frequency selection 
should be made to minimize spectrum overlap and RF interactions.  Multichannel 

                                            
        2The extent of a geographical area over which the frequency use must be protected 
varies with the nature of the usage.  For airborne systems, such an area is specified by 
the actual vehicle flight path and its maximum altitude. 

 
Figure A-1.  800-kb/s and 5-Mb/s RNRZ 

PCM/FM signals. 
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operations should avoid channels separated by the IF frequencies of the receivers used, if 
possible.3 
 
4.4  Multicarrier Operation.  If two transmitters are operated simultaneously and send or 
receive through the same antenna system, interference due to intermodulation is likely at (2f1 
- f2) and (2f2 - f1).  Between three transmitters, the two-frequency possibilities exist, but 
intermodulation products may exist as well at (f1 + f2 - f3), (f1 + f3 - f2), and (f2 + f3 - f1), 
where f1, f2, and f3 represent the output frequencies of the transmitters.  Intermodulation 
products can arise from nonlinearities in the transmitter output circuitry that cause mixing 
products between a transmitter output signal and the fundamental signal coming from 
nearby transmitters.  Intermodulation products also can arise from nonlinearities in the 
antenna systems.  The generation of intermodulation products is inevitable, but the effects 
are generally of concern only when such products exceed -25 dBm.  The general rule for 
avoiding third-order intermodulation interference is that in any group of transmitter 
frequencies, the separation between any pair of frequencies should not be equal to the 
separation between any other pair of frequencies.  Because individual signals have 
sidebands, it should be noted that intermodulation products have sidebands spectrally wider 
than the sidebands of the individual signals that caused them. 
 
4.5  Transmitter Antenna System Emission Testing.  Radiated tests will be made in lieu 
of transmitter output tests only when the transmitter is inaccessible.  Radiated tests may 
still be required if the antenna is intended to be part of the filtering of spurious products 
from the transmitter or is suspected of generating spurious products by itself or in 
interaction with the transmitter and feedlines.  The tests should be made with normal 
modulation. 
 
5.0 Bandwidth 
 
 The definitions of bandwidth in this section are universally applicable. The limits 
shown here are applicable for telemetry operations in the telemetry bands 1435 to 1535, 
2200 to 2290, and 2310 to 2390 MHz.  For the purposes of telemetry signal spectral 
occupancy, the bandwidths used are the 99-percent power bandwidth and the -25 dBm 
bandwidth.  A power level of -25 dBm is exactly equivalent to an attenuation of the 
transmitter power by 55 + 10´log(P) dB where P is the transmitter power expressed in 
watts.  How bandwidth is actually measured and what the limits are, expressed in terms 
of that measuring system, are detailed in the following paragraphs.   
 
5.1  Concept.  The term "bandwidth" has an exact meaning in situations where an 
amplitude modulation (AM), double sideband (DSB), or single sideband (SSB) signal is 
produced with a band-limited modulating signal.  In systems employing frequency 
modulation (FM) or phase modulation (PM), or any modulation system where the 
modulating signal is not band limited, bandwidth is infinite with energy extending toward 
zero and infinite frequency falling off from the peak value in some exponential fashion.  
In this more general case, bandwidth is defined as the band of frequencies in which most 

                                            
        3In theory, at least, J/F 12 data exist on all receivers as well as transmitters. 
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of the signal's energy is contained.  The definition of "most" is imprecise.  The following 
terms are applied to bandwidth. 
 
5.1.1  Authorized Bandwidth.  Authorized bandwidth is, for purposes of this document, 
the necessary bandwidth (bandwidth required for transmission and reception of 
intelligence) and does not include allowance for transmitter drift or Doppler shift. 
 
5.1.2  Occupied Bandwidth.  The width of a frequency band such that below the lower and 
above the upper frequency limits, the mean powers emitted are each equal to a specified 
percentage of the total mean power of a given emission.  Unless otherwise specified by the 
International Telecommunication Union (ITU) for the appropriate class of emission, the 
specified percentage shall be 0.5 percent.  The occupied bandwidth is also called the 99- 
percent power bandwidth in this document. 
 
5.1.3  Necessary Bandwidth.  For a given class of emission, the width of the frequency 
band which is just sufficient to ensure the transmission of information at the rate and 
with the quality required under specified conditions. 
 
5.1.3.1  The NTIA Manual of Regulations and Procedures for Federal Radio Frequency 
Management states that "All reasonable effort shall be made in equipment design and 
operation by Government agencies to maintain the occupied bandwidth of the emission 
of any authorized transmission as closely to the necessary bandwidth as is reasonably 
practicable." 
 
5.1.3.2  The NTIA's equation for calculating the necessary bandwidth of binary non-
return-to-zero (NRZ) continuous phase frequency shift keying (CPFSK) is 
 
  Bn = 3.86Df + 0.27R   for   0.03 < 2Df/R < 1.0  (A-1) 
 
where 

  Bn = necessary bandwidth 
  Df = peak frequency deviation 
  R  = bit rate 
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 This modulation method is commonly called NRZ pulse-code modulation 
(PCM)/FM by the telemetry community.  For example, assume the bit rate is 1000 kb/s 
and the peak deviation is 350 kHz, the necessary bandwidth is calculated to be 1621 kHz 
(using equation (A-1)).  With this bit rate and peak deviation, the 99-percent power 
bandwidth with no filtering would be 1780 kHz and the 99-percent power bandwidth with 
a premodulation filter bandwidth of 700 kHz would be approximately 1160 kHz.  
Equations for other modulation methods are contained in the NTIA Manual of 
Regulations and Procedures for Federal Radio Frequency Management. 
 
5.1.4  Received (or Receiver) Bandwidth.  The received bandwidth is usually the -3 dB 
bandwidth of the receiver intermediate frequency (IF) section. 
 
5.2  Bandwidth Estimation and Measurement.  Various methods are used to estimate or 
measure the bandwidth of a signal that is not band limited.  The bandwidth measurements 
are performed using a spectrum analyzer (or equivalent device) with the following 
settings:  10-kHz resolution bandwidth, 1-kHz video bandwidth, and max hold detector.  
The IRIG Document 106-86 and earlier versions of the Telemetry Standards specified a 
measurement bandwidth of 3 kHz but did not specify a video bandwidth or a detector 
type. Spectra measured with the new standard settings will be essentially the same as 
spectra measured with a 3-kHz resolution bandwidth, 10-kHz video bandwidth, and a max 
hold detector.  However, for signals with random characteristics, the average spectral 
density measured with a 3-kHz resolution bandwidth without the max hold detector 
enabled will be approximately 10 dB lower than the spectral density measured with the 
new settings.  Theoretical expressions for power spectral density typically assume random 
signals and calculate the average spectral density.  The average power spectral density in a 
10-kHz bandwidth for random signals is approximately 5 dB lower than the spectral 
density measured with the standard settings (the measured values for large, continuous, 
discrete spectral components will be the same with an average or a max hold detector).  
The most common measurement and estimation methods are described in the following 
paragraphs. 
 
5.2.1  99-Percent Power Bandwidth.  This bandwidth contains 99 percent of the total 
power.  The 99-percent power bandwidth is typically measured using a spectrum 
analyzer or estimated using equations for the modulation type and bit rate used.  If the 
two points that define the edges of the band are not symmetrical about the assigned 
center frequency, their actual frequencies should be noted as well as their difference.  
The 99-percent power band edges of randomized NRZ (RNRZ) PCM/FM signals are 
illustrated in figures A-1 and A-2.  Table A-1 presents the 99-percent power bandwidth 
for several digital modulation methods as a function of the bit rate (R). 
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TABLE A-1.  99% POWER BANDWIDTHS FOR VARIOUS DIGITAL 
MODULATION METHODS4  

 

Description 

 

99% Power Bandwidth 

NRZ PCM/FM, premod filter BW=0.7R, 
Df=0.35R 

  1.16 R 

NRZ PCM/FM, no premod filter, 
Df=0.25R 

  1.18 R 

NRZ PCM/FM, no premod filter, 
Df=0.35R 

  1.78 R 

NRZ PCM/FM, no premod filter, 
Df=0.40R 

  1.93 R 

NRZ PCM/FM, premod filter BW=0.7R, 
Df=0.40R 

  1.57 R 

Minimum shift keying (MSK), no filter 

 

  1.18 R 

Feher’s-patented quadrature phase shift 
keying (FQPSK-B) 

  0.78 R 

Phase shift keying (PSK), no filter 

 

19.30 R 

Quadrature phase shift keying (QPSK), no 
filter 

  9.65 R 

Offset QPSK (OQPSK), sinusoidal 
weighting 

  1.18 R 

 

                                            
     4I. Korn, Digital Communications, New York, Van Nostrand, 1985. 
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5.2.2  -25 dBm Bandwidth.  The 
bandwidth beyond which all power 
levels are below -25 dBm.  A power 
level of -25 dBm is exactly 
equivalent to an attenuation of the 
transmitter power by 55 + 
10´log(P) dB where P is the 
transmitter power expressed in 
watts.  The -25 dBm bandwidth 
limits are shown in figure A-2.  The 
–25 dBm bandwidth is primarily a 
function of the modulation method, 
transmitter power, and bit rate.  The 
transmitter design and construction techniques also strongly influence the –25 dBm 
bandwidth.  With a bit rate of 5 Mb/s and a transmitter power of 5 watts the –25 dBm 
bandwidth of an NRZ PCM/FM system with near optimum parameter settings is about 
12.8 MHz, while the –25 dBm bandwidth of an equivalent FQPSK-B system is about 7.1 
MHz. 
 
5.2.3  Other Bandwidth Measurement Methods.  The previous methods are the standard 
methods for measuring the bandwidth of telemetry signals.  The following methods are 
also sometimes used to measure or to estimate the bandwidth of telemetry signals.   
 
5.2.3.1  Below Unmodulated Carrier.  This method measures the power spectrum with 
respect to the unmodulated carrier power.  To calibrate the measured spectrum on a 
spectrum analyzer, the unmodulated carrier power must be known.  This power level is the 
0-dB reference (commonly set to the top of the display).  In AM systems, the carrier power 
never changes; in FM and PM systems, the carrier power is a function of the modulating 
signal.  Since angle modulation (FM or PM) by its nature spreads the spectrum of a 
constant amount of power, a method to estimate the unmodulated carrier power is required 
if the modulation can not be turned off.  For most practical angle modulated systems, the 
total carrier power at the spectrum analyzer input can be found by setting the spectrum 
analyzer's resolution and video bandwidths to their widest settings, setting the analyzer 
output to max hold, and allowing the analyzer to make several sweeps (see figure A-3).  
The maximum value of this trace will be a good approximation of the unmodulated carrier 
level.  Figure A-3 shows the spectrum of a 5-Mb/s RNRZ PCM/FM signal measured using 
the standard spectrum analyzer settings discussed previously and the spectrum measured 
using 3-MHz resolution, video bandwidths, and max hold.  The peak of the spectrum 
measured with the latter conditions is very close to 0 dBc and can be used to estimate the 
unmodulated carrier power (0 dBc) in the presence of frequency or phase modulation.  In 
practice, the 0-dBc calibration would be performed first, and  the display settings would 
then be adjusted to use the peak of the curve as the reference level (0-dBc level) to 
calibrate the spectrum measured using the standard spectrum analyzer settings.  With the 
spectrum analyzer set for a specific resolution bandwidth, video bandwidth, and detector 
type, the bandwidth is taken as the distance between the two points outside of which the 
spectrum is thereafter some number (say, 60 dB) below the unmodulated carrier power 

 
Figure A-2.  RNRZ PCM/FM signal. 
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determined above.  The -60 dBc bandwidth for the 5-Mb/s signal shown in figure A-3 is 
approximately 13 MHz.   
 
 The -60 dBc bandwidth of a random NRZ 
PCM/FM signal with a peak deviation of 0.35R, a 
four-pole premodulation filter with -3 dB corner at 
0.7R, and a bit rate greater than or equal to 1 
Mb/s can be approximated by  
 
 
 B-60dBc = {2.78 - 0.3 x log10(R)} x R  (A-2) 
 
 
where B is in MHz and R is in Mb/s.  Thus the  
-60 dBc bandwidth of a 5-Mb/s RNRZ signal 
under these conditions would be 12.85 MHz.  The 
-60 dBc bandwidth will be greater if peak 
deviation is increased or the number of filter poles 
is decreased. 
 
5.2.3.2  Below Peak.  This method is not 
recommended for measuring the bandwidth of 
telemetry signals.  The modulated peak method is 
the least accurate measurement method, measuring 
between points where the spectrum is thereafter XX 
dB below the level of the highest point on the 
modulated spectrum.  Figure A-4 shows the radio 
frequency spectrum of a 400-kb/s Bif-L PCM/PM 
signal with a peak deviation of 75° and a pre-
modulation filter bandwidth of 800 kHz.  The 
largest peak has a power level of -7 dBc.  In 
comparison, the largest peak in figure A-3 had a 
power level of -22 dBc.  This 15-dB difference 
would skew a bandwidth comparison that used the peak level in the measured spectrum 
as a common reference point.  In the absence of an unmodulated carrier to use for 
calibration, the below peak measurement is often (erroneously) used and described as a 
below unmodulated carrier measurement.  Using max hold exacerbates this effect still 
further.  In all instances the bandwidth is overstated, but the amount varies. 
 

Figure A-3.  Spectrum analyzer calibration 
of 0-dBc level. 

   Figure A-4.  Bif PCM/PM signal. 
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5.2.3.3  Carson's Rule.  Carson's Rule is a 
method to estimate the bandwidth of an 
FM subcarrier system.  Carson's Rule 
states that 
 
 
 B = 2 x (Df + fmax)  (A-3) 
 
 
where B is the bandwidth, Df is the peak 
deviation of the carrier frequency, and fmax 
is the highest frequency in the modulating 
signal. Figure A-5 shows the spectrum 
that results when a 12-channel constant 
bandwidth multiplex with 6-dB/octave pre-emphasis frequency modulates an FM 
transmitter.  The 99-percent power bandwidth and the bandwidth calculated using 
Carson’s Rule are also shown.  Carson's Rule will estimate a value greater than the 99-
percent power bandwidth if little of the carrier deviation is due to high-frequency energy 
in the modulating signal. 
 
5.2.4  Spectral Equations.  The following equations can be used to calculate the RF 
spectra for several digital modulation methods with unfiltered waveforms.5 6 7  These 
equations can be modified to include the effects of filtering.8 9 
 
 
 Random NRZ PCM/FM (valid when D¹integer, D = 0.5 gives MSK spectrum) 
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     5I. Korn, Digital Communications, New York, Van Nostrand, 1985. 
     6M. G. Pelchat, "The Autocorrelation Function and Power Spectrum of PCM/FM 
with Random Binary Modulating Waveforms," IEEE Transactions, Vol. SET-10, No. 1, 
pp. 39-44, March 1964. 
     7W. M. Tey, and T. T. Tjhung, "Characteristics of Manchester-Coded FSK," IEEE 
Transactions on Communications, Vol. COM-27, pp. 209-216, January 1979. 
     8A. D. Watt, V. J. Zurick, and R. M. Coon, "Reduction of Adjacent-Channel 
Interference Components from Frequency-Shift-Keyed Carriers," IRE Transactions on 
Communication Systems, Vol. CS-6, pp. 39-47, December 1958. 
     9E. L. Law, "RF Spectral Characteristics of Random PCM/FM and PSK Signals," 
International Telemetering Conference Proceedings, pp. 71-80, 1991. 

 
  
 Figure A-5.  FM/FM signal and Carson’s 

Rule. 
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 Random NRZ PSK 
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where 
 
 S(f)     = power spectrum (dBc) at frequency f 
 BSA   = spectrum analyzer resolution bandwidth 
 R    = bit rate 
 D    = 2Df/R 
 X    = 2(f-fc)/R 
 Df    = peak deviation 
 b    = peak phase deviation in radians 
 fc    = carrier frequency 
 d    = Dirac delta function 
 n   = 0, ±1, ±2, ¼ 
 Q    = quantity related to narrow band spectral peaking when D»1, 2, 3, ... 
 Q    » 0.99 for BSA = 0.003 R, Q » 0.9 for BSA = 0.03 R 
 
 The spectrum analyzer resolution bandwidth term was added to the original 
equations. 
 
5.2.5  Receiver Bandwidth.  Receiver predetection 
bandwidth is measured at the points where the 
response to the carrier before demodulation is -3 dB 
from the center frequency response. The carrier 
bandwidth response of the receiver is, or is intended 
to be, symmetrical about the carrier in most 
instances.  Figure A-6 shows the response of a 
typical telemetry receiver with a 1 MHz IF 
bandwidth selected.  Outside the stated bandwidth, 
the response usually falls sharply with the response 

often 20 dB or more below the passband 
response at 1.5 to 2 times the passband response.  
The rapid falloff outside the passband is required 
to reduce interference from nearby channels and 
has no other effect on data.   
 
5.2.6  Receiver Noise Bandwidth.  For the purpose of calculating noise in the receiver, 
the bandwidth must be integrated over the actual shape of the IF, which, in general, is 
not a square-sided function.  Typically, the figure used for noise power calculations is the 
-3 dB bandwidth of the receiver. 
 
5.3  Phase-Modulated Systems.  Telemetry systems using phase modulation (PM) rather 
than frequency modulation (FM) produce spectra that may be considerably wider than 
the corresponding FM signal.  This extra sideband energy is reduced in most  
systems by filtering at the modulation input, or the transmitter output, or both, and 
sideband energy is reconstructed in the receiving apparatus as part of the demodulation 
process.  Phase-modulation systems, even with more than one data bit per symbol, are 
not necessarily more spectrally efficient than FM transmissions. 

 

      Figure A-6.  Typical receiver IF filter  
                           response (-3 dB bandwidth 
                           = 1 MHz). 
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5.4  Symmetry.  Many modulation methods produce a spectrum that is asymmetrical 
with respect to the carrier frequency.  Exceptions include FM/FM systems, randomized 
NRZ PCM/FM systems, and randomized FQPSK-B systems.  The most extreme case of 
asymmetry is due to single-sideband transmission, which places the carrier frequency at 
one edge of the occupied spectrum.  If the spectrum is not symmetrical about the band 
center, the bandwidth and the extent of asymmetry must be noted for frequency 
management purposes.   
 
5.5  FM Transmitters (ac coupled).  The ac-coupled FM transmitters should not be used 
to transmit NRZ signals unless the signals to be transmitted are randomized because 
changes in the ratio of “ones” to “zeros” will increase the occupied bandwidth and may 
degrade the bit error rate.  When ac-coupled transmitters are used with randomized NRZ 
signals, it is recommended that the lower -3 dB frequency response of the transmitter be 
no greater than the bit rate divided by 4000.  For example, if a randomized 1-Mb/s NRZ 
signal is being transmitted, the lower -3 dB frequency response of the transmitter should 
be no larger than 250 Hz. 
 
6.0 Spectral Occupancy Limits 
 
 Telemetry applications covered by this standard shall use 99-percent power 
bandwidth to define occupied bandwidth and -25 dBm bandwidth as the primary measure 
of spectral efficiency. The spectra are assumed symmetrical about the center frequency 
unless specified otherwise.  The primary reason for controlling the spectral occupancy is 
to control adjacent channel interference, thereby allowing more users to be packed into a 
given amount of frequency spectrum.  The adjacent channel interference is determined by 
the spectra of the signals and the filter characteristics of the receiver. 
 
6.1  Spectral Mask.  One common method of describing the spectral occupancy limits is 
a spectral mask.  The aeronautical telemetry spectral mask is described below.  Note that 
the mask in this standard is different than and in general narrower than the mask 
contained in the 1996 and 1999 versions of the Telemetry Standards.  All spectral 
components larger than –(55 + 10´log(P)) dBc, or in other words larger than -25 dBm, 
at the transmitter output must be within the spectral mask calculated using the following 
equation:  
 
 

  ( )
m
RffffRKfM cc ³---+= ;log100log90  

 
where 
 
  M(f) =  power (dBc) at frequency f (MHz) 
  K =  -20 for analog signals 
  K =  -28 for binary signals  
  K =  -63 for quaternary signals (e.g., FQPSK-B) 
  fc =  transmitter center frequency (MHz) 

 (A-9) 
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  R =  bit rate (Mb/s)   for digital signals or 
        ( )( )MHzff max+D  for analog FM signals 
  m =  number of states in modulating signal; 
          m = 2 for binary signals 
          m = 4 for quaternary signals and analog signals 
  D f  =  peak deviation 
  fmax  =  maximum modulation frequency 
 
 
 
 The -25 dBm bandwidth is not required to be narrower than 1 MHz.  The first term 
in equation (A-9) accounts for bandwidth differences between modulation methods. 
Equation (A-9) can be rewritten as M(f) = K – 10logR – 100log|(f−fc)/R|.   When 
equation (A-9) is written this way, the 10logR term accounts for the increased spectral 
spreading and decreased power per unit bandwidth as the modulation rate increases.  
The last term forces the spectral mask to roll off at 30-dB/octave (100-dB/decade). Any 
error detection or error correction bits, which are added to the data stream, are counted 
as bits for the purposes of this spectral mask.  The quaternary signal spectral mask is 
based on the measured power spectrum of FQPSK-B.  The binary signal spectral mask is 
primarily based on the power spectrum of a random binary NRZ PCM/FM signal with 
peak deviation equal to 0.35 times the bit rate and a multipole premodulation filter with a 
-3 dB frequency equal to 0.7 times the bit rate (see figure A-7).  This peak deviation 
minimizes the bit error rate (BER) with an optimum receiver bandwidth while also 
providing a compact RF spectrum.  The premodulation filter attenuates the RF sidebands 
while only degrading the BER by the equivalent of a few tenths of a dB of RF power.  
Further decreasing of the premodulation filter bandwidth will only result in a slightly 
narrower RF spectrum, but the BER will increase dramatically.  Increasing the 
premodulation filter bandwidth will result in a wider RF spectrum, and the BER will only 
be decreased slightly.  The recommended premodulation filter for NRZ PCM/FM signals 
is a multipole linear phase filter with a -3 dB frequency equal to 0.7 times the bit rate.  
The unfiltered NRZ PCM/FM signal rolls off at 12-dB/octave so at least a three-pole 
filter (filters with four or more poles are recommended) is required to achieve the 30-
dB/octave slope of the spectral mask.  The spectral mask includes the effects of 
reasonable component variations (unit-to-unit and temperature). 
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6.2  Spectral Mask Examples.  Figures 
A-7 and A-8 show the binary spectral 
mask of equation (A-9) and the RF 
spectra of the 1-Mb/s randomized 
NRZ PCM/FM signals.  The RF 
spectra were measured using a 
spectrum analyzer with 10-kHz 
resolution bandwidth, 1-kHz video 
bandwidth, and a max hold detector.  
The span of the frequency axis is 5 
MHz.  The transmitter power was 5 
watts, and the peak deviation was 350 
kHz.  The modulation signal for 
figure A-7 was filtered with a 4-pole 
linear-phase filter with -3 dB 
frequency of 700 kHz. All spectral 
components in figure A-7 were 
contained within the spectral mask.  
The minimum value of the spectral 
mask was -62 dBc (equivalent to 
-25 dBm).  The peak modulated 
signal power levels were about 15 dB 
below the unmodulated carrier level 
(-15 dBc), and the power levels near 
center frequency were about -17 dBc. 
Figure A-8 shows the same signal with 
no premodulation filtering.  The signal 
was not contained within the spectral 
mask when a pre-modulation filter was 
not used. 
 
Figure A-9 shows the quaternary mask 
of equation (A-9) and the RF 
spectrum of a 1-Mb/s FQPSK-B 
signal.  The transmitter power was 
assumed to be 10 watts in this 
example so the minimum value of the 
mask was –65 dBc.  The peak value of 
the FQPSK-B signal was about -13 
dBc.  
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Figure A-7. Filtered 1-Mb/s RNRZ PCM/FM 
       signal and spectral mask. 
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Figure A-8. Unfiltered 1-Mb/s RNRZ 
                   PCM/FM signal and spectral mask. 

Figure A-9. Typical 1-Mb/s FQPSK-B signal  
                    and spectral mask. 
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7.0 FQPSK-B Characteristics 
 
         Feher’s-patented quadrature phase 
shift keying10 11 (FQPSK-B) modulation is a 
variation of offset quadrature phase shift 
keying (OQPSK).  OQPSK is described in 
most communications textbooks.  A 
generic OQPSK (or quadrature or I & Q) 
modulator is shown in figure A-10.  In 
general, the odd bits are applied to one 
channel (say Q), and the even bits are 
applied to the I channel.  
 
 
 
 
 
 
If the values of I and Q are ±1, we get the 
diagram shown in figure A-11.  For 
example, if I=1 and Q=1 then the phase 
angle is 45 degrees {(I,Q) = (1, 1)}.  A 
constant envelope modulation method, 
such as minimum shift keying (MSK), 
would follow the circle indicated by the 
small dots in figure A-11 to go between 
the large dots.  In general, bandlimited 
QPSK and OQPSK signals are not 
constant envelope and would not follow 
the path indicated by the small dots but 
rather would have a significant amount of 
amplitude variation.  
 

                                            
    10 K. Feher et al.: US Patents 4,567,602; 4,644,565; 5,491,457; and 5,784,402, post-
patent improvements and other U.S. and international patents pending. 
    11 Kato, Shuzo and Kamilo Feher, “XPSK: A New Cross-Correlated Phase Shift 
Keying Modulation Technique,” IEEE Trans. Comm., vol. COM-31, May 1983. 

    Figure A-10. OQPSK modulator. 
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 Figure A-11. I & Q constellation. 
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The typical implementation of FQPSK-B involves the application of data and a bit rate 
clock to the baseband processor of the quadrature modulator.  The data are differentially 
encoded and converted to I and Q signals as described in Chapter 2.  The FQPSK-B I 
and Q channels are then cross-correlated, and specialized wavelets are assembled that 
minimize the instantaneous variation of (I2(t)  +  Q2(t)).  The FQPSK-B baseband 
wavelets are illustrated in figure A-12.  The appropriate wavelet is assembled based on 
the current and immediate past states of I and Q.  Q is delayed by one-half symbol (one 
bit) with respect to I as shown in figure A-13. 
 

 
A common method of looking at I-Q 
modulation signals is called a vector 
diagram.  One method of generating a 
vector diagram is to use an oscilloscope 
that has an XY mode.  The vector diagram 
is generated by applying the I signal to the 
X input and the Q signal to the Y input.  A 
sample vector diagram of FQPSK-B at the 
input terminals of an I-Q modulator is 
illustrated in figure A-14.  Note that the 
vector diagram values are always within a 
few percent of being on a circle. The 
vector diagram of generalized filtered 
OQPSK would have more amplitude 
variations than FQPSK-B, and the vector 
diagram of QPSK would go through the origin.  Any amplitude variations may cause 
spectral spreading at the output of a non-linear amplifier. 
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Figure A-12.  FQPSK-B wavelets. 
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Figure A-14. FQPSK-B vector diagram. 
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A typical FQPSK-B spectrum measured at 
the output of a fully saturated RF 
non-linear amplifier with a random pattern 
of “1's” and “0's” applied to the input is 
illustrated in figure A-15.  The bit rate for 
figure A-15 was 1 Mb/s.  The peak of the 
spectrum will be approximately 
-12-10log(R), where R is in Mb/s.  The 
99-percent bandwidth of FQPSK-B is 
typically about 0.78 times the bit rate.  
Note that with a properly randomized data 
sequence and proper transmitter design, 
FQPSK-B does not have discernable 
sidebands. 
 
 
Figure A-16 illustrates FQPSK-B 
transmitter output with all “1's” as the 
input signal.  With an all “1's” input the 
differential encoder, cross-correlator, and 
wavelet selector provide unity amplitude 
sine and cosine waves with a frequency 
equal to 0.25 times the bit rate to the I and 
Q modulator inputs.  The resulting signal 
(from an ideal modulator) would be a 
single frequency component offset from 
the carrier frequency by exactly +0.25 
times the bit rate.  The amplitude of this 
component would be equal to 0 dBc.  If 
modulator errors exist (they always will), additional frequencies will appear in the 
spectrum as shown in figure A-16.  The spectral line at a normalized frequency of 0 
(carrier frequency) is referred to as the remnant carrier. This component is largely caused 
by DC imbalances in the I and Q signals.  The remnant carrier power in figure A-16 is 
approximately -31 dBc.  Well designed FQPSK-B transmitters will have a remnant 
carrier level less than -25 dBc. The spectral component offset, 0.25 times the bit rate 
below the carrier frequency, is the other sideband. This component is largely caused by 
unequal amplitudes in I and Q and by a lack of quadrature between I and Q.  The power 
in this component should be limited to -30 dBc or less for good system performance. 
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Figure A-15.  FQPSK-B spectrum with 
                      random input data. 

Figure A-16.  FQPSK-B spectrum with all 
                      1’s input and large modulator  
                      errors. 
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Figure A-17 shows the measured bit error 
probability (BEP) versus signal energy per 
bit/noise power per Hz (Eb/N0) of one 
FQPSK-B modulator/demodulator 
combination including non-linear 
amplification and differential 
encoding/decoding in an additive white 
Gaussian noise environment (AWGN) with 
no fading.  Other combinations of 
equipment may have different performance.  
Computer simulations have shown that a 
BEP of 10-5 may be achievable with an Eb/N0 of slightly greater than 11 dB (with 
differential encoding/decoding). The purpose of the differential encoder/decoder is to 
resolve the phase detection ambiguities that are inherent in QPSK, OQPSK, and 
FQPSK-B modulation methods.  The differential encoder/decoder used in this standard 
will cause one isolated symbol error to appear as two bits in error at the demodulator 
output.  However, many aeronautical telemetry channels are dominated by fairly long 
burst error events, and the effect of the differential encoder/decoder will typically be 
masked by the error events. 
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Figure A-17. FQPSK-B BEP vs Eb/N0. 
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APPENDIX B 
 
 

USE CRITERIA FOR FREQUENCY DIVISION MULTIPLEXING 
 
 
1.0 General 
 
  Successful application of Frequency Division Multiplexing Telemetry Standards 
depends on recognition of performance limits and performance tradeoffs, which may be 
required in implementation of a system.  The use criteria included in this appendix are 
offered in this context as a guide for orderly application of the standards, which are 
presented in chapter 3.  It is the responsibility of the telemetry system designer to select 
the range of performance that will meet data measurement requirements and at the same 
time permit operation within the limits of the standards.  A designer or user must also 
recognize the fact that even though the standards for FM/FM multiplexing encompass a 
broad range of performance limits, tradeoffs such as data accuracy for data bandwidth 
may be necessary.  Nominal values for such parameters as frequency response and rise 
time are listed to indicate the majority of expected use and should not be interpreted as 
inflexible operational limits.  It must be remembered that system performance is 
influenced by other considerations such as hardware performance capabilities.  In 
summary, the scope of the standards together with the use criteria is intended to offer 
flexibility of operation and yet provide realistic limits. 
 
2.0 FM Subcarrier Performance 
 
 The nominal and maximum frequency response of the subcarrier channels listed in 
tables 3-1 and 3-2 is 10 and 50 percent of the maximum allowable deviation bandwidth.  
The nominal frequency response of the channels employs a deviation ratio of five.  The 
deviation ratio of a channel is one-half the defined deviation bandwidth divided by the 
cutoff frequency of the discriminator output filter. 
 
2.1 The use of other deviation ratios for any of the subcarrier channels listed may be 
selected by the range users to conform with the specific data response requirements for 
the channel.  As a rule, the rms signal-to-noise ratio (SNR) of a specific channel varies as 
the three-halves power of that subcarrier deviation ratio. 
 
2.2 The nominal and minimum channel rise times indicated in tables 3-1 and 3-2 have 
been determined from the equation which states that rise time is equal to 0.35 divided by 
the frequency response for the nominal and maximum frequency response.  The equation 
is normally employed to define 10 to 90 percent rise time for a step function of the channel 
input signal.  However, deviations from these values may be encountered because of 
variations in subcarrier components in the system. 
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3.0 FM Subcarrier Performance Tradeoffs 
 
 The number of subcarrier channels which may be used simultaneously to modulate an 
RF carrier is limited by the RF channel bandwidth and by the output SNR that is acceptable 
for the application at hand.  As channels are added, it is necessary to reduce the transmitter 
deviation allowed for each individual channel to keep the overall multiplex with the RF 
channel assignment.  This reduction lowers the subcarrier-to-noise performance at the 
discriminator inputs.  Thus, the system designer's problem is to determine acceptable 
tradeoffs between the number of subcarrier channels and acceptable subcarrier-to-noise 
ratios. 
 
3.1 Background information relating to the level of performance and the tradeoffs that may 
be made is included in Telemetry FM/FM Baseband Structure Study, volumes I and II; which 
were completed under a contract administered by the Telemetry Working Group of IRIG.  
The Defense Technical Information Center (DTIC) access numbers for these documents 
dated 14 June 1965 are AD-621139 and AD-621140.  The results of the study show that 
proportional bandwidth channels with center frequencies up to 165 kHz and constant 
bandwidth channels with center frequencies up to 176 kHz may be used within the 
constraints of these standards.  The test criteria included the adjustment of the system 
components for approximately equal SNRs at all of the discriminator outputs with the 
receiver input near RF threshold.  Intermodulation, caused by the radio-link components 
carrying the composite multiplex signal, limits the channel's performance under large signal 
conditions. 
 
3.2 With subcarrier deviation ratios of four, channel data errors on the order of 2 percent 
rms were observed.  Data channel errors on the order of 5 percent rms of full-scale 
bandwidth were observed when subcarrier deviation ratios of two were employed.  When 
deviation ratios of one were used, it was observed that channel-data errors exceeded 5 
percent.  Some channels showed peak-to-peak errors as high as 30 percent.  It must be 
emphasized, however, that the results of the tests performed in this study are based on 
specific methods of measurement on one system sample and that this system sample 
represents a unique configuration of components. Systems having different performance 
characteristics may not yield the same system performance. 
 
3.3 System performance may be improved, in terms of better data accuracy, by 
sacrificing system data bandwidth; that is, if the user is willing to limit the number of 
subcarrier channels in the multiplex, particularly the higher frequency channels, the input 
level to the transmitter can be increased.  The SNR of each subcarrier is then improved 
through the increased per-channel transmitter deviation.  For example, the baseband 
structure study indicated that when the 165 kHz channel and the 93 kHz channel were 
not included in the proportional-bandwidth multiplex, performance improvement can be 
expected in the remaining channels equivalent to approximately 12 dB increased 
transmitter power. 
 
3.4 Likewise, elimination of the five highest frequency channels in the constant 
bandwidth multiplex allowed a 6-dB increase in performance. 
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3.5 A general formula, which can be used to estimate the thermal noise performance of 
an FM/FM channel above threshold,1 is as follows. 
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   Bc     =   carrier bandwidth (receiver IF bandwidth), 

  Fud    =   subcarrier discriminator output filter:  3 dB frequency, 

            fs   =   subcarrier center frequency, 

    fdc   =    carrier peak deviation of the particular subcarrier 
    of interest, and 

    fds   =    subcarrier peak deviation. 
 
 If the RF carrier power is such that the thermal noise is greater than the 
intermodulation noise, the above relation provides estimates accurate to within a few 
decibels.  Additional information is contained in RCC document 119-88, Telemetry 
Applications Handbook. 
 
3.6 The FM/FM composite-multiplex signal used to modulate the RF carrier may be a 
proportional-bandwidth format, a constant-bandwidth format, or a combination of the 
two types provided only that guard bands allowed for channels used in a mixed format be 
equal to or greater than the guard band allowed for the same channel in an unmixed 
format. 
 
4.0 FM System Component Considerations 
 
 System performance is dependent on all components in the system.  Neglecting the 
effects of the RF and recording system, data channel accuracy is primarily a function of 
the linearity and frequency response of the subcarrier oscillators and discriminators 
employed.  Systems designed to transmit data frequencies up to the nominal frequency 
responses shown in tables 3-1 and 3-2 have generally well-known response capabilities, 
and reasonable data accuracy estimates can be easily made.  For data-channel 
requirements approaching the maximum frequency response of tables 3-1 and 3-2, 
                                            

1 K. M. Uglow, Noise and Bandwidth in FM/FM Radio Telemetry, IRE 
Transaction on Telemetry and Remote Control, pp. 19-22 (May 1957). 

discriminator output signal-to-noise ratio (rms voltage ratio), 

receiver carrier-to-noise ratio (rms voltage ratio), 
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oscillator and discriminator characteristics are less consistent and less well-defined, 
making data accuracy estimates less dependable. 
 
4.1 The effect of the RF system on data accuracy is primarily in the form of noise 
because of intermodulation at high RF signal conditions well above threshold.  Under 
low RF signal conditions, noise on the data channels is increased because of the 
degraded SNR existing in the receiver. 
 
4.2 Intermodulation of the subcarriers in a system is caused by character-istics such as 
amplitude and phase nonlinearities of the transmitter, receiver, magnetic tape 
recorder/reproducer, or other system components required to handle the multiplex signal 
under the modulation conditions employed.  In systems employing preemphasis of the 
upper subcarriers, the lower subcarriers may experience intermodulation interference 
because of the difference frequencies of the high-frequency and high-amplitude channels. 
 
4.3 The use of magnetic tape recorders for recording a subcarrier multiplex may degrade 
the data channel accuracy because of the tape speed differences or variations between 
record and playback.  These speed errors can normally be compensated for in present 
discriminator systems when the nominal response rating of the channels is employed and a 
reference frequency is recorded with the subcarrier multiplex. 
 
5.0 Range Capability For FM Subcarrier Systems 
 
 See the following subparagraphs for additional range capabilities. 
 
5.1 Receivers and Tape Recorders.  The use of subcarrier frequencies greater than 2 
MHz may require tape recorders of a greater capability than are in current use at some 
ranges.  It is recommended that users, who anticipate employing any of the above channels 
at a range, check the range's capability at a sufficiently early date to allow procurement of 
necessary equipment. 
 
5.2 Discriminator Channel Selection Filters.  Inclusion of the higher frequency 
proportional-bandwidth channels and the constant-bandwidth channels may require the 
ranges to acquire additional band selection filters. In addition to referencing tables 3-1 and 
3-2 for acquiring channel-selector filters, consideration should also be given to acquiring 
discriminators corresponding to the predetection carrier frequencies shown in table 6-6.  
In applications where minimum time delay variation within the filter is important, such as 
tape speed compensation or high-rate PAM or PCM, constant-delay filter designs are 
recommended. 
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APPENDIX C 
 
 

PCM STANDARDS 
ADDITIONAL INFORMATION AND RECOMMENDATIONS 

 
 
1.0 Bit Rate Versus Receiver Intermediate-Frequency Bandwidth 
 
 The following subparagraphs contain information about selection of receiver 
intermediate-frequency (IF) bandwidths.  Additional information is contained in RCC 
document 119, Telemetry Applications Handbook. 
 
1.1 The standard receiver IF bandwidth values are listed in table 2-1.  Not all 
bandwidths are available on all receivers or at all test ranges.  Additional bandwidths may 
be available at some test ranges.  The IF bandwidth, for data receivers, should typically 
be selected so that 90 to 99 percent of the transmitted power spectrum is within the 
receiver 3 dB bandwidth. 
 
1.2 For reference purposes, in a well-designed PCM/FM system (NRZ-L data code) with 
peak deviation equal to 0.35 times the bit rate and an IF bandwidth (3 dB) equal to the bit 
rate, a receiver IF signal-to-noise ratio (SNR) of approximately 13 dB will result in a bit 
error probability (BEP) of 10-6.  A 1 dB change in this SNR will result in approximately an 
order of magnitude change in the BEP.  The relationship between BEP and IF SNR in a 
bandwidth equal to the bit rate is illustrated in figure C-1 for IF bandwidths equal to the bit 
rate and 1.5 times the bit rate.  An approximate expression for the BEP is 
 
                                        BEP =  0.5 e(k×SNR)   
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

 
 Figure C-1.  BEP versus IF SNR in bandwidth = bit rate 

for NRZ-L PCM/FM. 
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where 
          k » -0.7 for IF bandwidth equal to bit rate 
          k » -0.65 for IF bandwidth equal to 1.2 times bit rate 
          k » -0.55 for IF bandwidth equal to 1.5 times bit rate 
    SNR = IF SNR×IF bandwidth/bit rate. 
 
 Other data codes and modulation techniques have different BEP versus SNR 
performance characteristics. 
 
1.3 It is recommended that the maximum period between bit transitions be 64-bit 
intervals to ensure adequate bit synchronization.  Table C-1 contains recommended 
frame synchronization patterns for general use in PCM telemetry. 
 
2.0 Recommended PCM Synchronization Patterns 
 
 Table C-1 contains recommended fram synchronization patterns for general use in 
PCM telemetry.  Patterns are shown in the preferred order of transmission with "111" 
being the first bit sequence transmitted.  This order is independent of data being LSB or 
MSB aligned.  The technique used in the determination of the patterns for lengths 16 
through 30 was essentially that of the patterns of 2n binary patterns off a given length, n, 
for that pattern with the smallest total probability of false synchronization over the entire 
pattern overlap portion of the ground station fram synchronization1.  The patterns for 
lengths 31 through 33 were obtained from a second source2.  
 
3.0 Spectral and BEP Comparisons for NRZ and Biff3 
 
 Figure C-2 shows the power spectral densities of baseband NRZ and Bif codes 
with random data. These curves were calculated using the equations presented below.  
Figure C-3 presents the theoretical bit error probabilities versus signal-to-noise ratio for 
the level, mark, and space versions of baseband NRZ and Bif codes and also for RNRZ-
L.  The noise is assumed to be additive white gaussian noise. 

                                            
1 A more detailed account of this investigation can be found in a paper by J. L. 

Maury, Jr. and J. Styles, "Development of Optimum Frame Synchronization Codes for 
Goddard Space Flight Center PCM Telemetry Standards," in Proceedings of the 
National Telemetering Conference, June 1964. 

2 The recommended synchronization patterns for lengths 31 through 33 are 
discussed more fully in a paper by E. R. Hill, "Techniques for Synchronizing Pulse-Code 
Modulated Telemetry," in Proceedings of the National Telemetering Conference, May 
1963. 

3 Material presented in paragraph 3.0 is taken from a study by W. C. Lindsey 
(University of Southern California), Bit Synchronization System Performance 
Characterization, Modeling and Tradeoff Study, Naval Missile Center Technical 
Publication.  
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TABLE C-1.  OPTIMUM FRAME SYNCHRONIZATION PATTERNS FOR PCM TELEMETRY 
    Pattern  
   Length 

 
Patterns 

16 

17 

18 

19 

20 

21 

22 

23 

24 

25 

26 

27 

28 

29 

30 

31 

32 

33 

111 

111 

111 

111 

111 

111 

111 

111 

111 

111 

111 

111 

111 

111 

111 

111 

111 

111 

010 

100 

100 

110 

011 

011 

100 

101 

110 

110 

110 

110 

101 

101 

110 

111 

111 

110 

111 

110 

110 

011 

011 

101 

110 

011 

101 

010 

100 

101 

011 

011 

101 

100 

100 

111 

001 

101 

101 

001 

110 

001 

110 

100 

111 

110 

110 

101 

110 

110 

111 

110 

110 

010 

000 

000 

000 

010 

001 

011 

101 

110 

001 

111 

101 

001 

010 

011 

001 

111 

101 

011 

0 

00 

000 

000 

000 

000 

000 

100 

100 

000 

100 

100 

110 

001 

100 

110 

100 

101 

 

 

 

0 

00 

000 

000 

000 

100 

100 

110 

110 

011 

101 

110 

101 

101 

001 

 

 

 

 

 

 

0 

00 

000 

000 

000 

000 

000 

000 

100 

000 

000 

010 
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000 

000 
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000 
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010 

010 
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000 

000 

000 

011 
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 Figure C-2.  Spectral densities of random NRZ and Bif codes. 
 
 
4.0 PCM Frame Structure Examples 
 
 Figures C-4, C-5, and C-6 show examples of allowable PCM frame structures.  In 
each example, the Minor Frame Sync Pattern is counted as one word in the minor frame.  
The first word after the Minor Frame Sync Pattern is word 1. 
 
 Figures C-5 and C-6 show the preferred method of placing the subframe ID 
counter in the minor frame.  The counter is placed before the parameters that are 
referenced to it. 
 
 Major Frame Length is as follows: 
 
  Figure C-4 - Major Frame Length  =  Minor Frame Maximum 
    Length. 
  Figure C-5 - Major Frame Length  =  Minor Frame Maximum  
    Length multiplied by Z. 
  Figure C-6 - Major Frame Length  =  Minor Frame Maximum  
    Length multiplied by Z. 
 

 



 C-7

 
 Figure C-3.  Theoretical bit error probability performance for various                   
                       baseband PCM signaling techniques  (perfect bit synchronization             
                             assumed). 
 

 



 

 
 
 
 

       Minor Frame Maximum Length, N Words or B Bits 
       Class I  --- Shall not exceed 8192 bits nor exceed 1024 words 
       Class II --- 16, 384 Bits 
 

 
 

Word  
1 

Word 
2 

Word  
3 

Word  
4 

Word 
5 

Word  
6 

Word 
7 

Word 
8 

Word  
9 

Word 
10 

. . . . . . . . .  Word 
N-2 

Word 
N-1 

            . . .    

                    

Minor 
Frame 
Sync 
Pattern 

Param 
A0 

Param 
A1 

Param 
A2 

Param  
A3 

Param  
A4 

Param 
A2 

Param 
A5 

Param  
A6 

Param 
A2 

Param 
A7 

. . . . . . . . . Param 
A2 

Param 
A(X) 

 
 

Parameters A0, A1, A3, A4, A5, A6, ... , A(X) are sampled once each Minor Frame. 
                   Parameter A2 is supercommutated on the Minor Frame.  The rate of A2 is equal to the number of samples multiplied by the 
                   Minor Frame Rate. 
 
 
 
 
 
 
 
      Figure C-4.  Major Frame Length = Minor Frame Maximum Length.
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Minor Frame Maximum Length, N Words or B Bits 

    Class I --- Shall not exceed 8192 bits nor exceed 1024 words; Class II --- 16,384 Bits 
 

 Word 
1 

Word 
2 

Word 
3 

Word 
4 

Word 
5 

Word 
6 

Word 
7 

Word 
8 

Word 
9 

Word 
10 

. . . . . . . . . Word 
N-2 

Word 
N-1 

                
                    

Minor Frame 
Sync Pattern 

SFID 
=1 

FFI Param 
A2 

Param 
B1 

Param 
A4 

Param 
A2 

Param  
A5 

Param  
A6 

Param 
A2 

Param 
C1 

. . . . . . . . . Param 
A2 

Param 
A(X) 

 SFID 
=2 

  Param 
B2 

     Param 
C2 

     

 SFID 
=3 

  Param 
B3 

     Param 
C3 

     

 SFID 
=4 

  Param 
B4 

     Param 
C4 

     

 SFID 
=5 

  Param 
B2 

     Param 
C5 

     

 SFID 
=6 

  Param 
B5 

     Param 
C6 

     

 SFID 
=7 

  Param 
B6 

     Param 
C7 

     

 . . . 
  . . . 

. . . 
    . . . 

     

 . . . 
  Param 

B2 

     Param 
C(Z-10 

     

Minor Frame 
Sync Pattern 

SFID 
=Z 

FFI Param 
A2 

Param 
BZ 

Param 
A4 

Param 
A2 

Param 
A5 

Param 
A6 

Param  
A2 

Param 
CZ 

. . . . . . . . . Param 
A2 

Param 
A(X) 

 
 The Frame Format Identifier (Word 2) is shown in the preferred position as the first word following the ID counter. 
 Parameters B1, B3, B4, B5, . . . , BZ, and C1, C2, C3, . . . , CZ are sampled once each Subframe, at 1/Z multipled by the Minor Frame rate. 
 Parameter B2 is supercommutated on the Subframe and is sampled at less than the Minor Frame rate, but greater than the Subframe rate. 
 

 
 
 Figure C-5.  Major Frame Length = Minor Frame Maximum Length multiplied by Z.
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Minor Frame Maximum Length, N Words or B Bits 

    Class I --- Shall not exceed 8192 bits nor exceed 1024 words; Class II --- 16,384 Bits 
 Word 

1 
Word 

2 
Word 

3 
Word 

4 
Word 

5 
Word 

6 
Word 

7 
Word 

8 
Word 

9 
Word 

10 
. . . . . . . . . Word 

N-2 
Word 
N-1 

                
                    

Minor Frame 
Sync Pattern 

SFID1 
=1 

FFI Param 
A2 

SFID2 
=1 

Param 
B1 

Param 
A2 

Param  
A5 

Param  
E1 

Param 
A2 

Param 
C1 

. . . . . . . . . Param 
A2 

Param 
A(X) 

 SFID1 
=2 

  SFID2 
=2 

Param 
B2 

  Param 
E2 

 Param 
C2 

     

 SFID1 
=3 

  SFID2 
=3 

Param 
B3 

  Param 
E3 

 Param 
C3 

     

 SFID1 
=4 

  SFID2 
=4 

Param 
B4 

  Param 
E4 

 Param 
C4 

     

 SFID1 
=5 

  SFID2 
=5 

Param 
B2 

  Param 
E5 

 Param 
C5 

     

 SFID1 
=6 

  . . . 
Param 

B5 
  . . . 

 Param 
C6 

     

 SFID1 
=7 

  SFID2 
=D 

Param 
B6 

  Param 
ED 

 Param 
C7 

     

 . . . 
   . . 

. . . 
. . . 

  . . 
 . . . 

     

 . . . 
  . Param 

B2 

  .  Param 
C(Z-1) 

     

Minor Frame 
Sync Pattern 

SFID1 
=Z 

FFI Param 
A2 

SFID2 
=N 

Param 
BZ 

Param 
A2 

Param 
A5 

Param 
EN 

Param  
A2 

Param 
CZ 

. . . . . . . . . Param 
A2 

Param 
A(X) 

SFID1 and SFID2 are subframe counters. 
SFID1 has a depth Z£256; SFID2 has a depth D which is <Z.  Z divided by D is not an integer. 
Location of the B and C parameters are given by the Minor Frame word number and the SFID1 counter. 
Location of the E parameters are given by the Minor Frame word number and the SFID2 counter. 

 
 Figure C-6.  Major Frame Length = Minor Frame Maximum Length multiplied by Z.
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APPENDIX D 
 
 

MAGNETIC TAPE RECORDER AND REPRODUCER 
 INFORMATION AND USE CRITERIA 

 
 
1.0 Other Instrumentation Magnetic Tape Recorder Standards 
 
 The X3B6 Committee of the American National Standards Institute and the 
International Standards Organizations have prepared several standards for instrumentation 
magnetic tape recording.  Documents may be obtained by contacting the 
 
  American National Standards Institute, Inc. 
  1430 Broadway 
  New York, NY 10018 
  Telephone (212) 354-3300 
 
 The following documents may be of interest: 
 

 ISO 1860 Information Processing - Precision reels for magnetic tape used in 
interchange instrumentation applications. 

 
 ISO 6068 Information Processing - Telemetry systems (including the 

recording characteristics of instrumentation magnetic tape) - interchange 
practices and recommended test methods. 

 
 ISO 6371 Information Processing - Interchange requirements and test 

methods for unrecorded instrumentation magnetic tape. 
 
 ISO 8441/1   High Density Digital Recording (HDDR) - Part 1:  Unrecorded 

magnetic tape for HDDR applications. 
 
 ISO 8441/2   High Density Digital Recording (HDDR) - Part 2:  Interchange 

requirements and test methods for HDDR applications (including the 
characteristics of recorded magnetic tape). 

 
 ANSI X3.175-1990   19 mm Type 1D-1 Recorded Instrumentation - Digital 

Cassette Tape Format. 
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2.0 Double-Density Longitudinal Recording 
 
 Wide band double-density analog recording standards allowing recording of up to 
4 MHz signals at 3048 mm/s (120 ips) are included in these standards.  For interchange 
purposes, either narrow track widths 0.635 mm (25 mils) must be employed, or other 
special heads must be used. These requirements are necessary because of the difficulty in 
maintaining individual head-segment gap-azimuth alignment across a head close enough 
to keep each track's response within the ±2-dB variation allowed by the standards.  
Moreover, at the lower tape speeds employed in double-density recording, the 38-mm 
(1.5-in.) spacing employed in interlaced head assemblies results in interchannel time 
displacement variations between odd and even tracks that may be unacceptable for some 
applications.  For those reasons, it was decided that a 14-track in-line configuration on 
25.4-mm (1-inch) tape should be adopted as a standard.  This configuration results in 
essentially the same format as head number one of the 28-track interlaced configuration 
in the standards. 
 
2.1 The 14-track interlaced heads are not compatible with tapes produced on an in-line 
standard configuration, and if tapes must be interchanged, a cross-configuration dubbing 
may be required, or a change of head assemblies on the reproducing machine is 
necessary. 
 
2.2 High energy magnetic tape is required for double-density systems.  Such tapes are 
available but may require special testing for applications requiring a low number of 
dropouts per track. 
 
2.2.1  Other Track Configurations.  The previously referenced standards include 
configurations resulting in 7, 14, and 21 tracks in addition to the 14- and 28-track 
configurations listed in chapter 6.  The HDDR standards also reference an 84-track 
configuration on 50.8-mm (2-inch) tape.  Figure D-1 and table D-1 show the 7 track on 
12.7-mm (1/2-inch) tape, table D-2 shows the 14 track on 12.7-mm (1/2-inch) tape, and 
table D-3 shows the 42 track on 25.4-mm (1-inch) tape configurations. 
 
2.2.2  High-Density PCM Recording.  High-density digital recording systems are 
available from most instrumentation recorder manufacturers.  Such systems will record at 
linear packing densities of 33 000-bits-per-inch or more per track.  Special systems are 
available for error detection and correction with overhead penalties depending on the 
type and the sophisti-cation of the system employed.  The HDDR documents listed in 
paragraph 1.0 of this appendix reference six different systems that have been produced; 
others are available.   



 
 
 
 

 
 
 
 
 
 
 
 
 
 
 
 
 Figure D-1.  Record and reproduce head and head segment identification and location (7-track interlaced system). 
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TABLE D-1.  DIMENSIONS - RECORDED TAPE FORMAT, 7 TRACKS 
INTERLACED ON 12.7-mm (1/2 in.) WIDE TAPE (REFER TO FIGURE 
6-1). 

Parameters Millimeters Inches 

    Maximum  Minimum 

Track Width   1.397  1.143  0.050  ±0.005 

Track Spacing   1.778                 0.070 

Head Spacing: 

 Fixed Heads 38.125  38.075 1.500  ±0.001 

 Adjustable Heads 38.151  38.049 1.500  ±0.002 

Edge Margin, Minimum   0.127   0.005 

Reference Track  

 Location  1.067  0.965 0.040  ±0.002 

Track Location 

 Tolerance  0.051  -0.051  ±0.002 

    Location of nth track 

Track Number Millimeters Inches 

    Maximum Minimum  

 1 (Reference) 0.000  0.000  0.000 

 2   1.829  1.727  0.070 

 3   3.607  3.505  0.140 

 4   5.385  5.283  0.210 

 5   7.163  7.061  0.280 

 6   8.941  8.839  0.350 

 7   10.719  10.617  0.420 
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TABLE D-2.  DIMENSIONS - RECORDED TAPE FORMAT, 14-TRACKS 
INTERLACED ON 12.7-mm (1/2 in.) WIDE TAPE (REFER TO FIGURE 
6-1). 

Parameters Millimeters Inches 

    Maximum  Minimum 

Track Width   0.660  0.610  0.025  ±0.001 

Track Spacing   0.889          0.035 

Head Spacing: 

 Fixed Heads 38.125  38.075 1.500  ±0.001 

 Adjustable Heads 38.151  38.049 1.500  ±0.002 

Edge Margin, Minimum   0.127   0.005 

Reference Track  

 Location  0.546  0.470 0.0200  ±0.001 

Track Location 

 Tolerance  0.038  -0.038  ±0.0015 

    Location of nth track 

Track Number Millimeters Inches 

    Maximum Minimum  

 1 (Reference) 0.000  0.000  0.000 

 2   0.927  0.851  0.035 

 3   1.816  1.740  0.070 

 4   2.705  2.629  0.105 

 5   3.594  3.518  0.140 

 6   4.483  4.407  0.175 

 7   5.372  5.292  0.210 

 8   6.261  6.185  0.245 

 9   7.150  7.074  0.280 

 10   8.039  7.963  0.315 

 11   8.928  8.852  0.350 

 12   9.817  9.741  0.385 

 13   10.706  10.630  0.420 

 14   11.595  11.519  0.455 
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TABLE D-3.  DIMENSIONS - RECORDED TAPE FORMAT, 42-TRACKS 
INTERLACED ON 25.4-mm (1-in.) WIDE TAPE (REFER TO FIGURE 
6-1). 

Parameters Millimeters Inches 

    Maximum  Minimum 

Track Width   0.483  0.432  0.018  ±0.001 

Track Spacing   0.584          0.023 

Head Spacing: 

 Fixed Heads 38.125  38.075 1.500  ±0.001 

 Adjustable Heads 38.151  38.049 1.500  ±0.002 

Edge Margin, Minimum   0.305   0.012 

Reference Track  

 Location  0.737  0.660 0.0275  ±0.015 

Track Location 

 Tolerance  0.025  -0.025  ±0.0000 

    Location of nth track 

Track Number Millimeters Inches 

    Maximum Minimum  

 1 (Reference) 0.000  0.000  0.000 

 2   0.610  0.559  0.023 

 3   1.194  1.143  0.046 

 4   1.778  1.727  0.069 

 5   2.362  2.311  0.092 

 6   2.946  2.896  0.115 

 7   3.531  3.480  0.138 

 8   4.115  4.064  0.161 

 9   4.699  4.648  0.184 

 10   5.283  5.232  0.207 

 11   5.867  5.817  0.230 

 12   6.452  6.401  0.253 

 13   7.036  6.985  0.276 

 14   7.620  7.569  0.299 

 15   8.204  8.153  0.322 

 16   8.788  8.738  0.345 
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TABLE D-3.  (CONT’D)  DIMENSIONS - RECORDED TAPE FORMAT, 42-TRACKS 
INTERLACED ON 25.4-mm (1-in.) WIDE TAPE (REFER TO FIGURE 6-
1). 

    Location of nth track 

Track Number Millimeters Inches 

    Maximum Minimum  

 17   9.373  9.322  0.368 

 18   9.957  9.906  0.391 

 19   10.541  10.490  0.414 

 20   11.125  11.074  0.437 

 21   11.709  11.659  0.460 

 22   12.294  12.243  0.483 

 23   12.878  12.827  0.506 

 24   13.462  13.411  0.529 

 25   14.046  13.995  0.552 

 26   14.630  14.580  0.575 

 27   15.215  15.164  0.598 

 28   15.799  15.748  0.621 

 29   16.383  16.332  0.664 

 30   16.967  16.916  0.667 

 31   17.551  17.501  0.690 

 32   18.136  18.085  0.713 

 33   18.720  18.660  0.736 

 34   19.304  19.253  0.759 

 35   19.888  19.837  0.782 

 36   20.472  20.422  0.805 

 37   21.057  21.006  0.828 

 38   21.641  21.590  0.851 

 39   22.225  22.174  0.874 

 40   22.809  22.758  0.897 

 41   23.393  23.343  0.920 

 42   23.978  23.927  0.943 
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3.0 Serial HDDR 
 
 The following subparagraphs give some background for selecting the bi-phase and 
RNRZ-L systems specified in subparagraph 6.11.3, chapter 6 of this document. 
 
3.1 Serial HDDR is a method of recording digital data on a magnetic tape where the 
digital data is applied to one track of the recording system as a bi-level signal.  The codes 
recommended for serial HDDR recording of telemetry data are Bif-L and randomized 
NRZ-L (RNRZ-L) (refer to paragraph 6.11, chapter 6). 
 
3.2 In preparing paragraph 6.11 of chapter 6, the following codes were considered:  
Delay Modulation (Miller Code), Miller Squared, Enhanced NRZ, NRZ Level, NRZ 
Mark, and NRZ Space.  These codes are not recommended for interchange applications 
at the bit rates given in paragraph 6.11. 
 
3.3 The properties of the Bif-L and RNRZ-L codes relevant to serial HDDR and the 
methods for generating and decoding RNRZ-L are described next.  Recording with bias 
is required for interchange applications, because reproduce amplifier phase and 
amplitude equalization adjustments for tapes recorded without bias usually differ from 
those required for tapes recorded with bias. 
 
3.4 The Bif-L and RNRZ-L codes were selected for this standard because the "level" 
versions are easier to generate and are usually available as outputs from bit 
synchronizers.  "Mark" and "Space" codes also have about twice as many errors as the 
level codes for the same SNR.  If polarity insensitivity is a major consideration, 
agreement between interchange parties should be obtained before these codes are used. 
 
3.5 Some characteristics of the Bif-L code favorable to serial HDDR are listed in the 
following subparagraphs. 
 
3.5.1  Only a small proportion of the total signal energy occurs near dc. 
 
3.5.2  The maximum time between transitions is a 1-bit period. 
 
3.5.3  The symbols for one and zero are antipodal; that is, the symbols are exact 
opposites of each other.  Therefore, the bit error probability versus SNR performance is 
optimum. 
 
3.5.4  The Bif-L can be decoded using existing bit synchronizers. 
 
3.5.5  The Bif-L is less sensitive to misadjustments of bias and reproducer equalizers 
than most other codes. 
 
3.5.6  The Bif-L performs well at low tape speeds and low bit rates. 
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3.6 The most unfavorable characteristic of the Bif-L code is that it requires 
approximately twice the bandwidth of NRZ.  Consequently, the maximum bit packing 
density that can be recorded on magnetic tape is relatively low. 
 
3.7 Characteristics of the RNRZ-L code which favor its use for serial HDDR are 
included in the following subparagraphs. 
 
3.7.1  The RNRZ-L requires approximately one-half the bandwidth of Bif-L. 
 
3.7.2  The symbols for one and zero are antipodal; therefore, the bit error probability 
versus SNR performance is optimum. 
 
3.7.3  The RNRZ-L decoder is self-synchronizing. 
 
3.7.4  The RNRZ-L data can be bit synchronized and signal conditioned using existing 
bit synchronizers with the input code selector set to NRZ-L. 
 
3.7.5  The RNRZ-L code is easily generated and decoded. 
 
3.7.6  The RNRZ-L data can be easily decoded in the reverse mode of tape playback. 
 
3.7.7  The RNRZ-L data are bit detected and decoded using a clock at the bit rate.  
Therefore, the phase margin is much larger than that of codes that require a clock at 
twice the bit rate for bit detection. 
 
3.7.8  The RNRZ-L code does not require overhead bits. 
 
3.8 Unfavorable characteristics of the RNRZ-L code for serial HDDR are described next. 
 
3.8.1  Long runs of bits without a transition are possible although the probability of 
occurrence is low, and the maximum run length can be limited by providing transitions in 
each data word. 
 
3.8.2  Each isolated bit error that occurs after the data has been randomized causes 3-bit 
errors in the derandomized output data. 
 
3.8.3  The decoder requires 15 consecutive error-free bits to establish and reestablish 
error-free operation. 
 
3.8.4  The RNRZ-L bit stream can have a large low frequency content.  Consequently, 
reproducing data at tape speeds which produce PCM bit rates less than 200 kb/s is not 
recommended unless a bit synchronizer with specially designed dc and low frequency 
restoration circuitry is available. 
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3.9 Randomizer for RNRZ-L 
 
 The randomizer is implemented with a network of shift registers and modulo-2 
adders (exclusive-OR gates).  The RNRZ-L bit stream is generated by adding 
(modulo-2) the reconstructed NRZ-L PCM data to the modulo-2 sum of the outputs of 
the 14th and 15th stages of a shift register.  The output RNRZ-L stream is also the input 
to the shift register (see figure D-2). 
 
3.9.1  The properties of an RNRZ-L bit stream are similar to the properties of a 
pseudo-random sequence.  A 15-stage RNRZ-L encoder will generate a maximal length 
pseudo-random sequence of 215-1 (32 767) bits if the input data consists only of zeros 
and there is at least a single one in the shift register.  A maximal length pseudo-random 
sequence is also generated when the input data consists only of ones and the shift 
register contains at least a single zero.  However, if the shift register contains all zeros at 
the moment that the input bit stream is all zeros, the RNRZ-L output bit stream will also 
be all zeros.  The converse is also true:  when the shift register is filled with ones and the 
input bit stream is all ones, the RNRZ-L output bit stream will contain only ones.  In 
these two cases, the contents of the shift register does not change and the output data is 
not randomized.   
 
 However, the randomizer is not permanently locked-up in this state because a 
change in the input data will again produce a  randomized output.  In general, if the input 
bit stream contains runs of X bits without a transition with a probability of occurrence of 
p(X), the output will contain runs having a length of up to (X+15) bits with a probability 
of (2-15 x p(X)).  Therefore, the output can contain long runs of bits without a transition, 
but the probability of occurrence is low. 
 
3.9.2 The RNRZ-L bit stream is decoded (derandomized) by adding (modulo-2) the 
reconstructed RNRZ-L bit stream to the modulo-2 sum of the outputs of the 14th and 
15th stages of the shift register.  The reconstructed RNRZ-L bit stream is the input to 
the shift register (see figure D-3).  The RNRZ-L data which is reproduced using the 
reverse playback mode of operation is decoded by adding (modulo-2) the reconstructed 
RNRZ-L bit stream to the modulo-2 sum of the outputs of the 1st and 15th stages of the 
shift register (see figure D-3).  The net effect is that the decoding shift register runs 
"backwards" with respect to the randomizing shift register. 
 
3.9.3  Although the RNRZ-L decoder is self-synchronizing, 15 consecutive error-free 
bits must be loaded into the shift register before the output data will be valid.  A bit slip 
will cause the decoder to lose synchronization, and 15 consecutive error-free data bits 
must again be loaded into the shift register before the output data is valid.  The decoded 
output data, although correct, will contain the bit slip causing a shift in the data with 
respect to the frame synchronization pattern.  Therefore, frame synchronization must be 
reacquired before the output provides meaningful data. 



 

 
 Figure D-2.  Randomizer block diagram. 
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 Figure D-3.  Randomized NRZ-L decoder block diagram.
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3.9.4  The RNRZ-L decoding system has an error multiplication factor of 3 for isolated 
bit errors (separated from adjacent bit errors by at least 15 bits). An isolated bit error 
introduced after randomization will produce 3 errors in the output data; the original bit in 
error, plus 2 additional errors 14 and 15 bits later.  In addition, a burst of errors 
occurring after the data has been randomized will produce a burst of errors in the 
derandomized output.  The number of errors in the output depends on the distribution of 
errors in the burst and can be greater than, equal to, or less than the number of errors in 
the input to the derandomizer.  However, the derandomization process always increases 
the number of bits between the first and last error in the burst by 15.  Errors introduced 
prior to randomization are not affected by either the randomizer or the derandomizer.  
The reverse decoder has the same bit error properties as the forward decoder. 
 
3.9.5  Input data containing frequent long runs of bits without transitions creates 
potential dc and low frequency restoration problems in PCM bit synchronizers because 
of the low frequency cutoff of direct recorder and reproducer systems.  The restoration 
problem can be minimized by reproducing the data at tape speeds that produce a bit rate 
for which the maximum time between transitions is less than 100 microseconds.  
Additional methods of minimizing these effects include selecting bit synchronizers 
containing special dc and low frequency restoration circuitry or recording data using 
Bif-L code. 
 
3.9.6  The power spectra of the RNRZ-L and Bif-L codes are shown in figure D-4.  The 
power spectral density of RNRZ-L is concentrated at frequencies, which are less than 
one-half the bit rate.  The power spectral density of  Bif-L is concentrated at requencies 
in a region around 0.75 times the bit rate.  The concentration of energy in the low- 
frequency region (when using the RNRZ-L code) has the effect of reducing the SNR as 
well as creating baseline wander, which the bit synchronizer must follow.  Therefore, 
reproducing data at tape speeds which produce PCM bit rates of less than 200 kb/s is not 
recommended when using RNRZ-L unless a bit synchronizer with specially designed dc 
and low frequency restoration circuitry is available. 
 
3.9.7  Alignment of the reproducer system is very important to reproducing high quality 
PCM data, that is, with the lowest possible bit error probability.  A PCM signature using 
the standard 2047-bit pseudo-random pattern, recorded on the leader or the trailer tape, 
provides a good method for reproducer alignment.  When a pseudo-random bit error 
detection system is not available or when a PCM signature signal is not recorded,  
the recommended procedure for reproducer alignment involves the use of the eye pattern 
technique.  The eye pattern is the result of superpositioning the zeros and ones in the 
PCM bit stream.  The eye pattern is displayed on an oscilloscope by inserting the raw 
reproduced bit stream into the vertical input and the reconstructed bit-rate clock into the 
external synchronization input of the oscilloscope.  The reproducer head azimuth, 
amplitude equalizers, and phase equalizers are then adjusted to produce the eye pattern 
with the maximum height and width opening. 
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 Figure D-4.  Random PCM power spectra. 
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3.9.8  Sample eye patterns are shown in figure D-5.  Figure D-5(a) shows a Bif-L eye 
pattern at a recorded bit packing density of 15 kb/in (450 kb/s at 30 ips).  Figure D-5(b) 
shows an RNRZ-L eye pattern at a recorded bit packing density of 25 kb/in (750 kb/s at 
30 ips). 
 
 

 
  a.  Bif-L at bit packing density of 15 kb/in. 
 
 

 
 
  b.  RNRZ-L at bit packing density of 25 kb/in. 
 
 
 

Figure D-5.  Sample eye patterns at output of recorder/reproducer. 
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4.0 Head Parameters 
 
 The following subparagraphs describe the head parameters. 
 
4.1 Gap Scatter.  Refer to the definitions in subparagraphs 6.2.30 and 6.2.31 in chapter 
6.  Gap scatter contains components of azimuth misalignment and deviations from the 
average line defining the azimuth.  Since both components affect data simultaneity from 
record to reproduce, the measurement is the inclusive distance containing the combined 
errors.  Because azimuth adjustment affects the output of wide band systems, a 5.08-mm 
(0.0002-in.) gap scatter is allowed for such recorders and reproducers.  A 2.54-mm 
(0.0001-in.) gap scatter is recommended for fixed-head systems (see upper illustration in 
figure 6-3). 
 
4.2 Head Polarity.  The requirement that a positive pulse at a record amplifier input 
generate a south-north-north-south magnetic sequence and that a 
south-north-north-south magnetic sequence on tape produce a positive pulse at the 
reproduce amplifier output, still leaves two interdependent parameters unspecified.  
These parameters are (1) polarity inversion or noninversion in record and playback 
amplifiers and (2) record or playback head winding sense.  For the purpose of head 
replacement, it is necessary that these parameters be determined by the user so that an 
unsuspected polarity inversion, on tape or off tape, will not occur after heads are 
replaced. 
 
5.0 Record Level 
 
 The standard record level is established as the input level of a sinusoidal signal set 
at the record level set frequency which, when recorded, produces a signal containing 1 
percent third harmonic distortion at the output of a properly terminated reproduce 
amplifier (see subparagraph 4.1.3.3 of volume III, RCC document 118).  A 1 percent 
harmonic distortion content is achieved when the level of the third harmonic component 
of the record level set frequency is 40 ±1 dB below the level of a sinusoidal signal of 0.3 
UBE which is recorded at the standard record level. Standard test and operating practice 
is to record and reproduce sinusoidal signals at 0.1 and 0.3 UBE and adjust the 
equalizers as necessary to establish the reproduced output at 0.3 UBE to within ±1.0 dB 
of the output at 0.1 UBE.  Then a 1 V rms signal at the record level set frequency is 
applied to the record amplifier input and the record and reproduce level controls are 
adjusted until the reproduced output contains 1 percent third harmonic distortion at a 
level of 1 V rms. 
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 The optimum level for recording data will seldom be equal to the standard record 
level.  Signals having noise-like spectral distribution such as baseband multiplexes of FM 
subcarriers contain high crest factors so that it may be necessary (as determined in 
paragraph 1.1, Noise Power Ratio (NPR) Test, volume IV, RCC document 118, Test 
Methods for Data Multiplex Equipment) to record at levels below the standard record 
level.  On the other hand, for predetection and HDDR recording, signals may have to be 
recorded above the standard record level to give optimum performance in the data 
system. 
 
6.0 Tape Crossplay Considerations 
 
 Figure D-6 illustrates the typical departure from optimum frequency response that 
may result when crossplaying wide band tapes which were recorded with heads 
employing different record-head gap lengths.  Line AA is the idealized 
output-versus-frequency plot of a machine with record bias and record level, set upper 
IRIG standards, using a 3.05-mm (120-microinch) record-head gap length and a 1.02-mm 
(40-microinch) reproduce-head gap length.  Lines BB and CC represent the output 
response curves of the same tapes recorded on machines with 5.08-mm (200-microinch) 
and 1.27-mm (50- microinch) record-head gap lengths.  Each of these recorders was set 
up individually per IRIG requirements.  The tapes were then reproduced on the machine 
having a 1.02-mm (40-microinch) reproduce-head gap length without readjusting its 
reproduce equalization. 
 
6.1  The output curves have been normalized to 0 dB at the 0.1 UBE frequency for the 
purpose of clarity.  The normalized curves may be expected to exhibit a ±2.0 dB variance 
in relative output over the passband. The tape recorded with the shortest head segment 
gap length will provide the greatest relative output at the UBE. 
 
6.2  While the examples shown are from older equipment with record gap lengths 
outside the limits recommended in subparagraph 6.5.4, chapter 6, they illustrate the 
importance of the record gap length in tape interchange applications. 
 
7.0 Standard Tape Signature Procedures 
 
 The following subparagraphs describe the PCM signature and the swept-frequency 
signature. 
 
7.1 PCM Signature Recording Procedures.  Configure test equipment as described in 
paragraph 2.1, volume IV, RCC document 118.  The configura-tion should simulate the 
operational link as closely as possible, for example, same RF frequency, deviation, bit 
rate, code type, predetection frequency, receiver bandwidth, and recorder speed.
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Figure D-6.  Tape crossplay. 
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7.1.1  While recording the pseudo-random data at standard record level, adjust the signal 
generator output level until approximately one error per 105 bits is obtained on the error 
counter. 
 
7.1.2  Record 30 seconds of the pseudo-random data at the beginning or end of the tape 
for each data track.  A separate 30-second tape signature is recommended for each 
different data format. 
 
7.1.3  The content, track assignments, and location on the tape leader and trailer of 
signature signals should be noted on the tape label. 
 
7.2  PCM Signature Playback Procedure.  The following subparagraphs explain the 
playback procedure. 
 
7.2.1  Optimize playback equipment such as receiver tuning and bit synchronizer setup 
for data being reproduced. 
 
7.2.2  Reproduce the tape signature and observe the error rate on the error counter. 
 
7.2.3  Optimize head azimuth for maximum signal output and minimum errors. 
 
7.2.4  If more than one error per 104 bits is obtained, initiate corrective action. 
 
7.2.5  Repeat for each data track. 
 
7.3  Swept Frequency Signature Recording Procedure.  The following subparagraphs 
describe the recording procedure for the swept-frequency signature. 
 
7.3.1  Patch a sweep-frequency oscillator output to all prime data tracks (up to 6 on 
7-track recorders or up to 13 on 14-track recorders) (see appendix A, volume III of 
RCC document 118).  As a minimum, patch the sweep oscillator to one odd and one 
even track. 
 
7.3.2  Connect the sync output of the sweep oscillator to a track not used for sweep 
signals, preferably an outside track. 
 
7.3.3  Record the signature signals for a minimum of 30 seconds at standard record level. 
 
 
 
 
 
 
 
7.3.4  The content, track assignments, and location on the leader or trailer tape of 
signature signals should be noted on the tape label. 

NOTE

 

Record levels may be either preadjusted or quickly 
adjusted in all tracks during the first few seconds of the 
signature recording. 
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7.4 Swept-Frequency Signature Playback Procedure.  The following subparagraphs 
define the steps for the playback procedure. 
 
7.4.1  Connect the sync track output of the reproducer to the sync input of the scope. 
 
7.4.2  Select an odd-numbered sweep-signal track and connect the output of the 
reproducer to the vertical input of the scope.  Playback the sweep signal and adjust the 
scope gain for an amplitude of approximately ±10 minor vertical divisions about the 
center baseline.  Adjust the odd-track azimuth for maximum amplitude of the highest 
frequency segment (extreme right of the sweep pattern). 
 
7.4.3   Observe amplitude variations through the sweep pattern and adjust the 
equalization, if necessary, to maintain the amplitude within the required tolerance over 
the required frequency range.   
 
 
 
 
 
 
 
7.4.4  Repeat the playback procedure in subparagraphs 7.4.2 and 7.4.3 for azimuth and 
equalization adjustments of an even-numbered tape track. 
 
7.4.5  Repeat the procedure in subparagraph 7.4.3 for equalization only of other selected 
prime data tracks, as required. 
 
8.0 Equipment Required for Swept-Frequency Procedures 
 
 Equipment required at the recording site consists of a sweep-frequency oscillator 
having a constant amplitude sweep range of approximately 400 Hz through 4.4 MHz 
with frequency markers at 62.5, 125, 250, and 500 kHz and 1.0, 2.0, and 4.0 MHz.  The 
sweep range to 4.4 MHz may be used for all tape speeds because the bandwidth of the 
recorder and reproducer will attenuate those signal frequencies beyond its range.  The 
sweep rate should be approximately 25 Hz.  Care should be exercised in the installation 
of the sweep generator to ensure a flat response of the sweep signal at the input 
terminals of the recorder.  Appropriate line-driver amplifiers may be required for long 
cable runs or the low impedance of paralleled inputs. 

A decrease of sweep signal amplitude to about 0.7 represents a 3 
dB loss. NOTE
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8.1 A stepped-frequency oscillator could be substituted for the sweep-frequency 
generator at the recording location.  Recommended oscillator wavelengths at the mission 
tape speed are 7.62 mm (300 mils), 3.81 mm (150 mils), 0.254 mm (10 mils), 0.0254 mm 
(1 mil), 0.0127 mm (0.5 mil), 0.0064 mm (0.25 mil), 0.0032 mm (0.125 mil), 0.0025 mm 
(0.1 mil), 0.0020 mm (0.08 mil), and 0.0015 mm (0.06 mil). 
 
8.2 Equipment required at the playback site consists of an ordinary oscilloscope having 
a flat frequency response from 400 Hz through 4.4 MHz. 
 
9.0 Fixed-Frequency Plus White Noise Procedure 
 
 The signature used in this method is the same for all applications.  For direct 
recording of subcarrier multiplexes, only static nonlinearity (nonlinearity which is 
independent of frequency) is important for crosstalk control.  Subparagraph 6.8.2 in 
chapter 6 provides a reference level for static nonlinearity.  All formats of data recording 
are sensitive to SNR.  Predetection recording and HDDR are sensitive to equalization.  
The following signature procedure satisfies all the above requirements. 
 
9.1 Record a sine-wave frequency of 0.1 UBE (see table 6-3) with the following 
amplitudes. 
 
9.1.1  Equal to the standard record level for direct recording of subcarrier multiplexes 
and HDDR (see subparagraph 6.8.2, chapter 6). 
 
9.1.2  Equal to the carrier amplitude to be recorded for pre-detection recording of 
PCM/FM, PCM/PM, FM/FM, and PAM/FM. 
 
9.2 Record flat band-limited white noise of amplitude 0.7 of the true rms value of the 0 
dB standard record level as described in subparagraph 6.8.2, chapter 6.  Noise must be 
limited by a low-pass filter just above the UBE. 
 
9.3 Record with zero input (input terminated in 75 ohms).  The three record steps 
previously described can consist of 10 seconds each.  The spectra can be obtained with 
three manually initiated sweeps of less than a second each, because no great frequency 
resolution is required.  All of the spectrum analyzer parameters can be standardized and 
set in prior to running the mission tape. 
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10.0 Signature Playback and Analysis 
 
 Before analyzing the signature, the reproducer azimuth should be adjusted.  With 
the short signature, it is probably more convenient to use the data part of the recording 
for this purpose.  If predetection recording is used, the azimuth can be adjusted to 
maximize the output as observed on the spectrum analyzer or on a voltmeter connected 
to the output.  If baseband recording is used, the azimuth can be adjusted to maximize 
the spectrum at the upper end of the band.  Using a spectrum analyzer, reproduce, store, 
and photograph the spectra obtained from paragraphs 9.1, 9.2, and 9.3 in this appendix.  
Store and photograph the spectrum analyzer input level of zero. 
 
10.1 It is evident that any maladjustment of the recorder and reproducer or 
magnetization of the heads will result in the decrease of SNR across the band and will be 
seen from the stored spectra or photograph. 
 
10.2 By having a photograph of the spectra, amplitude equalization can be accomplished 
without shuttling the mission tape as follows. 
 
10.2.1  Use an auxiliary tape (not the mission tape, but preferably the same type tape).  
With a white-noise input signal band limited, adjust the amplitude equalization of the 
recorder and reproducer at the tape dubbing or data reduction site and photograph the 
output spectrum (see paragraph 9.0 of this appendix).  
 
10.2.2  Compare this photo with the photo made from the signature.  Note the difference 
at several points across the band. 
 
10.2.3  Using the auxiliary tape, adjust the amplitude equalization to compensate for the 
differences noted. 
 
10.2.4  Recheck with the mission tape to verify that the desired amplitude equalization 
has been achieved. 
 
10.3 If the phase equalization is to be checked, a square wave signal can be added to the 
signature in accordance with the manufacturer's specification (see subparagraph 4.9.2.3.3 
of volume III, RCC document 118).  The same procedure as that recommended for 
amplitude equalization can be used, except based on oscillograms. 
 
11.0 Recording and Playback Alignment Procedures 
 
 When using standard preamble (or postamble), see paragraph 6.12, chapter 6. 
 
11.1 Recording of Preamble for Direct Electronics Alignment. 
 
11.1.1  Patch a square wave generator output set to 1/11 band edge to all tracks having 
direct electronics or initiate procedure for recording internally generated 1/11 band edge 
square wave according to manufacturer's instructions. 
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11.1.2  If the preamble will be used for a manual adjustment, record for a minimum of 30 
seconds at the standard record level and tape speed to be used for data recording. 
 
11.1.3 If the preamble will be used only for automatic alignment, record at the standard 
record level and tape speed to be used for data recording for a sufficient time as specified 
by the manufacturer of the playback recorder reproducer or as agreed by the interchange 
parties. 
 
11.2 Playback of Preamble for Direct Electronics Alignment. 
 
 For systems so equipped, initiate automatic alignment procedure per 
manufacturer's instructions.  The procedure for manual adjustment is described in the 
following subparagraphs. 
 
11.2.1  Display fundamental and odd harmonics of the square wave (third through 
eleventh) of selected odd numbered direct track near center of head stack on the 
spectrum analyzer.  Adjust azimuth by peaking output amplitude of the third through 
eleventh harmonic.  Final adjustment should peak the eleventh harmonic. 
 
11.2.2  Repeat the above subparagraph for even numbered direct track.  (Only one track 
is necessary for double density, 14-track, in-line system). 
 
11.2.3 Observe frequency response across the band pass on selected track and correct if 
necessary.  For a flat response, the third harmonic will be 1/3 of the amplitude of the 
fundamental, fifth harmonic 1/5 the amplitude, and so on.  A convenient method is to 
compare the recorder/reproducer output with that of a square wave generator patched 
directly to the spectrum analyzer. 
 
 
 
 
 
 
 
11.2.4  Repeat the previous subparagraph for each direct track. 
 
11.2.5 Display square wave on oscilloscope.  Adjust phase for best square wave 
response as shown in figure D-7. 
 
11.2.6  Repeat the previous subparagraph for each direct track. 

NOTE An alternate but less accurate method is to optimize the square wave 
as displayed on an oscilloscope rather than a spectrum analyzer. 
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11.3 Recording of Preamble for FM Electronics Alignment. 
 
  If available, initiate procedure for recording internally generated 1/11 band edge 
square wave and ±1.414 Vdc per manufacturer's instructions.  Otherwise, patch a square 
wave generator output to all tracks having FM electronics.  A near dc signal may be 
obtained by setting the square wave generator to 0.05 Hz and ±1.414 V or by using a 
separate dc source. 
 
 

 
  
Figure D-7.  Square wave responses. 
 
11.3.1  If the preamble will be used for manual alignment, record at least one cycle of the 
0.05 Hz square wave at ±1.414 V or a positive and negative 1.414 Vdc for a minimum 
of 10 seconds each at the tape speed to be used for data recording.  Next, record a 1/11 
band edge square wave for a minimum of 20 seconds. 
 
11.3.2  If the preamble will be used only for automatic alignment, record the above 
sequence for a sufficient time as specified by the manufacturer of the playback 
recorder/reproducer or as agreed by the interchange parties. 
 
11.4 Playback of Preamble for FM Electronics Alignment. 
 
  For systems so equipped, initiate automatic alignment procedure per 
manufacturer's instructions.  The procedure for manual adjustment is described in the 
next subparagraphs. 
 
11.4.1  Check and adjust for 0 V output at center frequency per RCC document 118, 
Test Methods for Telemetry Systems and Subsystems, volume III, Test Methods for 
Recorder/Reproducer Systems and Magnetic Tape. 
11.4.2  Use dc voltmeter to verify a full positive and negative output voltage on the 
selected track and correct if necessary. 

 
EQUAL  
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       BAD 
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11.4.3  Display fundamental and odd harmonics of the square wave (third through 
eleventh) on the spectrum analyzer. 
 
11.4.4  Observe frequency response per subparagraph 11.2.3. 
 
11.4.5  Repeat subparagraphs 11.4.1 through 11.4.3 for each FM track. 
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APPENDIX F 
 
 

CONTINUOUSLY VARIABLE SLOPE DELTA MODULATION 
 
 
1.0 General   
 
 The Continuously Variable Slope Delta (CVSD) modulation is a nonlinear, sampled 
data, feedback system which accepts a band-limited analog signal and encodes it into binary 
form for transmission through a digital channel.  At the receiver, the binary signal is decoded 
into a close approximation of the original analog signal.  A typical CVSD converter 
consisting of an encoder and decoder is shown in figures F-1a and b. 
 
2.0 General Descriptions 
 
 A general description of the delta modulation and the CVSD converter can be 
found in the succeeding subparagraphs. 
 
2.1 Delta Modulation.  Delta modulation is an A-D conversion technique resulting in a 
form of digital pulse modulation.  A delta modulator periodically samples the amplitude 
of a band-limited analog signal, and the amplitude differences of two adjacent samples 
are coded into n-bit code words.  This nonlinear, sampled-data, feedback system then 
transmits the encoded bit stream through a digital channel.  At the receiving end, an 
integrating network converts the delta-modulated bit stream through a decoding process 
into a close approximation of the original analog signal. 
 
2.2 CVSD Converter.  A typical CVSD converter consists of an encoder and a decoder 
(see figures F-1a and b).  The analog input signal of the CVSD encoder is band-limited 
by the input band, pass filter.  The CVSD encoder compares the band-limited analog 
input signal with an analog feedback approximation signal generated at the 
reconstruction integrator output.  The digital output signal of the encoder is the output 
of the first register in the "run-of-three" counter.  The digital output signal is transmitted 
at the clock (sample) rate and will equal "1" if the analog input signal is greater than or 
equal to the analog feedback signal at the instant of sampling.  For this value of the 
digital output signal, the pulse amplitude modulator (PAM) applies a positive feedback 
pulse to the reconstruction integrator; otherwise, a negative pulse is applied.  This 
function is accomplished by the polarity control signal, which is equal to the digital 
encoder output signal.  The amplitude of the feedback pulse is derived by means of a 
3-bit shift register, logic sensing for overload, and a syllabic lowpass filter.  When a 
string of three consecutive ONES or ZEROS appears at the digital output, a discrete 
voltage level is applied to the syllabic filter, and the positive feedback pulse amplitude 
increases until the overload string is broken.  In such an event, ground potential is fed to 
the filter by the overload algorithm, forcing a decrease in the amplitude of the slope 
voltage out of the syllabic filter.  The encoder and decoder have identical characteristics 
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Figure F-1b.   Typical CVSD decoder. 
 
except for the comparator and filter functions.  The CVSD decoder consists of the input 
band pass filter, shift register, overload algorithm, syllabic filter, PAM and reconstruction 
integrator used in the encoder, and an output low-pass filter. The decoder performs the 
inverse function of the encoder and regenerates speech by passing the analog output 
signal of the reconstruction integrator through the low-pass filter.  Other characteristics 
optimize the CVSD modulation technique for voice signals.  These characteristics 
include: 
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 a.  Changes in the slope of the analog input signal determine the step-size changes 
of the digital output signal. 
 
 b.  The feedback loop is adaptive to the extent that the loop provides continuous or 
smoothly incremental changes in step size. 
 
 c.  Companding is performed at a syllabic rate to extend the dynamic range of the 
analog input signal. 
 
 d.  The reconstruction integrator is of the exponential (leaky) type to reduce the 
effects of digital errors. 
 
3.0 Detailed Descriptions 
 
 The characteristics described in subparagraphs 3.1 through 3.9 are in addition to 
those specified in paragraph 5.0 of this standard and are for guidance only. 
 
3.1 Input Band Pass Filter.  The input filter provides band-limiting and is typically a 
second- or higher-order filter (see figure F-1a). 
 
3.2 Comparator.  The comparator compares the band-limited analog input signal from 
the filter with the output signal of the reconstruction integrator (see figure F-1a).  This 
comparison produces the digital error signal input to the 3-bit shift register.  The transfer 
characteristic of the comparator is such that the difference between the two input signals 
causes the output signal to be driven to saturation in the direction of the sign of the 
difference. 
 
3.3 3-Bit Shift Register.  The 3-bit shift register acts as a sampler which clocks the 
digital error signal from the comparator at the specified data signaling rate and stores the 
current samples and two previous samples of the error signal (see figures F-1a and b).  
The digital output signal is a binary signal having the same polarity as the input signal 
from the comparator at the time of the clock signal.  The digital output signal is also the 
digital output of the encoder and is referred to as the baseband signal. Further processing 
for transmission such as conditioned diphase modulation may be applied to the baseband 
signal.  It is necessary that the inverse of any such processing be accomplished and the 
baseband signal restored before the CVSD decoding process is attempted. 
 
3.4 Overload Algorithm.  The overload algorithm operates on the output of the 3-bit 
shift register (X, Y, Z) using the run-of-threes coincidence algorithm so that the 
algorithm output equals ( XYZXYZ + ) (see figures F-1a and b).  The output signal is a 
binary signal at the clock signaling rate and is true for one clock period following the 
detection of three like bits and false at all other times. 
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3.5 Syllabic Filter.  The syllabic filter acts as a low-pass filter for the output signal from 
the overload algorithm (see figures F-1a and b).  The slope- voltage output of the syllabic 
filter is the modulating input to the PAM.  The step-function response of the syllabic filter 
is related to the syllabic rate of speech, is independent of the sampling rate, and is 
exponential in nature.  When the overload algorithm output is true, a charging curve is 
applicable.  When this output is false, a discharging curve is applicable. 
 
3.6 Pulse Amplitude Modulator (PAM).  The PAM operates with two input signals:  
the output signal from the syllabic filter, and the digital signal from the 3-bit shift register 
(see figures F-1a and b).  The syllabic filter output signal determines the amplitude of the 
PAM output signal and the signal from the 3-bit shift register is the polarity control that 
determines the direction, plus or minus, of the PAM output signal.  The phrase 
"continuously variable" in CVSD is derived from the way the PAM output signal varies 
almost continuously. 
 
3.7 Reconstruction Integrator.  The reconstruction integrator operates on the output 
signal of the PAM to produce an analog feedback signal to the comparator (or an output 
signal to the output low-pass filter in the receiver) that is an approximation of the analog 
input signal (see figures F-1a and b). 
 
3.8 Output Low-Pass Filter.  The output filter is a low-pass filter having a frequency 
response that typically has an asymptotic rolloff with a minimum slope of 40 dB per 
octave, and a stopband rejection that is 45 dB or greater (see figure F-1b).  The same 
output filter characteristic is used for encoder digital output signals of either 16 or 32 
kbps. 
 
3.9 Typical CVSD Decoder Output Envelope Characteristics.  For a resistance/ 
capacitance circuit in the syllabic filter with time constants of 5 ms for both charging and 
discharging, the envelope characteristics of the signal at the decoder output are shown in 
figure F-2.  For the case of switching the signal at the decoder input from the 0-percent 
run-of-threes digital pattern to the 30-percent run-of-threes digital pattern, the 
characteristic of the decoder output signal follows the resistance/ capacitance charge 
curve.  Note that the number of time constants required to reach the 90-percent charge 
point is 2.3, which gives a nominal charge time of 11.5 ms. 
 
 When switching the other way (from the 30-percent pattern to the 0-percent 
pattern), the amplitude at the beginning of discharging is, at the first moment of 
switching, higher (by a factor of 16) than the final value which is reached asymptotically. 
 The final value equals -24 dBm0, that is, 0.03.  Therefore, the amplitude at the 
beginning of discharging is 0.48 (percent run-of-threes = 0).  Note that the number of 
time constants required to reach the 10-percent point on the discharge curve is 1.57, 
which gives a nominal discharge time of 7.8 ms. 
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4.0 Reference Level   
 
 The decoder analog output level with the 16 and 32 kbps, 30-percent run-of-threes 
reference digital pattern applied to the decoder input shall be the reference level for the 
CVSD requirements of this standard, and shall be designated 0 dBm0 (see subparagraph 
5.9.1). 
 
5.0 CVSD Characteristics   
 
 The characteristics of CVSD are described in the following subparagraphs. 
 
5.1 Input and Output Impedances.  The analog input and output impedances for CVSD 
converters are not standardized.  These impedances depend upon the application of the 
converters. 
 
5.2 Data Signaling Rates.  The CVSD converter shall be capable of operating at 16 and 
32 kbps. 
 
5.3 Input and Output Filters.  The analog input shall be band pass filtered. The analog 
output shall be low pass filtered. 
 
 
 
 
 
 
 

(Cd=0.1.0 
 
0.9 
 
 
 
0.48 
 
 
0.1 
0.03 

BEGINNING OF DISCHARGING 
   (Cd=0) 

(Cd=0) 
6.2 to 

9.4 ms 

ENVELOPE 

9.2 to 
13.8 ms 

TIME, ms 

NOTES: 
1.  Cd is duty cycle. 
2.  Figure is half of the envelope. 

Figure F-2.  Typical envelope characteristics of the decoder output  signal for CVSD. 
 

Details of input and output filers, consistent with the CVSD 
performance requirements of this standard, will be determined in 
applicable equipment specifications based on validated requirements. 
 

NOTE
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5.4 Overload Algorithm.  A 3-bit shift register shall be used for the CVSD encoder and 
decoder (see figures F-1a and b).  The overload logic shall operate on the output of this 
shift register using the run-of-threes coincidence algorithm.  The algorithm output signal 
shall be a binary signal at the data-signaling rate.  This signal shall be true for one clock 
period following the detection of three like bits (all ZEROS or all ONES) and false at all 
other times. 
 
5.5 Compression Ratio.  The compression ratio shall be nominally 16:1 with a maximum 
of 21:1 and a minimum of 12:1.  The maximum slope voltage shall be measured at the 
output of the syllabic filter for a 30-percent run-of-threes digital pattern.  The minimum 
slope voltage shall be measured at the output of the syllabic filter for a 0-percent run-of--
threes digital pattern. 
 
5.6 Syllabic Filter.  The syllabic filter shall have a time constant of 5 ms ±1. The step 
function response of the syllabic filter shall be exponential in nature.  When the output of 
the overload algorithm is true, a charge curve shall be applicable.  When the output of the 
overload algorithm is false, a discharge curve shall be applicable. 
 
5.7 Reconstruction Integrator Time Constant.  The reconstruction integrator shall have 
a time constant of 1 ms ±0.25. 
 
5.8 Analog-to-Digital Conversion.  An 800-Hz ±10 signal at a 0 dBm0 level applied to 
the input of the encoder shall give a duty cycle (Cd) of 0.30 at the algorithm output of the 
encoder shown in figure F-la. 
 
5.9 Digital-to-Analog Conversion.  The characteristics of a digital-to-analog 
conversion are described in the following subparagraphs. 
 
5.9.1  Relation of Output to Input.  With the applicable reference digital patterns of table 
F-1 applied to the digital input of the decoder as shown in figure F-3, the analog output 
signal shall be 800 Hz ±10 at the levels shown in table F-1, measured at the decoder 
output.  These digital patterns, shown in hexadecimal form, shall be repeating sequences.  
 
5.9.2  Conversion Speed.  When the decoder input is switched from the 0-percent 
run-of-threes digital pattern to the 30-percent run-of-threes digital pattern, the decoder 
output shall reach 90 percent of its final value within 9 to 14 ms.  When the decoder input is 
switched from the 30-percent run-of-threes digital pattern to the 0-percent run-of-threes 
digital pattern, the decoder output shall reach 10 percent of the 30-percent run-of-threes 
value within 6 to 9 ms.  These values shall apply to both the 16 and 32-kbps data signaling 
rates. 
 
5.10 CVSD Converter Performance.  The characteristics specified in subparagraphs 5.10.1 
through 5.10.7 apply to one CVSD conversion process obtained by connecting the output of 
an encoder to the input of a decoder (see figure F-3).  
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Test signal frequencies which are submultiples of the data signaling rate 
shall be avoided by offsetting the nominal test frequency slightly; for 
example, an 800-Hz test frequency could be offset to 804 Hz.  This test 

frequency offset will avoid nonlinear distortion which can cause measurement difficulties 
when tandeming CVSD with PCM. 

 
 
 
TABLE F-1.  DECODER REFERENCE DIGITAL PATTERNS FOR CVSD 
 

Data Signaling 
Rate, kpbs 

Digital Pattern Run-of-threes, 
Percent 

Output, dBm0 

16 DB492 0 -24±1 
32 DB54924AB6 0 -24±1 
16 FB412 30 0±1 
32 FDAA10255E 30 0±1 

 
 

INTERFACE POINTS 
 

    ENCODER              ENCODER                 DECODER      DECODER 
        INPUT                   OUTPUT                    INPUT                         OUTPUT 
 
 
 
 
                 REFERENCE DIGITAL                                       ANALOG SIGNAL 
                   PATTERN INPUT                          OUTPUT 
 
 
 
ANALOG SIGNAL      ENCODER DIGITAL TRANSMISSION   DECODER               ANALOG SIGNAL 
           INPUT                                    16 kbps OR 32 kbps                          OUTPUT 
 
 

 Figure F-3.  Interface diagram for CVSD converter. 
 
5.10.1  Companding Speed.  When an 800-Hz ±10 sine wave signal at the encoder input 
is switched from -24 dBm0 to 0 dBm0, the decoder output signal shall reach 90 percent 
of its final value within 9 to 14 ms. 
 
5.10.2 Insertion Loss.  The insertion loss between the encoder input and the decoder 
output shall be 0 dB ± 2 dB with an 800 Hz ±10, 0 dBm0 input to the encoder. 
 
5.10.3 Insertion Loss Versus Frequency Characteristics.  The insertion loss between the 
encoder input and decoder output, relative to 800 Hz ±10 measured with an input level of 
-15 dBm0 applied to the converter input, shall not exceed the limits indicated in table F-2 
and shown in figures F-4a and b. 
 

NOTE

 

    

 

DECODER 



F-9 

TABLE F-2.  INSERTION LOSS LIMITS FOR CVSD 
Rate, kpbs Frequency (f), Hz Insertion Loss, dB 

(Referenced to 800 Hz) 
16   f <  300 

      300 £ f ³ 1000 
    1000 £ f ³ 2600 
    2600 £ f ³ 4200 
    4200 £ f  

              ³ -1.5 
        -1.5 to 1.5 
           -5 to 1.5 
              ³ -5 
              ³ 25 

32                 f <  300 
      300 £ f ³ 1400 
    1400 £ f ³ 2600 
    2600 £ f ³ 3400 
    3400 £ f ³ 4200 
    4200 £ f 

              ³ -1 
           -1 to 1 
            3 to 1 
            3 to 2 
              ³ -3 
              ³ 25 

 
 
 

 
 
 
 Figure F-4a.  Insertion loss versus frequency for CVSD (16 kbps). 
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 Figure F-4b.  Insertion loss versus frequency for CVSD (32 kbps). 
 
5.10.4  Variation of Gain With Input Level.  The variation in output level, relative to the 
value at -15 dBm0 input, shall be within the limits of figure F-5a and b for an input 
frequency of 800 Hz ±10. 
 
5.10.5  Idle Channel Noise.  The idle channel noise shall not exceed the limits shown in table 
F-3 when measured at the CVSD decoder output. 
 
5.10.6  Variation of Quantizing Noise With Input Level.  The minimum signal to 
quantizing noise ratio over the input signal level range shall be above the limits of figure 
F-6a and b.  The noise ratio shall be measured with flat weighting (unweighted) at the 
decoder output with a nominal 800-Hz ±10 sine wave test signal at the encoder input. 
 
5.10.7  Variation of Quantizing Noise With Frequency.  The minimum signal to 
quantizing noise ratio over the input frequency range shall be above the limits of figure 
F-7a and b.  The noise ratio shall be measured with flat weighting (unweighted) at the 
decoder output with a sine wave test signal of -15 dBm0. 
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        Figure F-5a.  Variation of gain with input level for CVSD (16 kbps). 
 
 
 
 

 
 
 
 Figure F-5b.  Variation of gain with input level for CVSD (32 kbps). 
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TABLE F-3.  IDLE CHANNEL NOISE LIMITS FOR CVSD 

Data Signaling Rate, kbps Idle Channel Noise, dBm0 

16 -40 

32 -50 
 
 

 
 
     Figure F-6a.  Signal to quantizing noise ratio versus input level for CVSD (16 kbps). 
 
 

 
 
     Figure F-6b.  Signal to quantizing noise ratio versus input level for CVSD (32 kbps).
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  Figure F-7a.  Signal to quantizing noise ratio versus frequency for CVSD (16 kbps). 
 
 
 
 

 
 
 
     Figure F-7b.  Signal to quantizing noise ratio versus frequency for CVSD (32 kbps). 
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 APPENDIX G 
 

 
ADARIO DATA BLOCK FIELD DEFINITIONS 

 
 
 The details of the ADARIO data block format are provided in figure G-1 and in the 
ADARIO data format field summary.  As shown in figure G-1, the eight session header 
words are the first eight words of the block.  The channel packet for the highest priority 
(priority 1) channel is next, followed by the next lower priority channel packet (priority 2). 
 Following the lowest priority channel, fill data consisting of all ones are inserted as 
required to complete the 2048-word data block. 
 
 Within the channel packet, the first five words are the channel header words 
including the partial word (PW).  Following the channel header is the variable size channel 
data field.  The channel data are organized in a last-in-first-out (LIFO) fashion.  The first 
samples acquired in the block time interval appear in the last data word of the channel 
packet.  The sample data are formatted into the 24-bit data word such that the first sample 
occupies the MSBs of the word.  The next sample is formatted into the next available 
MSBs and so on until the word is full.  As an example, data formatted into 8-bit samples is 
shown in figure G-2. 
 
 In cases where the 24-bit data word is not a multiple of the sample size, the sample 
boundaries do not align with the data words.  In these cases, the samples at the word 
boundaries are divided into two words.  The MSBs of the sample appear in LSBs of the 
first buffered word and the LSBs of the sample appear in the MSBs of the next buffered 
word.  Since the channel data appears in a LIFO fashion in the ADARIO data block, the 
MSBs of the divided sample will occur in the data word following the word containing 
LSBs of the sample.  Figure G-3 depicts ADARIO timings. 
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     Figure G-1.  ADARIO data format. 

 



 
G-4

 

 
 
 
 
Figure G-2.  ADARIO data blocks.



 

 
 
 

 
 Figure G-3.  ADARIO timing
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ADARIO Data Format Field Definitions Summary 
 
1.  Block Length - (2048 words, 24-bit words, fixed length) 
 
2.  Session Header - (8 words, fixed format) 
 
 SHWO (bits 23 to 0)  SYNC Field, bits 0-23 of the 29-bit block sync.  

The LSBs of the block sync are 36E19C and are 
contained here. 

 
 SHW1 (bits 23 to 19) SYNC Field, bits 24-28 of the 29-bit block sync.  

The MSBs of the block sync are 01001 and are 
contained here.  The 29-bit block sync is fixed for 
all ADARIO configurations and chosen for 
minimal data cross correlation. 

 
    (bits 18 to 0)  MC, Master Clock, a 19-bit binary value in units of 

250 Hz.  MC is the clock frequency used to derive 
session and per channel parameters. 

 
 SHW2 (bits 23 to 0)  BLK#, ADARIO Data Block Number, a 24-bit 

binary value.  BLK# is to zero at the start of each 
session and counts up consecutively.  Rollover is 
allowed. 

 
 SHW3 (bits 23 to 0)  YYMMDD, Time Code Field, a BCD 

representation of the year (YY), month (MM), and 
day (DD).  YYMMDD Time Code Field is 
updated during the record process once per 
second. 

 
 SHW4 (bits 23 to 0)  HHMMSS, Time Code Field, a BCD 

representation of the hour (HH), minute (MM), 
and second (SS).  The HHMMSS Time Code Field 
is updated during the record process once per 
second. 

 
  SHW5 (bits 23 to 0)  BMD, Block Marker Divisor, a 24-bit binary 

value.  BMD is established so that the block 
marker frequency, BM, may be derived from MC 
by BM = MC/BMD 
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 SHW6 (bit 23)  MCS, Master Clock Source, a 1-bit flag. 
      1 = MC was generated internally. 
                                     0 = MC was provided from an external source. 
 
   (bits 22 to 19) Q, Number of active channels minus one, a 4-bit 

binary value.  For example, 0 indicates that one 
channel is active. 

 
   (bits 17 to 18) SP1, Spare field 1, a 2-bit field.  It is set to zero. 
 
   (bits 16 to 0)  SST, Session Start Time, a 17-bit binary value in 

units of seconds.  The integer number of seconds 
represents the session start time of day in seconds, 
where midnight starts with zero. 

 
 SHW7 (bits 23 to 16) User Defined, an 8-bit field.  May be input by the 

user at any time during a recording session.  The 
interpretation of this bit field is left to the user. 

 
   (bits 15 to 6)  SP2, Spare field 2, a 10-bit field.  It is set to zero. 
 
   (bits 5 to 0)  VR, Version number, a 6-bit binary value.  Each 

update of the ADARIO format will be identified by 
a unique version number. 

 
3.  Channel ‘n’ Header  All channel headers contain five 24-bit ADARIO 

words with the following fixed format.  The first 
logical channel, n=1, has the highest priority and its 
channel packet starts in the ninth word of the data 
block.  Each active channel is represented by a 
channel packet that is present in the data block.  
The logical channel number, n, represents the 
relative priority of the channel and the order in 
which it appears in the data block. 
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 CnHW0 (bits 23 to 20) CH#, Physical Channel Number, a 4-bit binary 

value.  0 to 15 represents the physical location of 
the channel electronics in the ADARIO hardware.  
The user sees those locations labeled from 1 to 16. 

 
    (bits 19 to 16) FMT, Format code for the channel data word, a 4-

bit binary value.  The format code is used to define 
the size of the user data word by means of the 
following table: 

 
      15=24 bits             7=8 bits 
      14=22 bits             6=7 bits 
      13=20 bits             5=6 bits 
      12=18 bits             4=5 bits 
       11=16 bits             3=4 bits 
        10=14 bits             2=3 bits 
         9=12 bits             1=2 bits 
         8=10 bits             0=1 bit 
 
   (bits 15 to 5)  WC, Word Count, an 11-bit binary value.  WC is 

the number of full channel data words that should 
be in the nth channel packet.  WC may range from 
0 to 2040.  A WC greater than the number of 
actual words in channel packet indicates a data rate 
overflow, which would occur when a low-priority 
channel is not provided sufficient space in the fixed 
length data block as a result of an uncontrolled 
data rate in a higher priority channel. 

 
   (bits 4 to 0)  PWS, Partial Word Status, a 5-bit binary value.  

PWS is related to the number of samples in the 
partial word and may range from 0 to 23.  PWS 
shall be computed as follows: 

      If the number of full samples in the partial word 
equals zero, then PWS = 0. 

      If the number of full samples in the partial word 
does not equal zero, then PWS = Round Up 
[Unused bits In PW/Channel Sample Size]. 
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 CnHW1 (bit 23)  IE, Channel Clock Source, a 1-bit flag. 
      1 = The channel clock was generated internally. 
      0 = The channel clock was provided from an 

external source. 
 
   (bit 22)  DA, Data type, a 1-bit flag. 
      1 = The channel is operated as a digital channel. 
      0 = The channel is operated as an analog channel. 
 
    (bit 21)  ROVR, Rate overrun in previous block, a 1-bit 

flag. 
      1 = The nth channel packet in the previous data 

block experienced an overrun. 
       0 = The nth channel packet in the previous data 

block did not experience an overrun. 
 
   (bit 20)  AOVR, Analog A/D Overrange in current block a 

1-bit flag. 
       1 = The nth channel in the current data block 

experienced an analog-to-digital conversion 
overrange condition. 

       0 = The nth channel in the current data block did 
not experience an analog-to-digital conversion 
overrange condition. 

 
   (bit 19)  NSIB, No samples in current block, a 1-bit flag. 
      1 = TRUE, there are no samples for the nth 

channel in the current block. 
      0 = False, there are samples for the nth channel in 

the current block. 
 

The definitions that are marked with an asterisk apply to analog 
channels and to particular hardware implementations of ADARIO.  
For the purposes of this standard these fields are not used. 
 

 
   (bits 18 to 0)  RATE, Channel sample rate indicator, 19-bit 

binary value.  The interpretation of the rate value 
depends on the condition of IE, the channel clock 
source flag. 

NOTE
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If  IE = 1, then the value of rate is carried by the 
16 LSBs of the rate field.  Using rate, the 
frequency of the internal channel clock can be 
found by internal sample clock = (MC/RATE) -1. 

 
      IF IE = 0, then rate is a 19-bit binary value in units of 

250 Hz which equals the frequency of the external 
channel clock as provided by the user at the time of 
the setup. 

 
* CnWD2 (bits 23 to 16) FB, Filter Bandwidth, an 8-bit binary value.  The 

formula for the bandwidth, BW, of the anti-aliasing 
filter used in an analog channel incorporates FB as 
BW = (FB/2) X 103+FR 

 
   (bits 15 to 0)  TD, Time Delay to first sample, a 16-bit binary 

value.  TD is a measure of the time delay from the 
block marker, BM, to the first sample arriving at 
the nth channel during the current data block 
interval.  TD is expressed as the number of master 
clock, MC, periods minus one. 

  
* CnWD3 (bits 23 to 22) FR, Filter Range, a 2-bit binary value.  The formula 

for the bandwidth, BW, of the anti-aliasing filter 
used in an analog channel corporates FR as BW = 
(FB/2) X 103+FR 

 
   (bits 21 to 17) ATTEN, Attenuation, a 5-bit binary value.  ATTEN 

represents the setting of the input attenuator (or gain) on 
the nth channel at the time that the record was formed 0=-
15dB and 31 = +16dB with intermediate settings expressed 
in one dB steps. 

 
   (bit 16)  DCAC, Analog signal coupling, a 1-bit flag. 
      1 = The channel is operated with dc coupling at the 

input. 
      0 = The channel is operated with ac coupling at the input. 
 
   (bits 15 to 8)  CHP,  Channel Parameter field, an 8-bit field.  The 

interpretation of the CHP field depends upon the 
card type with which it is associated, as defined by 
the CHT field.  Each card type established by the 
CHT field, as part of its definition, shall specify the 
form and interpretation of the CHP field.  To date, 
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four input card types have been established.  The 
following CHP fields are defined as 

 
     * For CHT=0 
   (bits 15 to 8)  remain undefined for the present analog single 

channel implementation except that the present 
hardware implementation expects an all zero field. 
Would be subject to future definition as long as all 
the zero fill is set aside. 

 
     * For CHT=1 
   (bits 15 to 8)  remain unused for the present digital single channel 

implementations except that the present hardware 
implementation expects an all zero field.  Would be 
subject to future definition as long as the all zero 
fill is set aside. 

 
     * For CHT=2 
   (bits 15 to 8)  remain unused for the present dual-purpose 

channel implementations except that the present 
hardware implementation expects an all zero field. 
Would be subject to future definition as long as the 
all zero fill is set aside. 

 
      For CHT=3 
   (bits 15 to 12)  establish the number of subchannels that are 

multiplexed into the multichannel data carried by 
the nth channel. 

 
   (bits 11 to 8)  identify the subchannel number of the first sample 

contained in the nth channel packet of the data 
block. 

 
   (bits 7 to 6)  SP3, Spare field 3, a 2-bit field.  It is set to zero. 
 
   (bits 5 to 0)  CHT, Channel Type, a 6-bit field.  Defines the type 

of channel through which input data was acquired. 
 Additional channel types to be defined by future 
users and developers. 

 
    * CHT=0  Single channel analog input 
    * CHT=1  Single channel digital input 

• CHT=2  Single channel, dual-purpose, analog or 
     digital input 
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    * CHT=3  Multichannel analog input capable of 

multiplexing up to 16 analog inputs 
    * CHT=4  Single channel digital input, dual  

           channel analog input (stereo) 
           “L” Channel on bits 15 to 8 of the sample word, 

“R” channel on bits 7 to 0 of the sample word 
    *  CHT=5  Single channel, triple-purpose, analog, 

digital, submux, formatted input 
 
 CnWD4 (bits 23 to 0)  PW, Partial Word, A 24-bit field.  PW contains the 

last samples of the data block. The most significant 
bits of word contain the first sample, followed by 
the next sample in the next most significant bits.  
The number of samples in the PW is defined in the 
PWS field.  The unused bits are not intentionally 
set and so contain random data. 

 
 Fill  (bits 23 to 0)  Fill, Fill Words consisting of all ones binary, used 

for fixed rate aggregate.  Fill words may be 
omitted when variable rate aggregate can be 
accommodated resulting in variable length blocks 
of up to 2048, 24-bit words. 

 
 

SUBMUX  DATA  FORMAT  FIELD  DEFINITIONS 
 
 The details of the submux data format are shown in figures G-4a and b and defined 
in the Submux Data Format Field Definitions Summary.  Figure G-5 shows a typical 
primary channel aggregate data content for fixed and variable rate channel.  Submux data 
format is based on the sequential collection of the individual channel data blocks.  Each 
channel data block is the sequential collection of presented input samples in a fixed 
period of time.  This sequential collection results in a variable length, fixed rate, and 
channel data blocks.  To accommodate fixed rate channels, fill is also defined.  The 
aggregate data stream is composed of a block sync timing channel, followed by 
sequential channel data blocks, if enabled, followed by fill, if required, at fixed block rate. 
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 The channel data blocks are the sequential collection of input samples bit packed 
into sequential 16-bit words over the block period of time.  The data block is preceded 
by a three-word header that identifies the source (channel ID) of data, channel type of 
processing, packing format in the data block, bit count length of the valid data, and the 
time delay between the first sample and the block period.  If data were internally 
sampled, the sample period is defined with the first sample being coincident with the start 
of block period.  Channel type is used to define specific types of channels that provide 
timing, annotation, and synchronization functions that may be required by the specific 
primary channel or may be redundant and not required.  Specific implementation of the 
required channels may provide only the required channels with specific implementation 
constraints that limit the aggregate rate or the range of any specific field. 
 
 The submux format is based on a 16-MHz clock defining all timing.  The derived 
clock is the 16-MHz clock divided in binary steps as defined by 2

BRC
 that defines all 

timing and internal sampling.  Block period is 20 160 derived clock periods which limits 
the submux aggregate to 256 Mbps, limits the maximum block rate to 793.65 blocks per 
second, and in conjunction with a 16-bit bit count field, limits the subchannel maximum 
data rate to 52 Mbps. 

 
 

SUBMUX  DATA  FORMAT  FIELD  DEFINITIONS SUMMARY 
 
1.  Frame length  Variable or fixed with fill.  Minimum is 3-word block sync plus 

one channel block, maximum is 20 160x16-bit words. 
 
2.  Block length  Variable from 3x16-bit words to 4099x16-bit words per channel 

data block.  Specified by CHT>0 and integer of 
(Bit_Count+15/16).  May be limited by implementation. 

 
3.  Block Sync  Defined by Channel ID = 31, 3-word block, 2-word sync. Defines 

a period of 20 160 derived clocks. 
 
4.  General Form All Channel data blocks contain this information in the 3-word 

header. 
 
 HW1 (bits 15 to 11) CHN ID, Channel ID number, from 0 to 30 binary number 

represents normal channel of any type.  CHN ID = 31 
reserved for Block Sync. 

 
   (bits 10 to 8) CHT, Channel Type, from 0 to 7 defines type of 

processing performed on the data and the format of header 
word fields. 
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 CHT = 0   Timing channel, block sync or time tag, 3-word only 

 CHT = 1   Annotation text or block count, variable length 
 CHT = 2   Digital serial external or internal clock, variable 
 CHT = 3   Digital parallel external clock, variable 
 CHT = 4   Analog wide band, variable 
 CHT = 5   Analog stereo, variable 
 CHT = 6   TBD (to be defined by future implementation) 
 CHT = 7   TBD 
 
 
 Variable length  General form with variable data block length 
 HW1  (bits 15 to 11) CHN ID, Channel ID number, from 0 to 30 binary number 

represents normal channel of any type. 
    (bits 10 to 8) CHT, Channel Type, from 1 to 7 defines type of 

processing performed on the data and the format of header 
word fields. 

    (bits 7 to 4) FMT, Format, defines the number of bits minus one in 
each sample.  Data block sample size   (bits)  =  (FMT+1). 
 Range 0 to 15, binary format. 

    (bits 3 to 0) ST1 to ST4, status bits, define dynamic conditions within 
this block period such as over range. 

 
 HW2 (bits 15 to 0) Bit_Count defines the number of valid data bits in the data 

block starting with the most significant bit of the first data 
word DW1.  Variable word length of the data block is the 
Integer of ((Bit_Count + 15)/16).  Range 0 to 65535, 
binary format. 

 HW3 (bit 15)  I/E, Internal / External clock 
  (bits 15 to 0) Depends on CHT field, defines block count, time delay, or 

sample period. 
 
5.  Block Sync   Defines the start of channel data blocks and start of block 

period that lasts for 20 160 derived clocks. 
 
 HW1 (bits 15 to 0) SYNC 1 = F8C7 hex, defines the first sync word. 
 HW2 (bits 15 to 0) SYNC 2 = BF1E hex, defines the second sync word. 
 HW3 (bits 15 to 13) BRC, Block Rate Clock, defines the binary divisor for the 

16 MHz system clock.  Derived CLK = 16 MHz / 2
BRC

 
MHz.  Block rate = Derived CLK / 20160 Hz.   Period = 1 
/ Derived CLK. 

  (bit 12)  FILL, indicates if the primary channel requires fill for 
constant rate. 

  (bits 11 to 4) TBD 
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  (bit 3)  AOE, Aggregate Overrun Error if set indicates that the 
aggregate of the enabled channels exceeds the submux 
aggregate (data truncated to 20 160 words between sync).  

  (bit 2)  PCRE, Primary Channel Rate Error if set indicates that 
primary channel is unable to maintain the aggregate rate of 
the submux. Excess blocks are truncated. 

  (bits 1 to 0) ST3, ST4, Status reserved. 
 
6.  Time Tag  Defines the time tag channel for time stamping the frame. 
 
 HW1 (bits 15 to 11) CHN ID, Channel ID number, from 0 to 30 binary number 

represents normal channel. 
  (bits 10 to 8) CHT = 0, Channel Type = 0, Time Tag IRIG Time code 

processing and 3-word format. 
 HW (bits 7 to 0) DAYS, Most significant 8 bits of Time Code Days field. 

BCD format. 
  (bits 15 to 14) DAYS, Least significant 2 bits of Time Code Days field. 

BCD format. 
  (bits 13 to 8) HOURS, Time Code Hours  6 bit field.  BCD format. 
 
 HW  (bits 7 to 0) MINUTES, Time Code Minutes 7 bit field. BCD format. 
  (bits 15 to 8) SECONDS, Time Code Seconds 7 bit field. BCD format. 
   (bits 7 to 0) FRACTIONAL SECONDS, Time Code Fractional 

Seconds 8 bit field. BCD format. 
 
7.  Annotation  Defines block count and annotation text that pertains 
 Text   to the subchannels at this time. 
 
 HW1 (bits 15 to 11) CHN ID, Channel ID number, from 0 to 30 binary number 

represents normal channel. 
   (bits 10 to 8) CHT = 1, Channel Type = 1, Block Count and Annotation 

Text if any. 
   (bits 7 to 4) FMT = 7, Format = 7 , defines 8 bit ASCII character in 

text. 
  (bit 3 )  NC, No Characters (Bit_Count = 0) Block count only. 
  (bits 2 to 0) OVR, PE, OE, Overrun Parity and async framing error. 
 HW (bits 15 to 0) Bit_Count defines the number of valid data bits in the data 

block starting with the MSB of the first data word DW1.  
Variable word length of the data block is the Integer of 
((Bit_Count + 15)/16).  Range 0 to 65 535, binary format. 

HW  (bits 15 to 0) Block_Count sequential block numbering with rollover at 
maximum.  Range 0 to 65 535, binary format. 

 DW1 (bits 15 to 8) 1st CHARACTER, first text character. 
 DW (bits 8 or 0) Last CHARACTER, LSB is defined by the Bit Count. 
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8. Digital Serial Defines digital serial data such as PCM externally 
    External CLK clocked. 
 
 HW1 (bits 15 to 11) CHN ID, Channel ID number, from 0 to 30 binary number 

represents normal channel. 
   (bits 10 to 8) CHT = 2, Channel Type = 2, digital serial or data and 

clock over sampled data. 
  (bits 7 to 4) FMT = 0 Format = 0, defines 1-bit data samples. 
  (bit 3 )  NSIB, No Samples In Block (Bit_Count=0) header only. 
  (bit 2 )  OVR, Overrun indicates that input is clocking at faster 

than specified rate.  Data is truncated at specified bit rate 
(Bit Count per Block). 

 HW (bits 15 to 0) Bit_Count, defines the number of valid data bits in the 
data block starting with the most significant bit of the first 
data word DW1. Variable word length of the data block is 
the Integer of ((Bit_Count + 15)/16).  Range 0 to 65 535, 
binary format.  Limited by set maximum rate. 

 HW (bit 15 )  I/E = 0, Internal / External clock flag indicates that 
external clocking was used with relative phasing to block 
as specified in next field. 

  (bits 14 to 0) Time Delay provides the measure of time between start of 
block period and the first external clock in derived clock 
periods.  Range 0 to 20 160, binary format. 

  DW1  (bit 15)  DS
1
, first data sample at the first clock time in the block. 

  Dwn  (bit L)  DS
L
, last data sample in this block period. 

 
9.  Digital Serial  Defines digital serial data low rate (> 2 samples per block period) 
      Internal CLK internally oversampled. 
 
 HW1 (bits 15 to 11) CHN ID, Channel ID number, from 0 to 30 binary number 

represents normal channel. 
   (bits 10 to 8) CHT = 2, Channel Type = 2, Digital serial or data and 

clock over sampled data. 
  (bits 7 to 4) FMT = 0 Format = 0, defines 1-bits data samples. 
  (bits 3 to 0) 0, reserved. 
  HW2  (bits 15 to 0) Bit_Count defines the number of valid data bits in the data 

block starting with the most significant bit of the first data 
word DW1. Variable word length of the data block is the 
Integer of ((Bit_Count + 15)/16).  Range 0 to 65 535, 
binary format.  Limited by set maximum rate. 

 HW3  (bit 15 )  I/E = 1, Internal Sampling flag indicates that internal 
sampling was used as specified in next field. 

   (bits 14 to 9) TBD 
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   (bits 8 to 0)   SAMPLE PERIOD, defines the period of the over-

sampling clock that samples data and clock, in derived 
clock periods.  Range 0 to 4 mega samples per second, 
binary format. 

 DW1 (bit 15)  DS
1
, first data sample at block time. 

   (bit 7)  CS
1
, first clock sample at block time. 

 DWn  (bit 8 )  DS
L
, last data sample in this block period. 

  (bit 0)  CS
L
, last clock sample in this block period. 

 
10.  Digital Parallel Defines digital data including serial externally clocked. 
       External CLK   
 
 HW1 (bits 15 to 11) CHN ID, Channel ID number, from 0 to 30 binary number 

represents normal channel. 
  (bits 10 to 8) CHT = 3, Channel Type = 3, Digital parallel or serial data. 
  (bits 7 to 4) FMT, Format, defines the number of bits minus one in 

each sample.  Data block sample size   (bits) = (FMT+1).  
Range 0 to 15, binary format. 

  (bit 3 )  NSIB, No Samples In Block (Bit_Count = 0) Header only. 
   (bit 2 )  OVR, Overrun indicates that input is clocking at faster than 

specified rate.  Data is truncated at specified bit rate (Bit 
Count per Block). 

  HW2  (bits 15 to 0) Bit_Count defines the number of valid data bits in the data 
block starting with the most significant bit of the first data 
word DW1.  Variable word length of the data block is the 
Integer of ((Bit_Count + 15)/16).  Range 0 to 65 535, 
binary format.  Limited by set maximum rate. 

 HW3 (bit 15 )  I/E = 0, Internal / External clock flag indicates that 
external clocking was used with relative phasing to block 
as specified in next field.  

  (bits 14 to 0) Time delay provides the measure of time between start of 
block period and the first external clock in derived clock 
periods. Range 0 to 20 160, binary format. 

 DW1  (bit 15)  DS
1
, MSB of the first data sample at the first clock time in the 

block. 
  DWn  (bit L)  DS

L
, LSB of the last data sample in this block period. 

 
11.  Analog   Defines analog wide band data using a sampling A/D and internal  
 Wide Band  block synchronous clock. 
 
 HW1 (bits 15 to 11) CHN ID, Channel ID number, from 0 to 30 binary number 

represents normal channel. 
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   (bits 10 to 8) CHT = 4, Channel Type = 4, analog wide band sampled 
data. 

   (bits 7 to 4) FMT, Format, defines the number of bits minus one in 
each sample. Data block Sample Size   (bits) = (FMT+1).  
Range 0 to 15, binary format.  Limited by the A/D 
resolution. 

  (bit 3 )  AOR, Analog over range (A/D 4-msb = F). 
  (bits 2 to 0) ST2 to ST4, reserved status 
 HW2  (bits 15 to 0) Bit_Count defines the number of valid data bits in the data 

block starting with the MSB of the first data word DW1.  
Variable word length of the data block is the Integer of 
((Bit_Count + 15)/16).  Range 0 to 65 535, binary format. 
 Limited by set maximum rate. 

 HW3  (bit 15 )  I/E = 1, Internal Sampling flag indicates that internal 
sampling was used as specified in next field. 

  (bits 14 to 12) TBD 
  (bits 11 to 0) Sample Period defines the period of the over-sampling 

clock that samples data and clock, in derived clock 
periods.  Range 0 to 4m samples per second, binary 
format. 

 DW1  (bit 15)  DS
1
, MSB of the first data sample at the first clock time in 

the block. 
  DWn  (bit L)  DS

L, LSB of the last data sample in this block period. 
 
12.  Analog Stereo Defines analog stereo data using a sigma-delta A/D and internal 
 "L" & "R"  block synchronous clock with tracking Finite Impulse Response 
    (FIR) filter. 
 
 HW1  (bits 15 to 11) CHN ID, Channel ID number, from 0 to 30 binary number 

represents normal channel. 
  (bits 10 to 8) CHT = 5, Channel Type = 5, Analog stereo voice band 

data. 
   (bits 7 to 4) FMT, Format defines the number of bits minus one in each 

sample.  Data block sample size   (bits) = (FMT+1).  
Range 0 to 15, binary format. Limited by the A/D 
resolution. 

  (bit 3 )  LAOR, left subchannel over range. 
  (bit 2 )  RAOR, right subchannel over range. 
  (bits 1 to 0) ST2 to ST4, reserved status. 
 HW2  (bits 15 to 0) Bit_Count defines the number of valid data bits in the data 

block starting with the MSB of the first data word DW1.  
Variable word length of the data block is the Integer of 
((Bit_Count + 15)/16).  Range 0 to 65 535, binary format. 
 Limited by set maximum rate. 
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 HW3  (bit 15 )  I/E = 1, Internal Sampling flag indicates that internal 
sampling was used as specified in next field. 

  (bit 14)  ENL, Enable Left subchannel. 
  (bit 13)  ENR, Enable Right subchannel. 
  (bit 12)  TBD 
  (bits 11 to 0)  Sample period defines the period of the over-sampling 

clock that samples data and clock, in derived clock 
periods.  Range 3.76 to 40K samples per second, binary 
format. 

 DW1 (bit 15)  DS
1
, MSB of the first data sample left subchannel if 

enabled.  
   (bit 15-   DS

1, MSB of the first data sample right 
  FMT-1)  subchannel if enabled, else second sample. 
  DWn  (bit L)  DS

L
, LSB of the last data sample in this block period. 

 
13.  Fill  Defines fill word that can be inserted at the end of all channel data 

blocks if required by the constant rate primary channel. 
 
 Fwx (bits 15 to 0) FILL, defined as FFFF hex word.



 
 

 

 
 
 
    16 BITS 
    15 14 13 12 11 10 9 8 7 6 5 4 3 2 1 0 
 
General Form HW1 CHN ID CHT FMT ST1 ST2 ST3 ST4 
   HW2   
   HW3 I/E TIME DELAY or SAMPLE PERIOD 
 
Frame Sync HW1 CHN ID = 1F CHT = 0 SYNC 1 = F8C7 hex (full word) 
   HW2 SYNC 2 = BF1E hex 
   HW3 BRC FILL         AOE PCR ST3 ST4 
 
Time Tag HW1 CHN ID = 0 to 30 CHT = 0 MSB                    DAYS (BCD) 
   HW2 DAYS  lsb         HOURS (BCD)           lsb            MINUTES (BCD)                 lsb 
   HW3               SECONDS (BCD)              lsb            FRACTIONAL SECONDS            lsb 
 
Annotation HW1 CHN ID = 0 to 30 CHT = 1 FMT = 7 NC OVR PE OE 
  Text HW2 BIT_COUNT 
   HW3 BLOCK COUNT 
   DW1 msb           1ST CHARACTER              lsb msb  2ND CHARACTER  1sb 
    :   
   DWn msb           Last CHARACTER             lsb UNDEFINED  if not last 
 
Digital Srl. HW1 CHN ID = 0 to 30 CHT = 2 FMT = 0 NSIB OVR ST3 ST4 
 Ext. CLK HW2 BIT_COUNT = L 
   HW3 I/E=0 TIME DELAY 
   DW1 DS1 DS2 DS3 DS4 DS5 DS6 DS7 DS8 DS9 DS1 DS1 DS1 DS1 DS1 DS1 DS1 
    :   
   DWn       DSL-1 DSL UNDEFINED  if not last 
  
  Figure G-4a.  Submux data format. 
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 15 14 13 12 11 10 9 8 7 6 5 4 3 2 1 0 
 
Digital Srl. HW1 CHN ID = 0 to 30 CHT = 2 FMT = 0 0 0 ST3 ST4 
 Int. CLK HW2 BIT_COUNT = L 
   HW3 I/E=1       SAMPLE PERIOD 
   DW1 DS1 DS2 DS3 DS4 DS5 DS6 DS7 DS8 CS1 CS2 CS3 CS4 CS5 CS6 CS7 CS8 
    :   
   DWn DSL-7 DSL-6 DSL-5 DSL-4 DSL-3 DSL-2 DSL-1 DSL CSL-7 CSL-6 CSL-5 CSL-4 CSL-3 CSL-2 CSL-1 CSL 

 
Digital Prl. HW1 CHN ID = 0 to 30 CHT = 3 FMT=0 to 15 (shown =6) NSIB OVR ST3 ST4 
 Ext. CLK HW2 BIT_COUNT = L 
   HW3 I/E=0 TIME DELAY 
   DW1 MSB   1ST  SAMPLE   MSB   2ND SAMPLE   3RD SAMPLE 
    :   
   DWn  MSB      Last SAMPLE          LSB=bit L UNDEFINED  if not last 
 
Analog HW1 CHN ID = 0 to 30 CHT = 4 FMT=0 to 15 (shown =7) AOR ST2  ST3 ST
   Wide Band HW2 BIT_COUNT = L 
   HW3 I/E=1    SAMPLE PERIOD 
   DW1 MSB   1ST SAMPLE MSB            2RD SAMPLE                 
    :   
   DWn MSB            Last SAMPLE          LSB=bit L UNDEFINED  if not last 
 
Analog  HW1 CHN ID = 0 to 30 CHT = 5 FMT=0 to 15 (shown =7) LAO RAO ST3 ST
   Stereo HW2 BIT_COUNT = L 
   "L" & "R" HW3 I/E=1 ENL ENR  SAMPLE PERIOD 
   DW1 MSB   1ST SAMPLE “L” MSB   1ST SAMPLE “R” 
    :   
   DWn MSB            Last SAMPLE          UNDEFINED  if not last 
 
Fill FW Fill Word = FFFF hex 
 
Figure G-4b.  Submux data format.

G
-21 



 
  

      G-22 

 
Fixed Rate 
 Channel 

  Variable Rate 
 Channel 

  

Frame 1 Block 
 Sync 

  Frame 1 Block 
 Sync 

  

 CHN #0 
 
 
 

   CHN #0 
 
 
 

  

 CHN #1 
 
 
 

   CHN #1 
 
 

  

 CHN #3 
 

   CHN #3 
 

  

 CHN #17 
 
 

   CHN #17 
 
 

  

 CHN #18 
 
 

   CHN #18 
 
 

  

 FILL       
Frame 2 Block 

 Sync 
  Frame 2 Block 

 Sync 
  

 CHN #0 
 
 
 

   CHN #0 
 
 
 

  

 CHN #1 
 
 
 

   CHN #1 
 
 
 

  

 CHN #3 
 

   CHN #3 
 

  

 CHN #17 
 
 

   CHN #17 
 
 

  

 CHN #18 
 
 

   CHN #18 
 
 

  

 FILL       
 
 Figure G-5.  Submux aggregate format. 
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APPENDIX H 
 
 

APPLICATION OF THE 
TELEMETRY ATTRIBUTES TRANSFER STANDARD 

 
 
 Interchange of telemetry attributes occurs between vehicle instrumentation 
organizations (the source) and the telemetry ground stations (the destination).  
Interchange may also take place between ranges. The typical elements of this process are 
 

• data entry system 
• source data base 
• export program 
• interchange medium [this standard] 
• import program 
• destination data base 
• telemetry setup system 
• telemetry processing equipment 

 
 These elements are depicted in figure H-1 and are defined next. 
  
1.  The data entry system is the source organization's human interface where telemetry 
attributes are entered into a computer-based system.  (Not affected by this standard.) 
 
2.  The source database is where telemetry attributes are maintained in a form 
appropriate to the local organization's needs.  (Not affected by this standard.) 
 
3.  The export program converts the telemetry attributes from the source database 
format to the format defined by this standard and stores them on the interchange 
medium. 
 
4.  The interchange medium contains the telemetry attributes being transferred from the 
source organization to the destination organization.  Format and contents are defined by 
this standard.   
 
5.  The import program reads the standardized interchange medium and converts the 
attributes to the destination data base format in accordance with local needs, system 
characteristics, and limitations. 
 
6.  The destination data base is where telemetry attributes are maintained in a form 
suitable to the local ground station's needs.  (Not affected by this standard.) 
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7.  The telemetry setup system accesses the destination database to load the telemetry 
processing equipment.  (Not affected by this standard.) 

Human 
Interface 

Data Entry 
System A 

Source A 
Database 

Export 
Program A 

Export 
Program B 

Source B 
Database 

Data Entry 
System B 

Human 
Interface 

Source Organization A 

Source Organization B 

Standardized 
Interchange Medium

Standardized 
Interchange Medium 

Destination Organization X 

Telemetry 
Equipment X 

Telemetry Setup 
X 

Destination 
Database X 

Import Program 
X 

Import 
Program Y 

Destination 
Database Y 

Telemetry Setup 
Y 

Telemetry 
Equipment Y 

Destination Organization Y 

Figure H-1.  Typical elements of the telemetry attributes transfer process. 
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8.  The telemetry processing equipment is where the attributes will ultimately be used to 
properly handle the data being transmitted.  (Not affected by this standard.) 
 
 The interchange medium is intended as a standard means of information exchange. 
 The source and destination organizations are not constrained by this standard as to how 
the attributes are stored, viewed, used, or maintained. 
 
 To use the attribute transfer standard, import and export software must be 
developed.  Once in place, these programs should eliminate the need for test item or 
project specific software at either the supplying (source) organizations or the processing 
(destination) organizations. 
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APPENDIX  I 
 
 

TELEMETRY ATTRIBUTES TRANSFER STANDARD 
COVER SHEET 

 
 
     Each attribute transfer file (disk or tape) should be accompanied by a cover sheet 
describing the originating agency's computer system used to construct the attribute file.  
The recommended format for this cover sheet is given here. 
 
 

Telemetry Measurement Attributes Transfer Standard 
 
 
    Date: MM\DD\YY 
 
    From: Name 
 
     Address 
 
     Telephone 
 
 
    To: Name 
 
     Address 
 
     Telephone 
 
 
 Originating computer system: 
 
 Computer make and model: 
 
 Medium characteristics: 
 
 Description: 
 
 Comments: 
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APPENDIX  J 
 
 

TELEMETRY ATTRIBUTES TRANSFER STANDARD 
FORMAT EXAMPLE 

 
 
 The following example is for illustrative purposes and is by no means a complete 
attributes file; it is representative of the types of information likely to be transferred.  
Many attributes are purposely omitted to simplify the example.  In some of the groups, 
only those entries necessary to link to other groups are provided.  Attributes, which link 
the various groups together, are indicated in boldface. 
 
 Selected attributes are described in text form as an aid to following the example.  
All text, which describes the example, is printed in italics.  All text, which is part of the 
example file, is printed in plain text. 
 
 The example file being transferred consists of the attributes of a single RF data 
source and an analog tape containing two data sources.  The RF data source is a PCM 
signal, which contains an embedded asynchronous wave train.  The two recorded data 
sources are PCM signals:  one is an aircraft telemetry stream, and the other is a radar 
data telemetry stream.  Figure J-1 shows the example file in terms of the attribute groups 
and their interrelationships.  Refer to the attribute tables while reviewing the example. 
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  Figure J-1.  Group linkages. 
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General Information Group (G) 
 
 
 Program name,  test name,  origination date,  revision number: 0,  
 test number:  13. 
 
G\PN: TMATS example; G\TA: Wright Flyer; G\OD: 07-12-41; G\RN:0; G\TN:13; 
G\POC1-1: Wilbur; G\POC2-1: Bikes,LTD; G\POC3-1: Dayton; 
G\POC4-1: 555-1212; 
 
 Live data source. 
 
G\DSI-1:PCM w/embedded; G\DST-1:RF;  
 
 Tape source. 
 
G\DSI-2:Two PCM links - TM & TSPI; G\DST-2:TAP; 
G\COM: I hope this flies.; G\POC1-2: Orville; 
G\POC2-2:Bikes,LTD; G\POC3-2: Dayton; G\POC4-2: 555-1212; 
 
 
Transmission Attributes Group (T-1) 
 
 
 Frequency: 1489.5,  RF bandwidth: 100,  data bandwidth: 100; 
 not encrypted, modulation type: FM,  total carrier modulation: 500, 
 no subcarriers, transmit polarization: linear. 
 
T-1\ID:PCM w/embedded; T-1\RF1:1489.5; T-1\RF2:100; T-1\RF3:100;  
T-1\RF4:FM; T-1\RF5:500; T-1\SCO\N:NO; T-1\AN2:LIN; T-1\AP\POC1:  
Pat Tern; T-1\AP\POC2:Transmissions,Inc.;  
T-1\AP\POC3:Amityville,NY; T-1\AP\POC4:800-555-1212; 
 
 
Tape Source Attributes Group (R-1) 
 
 
R-1\ID:Two PCM links - TM & TSPI; 
R-1\R1:Reel #1; R-1\TC1:ANAL; R-1\TC2:ACME; R-1\TC3:795; 
 
 Tape width: 1 inch, reel diameter:  14 inches,  14 tracks, 
 record speed: 7.5 inches/second. 
 
R-1\TC4:1.0; R-1\TC5:14.0; R-1\N:14; R-1\TC6:7.5; 
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 Rewound: Yes,  manufacturer: ZZ;  model: 13,  original: yes. 
 
R-1\TC8:Y; R-1\RI1:ZZ; R-1\RI2:13; R-1\RI3:Y;  
R-1\RI4:07-12-91-07-55-59; R-1\POC1:Mr. Reel; R-1\POC2:Tape Creations; R-
1\POC3:Anywhere,Ttown; R-1\POC4:555-1212; 
 
 Track Number 2 contains aircraft telemetry PCM (w/subframe  
 fragmented) 
 
R-1\TK1-1:2; R-1\TK2-1:FM/FM; 
R-1\DSI-1:PCM w/subframe fragmented; R-1\TK3-1:FWD; 
 
 Track Number 4 contains Space Position Information via PCM link 
 
R-1\TK1-2:4; R-1\DSI-2:Space Position Information; 
 
 
Multiplex/Modulation Groups (M-1, M-2, M-3) 
 
 
 Baseband type: PCM, modulation sense: POS,  baseband data: PCM,  
 low pass filter type: constant amplitude 
 
M-1\ID:PCM w/embedded; M-1\BB1:PCM; M-1\BB2:POS; M-1\BSG1:PCM; 
M-1\BSF2:CA; 
M-1\BB\DLN:PCM w/async; 
 
M-2\ID:PCM w/subframe fragmented; M-2\BB\DLN:PCM1; 
 
M-3\ID:Space Position; M-3\BB\DLN:SPI; 
 
_________________________________________________________________ 
 
PCM Format Attributes Groups (P) 
 
 P-1 is a live PCM signal and contains the asynchronous wave 
 train (see figure J-2). 
 
 P-2 is a recorded signal (see figure J-3). 
 
 P-3 is the asynchronous wave train (see figure J-4). 
 
 P-4 is a recorded signal. 



 

 

  
 
 
 
 
 
 
 
 
 
 
 
 
 
   
     Major frame characteristics 
      one major frame = 16 minor frames 
      Word lengths     = 10 bits (default value) except  
         Word 10 has 8 bits 
         and Word 11 has 12 bits.  
 
     a = measurement E1250T at minor frame position 39 
     b = measurement W862P in subframe SUB42, position 8. 
 
    PCM Format Group = P-1 
    PCM Measurement Description Group = D-2 
    Data Link Name = PCM w/async 
 
 
  Figure J-2.  PCM format for PCM w/async. 
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     Major frame characteristics: 
      One major frame = 64 minor frames 
      Subframes SUB113 and SUB121 are 32 deep  
      ID counter counts 0 - 63  
      Word lengths = 10 (default value) except  
        Word 121 has 6 bits   
        and Word 122 has 4 bits.   
 
     Measurement 82AJ01 is 16 bits, which is fragmented with the 10 most  
     significant bits indicated as M and the 6 least significant bits as L. 
     The measurement is located in position 5 of subframes SUB113 and SUB121  
      (minor frames 5 and 37 of the major frame).   
 
    PCM Format Group = P-2  
    PCM Measurement Description Group = D-3  
    Data Link Name = PCM1  
 Figure J-3.  PCM format for PCM1. 
 

Sync   1    2    3   .  .  .   12     13     14   .  .  .   113    114   .  .  .   120    121   122   .  .  .   276 
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64 
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121 

 :::::::::::::::::::::::::::::::::::::::::::::::::::::::::::::::::::::::                 :::::::::::::::::::::                  ::::::::::::::::::::::::::::::::::::::::::::::::::::                 ::::::::::::::::::::::::::::::::::::::::::: :::::::::::::::::::::::::::::::::::::::::::::::::::::::::::::::::::::::                 ::::::::::::::::::::                   :::::::::::::::::::::::::::::::::::::::::::::::::::                  ::::::::::::::::::::::::::::::::::::::::::: :::::::::::::::::::::::::::::::::::::::::::::::::::::::::::::::::::::::                 ::::::::::::::::::::                   :::::::::::::::::::::::::::::::::::::::::::::::::::                  ::::::::::::::::::::::::::::::::::::::::::: 

30 
Bits 

ID 
C 
o 
u 
n 
t 
e 
r 
 

 :::::::::::::::::::::::::::::::::::::::::::::::::::::::::::::::::::::::                 ::::::::::::::::::::                  ::::::::::::::::::::::::::::::::::::::::::::::::::::                  ::::::::::::::::::::::::::::::::::::::::::: :::::::::::::::::::::::::::::::::::::::::::::::::::::::::::::::::::::::                 ::::::::::::::::::::                  ::::::::::::::::::::::::::::::::::::::::::::::::::::                  ::::::::::::::::::::::::::::::::::::::::::: :::::::::::::::::::::::::::::::::::::::::::::::::::::::::::::::::::::::                 ::::::::::::::::::::                  ::::::::::::::::::::::::::::::::::::::::::::::::::::                  ::::::::::::::::::::::::::::::::::::::::::: 

M 

M 

L 

L 

6 
Bits 

4 
Bits 

J-7 



 

  
 

  
 Sync 1 2 3 . . . 11 . . . 14 . . . 20 . . . 29 . . . 33 . . . 39 . . . 45 46 47 48 49 
 16 ID                A     
1 Bits C a b . . a . . . c . . . a . . . a . . . a . . .  . . . S  a   
  o                U     
  u  A    A        c  B     
2  n a S . . a . . . S . . . a . . . a . . . a . . . A . . . 2  a   
  t  U    U        S       
  e  B    B        U       
3  r a 1 . . a . . . 3 . . . a . . . a . . . a . . . B . . . d  a   
                3       

 
    Major Frame characteristics 
    One major frame = 3 minor frames 
    Word lengths = 16 bits (default value) 
 
   a = measurement J971U, supercommutated at positions 2, 11, 20, 29, 33, and 47 
   b = measurement J951V in subframe ASUB1, position 1 
   c = measurement J896D in supercommutated subframe ASUB3, positions 1 and 4 
   d = measurement J966X in subframe ASUB2, position 3. 
 
   PCM Format Group = P-3 
   PCM Measurement Description Group = D-1 
   Data Link Name = ASYNC 
 
 
 Figure J-4.  PCM format for async. 
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(Start of P-1) 
 
 Live PCM signal (host wave train) : Class I  
 
P-1\DLN:PCM w/async; P-1\D1:NRZ-L; P-1\D2:44000; P-1\D3:U; 
P-1\D4:N; P-1\D6:N; P-1\D7:N; P-1\TF:ONE;  
 
 10 bits default word length, 16 minor frames/major frame, 43 
  words/frame  
 
P-1\F1:10; P-1\F2:M; P-1\F3:NO; P-1\MF\N:16; P-1\MF1:43; 
P-1\MF2:440; P-1\MF3:FPT; P-1\MF4:20; 
P-1\MF5: 01111010011010110001; P-1\SYNC1:1; P-1\SYNC2:0; 
P-1\SYNC3:1;P-1\SYNC4:0; 
 
 Word position #10, 8 bits,  
 Word position #11, 12 bits 
 
P-1\MFW1-1:10; P-1\MFW2-1:8; P-1\MFW1-2:11; P-1\MFW2-2:12; 
 
 One subframe ID counter 
 
P-1\ISF\N:1; P-1\ISF1-1:1; P-1\ISF2-1:ID; P-1\IDC1-1:1; 
 
 ID counter word length : 10 bits, 
 MSB starting bit location : 7, 
 ID counter length : 4 
 
P-1\IDC2-1:10; P-1\IDC3-1:7; P-1\IDC4-1:4; P-1\IDC5-1:M; 
P-1\IDC6-1:0; P-1\IDC7-1:1; P-1\IDC8-1:15; P-1\IDC9-1:16; 
P-1\IDC10-1:INC; 
 
 Subframe definition 
 SUB42 is located at 42, SUB15 at 15. 
 All have depth 16. 
 
P-1\SF\N-1:2; 
 
P-1\SF1-1-1:SUB42; P-1\SF2-1-1:NO;  
P-1\SF4-1-1-1:42; P-1\SF6-1-1:16; 
P-1\SF1-1-2:SUB15; P-1\SF2-1-2:NO;  
P-1\SF4-1-2-1:15; P-1\SF6-1-2:16; 
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 Asynchronous embedded wave train information 
 
 Data Link Name (to be referenced in the format definition of the 
 asynchronous wave train) is ASYNC. 
 
 Five contiguous minor frame word positions starting at location 6. 
 
P-1\AEF\N:1; P-1\AEF\DLN-1:ASYNC; P-1\AEF1-1:5; P-1\AEF2-1:CW; 
P-1\AEF3-1-1:6;  
 

(End of P-1) 
 
 
 

(Start of P-2) 
 
 Recorded PCM signal format attributes. 
 

Data Link Name is PCM1, Data Format is NRZ-L, Bit rate is 2 
Mbit/sec, Unencrypted, Normal polarity, class I, Common word length is 
10, MSB first, No parity, 64 minor frames per major frame, 277 words per 
minor frame, Sync pattern length is 30.  Word position 121 is 6 bits.  Word 
position 122 is 4 bits. 

 
P-2\DLN:PCM1;P-2\D1:NRZ-L; P-2\D2:2000000; P-2\D3:U; P-2\D4:N; 
P-2\TF:ONE; P-2\F1:10; P-2\F2:M; P-2\F3:NO; P-2\MF\N:64; 
P-2\MF1:277; P-2\MF4:30; P-2\MF5:101110000001100111110101101011; P-
2\SYNC1:1; P-2\MFW1-1:121; P-2\MFW2-1:6; P-2\MFW1-2:122; 
P-2\MFW2-2:4; 
 
 Subframe characteristics: 
 
 One subframe ID counter named 1. Sync type is ID counter.  ID 
 counter location is 13.  ID counter word length is 10. ID counter  
 MSB location is 5.  ID counter length is 6.  ID counter transfer  
 order is MSB first.  ID counter initial value is 0.  ID counter  
 initial subframe is 1.  ID counter end value is 63.  ID counter end  
 subframe is 64.  ID counter is increasing. 
 
 Two subframes.  First subframe name is SUB121.  Not  
 supercommutated, subframe location = word position 121,  
 depth = 32.  Second subframe name is SUB113.  Not  
 supercommutated, location = 113, depth = 32. 
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P-2\ISF\N:1; P-2\ISF1-1:1; P-2\ISF2-1:ID; P-2\IDC1-1:13; 
P-2\IDC2-1:10; P-2\IDC3-1:5; P-2\IDC4-1:6; P-2\IDC5-1:M; 
P-2\IDC6-1:0; P-2\IDC7-1:1; P-2\IDC8-1:63; P-2\IDC9-1:64; 
P-2\IDC10-1:INC; P-2\SF\N-1:2; P-2\SF1-1-1:SUB121; 
P-2\SF2-1-1:NO; P-2\SF4-1-1-1:121; P-2\SF6-1-1:32; 
P-2\SF1-1-2:SUB113; P-2\SF2-1-2:NO; P-2\SF4-1-2-1:113; 
P-2\SF6-1-2:32; 
 

(End of P-2) 
 

(Start of P-3) 
 
 Asynchronous wave train PCM format attributes. 
 
 Data Link Name:  ASYNC 
 Class I, Common word length : 16, LSB transfer order, no parity 
 3 minor frames per major frame, 50 words/minor frame, 800 bits 
  per minor frame, fixed pattern synchronization, 16 bit syncpattern. 
 
P-3\DLN:ASYNC; P-3\TF:ONE; P-3\F1:16; P-3\F2:L; P-3\F3:NO;  
P-3\MF\N:3; P-3\MF1:50; P-3\MF2:800; P-3\MF3:FPT; P-3\MF4:16;  
P-3\MF5: 1111100110110001; P-3\SYNC1:1; 
 
 Subframe definition. 
 
 Three subframes with ID counter word length 16 at word position 1. 
 
P-3\ISF\N:1; P-3\ISF1-1:2; P-3\ISF2-1:ID; P-3\IDC1-1:1; 
P-3\IDC2-1:16; P-3\IDC3-1:15; P-3\IDC4-1:2; P-3\IDC5-1:L; 
P-3\IDC6-1:0; P-3\IDC7-1:1; P-3\IDC8-1:2; P-3\IDC9-1:3; 
P-3\IDC10-1:INC; 
 
 ASUB1 is at word position 3. 
 ASUB2 is at word position 45. 
 ASUB3 is supercommutated at word positions 14 and 39. 
 
P-3\SF\N-1:3; P-3\SF1-1-1:ASUB1; P-3\SF2-1-1:NO; P-3\SF3-1-1:NA; 
P-3\SF4-1-1-1:3; P-3\SF6-1-1:3; P-3\SF1-1-2:ASUB2; 
P-3\SF2-1-2:NO; P-3\SF3-1-2:NA; P-3\SF4-1-2-1:45; P-3\SF6-1-2:3; 
P-3\SF1-1-3:ASUB3; P-3\SF2-1-3:2; P-3\SF3-1-3:EL; 
P-3\SF4-1-3-1:14; P-3\SF4-1-3-2:39; P-3\SF6-1-3:3; 
 

(End of P-3) 
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(Start of P-4) 
 
P-4\DLN:SPI; 
 

(End of P-4) 
 
 
 
PCM Measurement Description (D) 
 
 D-1 contains the measurements which make up the asynchronous wave  
 train, 
 
 D-2 contains the measurements which make up the live PCM signal  
 (which hosts the asynchronous wave train), 
  
 D-3 contains the measurements which make up one of the recorded  
 PCM signals, and 
  
 D-4 contains the measurements which make up the other recorded PCM 
 signal. 
 
 
 

(Start of D-1) 
 
 Asynchronous Wave Train:  One measurement list, 4 measurements 
 
D-1\DLN:ASYNC; D-1\ML\N:1; D-1\MLN-1:JUST ONE; D-1\MN\N-1:4; 
 
 Measurement Name : J896D, LSB first,  
 Subframe supercommutated, 2 locations: 1 and 4 of ASUB3. 
 
 
D-1\MN-1-1:J896D; D-1\MN3-1-1:L; D-1\LT-1-1:SFSC; 
D-1\SFS1-1-1:ASUB3; D-1\SFS\N-1-1:2; D-1\SFS2-1-1:E; 
D-1\SFS6-1-1-1:1; D-1\SFS6-1-1-2:4; D-1\SFS7-1-1-1:FW; 
D-1\SFS7-1-1-2:FW; 
 
 Measurement Name: J951V, LSB first, default parity, subframe  
 ASUB1, location 1. 
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D-1\MN-1-2:J951V; D-1\MN1-1-2:DE; D-1\MN2-1-2:D; D-1\MN3-1-2:L; D-1\LT-1-
2:SF; D-1\SF2-1-2:1; D-1\SFM-1-2:1111111100000000; 
D-1\SF1-1-2:ASUB1; 
 
 Measurement Name : J971U, LSB first,  
 supercommutated at positions 2, 11, 20, 29, 33, and 47. 
 
D-1\MN-1-3:J971U; D-1\MN1-1-3:DE; D-1\MN2-1-3:D; D-1\MN3-1-3:L; 
D-1\LT-1-3:MFSC; D-1\MFS\N-1-3:6; D-1\MFS1-1-3:E; 
D-1\MFSW-1-3-1:2; D-1\MFSW-1-3-2:11; D-1\MFSW-1-3-3:20; 
D-1\MFSW-1-3-4:29; D-1\MFSW-1-3-5:33; D-1\MFSW-1-3-6:47; 
 
 Measurement Name : J966X, LSB first, subframe ASUB2,  
 location 3. 
 
D-1\MN-1-4:J966X; D-1\MN1-1-4:DE; D-1\MN2-1-4:D; 
D-1\MN3-1-4:L; D-1\LT-1-4:SF; D-1\SF1-1-4:ASUB2; 
D-1\SF2-1-4:3; D-1\SFM-1-4:FW; 
 

(End of D-1) 
 
 

(Start of D-2) 
 
 Live PCM signal: single measurement list, 2 measurements. 
 
D-2\DLN:PCM w/async; D-2\MLN-1:JUST ONE; D-2\MN\N-1:2; 
 
 Measurement name: E1250T, unclassified, unsigned, MSB first.  
 
D-2\MN-1-1:E1250T; D-2\MN1-1-1:DE; D-2\MN2-1-1:D; 
D-2\MN3-1-1:M; D-2\LT-1-1:MF; D-2\MF-1-1:39; D-2\MFM-1-1:FW; 
 
 Measurement name: W862P, unclassified,  MSB first,  
 subframe name: SUB42, location 8 in subframe, full word. 
 
D-2\MN-1-2:W862P; D-2\MN1-1-2:DE; D-2\MN2-1-2:D; D-2\MN3-1-2:M; D-2\LT-
1-2:SF; D-2\SF1-1-2:SUB42; D-2\SF2-1-2:8; D-2\SFM-1-2:FW; 
 

(End of D-2) 
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(Start of D-3) 
 
 Recorded PCM signal: single measurement list: 1 measurement. 
 
D-3\DLN:PCM1; D-3\MLN-1:ONLY ONE; D-3\MN\N-1:1; 
 
 Measurement name: 82AJ01, subframe fragmented, 2 fragments, 
 subframes: SUB113 and SUB121, subframe location: 5. 
 
D-3\MN-1-1:82AJ01; D-3\LT-1-1:SFFR; D-3\FSF\N-1-1:2; 
D-3\FSF1-1-1:16; D-3\FSF2\N-1-1:2; D-3\FSF3-1-1-1:SUB113;  
D-3\FSF3-1-1-2:SUB121; D-3\FSF4-1-1-1:E; D-3\FSF8-1-1-1-1:5; 
 

(End of D-3) 
 
 

(Start of D-4) 
 
 
 Recorded PCM signal 
 
D-4\DLN:SPI; 
 

(End of D-4) 
 
 
Data Conversion Groups (C) 
 
 C-1 and C-2 are measurements which are part of the live PCM  
 signal (see also D-2). 
 
 C-3, C-4, C-5, and C-6 are from the asynchronous wave train (see  
 also D-1). 
 
 C-7 is from the recorded PCM signal (see also D-3). 
 
 Measurement:  E1250T, description: Inlet Temp Bellmouth, 
 units: Deg C, binary format: unsigned; high value: 128, 
 low value: -0.4, 
 conversion type: pair sets, number of pair sets: 2, 
 application (polynomial) : Yes; order of fit: 1, 
 telemetry  value #1: 0, engineering unit value #1: -0.4, 
 telemetry value #2: 1023, engineering unit value #2: 128. 
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C-1\DCN:E1250T; C-1\MN1:Inlet Temp Bellmouth; C-1\MN3:DEGC; 
C-1\BFM:UNS; C-1\MOT1:128; C-1\MOT2:-0.4; C-1\DCT:PRS; 
C-1\PS\N:2; C-1\PS1:Y; C-1\PS2:1; C-1\PS3-1:0; C-1\PS4-1:-0.4;  
C-1\PS3-2:1023; C-1\PS4-2:128; 
 
 Measurement: W862P,  description: Fuel Pump Inlet, 
 binary format:  unsigned; 
 conversion type: pair sets, number of pair sets: 2, 
 application (polynomial): Yes; order of fit: 1, 
 telemetry  value #1: 0, engineering unit value #1: -0.1 
 telemetry value #2: 1023, engineering unit value #2: 76.7 
 
C-2\DCN:W862P; C-2\MN1:Fuel Pump Inlet; C-2\BFM:UNS; 
C-2\DCT:PRS; C-2\PS\N:2; C-2\PS1:Y; C-2\PS2:1; C-2\PS3-1:0; 
C-2\PS4-1:-0.1; C-2\PS3-2:1023; C-2\PS4-2:76.7; 
 
 Measurement: J896D,  description: Terrian  Altitude,  units:  
 Feet, binary format: two’s complement; high value: 32768, low  
 value: -32768, conversion type: pair sets; number of pair sets: 2,  
 application (polynomial): Yes, order of fit: 1, telemetry value  
 #1: -32768, engineering unit value #1: -32768, telemetry value  
 #2: 32767, engineering unit value #2: 32767 
 
C-3\DCN:J896D; C-3\MN1:Terrian Altitude; C-3\MN3:FEET; 
C-3\BFM:TWO; C-3\MOT1:32768; C-3\MOT2:-32768; C-3\DCT:PRS; 
C-3\PS\N:2; C-3\PS1:Y; C-3\PS2:1; C-3\PS3-1:-32768; 
C-3\PS4-1:-32768; C-3\PS3-2:32767; C-3\PS4-2:32767; 
 
 Measurement:  J951V, description: Throttle Command, units:  
 VDC, high value: 10.164, low value: -10.164, conversion type:  
 pair sets, number of pair sets: 2, application(polynomial):  Yes, 
 order of fit: 1,  telemetry value #1:  -128, engineering unit value  
 #1: -10.164, telemetry value #2:  127, engineering unit value  
 #2:  10.164 binary format: two's complement; 
 
C-4\DCN:J951V; C-4\MN1:Throttle Command; C-4\MN3:VDC; 
C-4\MOT1:10.164; C-4\MOT2:-10.164; C-4\DCT:PRS; C-4\PS\N:2; 
C-4\PS1:Y; C-4\PS2:1; C-4\PS3-1:-128; C-4\PS4-1:-10.164; 
C-4\PS3-2:127; C-4\PS4-2:10.164; C-4\BFM:TWO; 
 
 Measurement: J971U; description: DISC, conversion type:  
 discrete, binary format: unsigned. 
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C-5\DCN:J971U; C-5\MN1:DISC; C-5\DCT:DIS; C-5\BFM:UNS; 
 
 Measurement: J966X; description: Discrete, conversion type:  
 discrete, binary format: unsigned. 
 
C-6\DCN:J966X; C-6\MN1:Discrete; C-6\DCT:DIS; C-6\BFM: UNS; 
 
 Measurement: 82AJ01, description: LANTZ Norm acceleration,  
 units: MTR/S/S, High value: 1023.97, Low value: -1023.97,  
 conversion type: Coefficients 
 Order of curve fit: 1,  derived from pair sets: No, 
 Coefficient (0): 0, Coefficient(1): 0.03125, binary format: two's 
 complement 
 
C-7\DCN:82AJ01; C-7\MN1:LANTZ Norm acceleration; C-7\MN3:MTR/S/S; 
C-7\MOT1:1023.97; C-7\MOT2:-1023.97; C-7\DCT:COE; C-7\CO\N:1; 
C-7\CO1:N; C-7\CO:0; C-7\CO-1:.03125; C-7\BFM:TWO; 
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APPENDIX K 
 
 

PULSE AMPLITUDE MODULATION STANDARDS 
 
 
1.0 General 
 
 This standard defines the recommended pulse train structure and design 
characteristics for the implementation of PAM telemetry systems.  The PAM data are 
transmitted as time division multiplexed analog pulses with the amplitude of the 
information channel pulse being the analog- variable parameter. 
 
2.0 Frame and Pulse Structure 
 
 Each frame consists of a constant number of time-sequenced channel intervals.  
The maximum frame length shall be 128 channel time intervals per frame, including the 
intervals devoted to synchronization and calibration.  The pulse and frame structure shall 
conform to either figure K-1 or K-2. 
 
2.1.1  Commutation Pattern.  The information channels are allocated equal and constant 
time intervals within the PAM frame.  Each interval ("T" in figures K-1 and K-2) 
contains a sample pulse beginning at the start of the interval and having amplitude 
determined by the amplitude of the measurand of the corresponding information channel 
according to a fixed relationship (usually linear) between the minimum level (zero 
amplitude) and the maximum level (full-scale amplitude).  For a 50-percent duty cycle 
(RZ-PAM), the zero level shall be 20 to 25 percent of the full amplitude level as shown 
in figure K-1.  The pulse width shall be the same in all time intervals except for the 
intervals devoted to synchronization.  The duration shall be either 0.5T ±0.05, as shown 
in figure K-1, or T ±0.05, as shown in figure 5-2. 
 
2.1.2  In-Flight Calibration.  It is recommended that in-flight calibration be used and 
channels 1 and 2, immediately following the frame synchroniza-tion interval, be used for 
zero and full-scale calibration.  For RZ-PAM, channel 3 may be used for an optional 
half-scale calibration, and for NRZ-PAM, the channel interval preceding channel 1 may 
be used for half-scale calibration if set to 50 percent. 
 
2.1.3  Frame Synchronization Interval.  Each frame is identified by the presence within it 
of a synchronization interval.  
 
2.1.3.1  Fifty Percent Duty Cycle (RZ-PAM).  The synchronization pattern interval shall 
have a duration equal to two information channel intervals (2T) and shall be full-scale 
amplitude for 1.5T followed by the reference level or zero baseline for 0.5T (see figure 
K-1). 
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Figure K-1.  50-percent duty cycle PAM with  amplitude synchronization. 
 

 
 A 20 to 25 percent deviation reserved for pulse synchronization is 
recommended.  
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2.1.3.2  One Hundred Percent Duty Cycle (NRZ-PAM).  The synchronization pattern is in the 
order given:  zero level for a period of T, full-scale amplitude for a period of 3T, and a level not 
exceeding 50-percent full-scale amplitude for a period T (see figure K-2). 
 
2.1.4  Maximum Pulse Rate.  The maximum pulse rate should not be greater than that permitted 
by the following subparagraphs. 
 
2.1.4.1  PAM/FM/FM.  The reciprocal of the shortest interval between transitions in the PAM 
pulse train shall not be greater than one-fifth of the total (peak-to-peak) deviation specified in 
chapter 3 and tables 3-1 and 3-2 for the FM subcarrier selected. 
 
2.1.4.2  PAM/FM.  The reciprocal of the shortest interval between transitions in the PAM pulse 
train shall be limited by whichever is the narrower of the following: 
 
2.1.4.2.1  One-half of the 3 dB frequency of the premodulation filter when employed. 
 
2.1.4.2.2  One-fifth of the intermediate frequency (IF) bandwidth (3 dB points) selected from the 
IF bandwidths which are listed in table 2-1. 
 
2.2 Frame and Pulse Rate.  The frame and pulse parameters listed below may be used in any 
combination: 
 

• a minimum rate of 0.125 frames per second, and 
 

• a maximum pulse rate as specified in subparagraph 2.1.4.  
 
2.2.1  Long Term Accuracy and Stability.  During a measured period of desired data, the time 
between the occurrence of corresponding points in any two successive frame synchronization 
intervals should not differ from the reciprocal of the specified nominal frame rate by more than 5 
percent of the nominal period. 
 
2.2.2  Short Term Stability.  During a measured period, P, containing 1000-channel intervals, the 
time between the start of any two successive channel intervals (synchronization intervals 
excepted) should not differ from the average channel interval established by the formula Tavg =  P 
  by more than 1 percent of the average interval 
1000 
 
2.3  Multiple and Submultiple Sampling Rates.  Data multiplexing at sampling rates which are 
multiples and submultiples of the frame rate is permissible. 

 
2.3.1  Submultiple Frame Synchronization.  The beginning of the longest submultiple frame 
interval is identified by the transmission of a synchronization pattern.  All other submultiple 
frames have a fixed and known relationship to the identified submultiple frames. 
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2.3.1.1  Fifty Percent Duty Cycle (RZ).  The synchronization pattern has a full-scale amplitude 
pulse in two successive occurrences of channel intervals allocated to data channels of the 
identified submultiple frame.  The first such pulse has a duration equal to the channel interval; 
the second pulse immediately follows the first pulse and has a duration nominally one-half the 
channel interval.  There is no return to zero between the two pulses. 
 
2.3.1.2  One Hundred Percent Duty Cycle (NRZ).  The synchronization pattern has 
information in five successive occurrences of a channel interval allocated to data channels of 
the identified submultiple frame.  The amplitude of the data channels assigned for 
synchronization is shown in the following subparagraphs. 

 
2.3.1.2.1  First occurrence - zero amplitude. 
 
2.3.1.2.2  Second, third, and fourth occurrences - full-scale amplitude. 
 
2.3.1.2.3  Fifth occurrence - not more than 50 percent of full-scale amplitude. 
 
2.3.2  Maximum Submultiple Frame Length.  The interval of any submultiple frame, including 
the time devoted to synchronizing information, shall not exceed 128 times the interval of the 
frame in which it occupies a recurring position. 
 
2.4 Frequency Modulation.  The frequency deviation of an FM carrier or subcarrier, which 
represents the maximum and minimum amplitude of a PAM waveform, should be equal and 
opposite with respect to the assigned carrier or subcarrier frequency.  The deviation should be 
the same for all occurrences of the same level. 

 
2.5 Premodulation Filtering.  A maximally linear phase response, premodulation filter, is 
recommended to restrict the radiated spectrum (see appendix A). 
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APPENDIX L 
 
 

ARMOR 
 

 
1.0 General 
 
 This standard defines the recommended multiplexer format for single channel data 
recording on small format (1/2”) media (reference 6.17).  This format is recognized as the 
Asynchronous Recorder Multiplexer Output Re-constructor (ARMOR).  This format is 
software-reconfigurable for each data acquisition or reproduction.  The ARMOR format 
configuration information is stored in a data structure called a “setup” that contains all the 
information necessary to define a particular record or play configuration.  This appendix 
describes the format and content of the ARMOR setup. 
 
1.1 Setup on Tape.  When the ARMOR setup is written to tape, it is preceded by a 
preamble with a unique setup sync pattern that allows the identification of the setup.  Three 
duplicate setup records, each with its own preamble, are written at the beginning of each 
recording.  The format of the preamble is defined in Table L-1. 
 

 
TABLE L-1.  ARMOR SETUP PREAMBLE 

 
FIELD LENGTH DESCRIPTION 

SETUP SYNC 4 TAPE BLOCKS THE SYNC PATTERN CONSISTS OF 
TWO BYTES.  THE HIGH BYTE IS 
0XE7; THE LOW BYTE IS 0X3D.  THE 
SYNC PATTERN IS WRITTEN HIGH 
BYTE FIST.  FOR THE DCRSI, A TAPE 
BLOCK IS A SINGLE SCAN (4356 
BYTES).  FOR THE VLDS, A TAPE 
BLOCK IS A PRINCIPLE BLOCK (65536 
BYTES). 

END OF SYNC 3 BYTES THE THREE BYTES IMMEDIATELY 
FOLLOWING THE SYNC PATTERN 
ARE: 0X45, 0X4F, 0X53 (ASCII ‘E’, ‘O’, 
‘S’ FOR “END OF SYNC”). 
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2.0 Setup Organization 
 
 An ARMOR setup is divided into three sections:  the header section, the channel 
section, and the trailer section.  The overall organization of a setup is summarized in Table 
L-2. 

 
TABLE L-2.  SETUP ORGANIZATION 

 
CONTENT NUMBER OF BYTES 

HEADER SECTION 70 
CHANNEL 1 
INFORMATION 

51 - 61 

CHANNEL 2 
INFORMATION 

51 - 61 

“ “ 
“ “ 

TRAILER SECTION 0 - 44 + SAVED SCANLIST 
SIZE 

 
2.1 Header Section  The header section is the first 70 bytes of a setup.  It contains 
information about the setup as a whole, including clock parameters, frame parameters, and 
the numbers of input and output channels (see Table L-3).   
 
  
 

 
NOTE

 

In tables L-3 through L-12, fields noted with an asterisk 
(*) require user input per section 2.5. 
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TABLE L-3.  HEADER SECTION FORMAT 

FIELD BYTES FORMAT DESCRIPTION 
*SETUP LENGTH 2 BINARY TOTAL BYTES IN SETUP, 

INCLUDING THIS FIELD. 
SOFTWARE 
VERSION 

12 ASCII VERSION OF THE ARMOR SETUP 
AND CONTROL SOFTWARE THAT 
WROTE THE SETUP. 

PRE-SCALERS 1 BINARY THE BOTTOM FOUR BITS CONTAIN 
THE BIT RATE CLOCK PRE-SCALER; 
 THE TOP FOUR BITS CONTAIN THE 
PACER CLOCK PRE-SCALER 

RESERVED 26 N/A N/A 
*SETUP KEYS (BIT 0)   IF BIT 0 (LSB) SET, SETUP 

CONTAINS SETUP DESCRIPTION IN 
TRAILER. 

*SETUP KEYS (BITS 
1, 2, & 3) 

1 BINARY IF BIT 1 SET, SETUP CONTAINS 
CHECKSUM IN TRAILER.  IF BIT 2 
SET, SETUP IS SCAN-ALIGNED.  IF 
BIT THREE SET THEN A SCAN LIST 
IS SAVED. 

PACER DIVIDER 2 BINARY PACER DIVIDER VALUE. 
BIT RATE 4 BINARY AGGREGATE BIT RATE FOR ALL 

ENABLED CHANNELS. 
BRC DIVIDER 2 BINARY BIT RATE CLOCK DIVIDER VALUE. 
MASTER 
OSCILLATOR 

4 BINARY FREQUENCY OF THE MASTER 
OSCILLATOR IN BITS PER SECOND. 

BYTES OVERHEAD 4 BINARY TOTAL SYNC BYTES PLUS FILLER 
BYTES PER FRAME. 

PACER 4 BINARY FREQUENCY OF THE PACER CLOCK 
IN CYCLES PER SECOND. 

FRAME RATE 4 BINARY NUMBER OF FRAMES PER SECOND. 
*INPUT COUNT 2 BINARY NUMBER OF INPUT CHANNELS IN 

SETUP. 
OUTPUT COUNT 2 BINARY NUMBER OF OUTPUT CHANNELS IN 

SETUP. 
 



 

                                       
                                                     

 

L-5

2.2 Channel Section.  The Channel section contains one channel entry for every channel in 
the multiplexer chassis configuration, including those channels that are not enabled or 
recorded.  The content and length of the channel information vary depending on the channel 
type.  The lengths of the channel entries for each channel type are presented in Table L-4.  
Tables L-5 through L-13 describe the channel entry fields for each module type. 
 

 
TABLE L-4.  CHANNEL ENTRY   

LENGTHS 

CHANNEL TYPE BYTES 
PCM INPUT AND OUTPUT 51 
ANALOG INPUT AND 
OUTPUT 

53 

PARALLEL INPUT 53 
PARALLEL OUTPUT 56 
TIMECODE INPUT AND 
OUTPUT 

61 

VOICE INPUT AND 
OUTPUT 

61 

BIT SYNC INPUT 61 
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TABLE L-5.  PCM INPUT CHANNELS 

 
FIELD BYTES FORMAT DESCRIPTION 

*CHANNEL TYPE 2 BINARY 1 = 8 BIT PCM INPUT 
8 = 20 MBIT PCM INPUT 

MAPPED CHANNEL 2 BINARY INDEX OF THE CHANNEL THIS 
CHANNEL IS MAPPED TO.  IF THE 
CHANNEL IS NOT MAPPED, THE 
INDEX IS -1. 

*ENABLED 1 ASCII IF ENABLED, THE CHANNEL IS 
RECORDED (“Y” OR “N”). 

ACTUAL RATE 4 BINARY ACTUAL WORD RATE IN WORDS 
PER SECOND. 

WORDS PER FRAME 4 BINARY NUMBER OF WORDS PER FRAME. 
INPUT MODES 1 BINARY IF BIT 0 (LSB) SET, SOURCE B 

DATA;  ELSE SOURCE A.  IF BIT 1 
SET, NRZ-L;  ELSE BIPHASE-L.  IF 
BIT 2 SET, 0 DEGREE CLOCK; ELSE 
90 DEGREE CLOCK. 

RESERVED 3 N/A N/A 
BITS PER WORD 2 BINARY 16 BITS. 
BITS PRECEDING 4 BINARY NUMBER OF BITS IN THE FRAME 

THAT MUST PRECEDE THIS 
CHANNEL. 

*CHANNEL NUMBER 2 BINARY CHANNEL ON MODULE (0-3). 
*MODULE ID 1 BINARY MODULE ID = HEX 11 
RESERVED 1 N/A N/A 
*REQUESTED RATE 4 BINARY REQUESTED BITS PER SECOND 

(INTEGER). 
DESCRIPTION 20 ASCII CHANNEL DESCRIPTION. 
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TABLE L-6.  ANALOG INPUT AND OUTPUT CHANNELS 

 
FIELD BYTES FORMAT DESCRIPTION 

CHANNEL TYPE 2 BINARY 2 = 8 MBIT PCM OUTPUT 
9 = 20 MBIT PCM OUTPUT 

MAPPED CHANNEL 2 BINARY INDEX OF THE CHANNEL THIS 
CHANNEL IS MAPPED TO .  IF THE 
CHANNEL IS NOT MAPPED, THE 
INDEX IS -1. 

ENABLED 1 ASCII IF ENABLED, THE CHANNEL IS 
RECORDED (“Y” OR “N”). 

ACTUAL RATE 4 BINARY ACTUAL WORD RATE IN WORDS 
PER SECOND. 

WORDS PER FRAME 4 BINARY NUMBER OF WORDS PER FRAME. 
OUTPUT MODES 1 BINARY IF BIT 0 (LSB) SET, BURST MODE.  

IF BIT 1 SET, BIPHASE;  ELSE NRZ-
L. 

RESERVED 3 N/A N/A 
BITS PER WORD 2 BINARY NUMBER OF BITS PER WORD. 
BITS PRECEDING 4 BINARY NUMBER OF BITS IN THE FRAME 

THAT MUST PRECEDE THIS 
CHANNEL. 

CHANNEL NUMBER 2 BINARY CHANNEL ON MODULE (0-3). 
MODULE ID 1 BINARY MODULE ID = HEX 21 
RESERVED 1 N/A N/A 
REQUESTED RATE 4 BINARY REQUESTED BITS PER SECOND. 
DESCRIPTION 20 ASCII CHANNEL DESCRIPTION. 
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TABLE L-7.  ANALOG INPUT AND OUTPUT CHANNELS 

FIELD BYTES FORMAT DESCRIPTION 
*CHANNEL TYPE 2 BINARY 5 = LF ANALOG INPUT 

6 = HF ANALOG INPUT 
7 = ANALOG OUTPUT 

MAPPED CHANNEL 2 BINARY INDEX OF THE CHANNEL THIS 
CHANNEL IS MAPPED TO.  IF THE 
CHANNEL IS NOT MAPPED, THE 
INDEX IS -1. 

*ENABLED 1 ASCII IF ENABLED, THE CHANNEL IS 
RECORDED (“Y” OR “N”). 

ACTUAL RATE 4 BINARY ACTUAL SAMPLE RATE IN 
SAMPLES PER SECOND. 

SAMPLES PER 
FRAME 

4 BINARY NUMBER OR SAMPLES PER 
FRAME. 

FILTER NUMBER 1 BINARY 0 = FILTER 1 
1 = FILTER 2 
2 = FILTER 3 
3 = FILTER 4 

RESERVED 3 N/A N/A 
*BITS PER SAMPLE 2 BINARY NUMBER OF BITS PER SAMPLE (8 

OR 12). 
RESERVED 4 N/A N/A 
*CHANNEL NUMBER 2 BINARY CHANNEL ON MODULE (0-3). 
*MODULE ID 1 BINARY MODULE ID = 34 HEX (LF) OR 33 

HEX (HF) 
RESERVED 1 N/A N/A 
*REQUESTED RATE 4 BINARY REQUESTED SAMPLES PER 

SECOND. 
RESERVED 2 N/A N/A 
DESCRIPTION 20 ASCII CHANNEL DESCRIPTION 
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TABLE L-8.  PARALLEL INPUT CHANNELS 

FIELD BYTES FORMAT DESCRIPTION 
*CHANNEL TYPE 2 BINARY 13 = NEW PARALLEL INPUT 
MAPPED CHANNEL 2 BINARY INDEX OF THE CHANNEL THIS 

CHANNEL IS MAPPED TO.  IF THE 
CHANNEL IS NOT MAPPED, THE 
INDEX IS -1. 

*ENABLED 1 ASCII IF ENABLED, THE CHANNEL IS 
RECORDED (“Y” OR “N”). 

ACTUAL RATE 4 BINARY ACTUAL WORDS PER SECOND. 
WORDS PER FRAME 4 BINARY NUMBER OF WORDS PER FRAME. 
RESERVED 4 N/A N/A 
BITS PER WORD 2 BINARY NUMBER OF BITS PER WORD 
WORDS PRECEDING 4 BINARY NUMBER OF WORDS IN THE 

FRAME THAT MUST PRECEDE THIS 
CHANNEL. 

*CHANNEL NUMBER 2 BINARY CHANNEL ON MODULE (0-3). 
*MODULE ID 1 BINARY MODULE ID = HEX 92  
RESERVED 1 N/A N/A 
*REQUESTED RATE 4 BINARY REQUESTED WORDS PER SECOND. 
INPUT MODE 1 BINARY 0 = FOUR 8-BIT CHANNELS 

1 = ONE 16-BIT, TWO 8-BIT 
(CURRENTLY UNAVAILABLE) 
2 = TWO 16-BIT (CURRENTLY 
UNAVAILABLE) 
3 = ONE 32-BIT (CURRENTLY 
UNAVAILABLE) 
4 = ONE 24-BIT, ONE 8-BIT 
(CURRENTLY UNAVAILABLE) 

RESERVED 1 N/A N/A 
DESCRIPTION 20 ASCII CHANNEL DESCRIPTION. 
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TABLE L-9.  PARALLEL OUTPUT CHANNELS 

FIELD BYTES FORMAT DESCRIPTION 
CHANNEL TYPE 2 BINARY 14 = NEW PARALLEL OUTPUT 
MAPPED CHANNEL 2 BINARY INDEX OF THE CHANNEL THIS 

CHANNEL IS MAPPED TO.  IF THE 
CHANNEL IS NOT MAPPED, THE 
INDEX IS -1. 

ENABLED 1 ASCII IF ENABLED, THE CHANNEL IS 
RECORDED (“Y” OR “N”). 

ACTUAL RATE 4 BINARY ACTUAL WORD RATE IN WORDS PER 
SECOND. 

WORDS PER FRAME 4 BINARY NUMBER OF WORDS PER FRAME. 
RESERVED 4 N/A N/A 
BITS PER WORD 2 BINARY NUMBER OF BITS PER WORD. 
WORDS PRECEDING 4 BINARY NUMBER OF WORDS IN THE FRAME 

THAT MUST PRECEDE THIS 
CHANNEL. 

CHANNEL NUMBER 2 BINARY CHANNEL ON MODULE (0-3). 
MODULE ID 1 BINARY MODULE ID = HEX A2 
RESERVED 1 N/A N/A 
REQUESTED RATE 4 BINARY REQUESTED WORDS PER SECOND. 
OUTPUT MODE 1 BINARY 0 = FOUR 8-BIT CHANNELS 

1 = ONE 16-BIT, TWO 8-BIT 
2 = TWO 16-BIT CHANNELS 
3 = ONE 32-BIT CHANNEL 
4 = ONE 24-BIT, ONE 8-BIT 
7 = TWO 8-BIT DCRSI MODE 

RECONSTRUCT 
MODE 

1 BINARY 0 = DATA IS FROM MODULE OTHER 
THAN PARALLEL INPUT. 
1 = DATA IS FROM PARALLEL INPUT. 
NOT VALID ONLY FOR OUTPUT 
MODE. 

DCRSI OUTPUT 1 BINARY 0 = HEADER AND DATA 
1 = HEADER ONLY 
3 = DATA ONLY 
VALID ONLY FOR OUTPUT MODE 7. 

BURST SELECT 1 BINARY 0 = CONSTANT 
1 = BURST 

HANDSHAKE 
SELECT 

1 BINARY 0 = DISABLE HANDSHAKING 
1 = ENABLE HANDSHAKING 

DESCRIPTION 20 ASCII CHANNEL DESCRIPTION. 
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TABLE L-10.  TIME CODE INPUT CHANNELS 

FIELD BYTES FORMAT DESCRIPTION 
*CHANNEL TYPE 2 BINARY TIME CODE MUST APPEAR AS A 

GROUP OF 3 CHANNELS, EVEN 
THOUGH THE USER INTERFACE 
ONLY DISPLAYS A SINGLE 
CHANNEL.  THE RESPECTIVE TYPES 
ARE 15, 19, AND 20. 

MAPPED CHANNEL 2 BINARY INDEX OF THE CHANNEL THIS 
CHANNEL IS MAPPED TO.  IF THE 
CHANNEL IS NOT MAPPED, THE 
INDEX IS -1. 

*ENABLED 1 ASCII “Y” OR “N” 
ACTUAL RATE 4 BINARY 1 
SAMPLES PER 
FRAME 

4 BINARY 1 

RESERVED 4 N/A N/A 
*BITS PER WORD 2 BINARY 24 FOR CHANNEL TYPE 15 

24 FOR CHANNEL TYPE 19 
16 FOR CHANNEL TYPE 20 

RESERVED 4 N/A N/A 
*CHANNEL 
NUMBER 

2 BINARY 0 FOR CHANNEL TYPE 15 
1 FOR CHANNEL TYPE 19 
2 FOR CHANNEL TYPE 20 

*MODULE ID 1 BINARY MODULE  ID = HEX B1 
RESERVED 1 N/A N/A 
*REQUEST 
SAMPLE RATE 

4 BINARY 1 

*BITS PER SAMPLE 2 BINARY 24 FOR CHANNEL TYPE 15 
24 FOR CHANNEL TYPE 19 
16 FOR CHANNEL TYPE 20 

DESCRIPTION 20 ASCII CHANNEL DESCRIPTION 
RESERVED 4 N/A N/A 
TCI MODE 1 BINARY 0-GENERATE TIME 

1-USE EXTERNAL IRIG SOURCE 
RESERVED 3 N/A N/A 
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TABLE L-11.  TIME CODE OUTPUT CHANNELS 

FIELD BYTES FORMAT DESCRIPTION 
CHANNEL TYPE 2 BINARY TIME CODE MUST APPEAR AS A 

GROUP OF 3 CHANNELS, EVEN 
THOUGH THE USER INTERFACE 
ONLY DISPLAYS A SINGLE 
CHANNEL.  THE RESPECTIVE 
TYPES ARE 17, 21 AND 22. 

MAPPED CHANNEL 2 BINARY INDEX OF THE CHANNEL THIS 
CHANNEL IS MAPPED TO.   IF THE 
CHANNEL IS NOT MAPPED, THE 
INDEX IS -1. 

ENABLED 1 ASCII “Y” - ENABLED, OR “N” - DISABLED 
ACTUAL RATE 4 BINARY 1 
SAMPLES PER 
FRAME 

4 BINARY 1 

RESERVED 4 N/A N/A 
BITS PER WORD 2 BINARY 24 FOR CHANNEL TYPE 17 

24 FOR CHANNEL TYPE 21 
16 FOR CHANNEL TYPE 22 

RESERVED 4 N/A N/A 
CHANNEL 
NUMBER 

2 BINARY 0 FOR CHANNEL TYPE 17 
1 FOR CHANNEL TYPE 21 
2 FOR CHANNEL TYPE 22 

MODULE ID 1 BINARY MODULE ID = HEX B1 
RESERVED 1 N/A N/A 
REQUESTED 
SAMPLE RATE 

4 BINARY 1 

BITS PER SAMPLE 2 BINARY 24 FOR CHANNEL TYPE 17 
24 FOR CHANNEL TYPE 21 
16 FOR CHANNEL TYPE 22 

DESCRIPTION 20 ASCII CHANNEL DESCRIPTION 
RESERVED 4 N/A N/A 
TCO MODE 1 BINARY 0 - GENERATE TIME 

1 - USE TIME FROM RECORDED 
TAPE 

RESERVED 3 N/A N/A 
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TABLE L-12.  VOICE INPUT CHANNEL 

FIELD BYTES FORMAT DESCRIPTION 
*CHANNEL TYPE 2 BINARY 16 
MAPPED CHANNEL 2 BINARY INDEX OF THE CHANNEL THIS 

CHANNEL IS MAPPED TO.  IF THE 
CHANNEL IS NOT MAPPED, THE 
INDEX IS -1. 

*ENABLED 1 ASCII “Y” - ENABLED, OR “N” - DISABLED 
ACTUAL RATE 4 BINARY ACTUAL SAMPLE RATE IN SAMPLES 

PER SECOND 
SAMPLES PER 
FRAME 

4 BINARY NUMBER OF SAMPLES PER FRAME 

RESERVED 4 N/A N/A 
*BITS PER WORD 2 BINARY 8 
RESERVED 4 N/A N/A 
*CHANNEL 
NUMBER 

2 BINARY 3 

*MODULE ID 1 BINARY MODULE ID = HEX B1 
RESERVED 1 N/A N/A 
*REQUESTED 
SAMPLE RATE 

4 BINARY 2K, 5K, 10K, 20K, 50K, OR 100K 

*BITS PER SAMPLE 2 BINARY 8 
DESCRIPTION 20 ASCII CHANNEL DESCRIPTION 
RESERVED 1 N/A N/A 
VOLTAGE GAIN 2 BINARY 0 - GAIN OF 1 

1 - GAIN OF 2 
2 - GAIN OF 4 
3 - GAIN OF 8 

RESERVED 5 N/A N/A 
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TABLE L-13.  VOICE OUTPUT CHANNELS 

FIELD BYTES FORMAT DESCRIPTION 
CHANNEL TYPE 2 BINARY 18 
MAPPED CHANNEL 2 BINARY INDEX OF THE CHANNEL THIS 

CHANNEL IS MAPPED TO.  IF THE 
CHANNEL IS NOT MAPPED, THE 
INDEX IS -1 

ENABLED 1 ASCII “Y” - ENABLED, OR “N” - DISABLED 
ACTUAL RATE 4 BINARY ACTUAL SAMPLE RATE IN SAMPLES 

PER SECOND 
SAMPLES PER 
FRAME 

4 BINARY NUMBER OF SAMPLES PER FRAME 

RESERVED 4 N/A N/A 
BITS PER WORD 2 BINARY 8 
RESERVED 4 N/A N/A 
CHANNEL 
NUMBER 

2 BINARY 3 

MODULE ID 1 BINARY MODULE ID = HEX B1 
RESERVED 1 N/A N/A 
REQUEST SAMPLE 
RATE 

4 BINARY NUMBER OF SAMPLES PER SECOND 

BITS PER SAMPLE 2 BINARY 8 
DESCRIPTION 20 ASCII CHANNEL DESCRIPTION 
RESERVED 8 N/A N/A 
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TABLE L-14.  BIT SYNC INPUT CHANNELS 

FIELD BYTES FORMAT DESCRIPTION 
CHANNEL TYPE 2 BINARY 23 
RESERVED 2 N/A N/A 
ENABLED 1 ASCII “Y” - ENABLED, OR “N” - DISABLED 
ACTUAL RATE 4 BINARY ACTUAL WORD RATE IN WORDS 

PER SECOND 
WORDS PER 
FRAME 

4 BINARY NUMBER OR WORDS PER FRAME 

RESERVED 4 N/A N/A 
BITS PER WORD 2 BINARY 16 
RESERVED 4 N/A N/A 
CHANNEL 
NUMBER  

2 BINARY CHANNEL ON MODULE (0-3) 

MODULE ID 1 BINARY MODULE ID = HEXADECIMAL 13 
RESERVED 1 N/A N/A 
REQUESTED RATE 4 BINARY BITS PER SECOND 
DESCRIPTION 20 ASCII CHANNEL DESCRIPTION 
INSTALLED 1 BINARY 0 - DAUGHTER BOARD NOT 

INSTALLED 
1 - DAUGHTER BOARD INSTALLED 

PCM GEOG. 
ADDRESS 

1 BINARY GEOGRAPHICAL ADDRESS OF THE 
ASSOCIATED 
PCM INPUT CHANNEL 

SOURCE CLOCK 1 BINARY 0 - SOURCE A 
1 - SOURCE B 

RESERVED 7 N/A N/A 
 

2.3 Trailer Section.  The trailer section contains the setup description and the 
checksum (see Tables L-15).  Early versions of the setup do not contain this information. 
 The “Setup Keys” field in the header indicates the content of the trailer section.   
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TABLE L-15.  TRAILER SECTION FORMAT 

FIELD BYTES FORMA
T 

DESCRIPTION 

SETUP 
DESCRIPTION 

40 ASCII DESCRIPTION OF THE SETUP 

SAVED SCANLIST VARIES BINARY NUMBER OF BYTES DEPENDS ON THE 
NUMBER OF CHANNELS BEING 
RECORDED. 

CHECKSUM 4 BINARY SUM OF ALL SETUP BYTES. 
 
2.4 Saved Scan-list Structure.  This is an array of enabled input channels that make up the 
calculated scan-list.  Each element of the array is made up of two fields, an index field and a 
count field.  The length of the index fields is one byte, and the length of the count field is 
two bytes. 
 
 The index field, which is 1-based, is determined by the position of the channel’s module in 
the ARMOR system.  The first input channel found in the ARMOR system is assigned an index 
of 1, the next input channel is assigned a 2, and so on.  The search for input modules starts at 
slot 1.  Filler bytes are assigned an index value of 255. 
 
 The count field is the number of words/samples per frame that is assigned to that 
input channel.  
 
2.5 Creating a Setup Block.  Creating a Setup Block involves two steps.  In the first step, 
the user creates an “input” setup block file as described below in this section.  Most of the 
fields in the input setup block file are unspecified (filled with zeros).  In the second step, the 
input setup block file is read by the ARMOR Compiler program that produces a new setup 
block file with all the unspecified fields initialized to the appropriate values.  In other words, a 
setup block has two types of fields, user specified and compiler generated.  Note that all 
compiler generated fields must be provided in the input setup block file and initialized with 
zeros prior to executing the ARMOR compiler program. 
 
 The rules presented in this section must be explicitly followed to create an 
ARMOR input setup block.  Values for fields identified in the previous tables with an 
asterisk preceding the field name must be provided.  In some cases the values for these 
required fields are constant and are specified in the tables above. In other cases, the user 
must provide the desired value.  All fields with names not identified with asterisks must 
be initialized to binary zero.  This includes both “unused” and “reserved” fields. 
 
 Only input channel information entries are required.  Output channel information 
entries are ignored by the ARMOR Compiler program. 
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2.5.1  Header Section. 
Setup Length Count the total numbers of bytes in the created setup block and put the 

value here. 
 

Setup Keys Set bit 0 = 1 if the trailer contains a description.  Leave other bits = 0. 
Input Count Enter the total number of input channel information entries, including 

both enabled and disabled entries. 
 
2.5.2  Channel Section.  PCM,  Low Frequency (LF) Analog, and parallel input channel 
information entries must be included in the setup block in groups of four entries per type.  
High Frequency (HF) analog input channel information entries must be included in the setup 
block in groups  of two entries per type.  Time code /voice input channel information entries 
must be included in groups of three time code entries and one voice entry.  Specifying an 
ASCII “N” in the enabled field must disable all unused input channel information entries.  
For each channel information entry group, the channel number field of the first entry in the 
group is 0 (zero), the second entry is 1, the third is 2, and the fourth is 3.  For the time code 
/voice group, the time code entry channel number fields are 0, 1, and 2 respectively, while 
the voice entry channel number field is 3.  HF analog entry channel number fields are 0 and 1 
respectively. 
 
 Description fields are not required and are not specified below.  However, it is 
advisable to include an ASCII description of each channel for future reference.  

 
2.5.2.1  PCM Input Channels. 
 Channel Type  Binary 8 
 Enabled   ASCII “Y” if enabled, “N” if disabled 
 Channel Number binary 0,1,2, or 3 as described in 2.5.2 above 
 Module ID   Hexadecimal 11 
 Requested Rate Binary integer rate in bits per second 
 
2.5.2.2  Analog Input Channels. 
  Channel Type Binary 5 for LF (up to 1 Megasample /sec), 6 for 

HF (up to 10 Megasamples/sec) 
 Enabled “Y” if enabled, “N” if disabled 
 Bits per Sample 8 or 12 
 Channel Number 0,1,2, or 3 as described in 2.5.2 above 
 Module ID Hexadecimal 34 (LF) or 33 (HF) 

  Requested Rate  Binary integer 2K, 5K, 10K, 20K, 50K, 100K,  
                                                      200K, 500K, 1M (LF, HF) 2.5M, 5M, 10M  
                                                      (HF only) 
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2.5.2.3  Parallel Input Channels. 
 Channel Type Decimal 13 

 Enabled   “Y” if enabled, “N” if disabled 
 Channel Number 0,1,2, or 3 as described in 2.5.2 above 
 Module ID Hexadecimal 92 
 Requested Rate  Binary integer 8-bit words (bytes) per second 
 

2.5.2.4  Time Code Input Channels. 
 Channel Type  Deciaml 15 (1st entry) , 19 (2nd entry), 20 (3rd entry) 
 Enabled   “Y” if enabled, “N” if disabled, all three entries 

must be the same 
 Bits per Word Deciaml 24 (1st entry), 24 (2nd entry), 16 (3rd entry) 

 Channel Number 0,1, or 2 as described in 2.5.2 above 
 Module ID Hexadecimal B1 
 Requested Sample Rate 1 

 Bits per Sample Decimal 24 (1st entry), 24 (2nd entry), 16 (3rd entry) 
 
2.5.2.5  Voice Input Channels. 

 Channel Type Decimal 16 
 Enabled “Y” if enabled, “N” if disabled 
 Bits per Word 8 
 Channel Number 3 as described in 2.5.2 above 
 Requested Sample Rate Integer 2K, 5K, 10K, 50K, 100K 
 Bits per sample 8 

 
2.5.3  Trailer Section.  The trailer section of the input setup block is not required.  The 
user may include an ASCII text setup description in the trailer section by setting the 
setup keys bit 0 = 1 in the header section (see Section 2.5.1 above) and adding the setup 
description field only in the trailer section. 
 
2.5.4  ARMOR Compiler Program.  Operational instructions for the ARMOR compiler 
program are provided in the readme.txt file provided with the compiler (see Section 
6.17.3.1).  
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1 

FOREWORD 

 
 
The IRIG 106, Telemetry Standards, documents have taken on a new look effective with this 
release.  The IRIG-106 is now published in two parts.  Part I contains the more familiar 
information and standards that have evolved over the years.  Part II is a totally new entity that is 
devoted to the standards associated with the present technological evolution/revolution in the 
telemetry networks area. 
 
The Telemetry Group (TG) of the Range Commanders Council (RCC) has prepared this 
document to foster the compatibility of telemetry transmitting, receiving, and signal processing 
equipment at the member ranges under the cognizance of the RCC.  The Range Commanders 
highly recommend that telemetry equipment operated by the ranges and telemetry equipment 
used in programs that require range support conform to these standards. 
 
These standards do not necessarily define the existing capability of any test range, but constitute 
a guide for the orderly implementation of telemetry systems for both ranges and range users.  
The scope of capabilities attainable with the utilization of these standards requires the careful 
consideration of tradeoffs.  Guidance concerning these tradeoffs is provided in the text.  The 
standards provide the necessary criteria on which to base equipment design and modification.  
The ultimate purpose is to ensure efficient spectrum utilization, interference-free operation, 
interoperability between ranges, and compatibility of range user equipment with the ranges. 
 
This standard, published in two parts, is complemented by a companion series, RCC document 
118, Test Methods for Telemetry Systems and Subsystems, and RCC document 119, Telemetry 
Applications Handbook. 
 
The policy of the Telemetry Group is to update the telemetry standards and test methods 
documents as required to be consistent with advances in the state of the art.  To determine the 
current revision status, contact the RCC Secretariat at White Sands Missile Range, New Mexico 
at (505) 678-1107 or DSN 258-1107 (rcc@wsmr.army.mil). 
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CHAPTER 1 

INTRODUCTION 

1.1 General 
 

Part II of the IRIG 106 Telemetry Standards addresses the standards specifically devoted 
to the area of Telemetry Networks.  This part does not stand-alone and must be used in 
conjunction with Part I of the 106 Telemetry Standards to define and implement a telemetry 
system. 

 
1.2 Scope 
 

The concept of Telemetry (TM) Networks is currently evolutionary.  Initial releases of 
this part of the standard, while incomplete, reflect those areas of the technology mature enough 
to define methods, techniques, and/or specifications needed to ensure interoperability among and 
across the ranges.  The Range Commanders Council (RCC) Telemetry Group (TG) plan is to 
systematically expand the standards and information in this part to the point users are able to 
totally implement a telemetry network from the acquisition of data through the transmission 
and/or recording process. 

 
 Rapidly changing technology and acquisition reform have led the Department of Defense 
to rely more heavily on commercial-off-the-shelf (COTS) hardware and software.  Consequently, 
existing and near horizon commercial communications standards are implemented or tailored to 
the maximum extent possible.  In general, the body of any adopted or adapted standard is not 
repeated in this document, but is cited in the list of reference documentation associated with each 
chapter.  The source to obtain such documentation is cited in those cases where the publications 
are not universally available. 
 
 The TM Networks standards addressed here will describe systems that use packetized 
data, protocols, and architectures similar to traditional computer networks. 
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CHAPTER 2 

MESSAGE STRUCTURES 
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CHAPTER 3 

INTERVEHICULAR TRANSPORT PROFILE 

3.1 Introduction 
 
3.1.1 Background. 
 
 Traditional instrumentation systems consist of a PCM switch with many transducer 
interfaces.  These systems were very centralized with wire bundles running from the switch 
throughout the test article.  Trouble-shooting and replacing such a system was time consuming 
yet straightforward.  Distributed data systems split the centralized functions into multiple units 
around the test article.  The data acquisition units (DAUs) communicated via a unique and often 
proprietary data link.  This factor increased the complexity of the data system, but decreased the 
effort to install and modify the system.  The transducer wiring was routed only to the nearest 
DAU – not all the way back to a central location. 
 
 As distributed systems became more prevalent, there was a desire to mix and match 
capabilities found in various systems.  The non-standard data link used between units precluded 
such activity.  The T&E community has standardized on a common interconnect bus.  This bus 
makes interchanging units between systems possible.  To gain even greater benefit, this profile 
targets a widespread commercial standard that can be applied to test vehicle instrumentation. 
 
3.1.2 Purpose. 
 
 This Intravehicular Transport Profile is intended to provide a starting point for 
interoperability of Fibber Channel end-items in a test-vehicle instrumentation environment.  It is 
envisioned this profile will be one of a family of interoperability chapters in IRIG 106.  When 
taken as a whole, interoperability between compliant nodes will be assured.  Since this document 
is focused at the system level, the target audience is both the end-item designers concerned about 
interoperability and the instrumentation engineer concerned with understanding the capabilities 
and tradeoffs of such a system.  
 
3.1.3 Scope.    
 
 Some profiles provide a boundary limit to contain the capabilities of the compliant 
devices.  This profile, which takes a slightly different approach, specifies a minimum set 
required to achieve interoperability between multiple-vendor end-items on a Fibre Channel 
instrumentation bus.  Therefore, this profile is not intended to limit the capabilities of a unit or 
system.  It does require whatever capability the unit has and it shall include the capabilities in 
this profile as a minimum.  This document only addresses the ability to move the data.  The 
format of the data is beyond the scope of this document.  
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3.1.4 Precedence.    
 
 The order of precedence for instrumentation interoperability shall be this document, the 
FC-AE profile, and the Fibre Channel suite of standards. 
 
3.1.5 Responsibility.    
 
 This chapter is a result of a joint effort between the Office of the Secretary of Defense 
(OSD) Central Test & Evaluation Program (CTEIP) Office and the Range Commanders Council 
Telemetry Group.  The authority of this chapter remains with the RCC Telemetry Group.  The 
Fibre Channel documents referenced throughout this chapter are the responsibility of the T11 
Technical Committee (TC) under Accredited Standards Committee (ASC) National Committee 
for Information Technology Standardization (NCITS).  In turn, NCITS operates under the 
procedures of the American National Standards Institute (ANSI). 
 
3.1.6 References. 
 
ANSI X3.230-1994 Information Technology - Fibre Channel Physical and Signaling 

Interface (FC-PH), 1994 
ANSI X3.297-1997 Information Technology - Fibre Channel Physical and Signaling 

Interface - 2 (FC-PH-2), 1997 
ANSI X3.303-1998 Information Technology - Fibre Channel Physical and Signaling 

Interface - 3 (FC-PH-3), 1998 
ANSI X3.272-1996 Information Technology - Fibre Channel Arbitrated Loop (FC-AL), 

1996 
ANSI X3.nnn-200x Information Technology - Fibre Channel Arbitrated Loop (FC-AL-

2), 200x 
ANSI X3.nnn-200x Information Technology Fibre Channel Avionics Environment 

Technical Report 
ANSI X3.nnn-200x Information Technology – Fibre Channel – Physical Interfaces (FC-

PI) 
ANSI X3.nnn-200x Information Technology – Fibre Channel – Framing and Signaling 

(FC-FS) 
 
3.2 Fibre Channel Deviations and Clarifications 
 
 The following section identifies the mandatory changes to the indicated standards or 
reports.  The majority of the changes are concerned with making optional capabilities mandatory 
or prohibited in order to increase the likelihood of interoperability.  Table 3-1, which appears 
later in this chapter, is not meant to restrict the ability of the end item.  Rather, it is intended to 
define a minimum operating set.  Once the requirements are met, additional features may be 
included provided they do not interfere with interoperable operation (for example, supporting 
speeds in addition to 1063 Mbaud). 
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3.2.1 Physical. 
 
3.2.1.1 Signaling Rate.    
 
 All compliant systems shall be capable of operating at a signaling rate of 1,062.5 Mb/s.  
Additional signaling rates are allowed. 
 
3.2.2 Transmission Protocol.    
 
 No further clarifications of the Fibre Channel standard have been defined. 
 
3.2.3 Signaling Protocol. 
 
3.2.3.1 Port Type.    
 
 To preclude the requirement of any particular topology, NL_PORTs will be required.  
This will allow any unit to be connected in a point-to-point, loop, or switched fabric topology. 
 
3.2.3.2 Login.  
 
 Fibre Channel calls out two methods to log in to the network:  explicit and implicit.  
Explicit logins require an exchange of parameters between two units, or the unit and the network, 
to arrive at a set of parameters acceptable to both.  While this exchange may be desirable and 
should not be discouraged, a more practical approach is the implicit login.  Implicit logins allow 
the user to load the unit with the proper commands, protocols, etc. that the network is using.  
Implicit logins shall be supported for compliant systems. 
 
3.2.3.3 Class of Service.   
 
 Each unit shall be capable of operating with class 3 service.  Other classes of services 
may be utilized as required. 
 
3.2.3.4 Clock Synchronization. 
 
 A clock synchronization service is described in clause 32 of FC-FS.  Its use requires 
Fabric Clock Synchronization (FCS) ports to minimize delays through a Fabric.  This method 
also requires that all NL_Ports on a loop be FCS capable ports.  An FCS port is a new concept 
and may not be readily available in the field in the near future.  As a result, neither the Fabric nor 
client n-bit counters are required.  Since time synchronization within an instrumentation network 
is crucial, an alternate method will be required. 
 
 Each node or client of the clock synchronization server shall be capable of storing a time 
propagation delay value.  If enabled, the delay value will be added to the time value received 
prior to synchronizing the node’s internal clock.  In order to accommodate the maximum delay 
from a timeserver on a loop, a data field able to count to 48,900 ns is suggested.  The method of 
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NOTE

formatting and sending the clock synchronization words is defined in clause 32 of FC-FS for 
extended link services (ELS). 
 

1.  When calculating the delay value, the congestion of the network should be 
taken into account.  2.  A minor drawback of this approach requires a prior 
knowledge of the network (e.g., individual node and propagation delays).  With 

the static nature of a test instrumentation network, this factor should not pose a problem.  In the 
even that FCS ports do gain wide availability, the delay register can still be used to compensate 
for cable propagation delays for greater accuracy. 
 
3.2.4 Common Services. 
 
 No further definitions of the Fibre Channel standard have been developed. 
 
3.2.5 Upper Layer Protocol Mapping.   
 
 Each unit shall be capable of utilizing the Internet Protocol (IP).  Additional protocols 
may be used as the situation warrants. 
 
3.3 Summary 
 

Table 3-1, which follows, summarizes the requirements in section 3.2.  In the case of 
conflict, section 3.2 shall take precedence. 
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TABLE 3-1.  SUMMARY OF INTRAVEHICULAR TRANSPORT REQUIREMENTS 

Feature Status Change FC Std 106 
R – Required     I – Invocable     A – Allowed     P – Prohibited  (see below for explanation) 
PH :  FC-PH, FC-PH-2, FC-PH-3     AL:  FC-AL     FS: FC-FS     PI: FC-PI 
FC-0 Physical     
 Data rate     3.2.1.1 
  1063 Mbaud I  PH-5.1  
  Data rate of 133, 266, 531, 2125, 4250 
Mbaud A  PH-5.1  

FC-1 Transmission Protocol    3.2.2 
FC-2 Signaling Protocol    3.2.3 
 NL_Port R   3.2.3.1 
 Login   PH-23 3.2.3.2 
  Implicit N_Port login I  PH-23, 23.4  
  Explicit N_Port login A  PH-23.4.2  
 Class of Service    0 
  Class 1 A  PH-22.1  
  Class 2 A  PH-22.2  
  Class 3 I  PH-22.3  
  Class 3 multicast A  PH-31  
  Class 4 A  PH-22.5, 34  
  Class 6 A  PH-22.6  
 Clock Synchronization    0 
  ELS method I  FS-32.2  
  Primitive method A  FS-32.3  
  Client delay value I  New  
  Fabric n-bit counter A  FS-32.2.2.3  

  Client n-bit counter A  FS-32.2.2.4 
FS-32.2.3.3  

FC-3 Common Services    0 
FC-4 Upper Layer Protocol Mapping    3.2.5 
 Protocols     
  IP I    
  SCSI A    
  SCPS-NP A    
  Others A    
 

 Implementation Application 
Required Shall Shall 
Invocable Shall May 
Allowed May May 
Prohibited May Shall Not 

NOTES ON THE TABLE 
 
Required: That feature shall be used between compliant units.  The 
hardware is required to implement the feature.  The application is required to 
use the feature.  
Invocable: The hardware is required to implement the feature.  However the 
user may choose whether to use the feature.  This provides a common set 
of requirements that are implemented in the unit and available to the user for 
interoperability issues.  
Allowed: That feature may be used between compliant units.  The hardware 
is not required to implement the feature.  The application may use the 
feature if it is available.  

Prohibited: The feature shall not be used between compliant implemen-
tations.  An implementation may use the feature to communicate with non-
compliant implementations.  This document does not prohibit the 
implementation of features, only their use between compliant 
implementations.  However, interoperability is not guaranteed if Prohibited 
features are used. 

The Fibre Channel Standard Column (FC Std) 
indicates where the indicated item can be found.  
Currently the Fibre Channel Standard Physical and 
Signaling Interface set (FC-PH, FC-PH-2, and FC-
PH-3) is being rewritten, combined, and then split 
into two volumes: Fibre Channel Physical Interface 
(FC-PI) and Fibre Channel Framing and Signaling 
(FC-FS).  Once these new documents are 
published, this section will be updated to reflect the 
reference changes.  It is not expected to change the 
table any further except where noted 
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CHAPTER 4 

EXTRAVEHICULAR TRANSPORT (WIRELESS) 

4.1 Introduction 
 
4.1.1 Background.    
 
 This Range Commanders Council standard defines the recommended methodology for 
packet telemetry (wireless) radio frequency transmissions using the Consultative Committee for 
Space Data Systems (CCSDS) data multiplex format.  “The CCSDS is an international 
organization of space agencies interested in mutually developing standard data handling 
techniques to support space research conducted exclusively for peaceful purposes.”  (Quoted 
from their web site:  http://www.ccsds.org.)  To this end, CCSDS has developed an extensive list 
of documents, including “Recommendations” (or standards), that have potential applicability to 
the RCC ranges.  A related standard, IRIG 107, Digital Data Acquisition and Onboard 
Recording Standard, defines the format for on-board data recording.  IRIG Standard 107 makes 
extensive use of the CCSDS packet telemetry standard (see Chapter 5 of 106 Part II, Recording). 
 
 The concept of packetized digital communications is not new and has been in use for a 
number of years.  The protocols used in computer networks, such as TCP/IP, are packet systems.  
Its utilization in the RF arena for aircraft and missile telemetry and for satellite communications 
and telemetry purposes is a more recent application of the concept. 
 
4.1.2 Purpose. 
 
 This standard for RCC recommended packet telemetry references the CCSDS 
Recommendation and places the “tailored” requirements which are unique to the RCC telemetry 
applications within the body of IRIG Standard 106.  The advantage of this approach is two fold.  
First, it eliminates the need to revise the 106 document every time the CCSDS Recommendation 
changes, thereby reducing the chances of errors and additional paper work.  Second, the CCSDS 
Recommendation has a number of parameters that can vary with the application.  In the interest 
of range interoperability, those parameters will be defined in the 106 document.  In this manner, 
constrained flexibility can be achieved. 
 
4.1.3 Scope.  
 
 This standard provides the tester with a high degree of flexibility in the data transmitted 
to the ground, including in-flight changes to the telemetry formatting.  Packet telemetry has the 
benefits of enabling the application of modern network techniques and facilitating multi-source 
additions and/or deletions to the test environments.  This standard can also employ techniques 
for error detection and correction, as per the CCSDS recommended techniques. 
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4.1.4 Precedence. 
 
 The CCSDS recommendation for packetized telemetry began in the mid-1980’s as a 
baseline concept for spacecraft-to-ground data communication, and for missions that were cross-
supported between space agencies of the CCSDS.  This packet telemetry recommendation 
established a common framework and provided a common basis for the data structures of 
spacecraft telemetry streams.  It has allowed each agency to proceed coherently with the 
development of compatible derived standards for the flight and ground systems that are within 
their cognizance (i.e., allowed the tailoring of the Recommendation into a local standard).  A 
derived (or tailored) standard can utilize a subset of the optional features allowed by the 
Recommendation and may incorporate features not addressed by the Recommendation. 
 
4.1.5 Responsibility.    
 
 It is the responsibility of the user of this standard to notify the support command or range 
in sufficient time to ensure compliance with this standard.  This standard will be treated in the 
same manner as a Class II PCM and, therefore, it will not be automatic that each 
command/agency/range have the capability of processing this format.  Providing the supporting 
range sufficient time to establish the ground processing part of this format will be in the best 
interests of participating organizations.  Compliance with this RCC standard for packet telemetry 
should provide the customer another opportunity for cost savings.  
 
4.1.6 References. 
 
4.1.6.1 Referenced Standards. 
 

1) CCSDS 102.0-B-4 Packet Telemetry, Blue Book, November 1995. 
2) CCSDS 713.0-B-1 Space Communications Protocol Specification (SCPS) – 

Network Protocol (SCPS-NP), Blue Book, May 1999 
4.1.6.2 Additional Information. 
 

3) CCSDS 101.0-B-3 Telemetry Channel Coding, Blue Book, May 1992. 
4) CCSDS 100.0-G-1 Telemetry Summary of Concept and Rationale, Green Book, 

December 1987 
5) CCSDS 103.0-B-1 Packet Telemetry Services, Blue Book, May 1996. 
6) CCSDS 120.0-G-1 Lossless Data Compression: Summary of Concept and 

Rationale, Green Book, May 1997. 
7) CCSDS 121.0-B-1   Lossless Data Compression, Blue Book, May 1997. 
8) CCSDS 301.0-B-2 Time Code Formats, Blue Book, April 1990. 
9) CCSDS 320.0-B-1 CCSDS Global Spacecraft Identification Field Code 

Assignment Control Procedures, Blue Book, October 1993.  
10) CCSDS 320.0-B-1  Cor. 1 Technical Corrigendum 1 to CCSDS 320.0-B-1, 

November 1996. 
11) CCSDS 401.0-B Radio Frequency and Modulation Systems—Part 1: Earth 

Stations and Spacecraft, Blue Book, November 1994. 
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12) CCSDS 411.0-G-3 Radio Frequency and Modulation—Part 1: Earth Stations, 
Green Book, May 1997. 

13) CCSDS 412.0-G-1 Radio Frequency and Modulation Systems—Spacecraft-Earth 
Station Compatibility Test Procedures, Green Book, May 1992. 

14) CCSDS 501.0-B-1 Radio Metric and Orbit Data, Blue Book, January 1987. 
15) CCSDS A12.0-G-1 CCSDS-Related Implementations, Green Book, November 

1996. 
16) CCSDS A30.0-G-3 CCSDS Glossary, Green Book, July 1997. 
 

NOTE

  
CCSDS Color Code Document Type RCC Equivalent 
Blue Book Recommendation RCC Standard 
Red Book/Pink Sheets Draft Recommendation Draft Standard or “Pink Sheets” 
Green Book Report   

 
4.2 Packet Telemetry 
 
4.2.1 General.   
 
 Packet telemetry provides an alternative to traditional time-division-multiplexing “PCM” 
methods which are predominantly based on repeated sampling.  Packet telemetry methods 
provide a means for many sources to transmit data to many destinations via a single link in a 
packet switching environment.  This is often done as a “common carrier” service without 
knowledge of the contents.  
 

This section does not define word boundaries or means to decode data down to 
the measurement, sample, or word level comparable to the preceding sections 
of IRIG Standard 106-01, Part I, Chapter 4.  Future, more detailed, 

standardization may be required for specific application areas. 
 
4.2.2 Scope of Application.   
 
 The most widely used international approach to packet telemetry was developed by the 
CCSDS through “Packet Telemetry,” Recommendation CCSDS 102.0-B-4, November 1995 
(Ref. #1).  Packet telemetry described herein is an application of that Recommendation.  Only 
limited portions of that document are shown in this section; however, the full Recommendation 
is included by reference.  Also included by reference is the SCPS-NP packet definition in 
CCSDS 713.0-B-1, May 1999 (Ref.#2). 
 

N O T E
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4.2.3 Benefits.   
 
 Packet telemetry provides the benefits of enabling the application of modern network 
techniques and facilitating multi-source to multi-user test environments but incurs an inherent 
added latency and overhead which may or may not be suitable for some Range users.  
 
4.2.4 Concept.   
 
 The CCSDS Packet Telemetry Recommendation (Ref.#1) contains the essence of the 
packet telemetry concept, which permits multiple application processes onboard a test article to 
create data that is best suited to the data source (whether an instrument or a sub-system) and to 
format the information for transmission to the ground system for recovery and dissemination to 
multiple users.  Citing from Ref. #1:  “To accomplish these functions, the Recommendation 
defines two data structures - SOURCE PACKETs and TRANSFER FRAMEs – and a 
multiplexing process to interleave SOURCE PACKETs from various APPLICATION 
PROCESSES into TRANSFER FRAMES.” 
 
4.2.5 Summary.   
 
 Packet TM using CCSDS Recommendations consists of source packets multiplexed into 
transfer frames of virtual channels that are then multiplexed into a Master Channel.  If a user 
does not invoke “Virtual Channel” concepts for serving many user groupings, the transfer frames 
are simply multiplexed into a Master Channel.  See Fig. 4-1 for clarification of these terms.  For 
a complete definition of this process consult Ref. #1. 
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      Figure 4-1.  Packet Telemetry Data Flow 

 
 

  
AP = Application Packet   VC = Virtual Channel 
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4.3 Source Packet 
 
4.3.1 Structure and Content.   
 
 The source packet is the fundamental data structure generated by an on-board application 
process.  It contains a packet header and the data that is under control of the application process.  
The normal CCSDS packet structure is replicated in Fig. 4-2 as an example.  Another example is 
the SCPS-NP packet defined in Ref. #2.  Source information content is optional and depends on 
user implementation.  Any type of packet used shall contain Packet Length and Version Number 
in accordance with the protocol in use.  Concurrence from the range involved should be acquired 
to ensure compatibility.  
 

FOR NOISY CHANNELS WHERE BIT ERRORS AND BIT SLIPS ARE LIKELY, IT IS 
RECOMMENDED THAT THE PACKET SIZES BE RESTRICTED TO CLASS I OR CLASS II 
SUBFRAME MAXIMUM LENGTHS  (SEE CH.4, IRIG 106, PART I, FIG. 4-2) TO 

MINIMIZE THE LOSS OF DATA.  SEE ADDITIONAL RECOMMENDATIONS IN REF. #1. 
 
4.3.2 Format. 
 

 
 

Header Descriptor Bits  Header Descriptor Bits 
Version No. Set to “000”  Grouping Flags Set to “11” –  no grouping 
Type Indicator Set to “0” for telemetry    
Packet Sec Hdr Flag “0” if Sec. Hdr. is not 

present 
“1” if Sec. Hdr. Is present 

 Source Seq Count Sequential binary count of 
each packet with the same 
Application Process ID 

Application Process ID Different for each Process 
on Same Master Channel  
All 1’s for Idle packet, 
“11111111111” 

 Packet Data Length Binary number of the 
number octets minus one 
in the data field 

 
 Figure 4-2.  Source Packet Format  (Ref. #1) 
 

N O T E
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4.4 Transfer Frame 
 

The transfer frame provides the structure for transmission over a noisy RF channel from 
the test article to the receiver.  It shall be of constant length during the mission and is limited to 
8920 bits, not including the Attached Synchronization Marker (ASM) that precedes the transfer 
frame.  The ASM is analogous to the minor frame synchronization word of the PCM (see 
paragraph 4.3.2.1.3 of IRIG 106 Part I), but is fixed in length at 32 bits.  The recommended 
synchronization pattern of 32 bits is given in table C-1, appendix C (IRIG 106 Part I).  The 
transfer frame structure is shown in figure 4-3.  The fields within the transfer frame are defined 
as follows (for additional details see Ref. #1): 
 
Header Descriptor Bits 

 
Transfer Frame Version Number Set to “00” 

 
Test Article (Spacecraft ID) The test article identifier shall be negotiated with the 

Test Range.  For spacecraft operating under the 
CCSDS see Ref. #1 par. 5.1.2.1c 
 

Virtual Channel Identifier Identifies the virtual channel being transmitted (1 of 8) 
 

Operational Control Field Flag “1” if operational control field is present, “0” if 
operational control field is not present   
 

Master Channel Frame Count Field A running count or sequence identifier of each transfer 
frame transmitted within the Master Channel 
 

Virtual Channel Frame Counter Field A running count or sequence identifier for each 
transfer frame transmitted through a specific virtual 
channel of a master channel 
 

Transfer Frame Secondary Header Flag   “1” if the transfer frame secondary header is  
present, “0” if the secondary header is not present 
 

Synchronization Flag “0” if octet-synchronized and forward-ordered source 
packets or idle data are inserted, “1” if privately 
defined data are inserted 
 

Packet Order Flag Not used/undefined.  Set to “0” 
 

Segment Length Identifier Not used/undefined.  Set to “0” 
 

First Header Pointer If the Sync Flag is “0”, the first header pointer 
identifies the position of the first source packet within 
the transfer frame data field.  The pointer contains a 
binary representation of the location of the first octet 
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of the first packet primary header.  Numbering with 
the first octet being “0”.  

IF NO PACKET PRIMARY HEADER STARTS IN THE 
TRANSFER FRAME, THE FIRST HEADER POINTER IS SET 
TO “11111111111”. IF IDLE DATA IS CONTAINED IN 
THE TRANSFER FRAME DATA FIELD, THE POINTER IS 
SET TO “11111111110”. 
IF SYNC FLAG IS “1”, THE HEADER IS UNDEFINED. 

 
Transfer Frame Sec Hdr Ver No. Set to “00” 

 
Transfer Frame Secondary Header 
Length 

Length of the secondary header in octets minus one, 
represented as a binary number. 
 

Transfer Frame Secondary Contains the secondary header data, up to 63 Octets. 
 

Transfer Frame Data Field Contains the data to be transmitted to the receiving 
site and shall consist of an integral number of octets.  
The data may consist of source packets, idle data, and 
privately defined data.  To maintain synchronization 
with the receiving station, idle data is transmitted 
whenever insufficient data from other sources is not 
available 
 

Operational Control Field This field is set to 0 (used only for telecommand). See 
Ref. # 1 for definition and applications. 
 

Frame Error Control Field This  (*) field is optional only if the transfer frame is 
contained within the data space of a Reed-Solomon 
Code Block.  It is mandatory if Reed-Solomon is not 
used.  See Ref. #1 for more descriptive information. 

 

 The Operational Control Field (used for Telecommand) is not present in IRIG 
106 and the corresponding Operational Control Field Flag is set to zero.  They 
are shown here in the Transfer Frame Format only for clarity and consistency 

with CCSDS standards. 
 
4.4.1 Master Channel.  
 
 In most instances the Master Channel is identical to the data organization in the physical 
channel used for transmission.  In Ref. #1, however, the Master Channel is defined as:  “All 
transfer frames with the same transfer frame version number and the same spacecraft identifier 
(read test article) on the same physical channel.”  In this standard, the physical channel is taken 
to be a transmitter-receiver radio link.  
 

N O T E
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4.4.2 Virtual Channelization.   
 
 Virtual Channel utilization enables independent users of the common RF link to view 
their data (and entire “formats” in traditional terms) as exclusive and separate.  Virtual 
Channelization is also a mechanism for multiplexing data from a number of different sources so 
channel capacity and access can be assigned and allocated on a priority basis.  In addition it 
provides for accumulating data by grouping, which can expedite the transfer of received data to 
the user.  For additional information on virtual channels see “Telemetry Summary of Concept 
and Rationale,” Report Concerning Space Data Systems Standards, CCSDS 100.0-G-1.  Green 
Book.  Issue 1.  Washington, DC:  CCSDS, December 1987. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 4-3.  Transfer Frame Format
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CHAPTER 5 

RECORDING 
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APPENDIX A  

COMMON ABBREVIATIONS & DEFINITIONS 
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Arbitrated Loop - A Fibre Channel topology where nodes are linked together in a closed loop.  
Traffic is managed with a token-acquisition protocol, and only one connection can be maintained 
in the loop at a time. 
 
Class 1 - Dedicated connection allocating full bandwidth between a pair of ports.  Class 1 
provides confirmation of delivery or notification of non-delivery between the source and 
destination ports. 
 
Class 2 - Connectionless class of service with confirmation of delivery or notification of non-
deliverability of frames.  No bandwidth is allocated or guaranteed. 
 
Class 3 - Connectionless class of service providing a datagram-like delivery service with no 
confirmation of delivery, or notification of non-delivery. 
 
Class 4 - Connection oriented class of service which provides a virtual circuit between a pair of 
ports with guaranteed fractional bandwidth and latency with confirmation of delivery and 
notification of non-delivery. 
 
Class 6 - A derivative of class 1 that provides a reliable one-to-many multicast service with 
confirmation of delivery and notification of non-delivery. 
 
classes of service - Different types of services provided by the Fabric and used by the 
communicating N_Ports. 
 
command-response architecture - A network containing a device which controls the access of 
the other nodes to the network. 
 
counter-rotating ring - An arrangement whereby two signal paths, the directions of which are 
opposite, exist in a physical ring or loop topology. 
 
F_Port - Fabric Port - A Fibre Channel term referring to the port residing on the Fabric 
(Switch) side of the link.  It attaches to a Node Port (N_Port) at the connected device, across a 
link. 
 
FL_Port – An F_Port that contains Arbitrated Loop functions associated with Arbitrated Loop 
topology. 
 
fabric - denotes the interconnect of ports without regard to topology 
 
Fabric - A transport medium that provides switched interconnects between ports.  Fabric 
specifies a topology distinct from Point-to-Point and Arbitrated Loop. 
 
Fibre Channel – An ANSI communication standard that can utilize either copper or fiber optic 
cable plants. 
 
informative - Information provided for completeness.  Not required for standard compliance. 
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interoperability - The capability to communicate or transfer data among various functional units 
in a manner that requires the user to have little or no knowledge of the unique characteristics of 
those units. 
 
Internet Protocol (IP) - Part of the TCP/IP family of protocols describing software that tracks 
the Internet address of nodes, routes outgoing messages, and recognizes incoming messages. 
 
N_Port - Node Port.  A Fibre Channel term, referring to the link control facility which connects 
across a link to the Fabric Port (F_Port) at the Fabric (switch). 
 
NL_Port - An N_Port that contains Arbitrated Loop functions associated with Arbitrated Loop 
topologies. 
 
node - A point of connection into a network.  In Fibre Channel, a collection of one or more 
N_Ports. 
 
node synchronization – The ability to time synchronize two or more nodes to a common time 
base. 
 
OEM - Original Equipment Manufacturer 
 
open systems - Everyone would comply with a set of hardware and software standards. 
 
peer-to-peer architecture - A network that contains equivalent nodes with respect to their 
capability of control or operation. 
 
Point-to-Point - Fibre Channel topology in which communication between two N_Ports occurs 
without the use of Fabric. 
 
port - Network access point for data entry or exit.  In Fibre Channel, a generic reference to an 
N_Port or F_Port. 
 
protocol - A procedure for adding order to the exchange of data.  A specific set of rules, 
procedures, or conventions relating to format and timing of data transmission between two 
devices. 
 
simultaneous sampling - Acquiring multiple data samples within a given time period. 
 
time correlation - The ability to correlate two or more data samples with respect to the time they 
were sampled. 
 
time synchronization - The ability to synchronize two or more sources. 
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APPENDIX B  

INSTRUMENTATION SYSTEM ISSUES (INFORMATIVE) 
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INSTRUMENTATION SYSTEM ISSUES (INFORMATIVE) 

This section provides insight to ideas that may affect a Fibre Channel instrumentation 
system.  It is based on the bus requirements identified early in the NexGenBus project.  
Requirements are not to be construed from this section. 
 
B.1 Architecture 
 

 
 
Figure B-1   Controller Based Architecture  
 
B.1.1 Controller Based Architecture.    
 
 The Fibre Channel by itself does not imply the type of architecture an instrumentation system 
must utilize.  There are two basic architectures that can be employed in the design of the system.  
The nodes may or may not support both architectures.  In the traditional system, a controller or 
master is used to command the nodes and receive the responses.  The controller is programmed with 
the knowledge of the overall format and directs each node to acquire data and respond (reference 
Figure B-1).  The controller typically becomes the aggregator of the data as it formats the output(s) 
for recording, transmitting, or processing.  This architecture keeps the nodes simple.  Traffic on the 
bus is very orderly based on what the controller requests.  This is also known as a command-
response architecture.  Multiple formats can be stored in the controller and changed via a cockpit 
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switch or sophisticated uplink.  Controllers can vary from small inexpensive units that are inflexible 
to large expensive units that can do everything. 
 
B.1.2 Peer-to-Peer Architecture.   
 
 Another architecture available to the instrumentation network is the peer-to-peer 
architecture, wherein each node is programmed with its own schedule.  Individually the nodes 
determine when to acquire the data, how to packetize the data, whom to send it to, and how often 
to send it (reference Figure B-2).  One of the advantages of an autonomous system is the ease at 
which new nodes may be added.  Additional nodes just need to be physically connected to the 
bus and programmed.  The other nodes are not affected (assuming there is plenty of bandwidth 
on the bus).  One node could still receive all the data and format it into the proper outputs for 
recording and transmitting similar to the command response architecture. 
 

 
 

Figure B-2   Peer-to-Peer Architecture 
 
B.2 Open System 
 

In an open system, the specifications are generally in the public domain.  Of particular 
importance, the specifications should be in wide use as well.  This system allows ready access 
not only to the specifications but also to the chipsets, OEM boards, drivers, and test equipment. 
 
B.3 Topology 
 

Fibre Channel defines three major topologies:  point-to-point, fabric, and arbitrated loop.  
Another topology available is hybrid topology. 
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B.3.1 Point-to Point Topology.   
 
 The point-to-point topology is the simplest.  It connects two ports with a bi-directional 
link consisting of a transmit cable and a receive cable (reference Figure B-3). 
 

 
 

Figure B-3   Point-to-Point Topology 
 

B.3.2 Fabric Topology.   
 
 In the Fabric topology, each node is connected to a switch.  Depending on the capabilities 
of the switch, any node may connect to any other node (reference Figure B-4).  When denoting 
Fabric topologies, the Fabric is shown as a cloud.  This represents the Fabric notion without 
showing any physical connections.  One of the drawbacks of Fabric, is the requirement for one or 
more Fabric switches that physically take the place of the network cloud.  These switches are not 
necessarily cheap - especially for a test environment.  Because of the connectivity, adding 
additional nodes increases the total bandwidth available to the system.  In reality, this is only true 
if there is a broad distribution of network traffic.  If all nodes are trying to talk through one link 
to the recorder, then more nodes will only make it worse. 
 

 
 

Figure B-4   Fabric Topology 
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B.3.3 Arbitrated Loop Topology   
 
 The arbitrated loop topology is a simple concatenation from the transmitter of one node 
to the receiver of the next.  This progresses through all nodes until the last transmitter is 
connected to the first receiver to form a loop (reference Figure B-5).  Simplicity is one of the 
advantages of a loop.  There is no additional network hardware required for connectivity.  To add 
more nodes, the loop is broken with the additional nodes being inserted between the break.  One 
of the drawbacks of a loop is the constant bandwidth.  Regardless of the number of nodes, they 
all share the same bandwidth. 
 

 
 

Figure B-5   Arbitrated Loop Topology 
 
B.3.4 Hybrid Topology.   
 
 The last type of topology available is the hybrid topology, which simply replaces one of 
the fabric nodes with a loop.  Conversely, it replaces a loop node with a fabric (reference Figure 
B-6).  Figure B-6 depicts one instance of a hybrid topology; there are many other variations.  
Understandably, the hybrid topology embodies the pros and cons of both the fabric and loop 
topologies. 
 

 
 

Figure B-6   Hybrid Topology 
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B.4 Fault Tolerance 
 

In the systems most instrumentation engineers are familiar with, a single point failure has 
rarely brought a system to its knees.  With traditional instrumentation systems, a faulty 
connection on a data acquisition unit simply meant no data would come from that unit.  The rest 
of the system would continue to operate as is true for MIL-STD-1553 systems.  With switched 
fabric systems, the switches become a single point failure.  One single-point-failure mode does 
not seem like a big issue.  Current systems have a single point failure in the system controller.  
When we consider arbitrated loop systems - each node on the loop is a single-point-failure 
source.  There are several ways to make these systems more fault tolerant such as port bypass 
circuitry, hubs, and built in redundancy. 
 
B.4.1 Port Bypass 
 
 One way to add fault tolerance to a loop topology is to add port bypass circuitry to each 
node.  If something happens to the node (loss of power or other problem) the bypass kicks in and 
allows the loop to continue to operate.  The node designer must add this circuitry to the unit prior 
to production.  The port bypass circuit will not help a faulty connection to the port itself. 
 
B.4.2 Hub 
 
 A hub allows a logical loop topology to be physically connected in a star fashion.  The 
hub acts as a security guard monitoring the health of each of the ports.  When it detects a failure 
on one of the ports or links, it bypasses the faulty link within the hub (reference Figure B-7).  In 
this way, a port and its associated wiring can be completely removed and not affect the system.  
This works well, however, many of the drawbacks of the switched fabric topology have been 
reintroduced (e.g., the added expense (hardware and time) of routing the links back to a central 
location as well as the cost and maintenance of the hub). 
 

 
 

Figure B-7   Arbitrated Loop with Hub 
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B.4.3 Redundancy 
 
 Another solution, which must be designed into the port, is a redundant bus.  For fabrics, it 
means multiple ports on each node.  Each port is connected to the fabric and receives its own 
port address.  The node is responsible for merging data from among its ports.  To the rest of the 
fabric, it looks like there are more ports.  For the data rates expected in initial instrumentation 
systems, wholesale redundant busses for fabrics do not seem to gain much.  However, the 
concept of multiple ports for high bandwidth data sinks like recorders seems to have merit.  For 
loops, an additional connection between nodes in the opposite direction may be  
installed.  This creates a counter-rotating ring.  If there is a connection failure, data can still 
traverse the ring. 
 
B.4.4 Avionics Busses 
 
 Avionics Busses used to control the test vehicles have typically had redundancy built into 
the system.  Given the criticality of a failure for operational systems, it is essential.  Redundancy 
in instrumentation systems has been the exception rather than the rule.  A Fibre Channel system 
built to the ANSI standards has a lower bit error rate than anything used previously.  The system 
designer must decide if redundancy is required for a given implementation.  Possible choices 
include counter rotating rings and dual ported nodes. 
 
B.4.5 Addressing 
 
 When a port logs into the fabric, or when the loop is initialized, the port addresses are 
assigned.  Fibre Channel allows a port to request a previously assigned address.  It allows the 
ports to request an address on a cold start.  The primary concern is for systems where new nodes 
may be coming online at random or under some other control.  Since the test vehicle is a private 
system where the instrumentation engineer has the knowledge of what nodes are in the system, 
static addresses should not be a problem.  The ability to preset an address is an advantage for 
many reasons, not the least of which is trouble-shooting. 
 
B.5 Timing 
 

Timing is one of the most critical issues facing instrumentation networks.  There are three 
major timing issues:  time correlation of data, simultaneous sampling, and the reconstruction of 
data sources.  Synchronizing the nodes to a common time source, if done accurately enough, 
could solve all three issues.  The question of what accuracy is required is still open to debate.  It 
may be overridden by what is achievable.  The issues surrounding the ability to synchronize 
differ with each topology selected. 
 
B.5.1 Data Correlation 
 
 Time correlation of data requires knowledge of when a sample occurred in relation to 
other samples.  If both samples occur within the same node, the issue is trivial.  When they occur 
across different nodes, the time relationship between the nodes needs to be known. 
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B.5.2 Simultaneous Sampling 
 
 In some instances, knowing when different samples occurred is not good enough.  The 
samples need to be acquired at the same moment in time for data processing issues to be reduced 
to a manageable level. 
 
B.5.3 Data Source Reconstruction 
 
 Data source reconstruction is similar to data correlation, but a bit more specific.  For 
some data sources, like MIL-STD-1553 data busses, the user wants to recreate the bus exactly 
for use with simulators or trouble-shooting equipment.  In a packet-based environment, each 
packet will be stamped with the time of arrival.  The fidelity of the time stamps will vary with 
the requirement for reconstruction. 
 
B.6 Interoperability 
 

This section will explain some of the rationale by which certain values are selected. 
 
B.6.1 Cables and Connectors 
 
 The Fibre Channel standards were written with benign environments in mind.  Because of 
space constraints within test vehicles, signal wires are sometimes tied in the same bundles as 
power lines and antenna cabling.  The proximity of radars, avionics, and power distribution units 
creates an environment most cable/connector sets cannot tolerate.  Because of this harsh 
environment, the physical component was expected to deviate from the standard.  Changing the 
physical level should not affect the ability to leverage the commercial industry. 
 
 
B.6.2 Port Type 
 
 Since this is an interoperability document, it was decided not to arbitrarily choose a 
topology.  Because there are pros and cons to both port types, the system designer should decide 
what is best for the application.  The selection of the NL_Port allows any of the topologies to be 
used. 
 
B.6.3 Signaling Rate 
 
 For two nodes to communicate, they must operate at the same signaling rate.  Full speed 
is by far the most prevalent rate and the one most vendors will design into their units.  This 
preference does not preclude the use of additional rates like quarter speed or double speed, but 
will ensure that all units have a common rate with which to communicate. 
 
B.6.4 Login 
 
 Since the instrumentation network is a private network, the system designer knows what 
nodes are going to be put on the network and how they need to operate.  Therefore, the login 
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parameters can be preloaded and stored internally.  Explicit login appears more like an “auto-
negotiate” routine, which adds a level of complication.  Probably the greater concern is to ensure 
the variety of login parameters allows interoperability.  For example, do we need to define 
default common service parameters for FLOGI and/or PLOGI? 
 
B.6.5 Class of Service 
 
 Much the same as signaling rate, Fibre Channel allows several choices.  However, class 
three seems to be the most prevalent class of service.  Again, this does not preclude the use of 
other classes. 
 
B.6.6 Protocol 
 
 Since NexGenBus did not study the upper layer protocols (ULP), selecting the most 
capable protocol is out of the question.  The most prevalent ULP seems to be the only choice.  
The ULP used frequently on Fibre Channel is the SCSI protocol.  This protocol has been used for 
years for read/write commands between a host (PC) and a target (tape drive).  Because of Fibre 
Channel’s robust architecture and low latency to send and receive SCSI commands, the use of 
SCSI in a Storage Area Network (SAN) has become almost universal.  Recently the use of 
TCP/IP drivers on Fibre Channel has become popular.  The use of TCP provides the ability to 
interoperate with many different devices.  The penalty is that TCP uses a connection oriented 
protocol in which acknowledgments are received for each packet.  This characteristic creates 
additional traffic on the network, which in turn reduces throughput and increases latency.  An 
alternative to TCP is UDP, which uses the same size packet, etc., but does not acknowledge 
packets received.  This characteristic increases throughput and decreases latency.  Although not 
strictly an upper layer protocol, the Internet Protocol (IP) is the most pervasive protocol in use 
today.  It provides a connectionless method of connecting, but has a rich set of tools developed 
for the Internet.  The IP Protocol is used with either TCP or UDP.  Many vendors are providing 
IP drivers along with their SCSI drivers. 
 



 

 C-1

 

APPENDIX C  
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C.1 Physical Interface 
 

The physical interface is the first test of interoperability.  If the units cannot be physically 
connected together via an electrical or fiber optic cable, interoperability is squashed right off the 
bat.  The cable and connector are usually selected together since selecting one will limit the 
choices for the other.  The original “Fibre Channel Physical and Signaling Interface” (FC-PH) 
standards called out allowable cables and connectors in chapters 7 and 9.  The new rewrite of the 
FC-PH three volume set into one “Fibre Channel Physical Interfaces” (FC-PI) standard is 
currently in draft.  The new approach does not call out cable specifications or lengths.  Instead, 
they provide specs to which the implementer must adhere.  A portion of section 10.2 from the 
FC-PI draft standard states: 
 

Part of FC-PI draft v7.3, section 10.2  Cable Interoperability 
All styles of balanced cables are interoperable; i.e., electrically compatible with minor impact on TxRx 
Connection-length capability when intermixed.  The unbalanced (coaxial) cables are also interoperable.  
Interoperability implies that the transmitter and receiver level and timing specifications are preserved, 
with the trade-off being distance capability in an intermixed system.  Any electrically compatible, 
interoperable unbalanced or balanced cables may be used to achieve goals of longer distance, higher 
data rate, or lower cost as desired in the system implementation, if they are connector, impedance, and 
propagation mode compatible. 
 
When cable types are mixed, it is the responsibility or the implementer to validate that the lengths of 
cable used do not distort the signal beyond the received signal specifications referenced in clause 9.9 
“Receiver characteristics.” 

 
C.2 Cable Connector Pairs 
 

Because of the direction the Fibre Channel standards group is taking on identifying 
cables, this appendix will follow their lead.  The following sections identify a couple of 
cable/connector pairs that have been tested using a very small sample size.  The intent was to 
show they could be used – not they would work up to n feet and under x conditions.  The unit 
designer should use cables and connectors appropriate for the application.  Consideration should 
be given to the user application environment.  Industry common balanced and unbalanced 
connectors help the user in minimizing test cables in labs, stockpiling of connector types, and 
using existing wiring in test articles.  For more information regarding the tests performed on 
these cables, see document number NGB-00-DOC-7 (http://nexgenbus.nawcad.navy.mil). 
 
C.2.1 Balanced 
 
 The Gore Quad Cable using MIL-C-38999 style connectors with impedance matching 
inserts as found to be acceptable for inter-enclosure use. 
 
C.2.2 Unbalanced 
 
 The  RG-302 Cable (military grade of RG-59) using BNC type connectors was found to 
be acceptable for intra-enclosure use. 
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JOIN US!
On behalf of the entire ITC organizing committee, we cordially invite you to
attend the 40th International Telemetering Conference in San Diego, California.
This year’s program is focused on real-world telemetry instrumentation solu-
tions and the great changes sweeping the community as telemetry becomes
more vital to our everyday operations.

Invited guest Dr. James R. Schlesinger will open the conference program as our
keynote speaker. His kick-off presentation will provide stimulating dialogue on
management of the frequency spectrum. Dr. Schlesinger will be followed by a
group of distinguished experts in the telemetry field as members of our Blue
Ribbon Panel. The panel will address “Transitioning from Spectrum Allocation
Ownership to Capabilities-Based Spectrum Policy and Strategies.”  

This year’s technical program is as robust as ever, providing over 100 technical
presentations examining all aspects of telemetry real-world solutions, as well as
11 outstanding one-day short courses that range from the basics of telemetry
to performance-based sensor selection.

This being our 40th year of service to the industry, we are especially delighted
to be celebrating with an anniversary luncheon, where a seasoned panel of flag
officers will share 40 years’ worth of experiences from their test ranges.

None of our program agenda would unfold without the tremendous support of
our event sponsors, whom we graciously acknowledge below and thank for
their commitment and generosity.

Looking forward to seeing you soon! — Bob and Mike

DoD Notice
The Department of Defense finds this
event meets the minimum regulatory
standards for attendance by DoD
employees. This finding does not
constitute a blanket approval or
endorsement for attendance. Individual
DoD component commands or
organizations are responsible for
approving attendance of their DoD
employees based on mission
requirements and DoD regulations.

Robert J.Arnold
ITC/USA 2004 General Chairman

46th Test Wing
Air Armament Center, Eglin AFB, FL

Michael M. Mottern
ITC/USA 2004 Technical Chairman

BAE Systems
Eglin Division, Eglin AFB, FL

2

Gold Sponsors

General Dynamics Advanced
Information Systems

L-3 Communications

Teletronics Technology
Corporation

Silver Sponsors
ACRA CONTROL

BAE Systems

Herley Industries

M/A-COM

Nova Engineering

ITC/USA 2004 CONFERENCE SPONSORS

Tha
nk

You
to All ITC Volunteers!

ITC continues to be run by an all-volunteer organizing committee, without whom the
conference would never come to pass. The Board of the International Foundation for
Telemetering wishes to thank all ITC volunteers, and the companies who sponsor them,
for their generous contributions to making this forum the premier event it has been for
the past 40 years.
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EVENT GUIDE DATE TIME

Registration Hours Sunday, October 17 5:00pm–7:00pm

Monday, October 18 7:30am–6:00pm

Tuesday, October 19 7:00am–7:00pm

Wednesday, October 20 7:30am–12:00pm / 2:00pm–5:00pm

Thursday, October 21 8:00am–10:00am

Short Courses Monday, October 18 9:00am–5:00pm
(See page 6 for complete short course information.) 

Exhibition Hours Tuesday, October 19 11:00am–7:00pm

Wednesday, October 20 8:00am–12:00pm  / 2:00pm–6:00pm

Thursday, October 21 8:00am–12:00pm

Technical Sessions Tuesday, October 19 2:00pm–5:00pm

Wednesday, October 20 8:30am–11:00am / 2:30pm–5:00pm

Thursday, October 21 8:30am–11:00am

Meetings
TSCC Meeting Monday, October 18 1:00pm–5:00pm

ICTS Meeting Monday, October 18 5:00pm–7:00pm

ITC/USA 2004 Exhibitor Feedback Meeting Thursday, October 21 9:00am–10:00am

Special Events
Golf Tournament Monday, October 18 8:30am–1:30pm

Icebreaker by the Pool Monday, October 18 6:30pm–8:30pm

Opening Ceremony,
Keynote Address & Blue Ribbon Panel Tuesday, October 19 8:00am–11:00am

Exhibitors’ Reception Tuesday, October 19 5:00pm–7:00pm

40th Anniversary Luncheon Wednesday, October 20 12:00pm–2:00pm

Spouses Program
Welcome Monday, October 18 2:00pm–4:00pm

Scrapbooking Session / Lunch Tuesday, October 19 8:00am–12:00pm

Balboa Park Walking / Bus Tour Tuesday, October 19 12:00pm–4:30pm

Guided City Bus Tour / Hotel Del
Coronado Tour / Old Town Excursion Wednesday, October 20 10:00am–4:30pm

No other venue provides the depth of coverage on the telemetry industry you’ll get from
ITC’04. Our focus this year is on real-world telemetry solutions and with hundreds of tech-
nical presenters and exhibitors on hand you’re sure to get the most up-to-date information
available in one place at one time. Plus, we’re celebrating our 40th anniversary in style with
a retro icebreaker on Monday night, an exhibitors’ reception on Tuesday night, and a 
memorable anniversary luncheon on Wednesday afternoon, featuring a panel of distinguished
flag officers.

CONFERENCE
PLANNER

CONFERENCE PLANNERCONFERENCE PLANNER

Free!

Free!

Free!
Free!

Calendar subject to slight modifications. Consult on-site program for latest information.
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Based Sensor

Selection

Basics of
Signals &
Modulation

Advanced
Modulation
Techniques

Principles
of TM
Ground
Stations 

Basics of
Telemetry
Networks

SETUP

6:30 PM
8:30 PM

ITC/USA 2004 Icebreaker: Celebrating 40 Years of Telemetering Excellence
Location:Terrace Pavilion (by the pool area)

CLOSED
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T.

19

8:00 AM 

Opening Ceremony and Blue Ribbon Panel • Location: Regency Ballroom
Invited Keynote Speaker: The Hon. Dr. James R. Schlesinger, Former Secretary of Defense

Transitioning from Spectrum Allocation Ownership to Capabilities-Based Spectrum Policy/Strategies
Moderated by Mike Mottern, BAE Systems

Panel: Philip Coyle, Gerhard Mayer, Jean-Claude Ghnassia, Lt. General (Ret.) Gordon Fornell, John Bolino

CLOSED

11:00 AM Exhibits Are Open from 11:00 AM to 7:00 PM
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11:00
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International

Consortium for
Telemetry

Spectrum (ICTS)

2.
Signal Processing

3.
Onboard

Architectures 1 
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Exhibits Are Open Until 7:00 PM

W
ED

NE
SD

AY
,O

CT
.2

0

8:00 AM Exhibits Are Open from 8:00 AM to 12:00 PM
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Forum

8.
Telemetry Band 
Augmentation

9.
Ground
Systems

Architectures

10.
COTS

Devices &
Integration

11.
Antennas

12.
IEEE

802.11

12:00
PM

40th Anniversary Luncheon • Location: Regency Ballroom
A distinguished panel of flag officers will discuss 40 years of telemetry

Dr. Richard Hallion, Former Air Force Historian; Brig. Gen. Robert Reese, Commander, White Sands Missile Range;
Rear Admiral David Venlet, Commander, Naval Air Warfare Center, Weapons Division

CLOSED

2:00 PM Exhibits Are Open from 2:00 to 6:00 PM
OPEN
2:00 
PM
to

6:00 
PM

2:30 PM Technical
Sessions:

13.
Applications of

XML
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Space Link Extension
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CONFERENCE AT A GLANCE

Times and locations subject to change. Consult on-site program for latest information.

CONFERENCE AT A GLANCE
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KEYNOTE ADDRESS:
MANAGEMENT OF FREQUENCY SPECTRUM

Tuesday, October 19, 2004
8:30am – 9:15am • Regency Ballroom

Invited Keynote Speaker:
The Honorable Dr. James R. Schlesinger
Former Secretary of Defense

Join a stimulating dialogue on management of
frequency spectrum with one of the nation’s 
foremost authorities.

Dr. Schlesinger is currently chairman of the board of trustees for
the MITRE Corporation and senior advisor for Lehman Brothers.
He is also counselor and trustee of the Center for Strategic and
International Studies and chairman of the Executive Committee
for the Nixon Center. Dr. Schlesinger has held previous positions
as Secretary of Energy and Secretary of Defense. He was also
director of Central Intelligence and chairman of the Atomic
Energy Commission.

BLUE RIBBON PANEL:
TRANSITIONING FROM SPECTRUM ALLOCATION
OWNERSHIP TO CAPABILITIES-BASED SPECTRUM
POLICY/STRATEGIES

Tuesday, October 19, 2004
9:15am – 11:00am • Regency Ballroom

Hear from the industry’s leading experts and learn about
the impact of capabilities-based spectrum policy/strategies
on the telemetry industry.

Panelists:
Mr. Philip Coyle
Former OSD Director of Operational Testing & Evaluation
Mr. Philip Coyle is senior advisor to the president of the Center
for Defense Information and is a private defense consultant. He
is a recognized expert on U.S. and worldwide military research,
development, and testing on operational military matters, nuclear
weapons technology, and national security policy and defense
spending. Mr. Coyle was previously Assistant Secretary of
Defense and Director of Operational Test and Evaluation.

Dr. Gerhard Mayer
Director, European Society of Telemetering
Dr. Mayer is an honorary and visiting professor for applied infor-
matics at the Institute of Computer Science, University of
Salzburg, Austria. He lectures and oversees student projects in
the acquisition and transmission of real-time data for various
applications in a local and wide area (global) environment.
Previously,Dr.Mayer worked for the German Aerospace Research
Center, where he was responsible for aerospace systems design,
analysis, and operation of ground and onboard systems.

Mr. Jean-Claude Ghnassia
Flight Test Instrumentation, Airbus, France
Mr. Ghnassia is a flight test instrumentation manager for Airbus
France and a coordinator for the ITU Region 1 in ICTS. He is also
an alternate European member of TSCC. Mr. Ghnassia participat-
ed in flight test instrumentation of all European commercial air-

craft — from the Airbus A300 to the A380 and the ATR twin pro-
peller aircraft — and he introduced the first Airbus digital teleme-
try system into the A320 program.

Lt. General (Ret.) Gordon Fornell
Former Commander, Electronic Systems Center, Air Force Materiel
Command
General Fornell served in senior acquisition leadership positions
in Air Force Systems Command and Air Force Materiel
Command. He was commander of two major Air Force organi-
zations, the Armament Division at Eglin AFB, Florida, and the
Electronic Systems Center at Hanscom AFB, Massachusetts.
General Fornell was also the senior military assistant to the
Secretary of Defense, serving both Secretary Casper W.
Weinberger and Secretary Frank C. Carlucci.

Mr. John Bolino
Joint Forces Command
Mr. Bolino is assigned to the office of the Chief of Staff, USJFCOM.
He was previously director of Defense Test Ranges and Facilities
in the Office of the Under Secretary of Defense for Acquisition,
Technology, and Logistics. He previously served four years as a
senior vice president with the Electronic Warfare Associates
Corporation. Before joining the OSD staff, Mr. Bolino had a full
career in defense acquisition with the Navy Department, culmi-
nating in the position of deputy program manager for the S-3
Viking aircraft.

Moderator: Mr. Mike Mottern
Vice President & General Manager, BAE Systems

Mr. Mottern is vice president of BAE Systems Technical
Services and general manager of the Eglin Division. He
directly manages the Operation and Maintenance of
Test Ranges and Technical Facilities for the Air Force's
Air Armament Center at Eglin Air Force Base. Prior to
his 12 years with BAE Systems, Mr. Mottern served 26
years in the Air Force as a fighter pilot and test pilot,
and was commander of the Test Wing at Eglin.

40TH ANNIVERSARY LUNCHEON:
A DISTINGUISHED PANEL OF FLAG OFFICERS
REFLECTS ON THE PAST 40 YEARS OF TELEMETRY

Wednesday, October 20, 2004
12:00pm – 2:00pm • Regency Ballroom
Former Air Force historian Dr. Richard Hallion and flag
officers from the military services will share their unique
experiences as we reflect on the past.
Dr. Richard Hallion
Former Air Force Historian
Brigadier General Robert Reese
Commander,White Sands Missile Range
Rear Admiral David Venlet
Commander, Naval Air Warfare Center,Weapons Division
Due to recent military reassignments, updates to the flag
officer panel will be included in the on-site show guide.

ITC/USA’04 GUEST SPEAKERSITC/USA’04 GUEST SPEAKERS
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SHORT COURSES
• MONDAY
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Short Course Who Should Attend? Description Instructor Location

Basic Systems 
Engineering

Beginning 
telemetry 

professionals

Addresses telemetry system design from the system perspective.
Includes a brief discussion of CCSDS packet telemetry and band-
width efficient modulation.

Mr. Norm Lantz,
Consultant

Royal
Palm 1/2

Intermediate 
Concepts

Experienced
telemetry 

users

Discusses technology covering the entire telemetry system. Specific
topics include MIL-STD-1553, Consultative Committee for Space
Data Systems (CCSDS) packet telemetry, rotary head recorder
techniques, open system architectures, and range communications.

Mr.Tim Gatton,
General

Dynamics AIS

Royal
Palm 3/4

CCSDS Telemetry 
and Command

Intermediate
telemetry

professionals

Addresses the CCSDS recommendations for packet telemetry and
command systems. Also provides an overview of the Space
Communications Protocol Standards (SCPS).

Mr.Amit Puri,
Avtec Systems Pacific 5

Introduction
to GPS

Beginning 
technical 
personnel

Provides a fundamental understanding of GPS/Navigation Message
and insight into where GPS technology is headed. Includes a basic
overview of inertial-sided GPS systems and differential GPS in real-
time systems.

Mr. Karl Horton,
DRS Training &

Control Systems

Garden
Salon 2

Fiber-Optic
Communications
Fundamentals

Technical
personnel

Relates the basics of fiber-optic systems and components, including
optical fibers, light sources, detectors, and optical amplifiers.
Coursework also covers the impact of these various components on
system performance.

Dr. Stephen
Schultz,

Brigham Young
University

Pacific 4

Image Compression
with JPEG 2000

Technical 
personnel

Provides a half-day overview of image compression fundamentals,
followed by a half-day overview of JPEG 2000. Numerous examples
and demos will be included.

Dr. Michael W.
Marcellin,

University of
Arizona

Pacific 6

Performance-Based
Sensor Selection

Telemetry 
test 

engineers

Teaches students how to interpret transducer specifications, define
performance characteristics for specific applications, and select the
best transducer for their applications.

Mr. Jon Wilson,
The Dynamic

Consultant, LLC
Pacific 7

Basics of Signals &
Modulation

Beginning 
technical 
personnel 

Teaches basic concepts necessary to understanding the data commu-
nications process within the telemetry system. Emphasis is on
graphical representations with minimal mathematical requirements.

Dr. Steve Horan,
New Mexico

State University
Dover

Advanced Modulation

Technical 
personnel with
some telemetry 

background

Explores modulation techniques currently employed or proposed for
telemetry. Material covers the legacy PCM/FM waveform, SOQPSK,
and Multi-h CPM. Demodulation techniques for these waveforms
are also addressed, with particular emphasis on synchronization
techniques and performance.

Mr.Terry Hill,
Quasonix, LLC Sunset

Principles of Telemetry
Ground Station

Antennas, Positioners,
and Controllers 

Beginning 
telemetry 

professionals

Provides insight into various RF feeds and optics, positioners, the
controller, and other elements of a telemetry tracking ground
station, as required.

Mr. George R.
Blake

Royal
Palm 5/6

Basics of Telemetry
Networks

Technical 
personnel

Provides an understanding of network models, applicable network
technology, design issues associated with telemetry networks, and
end-to-end telemetry applications.

Mr. Paul
Hashfield/

Mr. Jim Kaba,
Sarnoff

Corporation

Sunrise

*Short course certificates provided upon request. For complete short course descriptions, go to www.telemetry.org.

SHORT COURSES
>MONDAY, OCTOBER 18, 2004 • 9:00am–5:00pm
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CONFERENCE SCHEDULE
• TUESDAY

7

Agenda
6:30am–7:30am Speaker/Staff Breakfast

Guest speakers and technical session
chairs/speakers welcome!

7:30am–8:00am Pre-Opening Ceremony
Continental Breakfast
Coffee and pastries will be served just
prior to the Opening Ceremony.
Conference attendees welcome!

8:00am–8:15am Opening Ceremony
Robert J. Arnold,
ITC/USA 2004 General Chairman
46th Test Wing,Air Armament Center

Ron Bentley, IFT President

Michael M. Mottern
ITC/USA 2004 Technical Chairman
BAE Systems

8:15am–8:30am Awards Presentation

Best paper award to be presented by 
Ron Bentley, IFT President

Best student paper to be presented by
Cliff Aggen, ITC/USA 2004 Student Paper
Chair

8:30am–9:15am Keynote Address
Management of Frequency Spectrum
Invited Speaker: The Honorable Dr.
James R. Schlesinger, Former Secretary of
Defense

9:15am–11:00am Blue Ribbon Panel
Transitioning from Spectrum Allocation
Ownership to Capabilities-Based
Spectrum Policy/Strategies
Panelists:

Mr. Philip Coyle, Former OSD Director,
Operational Testing & Evaluation

Dr. Gerhard Mayer, Director, European
Society of Telemetering

Mr. Jean-Claude Ghnassia, Flight Test
Instrumentation,Airbus, France

Lt. General (Ret.) Gordon Fornell, Former
Commander, Electronic Systems Center,
Air Force Materiel Command

Mr. John Bolino, Joint Forces Command

Moderator: Mr. Mike Mottern,
Vice President & General Manager,
BAE Systems

Join a stimulating dialogue on management of the frequency
spectrum with invited guest speaker Dr. James Schlesinger and
a panel of distinguished experts in the telemetry field.

11:00am–7:00pm Exhibit Halls Open
2:00pm–5:00pm Technical Sessions
>01. International Consortium for Telemetry Spectrum (ICTS)

Session Chair:Timothy A. Chalfant, 412 TW/ENI, Edwards

>02. Signal Processing
Session Chair:Tim Gatton, General Dynamics AIS

>03. Onboard Architectures 1
Session Chair: Raymond J. Faulstich, Naval Air Systems
Command

>04. Data Storage & Retrieval
Session Chair: Dr. Kurt Kosbar, University of Missouri-Rolla

>05. Networked Data Acquisition (TSCC)
Session Chair: Erwin H. Straehley, Straehley Associates

>06. Integrated Network-Enhanced Telemetry
Session Chair: Daniel Skelley, NAWC/Patuxent River

5:00pm–7:00pm Exhibitors’ Reception
This year’s reception promises to be a very popular event,
combining the opportunity to view state-of-the-art exhibits
while enjoying complimentary beverages and hors d’oeuvres
throughout the exhibit areas.

CONFERENCE SCHEDULE
>TUESDAY, OCTOBER 19, 2004

CONFERENCE SCHEDULE
>TUESDAY, OCTOBER 19, 2004

EXHIBITORS’ RECEPTION!
OCTOBER 19 • 5:00PM-7:00PM

Back by popular demand, ITC is hosting a
reception this year in the exhibit halls.
Enjoy a tempting array of complimentary
hors d’oeuvres and beverages while you
tour the three exhibit areas. A perfect
way to mix business and pleasure, this
event is likely to become another success-
ful ITC tradition. Exhibits will remain
open from 5:00 p.m. to 7:00 p.m this
evening — don’t miss out!
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CONFERENCE SCHEDULE
• WEDNESDAY

8

Agenda
6:30am–7:30am Speaker/Staff Breakfast

Guest speakers and technical session
chairs/speakers welcome!

8:00am–12:00pm Exhibit Halls Open
8:30am–11:00am Technical Sessions
>07. Range Commanders’ Council Telemetry Group Open Forum

Session Chair: Daniel Skelley, NAWC/Patuxent River

>08.Telemetry Band Augmentation
Session Chair:Timothy A. Chalfant, 412 TW/ENI, Edwards

>09. Ground Systems Architectures
Session Chair: James W. Yates, L-3 Telemetry-West

>10. COTS Devices & Integration
Session Chair: Kevin E. Crawford, NASA/Marshall

>11.Antennas
Session Chair: Robert C. Buck, 746 TS, Holloman

>12. IEEE 802.11
Session Chair: Dr. Charles H. Jones, 412 TW/ENTI, Edwards

12:00pm–2:00pm Exhibit Halls Closed
12:00pm–2:00pm 40th Anniversary Luncheon

Speakers:
Dr. Richard Hallion, Former Air Force
Historian

Brigadier General Robert Reese,
Commander,White Sands Missile Range

Rear Admiral David Venlet, Commander,
Naval Air Warfare Center,Weapons
Division

A distinguished panel of flag officers reflects on the past 40
years of telemetry.
Due to recent military reassignments,
updates to the flag officer panel will
be included in the on-site show guide.

2:00pm–6:00pm Exhibit Halls Open
2:30pm–5:00pm Technical Sessions
>13.Applications of XML

Session Chair: Diarmuid Corry, ACRA CONTROL, Inc.

>14. Space Link Extension
Session Chair: James W. Harris, NASA/Dryden

>15. Safety, Security & Integrity 1
Session Chair:Terry Hill, Quasonix

>16.Timing & Synchronization
Session Chair: Paul A. Kennedy, NASA/Marshall

>17. Modulation & Coding 1
Session Chair: Larry Burke,Tyco Electronics

>18. Onboard Architectures II
Session Chair: Mark H. Lauss, U.S.Army Yuma

40TH Anniversary
Luncheon

OCTOBER 20 • 12:00PM-2:00PM

We're celebrating our 40th anniversary with a
special luncheon.  Guest speakers will include
Dr. Richard Hallion, former Air Force histori-
an, and flag officers from the military servic-
es, who will share their unique experiences.
Due to recent reassignments, updates to the
flag officer panel will be included in the on-
site show guide.  Don't miss this opportunity
to hear from senior military leaders with var-
ied and interesting perspectives.  Luncheon
tickets are just $15.00 per person and are
available now at www.telemetry.org.

CONFERENCE SCHEDULE
>WEDNESDAY, OCTOBER 20, 2004

CONFERENCE SCHEDULE
>WEDNESDAY, OCTOBER 20, 2004
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CONFERENCE SCHEDULE
• THURSDAY

9

Agenda
6:30am–7:30am Speaker/Staff Breakfast

Guest speakers and technical session
chairs/speakers welcome!

8:00am–12:00pm Exhibit Halls Open
8:30am–11:00am Technical Sessions
>19. Safety, Security & Integrity II

Session Chair: Michael A. Scardello, NASA/Dryden

>20. Link Protocols & Performance
Session Chair: James A.Tedeschi, OSD-DOT&E/S&TR

>21.Time-Space Positioning
Session Chair: Robert W. Selbrede, 412 TW/DRP, Edwards

>22. Modulation & Coding II
Session Chair: Greg Franks, NASA/Marshall

>23. Network & Transport Protocols
Session Chair: Robert L. Palmer, 412 TW/DRP, Edwards

>24. Sensors
Session Chair: Kip F. Temple, 412 TW/ENTI, Edwards

>25.T&E/S&T Spectrum Efficiency Program
Session Chair: Saul Ortigoza, 412 TW/ENTI, Edwards

9:00am–10:00am ITC/USA 2004 Exhibitor 
Feedback Meeting

Exhibitors: This is your opportunity to tell us how we can 
improve all aspects of the show — from technical content through
conference logistics. We look forward to hearing from you!

12:00pm Conference Concludes

CONFERENCE SCHEDULE
>THURSDAY, OCTOBER 21, 2004

CONFERENCE SCHEDULE
>THURSDAY, OCTOBER 21, 2004

ITC/USA 2004 TECHNICAL
PROCEEDINGS DVD

This year, you can get all 40 years’ worth of
ITC Technical Proceedings on a single disk.
We’re offering a comprehensive DVD with
each year’s technical presentations — from
1964 through 2004 — free with any
“Regular” conference registration (see page
15 for details). Eligible attendees can pick
up DVD(s) at the registration desk.

Additional DVDs are available for purchase
at the registration desk for $50.00 each.
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TE C H N I C A L CO N F E R E N C E EV E N T S

>>MONDAY, OCTOBER 18, 2004
Annual Golf Tournament 8:30am–1:30pm • Riverwalk Golf Club

Don’t miss the annual ITC Golf Tournament/Four-Person Scramble at San
Diego’s Riverwalk Golf Club (right across the street from the Town

and Country). The tournament gets off to a shotgun start at 8:30
a.m. and is limited to the first 60 players. Cart and greens fee, lunch
buffet, and practice balls are included. $120.00 per person — 

register online at www.telemetry.org or contact Dick Fuller at
714.550.9600. Cut-off date is October 8, 2004.

ITC Icebreaker by the Pool 6:30pm–8:30pm
Celebrate Our 40th Anniversary! • Terrace Pavilion (by the pool)
Join us for complimentary hors d'oeuvres and drinks and a live band playing
a host of oldies hits. Everyone is welcome to this FREE event — a great
way to renew old acquaintances and make new contacts.

>>TUESDAY, OCTOBER 19, 2004
Opening Ceremony & Blue Ribbon Panel 8:00am–11:00am
Transitioning from Spectrum Allocation • Regency Ballroom
Ownership to Capabilities-Based Spectrum Policy/Strategies
Join a stimulating dialogue on management of the frequency spectrum with
invited guest speaker Dr. James R. Schlesinger and a panel of distinguished
experts in the telemetry field. Also attend the awards ceremony for ITC
2004 best papers. A light continental breakfast will be served at 7:30 a.m. and
the doors will open promptly at 8:00 a.m.

Exhibitors’ Reception 5:00pm–7:00pm
Sample appetizers & technology together! • Exhibit Halls
This not-to-be-missed reception allows you to sample great fare while enjoy-
ing a taste of the industry’s very latest innovations. We’re keeping the exhib-
it halls open until 7:00 p.m., so you can get the most of mixing business with
pleasure!

>>WEDNESDAY, OCTOBER 20, 2004
40th Anniversary Luncheon 12:00pm–2:00pm
A Distinguished Panel of Flag Officers • Regency Ballroom
Reflects on the Past 40 Years of Telemetry
Former Air Force historian Dr. Richard Hallion and flag officers from the mil-
itary services will share their unique experiences as we reflect on the past.
Tickets: $15.00/person.

Seating for Wednesday’s luncheon is limited, so buy your
ticket(s) early. Online purchase is available through
October 12, 2004 — just go to www.telemetry.org. Or
you can buy your tickets on-site at the registration desk
starting Sunday, October 17 at 5:00 p.m.

SPECIAL EVENTS

SPECIAL EVENTS

SP O U S E S PRO G R A M
Put on your sunscreen and walking shoes
and get ready for the best San Diego has to
offer. From the city’s parks to the beach,
there’s something for everyone!  All excur-
sions depart from the Terrace Pavilion by
the pool area.

>Monday, October 18, 2004

Welcome 2:00pm–4:00pm
Everyone is invited for an afternoon open
house with cookies, pastries, and refreshments.
This is the last chance to sign up for
Wednesday’s activities.

>Tuesday, October 19, 2004

Scrapbooking & Catered Lunch
8:00am–12:00pm
Ever wonder what to do with all those photos
you’ve collected over the years?  Bring 6-10
photos to this hands-on session and learn the
latest techniques for creating keepsakes you
and your loved ones will cherish always.

Balboa Park Walking / Bus Tour
12:00pm–4:30pm
Tour one of San Diego’s ver-

dant treasures, lovely
Balboa Park. Stops
include tours of the
Botanical Gardens
and the Timken Museum of Art, as

well as high-tea at the Japanese garden.
Cost: $15.00/person.

>Wednesday, October 20, 2004

Guided City Bus Tour / 10:00am–4:30pm
Hotel Del Coronado Tour &  
Old Town San Diego Excursion
Here’s an outing you won’t want to
miss. A San Diego city tour followed by
stops at the magnificent Hotel Del
Coronado, where you’ll enjoy lunch at

the Sheerwater, and at Old
Town San Diego’s Bazaar Del
Mundo, where you can shop to
your heart’s content.

Cost: $30.00/person.

Sign up online to ensure your spot
on each of our fun-filled tours. Just
go to www.telemetry.org. Or you
can sign up directly at the show.

SPECIAL EVENTS

Fre
e! All Welcome!

Fre
e! All Welcome!

Sponsored b
y 

ITC/USA

Fre

e! A
ll Welcome!



ABOUT ITC/USA 2004

Background

The International Telemetering Conference/USA (ITC/USA) is an annual forum
and technical exhibition sponsored by the International Foundation for
Telemetering (IFT), a non-profit corporation dedicated to serving the technical and
professional interests of the telemetering community and an active contributor to
scholastic telemetry programs at selected universities around the country. The
3½-day conference consists of technical presentations, tutorials, and short cours-
es arranged in concurrent sessions and complemented by a technical exhibition
area that features latest-technology product demos and displays from more than
100 industry suppliers.

The unique relationship between the manufacturing community and users in both
government and industry has produced yearly conferences that have led to the
continued advancements in the telemetering and instrumentation systems and
equipment we rely on today, as well as the continuing education of telemetering
professionals worldwide.

Who Should Attend?

If you are involved with any kind of aerospace, vehicular, biomedical, meteorologi-
cal, or industrial telemetry applications, then you belong at ITC/USA 2004 to stay
current. This premier forum brings together customers, suppliers, academics, and
the engineering community to discuss how technology is revolutionizing the field.

Why Attend?
> Unprecedented opportunity to network with the industry’s leading experts

and innovators
> Robust technical program covering the latest policies, trends, constraints, and

breakthroughs shaping the industry
> Expert commentary from blue ribbon panel and keynote speakers
>Wide selection of short courses to keep you on top of technology

developments

Why Exhibit?
> Extremely affordable way to reach the telemetry industry’s movers and shakers
> Captive audience of 2,200 telemetry engineers, scientists, and management

personnel
>Outstanding opportunity to stay abreast of the competition and get new ideas

to expand your product base
> Highly targeted direct mail opportunities to conference attendees

ABOUT ITC/USA 2004
An acclaimed international technical symposium for
40 years running, ITC remains the world’s most
comprehensive telemetry event. With everything from
in-depth technical short courses and technical briefs
presented by real-world experts to world-class
speakers and cutting-edge exhibits, this show has
something for everyone in the industry. Don’t miss out!
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Event Location
ITC/USA 2004 will be hosted at the Town and Country Resort &
Convention Center located in the heart of San Diego, just minutes
from Lindbergh Field. With first-class spa facilities, fine dining, and
gracious accommodations, the Town and Country is ideal for vaca-
tioners and convention delegates alike. Most ITC events, includ-
ing short courses, technical sessions, and exhibits, will occur in or
in close proximity to the Convention Center area of the hotel
property. Other events, including the Opening Ceremony and
40th Anniversary Luncheon, will be clearly marked with signs. The
Town and Country is located at 500 Hotel Circle North, San
Diego, California 92108. Free parking (with ITC badge) is adjacent
to the Convention Center.

Hotel Reservations
ITC/USA 2004 encourages all attendees and exhibitors to stay at
the Town and Country during the conference. Doing so helps
underwrite our use of convention space during the conference,
which in turn allows us to offer free “Exhibits Only” admittance
and a “Regular” technical registration charge that is far lower than
other major technical conferences.

Care has been taken to reserve a block of rooms at special rates
for both military/government and non-military/government atten-
dees — please specify which rate you qualify for when booking
your reservation (military/government attendees will be required
to show ID on arrival). The cut-off date to reserve under
either room block is September 24, 2004. After that,
rooms will be sold on a space-available basis.

Room block cut-off: September 24, 2004

Reservations via Web: www.towncountry.com, click Group
Reservations, Group Code: IFT

Reservations via phone: 1.800.772.8527 / Group Code: IFT

Taxes: The credit card number you submit when reserving a
room will immediately be charged for the first night’s stay plus
10.5% sales tax.

HOTEL INFORMATIONHOTEL INFORMATION

Reserve now to 
ensure the best selectio

n!

Town and Co
untry

Resort & Convention C
enter

Beautiful
San Diego!

eWIRELESS ACCESS!
Free wireless Internet access will be
available throughout the exhibit
areas, compliments of ITC. Consult
the on-site show guide for Internet
Café locations. For your conven-
ience, the Town and Country now
offers wireless access from its guest
rooms at a fee of $9.95 per day.
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CONFERENCE REGISTRATION TYPES

To Register, Go Online

ITC’04 Exhibitors: Please register your show personnel, guests, and sales representatives on the web!

Regular
Provides access to all exhibit areas and technical sessions and includes a
Technical Proceedings DVD.

$125

Regular with 
Short Course

Provides access to all exhibit areas/technical sessions and one Monday short
course. Includes a Technical Proceedings DVD.

$300

Author/Session
Chair

For those individuals whose technical paper has been published in ITC 2004
Technical Proceedings and/or individuals who will be chairing a technical
session. Includes access to all exhibit areas/technical sessions and a
Technical Proceedings DVD.

No Charge

Author/Session
Chair with
Short Course

For those individuals whose technical paper has been published in ITC 2004
Technical Proceedings and/or individuals who will be chairing a technical
session and want to take one Monday short course. Includes access to all
exhibit areas/technical sessions and a Technical Proceedings DVD.

$300

Active Duty
Military

For individuals on active military duty. Provides access to all exhibit areas
and technical sessions.

$10

Active Duty
Military with
Short Course

For those individuals on active duty. Provides access to all exhibit
areas/technical sessions and one Monday short course.

$185

Student
For full-time students. Provides access to all exhibit areas and technical
sessions.

$10

Student with
Short Course

For full-time students. Provides access to all exhibit areas/technical sessions
and one Monday short course.

$185

Exhibits Only
Pass

Provides access to all exhibit areas. No Charge 

Exhibitor 
Booth Staff

For those individuals working at their company’s booth. Provides access to
all exhibit areas.

No Charge 

Manufacturer’s
Representative

For those individuals working at a booth their company represents. Provides
access to all exhibit areas.

No Charge 

Spouse Provides access to all exhibit areas. No Charge

40th Anniversary
Luncheon

Ticket allows admittance to Anniversary Luncheon. $15

ITC/USA 2004 
REGISTRATION POLICIES

Online Registration Deadline
Don’t wait… go to www.teleme-
try.org. Online registration ends
October 12, 2004.
Substitutions
Substitutions are allowed. Please
e-mail requests to: itc@zianet.com.
Cancellations
Refunds will be accepted only for
cancellations received before
October 12, 2004.
Badging Info
Badges for anyone that registered
online will be available for pickup
at the ITC registration desk begin-
ning Sunday, October 17, 2004 at
5:00 p.m.

2 Easy Ways 
to Register!

Online: Go to www.
te lemetr y.org and
complete the reg istra-
t ion form provided
there . This  i s  your
quickest  and eas iest
opt ion!

In Person: If you don’t
register by October 12,
2004, you’ll need to register
at the show. On-site regis-
tration begins Sunday,
October 17 at 5:00 p.m.
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NOTE: Space for short courses is limited. Acceptance is on a first-come,
first-payment basis. Early online registration is highly recommended.

CONFERENCE REGISTRATION TYPES

www.telemetry.org
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www.telemetry.org

To Register, Go Online
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WHO WE ARE . . .
> A conference by and for the telemetering

community

> A conference with a continued record of success
since our start in 1965

The International Telemetering Conference/USA (ITC/USA) is an
annual forum and technical exhibition sponsored by the International
Foundation for Telemetering (IFT), a non-profit corporation
dedicated to serving the technical and professional interests of the
telemetering community. The conference is held in the fall of each
year and consists of three and one-half days of technical
presentations, tutorials, and short courses arranged in several
concurrent sessions. In addition, a technical exhibit staffed by both
manufacturers and users displays the latest advancements in
equipment and services. Exhibitors staff their booths with
professional sales engineers and other technical personnel to ensure
that an appropriate level of technical expertise is available to the
attendee.

Each year, the IFT-appointed General Chair and Technical Program
Chair develop the conference based on their perspectives and
experience. They, in turn, assemble a staff to handle the various
functions of the conference program. The entire staff is composed
of volunteers, sponsored by their parent organizations, who are
active in the industry or are involved in test and evaluation and
instrumentation systems.

The unique relationship, which began in 1965, between the
manufacturing community and the users in both government and
industry has produced yearly conferences that have led to the
continued advancements in telemetering and instrumentation
systems and equipment we rely on today, as well as the continuing
education of telemetering professionals worldwide.
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WHAT WE DO . . .
> Provide a forum for the exchange of ideas 

and information

> Educate with short courses and tutorials

> Publish technical papers

We provide a forum for the exchange of information and education.
Our technical program consists of approximately 100 technical
paper presentations logically grouped into several concurrent
sessions. All papers are screened prior to acceptance to maintain
high technical standards and relevance to the industry. Sessions and
presentations are timed for the convenience of the attendee.

In addition to the paper presentations, we offer several short
courses on subjects of interest to the community. Past courses, for
example, have included Telemetering Basics for engineers just
entering the field and non-technical members of the community, as
well as courses such as Telemetering System Design and Application
of Global Positioning System Capabilities for the advanced engineer.

Every conference includes several speakers who open the
conference and address the luncheons. Each speaker is a recognized
expert in his field and discusses a topic of interest to the community.
Past speakers have included various Department of Defense
undersecretaries, NASA administrators, university presidents,
technical directors, corporate CEOs, and astronauts.
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TECHNICAL EXHIBITION . . .
> 200+ booths staffed with sales and 

engineering specialists

> Over 125 exhibitors per conference

A technical exhibition is an integral part of each conference. The
primary goal of our exhibits committee is to ensure an efficiently
organized and well-managed exhibit area. They enroll the exhibitors,
assign spaces, appoint an exhibits management company to set up the
booths, receive and deliver the exhibitors’ equipment and displays,
and attend to the needs of both the exhibitors and the attendees.
Each conference includes a meeting between the exhibitors, ITC
exhibits staff, and the responsible IFT director to ensure that we are
meeting the needs of all concerned. Continued coordination with
the telemetering community has resulted in the number of
exhibitors exceeding 125, and the number of booths has increased
to over 200 spaces.

For nominal charges, exhibitors can have their booth(s) carpeted and
furnished to their specifications. Electrical power and telephone
services are also available. In addition, each exhibitor receives a copy
of the Technical Proceedings on a DVD and a pass to attend the
technical sessions at no charge. A complete list of attendees,
including all exhibitor personnel, is distributed to each exhibitor at
the close of the conference.

A separate publication is available, which outlines the responsibilities
of the exhibitors and the ITC.
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EDUCATION . . .
> Individual scholarships

> Monetary grants

> Establishment of programs

> Technical coordination

An integral part of the IFT philosophy is active participation in
education. Residual funds from each conference are channeled into
programs at several universities in the U.S. We were a major force
in the establishment of a Master’s Program with an emphasis in
telemetering in the Electrical and Computer Engineering
Department at New Mexico State University. Since that beginning,
we have added programs at the University of Arizona, Brigham Young
University, the University of Missouri-Rolla, and the University of
California at Santa Barbara.

The grants from IFT to the universities help fund myriad endeavors
in the telemetering field. These funds support development of
curricula and programs in telemetry, lab equipment purchases,
specific projects, professorships, graduate assistantships, scholarships,
and student travel to the ITC. Each year, the conference sponsors a
student paper contest and awards prizes to the best papers in both
the undergraduate and graduate categories.

The IFT also sponsors the Telemetering Standards Coordinating
Committee (TSCC) and the International Consortium for Telemetry
Spectrum (ICTS). The TSCC is comprised of members of both
government and industry and serves to review and recommend
proposed standards affecting the telemetering community. The ICTS
is an international committee that serves to keep its members and
the appropriate members of the international community aware of
potential impacts on the telemetry spectrum.

>

Gone ... but not forgotten.

Judd Strock, a telemetry pioneer



BENEFITS TOYOU,THE EXHIBITOR . . .
> A professionally-managed environment to showcase your products

and services

– We have earned our reputation as a well-managed, highly technical conference.

> Promotion and advertisement of your participation in the
conference

– We direct mail to our mailing list and advertise in appropriate periodicals several
times a year.

> Domestic and international attendance

– Typically, non-U.S. attendees number in the mid one hundreds with over 25
countries represented.

> Reach more potential customers per advertising dollar

– Our attendance exceeds 2,200 engineers, scientists, and management personnel.

> See your competition

– Learn what you have to do to keep ahead in product development.

> Get new ideas to expand your product base

– Listen to the attendees describe their particular requirements and compare their
needs with the available technology.

SO WHY WAIT? 
VISIT WWW.TELEMETRY.ORG

TO FIND OUT MORE ON

ATTENDING/EXHIBITING AT ITC!

>

International Foundation
for Telemetering

5959 Topanga Canyon Blvd., Suite 150
Woodland Hills, CA 91367
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