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ITC/USA ‘97 SHORT COURSES
The basic purpose of the International Foundation for Telemetering is the promotion and
stimulation of technical growth in the field of telemetering and its allied arts and sciences.
All financial proceeds from the annual ITC are used to further this goal through education.
In addition to sponsoring formal programs and scholarships at several universities, the
ITC is pleased to offer a number of short courses during the conference. These courses
are described below.
BASIC CONCEPTS
Instructor: Norm Lantz, The Aerospace Corporation
Four 3-hour sessions
Course Description: For the not-so-experienced engineer, technician, programmer, or
manager.
Topics covered will include basic concepts associated with telemetering and the signal
flow from
sensor to user display.
INTERMEDIATE CONCEPTS
Instructor: Jud Strock, Consultant
Four 3-hour sessions
Course Description: For the somewhat experienced user. Includes a discussion of
technology covering the entire system including signal conditioner, encoder, radio link,
recorder, preprocessor, computer, workstations, and software. Specific topics include
1553, CCSDS Packet, Rotary Head Recorder techniques, Open System Architectures,
and Range Communications.
GPS
Instructor: Tom Macdonald, TASC
Four 3-hour sessions
Course Description: Intended for test and training range users who need an introduction to
the world of GPS positioning in general and GPS-based TSPI in particular. The Range
Applications Joint Program Office (RAJPO) suite of equipment will be used to focus the
discussion of GPS technology, processes, and techniques. The course will address
advances in RAJPO GPS and data link technology being used for target control in the
Next Generation Target Control System.
ERROR CONTROL CODING
Instructor: Dr. Michael Rice, BYU
Two 3-hour sessions (6 hrs. total).

Course Description: Basic principles of error control coding including a description of
various codes and the impact on system-level design. Topics that will be covered include
block codes, convolutional codes, error control strategies, and impacts of channel coding
on real systems.
Introduction to Data Compression
Instructor: Dr. Sheila Horan, NMSU
Two 3-hour sessions
Course Description: Basic theory underlying the concepts of information theory and how
this applies to data compression. The basic techniques used for data compression will be
presented including Huffman coding, Lempel-Ziv coding, arithmetic coding, predictive
coding, and transformation techniques. The application of these techniques will also be
discussed.

About the International Foundation for Telemetering (IFT)
The International Foundation for Telemetering (IFT) is a nonprofit organization dedicated
to serving the professional and technical interests of the "Telemetering Community." On
May 11, 1964, the IFT was confirmed as a nonprofit corporation in accordance with the
applicable laws of the State of California. Our "Articles of Incorporation" are on file with
the State of California and available from the IFT upon request.
The basic purpose of the IFT is the promotion and stimulation of technical growth in
telemetering and its allied arts and sciences. This is accomplished through sponsorship of
technical forums, educational activities, and technical publications. The Foundation
endeavors to promote unity in the "Telemetering Community" it serves, as well as ethical
conduct and more effective effort among practicing professionals in the field.
All activities of the IFT are governed by a Board of Directors selected from industry,
science, and government. Board members are elected on the basis of their interest and
recognition in the technical or management aspects of the use or supply of telemetering
equipment and services. All are volunteers who serve with the support of their parent
companies or agencies and receive no financial reward of any nature from the IFT.
The IFT Board meets twice annually--once in conjunction with the annual ITC and, again,
approximately six months from the ITC. The Board functions as a senior executive body
that hears committee and special assignment reports and reviews, adjusts, and derives new
policy as conditions dictate. A major Board function is that of fiscal management,
including the allocation of funds within the scope of the Foundation's legal purposes.
The IFT sponsors the annual International Telemetering Conference (ITC). Each annual
ITC is initially provided working funds by the IFT. The ITC management, however, plans
and budgets to make each annual conference a self-sustaining financial success. This
includes returning the initial IFT subsidy as well as a modest profit--the source of funds
for IFT activities such as its education support program. The IFT Board of Directors also
sponsors the Telemetering Standards Coordinating Committee.
In addition, a notable educational support program is carried out by the IFT. The IFT has
sponsored numerous scholarships and fellowships in telemetry-related subjects at a
number of colleges and universities since 1971. Student participation in the ITC is
promoted by the solicitation of technical papers from students with a monetary award
given for best paper at each conference.
The Foundation maintains a master mailing list of personnel active in the field of telemetry
for its own purposes. This listing includes personnel from throughout the United States as

well as from many other countries since international participation in IFT activities is
invited and encouraged. New names and addresses are readily included (or corrected) on
the IFT mailing list by writing to:
International Foundation for Telemetering
5959 Topanga Canyon Blvd, Suite 150
Woodland Hills, California 91364
(818) 884-9568

About the International Telemetering Conference (ITC)
The International Telemetering Conference (ITC) is the primary forum through which the
purposes of the International Foundation for Telemetering are accomplished. It is the only
nationwide annual conference dedicated to the subject of telemetry. This conference
generally follows an established format, primarily the presentation of technical papers and
the exhibition of equipment, techniques, services and advanced concepts provided, for
the most part, by the manufacturer or the supplying company. Tutorial courses are also
offered at the conference. To complete a user-supplier relationship, each ITC often
includes displays from major test and training ranges and other government and industrial
elements whose mission needs serve to guide manufacturers to tomorrow's products.
Each ITC is normally two and one half days in duration preceded by a day of tutorials and
standards meetings. A joint “opening session” of all conferees is generally the initial event.
A speaker prominent in government, industry, education, or science sets the keynote for
the conference. In addition to the Opening Session Speaker, the opening session also
hosts a supporting group of individuals, also prominent in their respective fields, who
form a "Blue Ribbon Panel" which addresses a particular theme and is also available for
questions from the audience. The purpose of this discussion 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
which 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.
Each annual ITC is organized and conducted by a General Chairman and a Technical
Program Chairman selected and appointed by the IFT Board of Directors. Both chairmen
are prominent in the organizations they represent (government, industry, or academic);
they are generally well-known and command technical and managerial respect. Both have
most likely served the previous year's conference as Vice or Deputy Chairman. In this
way, continuity between conferences is achieved and the responsible individual can
proceed with increased confidence. The chairmen are supported by a standing
Conference Committee of some twenty volunteers who are essential to conference
organizational effort. Both chairman, and for that matter all who serve in the organization
and management of each annual ITC, do so without any form of salary or financial
reward. The organizational affiliate of each individual who serves not only agrees to the
commitment of his/her time to the ITC, but also assumes the obligation of that individual's
ITC-related expenses. This, of course, is in recognition of the technical service rendered
by the conferences.

Those companies and agencies that exhibit at the ITC pay a floorspace rental fee. These
exhibitors thus provide the major financial support for each conference. Although the
annual chairmen are credited for successful ITCs, the exhibitors also deserve high praise
for their faithful and generous support over the years.
A major feature of each annual ITC is the hard-bound book containing the proceedings
(including all technical papers) of the conference. This book is given to each conference
registrant (with a paid regular registration) at the registration desk, thus making it available
for notes and clarification during the technical sessions. Printing of the proceedings has
been done since 1972 under the management of the Instrument Society of America
Headquarters staff, who are also responsible for after conference sales of the ITC/USA
Proceedings. Then '95 Proceedings were also available in CD ROM format which
included the '93 and '94 proceedings. The '96 Proceedings on CD ROM include the '91
through '96 proceedings.

About the Telemetering Standards Coordination Committee (TSCC)
The Telemetering Standards Coordination Committee (TSCC) is chartered to serve as a
focal point within the telemetering community for the review of standards documents
affecting telemetry proposed for adoption by any of the various standards bodies
throughout the world. It is chartered to receive, coordinate, and disseminate information
and to review and coordinate standards, methods, and procedures to users,
manufacturers, and supporting agencies.
The tasks of the TSCC include the determination of which standards are in existence and
published, the review of the technical adequacy of planned and existing standards, the
consideration of the need for new standards and revisions, and the coordination of the
derivation of new standards. In all of these tasks, the TSCC's role is to assist the agencies
whose function it is to create, issue, and maintain the standards, and to assure that a
representative viewpoint of the telemetering community is involved in the standards
process.
The membership of the TSCC is limited to 16 full members, each of which has an
alternate. Membership of technical subcommittees of the TSCC is open to any person in
the industry who is knowledgeable and willing to contribute to the committee's work. The
16 full members are drawn from government activities, user organizations, and equipment
vendors in approximately equal numbers. To further ensure a representative viewpoint, all
official recommendations of the TSCC must be approved by 10 of the 16 members.
Since its beginning, a prime activity of the TSCC has been the review of standards
promulgated by the DoD Range Commanders' Council (RCC)--formerly those of the
Inter-Range Instrumentation Group (IRIG) and later, those of the Telemetry Group (TG).
These standards, used within the Department of Defense, have been the major forces
influencing the development of telemetry hardware and technology during the past 30
years. In this association, the TSCC has made a significant contribution to RCC
documents in the fields of Radio Frequency (RF) telemetry, Time Division (TD)
telemetry, Frequency Modulation (FM) telemetry, tape recording and standard test
procedures.
As the use of telemetering has become more widespread, the TSCC has assisted
international standards organizations, predominately the Consultative Committee for Space
Data Systems (CCSDS). In this relationship, the TSCC has reviewed standards for
telemetry channel coding, packet telemetry, and telecommand.

WELCOME TO ITC/USA’97

Randle Dobbs
General Chairman

Stephen Horan
Technical Program Chairman

We are proud to present the 33rd Annual International Telemetering Conference
ITC/USA/’97, at the Riviera Hotel and Convention Center in Las Vegas, Nevada. The
conference continues to exceed the expectations of those who attend and participate, and
the founding organization, The International Foundation for Telemetering. The purpose of
the IFT is the promotion and stimulation of the technical growth in telemetering, and its
arts and sciences. The IFT accomplishes this purpose by providing this conference, an
international forum and medium of communications, for the many scientists, engineers,
educational institutions and manufacturers whose individual and collective efforts form the
real basis for the advancement of telemetry.
The 1997 conference theme is “The Role of Academia in Telemetering: A Future Built on
a Rich Tradition”. This theme associates the efforts of academia in telemetering, their
relationships to technology and industry, as well as the efforts of academia to produce the
telemetering professionals of tomorrow. This year, educators and scientists from the
universities supported by the IFT will discuss their efforts, and the future of technology
and telemetering.
The seasoned, dedicated, all volunteer staff has created and excellent conference. Please
take a moment to read about the staff, and their sponsoring agencies, and their
contributions to the conference.

You will find this year’s technical program rewarding and the exhibit’s program has never
been better. We are fortunate and pleased to have such distinguished speakers at the
conference. Please join us at the “Opening Session” to honor our outstanding author(s)
and students.
Our profession is alive and thriving! We look forward to seeing you ITC/USA/’97 in Las
Vegas, one of America’s most attractive and interesting cities. This is a great time to greet
old friends and to make new ones in the telemetering community.

ITC/USA/’97 OPENING SESSION SPEAKER
Mr. James W. Benson, founder of SpaceDev, LLC, Steamboat Springs, CO, will open
ITC/USA/’97. At SpaceDev, Mr. Benson is working with the nation’s leading space
scientists and engineers to develop the world’s first enterprise to profitably explore space
beyond earth orbit. SpaceDev’s first venture will be the NEAP (near earth asteroid
prospector) unmanned spacecraft to a near earth asteroid. Prior to his latest endeavor, Mr.
Benson founded Compusearch Corp., which utilized the then new MS-DOS PC’s to
create full indexes of massive government regulations, and to provide fast full test
searches of any word or phrase. By 1989, Compusearch was a multimillion-dollar
company providing commercial MS-DOS and Windows based software systems to
every agency of the federal government. Following Compusearch, Mr. Benson founded
Benson Computer Research Corp., and ImageFast Software Systems. In 1995, Mr.
Benson sold Compusearch and ImageFast and retired. In 1997, he accepted the challenge
of starting a space exploration company, and incorporated SpaceDev, LLC.

ITC/USA/’97 KEYNOTE LUNCHEON SPEAKER

ITC/USA/’97 is pleased to have Mr. John F. Gehrig, Deputy Director, Test Facilities and
Resources for the DoD as our Keynote Luncheon Speaker. Mr. Gehrig is responsible for
the overall policy and direction relating to operation, development, planning, programming
and budgeting for National Test Ranges. These responsibilities also include oversight of
the DoD’s major range and test facility base consisting of 21 test ranges with a total
investment of $30 billion. He also administers all budgeting and financial matters pertaining
to programs funded in the Central Test and Evaluation Investment Program, ensures the
adequacy of all targets and threat simulators, and provides oversight of the development,
verification, validation, accreditation, and use of models and simulations.
Mr. Gehrig has 27 years experience in the test and evaluation arena. In his previous
assignment, he was the Director of the Army Test and Evaluation Management Agency.
He is currently the President of the International Test and Evaluation Association and a
member of its Board of Directors.

BLUE RIBBON PANEL

The 1997 Blue Ribbon Panel will be chaired by Dr. Michael Rice, Associate Professor,
Department of Electrical and Computer Engineering, Brigham Young University, Provo,
UT. Dr. Rice currently teaches courses in digital communication theory and is the Director
of the Telemetry Program sponsored by The International Foundation for Telemetering.
Dr. Rice earned his Ph.D. at Georgia Tech and has served as a NASA/ASEE Summer
Faculty Fellow at the Jet propulsion Laboratory in 1994 and 1995.
Dr. Douglas M. Chabries, Dean, College of Engineering & Technology, Brigham Young
University. Dr. Chabries primary emphasis is in electrical engineering with extensive
background in research and development of signal processing systems and algorithms,
especially in the areas of image, speech, and adaptive processing. He is also experienced
in the underwater environment, simulation, and simulation architecture system analysis
including guidance and control and signal processing, investigation of acoustics, and
analysis of acoustic scattering by underwater objects. He has published articles on
acoustic scattering, adaptive signal processing, speech processing, synthetic aperture
radar and image processing. Prior to his career at BYU, Dr. Chabries served as the Head,
Weapons Technology Division, Naval Ocean Systems Center; Head, Electronics Branch,
Naval Undersea Center; Head, Advanced Method Branch, Naval Undersea Center.

Dr. Larry C. Schooley, Professor of Electrical and Computer Engineering, University of
Arizona. As part of his responsibilities at UA, Dr. Schooley is involved with the Telemetry
Program sponsored by The International Foundation for Telemetering. In addition to this
and his other duties, Dr. Schooley has done research in digital communications systems
and networks, the design of telemetry systems, educational technology and remote
supervisory control of intelligent systems. His research results have been published in
more than 125 articles, conference papers, and technical reports. Prior to his association
with UA, Dr. Schooley was with the Naval Reactors Division of the AEC where he
supervised development of instrumentation control systems for nuclear propulsion of
submarines and surface vessels.

Dr. Ernest T. Smerdon, Vice-President, Provot and Dean of the College of Engineering,
University of Arizona, and Professor of Civil Engineering. Dr. Smerdon is a member of

many professional and technical organizations. He was elected to the National Academy
of Engineering in 1986 and currently serves as chair of the NAE committee on CareerLong Education for Engineers. He previously served a term on the Academic Advisory
Board of the Academy and a member of NAE’s committee on the Technology Policy
Options in a Global Economy which resulted in a book published by NAE entitled
“Mastering a New Role - Shaping Technology Policy for National Economic
Performance”. In Arizona, Dr. Smerdon is a member of the Governor’s Science &
Technology Council and serves on the Board of Directors of the Greater Tucson
Economic Council.
Dr. J. Derald Morgan, Dean, College of Engineering, and Chief Executive Officer,
Waste Management Education & Research consortium (WERC), New Mexico State
University. Dr. Morgan assumed his current post as Dean, College of Engineering in 1985.
Since then there have been many major developments including, the WERC; the Carlsbad
Environmental Monitoring and Research Center; the Advanced Manufacturing Center; the
NASA Space Grant Consortium; the Manuel Lujan Tele-Engineering Center; the Robert
Golden Particle Astrophysics Laboratory to name a few. Dr. Morgan has held office in
and served on numerous National Committees. He is a Fellow of the IEEE, a Fellow of the
National Academy of Forensic Engineers, a member of the National Society of
Professional Engineers Steinman Council, and has received the New Mexico Society of
Professional Engineers Engineer of the Year Award, and the IEEE Centennial Medal. Prior
to his career at NMSU, Dr. Morgan was the head of the Electrical Engineering Department
at the University of Missouri - Rolla.

A MESSAGE FROM THE PRESIDENT OF
THE INTERNATIONAL FOUNDATION FOR TELEMETERING

The Foundation is pleased to present our 33rd International Telemetry Conference with
the theme: “Telemetry… The Role of Academia in Telemetering - A Future Built on
a Rich Tradition.” Mr. Randy Dobbs, our General Chair from Computer Sciences
Corporation (CSC), and Dr. Stephen Horan, our Technical Chair from New Mexico State
University, have planned an outstanding program for ITC/USA/97. I thank each of you
and every member of the 1997 ITC Committee for their exceptional volunteer
contributions this year.
Don’t miss our Blue Ribbon Panel chaired by Dr. Michael Rice, Associate Professor at
Brigham Young University. The panel will focus on the future plans of industry,
Government, and the academic community for furthering the telemetry profession. Over
the years, ITC profits have been donated to several universities, assisting them in the
development of academic curriculums that emphasize telemetering. I am pleased to report
that this year, the IFT has been successful in their search for a new partner - the University
of Missouri - Rolla (UMR). With 4,300 undergraduate and 625 graduate students, the
UMR is a university whose primary focus is engineering. As part of their new program,
the IFT will donate $269,000 over a four year period for the development of a Telemetry
Learning Center (TLC). The TLC will educate on-campus students in telemetry, as well as
provide continuing education opportunities and reference resources for practicing
professionals using video and web-based technology. It is my pleasure to welcome them
to our community.
The following new members are joining the IFT Board of Directors this year: Mr. Nicholas
Toomer, Deputy Director Operational Test & Evaluation (OSD), Mr. John M. Rampy,

Executive Director of the Arnold Engineering Development Center (AEDC), and Mr.
Richard Hildebrand, former Executive Director of the Air Force Flight Test Center
(AFFTC). I look forward to working with them to achieve our IFT/ITC goals for the
future.
Next year’s ITC will be our NASA year in San Diego. Our theme will be “ Telemetry and
Future Explorations.” ITC/USA/98 will highlight telemetry’s role in turning NASA’s goals
into reality. Mr. Larry Schilling from NASA Dryden Flight Research Center and Mr.
Michael Scardello of Woodside Summit Group, Inc. will serve as General and Technical
Chairs, respectively. Start planning now to participate in what promises to be one of our
most exciting and informative conferences ever!

Lawrence R. Shelley
President, IFT
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ABSTRACT
Astronomers now communicate over Internet with robotic astronomical telescopes using a
specially designed instruction set. ATIS, Automatic Telescope Instruction Set, is designed
to communicate specific, technical instructions to a robotic telescope, facilitate data
retrieval and analysis, support a wide range of data formats, and also convey preference
information that describe the astronomers general needs for data acquisition. Over a dozen
telescopes now use ATIS and more are under construction.
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Introduction
The acquisition of astronomical measurements at a telescope is often repetitive and boring,
at a time when humans are most error prone. In addition, some kinds of astronomical
research require long sequences of data spanning an entire night, many nights, or in some
cases years. To reduce error and to provide long, uniform sequences of observations
astronomers are turning to robotic telescopes [6] that can observe specified objects night
after night without human assistance. To communicate instructions to such telescopes and
to retrieve data, the astronomers at Fairborn Observatory have developed ATIS, Automatic
Telescope Instruction Set [2]. ATIS commands can convey specific instructions to the
automated telescope and can also convey general preferences on behalf of the astronomer.
ATIS Commands
Most professional telescopes are automated in that they are operated real time from a
control room. ATIS commands are designed to control a truly robotic telescope. An
astronomer sends an ATIS input file to the computer that operates the telescope, and that

telescope computer uses that input file at a later time to run the telescope for a night or for
many nights returning data to the astronomer in an ATIS output file. Both input and output
files are simple ASCII text files. They can be edited with any normal word processor, and
they can be generated or analyzed by programs written in any programming language
running on any kind of computer. Both input and output files use ATIS command formats.
Because they are simple text files, ATIS files can be sent to the telescope and received
from the telescope in any convenient way. Files are now usually sent and received via
Internet.
Individual ATIS commands serve four functions. Some commands tell the telescope how
to move and point at the correct star. Some ATIS commands tell the instrument on the
telescope how to make a measurement, and some define astronomer preferences and goals.
Finally, some ATIS commands report the results of the measurements back to the
astronomer.
The basic function is pointing, and that is simplified by a celestial coordinate system. This
resembles the familiar geographic coordinates with the east-west coordinate called right
ascension (R. A.) instead of longitude and the north-south coordinate called declination
(DEC) instead of latitude. Because of limitations in the accuracy of the pointing
mechanism, flexure in the telescope, and similar factors, the target star does not usually fall
precisely at the center of the field of view, so the telescope must be able to search for a
star in or near its field of view, and move the image of that star onto the entrance aperture
of the instrument be it photometer, camera, or spectrograph. Thus the pointing function
includes the tasks of slewing to the target, locating, centering, and locking that target in the
instrument input aperture. ATIS makes no assumptions about how these tasks are
performed by a given telescope. Because most ATIS telescopes now in operation carry
photometers, the discussion that follows will assume that the instrument is a photometer.
An ATIS command is usually two lines of ASCII text. The first line is a three-digit number
that identifies the instruction and its associated record type. The second line, an argument
line, contains information presented in the proper record type. For example, command 105
is a move command, and it might appear in an ATIS file as follows:
105
14 34 13.4 0 -4 -20
This causes the telescope to move to the celestial coordinates R. A. 14 hours 34 minutes
13.4 seconds, and DEC -0°4'20". Some ATIS commands have longer argument lines, and
a few, such as 111 Sky observation flag, have no argument. This format is not as compact
as it could be, but ATIS files are typically no bigger than 200K, and this format is easy for
humans to read and edit when necessary.

Instructions to observe the brightness of single a star would begin with a 105 command
followed by a 106 command which causes the telescope to use a specified filter to search
for and center a star of specified brightness. A 107 command would tell the instrument on
the telescope to measure the brightness through a specified filter by counting photons for a
specified integration time. Of course, the 105, 106 and 107 commands would occur in an
input file, but they would also be passed through into the output file to provide information
for data reduction. In the output file, the 105, 106, and 107 commands would be followed
by a 109 command, which would report the number of counts recorded by the
photomultiplier during an integration. Both input and output ATIS files follow the standard
ATIS commands and record types.
The operation of that telescope computer is not specified by ATIS. It is not reasonable for
a telescope computer to execute the instruction file item by item because of unpredictable
events such as clouds. Consequently, the telescope computer must treat the input file as a
database of objects which should be observed but must then consider various factors such
as the position of the objects in the sky, the history of observations already made on those
objects, the importance the astronomer has attached to different objects, and such variables
as the position of the moon. The eastward rotation of the earth causes stars to move
westward in the sky with the western most stars eventually setting and new stars rising in
the east. A hierarchical scheme selects the next object from the database by choosing the
western most target that has not yet been observed. New scheduling procedures are being
developed to make better use of telescope time and to accommodate astronomer's
preferences and goals [3].
Human Interaction with a Robotic Telescope
Robotic telescopes are expensive, so they are often used by a number of astronomers who
need different kinds of observations. Experience shows that an efficient form of interaction
is to assign a single astronomer as the principal astronomer (PA) for the telescope and then
other telescope users funnel their requests through the PA. The PA must check requests
from users, create ATIS input files to send to the telescope, retrieve ATIS output files from
the telescope, reduce the data, monitor telescope efficiency, check data quality, and
distribute data to the users.
Most ATIS telescopes are owned by single institutions and thus serve a limited number of
users, but the Phoenix-10 telescope is operated as a Rent-A-Star telescope open to any
astronomer for a small fee per observation. The telescope has operated since 1983, and the
author of this article has been PA since 1987. The telescope serves about 20 users around
the world. Thus the management of the Phoenix-10 is slightly more complex than for a
telescope owned by single institution.

To increase the efficiency of a robotic telescope, input files must contain more than just
commands for pointing, instrument control, and data retrieval. We must also communicate
the astronomer's preferences and goals to the telescope control computer. How a telescope
computer deals with these preferences and goals will vary from telescope to telescope, but
these human parameters can give the astronomer subtle influence over the operation of the
telescope. For a simple example, each target star is assigned a priority, and telescope
control computers are expected to observe high priority objects before lower priority
objects. This allows a PA to force the telescope to observe certain calibration stars at
critical positions. Also, each star is assigned a probability between 0 and 100 percent.
When the telescope control computer selects that star for observation, it generates a
random number between 0 and 100 and only observes the star if its probability exceeds the
random number. This allows a user to influence the frequency with which a star is
observed and thus control the amount of telescope time (and money) expended in
observing a given object. At 100 percent on a telescope that is not over or under loaded, a
star should be observed about 1.2 times per night.
It is also possible to force the telescope to make specific observations by defining a
window in the sky within which a star should be observed. A user might want three
observations spread through each night, so it is possible to create a window in the eastern
sky, another along the local meridian overhead, and a third in the western sky. Even if the
telescope control computer uses an hierarchical scheme to select objects for study, the star
would be observed early in the evening as it rises through the eastern window, near the
middle of the night as it passes through the meridian window, and again before dawn as it
descends through the western window. It is even possible for a user to use priority,
probability, and windows to obtain repeated observations of a single target for hours to
record a specific event such as an eclipse in an eclipsing binary star system. Of course,
requests for these specific observations detract from observations made for other users,
and the PA must balance the needs of different users.
Additions to ATIS, published as ATIS93 [1], permit an astronomer to communicate
conditional preferences and goals to a telescope. When the earth's atmosphere is turbulent
above an observatory, the star images are blurry and precise measurements are impossible.
This is referred to as bad seeing. ATIS93 allows commands which tell the telescope to
observe the star only if the seeing is better than a given limit. An astronomer might request
complete observations of a star only if its brightness falls within a certain range; this would
avoid wasting telescope time on a star in a quiescent state. How a telescope computer
deals with these user preference commands is not defined by ATIS, but they give users the
potential to maximize their benefit from robotic observations.

Management Modes
The first ATIS telescopes were exclusively photometric, which is a relatively simple mode
of operation. Imaging and spectrographic observations are also common in astronomy, and
they require slightly different modes of operation. The first robotic telescopes were
managed by active PAs who interposed themselves between the users and the telescopes,
and that is a safe mode of operation, but it is not necessarily efficient. Thus we must
consider two kinds of choices when designing a management scheme -- type of
observation and type of human interaction.
Photometric observations are relatively simple because the telescope generates
observations in the form of single numbers, usually the photon count through a given filter.
Imaging and spectroscopic observations generate observations in the form of large arrays
of numbers, the CCD image, and those are not easily communicated inside an ATIS output
file. ATIS93 provides for file pointers in output files. Thus the ATIS output file does not
contain the big CCD frames, but only contains supporting data such as object, filter, and
time, plus file names that point toward the actual CCD frames. New telescopes obtaining
images or spectra are being built and are expected to begin operation using ATIS93 in the
next few years.
The second choice in management mode concerns the role of the PA. Interposing the PA
between the users and the telescope helps assure that no user requests observations that
will seriously reduce access for other users or waste telescope time on unreasonable
attempts to observe stars out of range and so on. But this mode of operation is not
necessarily efficient. Because an ATIS input file is treated as a database, it makes sense to
allow users to interact with that database directly. This means the computer that maintains
the database must be capable of accepting requests from users, screening the requests for
syntax and semantics, and uploading the data base to the telescope control computer in a
timely manner. Data reduction and distribution can also be automated through the
database. The PA is then required only to resolve conflicts and monitor telescope
operation and data quality. This mode of operation, implemented as an Associate Principal
Astronomer (APA), requires a much more sophisticated scheduler [4].
The Future of ATIS
ATIS is now used at Fairborn Observatory in southern Arizona, where 8 ATIS telescopes
are in operation. All of these perform photometric photometry through various systems of
filters. The smallest is 10 inches in diameter and the largest is 30 inches. Weather sensors
monitor conditions and the observatory roofs open automatically at dark and close at
dawn. PAs communicate with the telescopes via Internet.

Fairborn Observatory is building 5 more telescopes in cooperation with Tennessee State
University. One is the Automatic Imaging Telescope (AIT). It is a 24-inch telescope with
Southwest Cryostatics CCD camera. It will utilize ATIS93 and the APA operations model
[5]. Another new telescope, 2 meters in diameter will support a high resolution Echelle
spectrograph with a CCD camera as a detector. ATIS telescopes are also in operation at
Catania in Italy, at N/F Observatory in New Mexico, and GNAT, the Global Network of
Astronomical Telescopes has selected ATIS for its telescopes. SciTech Astronomical
Research is marketing telescopes that use ATIS.
New commands will be necessary in ATIS as new telescopes, new instruments, and new
astronomers expand its use. ATIS93 added facilities for imaging, for example, but further
commands will need to be added to facilitate spectroscopic observations and more
sophisticated schedulers. The GNAT must have more information to allow sharing of
objects between telescopes at different longitudes. Even as ATIS continues to develop
every effort is being made to assure that changes to ATIS are fully backward compatible.
ATIS is now in use on about 15 telescopes with more being built. It allows astronomers to
communicate specific instructions to a robotic telescope and general preferences and goals
which the telescope computer can use to schedule observations. ATIS is growing and
developing new capabilities as astronomers ask more and more of their robotic telescopes.
References
1 Boyd, L. J., Epand, D., Bresina, J., Drummond, M., Swanson, K., Crawford, D.,
Genet, D., Genet, R., Henry, G., McCook, G., Neely, W., Schmidtke, P., Smith, D.,
and Trublood, M. "Automatic Telescope Instruction Set 1993," International Amateur
Professional Photoelectric Photometry, Melbourne, Florida, No. 52., Summer, 1993, p.
23.
2 Boyd, L. J., Genet, R. M. and D. S. Hayes, "Automatic Telescope Instruction Set,"
Automatic Small Telescopes, Fairborn Press, Mesa, Arizona, 1988, p. 35.
3 Bresina, J., Drummond, M., Swanson, K., and Edgington, W., "Advanced Scheduling
and Increased Automation for ATIS-Compatible Telescopes," International Amateur
Professional Photoelectric Photometry, Melbourne, Florida, No. 52., Summer, 1993, p.
11.
4 Drummond, M. Bresina, J., Swanson, K., Edgington, W., and Henry, G. "The
Associate Principal Astronomy Telescope Operations Model," Proceedings of the Third
International Symposium on Artificial Intelligence, Robotics, and Automation for
Space, Pasadena, California, Jet Propulsion Labs Conference Series, No. 79.

5 Epand, D., "24 Inch Automatic Imaging Telescope," Lowell Small Telescope
Workshop, Flagstaff, Arizona, September, 1996.
6 Seeds, M. A., "The Automation of Astronomical Telescopes," Encyclopedia of
Computer Science and Technology, Volume 31, Supplement 16, Marcel Dekker, Inc.,
New York, 1994, p. 63.
Michael A. Seeds
Department of Physics and Astronomy
Franklin & Marshall College
Harrisburg Pike
Lancaster, PA 17604-3003
717-291-3800
717-399-4474 FAX
m_seeds@acad.fandm.edu
Michael A. Seeds
Prof. of Astronomy
Franklin & Marshall College
Seeds received a PhD in astronomy from Indiana University in 1970, and has been on the
faculty of Franklin & Marshall College since that year. His research interests include
photometry of peculiar variable stars and telescope automation. He has been a user on the
Phoenix 10 robotic telescope since the early 1980s, and has been Principle Astronomer of
the telescope since 1987. He is the author of two college level textbooks in astronomy.

The Use of Telemetry in Heavy Equipment Testing at Caterpillar Inc.
James E. Chapman
Peoria Proving Ground
Caterpillar Inc.

ABSTRACT
Caterpillar has for many years used telemetry as a key component in the data acquisition
and analysis systems used to test and develop heavy equipment. The testing of
construction and mining equipment at Caterpillar presents several unique challenges, such
as the operating environment of the test machine, the large number of models in the
product line, the need to change test machines on a daily basis, and the need to test
machines at job sites throughout North America. These challenges have resulted in the
development of telemetry, data acquisition and data analysis systems that have been highly
customized to meet all of our requirements for construction equipment testing. This paper
describes the past history of telemetry use at Caterpillar, from early FM/FM systems to our
current PC/Unix based PCM/FM system, the criteria used to develop these systems, and
how our current telemetry system is being used today to help develop and test product.
KEY WORDS
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INTRODUCTION
Caterpillar began using telemetry systems in the mid 1960's, primarily as a tool to reduce
the risk of serious accidents in the testing of construction and mining equipment. Prior to
the use of telemetry, test data was collected in mobile instrument vans that were connected
by an umbilical cable carrying all of the data signals from the test machine. This umbilical
cable was fairly short, about 50 feet, therefore the van was required to very closely follow
large machines operating at high speeds. A roll-over accident with a van in 1963 provided
the impetus to develop a functional telemetry system.

TELEMETRY & INSTRUMENT VAN HISTORY
Caterpillar's first telemetry system was a six channel system that fed data to an analog strip
chart recorder. This system was equipped with Bridge Controlled Oscillators (BCO's)
connected directly to a strain gage bridge circuit. The BCO's were eventually replaced
with Voltage Controlled Oscillators (VCO's), and in 1971 the system was upgraded to 12
channel capacity. All of the telemetry system components, (VCO's, discriminators,
transmitters and receivers) for this first system were purchased, but the signal conditioning
and packaging was all developed in-house at Caterpillar. In mid 1970's the signal
conditioning was redesigned and upgraded, again in-house, and used with the existing
telemetry components. This new signal conditioning came to be known as Type II
conditioning, and is still in limited use. These first telemetry systems were used with
analog strip chart recorders.
The first use of computers with telemetry at Caterpillar was in 1968, when analog
computers were installed in the instrument vans. The first digital computer system used
with telemetry was developed in the late 1970's, and was based on the DEC PDP-11
computer. The PDP-11 computer system was mounted in new instrument vans and was
used with 12 channels of the Type II signal conditioning and an FM/FM telemetry system.
All software for the system was developed by Caterpillar. The next major upgrade to the
telemetry systems came in the early 1980's when the channel capacity was increased to 16
channels in a single package. This system utilized the same Type II conditioning and
Caterpillar packaging, but with purchased telemetry system components. This was an
FM/FM type of system, utilizing 16 VCO's and an FM transmitter mounted on the test
machine and an FM receiver and 16 discriminators mounted in the instrument van. The
telemetry transmitters all operated in the 216 to 220 MHz band. A total of ten 16 channel
telemetry systems were built for use a Caterpillar Proving Grounds and field locations.
The next system upgrade occurred in the mid 1980's when the PDP-11 computers were
replaced with Hewlett Packard HP-1000 computers. This computer system was installed in
the existing instrument vans and was capable of digitizing 32 input channels. The system
utilized two of the 16 channel telemetry systems with dual transmitters and receivers for
each van to obtain the 32 data channels. The HP-1000 computer was also able to run a
special version of our Caterpillar designed, VAX based data analysis software, which
provided limited data analysis capability in the van. This system has proved to be very
productive and reliable, and is still in limited use today.

Caterpillar's first Pulse Code Modulation (PCM) telemetry system was purchased as a
turn-key system in 1989. The system was supplied with 128 channels of signal
conditioning and a large truck housed all of the telemetry receiving and ground station
hardware. This system represented a departure from our previous systems in that it was
purchased essentially as a turn-key system. The system software was customized by the
telemetry system provider and Caterpillar to meet our testing requirements.
Caterpillar's current telemetry system was developed in the early 1990's, and consists of
purchased signal conditioning/PCM encoding hardware and a PC-based decom system.
The PC is networked to a Unix workstation to provide full data analysis capability within
the instrument van. For further information about our current telemetry system please refer
to references 1 and 2. Refer to Figure 1 for a timeline of telemetry development at
Caterpillar.
Caterpillar has also developed a very compact, battery powered signal conditioning and
telemetry system that is mounted on a steel track shoe. This system is used to measure
input load and stress data on an individual steel track shoe on steel tracked tractors. The
first generation system consisted of 12 channels of signal conditioning, an FM/FM
telemetry system, and a 250mW transmitter. The data was relayed from the track telemetry
system into the instrument van with a 5 W repeater transmitter. The second generation
track telemetry system is a 24 channel PCM/FM system. The data is again relayed through
a repeater and into the instrument van. The instrument van is capable of receiving and
decommutating two PCM input streams, one from the track telemetry unit and a second
from a PCM encoder mounted on the main frame of the test machine.
TELEMETRY SYSTEM DESIGN CRITERIA
It has been our experience that the testing of construction and mining equipment at
Caterpillar has several requirements that may not be present in typical aerospace
applications--the market for which most of the telemetry equipment and systems currently
available have been developed. One of the major differences is the large number of
different machines that need to be tested. The Caterpillar product line consists of over 20
major product lines and over 300 different machine models-- and the telemetry and
instrument van systems test the entire product line. The large number of test machines and
the limited number of transducers, telemetry systems and vans available require that the
signal conditioning equipment and software be easily and quickly switched from one test
to another. It is not economically feasible to have dedicated transducers and data

acquisition systems for every individual test machine. An instrument van based at the
Peoria Proving Ground will typically run tests on 3 to 4 different machines during any
given week.
Another requirement for our telemetry and data acquisition systems is the need to measure
test data at customer job sites throughout North America. The range of applications in
which Caterpillar equipment needs to operate in is very large, and it is not possible to
duplicate all of these conditions at a proving ground. Job sites can range from large mines,
to forestry logging applications, and to road construction.
The design requirements for Caterpillar's newest generation of instrument vans took into
account the entire instrument van system. It is necessary to consider the telemetry,
computers, and van chassis as a complete system, in which all three sub-systems must be
upgraded in parallel. The basic design criteria were:
! All telemetry and computer equipment housed in a mobile instrument van
! Utilize Pulse Code Modulation (PCM) telemetry
! Provide full data analysis and reduction capability in the van
! Retain reliability and ease of use of previous van systems
! Control costs & provide high value
One of the key design requirements was to provide full data reduction and analysis
capability in the instrument van. The objective was to provide the test engineer with
computer hardware and software that is identical to what is available in the office. This
allows full analysis of the data to be done before moving to a different job site or ending
the test prematurely. Controlling the cost on the instrument van and telemetry systems was
critical, and also one of the largest challenges in this project. The goal was to build several
new instrument van systems, therefore it was crucial that the cost for an individual system
be kept as low as possible.

Why does Caterpillar need to use telemetry to test machines? This question is frequently
asked, both internally and from people outside the company. The primary reasons
Caterpillar uses telemetry based data acquisition systems are:
! Safety--no need to be close to large operating equipment.
! Severe machine operating environment--the signal conditioning and PCM
encoding equipment is specifically designed to operate in high vibration and
shock conditions.
! High data channel capacity
! High data acquisition rate capability
! Ability to acquire large data files--limited only by hard disk capacity in the
instrument van.
! Ability to monitor the test machine and instrumentation during a test
A second question that is frequently asked is why does Caterpillar install telemetry and
data acquisition systems in instrument vans, rather than shipping all the test equipment to
test sites in shipping containers. The primary reason is that the instrument vans are selfcontained and self-sufficient--they provide AC power, heat and air conditioning while
carrying all of the transducers, cables, analysis computers, and miscellaneous support
equipment required to run a test at a customer's job site. The vans also provide shelter and
a work platform in inclement weather.
APPLICATIONS
Caterpillar's instrument vans and telemetry system are used to measure and analyze data.
We take data on all of the major systems on our machines, including structural, hydraulic,
control, electronic, powertrain and cooling systems. A wide variety of transducers are used
to take the measurements. The data is used to:
!
!
!
!

Verify machine performance
Troubleshoot problems
Measure input loads for computer models
Calibrate and correlate computer models

The instrument vans are an integral part of integrating the design and test phases of new
product development at Caterpillar. The vans are able to gather input and load data for
computer models, and then are also able to test the actual prototype machines to verify and
correlate the computer models. The vans are also a very powerful tool to trouble shoot
individual performance problems on prototype and current production machines.
Currently, there are 12 instrument van type telemetry systems in operation--7 at the Peoria
Proving Ground, 1 at the Tucson Proving Ground and 4 at Caterpillar's Ono Proving
Ground in Japan. In addition to running tests at the 3 proving grounds, two of the vans
based in Peoria do full-time field testing at customer job sites throughout North America.
In the 10 years since our first field van became operational, we have run tests in nearly all
the contiguous 48 states and 3 Canadian provinces. A portable version of the instrument
van system has also been developed which can be used on overseas tests where it is not
feasible to ship an entire instrument van. This package is usually used without telemetry
(because of the difficulty in obtaining operating licenses in foreign countries) and has
limited data analysis capability.
CONCLUSION
Telemetry has, and will continue to be an integral part of the data acquisition systems that
are used to test construction and mining equipment at Caterpillar. Telemetry provides the
ability to remain a safe distance away from the operating equipment, the ability to monitor
the test machine during the test, and has the data channel and data rate capacity to support
our testing requirements.
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INTEGRATING A GROUND WEATHER DATA ACQUISITION
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ABSTRACT
During engine and airfield performance testing it is often necessary to acquire weather data
at the airfield where the test is being conducted. The airborne data acquisition system
(DAS) acquires data associated with flight parameters. A separate system records airport
weather conditions. Many times the separate system is an Automated Terminal
Information Service (ATIS) or the ground crew relaying wind speed, wind direction and
temperature from a weather station. To improve this system, the weather station is
designed to acquire and store the data in memory. Utilizing a second DAS that is remote to
the airborne DAS poses several problems. First, it is undesirable to have many different
data acquisition systems from which to process data. The problem then develops into one
of integrating the ground weather DAS with the existing airborne DAS. Other problems of
system integrity, compatibility and FCC licensing exist. Complete system integration while
maintaining integrity and compatibility is overcome by controlling signal format, flow and
timing and is discussed in detail. Further discussion of the issue of transmission is
overcome by a technique called spread-spectrum and is used in accordance with FCC rules
and regulations.
KEYWORDS
weather station, airborne data acquisition system, RS-232 to ARINC-429, spread
spectrum, asynchronous, airfield performance testing, engine performance testing
NOMENCLATURE
ARINC-429
ASCII
ATIS
A-D
CFR

Aeronautical Radio, Inc. standard data bus format -429 for aircraft
American Standard Code for Information Interchange
Automated Terminal Information Service
Analog to Digital
Code of Federal Regulations

DAS
FCC
PCM
RS-232

Data Acquisition System
Federal Communication Commission
Pulse Code Modulation
Electronic Industry Association standard of signal level/format for serial
communication
INTRODUCTION

The mobile and remote weather station is designed to meet certain specifications which
best facilitate the requirements for data acquisition. For example, the weather station must
acquire air temperature, wind speed, and wind direction at a 1Hz rate, as well as,
electronically record and time stamp the data. It is also desirable to merge the weather data
with the existing aircraft DAS for ease of test documentation and data processing. The
integration of the weather station and the airborne DAS raises concerns of system
integrity, compatibility and FCC regulations.
Complete integration of the systems depends upon the ground weather DAS’s ability to be
transparent to the airborne DAS. That is, the process of data transfer from the ground DAS
to the airborne DAS is passive. One way to accomplish this is to utilize a data format the
airborne DAS can acquire and “inject” the weather data into the airborne DAS using that
data format. To the airborne DAS it is simply another aircraft parameter.
Now, an unusual situation arises when considering the ground DAS as the remote location
and the aircraft DAS as the observation point. It becomes necessary to telemeter the
ground weather data to the aircraft, place the weather data on the aircraft DAS Pulse Code
Modulation (PCM) data stream and then telemeter all the aircraft data to the ground
observatory for processing. It sounds long and drawn out, but the end result is clean. One
FCC license is required to telemeter the data from the aircraft to the ground observatory. It
is undesirable to use another license for transmitting the ground weather data to an aircraft
system that is just going to transmit the data again. It is advantageous to use spreadspectrum technology (FCC part 15 does not require a license for spread spectrum
transmissions within the specs) to transmit the ground weather data to the aircraft.
Utilizing all these techniques leads to the concern of compatibility. A completely
integrated system will comprise of total compatibility with all devices in the system. With
all things considered, the system works as follows. The ground weather DAS produces
RS-232 (ASCII, comma delineated) data that is sent to an RF, spread-spectrum modem.
The modem transmits the data to another RF, spread spectrum modem in the aircraft. The
airborne RF modem decodes and sends RS-232 data to a processor that converts the RS232 (ASCII, comma delineated) data to ARINC-429 data. The airborne DAS acquires the

data as an ARINC-429 parameter and adds it to the PCM data stream for transmission to
the ground observatory.
SYSTEM DEVELOPMENT
As with most data acquisition systems, the weather station has analog input ports (singleended and differential), digital serial ports, control ports and excitation output ports. The
weather station DAS was designed specifically to measure air temperature, wind speed,
wind direction, relative humidity and barometric pressure. Therefore, its operating system
and accompanying software provides specific signal conditioning control options for those
sensors used in measuring the above mentioned weather parameters. For example, the
relative humidity probe is connected to a differential analog input port on the DAS and
within the software used to acquire the data are specific commands for port location,
sensitivity (resolution), excitation voltage and storage address. Whereas, the digital
compass is connected to a digital serial port, data is acquired with communication control
(Hayes format) and memory location assigned.
Regardless of how the data is acquired, compilation to a common format is appropriate if
telemetry is desirable. Again most data acquisition systems accomplish this task by
“sensing” the data, quantifying the data and storing the data in memory. In most cases this
is some A-D converter with sample and hold circuits and timing control. The weather
station performs similarly and outputs the data in binary format. The binary format is
converted to RS-232 format so that it is compatible with most computer peripherals.
The RF modems were selected because of their capability to accept RS-232 signals and
transmit the data using spread spectrum technology. Spread spectrum incorporates a
modulation technique that spreads the energy being transmitted over a very wide
bandwidth. This technique reduces the power density of the transmitted signal, thereby
making the signal invisible to other signals occupying the same spectrum. The receiving
unit reverses the spreading process and demodulates the signal to obtain the information.
The reversal process also suppresses undesired signals in the receiver. The combination of
spreading and de-spreading makes the spread spectrum system one that imparts or accepts
little interference. FCC Part 15 of the CFR authorizes the unlicensed operation of spread
spectrum transmitters within the 915 MHz, 2450 MHz and 5800 MHz frequency bands.
The RF modems selected transmit on 915 MHz and adhere to the specifications called out
in FCC part 15 of the CFR.
Additional processing power is required in the airborne system to convert the received RS232 data format to ARINC-429 format. The conversion process is accomplished using an
airborne PC-type computer, software and an RS-232 to ARINC-429 adapter. The RS-232

to ARINC-429 adapter was selected due to the flexibility of software applications. This
adapter allows for custom designed programs to interface data to the adapter.
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Figure 1: (a) block diagram of ground weather DAS, (b) block diagram
of airborne DAS
SIGNAL FORMAT, FLOW AND TIMING
Once the weather station has been programmed there is no need to communicate with it.
Therefore, the weather station is set-up on location, turned-on and left to transmit data.
There is no handshaking that occurs between the ground weather station, RF modem and
the airborne RF modem. The weather station samples all the weather parameters once
every second except for barometric pressure which is sampled every thirty seconds. The
weather station stores the data in an on-board, non-volatile memory storage module and
sends the data to an RS-232 interface.
The modem receives the RS-232 data and when its packet is full, modulates and spreads
the spectrum for transmission. The link between the weather station and RF modem is
asynchronous (looks for start and stop bits only). Data is continuously being sampled and
sent. Any delay (other than inherent gate delays from hardware) is based upon the packet
size. The RF modems have been programmed for a packet size of 64 bytes. The total
number of bytes used to represent one sample of all the parameters far exceeds the packet
size and therefore data is continuously being sent.
The airborne RF modem reverses the spreading of the signal sent by the ground RF
modem by matching the pseudo-code with which the spectrum was originally spread. The
signal is then demodulated and the RS-232 data is placed at the com 1 port of the airborne
computer. A software program was written to read the com 1 port of the airborne
computer, strip the data parameters out of the ASCII comma-delineated data file, assign
octal labels to each parameter and send the data to the RS-232 to ARINC-429 adapter via
com 2 port. Again the link between the RF modem and airborne computer is asynchronous

and continuous. The RS-232 to ARINC-429 adapter is set in transmit mode only (again, no
handshaking) and transfers the data at 57,600 bps. The data is acquired on an ARINC-429
data card in the airborne DAS which is set to acquire data at 100,000 bps.
The format for communication between the ground weather DAS, ground RF modem,
airborne RF modem and com 1 port of the airborne computer is 1 start bit, 8 data bits, 1
stop bit, no parity and set to 9600 BAUD. This is to ensure that asynchronous
communications are successful between those components.
The airborne computer can process the data much faster than is being supplied at the com
1 port and is capable of transmitting the data via com 2 port at 115,200 bps. Note that
since it is RS-232 format and a signal is in one of two states at any given time the baud
rate and bps are the same. An RS-232 serial port requires 10 bits of information to transfer
one byte of data. At a maximum of 115,200 bps the maximum theoretical throughput is
11,520 bytes per second. The ARINC-429 channel is set to acquire data at 100,000 bps
and this equates to 11,111 bytes per second (ARINC-429 data is 32 bits long and an
ARINC-429 word can only be transmitted once every 36 bit times). As stated above, the
byte transfer rates of the com 2 port and RS-232 to ARINC-429 adapter are close and any
burst in data is smoothed by the adapter's buffers. Since the RS-232 to ARINC-429
adapter is set to transfer data at 57,600 bps no overflow of data is expected.
The entire system operates in such a manner that data transfer is optimized by matching
the baud rates of the weather station output port to the ground and airborne RF modems
and in turn letting the airborne computer process the data as quickly as possible for
throughput to the ARINC-429 channel. Regardless, any delay is tolorable due to the fact
that under most test conditions weather parameters are not the concern of safety.
Minimizing data drop-outs and maintaining the overall integrity of the data is the most
important issue for a successful system. It is important to remember that telemetering the
weather data is for ease of data processing, analysis and presentation not because
engineering has a need for real-time analysis. The fact that it can be observed during realtime analysis is simply a secondary feature.
TEST APPLICATIONS
The system has recently been used in an aircraft certification program to document
weather conditions during engine performance testing, specifically engine inlet distortion
and recovery analysis. Although the testing was performed at an airfield that was equipped
with an on site weather station, it was important to acquire weather data as close to the
aircraft as possible. This meant placing the weather station in close proximity to the
aircraft and telemetering the data to the aircraft DAS. Again, telemetering the data is for
ease of documentation, testing and analysis.

The purpose of the engine performance testing was to determine the total inlet pressure
recovery and total inlet pressure distortion. Test conditions for ground testing call out
specific wind speed maximums and directions. For example, a power setting of 20% N1,
wind speed of 20-25 knots with a right crosswind is one test condition. The direct
correlation of the measured N1, pressures at the inlet and weather data allows the engineer
to analyze engine performance with a higher degree of precision. The old days of assuming
that the wind direction and wind speed were steady-state over a lengthy period of time
(sometimes samples were taken every 5 minutes), induced a sense of uncertainty about the
data. Now, at least the engineer has the actual raw data sampled at 1 hertz. If the
calculations warrant an averaging or smoothing of the data, that is determined during postprocessing.
Initial Data Load - No Modifications Made
RUN # 004 Time
ENGVIBL ENGVIBR HDG_1 N1L
N2L
PSIR01
PSIR04
HH:MM:SS.S
DEG
%RPM
%RPM PSI
PSI
SSS
13:46:05.8 NORMAL NORMAL
-90.1751 24.3235 55.8291 -6.60E-03 -7.98E-02
13:46:06.0 NORMAL NORMAL
-90.0872
24.225 55.9255 -6.60E-03 -7.98E-02
13:46:06.2 NORMAL NORMAL
-90.0872 24.3235 55.9255 -6.60E-03 -7.98E-02
13:46:06.4 NORMAL NORMAL
-90.1751 24.3235 55.9255 -6.60E-03 -7.98E-02
13:46:06.6 NORMAL NORMAL
-90.1751 24.4219 56.0218 -6.60E-03 -7.98E-02
13:46:06.8 NORMAL NORMAL
-90.1751 24.3235 55.9255 -6.60E-03 -7.98E-02

Time
ZWSBATV ZWSBRPRS ZWSRLHUM ZWSSAT ZWSWNDDR ZWSWNDV
HH:MM:SS.S VOLTS
INHG
%
DEGF
DEG
KNOTS
SSS
13:46:05.8
12.7905
28.2841
39.8438
20.7813
172.806
19.2388
13:46:06.0
12.7905
28.2841
39.8438
20.7813
172.806
19.2388
13:46:06.2
12.7905
28.2841
39.8438
20.7813
172.806
19.2388
13:46:06.4
12.7905
28.2841
39.8438
20.7813
172.806
19.2388
13:46:06.6
12.7905
28.2841
39.5313
20.7813
177.2
22.2889
13:46:06.8
12.7905
28.2841
39.5313
20.7813
177.2
22.2889

Example 1: Data from engine performance testing
Example 1 shows airborne DAS data acquired during a test run with the data filtered at 5
samples a second. It is important to note that the weather parameters are updated every
second due to the sample rate of the program, therefore when all the parameters are
sampled at a higher rate, repetitive weather data is expected. The data in Example 1,
shows that the aircraft was positioned at -90.1751 from magnetic north (HDG_1) while the
wind was from 172.806 magnetic north (ZWSWNDDR). Therefore the aircraft is

experiencing a 19 - 22 knot, 90 degree crosswind (ZWSWNDV). The engineer will
correlate the weather data with the pressures (PSIR01, PSIR04) and engine rpm (N1L and
N2L) to best determine total inlet pressure recovery. Another important aspect for using
the weather DAS for this type of testing is to better determine if the test conditions are
being met. The aircraft DAS has a screen that can display real-time data to the pilot. The
pilot can see the correlated data and determine if each test condition is being met.
The system has also been used during airfield performance testing where wind speed and
direction are critical in determining the performance of the aircraft. During these tests, the
weather station is placed in a centralized location or expected touchdown and takeoff
points adjacent to the runway. Again, the data is correlated with other significant
parameters to allow the engineers a higher degree of precision in the analysis.
CONCLUSION
The integration of the ground weather DAS and the airborne DAS has proven to be
successful and a useful system for engine and airfield performance testing. The motivation
of the design was the fact that it is very undesirable to have many data acquisition systems
from which to process data. The integration of the two systems was unusual in the fact that
the systems are remote to one another. All of the components of the systems were
integrated successfully by utilizing telemetry and controlling the signal format , flow and
timing. Feasibility and economical concerns were addressed by utilizing spread-spectrum
technology and simple interface components for data transformations.
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DATALOGGING AND CONTROL THROUGH A
REMOTE INTERFACE FOR A POWER QUALITY
SYSTEM
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Abstract
The vast majority of all utility power quality problems consist of short duration surges,
sags, and momentary power losses that wreak havoc among modern sensitive loads. To
solve these power quality problems, a highly reliable, low-cost battery solution, the AC
Battery PQ2000, developed with Department of Energy and Sandia National
Laboratories assistance, is now available to eliminate these short duration power
quality problems. Incorporated in this system is a communications interface which
allows remote access over the telephone network using RS-232 protocol. The system is
designed for standalone function without an operator present; however, because of the
limited experience of utilities in the use of this type of battery energy storage system,
capabilities have been incorporated to allow for datalogging and remote system control
of the unit. This paper reviews power quality problems, outlines the system design
philosophy from AC Battery Corporation, discusses the rationale for remote
telemetering system design, and reviews the utility of this telemetry through the
experience of a system installed in Georgia.
Introduction
Utilities are facing many new strategic issues as they plan for their energy future. The
Energy Storage Systems (ESS) Program of the U.S. Department of Energy (DOE) is a
cooperative endeavor between the DOE, the electric utilities and manufacturing
industries. Its objective is to evolve Battery Energy Storage (BES) systems into an
economically attractive utility resource option by the year 2000.1,2. Battery Energy
Storage is an option that can help utilities address the strategic issues created by
electric utility restructuring and can improve their cost-effectiveness, reliability and
power quality while reducing the environmental impact of generating and distributing
electricity. The use of remote control strategies and remote data monitoring by system
manufacturers has enhanced the use of BES in field applications. By remotely
managing a system, the manufacturers of BES equipment can relieve facilities managers
from the task of determining the readiness of BES power quality and power
management equipment thus opening the door for turnkey power quality solutions.

A major problem facing utilities is the heavy reliance by a growing number of
customers on computers and microprocessors requiring clean, reliable power.
Manufacturing process control is a
prime example of the sensitivity of
modern processes to power
abnormalities. Particularly
vulnerable are power users such as
semiconductor fabricators,
pharmaceutical manufacturers and
biotechnology companies. Even a
brief interruption can cause a large
expense (some in excess of a
million dollars per event), and many
of these businesses are willing to
pay more for a guarantee of
uninterrupted service. Batteries can
Figure 1. Cutaway View of the PQ2000 System Container improve the reliability of service by
Showing the Modular “Rack ‘N Stack” Construction and
providing a source of uninterruptible
Center Electrical Control Closet.
power. Battery storage systems can
meet the needs of these “premium
grade” customers by supplying power free of voltage sags, surges, and momentary
outages that periodically occur on the utility distribution system.
In the near future, customers with power quality sensitive loads will be able to select
their power provider. Consequently, it will be critical that utilities have premium power
programs available. Not only would these utilities be able to retain current customers,
they would also gain customers in other utilities’ present service territories3.
A DOE Sponsored Solution
AC Battery Corporation developed the PQ2000 BES system (Figure 1) in partnership
with Sandia National Laboratories, the US Department of Energy, Pacific Gas and
Electric Company, and Omnion Power Engineering Corporation. The objective of the
development effort was to produce an economical, transportable, 2 MW, 10-second
battery energy storage system that would provide high quality backup power. The
system eliminates shut-downs caused by surges, sags, and momentary power losses,
and provides ride-through power in the event of total utility power loss. The PQ2000 is
able to support critical loads while backup generation systems are brought on-line.

As shown in Figure 2, the AC Battery PQ2000 system consists of three primary
subsystems, the 2 MW Static Automatic Transfer Switch (SATS), the static switch
control, and the PQ2000 control/power conditioning/battery subsystem. The unit’s
control and battery subsystem consists of a master controller and eight individual power
modules containing 48 standard production 12V batteries. In addition, each module
contains a battery charger and a 250 kW bridge to convert the battery DC voltage to
three-phase AC voltage. The SATS controls the connection of the utility to the critical
loads.
The static switch control functions as a communications clearing house to keep the
SATS informed on the status of the unit and to pass control logic between the SATS
and the controller. All communication between the controller and the SATS is
conducted over fiber optic links.
Operational Considerations
Nominal output of the system is 480 VAC, 50-60 Hz, three-phase, 2,000 kVA for up to
10 seconds duration. The heart of the system is the master controller that monitors the
incoming utility line voltage and
continuously makes minor voltage
adjustments to the power
converter control voltages so that,
if the system is activated, the unit
will go on-line at the same voltage
that was present from the utility at
the instant prior to the loss of
quality power. Line frequency is
also closely monitored to ensure
output synchronization and
frequency matching upon
activation.
Figure 2. System Block Diagram.

The system is designed to operate
in a standalone environment
requiring no operator interaction for the system to perform all functions. To allow for
remote monitoring capabilities, provisions are available to dial in to the system using
RS-232 protocol from a remote personal computer to poll for status information. In
addition, the capability exists to externalize system status information, in real time, to
inform the user/customer and monitoring organization of system status and availability.
Of primary concern is a reduction in available capacity due to a module failure.
Provisions are also available for the system to report detailed status information

automatically to a selected remote location in the event the system is experiencing
abnormal operational conditions.
Monitoring Computer 4
The Monitoring Computer contains software in a Windows format that will log: line
disturbance events, charging activity and PQ2000 system errors to comma-separated
value (CSV) files. The software will also send a page to the appropriate personnel
when an error occurs. In addition to its logging and paging capabilities the software
also has three screens that monitor the PQ2000 status, individual module status and
overall system status.
The Monitoring Computer software consists of five tasks: Communications,
Disturbance/Battery Charge Logging, Error Logging, Paging and PQ2000 Monitoring
screens.
The Monitoring Computer Communications Task gathers information from the PQ2000
Controller via the RS-232 serial data link. The Communications Task will then send the
status via an DDE (Dynamic Data Exchange) link to the Disturbance/Charge Task and
to the Status Database. In the Disturbance/Charge Task the PQ2000 container and
module status is decoded and checked to see if any charging or disturbance activity is
occurring; if so, then it is logged. All status information is then passed to the Error Task
which does even more decoding to determine if an error state has changed from that
last status; if so, it will be logged. The errors are then sent to the paging task, which
will submit a page to all the individuals (marked to receive a page) in the database.
Each time a page is sent an entry is logged into the log file so that a record of all
individuals called can be maintained. The PQ2000 Monitor Screens Task will simply
display all the pertinent information from the database onto the screen.
The software executes on an Octagon single board microcomputer. The single board
computer has a 486DX-66 CPU, 540 MB hard drive, 8 MB RAM, and a 14.4 kbps
modem.
Additional hardware on-site is simply limited to a dedicated telephone line which
allows AC Battery remote access to the PQ2000 system.
The PQ2000 Monitor currently consists of three main screens, the main status screen,
shown in Figure 3, the module status screen and the PQ2000 status screen. The Main
Screen highlights the overall system status which includes the Static Automatic
Transfer Switch (ESD Status) and the PQ2000 container. The Module Status Screen

shows all of the module’s
digital and analog
information. The digital
information represents the
component status on each
module. The analog data
includes information on the
battery pack voltage, heat
sink temperatures and others.
The PQ2000 Screen shows
the PQ2000 system status and
allows some manual functions
such as starting an equalize
charge.
Figure 3. Main Monitor Screen

The main screen is divided into several different boxes. These are described below:
The PQ2000 System Mode box comprises three LED’s which correspond to the
external lights on the outside of the PQ2000 container.
• Failure Mode LED is illuminated in red when a fault occurs that will prevent the
PQ2000 from servicing an event.
• Warning Mode LED is illuminated in yellow when an error is present in the system
that will not prevent it from servicing an event.
• Ready Mode LED is illuminated in green when the system is able to service a line
disturbance, even at partial power. It is possible for the Warning Mode LED and
Ready Mode LED to be on at the same time.
The ESD Status box displays the current state of the ESD, either in ready or fault
state.
The PQ2000 Status box displays at-a-glance information on the current state of the
PQ2000 and its modules.
• Shutdown This LED is illuminated in red when the PQ2000 is shutdown. The mode
is shutdown when the PQ2000 is unable to run because of an error or it has been
manually disabled. The LED is gray when not in shutdown mode.

• Running This LED is illuminated in green when the PQ2000 is servicing a
disturbance. The LED is gray when not in running mode.
• Partial Power This LED is illuminated in yellow when one or more modules is not
able to run. It is red when all eight modules are out of service signifying a shutdown
condition. The LED is gray when all modules are available to service a disturbance.
• Synchronized This LED is illuminated in green when the PQ2000 is synchronized
with the utility. It is red when it is not synchronized.
• Charging This LED is illuminated in green when it is doing a normal or equalize
charge. The LED is gray when not charging.
The PQ2000 Data box displays some of the pertinent analog information that is
available about the PQ2000 system.
• Phase Current This displays phase current (amperes) on the load side of the ESD.
• Phase Voltage This displays the phase-to-phase voltage on the load side of the ESD.
• Container Temperature This value is the warmer of the two thermocouple sets inside
the PQ2000 container.
• Container Hydrogen This is the percent of hydrogen (H2) gas inside the PQ2000
container.
The Line Event Data box displays the number of line disturbance events, the number of
line disturbance events serviced and the percent of events that have been serviced.
• Availability A percentage of line events serviced divided by the line events that have
occurred.
• Events Serviced The number of line disturbances that the PQ2000 has serviced.
• Events Occurred The number of line events that the ESD has determined as
disturbances.
The Battery Energy Available (BEA) gauge is a bar graph that shows the estimated
state of charge. Zero percent battery energy will be shown when the Amp-Hour total
equals a 2 MW discharge for 30 seconds. The battery energy remaining percentage is
linear from 0 Amp-Hour discharged (100 % battery energy remaining) to 53 AmpHours (2 MW @ 30 seconds, 0 % battery energy remaining, all 8 modules).
During recharge the bar graph will remain at the discharged state until the charge
voltage threshold is reached. Once this is met, 90 % battery energy is available. If the
total amount discharged is less than 10 % of the battery energy then the graph will not
move until recharge is complete. One hundred percent battery energy available will
occur when a recharge has finished.

The Available Power gauge will display the amount of power it can supply if a
disturbance occurs. It is simply the number of modules available multiplied by 250 kW.
The Module Status Screen displays the status information of all eight modules at once.
When a module is not on-line the box background that surrounds the module number
will be in red. The status for that module will be filled with the last valid information
received.
The PQ2000 Status Screen displays all of the PQ2000 errors, container status, charging
status, manual functions and other setup information.
Remote access is accomplished by utilizing the Reachout software package from Stac
Electronics. AC Battery maintains security of the system through features of
Reachout via a logon identification and password, keyboard disabling, screen
blanking, audit trails, restricted disk access, and viewer call-back (for some callers).
The pager system incorporated into the PQ2000 system allows for notification to
personnel of one or both of PQ2000 system faults and PQ2000 system warnings. This
facility is limited only by memory, with a user-selected time period for system warnings
(not as detrimental to system operation) up to 24 hours (i.e., at all hours).
Current Field Application
The first production unit of the PQ2000 series is in operation at a site in Homerville,
Georgia. There are frequent lightning storms in this area that are often severe enough to
shut down a local factory for up to three times a day. Consequently, the local electric
supplier, which is served by the nation’s largest generation and transmission
cooperative5, had a serious challenge to alleviate this critical situation.
The plant uses about 15 adjustable speed drives. The slightest disturbance of voltage
can cause the drives to trip-out or, at the least, lose synchronization and cause defects
in the product5. Also, the plant has gas-fired ovens that create a safety problem when
voltage is lost. A power interruption shuts down the burner exhaust fans, which
requires that the ovens undergo a forced air purge of 15 minutes before the 16 burner
zones can be manually relit. Each outage could cost a minimum of 40-45 minutes of
downtime, with the likelihood of several consecutive occurrences during a severe
thunderstorm6. Losses due to production interruption combined with maintenance and
safety concerns easily amount to hundreds of thousands of dollars on an annual basis.

The first commercial PQ2000 was delivered on July 8, 1996, and went on-line on
December 3, 1996. It has operated for more than 5000 hours since installation with no
maintenance downtime. AC Battery staff
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PQ2000 Commercial Installation
here indicating the percentage of events
note: x axis is seconds
serviced by the PQ2000 for the first 6
months of operation of the system at the plant. Only 2 % of the events were longer than
the service period for the PQ2000. Fully 98% of the events that occurred resulted in
zero down time at the plant which dramatically shows the value of this power quality
solution.
Conclusions
Remote access of control functions and data acquisition is a critical component for the
commercialization of the PQ2000. The provisions of the RS-232 interface allow for the
monitoring of the status and availability of the PQ2000 at remote sites as well as
allowing critical operations and maintenance functions without requiring the dispatch of
maintenance personnel to the site. It also relieves facilities managers of the requirement
to continuously monitor the status of the PQ2000 system to ensure its readiness to
perform its functions to protect the facility critical loads.
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ABSTRACT
The Vessel Traffic Management System is a cooperative effort of the Naval Undersea
Warfare Center and the Naval Air Warfare Center Aircraft Division, funded by the OSD's
Test Technology Development and Demonstration Program. The project is establishing the
capability to acquire ship tracking information from numerous sources (GPS and radar
target extractors), and combine them into a comprehensive, integrated view of the range
safety target area. The consolidated tracking information will be transmitted to range
safety vessel personnel and presented on portable display systems to aid in clearing the
surveillance area of unauthorized vessels. The communications module is media
independent in that positional and image data can be routed via RF modem, cellular phone,
Intranet or Internet, singly or in any combination. The software systems for data
acquisition, display and control are also platform independent, with the system under
development operating under WindowsNT and Windows95. Additionally, the use of Java
and VRML tools permits a user to display data (including three dimensional presentations
of the data) without requiring the applications software. This system has numerous
applications including range safety, commercial vessel traffic management, port authority
and services monitoring, and oceanographic data gathering.
KEYWORDS
Radar, Radar Processing, Range Safety, Tracking
INTRODUCTION
The Naval Air Warfare Center - Aircraft Division, Patuxent River, Maryland, and the
Naval Undersea Warfare Center Division, Newport, Rhode Island, have teamed to develop
the Vessel Traffic Management System (VTMS). This system, while developed to satisfy
a need for enhanced Test & Evaluation (T&E) range safety, is also suitable for use in the
monitoring and advising of commercial ship movements. This joint effort has taken

advantage of two different and distinct vessel tracking system technologies independently
developed by the two commands. Features of both technologies were combined, and
added to, in order to create a surveillance system to monitor vessel traffic in and around
the waterways utilized by the DOD for T&E missions. While the VTMS was specifically
developed to increase the efficiency of range safety, an effort was made to consider Coast
Guard requirements and commercial applications of the system in the design.
THE PROBLEM
There are two types of related problems which are addressed in the design of the VTMS:
range safety and commercial marine traffic management.
Range Safety A specific example of a T&E range that faces this challenge is the Atlantic
Test Range (ATR) within the NAWCAD, Patuxent River, Maryland. Here the Navy
conducts in-air tests of naval aircraft weapon and sensor systems. In particular, aerial
delivery of ordnance is typically carried out in the ATR over the Chesapeake Bay. The
number of commercial ships transiting this area year-round creates a potentially dangerous
situation; however, the number of small pleasure craft in the summer months sometimes
results in a nightmarish situation for range safety officers at the ATR operations center.
Commercial Marine Traffic The need for keeping track of ship traffic in navigation areas
leading to and within the congested area of deep draft ports is of concern to
environmentalists, port authorities, and ship captains and owners, especially since the
Exxon Valdez disaster of 1989. One of the US Coast Guard’s missions is to provide vessel
traffic management in the nation’s most congested ports through the Coast Guard Vessel
Traffic Service (CGVTS) and has installed monitoring systems in eight ports. Recently
with support from NAWCAD they have completed a twenty-five million dollar investment
program to upgrade the facilities in New York, Seattle, and San Francisco. A Ports Needs
Study completed by the Department of Transportation in August 1991 identified 23 ports
throughout the country which would benefit from installation of some form of VTS. The
VTS, as it exists today, relies on radar imagery and closed circuit cameras, in conjunction
with radio communications, to maintain knowledge of vessel movement in ports. Because
of the high cost of these systems, Congress has severely curtailed funding of planned VTS
installations; only recently approving funding of a system for New Orleans. At the
projected rate of installation, it is anticipated that not all 23 installations will be possible
before major renovation of the oldest systems is required.

BACKGROUND
The existing systems which currently support the ATR range safety and Coast Guard VTS
operations have some limitations of effectiveness which brought about the development of
the VTMS.
Range Safety The existing surface surveillance radar system in use at the Atlantic Test
Range relies on Raytheon and Furuno surface scan radars located along the shores of
Chesapeake Bay. The locations of the shore sites ensure sufficient overlap in coverage
over the identified range areas. The radar images are viewed in the Range Operations
Center and monitored by a range safety officer. Range safety vessels are stationed near the
range target areas. If it appears that a vessel will enter the target area unless it changes
course, the range safety officer will vector the range safety vessel to warn the intruder off.
In the confusing environment of summer pleasure craft mixed with commercial traffic, it is
often difficult to identify the radar return of the range safety vessel among the others. The
misidentification of the range vessel sometimes results in erroneous directions being given
to the pilot of the craft, wasting time before the error is detected and corrective action
taken.
Commercial Marine Traffic. The VTS systems installed by the Coast Guard in the ports
of NYC, Seattle, and San Francisco were state-of-the-art, open systems based architecture.
They were also predominantly commercial off the shelf (COTS) equipment items. Key to
this system’s architecture was the leveraging of the common operating environment and
core software applications (a small subset) of the Joint Maritime Common Information
System (JMCIS) products of what was then the Navy’s tactical command and control
community. This leveraged Navy investment was then augmented by several VTS specific
applications, most notably a radar imagery segment, to produce the final VTS Upgrade
product.
This improvement program brought many advances to the existing Coast Guard
operations including: the integration of multiple radar returns onto a single watchstander
display, fusing of electronic maps, tracked vessel symbology, and radar imagery into a
single presentation, improvements in vessel tracking by embedded radar processors,
automation of vessel transit reporting, removal of system single points of failure, and
increased system reliability.
EXPERIENCE
Both NAWC-AD, Pax River, and NUWC Division, Newport, have considerable
experience in developing tracking systems. In addition to its surface surveillance expertise
such as that employed to support the Coast Guard’s VTS improvements, NAWCAD’s
ATR is the organization responsible for precision tracking of test aircraft and external

ordnance. This tracking includes the use of radar, global positioning system (GPS),
cinetheodelite cameras, and telemetered inertial navigation systems data. NUWC Division,
Newport, develops undersea and above-water tracking systems for test and training of
submarine and antisubmarine warfare combat systems, and has investigated the dual-use
application of tracking technology to solve vessel traffic management problems in
consultation with the Coast R&D Center and the Volpe National Transportation Service
Center.
APPPROACH
The completion of the VTS support to the Coast Guard by the Navy resulted in a fielded
waterway surveillance system that has greatly surpassed the capabilities of many T&E
range systems of similar function such as range safety systems as described previously.
This is especially true with respect to the fusing of electronic charts, mutiple radar images,
and tracked vessel symbology onto a single display. In proposing this test technology
project the approach was to leverage the twenty-five million dollar Coast Guard VTS
investment (adapted to the range safety mission), integrate it with GPS technology proven
out for this mission by NUWC, and accomplish this with only COTS equipment items.
Furthermore, with the advances in both performance and functionality in the personal
computer class hardware, this program was also to attempt to reduce the recurring costs
for the sensor data, database, and display processing computer hardware components.
RADARs Referred to in the VTMS documentation as Remote Sensor Systems, the radar
instrumentation includes the radar processor, radar control unit, radar transmitter/receiver,
and radar antenna.
Vessel Traffic Control Subsystem This subsystem consists of all the hardware and
software required of the operator console(s), and provides the functions of setup and
control of VTMS, display of data including radar tracks, radar images, and GPS tracks, at
a minimum, and the display of vessel data and status. Additional capabilities will include
weather updates (local weather instrumentation and Internet sources), hazards to
navigation text, other position data, and other data.
The Vessel Traffic Control Subsystem will consolidate all tracks and images in separate
“layers” which allows the operator to selectively change the information displayed as
desired. The system will also be able to transmit in a broadcast mode the consolidated data
to remote displays by a number of communication means including telephone or cellular
modem, RF modem, Internet, Intranet, or other local network.
Remote Displays The capability for the range safety vessels to view the same information
which the range safety officer sees on the operator’s display will reduce the ambiguity

sometime experienced in the current system. A portable display subsystem is designed and
includes a PCMCIA card GPS receiver to determine the position of the vessel, a laptop PC
to display that position on a chart of the area, and a RF modem to pass positional
information to the Vessel Traffic Control Subsystem. The RF modem will also be able to
receive the broadcast tracking information and display radar tracks, radar images, and
other GPS tracks. Other data such as weather information and navigation advisories may
also be transmitted to the portable display if desired. The portable display system may be
updated in the future to include a heading sensor which will provide a ship’s heading in
cases where GPS vector data is not available, such as when the ship is at anchor.
COMMUNICATIONS
Main features of the VTMS include the distribution of remote sensor subsystems, the
ability for vessels instrumented with GPS receivers to transmit their position to the Vessel
Traffic Control Subsystem, and for remote display subsystems to receive consolidated
tracking data and radar images from the Vessel Traffic Control Subsystem.
The remote sensor subsystem consists of a radar antenna, radar processor, radar control
unit, and GPS time receiver. A remote site processor communicates with the Vessel
Traffic Control Subsystem via a wide area network (DATAWAN) using 10-Base T
Ethernet; the operator can control and monitor all of the functions of the remote sensor
system. Other remote sensor elements which may be collocated with the radar system
include video, RF modems, RF transceivers, and weather instrumentation.
The remote displays use a “client downloadable” technology via the programming
language Java, and a Java Compatible Browser such as Netscape Navigator or MS Internet
Explorer. The notion is that a user can input a Uniform Resource Locator (URL) into the
browser and request an HTML document that has a Java Applet embedded in the
document. The Java Applet is executed and makes a socket connection to the data server
from which the document and Applet originated. The Applet then can display data from
the server including the charts, tracks, radar images, weather, and other data. Control over
screen attributes is available at the remote display including zoom, size, location, area,
colors, layers displayed, etc. No special software is required on the remote display,
allowing any user to view the tracking data from any computer with a compatible browser,
the URL, and the password (if access controlled). The software thus becomes platform
independent by being compatible with any computer or workstation which has a Java
compatible browser installed. In this way, not only can the range safety officer see the
displayed tracks and radar images, but the base commander, design engineer, or sponsor
will be able to view the entire picture at his/her computer by accessing the URL.

The communication controller resides as a separate software module which is also
platform independent, and facilitates the integration of different communication techniques.
Communication channels which have demonstrated include standard telephone modes
operating at 14.4 Kbit or 28.8 Kbit, high speed Internet connection, and cellular phone
modem. To accommodate the high data rate and expected volume of data, a 115 Kbit
spread spectrum radio modem manufactured by Freewave is used between the Vessel
Traffic Control Subsystem and the portable display systems. The radio modems operate
with TCP/IP over Point to Point Protocol (PPP) using the standard software provided with
Windows95 which is installed on the portable display laptop PCs.
RESULTS
Viability of a migration to personal computer class hardware has not only been proven, but
proven in many cases to outperform the workstation class platforms from which it was
leveraged. The radar technology of the Coast Guard VTS system has successfully been
integrated with the GPS technology of the NUWC system. Recurring equipment costs
have been reduced by seventy-five percent with the ability to increase system horsepower
by only a few hundred dollars vice the previous system figure of several thousand dollars!
In addition many elements of this system have been designed to provide direct access to its
surveillance information over the internet without need of any specialized equipment or
software beyond a web browser.
The Vessel Traffic Control Subsystem is near completion and is operating at the
NAWCAD, Patuxent River, MD. It is currently supporting the F-18E/F test program.
Radar processors (target extractors) have been installed on the NAWC-AD radars and
integrated into a single display console which are located next to the old radar displays for
comparison and performance analysis. Display performance of the Vessel Traffic Control
Subsystem far exceeds that of the VTS systems installed by NAWCAD for the Coast
Guard. . Table 1 indicates the performance gains accomplished with the VTMS
architecture over the VTS system, and lists the test conditions under which performance
was compared. While the VTS is able to refresh the radar image display every third scan
or once every nine seconds, the VTMS update the image every scan, a three to one
increase in performance. Test of the VTMS hardware and software have been conducted
with a combination of 2000 real and simulated targets which are updated at a rate of five
times per second, far faster than would be required in actual use which was not achievable
with the previous system.

Table 1. System Performance Comparison
Vessel Traffic Service
System

Vessel Traffic
Management System

Radar Image Update Rate

9 seconds

3 seconds

Track Icon Update

6 seconds

3 seconds

Radar Image Latency
(remote site to display
screen)

15 seconds

< 7 seconds

Marginal
(with failures)

Acceptable
(with no failures)

Three Workstations
(HP-755 and Modcomp)

One Personal Computer
(Pentium Pro)

Parameter

System Responsiveness
to Operator Input
Computer Platforms
Required

Test Conditions:
Six Chart Windows Open (three per screen)
Ten Radar Images Distributed Among the Chart Windows
Total of 100 Tracks in System
Track Icons Display Course Vector
Radar Images Received from Remote Sites at Three Second Intervals
(recorded data from VTS New York; images unmasked)
Track Reports Received from Remote Sites at Three Second Rate (simulated tracks)

FUTURE APPLICATIONS
The Vessel Traffic Management System has demonstrated the capabilities to track radar
generated targets as well as GPS instrument vessels in a range safety application; NUWC
Division Keyport, WA, and Vandenberg AFB are reviewing proposals and cost estimates
for similar installations. Features of the VTMS are also applicable to the monitoring of
ports and harbors as currently provided by the Coast Guard. The Coast Guard is soliciting
to acquire hardware and software to provide Vessel Traffic Services for the Port of New
Orleans. In addition to this application, VTMS is also suited for other similar use such as
the Panama Canal where a mix of instrumented vessels which shuttle pilots from ship to
ship, uninstrumented ships at anchor, and portable display instrumented ships are tracked.
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Abstract
The growing need to transmit larger telemetry streams from the receiving site to the
processor location over greater distances is requiring newer and more creative techniques.
This paper reports efforts to use Asynchronous Transfer Mode (ATM) technology and
inverse multiplexing to provide an economical system to interface telemetry streams into
the public network for reliable transmission. Cost savings are available immediately for
programs that are willing to meet the synchronization criteria today. Lab testing has shown
the feasibility of using cost efficient techniques for data transmission.
This document describes the investigation that is currently underway that could provide a
significant change to the way telemetry data is transmitted from receiver sites to data
processing sites. Instead of using dedicated lines with dedicated bandwidth regardless of
the program being supported, the approach that has been tested in a lab environment would
allow the dynamic allocation of bandwidth using ATM over a variety of carrier services.
The combination of ATM and inverse multiplexing allows telemetry data rates above 1.5
Megabits per second (Mbps) to be transmitted over multiple T1 (1.544 Mbps) lines.
Previously, the only choice when data rates exceeded 1.5 Mbps was to use an entire DS-3
(45 Mbps). Now it is possible to transmit intermediate sized data rates (1.5 to 8 Mbps) by
bonding multiple T1s to provide the desired data throughput.
Keywords
ATM, Telemetry, Inverse Multiplexing, Flight Test
Introduction
The current trend in the flight test community is moving away from centralized testing into
an extended range concept. Several reasons contribute to this changing environment.
Unmanned Aerial Vehicles (UAVs) require large geographic areas to conduct high

endurance testing and new weapons programs require specialized ranges and range
instrumentation. At the same time the test areas increase in size, the telemetry bandwidths
increase in rate due to advances in avionics and aerostructures. The cost of the programs is
partly driven by getting the data to the engineers as efficiently as possible. As the data
rates surpass the T1 data rates, the next available service from the Public Telephone
Network is T3 (45 Mbps) which is typically cost prohibitive.
This paper describes efforts to investigate efficient methods of transmitting data through
the Public Telephone Network to meet the extended range higher bandwidth transmission
requirements. Also included in this paper is the role of Asynchronous Transfer Mode ATM
in the flight test range environment.
Background
In an effort to meet the extended range requirements, alternatives are being investigated to
move telemetry data of bandwidths in the 2-10 Mbps over large distances. Historically,
telemetry streams have been distributed in local configurations without regard to wasted
bandwidth. For instance, some of the smart multiplexers available today will transmit up to
eight telemetry data streams over a T3. If only one stream, at say 2 Mbps, is required, then
43 of the 45 Mbps is not being used to carry useful data.
More than one test program has been forced to modify their test program because of the
prohibitive cost of moving data between multiple ranges. The only available solution was
to connect a T3 between the ranges and pay high monthly fees for the service. More
affordable solutions are required to expand test capabilities of both open air and modeling
and simulation testing.
Several of the requirements that must be addressed when designing a range telemetry
communications system include:
•
•
•
•

System timing
Interfaces
Latency
Security

The predominant issue with moving telemetry data over the public phone company is
adopting a non-standard communications technique to a heavily standards based
communications system. Telemetry packages are generated using basic rules called out by
Inter-Range Instrumentation Group (IRIG) guidelines and then left to the creativity of the
individual instrumentation engineer to generate the data stream. The International

Telecommunications Union (ITU) is the governing body of telecommunication standards
which are strictly adhered to in the public telephony services.
This paper addresses two tests using Commercial-Off-The-Shelf (COTS) equipment to
determine the feasibility of more efficient data transmission techniques. The two tests use
ATM and inverse multiplexing technology. The ATM technology was selected as the
technology of choice due to the overwhelming support of the commercial market and the
advantages of the technology in sharing bandwidth.
ATM Test
Between March and May 1997, GTE provided an OC-3c (155 Mbps) connection between
Edwards AFB and NAWC-WD, China Lake and two Newbridge ATM switches for the
purpose of evaluation. The testing (shown in Figure 1) included the following signal types:
•
•
•
•
•
•

Video
Voice
Time Space Position Information (TSPI)
Timing
Telemetry
Ethernet

Four separate tests were run using ATM for four different types of interfaces: T1 Circuit
Emulation, Video, Network, and Telemetry. For the sake of brevity only the TM tests are
discussed here. Two TM tests were planned: one through a DS-3 smart multiplexer and the
other TM to ATM direct. DS-3 circuit emulation cards were not available so only the TM
to ATM discussion is presented.
Telemetry to ATM Direct
Two ADC Kentrox ATM Access Concentrators - 3 (AAC-3) were borrowed to test the
direct translation of telemetry to ATM. The AAC-3 was connected through a T3 User
Network Interface (UNI) card in the Newbridge switch. Two test approaches were used
during this test: BERT and tape playback. Two types of tests were conducted using the
BERT. First running the BERTs with independent clocks, then using a “manual” clock
correction.

Figure 1 - Test Configuration for ATM Test

BERT with independent clocks
This test was to determine the performance of the ATM system to manage two
independent clocks at the receive and transmit interfaces. Two Firebird 6000A BERTs
were used to generate and receive data at equal rates and known pattern (Quasi-Random
Signal Source [QRSS] was used). The AAC-3 has two timing modes on its RS-530
interface, system clocking which only provides standard telecom data rates and port
clocking which provides for any data rate – as long as the clocks are synchronous. The
BERTs were both set to run using internal clocks and the AAC-3s were set to port
clocking.
Running the BERTs at various rates, the port speed limit of the AAC-3 was found to be
between 4.2 and 4.5 Mbps. When the network elements are not synchronized and the
BERTs are free running (simulating telemetry), pattern resynchronizations occur regularly.
Tests were performed at three different data rates 1, 2, and 3.8 Mbps. The following table
summarizes the results:

Data Rate Start Time Stop Time

3.8 Mbps
2 Mbps
1 Mbps

14:39:45
7-Apr-97
12:43:33
4-Apr-97
14:09:52
8-Apr-97

6:26:25
8-Apr-97
5:41:49
7-Apr-97
5:21:08
9-Apr-97

Time
between
Losses
Average
0:04:59

Time
between Number of
Losses
Losses
Std Dev
0:00:04

189

0:09:31

0:02:11

402

0:20:16

0:03:47

44

Table 1 - BERT Test Results for Various Data Rates, with Independent Clocks
The probable explanation for the resynchronization is the AAC-3 output buffer. This
output buffer tries to run at about half full. Since the clocks are different rates, the buffer is
constantly filling or emptying based on the clock relationship. When a limit of the buffer is
reached, the buffer resets to the center, causing a loss of data and a momentary drop in
data. When the buffer is reset to half, the data is output again and the BERTs
resynchronize.
BERT with clock correction
The purpose of this test is to control the clock on the receive end of the circuit to emulate a
telemetry transmission system. This configuration provides for a free running clock (in an
aircraft instrumentation package) transmitting a serial data stream through a transmission
system to the processors. By controlling the clock at the receive end, a corrected timing
signal can be provided to the AAC-3 to gate the data out at a rate much closer to the initial
clock rate, therefore keeping the receive buffer from overflowing or underflowing.
To complete this test, a measurement must first be made to determine the frequency offset
of the two BERTs (or transmitter and receiver in a telemetry scenario). In practice,
comparing the telemetry output rate to a rate traceable to Universal Time
Coordinated/Global Positioning System (UTC/GPS) could do this. By knowing the offset,
it is possible to drive the output of the AAC-3 at the rate required to keep the buffer from
overflowing or underflowing.
The measurement in this case was done between the two BERTs. The “telemetry
transmitter” BERT was set to internal timing while the “telemetry receiver” BERT was
externally timed from the first. In this configuration, the ATM circuit appeared to run error
free (as expected). The “telemetry receiver” BERT displayed the “receive frequency”
compared to its internal oscillator, in this case it was 3 Hertz (Hz) over the test data rate
(4.2 Mbps). An external frequency generator was then connected to the “telemetry
receiver” BERT to adjust the clock to use the previously recorded frequency offset. In

practice, the transmitter data rate should be compared to a very accurate reference at the
“transmitting site” and a very accurate reference (i.e., GPS) used for the correction at the
“receiving site.”
TIMED
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Figure 2 - Test Equipment Printout after Test Run with Clock Reconstruction
Figure 2 shows a timed print from the receiving test set at the end of the test period. The
test duration was 16 hours using the "Elapsed Seconds" field of 57,600 seconds. Notice
that four pattern losses occurred and two data losses. This was due to two separate sync
losses that occurred at 19:38 and 2:48 during the test period. This indicates the frequencies
were offset slightly and a sync loss would probably occur every 7 hours or so.
This test supports the theory that the sync loss in the free running scenario is due to
frequency offset rather than clock drift between the transmitting and receiving end of the
ATM network. The ATM receive buffer will compensate for frequency drift around a
center frequency or small change in magnitude over a given time period.
The results of this test were successful. This link ran error free for over 6 hours. This
equates to an average bit error rate (BER) better than 10-10. These results are good enough
to support the telemetry requirements of the flight test community. The next step is to
integrate bit synchronizers and provide an end-to-end capability between China Lake and
Edwards.
Telemetry Tape Playback
After the BERT testing was completed, an attempt to run telemetry data through the
system was attempted. An F-16 baseline tape was used to run data from a recorder to a bit
synchronizer feeding the AAC-3. Figure 3 shows the test configuration. The test was cut
short fairly quickly when the output from the tape recorder was found to drift several
hundred Hz. The data rate of the test tape was 256 kbps. When measured on

test equipment, the frequency was
found to drift from 255,500 to 255,900
Hz. The whole concept of
reconstructing the clock externally is
based on a stable reference (within a
few Hz, worst case). This test setup did
not work when transmitted through the
ATM network. However, the decom
directly connected to the output of the
tape recorder kept frame sync without a
problem. The decom was displaying a
Figure 3 – Test Configuration for Telemetry
received frequency that was also
Playback from Tape
changing several hundred Hz. This
indicates that any solution for this transmission problem must meet the IRIG 106-96
specifications for clock stability.
Inverse Multiplexing
Inverse multiplexing is a technique in which larger data streams are intentionally fit into
smaller data paths for error free transmission. A prime example of this is the use of Nx64
data channels for the extension of data through T1 multiplexers. In a telemetry world,
where data streams are much wider, the need for bonding multiple T1s is required for a
wide enough path to contain all of the data.
Several companies are currently shipping T1 inverse multiplexers, but several restrictions
must be met. The typical interface to the inverse multiplexer is a High Speed Serial
Interface (HSSI). The second restriction is the use of fixed data channel widths. To use the
inverse muxes, the data must be an exact multiple of 1.528, for instance. This solution is
not acceptable for a telemetry engineer who is responding to the needs of a customer and
considering other factors for the optimization of the telemetry data cycle. Under these
circumstances another solution is required, such as a device in front of the inverse mux to
provide the required input. One solution that was lab tested is described below.
ATM Data Service Unit
Verilink Corporation, who also manufactures a T1 inverse multiplexer, has a solution to
this interface problem with an ATM Data Service Unit (DSU). This DSU is designed to
input/output a HSSI interface, perform the Segmentation and Reassembly (SAR) function
and transmit the ATM cells onto a T3. The HSSI is capable of handling variable rates
based on the clock input. One integration issue was to change the HSSI interface into a

Transistor to Transistor Logic (TTL) interface and output the T3 to a HSSI interface for
the inverse mux.
Integrated Solution
The two technologies (ATM and
Inverse Multiplexing) were integrated
in a lab test set to simulate a telemetry
stream in a lab environment as shown
in Figure 4. The test was arranged in
the Verilink engineering lab to see if
the required interfaces could be
supported. Verilink engineers bypassed
the HSSI interface to an existing internal
Figure 4 - Test configuration using ATM TTL interface and output the T3 to the
DSU and Inverse Multiplexer
HSSI interface required for the inverse
mux. An additional card was required
(Phy card in Figure 4) to convert the ATM on the T3 to HSSI. The test was a success. The
same clock anomaly as described above was encountered. When a common clock was
used to synchronize the transmit and receive equipment, the system worked at better than
10-9 BER.
During the test, data was successfully transmitted at 128 kbps to 4 Mbps. When data was
attempted at 5 Mbps, data dropouts were noticed. These dropouts were expected because
of the associated overhead required in this configuration. The overhead required for this
system is about 30 percent: ATM has an overhead requirement of about 10 percent, T3
framing of about 1 percent, Physical Layer Convergence Protocol (PLCP) overhead of
about 7 percent and an additional 9 percent for cyclic redundancy check (CRC)
(1.1x1.01x1.07x1.09=1.29=29 percent overhead). It is possible to reduce the overhead.
The overhead for the PLCP and the CRC are the areas where this overhead improvement
would be realized. The trade-off for reduced overhead is additional latency.
The other issue of primary interest is the latency induced into the system by the
transmission system. A buffer in the transmit and receive DSU causes the latency to be
dependent on the rate of the input stream. The transmitting ATM DSU delays the signal by
480 bytes (~2 msec at 2 Mbps). The receiving DSU has a First-In-First-Out (FIFO) buffer
to accommodate Cell Delay Variation (CDV) that is expected in ATM networks. The
CDV is a product of ATM being a cell based protocol that allows shared usage of
transmission lines which may have time gaps between cells and cells intended for different
ports interleaved. The receive DSU maintains a 128 kilobyte FIFO to overcome the effects
of CDV and overcome the effects of minor variations in the clock rate. The delay at

2 Mbps for this buffer is theoretically 512
msec. The delay for each inverse
multiplexer is 30 msec. For a 2 Mbps data
stream the total latency induced by the
transmission equipment in Figure 4 is 574
msec, not including the transmission delay.
Inverse multiplexers provide solutions to
several types of range communications
scenarios. Two implementations can be
considered when integrating ATM in the
range environment: upgrade existing
systems and support of new projects. For
instance, to support new missions
between Hill AFB in Utah and Edwards AFB of moderate bandwidth (2-8 Mbps), inverse
multiplexing is likely to be the most cost-effective approach. Figure 5 shows the
architecture.
Figure 5 - Architecture for Inverse
Multiplexing between UTTR and Edwards

The alternative to inverse multiplexing is leasing an entire T3. The cost of the end
equipment required to move data over multiple T1s, when developed, is expected to be
less than the cost of equipment to move multiple streams over a T3. For carrier service in
this particular case, estimates for the 5 T1 lines is $11,615 for setup charge and $16,055
monthly charge. The T3 cost is estimated at $9,930 setup charge and $30,324 monthly
charge. The savings are $12,584 the first month and $14,269 every month thereafter.
The second scenario is to upgrade existing systems such as the communication path
between Edwards AFB and Vandenberg AFB called “West DATS” (Data Transmission
System). This system is being augmented for a channelized T-3 capability. As inputs to the
M13 multiplexer, it is possible to input several channels for inverse multiplexed telemetry
as shown in Figure 6. This provides a better utilization of bandwidth by not limiting the
number of channels to eight, a typical number for multiplexers providing isochronous
capability over a T3.
A more efficient solution than inverse multiplexing is the direct connection of T-3 UNI at
the two ends of West DATS as shown in Figure 7. Using a T-3 UNI allows the users to
manage the system based on bandwidth instead of channels.

Figure 6 - West DATS Architecture Using Inverse Multiplexing and
M13 Multiplexers

Figure 7 - West DATS Architecture Using ATM Network

Conclusions
ATM has a place in the flight test community, but several problems must still be resolved.
The ability to simultaneously transport multiple types of data over a single link and manage
the bandwidth instead of channels provides a flexibility that currently does not exist. Using
ATM allows the user to trade off quality of service versus number of circuits. For instance,
instead of running video at 40 Mbps, the user may tradeoff quality of video, say at 20
Mbps, and add a network connection of 10 Mbps and two telemetry streams near 5 Mbps.
The only known problem for ATM integration into the flight test range environment is the
clock reconstruction issue. Several solutions are possible. The ideal solution is for access
equipment into an ATM network for telemetry that would perform clock reconstruction.
The outputs of this end equipment might be selectable between a T-3 UNI and a T1
inverse multiplexer. Real-time support could be supported today provided the clock
stability driving the instrumentation package is stable enough. To ensure this stability,
slaving the instrumentation clock source to GPS is recommended. By slaving the clock
source to GPS, the manual reconstruction issue may disappear allowing a GPS
synchronized clock source to drive the output of the AAC-3 (in the case of this test).
A Small Business Innovative Research topic has been submitted by the Air Force Flight
Test Center to investigate ATM access equipment capable of performing clock
reconstruction. In addition to clock reconstruction, the end equipment should support
multiple data streams, inverse multiplexing, and T-3 UNI interfaces.
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ABSTRACT
A spacecraft complying with the CCSDS Packet Telemetry standard generates telemetry
data as a stream of packets. Generally, each packet has different requirements for data
transfer characteristics (such as delay and reliability). These requirements are called
Quality of Service (QoS) requirements. This paper proposes an extension to the CCSDS
Packet Telemetry standard to specify QoS requirements of each packet. The method
proposed in this paper is to associate with each packet (1) a level of delay tolerance and
(2) a level of loss tolerance. This paper shows how packets should be handled based on
this QoS information, and demonstrates that most of the QoS requirements for telemetry
data transfer can be met by using this information. This paper also addresses some topics
for future investigations.
KEY WORDS
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INTRODUCTION
The Packet Telemetry standard ([1] and [2]) developed by the Consultative Committee for
Space Data Systems (CCSDS) has been used by many spacecraft for sending telemetry
data to the ground. It provides users with flexible telemetry transport services using a
standard data unit known as the CCSDS packet. Spacecraft payloads generate telemetry
data as a stream of CCSDS packets. Generally, each packet has different requirements for
data transfer characteristics. For example, housekeeping data should be transferred with a
minimum delay but can tolerate occasional data losses. Memory data cannot tolerate any
loss of data but usually tolerate some delay. These kinds of requirements are called Quality
of Service (QoS) requirements.
This paper proposes an extension to the CCSDS Packet Telemetry standard to specify
QoS requirements of each packet. In ground computer networks, QoS requirements of a

packet are usually translated into a priority of the packet, and its value is included in the
packet header. The priority value of packets is used to determine which packets should be
transferred first and which packets should be discarded from a buffer when the buffer
becomes full. With this method, a high priority packet is transferred with a smaller delay
and a smaller probability of loss. For transferring telemetry data, however, this strategy is
not always sufficient because the tolerance to delay does not always coincide with the
tolerance to loss. The solution proposed in this paper is to associate with each packet (1) a
level of delay tolerance and (2) a level of loss tolerance. This QoS information is included
in the secondary header of the packet or in a portion of the Application Process ID field of
the primary header of the packet. This paper shows how packets should be handled based
on this QoS information, and demonstrates that most of the QoS requirements for
telemetry data transfer can be met by using this information in the packet header. This
paper also addresses some topics for future investigations.
QUALITY OF SERVICE REQUIREMENTS FOR TELEMETRY
DATA TRANSFER
In a spacecraft complying with the CCSDS Packet Telemetry standard ([1] and [2]),
onboard payloads generate telemetry data as a stream of CCSDS packets. A packet
generally corresponds to a set of data which should be handled by an application program
as a single unit. Typically, a packet contains a set of sampled data measured at an instance,
(a portion of) an image, or (a portion of) a file. A packet is identified by an APID
(Application Process ID) and a sequence count, which are contained in the primary header
of the packet. An APID identifies an application process onboard the spacecraft.
Packets generated by payloads are collected by the central data handling system (CDHS)
of the spacecraft (see Figure 1). The CDHS transmits the collected packets to a ground
station (GS), or stores them for transmission to a ground station at a later time. When the
CDHS transmits packets to a ground station, it multiplexes packets received from payloads
according to a prescribed algorithm, and generates a stream of transfer frames. The CDHS
may generate multiple streams of transfer frames (each of these streams is called a virtual
channel or VC) and multiplex them into a single stream of transfer frames to be transmitted
to a ground station. At the ground station, packets received from the spacecraft are either
delivered to the user (typically the control center of the spacecraft) in real-time or stored in
a temporary storage device and delivered to the user at a later time to save the bandwidth
of the ground network.

Figure 1 – Typical spacecraft data system configuration
Each packet has different transfer requirements in traversing the data system of Figure 1.
For example, packets containing housekeeping (HK) data should be transferred from the
payload to the control center with a minimum delay but can tolerate occasional data losses.
Packets containing computer data cannot tolerate any loss of data but usually tolerate some
delay. These kinds of requirements are called Quality of Service (QoS) requirements.
In the field of computer networks, engineers are developing communication protocols
which can meet various QoS requirements primarily for supporting multimedia
communications. The most common method to date for specifying the QoS requirements
of a packet in computer networks is to use a priority field in the packet header [3]. The
value of the priority field of a packet shows how important the packet is. This field is used
by the network to determine which packets in a buffer should be processed first and which
packets should be discarded when a buffer becomes full. With this method, a high priority
packet is transferred across the network with a smaller delay and a smaller probability of
loss than a low priority packet.
For transferring telemetry data from the payload to the ground user, however, a simple
priority is not sufficient in many cases because the tolerance to delay of a packet does not
always coincide with the tolerance to loss of the packet. For example, HK packets should
be transmitted with a minimum delay when they are used to control the spacecraft in realtime, but occasional losses of HK packets are usually tolerated because HK data has some
redundancy. Therefore, HK packets have a low level of tolerance to delay and a high level
of tolerance to loss.
Most of the QoS requirements of telemetry packets can be expressed with the combination
of delay tolerance and loss tolerance. Some examples of QoS requirements of telemetry
packets are shown in Table 1. As explained above, HK packets have a low level of
tolerance to delay and a high level of tolerance to loss. Packets containing messages or

reports generated by payloads or subsystems (e.g., operation logs, event notification
messages, anomaly reports, etc.) must be transferred to the ground user as quickly as
possible, and any loss of such packets is not allowed. Therefore, these packets have a low
level of tolerance to delay and a low level of tolerance to loss. Science data obtained from
a once-in-a-lifetime observation (e.g., a comet flyby) cannot be lost, but may tolerate some
delay. Such packets have a high level of tolerance to delay and a low level of tolerance to
loss. On the other hand, science data obtained from a routine observation may be lost if
redoing the observation is not difficult. Such packets have a low level of tolerance to delay
and a low level of tolerance to loss.
Table 1 – Examples of QoS requirements
Low Loss Tolerance
High Loss Tolerance
Low Delay Tolerance Messages, Reports
Housekeeping (HK) data
High Delay Tolerance Once-in-a-lifetime science data Routine science data
Memory data
Each of the QoS parameters of Table 1has only two levels (i.e. low and high) and there are
only four QoS categories. However, to meet QoS requirements more flexibly, more levels
(e.g., 8 or 16) may be required for each parameter.
AN EXTENSION TO THE CCSDS PACKET TO SPECIFY QOS PARAMETERS
Various QoS requirements of telemetry data are met by using the capability of virtual
channels. In most implementations, each virtual channel is assigned a priority level or a
minimum bandwidth, and high priority packets are inserted into virtual channels with high
priory or large minimum bandwidths. A transfer frame of the virtual channel with the
highest priority is transmitted first when multiple frames are ready to be transmitted.
Mapping between packets and virtual channels are usually static and a virtual channel is
assigned to a payload, a group of payloads or a data recorder. In this case, priority is
statically assigned to payloads and data recorders.
This paper proposes to associate with each packet the QoS parameters described in the
previous section and to include them either (1) in the secondary header of the packet, or
(2) in a portion of the APID field of the packet. Figure 1 shows an example of the first
case and Figure 2 shows an example of the second case.

Figure 1 - Inclusion of QoS parameters in the secondary header (example)

Figure 2 - Inclusion of QoS parameters in the APID field (example)
The delay tolerance parameter indicates how much delay the packet can tolerate and is
used as a priority level when packets are multiplexed to be transmitted to the ground.
Packets with low delay tolerance are transmitted by virtual channels with high priority. In
this way, when a large packet with a high delay tolerance is being transmitted, a packet
with a low delay tolerance can be inserted in the middle of the large packet using a high
priority virtual channel. The delay tolerance parameter can also be used at a ground station
for selecting packets which should be transferred to the user in real-time if the bandwidth
of the network from the ground station to the user is smaller than the bandwidth of the
downlink from the spacecraft.
The loss tolerance parameter indicates how reliably the packet should be transferred and
used to determine which packets should be discarded from a buffer when the buffer is full.
This parameter is also used for discarding packets from a data recorder when the data
recorder is full. (It is assumed in this paper that the data recorder stores packets instead of
frames.) When packets are read out from a data recorder to be transmitted to the ground,
the order of read out is determined by a combination of the delay and loss parameters of
packets. An example is (1) first read out packets with low delay tolerance and low loss
tolerance, (2) then read out packets with low delay tolerance and high loss tolerance, and
so on. The loss tolerance parameter is not for guaranteeing that a packet is never lost
during transfer. That kind of guarantee should be achieved with a protocol with a
retransmission capability, which is not discussed in this paper.

The benefit gained by specifying QoS parameters for each packet is that the application
process can determine the QoS requirements for each packet based on the current status of
the application process. For example, when a subsystem is in a stable condition, the
housekeeping data of the subsystem is not significant. When a subsystem is detecting an
anomaly or something unusual, however, the housekeeping data of that period is important.
Therefore, by specifying QoS parameters for each packet and by using the QoS parameters
of packets for multiplexing packets and for managing onboard data recorders, the
downlink (return link) bandwidth and onboard storage capacity can be utilized more
efficiently, and spacecraft operations on the ground can be performed more efficiently.
If the secondary header is used for carrying the QoS parameters and if an application
process generates packets with the same APID and different QoS parameters, the order of
packet generation may not agree with the order of packet delivery. Since the sequence
count field of packets, which should be incremented continuously, is used for detecting
missing packets, capability for detecting missing packets at some points of the data system
may not work properly or may have to be modified in this case.
FUTURE WORK
There are some variants of the method proposed in this paper, and comparison among
variants should be made. This paper proposed to express QoS requirements of each packet
with two parameters (delay tolerance and loss tolerance), but more parameters may be
required to specify QoS requirements more precisely. Or, it may be more useful if QoS
requirements are specified by QoS types instead of specific parameters like delay tolerance
and loss tolerance. How to handle packets of each QoS type will be specified by a
descriptive algorithm and programmed into the CDHS of the spacecraft.
A possible extension to this proposal is a method for dynamically reserving resources such
as downlink bandwidth and data recorder capacity. When a payload detects something
important and wants to quickly transmit a certain amount of data to the ground or reliably
store a certain amount of data in the central data recorder of the spacecraft, such a method
may be useful. In the Internet community, a protocol for reserving resources is being
studied [4].
Another point which should be considered about this proposal is whether this should be a
CCSDS standard. When a spacecraft carries payloads of multiple organizations, such a
standard will facilitate development of the spacecraft and payloads. When ground
networks of multiple space agencies are connected, such a standard will facilitate timely
transfer of packets through the entire network.

This study is still at a preliminary stage, and the topics described above will be
investigated in the near future.
CONCLUSION
This paper proposed an extension to the CCSDS Packet Telemetry standard to specify
QoS requirements of each packet. The method proposed in this paper is to associate with
each packet (1) a level of delay tolerance and (2) a level of loss tolerance. This paper
showed how packets should be handled based on this QoS information, and demonstrated
that most of the QoS requirements for telemetry data transfer can be met by using this
information. ISAS is doing investigations for applying this method to future deep space
missions to achieve efficient usage of the downlink bandwidth and onboard storage
capacity.
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ABSTRACT
A multiplexer / demultiplexer design suitable to a wide range of input data types and link
formats is presented. Based on the Consultative Committee on Space Data Systems
(CCSDS) recommendations for Packet Telemetry, the design translates the prescribed
layered architecture into a modular, layered hardware implementation. The design
approach minimizes hardware yielding increased reliability and decreased product cost
while retaining a high degree of flexibility. This implementation can be applied to flight
data acquisition (direct transmission to the ground or recorded), ground data collection
(including multi-stream record systems) and inter-range communications.
The use of an internationally recognized standard promotes inter-service interoperability
and facilitates data handling/routing throughout a wide community.
KEYWORDS
Multiplexer, Demultiplexer, CCSDS Packet Telemetry
INTRODUCTION
The MUX/DEMUX design proceeded from the following design goals:
Input Signal: The basic architecture must not prohibit data types of the following, and
ideally should decouple the input data acquisition from the MUX process as much as
possible.
PCM, Data & Clock
Time Code Signals
1553 Data

Asynchronous Command & Status Data
Packetized Data
Communication links ('T carriers')
FM and FM multiplex data
Multiplexed (trunk) I/O: To cover the range of anticipated applications, the
MUX/DEMUX multiplexed link should be able to accommodate:
Serial Data and Clock (for Helical Scan Tape recorders, RF Links, direct & optic links)
Parallel Formats (proprietary tape recorders & direct computer ingest)
SCSI (permits lower cost tape backup systems to be used as high speed recorder)
'T carrier' for communications links.
Operational Considerations:
The unit should require an absolute minimum of operator premission setup. For
example: PCM data: NO knowledge of the input format should be required except for
the maximum bit rate in order to calculate the multiplexed link rate required.
The unit's data buffering should not incur excessive throughput delays
The demultiplexed output must be a faithful reproduction of the input, not gated high
speed bursts or other anomalous characteristics.
The ability to incorporate special techniques at the channel level should be retained,
such as format conversion or data compression.
As will be seen, all of these goals were met within the recommendations of the referenced
CCSDS documents.
WHAT PARTS OF CCSDS RECOMMENDATIONS APPLY?
Examination of the CCSDS Recommendation identified Packetized Telemetry as the basis
for a MUX/DEMUX design. Within the Packet Telemetry Services, a layered approach is
presented in Figure 1. [1] Each layer's implementation is independent of the next within the

restriction that the input and output Data Units must conform to the Recommendations.
The Data Sources can be generalized to include not only a particular sensor but also an
entire PCM stream for example. Thus the recommendation does not restrict and in fact is
independent of input format types. Along with the layers a variety of services are defined
that make use of various capabilities of the Data Units available at each layer. [2] Within
the bounds of the anticipated applications, many of these services are not required and
their non-use substantially reduces the hardware implementation complexity.
SPACE TRANSFER LAYER - The Packet Transfer Service transfers a sequence of
variable length SOURCE PACKETS from a source application to a sink / destination.
Each input channel must therefore be converted into a SOURCE PACKET at the MUX
site, and depacketized into its original format at the demux. The SOURCE PACKET may
actually be dynamically variable in length, which also greatly facilitates the task at hand.
This 'Packetizing' consists simply of converting the input data to a stream of 8 bit 'octets'
with a 6 byte header attached.
VIRTUAL CHANNEL ACCESS LAYER - At the Virtual Channel Frame Service
TRANSFER FRAMES are moved over a MASTER CHANNEL from source to
destination. These TRANSFER FRAMES can implement VIRTUAL CHANNELS which
are sets of SOURCE PACKETS grouped together typically by data rates. However, due to
the Buffer Service being selected, this is not required and only one VIRTUAL CHANNEL
is implemented.
CHANNEL ACCESS LAYER - Physical Access Service: A constant rate stream of fixed
length TRANSFER FRAMES is implemented. This synchronous data transfer allows the
widest possible use of the MUX/DEMUX equipment.
PHYSICAL ACCESS LAYER - Physical Access Service: This service provides the MUX
to DEMUX lowest level, bit transport. Again, it's the ability to move TRANSFER
FRAMES across RF, hardwire, optic, recorders and communications links which provide
the required flexibility.
Within this overall approach, the BUFFERED SERVICE provides another key ingredient
to the MUX/DEMUX design. "The distinctive feature of buffered service, which is
essentially time-division multiplexing, is that the timing of data transfer is driven by the
service provider, not the user" [highlight added]. [3] In the APOGEE LABS Multiplexer,
the TRANSFER FRAME GENERATOR transfers the data from the SOURCE PACKET
generators at a fixed Sample Interval and in a fixed sequence. The Sample Interval (SI) is
precisely eight transfer frames in duration. At the beginning o each SI, the SOURCE
PACKET generators are sequentially emptied of the data accumulated during the previous
SI.Therefore, in the case of PCM data inputs, the SOURCE PACKET lengths will vary in

direct proportion to the data bit rate: higher data rates providing more data per SI. It can
now be seen that at the DEMUX, clock reconstruction has been simplified: by knowing
how many octets were received in the fixed interval of time (the SI), the output bit rate can
be easily calculated. An important operating feature has been implemented: no operator
input of the nominal channel rate is required. The output will simply follow the input over
the ENTIRE operating range of each channel. The user need only insure sufficient link
bandwidth to account for the combined source data and packet headers.
Definition of the SOURCE PACKETS and TRANSFER FRAME structures and their use
to implement the various services is contained in reference [4]. The TELEMETRY
CHANNEL CODING [5] is used only to the extent of adding an ATTACHED SYNC
MARKER. This facilitates the CHANNEL ACCESS and PHYSICAL ACCESS layer
operations. Other provisions such as convolutional coding, Reed-Solomon coding, and
randomizing are not implemented as these are typically found in the tape recorders and
communications circuits.
HOW TO KEEP IT SIMPLE
Figure 2 illustrates the FUNCTION / DATA UNIT layers resulting from the forgoing
discussion as applied to the Multiplex function. All inputs are now converted to SOURCE
PACKETS and placed into one VIRTUAL CHANNEL.The result is that the MASTER
CHANNEL and VIRTUAL CHANNEL Multiplex layers are effectively merged as denoted
by the dashed outline. Since the master channel is transferring Source Packets on a regular
basis, it has essentially established a sample interval which aids in the Source Packet
generation and subsequent data reconstruction.
Figure 3 illustrates the implementation of the multiplex process, ignoring the unit’s front panel
control processor and other auxiliary formats. Each input feeds on FPGA device and RAM
which implements the channel data buffer and Source Packet generator. These are connected
by a Data Collector Bus (DC Bus) to the packetizer chip which establishes the sample
interval, generates the synchronous stream of transfer frames and fills those frames with
Source Packets or fill data if insufficient channel data is available to fill out the 8 transfer
frames.
The demultiplex function is implemented as a mirror, with the addition of a Direct Digital
Synthesizer (DDS) for each PCM output Channel as Figure 4 shows. As the demultiplexed
source packets are routed to the output channels, a microprocessor examines the packet length
and buffer status for each channel and accordingly controls the DDS Bit clock frequencies.
Because the DDS makes phase continuous frequency changes, variations over the entire
usable channel rate are accommodated with high resolution and without “holes” or band edges
to contend with.

The ability to implement Source Packet generation and subsequent data reconstruction with
such a small amount of hardware derives from the resulting simplicity of the sources selected.
As shown in Figure 3-1 located on page 3-1 of the CCSDS 102-B-4 Blue Book November
1995, only three of the seven header fields contain data which is changed. Version number,
type indicators and the flag bits are all hard coded.
In a similar fashion, Figure 5-1 located on page 5-2 of the CCSDS 102.0-B-4 November 1995
Book shows that only three of the eleven fields are variable in the transfer frame and the two
frame counts can actually use the same counter since only a single virtual channel is placed
within the master channel).
IMPLEMENTATION RESULTS
SIMPLICITY OF CONTROL: Control of the MUX section requires only the composite (link
or trunk) rate to be selected. This should be set to account for the overhead bits and combined
data rates.
Control of the DEMUX section requires only the composite rate to be specified and the active
input to be selected (local loopback or the appropriate line input).
In the case where Source Packet generation includes more complex operations such as an
Analog to Digital converter, these of course will require their own unique setup. It is important
to note, however, that only the resulting data rate need be taken into account when controlling
the basic MUX function. For example, there are no commutation tables. The data is simply
moved from input to output. This decoupling of data source from data transport and MUX link
format is one of the great advantages of a packetized approach.
SIMPLICITY OF IMPLEMENTATION: As illustrated, the layered services are readily
translated into a modular, layered hardware implementation. A wide variety of input types and
link formats are thus possible by changing these respective modules. New modules are cost
effectively added due to the well defined environment developed. Future flexibility is certainly
retained. By designing a modular hardware MUX/DEMUX, it can be packaged into a variety
of configurations and applied to airborne, spaceborne, laboratory, communications and
recording systems.
By using the CCSDS recommended Packet Telemetry Format, data generated by an APOGEE
LABS Multiplexer can be Demultiplexed and processed using any vendor's CCSDS
compatible equipment. Multiplexer tape recordings, for example, can be ingested by a CCSDS
data stripper function for data collection and processing. Multiple mission formats are
therefore transparent to the record, communication and ingest functions.

OVERHEAD EXAMPLE
In the APOGEE LABS MUX/DEMUX unit, a sample interval is established as:
8 Transfer Frames = 1 Sample Interval
In a typical application where 5 data streams are multiplexed into a single output stream, the
overhead bits required would be:
8 Attached Sync Markers (32 bits each)
8 Transfer Frame Primary Headers (48 bits each)
8 Transfer Frame Error Control Fields (16 bits each)
5 Source Packet Headers (48 bits each)
1 Fill/IDLE Source packet (7 bytes minimum)
TOTAL OVERHEAD Bits:
Total Transmitted Bits:

256 bits
384 bits
128 bits
240 bits
56 bits
1064 bits (1.62%)
65536 bits

Thus for a composite output rate of 32.0 Mbps, approximately 31.3 Mbps is available. This
is consistent with empirical performance measurements of the unit.
LINK DELAY: End-to-end delay is comprised of two components:
1. Time to accumulate the input sample octed and subsequently output a byte of data:
Input Shift Register (1-8 bits)
Output Shift Register (1-8 bits)
4-5 bits of “pipelining”
TOTAL: 6-20 bits
2. Time to transmit a source packet from MUX to DEMUX:
Input Packet Transmit:
Receive Packet:
½ Buffer Delay:

65536 bits / Sample Interval
65536 bits / Sample Interval
32768 bits

TOTAL: 163,840 bits
3. For Example; @ 32 Mbs link and with 1 Mbs Channel data; the average 10 bits of data
will require 10 microseconds and the 163,840 bits will require 5.12 milliseconds.

CONCLUSIONS
It has been shown that the hardware realization of a high performance MUX/DEMUX system
using the CCSDS recommendations can be made very cost effective, while retaining the
distinctive features of a layered approach. Decoupling applications data collection from the
data transport mechanisms provides the ability to accommodate a wide range of data input
types as well as the MUX to DEMUX link.
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ABSTRACT
The Asynchronous Transfer Mode (ATM) Conversion Device (ACD) System is based on
state-of-the-art ATM technology. The system interfaces between high-rate ECL/RS-422
raw data bitstreams and Synchronous Optical Network (SONET) OC-3 fiber. The SONET
OC-3 interface uses ATM Adaptation Layer Type Five (AAL5) format.
The system exceeds its 50 Mbps raw data, single stream requirement and provides single
stream raw data throughput at rates up to 75 Mbps. With ATM and SONET packaging
overhead, this translates into 90 Mbps on the OC-3 fiber.
In addition to high-rate throughput, the system provides multiplexing and demultiplexing of
multiple stream throughput based on the ATM cell header Virtual Path and Virtual
Channel Identifier (VPI/VCI) values. The system is designed with the flexibility to provide
between three and six throughput channels. All of which are multiplexed/demultiplexed to
and from the same OC-3 interface. Multiple stream cumulative raw data throughput rates
of up to 80 Mbps, or 96 Mbps on the fiber, have successfully run.
KEY WORDS
Telemetry Processing, ATM, SONET OC-3C, AAL5 frames
INTRODUCTION
The Asynchronous Transfer Mode (ATM) Conversion Device (ACD) System is an
evaluation system for the NASA Communications (Nascom) division of Goddard Space
Flight Center (GSFC). The system is being examined as an option to replace high-cost
satellite links that transfer telemetry data between remote sites.
To provide more flexibility and lower communication costs, the ACD System was
developed as a terrestrial solution for high-rate data transmission between remote sites. It
provides a bi-directional interface between a serial data source and an ATM OC-3C

interface, which provides a line rate of 155.52 Mbps. ATM bandwidths can be purchased
on an as needed basis and also provide high-rate single stream capabilities.
The ACD System is a Versa Module Eurocard bus (VMEbus)-based system that integrates
commercial hardware with a custom designed board and custom application software. The
system includes multiple processors and the software runs in the VxWorks operating
environment. The system includes a Small Computer System Interface (SCSI) disk that
houses operational code and local set up files so that it can run stand alone, but the system
also includes a network interface that allows configuration files to transferred and the SCSI
disk to be mounted into an Ethernet environment.
To provide debug and control that is not dependent on a network, the ACD System can be
setup and monitored by a custom local operator interface. However, the system also
includes a Simple Network Management Protocol (SNMP) MIB II, which allows the user
to integrate system control and monitoring into a standard SNMP Operator Interface that
controls other network equipment. The system’s SNMP interface allows it to be remotely
operated via an Ethernet connection.
The design of the ACD System chassis and power supplies were customized to support the
prospective needs of NASCOM or similar applications. The system chassis is a standard
21” rack mountable chassis, but it houses two separate 10 slot VMEbus backplanes. The
split-backplane feature essentially allows two ACD Systems to be housed within the same
chassis, which reduces equipment space requirements for additional bandwidth. Also,
since the system’s most likely use is critical data transmissions, each ACD System runs off
redundant, hot-swappable power supplies.
THEORY OF OPERATION
Hardware Architecture
The ACD System card set is comprised of the following components:
(1) (one) MVME 167 32B/32M MCC
(2) (one) MVME 167 32B/32M ATM Controller Card
(3) (one) MM6290D 32M Memory Card
(4) (one) Interphase V/ATM 5215 Adapter Card
(5) (one or two) Custom-designed Serial Input/Output (SIO) Card(s)
(6) (one) Seagate SCSI Disk Module

All components interface via the VMEbus. Figure 1 illustrates the ACD System card set
architecture. Figure 2 illustrates two ACD System card sets installed in the same chassis
and each card set supported by redundant, hot-swappable power supplies.
System Functionality
Each ACD System card set is either transmitting ATM cells to the OC-3C interface or it is
receiving ATM cells from the OC-3 interface. Therefore, for simplicity, the ACD Card Set
mode of operation is identified as either Transmit Mode (transmitting ATM cells) or
Receive Mode (receiving ATM cells). System Input/Output (I/O) is via a rear I/O panel.
Cables route I/O to and from the correct component front panels.
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ACD System Card Set Architecture

In Transmit Mode, raw data is input via a SIO Card ECL or RS-422 interface. It is then
transferred via DMA across the VMEbus to memory. Once in memory, the V/ATM 5215
Adapter Card DMAs data across the VMEbus to its OC-3C output interface. A custom

memory buffer scheme called “zippy queues” is used to maintain order during memory
data transfers and maintain the address of the next data due for transfer and the next
memory location available for data storage. The V/ATM Adapter Card is setup and
controlled by the ATM Controller Card. The V/ATM board packages data into AAL5
frames, ATM cells and OC-3C format. To maximize data transfer speeds, the ACD system
utilizes VME64 for all data transfers.
Receive Mode is the reverse of Transmit Mode. OC-3C ATM cells that contain AAL5
formatted data is input from the fiber line to the V/ATM Adapter Card. The adapter card
strips off all packaging, and then transfers data across the VMEbus using DMA to the
correct zippy queue location in memory. Once in memory, the SIO Card DMAs data
across the VMEbus from memory to one of its output channels.
If the ACD System were a single channel system, processing would remain very simple
and throughput rates could be increased. However, each ACD card set can include one or
two SIO Cards, and each SIO Card has three I/O channels: one RS-422 channel and two
ECL channels. The multiple channel multiplexing and demultiplexing adds several
complications to Receive Mode processing. However, Transmit Mode remains fairly
simple. In Transmit Mode, one zippy queue is mapped to each of the SIO Card channels.
This means that data from each SIO Card channel is sent to a separate zippy queue. The
ATM subsystem software is setup so that data from each zippy queue is packaged into
ATM Cells with VPI/VCI header fields set to specific values. The ATM cell VPI/VCI
header value can be used to identify data from a specific input channel.

Figure 2.

Two ACD Card Sets with Redundant, Hot-swappable Power

The main complication for multiple stream processing in Receive Mode is a result of the
V/ATM Adapter Card design. That card requires a memory address be allocated for data
from the next input ATM cell before that cell is even received. Therefore, it is not possible
to read the VPI/VCI value of a cell header, and then route the cell data to a zippy queue
designated to that specific VPI/VCI combination. To overcome this limitation, a novel, but
complicated, software routine is used. The software sends all received data to the same
huge memory buffer area. The VPI/VCI value can be read once the data is already
buffered. So at that point the ATM subsystem software reads the header value of the data
it just transferred, and then sends the address location of the data already transferred to a
zippy queue designated for that VPI/VCI combination only. The SIO Card reads the
address from the zippy queue, and then transfers data from that address out the correct
channel. Once the data is output from the address, the SIO Card software must indicate
that the address is now available for new data. A series of zippy queues are also used to
maintain the available memory locations.
Operator setup, which can be done from either SNMP or the local interface, defines the
VPI/VCI value assigned to each channel. It also defines the raw data rate to be throughput
on each channel. Throughput rate setup is critical in Receive Mode, which requires an
Numerically Controlled Oscillator (NCO) be set to clock data out.
Data Flow
In the ACD System, each component independently performs the functions for which it
was designed, but simultaneously reports status and sets indicators to show the state of
processing. Each component receives its directions (setup) and reports status to the one
central point, which is the Master Controller Card. The local operator interface resides on
the MCC, and the MCC is the card with which a remote operator interface communicates.
By setting indicators, which may be a semaphore or an entry in an array, the components
can directly communicate with each other without requiring the MCC as an interface. This
type of communication is most typically done when components are passing data.
Figures 3 and 4 illustrates the receive and transmit data flows through the ACD card set.
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Software Environment
Two software environments, VxWorks Commercial-Off-the-Shelf (COTS) and Modular
Environment for Data Systems (MEDS), (internally developed)support the variety of
commercial and custom hardware installed in the ACD System. VxWorks provides a realtime operation environment; MEDS controls and monitors the system and the movement of
data throughout the system. To control and monitor the system, SNMP software interfaces
with MEDS.
VxWorks is a high-performance, real-time operating system and a powerful development
environment for real-time applications. VxWorks includes a fast and flexible run-time
system, powerful testing and debugging facilitates, and a UNIX cross-development
package (at the core of which lies VxWorks' extensive UNIX-compatible networking
facilities). The VxWorks system can operate in a standalone manner, or can be networked
with other systems running VxWorks or UNIX.
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Example Receive Mode Data Flow

MEDS is a real-time environment for card telemetry processing systems that provides a
mechanism to control the system and report status. MEDS manages the mix of cards that
are part of the ACD Card Set. MEDS works in conjunction with VxWorks to provide the
system software platform upon which application-specific code is developed.
The overall MEDS software design is modularized into packages that supply general
purpose system functions, such as operator interface support, status gathering support,
command handling support, interprocessor communications, and network communications.
Each package implements a set of functions that serve as a resource to application
software, while hiding the details of their implementation. Consistent interfaces have been
defined for each package, so code within a package can be changed without affecting the
application code if the functions and interfaces remain the same.

A MEDS-based system is built by adding custom code to the general purpose MEDS
code, which spares the application developer the burden of creating an infrastructure for
each new system. It also adds consistency to system design, implementation, and
maintenance.
CONCLUSION
The ACD System meets and exceeds its original requirement to provide single stream raw
data throughput rates of 50 Mbps. It can provide single stream throughput at rates up to 75
Mbps. The single stream rate limitation is the receive side NCO. Multiple stream
processing total throughput capabilities decrease with the number of data streams being
processed. Two streams can run at a cumulative rate of 80 Mbps, and rate capabilities
decrease from there. The major limiting factor in system processing is the ATM interface
board chosen.
The DSTD works with the GSFC Office of Commercial Programs to commercialize the
technologies that it prototypes. The goal of the commercialization effort is to allow NASA
to procure low cost/high performance ground acquisition systems for future space and
earth science missions. The approach that DSTD uses is to license and commercialize
technology prototypes, including chips, boards, and software, through the Office of
Commercial Programs.
For technology transfer information about the ACD System or any custom component
included in the system please contact:
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A modular Network Architecture
for Lower Cost, High Performance Telemetry Processing
Gary A. Schumacher
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ABSTRACT
There is a continuing need in the aerospace industry for lower cost and more maintainable
telemetry data processing systems that can deliver a high level of performance. While
systems based on the Intel family of x86 processors and Microsoft operating systems have
seen increasing use in lower performance and portable applications, UNIX/VME based
systems have been necessary to achieve required performance in higher end, multi-stream
applications.
Recent developments in the computer industry now promise lower cost alternative to these
systems. With currently available technology, it is now possible to provide a powerful
distributed processor architecture based entirely on commercial products. The system
takes advantage of the latest of Intel Pentium processors, the PCI bus, 100BaseT Fast
Ethernet, Microsoft Windows NT, ActiveX technology and NT servers. The architecture
offers both current and future cost advantages for test facilities which must support a
diverse set of requirements and which must maintain and support systems for many years.
KEYWORDS
Multi-Stream Telemetry, Network Telemetry, PCI, Windows NT, ActiveX

INTRODUCTION
The design of current multi-stream processing systems has been driven primarily by two
factors - the need to maintain accurate time correlation between asynchronous data streams
and the need to provide adequate processing power to decommutate and process the
multiplexed data from each stream.
Time correlation has been performed by merging the asynchronous data from different
streams on a bus and interleaving the merged data with time tags of the appropriate
resolution. Because standard computer busses have had insufficient usable bandwidth for

this merged data stream, current systems depend on some form of proprietary bus to carry
the real time data. Data words placed on the proprietary bus are appended with an identity
tag which is used by processors to access bus data and to direct processing and routing of
the data.
Processing of the data has been performed by either standard or custom processor boards
with some auxiliary hardware interface to the proprietary bus. The cost of processors with
enough power to perform the necessary real time processing has also been a factor in
driving this architecture. The high cost dictated that each processor should be able to
access any data from any stream so that the processor resources could be used flexibly to
meet differing test scenarios.
The technology that has become commercially available during 1996/97 has made it
economically desirable to take a different approach to the architecture of multi-stream
telemetry processing systems. The low cost and high performance of the latest generations
of processors, operating systems and LAN products has made it practical to design a
multi-stream, high performance telemetry processing system using a distributed, networked
architecture.
The low cost of the powerful Pentium family of Intel processors allows single board
computers to be dedicated to the processing of data from a single stream. Single board
computers with the appropriate processing power can be selected to meet the needs of the
system. By time tagging measurements from each data stream using a common time base,
the necessity of merging all data streams on a common bus for time correlation purposes is
eliminated.
Use of current networking technology and measurement time tagging allows all data to be
routed to a central server and correlated for processing and archiving. The low cost of
100BaseT Network Interface Cards (NIC) and the built-in operating system support for
TCP/IP makes dedicated 100 Mbps Ethernet an appealing method of moving data from
distributed stream processors to the central server.
The features of Microsoft's Windows NT makes it an excellent choice as an operating
system for the networked system. It provides the security features necessary in
environments with large numbers of users and was developed to be used in networked
environments. The Windows NT operating system has been designed to support symmetric
multi-processing (SMP) applications and to operate with up to 32 parallel processors. This
flexibility provides a wide range of processing power which can be scaled to meet the
needs of specific applications.

Although any processor running the Windows NT operating system can be used for the
central server, servers based on the Intel Pentium Pro and running the Microsoft Windows
NT operating system are a excellent choice. The Pentium Pro is the sixth generation x86
microprocessor introduced by Intel and has been optimized to execute 32 bit code. The
Pentium Pro was designed for workstation and server class computing, and it contains
glueless logic supporting up to four-way SMP. Bench marks show that a dual-processor
Pentium Pro system running Windows NT will scale performance by 1.7 for processor
intensive operations, and a quad processor Pentium Pro system will scale performance by
3.3.
HARDWARE ARCHITECTURE
Figure 1 shows the configuration of a modular network architecture system. It consists of
Stream Processors either installed on the server PCI bus or connected to the server over
dedicated point-to-point 100BaseT network connections. If output of EU Converted DAC
data is required a DAC Processor may also be added. The system control and data display
functions are performed over a second network which consists of one or more clients.
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Figure 1 - Configuration of the Modular Network Architecture System

Stream Processors
There are two categories of stream processors which may be utilized depending on the
system configuration - internal and external. An external Stream Processor consists of a
data interface on an ISA or PCI module, a Single Board Computer (SBC) and a 100BaseT
NIC. A separate SBC is used for each external Stream Processor except in the case of
processing Chapter 8 1553 data which is spread across multiple tape tracks. The ISA
and/or PCI modules are mounted in a 5 slot passive backplane segment. Four of these
backplane segments can be mounted in a 19" chassis providing up to four input streams in
a single chassis. An internal Stream Processor consists of a data interface card installed in
the server and utilizes the server processor.
For PCM, the data interface is can be an SBS9900 PCI card cable of decommutating data
up to 24 Mbps. This module is a single board telemetry system with a 24 Mbps PCM
Decommutator, IRIG A,B or G Time Code Reader/Generator and 16 Mbps Bit
Synchronizer and occupies a single PCI slot width. Figure 2 is a block diagram showing
two examples of external Stream Processors.
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Figure 2 - External Stream Processor Examples
The SBCs used in external Stream Processors conforms to the PCI Industrial Computer
Manufacturers Group (PICMG) standard. Computer boards complying with this standard
have both an ISA bus interface and a PCI bus interface. The entire Pentium family of
processors up to and including dual Pentium Pro 200 MHz processors are available in this

form factor from multiple sources. The 5 slot backplane segments provide a PICMG
processor slot and a combination of four PCI or ISA slots depending on the requirement.
When ISA based telemetry or other interface modules are used, the dual bus structure
allows the processor to utilize the full 16 Mbytes per second bandwidth of the ISA bus to
receive data from the module. When the stream interface is a PCI module, the processor,
stream interface and 100BaseT NIC all share the 132 Mbytes per second PCI bus.
Stream Processor/Server Network
Each external Stream Processor is connected to the server through a dedicated 100BaseT
Ethernet connection. To conserve PCI slot space on the server, quad-port 100BaseT PCI
NIC's are used. These are available from a number of suppliers and are capable of
supporting full duplex communications on all four ports simultaneously for an aggregate
throughput of 800 Mbps. Tests conducted and reported in Reference 1 on a number of
100baseT modules demonstrated actual throughputs of 80 to 90 Megabits per second.
The system software is designed so that the majority of data transmissions utilize the
maximum Ethernet packet length of 1518 bytes to minimize the overhead incurred by
TCP/IP. The testing reported in Reference 1 showed significant differences in the CPU
load imposed by different NIC devices with variations of as much as 4 to 1 between
products from different suppliers. The module with the lowest overhead imposed a server
CPU loading equivalent to about 6% on a single Pentium Pro 200 processor when
transferring at its maximum bandwidth.
Server
The Server used can be sized to fit the system and readily upgraded. The basic server
utilized is an off-the-shelf server package which includes 1 to 4 quad Pentium Pro
processors and dual peer PCI busses. For high powered computing environments, larger
servers using 8 or 16 processors are available which are constructed from multiple quad
processors using high speed data pathways to interconnect them. Because of the
distributed component design employed in the system software, additional computing
power can also be obtained by adding a separate additional server to the networked
system.
Client Network
The user interface for system control, database maintenance and data display is a web
browser. The client network can consist of an assortment of PC's, workstations or network
computers. The choice of clients is based largely on how the user wishes to interact with
the system. Database updates and real-time data display can be performed with limited
desktop power required. However, for intensive analysis requirements the user may need
to download large data files and use more powerful workstations for analysis.

Data Archival Hardware
The archiving hardware required is driven by the bandwidth of the system. A wide range
of choices with trade-offs between cost and performance are available. As an example of
the high end performance available, Intergraph offers a RAID system with their servers
which utilizes three Fast/Wide SCSI II controllers and provides sustainable transfer rates
of 29 Megabytes per second. This particular system utilizes hot-swappable 4.0 Gbyte
drives and can be expanded to 300 Gbytes of storage.
DATA PROCESSING CONCEPTS
There are some concepts that are key to successfully processing telemetry data using this
architecture.
Time Correlation
Time correlation is maintained among the asynchronous stream processors by supplying a
common IRIG time base to each and defining a common time interval over which each
processor will buffer data before initiating transfer to the server. Each processor aligns the
start and stop time of each buffer period on common time boundaries. In cases where
significant differences in data rates exist, certain stream processors can transfer data at
submultiples of this common time interval. All data samples within the data buffer are
tagged with a minor time.
Mapped Data Blocks
As the data values are processed, the time tagged data samples are sorted by measurement
into arrays and mapped into predefined locations in the stream processor memory buffer.
At the end of the buffer time interval, transfer of the mapped time block for the stream is
initiated and it is transferred via TCP/IP to the server using maximum length Ethernet
packets. As the server receives the time blocks from each link they are mapped by link
number into a buffer area which results in a mapped block of time tagged data samples
containing all data values from the time slice defined by the start and stop time boundaries
of the buffer period.
Alarms
Latency in transferring of alarm data from the stream processor is eliminated by
transferring alarm packets to the server as they occur. For measurements that are limit
checked or monitored for a change of status, values determined to be in alarm are time and
identity tagged and transfer immediately to the server using a minimum length Ethernet
packet.

SOFTWARE ARCHITECTURE
The system software is designed for intranet operation in a distributed computing
environment and utilizes Microsoft ActiveX technology. Telemetry data processes are
encapsulated in ActiveX Components communicating with each other using Distributed
Component Object Model (DCOM) protocol. The use of DCOM facilitates the distribution
of objects over networks and allows the ActiveX Components to execute either on a client
computer or a server computer transparent to the calling application.
Because the ActiveX Components are relocatable, they can be distributed over the system
hardware environment as needed. This approach allows a common set of system software
to be scaled over a wide range of system requirements. Small single stream, low
performance systems can execute all necessary components on a single processor. For
large, multistream, high performance systems the stream processing components can be
distributed among the SBCs in the external Stream Processors. These SBCs each function
as application servers dedicated to a single input stream. Multiple users are added by
distributing display and control components to the networked client computers. If the
system requires further expansion, additional clients and servers can be added to the
system and the ActiveX components distributed accordingly.
The user interface utilizes the Internet Explorer web browser. All functions for telemetry
format description, data conversions, system operation and data display are readily
accessed from web pages which make extensive use of embedded ActiveX Controls. An
ActiveX Control is a client-side component which when activated by the user can directly
access database files, archive files and real time data tables which reside on application
servers. Figure 3 illustrates the major system software components.
Web Browser
The web browser currently used is Internet Explorer. The browser interprets HTML pages
and displays the resulting information. It includes support for HTML, scripting, Java
Applets, ActiveX components and ActiveX controls.
Web Server
Microsoft Internet Information Server (IIS) 3.0 web application server provides the
integrated services required to manage the system execution and data flow. It provides a
server-side component and scripting model and required services for component
application management, database access, transactions and processing. The web server
can return data to the clients as straight HTML or alternately establish a direct connection
back to the component running in the client using DCOM protocol. IIS is distributed as
part of Windows NT and is tightly integrated with that operating system.
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Figure 3 - Major Software Functions
Stream Processing Components
Components of the stream processing software reads the data and time from the stream
interface and performs real time sample by sample processing. Pass and delete of specific
measurement, limit checking, data alignment and concatenation are performed in this
software partition. Data can be output from the processor in integer or floating point
formats. If real time EU conversions on all data samples is required it is performed here.
For PCM data, time tagging is performed using the microsecond resolution time which is
merged each minor frame in the Terametrix hardware. For supercommutated
measurements, interpolated time is used to tag successive values in the same minor frame.
Following all data conversions, the data values are sorted into the mapped buffers.
System Processing Components
This set of components receives the data blocks from the stream processors and properly
time aligns the blocks from all links. A current value table of all measurements as received
from the stream processors is maintained as well as a table of arrays of data sample from
designated measurements. User processes for creating derived calculations can be written
in C++ or Terametrix Telemetry Data Language (TDL) script and are executed at this
level. Similarly custom engineering units conversions can be user written and installed and
processed at the stream level.

Archive/Recall
At the system wide level, the archive/recall process builds the data buffers and archive the
data to disk. The data from all input streams is initially buffered in the server as mapped
blocks containing all measurements during a unit of time. These blocks are archived to
disk and are the basic data element used for searching for and retrieving data. The
archive/recall process provides the user with the ability to create search criteria to isolate
specific data sets.
The recall process utilizes this data mapping to index to specific times and specific
measurements in the file for retrieval of measurement time histories for analysis. This
technique avoids the problem that exists in many current systems in which the archive file
produced consists of data from all streams merged in a sequential file and identifiable only
by tag. Retrieval of a time history for a specific measurements in those files requires
performing a sequential search on all data in the file for time tags and identity tags.
Due to the distributed architecture of the software systems with independent data streams
not requiring time correlation could perform archiving at the individual stream level
without affecting the accessibility of the data.
Data Display
Data display for both real time and playback data is implemented using a package of web
enabled components from DataViews which provide the capability to display dynamic
graphics over Internet/Intranets. The dynamic graphic displays are embedded into HTML
documents and connected to the real time current data tables, or for playback, the archived
data files to create the data displays. A library of standard display objects can be utilized
or custom display objects can be created using the DataViews tools.
Configuration Files
System configuration files are maintained in a relational data base. Data is accessed by the
clients and servers via the Internet Information Server. The file transfer standard for
import/export from the database is in accordance with an extended version of the IRIG
Telemetry Attributes Transfer Standard (TMATS). These files provide the compatibility
link between and current user databases. The files can be built and updated from the
system user interface or can be maintained from standard text editors or spread sheets.
INITIAL IMPLEMENTATION
An initial implementation of this system concept was successfully built and shipped in
April 1997. The system input consisted of ten 2 Mbps PCM streams and is designed to be
easily expanded to accommodate 12 streams. Physically, the system is comprised of ten
Stream Processors and a Pentium 200 MHz processor that functioned as the system server
which are housed in three 8 3/4 inch rack mount chassis. Each Stream Processor consists

of a TAC-1 Telemetry Acquisition Card, a 12 channel Digital to Analog converter card,
486DX4-120MHz processor and an Ethernet interface.
The software technology currently used did not exist when the initial project began and
therefore the software implementation differed substantially. The initial implementation ran
Windows NT on the server and Windows 95 on the stream processors. National
Instruments LabWindows was utilized for the user interface as a result of customer
requirements. The server console provided real time data display via LabWindows VI's.
The user was provided with the capabilities to create his own displays, create and run
derived calculations in the server and to create and run his own algorithm processes in the
stream processors. The system output all the assembled data from all links via a network
interface to another computer.
Experience with this system proved the viability of the distributed architecture in a multistream environment and set the stage for the current system design using the distributed
object software architecture.
CONCLUSIONS
The modular network telemetry processing system architecture described offers many
advantages to the user community both now and in the future. Among these are:
• No proprietary processors - Standard, single board computers and servers perform all
processing.
• No proprietary bus - All data moves over well developed industry standard busses
and networks
• Multi-Vendor - Uses commercial data I/O interfaces and processors with multiple
vendor sources
• Scalable - Cost is proportional to the number of streams and processing power.
• Upgradable - Old processors are easily replaced as new processors evolve
• Component object software - Components can be easily added or replaced
• Leveraged future - Follows the evolution of Intel and Microsoft products.
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ABSTRACT
This paper describes a Smart Sensor Network System for applications requiring sensors
connected in a multidrop configuration in order to minimize interconnecting cables. The
communication protocol was optimized for high speed data collection. The Smart Sensor
Network System was developed with the following goals in mind: cost reduction,
reliability and performance increase.
KEY WORDS
Smart Sensor, Network, Data Correction, Calibration, RS-485, RS485, TBIM, Transducer
to Bus In-Line Module, BCM, Bus Converter Module, Bus Controller Module, TEDS,
IEEE P1451.2.
INTRODUCTION
A Smart Sensor Network System was developed to improve reliability, improve
performance, and to lower cost of measurement systems requiring large number of
transducers and multiple transducer types.
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Figure 1: Smart Sensor Network Compatible with IEEE 1451.2

The Smart Sensor Network System consists of a controller called the Bus
Converter/Controller Module (BCM), and a maximum of 208 Transducer to Bus In-line
Modules (TBIM) connected to traditional analog type sensors (Piezoelectric, strain-gages,
variable capacitance, etc.). The BCM and TBIMs are interconnected through a four wire
network bus. This Smart Sensor Network System may be viewed as a subset of the IEEE
P1451.2 IEEE Draft Standard [1], as shown in Figure 1.
PERCEIVED USER NEEDS
The following attributes are highly desirable of a modern test and measurement system
with multiple transducers and transducer types: minimum interconnecting cables, high
reliability, high performance, easy to use and maintain, flexible system, minimum cost.
Minimum Interconnecting Cables
The number of cables and cable lengths dictated by traditional star topologies of
interconnecting analog transducers to a central signal processing equipment have a
detrimental impact on all aspects of a measurement system. These factors decrease the
accuracy and reliability of measurements, decrease system performance, and increase
system operating costs. A major improvement would be to reduce the number and lengths
of interconnecting cables.
High Reliability
Reliability can be improved by reducing the total number of interconnecting cables, and
designing a system which includes periodic self-test and self-calibration features.
Periodic self test adds a higher level of confidence that a given measurement channel is
alive and working properly. Periodic in-situ self-calibration verifies proper operation of a
given measurement channel, it alerts the user if the channel is not functioning or is out of
acceptable tolerance levels and needs to be replaced or re-calibrated.
High Performance
Large quantities of analog transducers result in difficult to manage, large and long bundles
of cables carrying analog signals which are susceptible to EMI/RFI noise pick up. Cables
carrying digital signals are less susceptible to these problems and are easier to interface
than cables carrying analog signals.

Higher measurement accuracy is always a desirable feature. Accuracy improvements can
be obtained by digital correction over the operating temperature range of both, the
transducers’ sensitivity and of the analog signal conditioning gain errors.
Easy to use and maintain
Test engineers’ primary concern is to accurately measure a physical phenomena in
physical units such as Pascal, meters, m/sec2, g’s, PSI, etc. To achieve this goal they need
to deal with many installation issues: (a) interfacing different types of transducers to their
measurement system; and (b) selecting the proper analog amplifier settings (sensitivitygain normalization, type of filter, excitation voltage-current, etc.) for each analog
transducer.
A universal hardware and software standard interface for all types of transducers is
necessary in order to reduce the complexity of the system design, integration, maintenance
and operation. Features such as transducer identification, self-test, self-calibration, test
setup configuration, configuration status, etc. can be performed under computer control
with minimal need for any manual trimming or adjustments.
After the measurement system has been set up, the test engineer should be able to use a
computer to verify that the system is operating properly. The test engineer should be able
to add, extract, or replace any sensor with minimal effort. When a given transducer is not
responding properly, it is desirable to hot swap it with another transducer. If a transducer
type needs to be replaced or added to the system, it should be possible to quickly
reconfigure the system based on the Transducer Electronic Data Sheet (TEDS, as defined
in the IEEE P1451.2 Draft Standard) stored in its memory.
Flexible System
New test and measurement systems, in order to become practical, must provide the
flexibility to accept different types of transducers, including traditional analog types as
well as new smart sensors. They should also be flexible to allow easy expansion or
reduction in the number of measurement channels.
Minimum Cost
Design, operating and maintenance costs are drastically reduced by implementing a system
with all of the above listed attributes. The initial capital investment may be higher than that
of traditional systems, however, this marginal additional expense is far outweighed by
savings in other areas.

A standard hardware interface for all transducer types will eventually reduce the capital
equipment costs. A standard software interface (standard data interchange) would greatly
reduce ongoing operating and maintenance costs.
The setup and tear-down costs of large measurement systems are very significant,
sometimes costing several millions of dollars. These costs, as well as maintenance costs,
can be greatly reduced by reducing the number of cables.
SMART SENSOR NETWORK SYSTEM IMPLEMENTATION
The smart sensor network bus consists of four wires: +15 VDC Power (PWR); bidirectional, balanced transmission line (RS485+); bi-directional, balanced transmission line
(RS485-); and Ground (GND). The network bus uses RS485+ and RS485- lines for bidirectional digital communications. The RS-485 is a bi-directional, balanced transmission
serial bus standard that supports multi-point connections and allows the creation of
networks with multiple nodes with reliable transmission over long distances.
The original RS-485 standard allows for the creation of networks with up to 32 nodes and
transmission over distances of up to 1200 meters. Integrated circuit (IC) manufacturers
have developed RS-485 IC drivers that can handle up to 256 nodes with communication
rates in excess of 1 Mbps.
Evolution Paths for a Smart Sensor Network System
Figure 2 shows a block diagram of a smart sensor network with various possible levels of
integration as the components of the network may evolve. It should be kept in mind that
the physical interface defined in IEEE P1451.2 Draft Standard is not a network scheme, it
needs the Network Capable Application Processor (NCAP) in order to allow networking
of multiple smart sensors.
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Figure 2: Block Diagram of a Smart Sensor Network System

The implementation of the different functional blocks of Figure 2 will be dictated by a
particular network application and financial constraints. For example in single transducer
applications, the TBIM and the BCM functions may be implemented in a small printed
circuit board STIM. In other applications, the Bus Converter/Controller Module may
become part of the NCAP box. In other applications, the Transducer to Bus Interface
Module and the NCAP may be absorbed inside the transducer case becoming a truly smart
sensor.
Bus Converter/Controller Module (BCM)
The BCM controls the Smart Sensor Network Bus, and is able to: (1) assign bus IDs to
TBIMs; (2) read/write Transducer Electronic Data Sheet (TEDS) from/to TBIMs; (3)
continuously read and time tag digital data (uncorrected or corrected) of all enabled
TBIMs, and (4) it provides DC power to all connected TBIMs. Figure 3 shows a block
diagram of a general purpose BCM.
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Figure 3: Block Diagram of a General Purpose Bus Converter/Controller Module (BCM)
Transducer to Bus In-Line Module (TBIM)
The TBIM makes it possible for traditional analog transducers to be connected to the
network and allows interconnection of multiple transducers and transducer types. The
TBIM accepts signals from analog type transducers and converts the output to digital
format, thus allowing the transducer to interface to the Smart Sensor Network System Bus.
The functions performed by the TBIM are: analog signal conditioning, self-test,
Transducer Electronic Data Sheet (erasable non-volatile memory containing transducer
specific information), interface to the four (4) wire Network Bus, temperature
measurement, analog-to-digital conversion and data correction functions. The next
generation of smart sensors will include the TBIMs electronics, and will interface directly
to the Network bus. Figure 4 shows a block diagram of a TBIM.
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Figure 4: Block Diagram of Transducer-to-Bus Interface Module (TBIM)
When outputting digital data, the TBIM corrects for temperature related inequities
(sensitivity, ZMO, gain, etc.) before placing the data on the bus. Data phase coherence
among the transducers on the bus is controlled by the BCM via a global trigger command.
A global trigger command results in simultaneous data samples being taken by the various
transducers connected to the bus.
A TBIM is controlled via commands received through the RS-485 bi-directional digital
serial interface. Some examples of actions taken in response to receiving a command are:
start (trigger) data acquisition, output digital data, send TEDS, perform self-test, perform
data correction, etc.
TRANSDUCER TO BUS IN-LINE MODULE (TBIM) IMPLEMENTATION
This section describes the implementation of a TBIM that was designed, built and tested
together with a low profile pressure transducer for an on-wing flight test application.
The TBIM was designed to be small size (2.75 in. x 1.70 in.) and very thin (0.185 in.) in
order to measure flow induced pressure. The pressure TBIM uses surface mount
technology (SMT) components packaged in a metal case and potted to endure harsh
environments. Figure 5 shows the outline drawing of the TBIM with the micromachined
pressure transducer Endevco Model 8515C mounted on the bottom surface of the TBIM.
The Endevco Model 8515C (0-15 PSI) pressure sensor [2] [3] was chosen because of its
low profile (0.03 in. thin), small size (0.25 in. diameter), light weight (0.08 grams) and
excellent performance in measuring flow induced pressure measurements in harsh
environments. Figure 6 shows the outline drawing of the Endevco Model 8515C
micromachined silicon sensor.
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Figure 5: TBIM with Pressure Transducer Outline Drawing
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Figure 6: Micromachined Piezoresistive Pressure Transducer Endevco Model 8515C
The Endevco model 8515C incorporates on-chip zero compensation and a modified more
linear doping level achieved by ion implantation. A protective metal screen protects the
piezoresisitive sensor against particle impingement. A thin reflective coating is applied
over the exposed surface to reduce its sensitivity to bright lights.
Digital Interface
The RS-485 bus was used in half-duplex mode (only two wires are needed to both transmit
and receive data) and was chosen because integrated circuit drivers are commonly
available in the market at a very low cost. Integrated circuits were chosen that support

115.2 kbps transmission with up to 256 nodes. The length of the bus depends on the
number of nodes connected to it. The actual maximum number of nodes that can be
addressed in the bus is 208 due to restrictions in the communication protocol.
Communication Protocol
Two types of commands were defined: “Directed” and “Broadcast”. A “Directed”
command addresses a specific TBIM unit and commands it to perform the indicated
function or accept data. A “Broadcast” command indicates that all TBIM units connected
to the bus are to perform the indicated function or accept the data which follows.
Query/Programming/Execute Mode
The following information can be queried from the TBIM: (a) Read Transducer Electronic
Data Sheet (TEDS); (b) Read unit/channel status/failures; (c) Channel/Global Read data
(uncorrected or corrected).
The following commands can be sent for programming the TBIM: (a) Reset TBIM; (b)
Execute a unit/channel self-test; (c) Accept (store in non-volatile memory) Transducer
Electronic Data Sheet (TEDS); (d) Auto-Zero the analog signal conditioning electronics;
(e) Place the TBIM in Continuous Data Acquisition Mode; (f) Place the TBIM back into
Query/Programming/Execute Mode; (g) Channel/Global Trigger to initiate conversion of
internal analog-to-digital converter; (h) Enable/disable any or all channels implemented in
the TBIM.
Transducer Electronic Data Sheet (TEDS)
The Meta-TEDS and Channel-TEDS contained inside the TBIM follows the data structure
defined by the IEEE P1451.2 D2.01 Draft Standard [1]. Some of the TEDS fields were left
blank because they were not applicable to the RS-485 bus implementation. The Calibration
TEDS did not follow the data structure defined by the IEEE P1451.2 standard
(multidimensional truncated Taylor series requiring floating-point calculations) because it
was desired that the 8-bit microcontroller inside the TBIM perform the data correction.
Calibration
The Calibration TEDS was implemented using a table look-up approach to minimize
computation time and maximize sampling frequency. All math computations were done in
integer format. Floating-point computations would have taken approximately three (3)
times longer. The microcontroller took 2.7 msec to perform the pressure correction over
temperature.

Continuous Data Acquisition Mode

This mode is used to optimize data acquisition and data transmission speed. Data is
acquired and transmitted continuously, synchronized by the BCM using the global trigger
command. The TBIM may transmit corrected or uncorrected digital data from any or all
available channels that were enabled before the TBIM was placed in continuous data
acquisition mode. The TBIM exits the continuous data acquisition mode when it receives a
command to return to the query/programming/execute mode. The table below shows the
maximum sample rate achieved for various conditions.
Digital Output Data Format

Corrected Pressure and Temp.
Corrected Pressure
Uncorrected Pressure and Temp.
Uncorrected Pressure

Maximum Sample Maximum Sample
Rate (samples/sec), Rate (samples/sec),
100 units
1 unit
237.41
22.86
294.41
29.87
1187.43
24.77
1435.41
32.49

CONCLUSIONS AND FUTURE WORK
The Smart Sensor Network System achieved cost, reliability, and performance goals. Total
system costs were reduced as a result of a reduction in interconnecting cables, salvaging of
existing analog type transducers, and ease of use and maintenance. Reliability was
improved because of the self-test capability provided by the TBIM, and the reduced
susceptibility to noise of digital signals (EMI, crosstalk, ground loops, etc.) Performance
was improved because of the increased accuracy provided by the TBIM. Future
improvements may be accomplished by reducing the TBIM size (use of ASICs and high
density packaging such as hybrid and MCM technology), increasing the data acquisition
and bus transfer rates, lowering power consumption, and improving the calibration
algorithms.
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Automating Signal Conditioning Setup Through
Integration with Sensor Information
Jeffrey J. Tate
Peoria Proving Ground
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Abstract
Caterpillar Inc. has been testing construction and mining equipment using Computerized
Analysis Vans for two decades. During our latest van upgrade, we chose to move to
PCM/FM from FM/FM mainly to increase the channel count. We also replaced our old
signal conditioning that used span and balance potentiometers with computer
programmable signal conditioning. This new signal conditioning requires that the gain and
balance point be calculated for every channel on each test. The formulas for these
calculations depend on the sensor, the signal conditioning card used, and the test
requirements. Due to the number and variety of machines tested at the Caterpillar Proving
Grounds, these calculations needed to be automated. Using a few initial parameters and
the information from our sensor calibration database, each channel’s balance point, gain,
and expected slope are calculated. This system has increased productivity, accuracy, and
consistency over manually calculating these parameters. This paper covers the sensor
database, the calculated parameters and an overview of the way the system works.
KEYWORDS
PCM (Pulse Code Modulation), Automation, Signal Conditioning
INTRODUCTION
Caterpillar’s machine testing operation consists of two proving grounds; the principle
proving ground in Peoria, Illinois and the other near Tucson, Arizona. Caterpillar uses its
several PCM/FM acquisition and analysis vans to test construction and mining equipment
at the two proving grounds and at customer job sites all over the continental United States
and Canada. Last year, we performed more than 225 tests, with the vans. The duration of
these tests varied from one day to three weeks, including setup time. This heavy test load
is the reason we needed to streamline the transition from one test to another.

DISCUSSION
In 1993, Caterpillar Inc. started upgrading its old FM/FM analysis and acquisition van fleet
to PCM/FM. Do to the lack of a turnkey PCM/FM system that integrated the bit
synchronizer, the PCM decommutator, and the signal conditioning, we decided to purchase
the subsystems from the different vendors and write software to integrate them. Our first
version of the software to integrate the subsystems, was basically a set of forms to enter
information that describes the test and the parameters to be measured. The data entered
into these forms was simply posted into the databases of the PC based bit synchronizer
and decommutator from one vendor and the signal conditioning from another. The gain,
balance point, and excitation had to be determined and entered into the forms for each
channel, so these parameters could be put into the database for the signal conditioning. We
improved the signal conditioning setup by creating and using a database to describe each
transducer. The information from this database was used to program some of the signal
conditioning parameters and to calculate others, like gain and balance point.
In our first version of the van software, we discovered that going from a potentiometer
based system to a completely programmable system was difficult for our technicians. They
did not understand how to calculate the gain for a strain gage based transducer and the
number of programmable parameters overwhelmed them. With some training, the
technicians became proficient with the signal conditioning setup. The next hurdle was not
so easy to solve. The test schedule was so aggressive, the technicians did not have the time
to hand calculate the gains for each channel and still get the test run in the scheduled time.
The signal conditioning also had the capability of shifting the measurement range to match
the range requested, by setting the balance point. Better alignment of the input range with
the range requested improves the resolution and in some cases the accuracy of the resulting
measurement. We wanted to take advantage of this resolution improvement, which meant
the technician would have to spend more time calculating the information to setup the
signal conditioning. We needed to find a way to reduce the time the technicians were
spending calculating and entering the signal conditioning setup parameters. We felt the
only way this could be done was to automate these calculations.
After seeing the need to automate the signal conditioning setup, we had to figure out how
this could be done. It was decided to design a database to store all the information needed
to set up each transducer and describe its output. We also looked for other calculations
that would help make the complete system easier to use and more “fool proof”. We
decided to calculate what we call expected slope. Expected slope is just that, it is the slope
expected based on characteristics of the transducer and the signal conditioning’s
programmed excitation, gain, and balance point. All the information needed to do the
calculations and set up the signal conditioning would be stored and retrieved based on a
Sensor ID that was assigned to each transducer. The resulting database contains the

following fields: Sensor ID, Serial Number, Sensor Type, Range, Assigned Location, Cal
Value, Cal Units, Cal Equivalent Units, Zero Equivalent Value, Cal Equivalent Value(1st
order) ,2nd order, 3rd order, 4th order, 5th order, zero type, cal type, Bridge Type, Bridge
Resistance, Excitation Voltage, Last Calibration Date, Calibration Due Date, Calibration
Interval, and Comment.
The balance point is where in the input range you want zero voltages to be for internal type
balancing. For an external balance, the balance point is where in the input range you want
the incoming voltage from the transducer to be shifted or offset during a balance. The
balance point is often called an offset by other signal conditioning manufacturers, but we
are using the term balance point for consistency with our present signal conditioning
vendor. We use the balance point to increase the resolution of our measurements by
aligning the range with the limits requested by the requesting engineer. An example of
where shifting the balance point is advantageous is a pressure transducer. The requested
measurement range is usually more positive than negative, so we shift the input range of
the signal conditioning card to have more range in the positive direction. In this example,
the resolution with the range shift is about twice as fine as it would have been if the
transducer was balanced at the traditional middle of the Analog to Digital converter (A/D)
range.
The gain is calculated with a 5% pad on each end of the range to provide an overload
buffer. The overload buffer gives us a standard way to handle channels with a requested
unidirectional engineering unit range. A measurement with a unidirectional range, like 0 to
100, causes a problem when using the balance point to take advantage of the entire A/D
range and the transducer’s zero shifts slightly negative. This zero shift, without an
overload buffer, would move the input voltage out of the A/D's range thus forcing us to recalibrate the channel. The overload buffer was added to prevent this problem. The gain
calculation uses the requested engineering range, the balance point, data for the signal
conditioning chosen, and information from the transducer database, like excitation, bridge
resistance, and calibration value. After the desire gain is calculated, the closest gain that is
lower than the calculated gain and in the list of valid gains for the signal conditioning card
is selected.
The expected slope is used as a calibration check. Expected slope is expressed in
Engineering Units per A/D count. We calculate the expected slope based on the
programmed gain, balance point, and excitation voltage and transducer. During calibration
if the resultant slope is not within 1% of the calculated expected slope the software warns
the test operator of a possible error. Comparing the expected slope to the calibration slope
is valuable for any transducer not being calibrated with a fixed slope calibration. Expected
slope uncovers most problems with strain gage based transducers using a shunt calibration,

because it verifies that the gain, calibration resistor, excitation, and the gage wiring are all
working correctly.
The resulting system is structured so that the requesting engineer creates a list, using a
windows based program we wrote, of parameters to be measured, the range, and the
associated units for each channel. This list is given to the test scheduler, in electronic form,
when the engineer signs up for the test. The instrument technician sets up the test based on
the list of parameters submitted and records the Sensor ID used for each channel. The
Sensor ID is then entered into the software along with the signal conditioning system and
the type of signal conditioning card being used for each channel. Using the information
about the transducers from the database, the pretest information from the engineer
requesting the test, and the signal conditioning information, the software calculates the
gain, balance point and the expected slope for each of the channels. All the setup
information for the signal conditioning, both calculated and not, is inserted into the
database for the signal conditioning. The test operator uses the software supplied with the
signal conditioning to download the setup information to the signal conditioning. This
method helps eliminate signal conditioning setup errors and saves between 15 and 20
minutes for a 32 channel test when compared to calculating these parameters and manually
entering the setup information for each channel one-by-one.
Conclusion
We have been using the transducer database and the software that performs the
calculations for about one year and are very pleased with the results. Our technicians are
now spending more time setting up and running tests and less time calculating gains and
balance points. Having the database of signal conditioning configuration information for
each transducer guarantees that the excitation for that seldom used transducer is correct.
We feel the effort and time put into this project has paid for itself in increased productivity
and consistency and helps eliminate human error. The database and the automated
calculations both simplifies the Standard Operating Procedure for each transducer and
adds traceability to measurements, required by ISO 9000 certification. More information
on Caterpillar’s test operation can be found in references 1 and 2.
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ABSTRACT
The Army’s continuing effort to develop self-guided, anti-tank weapon systems has been
fueled by successful development of an earlier generation of smart weapons. These selfguided systems, also labeled “brilliant weapons,” will present a natural progression to
“smart” weapons development and testing.
What has been critical to the success of these smart weapons development programs has
been an end-to-end testability provided by on-board telemetry methods. The end-to-end
test procedures can be efficiently performed in a static laboratory environment where
space is available. On board the smart weapon, end-to-end testability is less feasible due to
space and bandwidth limitations.
The STAFF XM943 projectile development program makes use of a dual telemetry link to
transmit an array of measurements which characterize the performance of the projectile in
and end-to-end fashion. The dual telemetry systems provide analog measurement capability to evaluate system component-level functions and digital measurement capability to
evaluate a system processor which lends itself to computer processing. The digital data is
intrinsic to smart weapon systems since they typically employ embedded microprocessors
for projectile system control. The STAFF XM943 electronic system is controlled by a
TMS320C30 microprocessor.
The dual telemetry system employs a traditional FM/FM technique for monitoring a number of analog functions and a “quasi-traditional” PCM/FM scheme for digital transmission.
This paper discusses the implementation of this dual telemetry approach for the XM943
Projectile System.

INTRODUCTION
The Smart Target Activated, Fire and Forget (STAFF), XM943 projectile, nearing the
completion of its development testing phase, is a 120mm tank round which provides a high
probability of single shot kill by top attack of tank armor. The STAFF, XM943 projectile
uses a downward pointing millimeter wave sensor to scan the ground for flight
orientation. A forward-looking millimeter wave radar is used to detect armored vehicles on
the ground or helicopters in flight.
The heart of this weapon systems is an on-board digital processor which provides decision-making capabilities in response to sensors designed to provide ranging, tracking,
scanning, fuzing and aeroballistic measurements from a smart weapon in flight. Once a
target is detected, it is validated by a digital processor which gives a command to a torque
control system which causes the projectile’s warhead to roll toward the target, and fires
the mechanism.
As indicated previously, the XM943 uses a TMS320C30 digital processor to control the
projectile electronic system. As an aid in the development of the STAFF system, a dual
telemetry system is used to monitor an array of measurements which characterize the performance of the projectile in an end-to-end fashion. That is, signals are measured at their
points of origin in the system as well as at their control outputs to determine the proper operation of the systems comprising the STAFF projectile.
An ideal telemeter for a smart weapon system must have the capability to transmit signals
which represent hundreds of measurements from sensor inputs (and redundant monitors for
sensors), sensor outputs, processor outputs, internal algorithms, and control system outputs
to characterize the flight performance of the smart system. Using traditional telemetry
methods, this would require prohibitive use of space and power for analog systems or
equipment-intensive, complex digital coding for traditional PCM systems. However, the
end-to-end test capability is necessary for smart weapon development. The end-to-end
testing method is a comprehensive test strategy which includes a validation of the total
round performance using test equipment. From this viewpoint comprehensive testing is
possible in the laboratory setting, but is not generally feasible in the field test setting for
these smart rounds.
The STAFF projectile utilizes an analog telemetry system to transmit signals which are
monitored for shape to determine the functional condition of the front end sensors. The
analog system is generally reserved for this type of data. A digital telemeter is used in a
PCM/FM format to monitor signals that are digital in nature in the system. In systems with
a digital processor, pre-conditioned digital signals are used for data communications. The
dual system is used as an alternative to “burdening” either the analog or the digital system

with signals that may require extensive overhead to process outside of their natural environments. The ensuing discussion is on the STAFF, XM943 telemetry test systems.
The STAFF XM943 projectile is shown in figure 1. This configuration utilizes an analog
telemetry system in place of the warhead system and a digital telemetry system that is destroyed in test at warhead detonation. The analog telemeter employs 12 Constant Bandwidth, IRIG standard oscillators in a traditional Frequency Division Multiplex (FDM)
configured in the arrangement shown below in figure 2. The subcarrier frequencies are recorded in Table 1.

Figure 1. XM943 STAFF Projectile

Figure 2. Independent Telemetry System (ITM)

The transmission bandwidth for the above system is 4 MHz. The system is designed to
meet a minimum signal-to-noise output from the FM demodulators of 40dB.
The STAFF analog system provides continuous measurement of outputs from a thermal
battery, power signal conditioning boards, an angular rate sensor, a millimeter wave sensor, a roll control system, a safe arming system, and a warhead release actuator. These
shall hereafter be referred to as the subsystems of the XM943 projectile. The analog telemeter also monitors the “health status” of a digital processor which integrates all of the
subsystems and is responsible for the dynamic control of the XM943.

TABLE 1
Channel

CHAN1
CHAN2
CHAN3
CHAN4
CHAN5
CHAN6
CHAN7
CHAN8
CHAN9
CHAN10
CHAN11
CHAN12

Frequency, Subcarrier

1024+/- 128 KHz
512 +/- 64 KHz
256 +/- 32 KHz
144 +/- 4 KHz
128 +/- 4 KHz
112 +/- 4 KHz
96 +/- 4 KHz
80 +/- 4 KHz
64 +/- 4 KHz
48 +/- 4 KHz
32 +/- 4 KHz
16 +/- 4 KHz

Frequency, Data

25 KHz
15 KHz
12 KHz
1.6KHz
1.0KHz
1.0KHz
1.0KHz
1.6KHz
1.0KHz
1.0KHz
1.0KHz
1.0KHz

Modulation
Index
5.12
4.26
2.67
2.50
4.00
4.00
4.00
2.50
4.00
4.00
4.00
4.00

The analog telemeter is functionally modular by design including a battery section (or
module) of Nickel Cadmium cells to supply 28 Volts DC to the analog telemeter and to the
signal conditioning electronics. These three modules are interconnected by microminiature
connectors and encapsulated in rigid epoxy potting for gun hardness.
The second section is the analog signal conditioning section. This provides voltage amplification, filtering, and bandwidth limiting, DC offsetting, noise suppression, voltage regulation, and voltage division which are essential functions for typical analog telemetry designs. Due to the complexity of the XM943 control environment, over 30 signals are necessary to determine the complete operational performance of the STAFF subsystems. For
this, the STAFF analog telemeter also requires additional signal conditioning functions.
The benefit of using an analog telemeter to monitor the output of these subsystems is that

the signal characteristics are preserved during the projectile operation and the raw signal
can be analyzed either in real-time or during post-evaluation procedures. In this way, analog telemetry serves as a useful diagnostic tool.
The additional signal conditioning includes analog multiplexers and programmable devices
in the signal conditioning module to reduce the hardware count in the telemetry electronics. Each subcarrier oscillator is modulated by a single signal but the signal can, by sampling, represent up to 8 individual signals. This technique embeds a time division multiplex
within a frequency division multiplex. The disadvantage of using analog multiplexing
schemes is that the signal characteristics are preserved only to an extent limited by the mux
(multiplexer) sampling rate. The signals multiplexed in the STAFF system are predominantly regulator voltages or pulse event functions of which the signal characteristic is not
critical.
INDEPENDENT BATTERY SOURCE
Since the STAFF projectile is powered by a thermal battery, it was necessary to power the
analog telemetry independently from the other subsystems. The 28VDC required to operate the analog telemetry is derived from this independent module previously identified.
This independence from the other STAFF components is the reason for the analog telemetry nomenclature “Independent Telemeter,” (ITM).
The digital telemetry system is the second part of the XM943 composite telemetry system.
It is used in a tactical configuration, as part of the XM943 integrated subsytems Therefore,
it derives power directly from the STAFF thermal battery due to its tactical configuration.
It is then dependent upon the XM943 system power to operate - hence its nomenclature,
“Dependent Telemeter,” (DTM).
DIGITAL TELEMETRY
The XM943 uses a true-FM, modified, video transmitter to send data from the
TMS320C30 digital processor serial port to the telemetry receiving station in an IRIG
standard BIMBM, PCM format. While the processor could be used to implement the digital
encoding, the choice was made to develop an external ASIC to interface with the C30’s
serial port and format the data. This approach saves on the processing overhead for functions that are external to the basic performance of the XM943 system (i.e. telemetry).

The external ASIC performs 3 basic functions:
(a) Collection of data words from the C30 serial interface into a FIFO (first-in/first out)
memory / shift register.
(b) Insertion of IRIG standard synchronization word into serial data stream
(c) Implementing a BI-M algorithm to encode the data for transmission
The FIFO is used to buffer the flow of asynchronous data as received from the digital
processor interface. The resultant serial digital stream is 6.3 Mbps BI-M coded The
transmitter is a 0.5Watt , FM, phase locked loop device operating at S-band. In order to
meet the transmission bandwidth requirement for 6.3 Mbps bi-phase, the transmitter has a
frequency response from 20Hz to 12 MHz. Crystal stability is achieved by a 16MHz reference oscillator that is divided down to drive the phase detector along with the divided output from an S-Band VCO. The capture time (phase lock acquisition) is under 50 ms after
acquisition of power. In conjunction with a wideband FM receiver, the maximum 20KHz
incidental FM specification makes the transmitter useful during gun shock to collect
preshock data.
The FM transmitter incorporates a premodulation filter at the front end to accommodate
the 6.3Mbit TTL level and remain within the IRIG spurious response and bandwidth requirement specified in the Frequency Management Plan. Other digital front end techniques
typically include pulse shaping but is unnecessary in the STAFF DTM due to the quality of
the interface between the digital processor and the DTM on the XM943. The ITM utilizes
the same transmitter as the DTM digital telemeter excluding the digital front end. Additionally, it is packaged into a lower profile package. The DTM telemetry stream is organized into 16 bit words that represent the status of the control systems within the XM943 in
response to the subsystem input signals. The DTM transmitter is shown in figure 3.
DUAL TELEMETRY ANTENNA
The ITM analog telemeter and the DTM digital telemeter are both operated into a dual
antenna assembly which consists of a printed circuit board with two series-fed arrays, one
at 2235.5 MHz (DTM) and the other at 2254.5MHz (ITM). The antenna is bonded to a
partial section of the XM943 into a recessed top cover which houses the liner and warhead
mechanisms. The two series-fed arrays are terminated with a resistor into a quarter-wave
stub with sufficient isolation between bands. The antenna is called an “end-fire” radiator
with most of the pattern gain directed towards the rear of the projectile for the field set up.
The antenna offers a 6dBiL gain over the conical plane 60-70 degrees and is used in the
field testing. Two receiving antennas in the field setup have gains of 26dBi (Dish) and 15
dBi (helical) with beamwidths of 10 and 30 degrees respectively in order to support testing
over a 4 Kilometer range for the STAFF projectile with sufficient margin.

Figure 3. DTM - digital telemetry system
The dual antenna assembly is configured in a uniquely compact form factor to complete
the telemetry components that comprise the XM943 test strategy.
In the laboratory, the telemetry supports the testing of the integrated system in a hardware
integration setup referred to as a “hardware-in-the-loop” test facility. The hardware-in-theloop is constructed to test the dynamic response of the projectile control systems with
stimuli to the various subsystems and demonstrate the mission sequence on a spin fixture.
This setup gives comprehensive test capability to the XM943 in a laboratory environment.
The mission sequence is initiated and telemetry data is collected over hardwire in the laboratory to confirm the operation of each subsystem. During the laboratory test, changes can
be made to the operational algorithms via software modifications and each subsystem can
be studied for responses to various stimuli under temperature extremes.
It is this level of testability that is defined as comprehensive because the tester has the capability to study the input/output (transfer function) of individual components and characterize their interface into the microcontroller for the system. This is a test level typically
associated with bench methods, but is achieved through the telemetry link. It is possible
then to capture this level of testability in the field, taking the “lab to the field.” A type of
reverse test engineering is applied in the comprehensive test plan due to the creation of
laboratory capabilities in the STAFF projectile. Typically, the laboratory is designed to
duplicate the actual test environment as closely as possible.

CONCLUSION
Classic telemetry system organization falls into two approaches: FDM and TDM.
Utilizing the analog (FDM) telemeter in harmony with the digital (TDM) telemeter, combines the total or comprehensive capability for telemetry measurement within a system and
gives the system this level of testability.
There were two main objectives to meet for “comprehensive-testability” for the STAFF
projectile:
I. System performance testing and evaluation
II. Replication of system functions for post-test study.
In scoring Army weapon programs, the system development phase leads to performance
evaluation. The performance of the STAFF round is mainly evaluated from the DTM telemetry data. The DTM data set includes:
a. verification of system operation through signals such as: Mission status signals
b. validation of processor operation through system initialization
c. status of subsystem operation during the control event cycle
d. subsystem outputs during the operational modes in test.
In scoring the performance of smart weapon systems such as the XM943, it is useful to
have the comprehensive 2-Layered test approach. Traditional methods of testing have been
designed to learn more about system functions and malfunctions solely from hardware recovery and failure analysis studies. While this cannot be eliminated as a standard practice,
it is often unreliable in circumstances when hardware recovery is unfeasible. Smarter
weapons demand smarter testing strategies.
Smart weapons are built around microprocessor control and programmability. In a comprehensive test strategy, the telemetry must not only be the object to achieve testing, but it
must be subject to testability as well. Within the scope of these digital processors is an inherent capability for signal generation and for implementing algorithms to test bit errors
and this represents the core of validation testing for the dual telemetry links as well.
First generation test strategies for the XM943 smart weapon system utilized one half of the
telemetry capability by employing analog telemetry in the subsystems level test phase and
eliminated the digital telemetry approach to study the processor responses. The second
generation combined the two systems to integrate the functions and study the complete
system response. The next generation of testing on such smart weapon systems must include programmability within the subsystems themselves, including telemetry. “Smart
transducers” will be the link that ties in missing functions from the model for comprehensive testability established in this paper. Allowing the sensors to see the flight conditions
and interfacing their responses into a composite telemetry system will carry the capability

for simulation out to the field test site and give the tester immediate access to expected
mission profiles in a pre-test, near actual flight environment. These results can be overlaid
onto the actual test results for immediate determination of performance and for a more
complete study in post test analysis.
While the direction has been to pack more measurement capability into more compact volumes, care must be taken to retain technologies which provide the most intuitive, and
comprehensive picture of system performance. The integration of analog and digital telemetry approaches give the tester that ability for total test.
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ABSTRACT
JAMI, a 1997 new-start multi-year CTEIP program, will develop an integrated
instrumentation package for tri-service small missile test and training applications. JAMI
will provide telemetry, time-space-position information(TSPI), flight termination and endgame vector scoring in a low-cost, modular package that will allow world-wide test and
training -- eliminating, in most cases, the need for range-specific (or multi-system)
facilities. JAMI will incorporate GPS-based technology as the TSPI and vector scoring
engine, state-of-the art telemetry, and an off-the-shelf UHF Flight Termination Receiver
(FTR), and address the feasibility of a solid state programmable Safe-and-Arm. The effort
will include a Test Technology Development and Demonstration (TTD&D) risk reduction
effort which will: validate tri-service requirements, provide a technology demonstration,
assess the applicability of advanced antenna technology, and determine the achievable
performance and complexity of alternative kinematic GPS vector scoring techniques. To
effect the vector scoring function, a cooperative arrangement with the target will address
the mechanization of the target portion of the scoring function.

INTRODUCTION
For test and training applications, small missiles -- such as the AMRAAM, RAM,
Standard Missile, and the Evolved Sea Sparrow Missile (ESSM) -- must be instrumented
to provide four range functions: telemetry, time-space position information (TSPI),
destruct, and end-game scoring. There is a need for the development of Joint Advanced
Missile Instrumentation (JAMI) because:
• There is no single instrumentation package that supports all four functions
• The instrumentation that does exist is range specific
• JAMI would provide a cost-effective solution to end-game scoring, thus eliminating
the need for vector scoring systems such as NAVS (which in fact has been recently
canceled)
• Existing state-of-the-art instrumentation package such as the AMRAAM Warhead
Replacement Tactical Telemetry Module (WRTTM) supports missile destruct,
missile tracking, and telemetry, however, it
− does not support end-game scoring,
− is Gulf Range Drone Control Upgrade System (GRDCUS)-based, which limits
test and training to the Gulf Range.
− does not contain a dual redundant FTS, and
− is expensive
Advancements in GPS technology, e.g., kinematic processing and small digital translators,
can overcome these two deficiencies, i.e., no single instrumentation package and test &
training limited to specific ranges.
JAMI will have applicability to tri-service small missile programs, e.g., JAMI has support
from the HARM, Standard Missile and ESSM program offices, as well as the Next
Generation Target Control System (NGTCS) and RAJPO programs. For these reasons,
OSD chose to initiate in FY 97 a CTEIP program. As part of this effort, OSD is also
providing ‘Test Technology Development and Demonstration (TTD&D)’ funding that is
earmarked to mitigate the risks associated with JAMI development.
BACKGROUND
There are a host of participant types in a typical test or training scenario, though many
scenarios involve a shooter aircraft, a missile and a target drone. OSD-sponsored programs
are providing GPS-based TSPI for each of these platforms.
The GPS Range Applications Joint Program Office (RAJPO) at Eglin Air Force Base
began the development of GPS equipments for range applications in 1983. RAJPO was

chartered to develop a family of GPS equipments to track test range airborne and groundbased platforms. During the last ten years, GPS receivers have been shown to provide high
accuracy (2-4 ft RMS) real-time TSPI for tracking a wide range of user platforms,
including high-dynamic shooter aircraft.
In addition, GPS translators have been shown to support very high dynamic platforms (>60
Gs) and for certain applications can provide sub-foot non real-time TSPI. In January 1996,
RAJPO released an RFP for the next generation digital translator development, referred to
as Translated GPS Range System (TGRS). TGRS will be a candidate GPS engine for
tracking missiles.
In the summer of 1995, the Next Generation Target Control System (NGTCS) awarded a
contract to develop a tri-service interoperable target control system. NGTCS will make
GPS the standard for target-based TSPI.
JAMI, the natural extension of the TGRS development, will provide a small missile the
same testing flexibility as GPS affords the target and shooter, i.e., the capability to be
tested anywhere in the world. As a case in point, the Swedish Government has been
looking to the US to provide GPS-based instrumentation for shooters, missiles, and targets
that would be flown on their Arctic range. This range is shared by many foreign countries.
RAJPO/NGTCS equipment is being considered for the shooter and target instrumentation;
JAMI will fulfill the missile instrumentation requirement.
RISK REDUCTION AREAS
The TTD&D (i.e., risk reduction) portion of the program has two goals:
• Assess the end-game scoring performance, and implementation issues of alternative
GPS-based processing algorithms (with particular attention paid to the impact on
NGTCS and RAJPO instrumentation) to ascertain the feasibility of using GPS for
end-game scoring
• Assess the performance of alternative multi-band conformal antenna design
approaches to derive a JAMI baseline.
End-game Scoring Accuracy - Translators have been shown to provide the required
accuracy to support missile tracking through the use of differential processing. Accuracies
on the order of 2-4 feet are achievable for P-code translators. In end-game scoring, the real
concern is relative accuracy between the target and the missile. In this case, the target is
equipped with a P-code receiver (NGTCS) and the missile is equipped with a translator
(TGRS), probably a ‘reduced bandwidth’ P-code design. The relative accuracy in a post-

mission mode should also be 2-4 feet. However for end-game scoring, better than 1 foot
accuracy may be required.
To achieve <1 foot accuracy requires kinematic processing, a technique that determines
position based on contiguous Doppler measurements of the GPS carrier. Kinematic GPS
has been successfully used in low-to-moderate dynamic applications, but its application to
the end-game scoring scenario is inherently risky for the following reasons:
• End-game scenarios involve high dynamic maneuvers which can cause the GPS
receiver to ‘cycle slip’. If undetected, this will have a deleterious effect on accuracy
• Antenna motion on high dynamic platforms can introduce phase variations that need
to be taken into account
• Long observation times (to resolve ranging ambiguities) could affect the time during
which kinematic accuracy is available
• The GPS measurements are from two fundamentally different processors. The ideal
situation for achieving maximum accuracy is GPS measurement from identical
equipments, i.e., two receivers or two translators, processing the same GPS signals
using the same computational techniques. In this case, we have a translator and a
receiver. The receiver provides, at best, integrated Doppler measurement samples
to the ground, while the translator provides the entire GPS spectrum for groundbased processing.
Antenna Design - The second major area of concern is the development of an antenna
system to support the instrumentation. The proposed system requires the development of a
three band antenna, i.e., receive-only UHF, receive-only L-band, transmit only S-band. In
addition, the antenna must be of a conformal design mounted over a limited area of the
missile surface and be able to support the link budgets of the various rf systems (UHF
destruct , L-band GPS satellite reception, S-band telemetry and GPS translator signal
downlink). Although this is a difficult design problem, it can be solved with modern
conformal antenna technology. The design issue is the development of a cost-effective
solution that can be easily adapted to different missile sizes.
JAMI APPROACH - TTD&D effort
A two-phased TTD&D approach has been proposed:
• Phase 1 will focus on validating the end-game scoring accuracy requirement and
evaluating existing GPS low cost hardware to determine the accuracy and dynamic
robustness of existing receivers.

• Phase 2 will investigate the applicability of advanced conformal antenna technology
to provide a high performance multi-band antenna subsystem, and the achievable
performance and complexity of alternative kinematic processing techniques.
Phase 1 - An assessment will be made of the achievable accuracy of existing GPS
technology without resorting to kinematic techniques. Two tests were conducted using
comercail off-the-shelf receivers on a supersonic track vehicle. In the first test, a power
supply failure limited the solution to the first three seconds of flight. The maximum
acceleration was greater than 20 g. The results of the first test is shown in figure 1 and
indicates that the GPS receiver was able to track through the high jerk of ignition and
maintain track through the first three seconds when power was lost. The offset of the GPS
solution has been traced to the g sensitivity of the crystal clock.
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Figure 1. Test #1 position verses time
Figure 2 shows the results of the second test. In this test Ashtech, Inc. G12 and GG24
receivers were used and compared to ground truth. The position solutions were better than
the first test but complete data analysis has not been completed.
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Figure 2. Test #2 position verses time.
Phase 2 - The following will be explored:
• Performance of alternative multi-band antenna designs. This is envisioned to be a
paper/simulation analysis, supplemented with available empirical data
• The performance, complexity of alternative kinematic algorithms
• The benefit of using a translator in the target (vs. a receiver)
• Ambiguity resolution as a function of number of receiver tracking channels and
satellites in view
• Performance vs. dynamics
• Performance vs. translator implementation (L1 or L1/L2, C/A or P-code, full or
reduced bandwidth P-code)
• Optimal ways to exploit IMU data for use in the kinematic solution
• Solution settling time vs. dynamics and kinematic algorithm.
The results of this effort will provide a baseline for initiating the main line CTEIP program
aimed at developing a cost-effective missile instrumentation package.

JAMI APPROACH - Main Line CTEIP Program
The JAMI CTEIP effort will consist of several component development initiatives and one
or more missile integration demonstrations. Based on the results of the TTD&D effort,
development specification will be prepared and contractors selected for primary system
components such as the programmable SAF, the TSPI GPS tracking receiver and the end
game scoring engine. The CTEIP portion of the JAMI program is scheduled to last for four
years with funding beginning in 1999.
The JAMI CTEIP program will concentrate on the development of prequalified
instrumentation, TSPI tracking, scoring and flight termination system (FTS) components
and will demonstrate several of these components in an integrated package. A goal for the
FTS part of the effort is the development of miniature, dual redundant hardware that can be
prequalified to levels which envelope existing missile environmental levels.
Another product to be delivered is a design toolbox. This toolbox will be an electronic
database which includes a information on JAMI qualified hardware, qualification test
reports, telemetry system design tools such as range TM link calculations, and
programmable component programming interfaces.
In addition, JAMI may also consider:
• Technology insertion options such as advanced receiver/inertial technology that
could eventually replace the translator, i.e., today’s receiver technology can not
track in high dynamics and, today, an inertial can not be used to aid the receiver
because of size constraints. However, a receiver/inertial solution would
significantly reduce the downlink bandwidth requirements from MHz to kHz.
• Techniques to eliminate the UHF antenna by finding alternative means of
implementing missile destruct using L-band, i.e., reworking range safety for a
different system can be very costly. However, eliminating UHF would help mitigate
the antenna design/cost problem.
SUMMARY
GPS technology offers the means to develop instrumentation for small missile test and
training applications. Joint Advanced Missile Instrumentation (JAMI), building on prior
GPS development efforts, will provide an integrated low-cost package that will support
small missile testing anywhere in the world. As such, JAMI will complement the NGTCS
instrumentation development for targets.

Because of the risk associated with the antenna design and the kinematic processing for
end-game scoring, TTD&D risk reduction funding is included in the JAMI funding profile.
Integration of JAMI developed components into candidate missile platforms will begin
around the year 2000.
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ABSTRACT
This student paper was produced as part of the team design competition in the
University of Arizona course ECE 485, Radiowaves and Telemetry. It describes the design
of a telemetering system for race cars.
Auto Racing is an exciting sport where the winners are the ones able to optimize the
balance between the driver’s skill and the racing teams technology. One of the main
reasons for this excitement is that the main component, the race car, is traveling at
extremely high speeds and constantly making quick maneuvers. To be able to do this
continually, the car itself must be constantly monitored and possibly adjusted to insure
proper maintenance and prevent damage. To allow for better monitoring of the car’s
performance by the pit crew and other team members, a telemetering system has been
designed, which facilitates the constant monitoring and evaluation of various aspects of the
car. This telemetering system will provide a way for the speed, engine RPM, engine and
engine compartment temperature, oil pressure, tire pressure, fuel level, and tire wear of the
car to be measured, transmitted back to the pit, and presented in a way which it can be
evaluated and utilized to increase the car’s performance and better its chances of winning
the race. Furthermore, this system allows for the storing of the data for later reference and
analysis.
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INTRODUCTION
In auto racing it is important that the driver knows when is the optimum time to make a pit
stop. Until now, pit crews and drivers have had to make educated guesses as to when to
make the pit stops. A telemetering system has be designed to allow continual monitoring of
the car’s performance by the pit crew. This telemetering system will provide a way for the
speed, engine RPM, engine and engine compartment temperature, oil pressure, tire
pressure, fuel level, and tire wear of the car to be measured, transmitted back to the pit,
and presented in a way which it can be evaluated and utilized to increase the car’s
performance and better its chances of winning the race. Furthermore, this system allows
for the storing of the data for later reference and analysis, which will provide valuable
insight to the driver’s and pit crew’s decisions made during races.
SENSORS
The sensors perform the incredible task of turning a mechanical or thermal quantity such as
pressure or heat into an easily measurable and transmittable quantity such as voltage. They
provide all information which will be transmitted and analyzed later on. Because of this, it
is essential that the sensors are set up in a way that they will provide accurate and precise
data.
First of all, two different sensors will be used to measure temperature. One of these
sensors will be measuring the temperature of the coolant in the car’s engine. The sensor
used in this case is a temperature-sensitive thermocouple. The temperature sensor must
have an operable range from 0EF to 400EF, to include any possible temperatures at which
the engine may operate. Furthermore, these sensors should have a resolution of 0.1EF. A
type “T” thermocouple has been chosen because it has a fairly linear behavior over a
useful range of - 454EF to 752EF.
As mentioned earlier, the resolution of this sensor must be up to 0.1EF. From this, the
required bit rate of the A/D converter can be calculated as follows:
2N = Range / Resolution
Range= 400EF
Resolution = 0.1EF
N = Log2 (400 / 0. 1)
N = 12 bits

(1)
(2)
(3)
(4)
(5)

This indicates that the A/D converter’s output will need to be at least 12 bits. The
measurement provided by this temperature sensor will need to be provided 1 time per
second. This equates to 1 sample per second and an output bite rate of 12 bits per second.

The next sensor to be discussed is the one which will be used to measure the ambient
temperature of the engine compartment. This task will also be performed by a type “T”
thermocouple. The ambient temperature of the engine compartment is a less vital statistic
than the temperature of the engine itself. For this reason, the ambient engine compartment
temperature will only be measured once every 10 seconds. This equates to 0.1 samples per
second and an output bite rate of 1.2 bits per second.
The next subgroup of sensors are those which measure speed. The first will measure the
speed at which the car itself is traveling. This will be accomplished by a dual-coil
electromagnetic linear-velocity transducer. The range of car speed for which this sensor
must measure is 0 to 300 MPH. The particular velocity transducer used in this instance
will have an output voltage range going from 0 - 10 V. The resolution of the car speed
measuring subsystem must be up to 0.1 MPH. The speed of the car is a very important
piece of data which must be sampled 10 times per second, which equates to a bit rate of
120 bits per second from this A/D converter.
The revolutions per minute of the car’s engine, or the speed at which the engine itself is
turning, is also a vital statistic of the car’s performance. For this sensor, a range going from
0 to 15,000 RPM must be detected with a resolution of at least 1 RPM. A transducer with
output voltage varying from 0 - 20 V DC would be appropriate in this case. The bit rate of
the A/D converter for this sensor is found to be 14 bits. The engine RPM will also be
sampled at a rate of 10 samples per second, giving an A/D converter bit rate of 140 bits
per second.
Oil and tire pressure are measured using a strain gauge. The range and resolution for the
oil and tire pressure sensors are the same, range: 0 - 100 psi and resolution: 0.1 psi. The
number of bits needed to achieve this resolution, similar to the previous sensor bit
calculations, is n=10 bits. A higher sampling rate was used for the oil pressure due to the
more critical nature of it to the car’s performance. Oil pressure is sampled 2 samples/sec,
whereas, the tire pressure is sampled 1 sample/sec.
The fuel level sensor is accomplished using a differential-pressure transducer. Fuel level
will be monitored with a range of 0 - 30 gallons and with a resolution of 0.1 gallons. Fuel
level can not change very quickly, therefore, it only needs to be sensed at a sampling rate
of 1 sample / sec. As shown in previous bit calculations, the number of bits needed to
acquire the specified resolution and range is ten bits, n = 10.
Tire tread can be sensed by using optical sensors. A collimated source is mounted on the
inner side of the wheel well. On the opposite side of the wheel well a photodiode is
mounted. When the tire tread is a 100% the beam will be completely blocked by the tire
and as the tire tread decreases the amount of light on the photo-diode will increase. Light

on the photodiode will cause an output voltage across the diode, and as the amount of light
on the diode increases the voltage across the diode will increase. Therefore, the tire tread
is inversely proportional to output voltage across the photo-diode. Calibration of the output
voltage and tire tread can be done, with 0 volts across the diode corresponding to 100%
tire tread, and critical output voltage corresponding too little tire tread left and a pit stop
needed.
Tire tread can be measured with a range of 0 - 2 inches and a resolution of 0.001 inches. In
order to achieve these specifications, similar to the previous bit calculations, the number of
bits needed is eleven bits, n = 11. The rate at which the tire tread changes is not extremely
fast, thus a low sampling rate of 1 sample / 10 secs is used.
FRAME CONSTRUCTION AND SYNCHRONIZATION
The digital data produced by the payload sensors need to be put in a predefined format so
that the receiver will recognize the sent data. Each sensor in the payload will occupy
designated place in the frame. Each frame, called a major frame, contains minor frames
with a defined format and number.
In the design of the car race telemetering system there are 8 types of sensors discussed in
the sensors section. Each one of these sensors has a sampling rate which controls the
frequency of which a certain parameter is measured. The minor frame used to package the
data of the sensors is shown in figure 1. This format of the minor frame uses 8-bits words,
so each block in the diagram except the first block, the synchronization, represents one
word. The first sensor is the speed sensor which needs to be sampled 10 times each
second. Each sample in the speed sensor has 12-bits. The RPM (Revolution Per Minute)
sensor is sampled at 10 samples/sec. with each sample containing 14 bits. The speed
sensor takes 15 words and the RPM sensor takes 17 words and 4-bits overflow which can
share half a word with another sensor. The fuel level measurement is sampled at 1
sample/sec. and each sample is 12-bits. This can be put in one and a half words. The oil
pressure sensor sampling rate is 2 samples/sec. with each sample containing 10-bits. This
will take two words and 4 overflow bits that share half a word with the RPM. The tire
pressure sensor sampling rate is 1 sample/sec. with 10-bits per sample which will take one
word. Two bits share 1/4 word with the tire wear and ambient temperature. The engine
temperature sampling rate is 1 sample/sec. and each sample is 12-bits; in frame words it
will take 1.5 words sharing half a word with the overflow from the oil pressure sensor. The
last two sensors are the tire wear and the ambient temperature sensors which have the
same sampling rate of 0.1 sample/sec. and 12-bits per sample. Each one of these sensors
will take 1-bit in the last word where 2-bits are already taken by tire pressure overflow
which leaves 4 empty bits in the word.

Figure 1. Minor Frame.
For the data produced by these sensors to be packaged properly, each sensor has to appear
at least once per major frame. This can be achieved by packaging 12 minor frames in each
major frame. Figure 2 shows the structure of the major frame.

Figure 2. Major Frame.
To establish major frame and minor frame synchronization, synchronization codes are
needed for each one. It is required to acquire a major frame synchronization with low false
lock probability because of the large data it contains. For this reason, a 32-bit
synchronization code is used with perfect correlation. With perfect correlation the
probability of false lock is calculated by:
Pfl = 1/2N
(6)

where is N is the number of bits in the synch. word. This will give us a probability of false
lock of 2.33E-10 per second. A predetermined optimal synchronization code of
774654502008 is used [3].
For the minor frame synchronization, a 32-bit word is more than we need, therefore, a
24-bit synchronization code is needed for several reasons. First of all, it can take an
increment of 8-bit words. The second is that with the high BER of 10-8 it would be rare to
have errors that need more than 24-bit words. A predetermined optimal synchronization
code of 75362630008 is used [3]. Perfect correlation is also used in searching for the
synch. word for the minor frames. This will yield a false lock probability of 613-8 false
locks per second.
MODULATION
The provision of reliable performance, exemplified by a very low probability of error, is
one important goal in the design of a digital communication system. Another important
goal is the efficient utilization of channel bandwidth. In this section, a bandwidthconserving modulation scheme was studied. For that purpose, quadrature phased shift
keying (QPSK) was chosen as the modulation scheme because it has low bit error rate,
narrow bandwidth and low carrier power.
The in-phase channel makes a decision on one of the two bits constituting a symbol (dibit)
of the QPSK signal and the quadrature channel takes care of the other bit. By doing some
derivation, the bit error rate of QPSK is:
(7)
BER is chosen to be : BER = 10-8 to reduce the bit error at the design.
Rb is chosen to be 1000 bps because the only data needed to be transmitted is the
information that performs synchronization. A frequency of 1428 MHz is chosen since the
car is mobile and is moving on land. The frequency range for this situation is 1427-1429
MHz. Bandwidth is chosen to be 0.5 MHz to satisfy the IRIG emission standard, and to
ensure the data transmission efficiency.
ANTENNA DESIGN/MICROWAVE TRANSMISSION
The antenna for the telemetry system needs to be unobtrusive, therefore not hindering the
aerodynamics of the race car. A small antenna such as the monopole is good for
transmitting because of its broadband characteristics and simple construction. On the
receiving end size is less of a factor, but still important. The dipole works well as a

receiving antenna. It is also simple to construct and has similar characteristics to the
monopole.
The antenna system requires a few other components other than the antennas. On the
transmitting side, a transmitter and an amplifier (depending on signal strength and
component gains) are required. The receiving end requires a low noise amplifier, down
converter (mixer), amplifier and a receiver. These individual components are connected by
coaxial cable.
The system temperature at the receiver is given by:
Tsys,r = (Ta + TLNA + TAMP) GAMP + TRCV

(8)

The carrier to noise ratio is the ratio of the received power level to the thermal noise
power:
(9)

The energy per bit to unit bandwidth noise power ratio is shown as:
(10)
Table 1 shows the calculated values of the link power budget.
TABLE 1
Link Power Budget Values
Component

Value

Value(dB)

C

6.923E-10

-91.597

N

1.202E-13

-129.201

C/N

5.762E3

37.605

Eb/No

2.88 1 E6

64.595

A reasonable minimum fade/attenuation margin is found by calculating the energy per bit
to unit bandwidth noise power ratio in decibels as:
(11)
The calculated value is 88.097dB. Assigning a minimum fade/attenuation margin of 15dB
will provide link closure. This will give a link power budget Eb/No = 79.595dB, which is
far below 88.097dB.
A summary of calculated antenna values is shown in Table 2.
TABLE 2
Final Specifications
Component

Specification

Transmit EIRP
Receiver Tsys,r
Link Distance
Receiver Bandwidth
Operating Frequency
Minimum BER(QPSK)
Minimum Fade
/Attenuation Margin
Data Rate

7.818dBW
1.741E4K
max@ 2km
0.5MHz
1428MHz
E-8
15dB
1 Kbps

DATA STORAGE AND DISPLAY
The final phase of the design will include a complete data storage and display facility.
With the increasing availability of Commercial-Off-The-Shelf (COTS) software that can
complete these requirements and the low overhead needed to run them, it is fairly easy to
design and build an efficient, cheap, and practical interface system.
All interface design requirements are met with a COTS product, called Labview. Labview
is a graphical software utility based on C programming language, however it is such a
high-level language, that the user does not need to know any of the underlining principles
of C.

Figure 3: Graphical Interface displaying sample data read from frames.
The data in the frames transmitted includes speed, revolutions per minute (RPM), fuel
level, oil pressure, tire pressure, engine temperature, ambient engine compartment
temperature, and tire wear. These quantities are easily sorted in Labview given the frame
format, and an example of the data display is given in figure 3. The speed of real-time
updates in the display depends solely on the environment that Labview is running on,
which is outlined for this design in the hardware section. The software can be used to
check data for limiting values, predict future values, or use a combination of any
parameters to calculate relevant information, such as speed and fuel level to display
percentage of fuel being burned. The user could easily add to the display to customize, for
example it would be trivial to add a button that lights up when the engine temperature
reaches a critical value, telling the pit to warn the driver.
CONCLUSION
The designed telemetering system provides a means to monitor the driver’s and the car’s
condition and help make decisions on when pit stops are needed. This will increase the
safety to all drivers. No longer will there be a car on the track that does not have the safe
amount of tire tread to allow proper traction. For example, a car that has just sprung an oil
leak will detected by the pit crew with the oil pressure sensor. The pit crew can then flag

in the driver and prevent the car from spreading oil on the track causing unsafe driving
conditions, and possibly saving the engine from any permanent damage. Monitoring of the
car will allow the pit crew to make informed decisions of when the driver should make a
pit stop. This system will also allow analysis of the pit crew’s decisions and driver’s
techniques used in past races. The driver will now be able to concentrate on his driving,
rather than on monitoring the car’s conditions. Remote sensing of the car’s condition will
increase the safety in the racing industry and raise auto racing to the next level of
competition.
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ABSTRACT
This paper examines the effect of antenna gain pattern on multipath fades for a typical
aeronautical telemetry system. Assuming a parabolic reflector antenna at the tracking
station and a single specular reflection as the source of multipath, an expression for the
fade depth which incorporates the attenuating effects of the antenna gain pattern is derived.
A representative example is presented which demonstrates the utility of the expressions
derived.
INTRODUCTION
Many aeronautical telemetering systems suffer from multipath interference. Multipath
interference results when reflected copies of the transmitted waveform combine
destructively at the receive antenna at the tracking site. The most common multipath
scenario is illustrated in Figure 1 where a single specular reflection is the dominant cause
of multipath interference. A fade occurs when the relative delay between the line-of-sight
path and the reflected path are such that the two waves are 180 degrees out of phase.
Much of the time, the effect of the specular reflection can be ignored since the antenna
gain pattern significantly attenuates the signals arriving at an angle outside the main lobe of
the antenna gain pattern. This paper quantifies the effects of antenna gain pattern on the
fades due to multipath as depicted in Figure 1. The result allows a more accurate
prediction of the link margins required to overcome fades due to multipath.

Figure 1: Multipath Interference in a Typical Aeronautical Telemetry System.
MULTIPATH INTERFERENCE
PCM/FM is a commonly used modulation format for aeronautical telemetry links [1].
Since PCM/FM is a constant envelope modulation, the effects of multipath may be
quantified using simple sinusoids. In this case, the received signal r(t) is the sum of the
line-of-sight signal (the signal that traverses path r in Figure 1) and the reflected signal (the
signal that traverses paths m1 and m2 . The received signal may thus be expressed as
(1)
where A is the amplitude of the line-of-sight signal; T0 is the carrier frequency; ' (0# '#1)
is the reflection coefficient which is a function of the reflecting medium, the incidence
angle N, carrier frequency, etc.; J is the time delay of the specular reflection relative to the
line-of-sight signal; and ( is the phase shift induced by the reflecting medium. Defining
2 = ( ! T0J, r(t) may be expressed as
(2)
(3)

The received power is thus
(4)
which is a function of 2 and '. The relative phase 2 is a function of J which is
determined by the geometry of the environment (d, htx, and hrx) using the following
equations derived using simple geometry defined in Figure 1:

(5)

where c is the propagation velocity and
(6)
(7)
(8)
(9)
' is determined by the properties of the reflecting medium which is a function of the
incidence angle, carrier frequency, polarization, etc.
Traditional link budgets do not assume a multipath reflection and count only the power
received via the line-of-sight component. In this case, the received power is the special
case of (4) when ' = 0. The multipath reflection causes constructive or destructive
interference depending on relative phase angle 2. Constructive interference results when
!B/2 # 2 # B/2 and achieves a maximum value
(10)
Destructive interference results when B/2 # 2 # 3B/2. Deep multipath fades occur when
the received power achieves its minimum
(11)
ANTENNA GAIN PATTERN
A good tracking antenna has a high gain and a narrow beam. These features are
represented by an antenna gain pattern which plots the receive gain as a function of angle
off boresight, 2b. For a parabolic reflector, the gain pattern is given by [2]
(12)

where J1(@) is the Bessel function of the first kind,
(13)

and
(14)
where 0 is the illumination efficiency. The gain pattern (12) is illustrated in Figure 2 for an
8 foot parabolic reflector operating at L-Band (1500 MHz). This gain pattern is
characteristic of most produced by aperture antennas: a main lobe centered about boresight
(2b = 0) and recurring nulls which separate the side lobes. For this antenna, the first nulls
on either side of the main lobe occur at ±5.7E producing a main lobe beamwidth of 11.4
degrees. (The 3 dB points are at approximately ±2.75 degrees so that the 3-dB beamwidth
is approximately 5.5 degrees.) The highest side lobes are 17.3 dB below the center of the
main lobe. For example, if the arrival angle of the multipath reflection is at 2b = -5.7
degrees, the multipath reflection is completely eliminated by the first null in the antenna
gain pattern. The amount by which the specular reflection is attenuated by the antenna gain
pattern is a function of the arrival angle
(15)
where
(16)
(17)

Figure 2: Gain Pattern of an 8 foot Parabolic Reflector at 1500 MHz.

The effect of the antenna gain pattern on the multipath fades is incorporated into
Equations (1) and (3) by normalizing the received line-of-sight power to the boresight gain
using
(18)

so that

(19)
A plot of the received power for typical values at Pt. Mugu [3] is shown in Figure 3 for
a flight over sea water which computes the reflection coefficient following [2, pp.185187]. The received power considering the multipath reflection is shown in the solid line
and the received power without multipath is shown as a dashed line. It is clear that as the
distance between the transmitter and receiver changes, the relative phases of the line-ofsight and specular reflection cause alternating periods of constructive and destructive
interference. The nulls due to destructive interference get deeper as the transmitter-receiver
separation increases. This is due to the decreasing elevation angle of the receive antenna
which has the effect of reducing 2b so that the specular reflection is received closer to the
center of the main lobe. Figure 4 plots the arrival angle, relative to antenna boresight, of
the multipath reflection (the dashed line is the angle of the first null in the antenna pattern
illustrated in Figure 2). Together, these figures illustrate that multipath interference is
negligible when the multipath reflection arrives outside the main lobe of the antenna beam
pattern (i.e. 2b < !5.7E).
The nulls in the received power of Figure 3 are F dB below the fine-of-sight signal
power where

(20)
When u < < 1 (which occurs when sin
significant multipath interference [4]

which is the case of interest for

(21)

so that
(22)
In terms of known values, F may be approximated as

(23)

A comparison between the fade depth predicted by Equation (20) and the approximation
of Equation (23) illustrated in Figure 5 demonstrates the accuracy of the approximation for
the example. For the example presented in Figure 3, the approximation (23) is good when
2b < 1.5E. The only null which occurs in this range is at d = 259 km. The depth of this null
predicted by (23) is 14.3 dB whereas the actual value is 14.5 dB.

Figure 3: Received Power vs. Distance for Transmitter Altitude = 3 km, Receiver Altitude
= 17 m, Transmit Frequency = 1500 MHz, Transmit Gain = -8 dB, Transmit Power = 2 W,
Transmit Polarization = Horizontal, and a 2.44 m (8 foot) Receive Dish.

Figure 4: Arrival Angle of the Specular Multipath Reflection for the Scenario Presented in
Figure 3.

Figure 5: Comparison of the Fade Depths Predicted by the Exact Expression (Equation
(20)) and the Approximation (Equation (23)).

CONCLUSIONS
This paper presents a mathematical expression for the depth of a multipath fade in an
environment common in aeronautical telemetry. The expression accounts for the
attenuating effects of the antenna gain pattern when the specular multipath reflection does
not arrive within the main lobe of the receive antenna. An approximation is also derived
which is shown to be quite accurate (within a dB) for the cases of interest. Using an
example, the method demonstrates the utility of the equations in predicting the fade depths
caused by multipath interference.
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ABSTRACT
Flight Safety concerns increase proportionally with increasing missile performance.
These concerns are greatest in the near launch arena where a missile has the greatest
potential energy. Systems such as radar, GPS tracking systems, and optics are normally
of limited use in this arena for a number of reasons. A system was required that would
provide useful tracking data in the first few seconds of a missile launch. This system has
met that requirement providing nominal path deviation data from the launcher out to as
much as 120 seconds.
The tracking system described herein uses the principle of radio interferometry to derive
phase difference measurements between carefully spaced antennas. These measurements
are transmitted to the Operational Display Facility and converted to a usable angular
deviation plot for use by Flight Safety Personnel.
This paper provides an elementary radio interferometer system background and discusses
this particular system setup and use. Some detail is provided on the premission simulation
and setup of the system as well as the real-time display setup and output of the final data
product.
KEYWORDS
Radio Interferometer, Angle Deviation Plot, real-time system, real-time software,
simulation plots, background plots, walk transmitter, transmitter walks, RDAS (Remote
Data Acquisition System).

INTRODUCTION
Radio Interferometer Systems have been in existence at WSMR since the 1950’s. At one
time WSMR operated three different interferometer systems that were staffed on a full
time basis. In the early 1990’s all interferometer systems at WSMR were shut down for
economic reasons. At the same time Flight Safety was beset with the problems of
insuring that high velocity maneuvering vehicles could be kept on range. Therefore
economics, continuing technical development, and Flight Safety Branch requirements
motivated the Remote Data Acquisition System (RDAS) development.
The RDAS emerged as a prototype system for a proposed Interferometer System
upgrade. The system upgrade failed, and the RDAS prototypes then made use of
components from one of the earlier systems that had been shut down. This was done in
the interest of making use of available assets. The two prototypes were brought into the
active inventory as certified systems. Two more vans which would be capable of tracking
two separate targets each were being constructed by our in house contractor. There are
two separate RDAS systems, one system capable of single target tracks, and one system
capable of dual target tracks. Both are certified (with qualifications) for use by the Flight
Safety branch. Both systems require fewer people, by a factor of three, than the earlier
counterpart system.
DISCUSSION
Radio Interferometry is based on phase difference measurements taken between separated
points to provide an angular measure to the source of the radio frequency. The path
lengths from the source to each antenna are measured and compared as phase difference.
The phase difference is mathematically converted to a direction cosine.
Looking at the geometry of the interferometer setup yields the following description. If
two antennas are placed on a common baseline, with known spacing, the vectors that join
the antennas to a common source of RF energy form a triangle. The phase delay at one
antenna as referenced to the other can be thought of as a measure of the difference in the
length of the vectors. This vector length difference can also be thought of as phase
difference. When considering the motion of the vehicle the varying difference in vector
length also becomes phase shift. By measuring the phase difference that exists at the
antennas it is possible to determine the cosine of the angle of the vector direction. Figure
1 illustrates this idea.
Mathematically the actual working equations are not complicated. The basic
interferometer equation from which the phase information is extracted is as follows:
cos α = PLD/BL

where... PLD /BL is the direction cosine expressed as cosα
...PLD is equal to the path length difference
...BL is equal to the distance between the antennas or can also be called the
baseline length.
The problem for the interferometer becomes one of finding the quantity PLD/BL. The BL
is found by using the survey data of the antennas themselves. The Cartesian coordinate
values are differenced to obtain the distance between the antennas. These distance values
are converted to wavelengths for the particular frequency of concern.
The path length difference calculation makes use of the idea that for practical purposes
any emitting RF source that is beyond about 100 times the baseline length is considered
to provide information at the antennas that looks as though it arrived in parallel paths
from the source. By using this mild assumption it is a simple matter to subtract one path
length from the other and come up with the path length difference. Figure 2 illustrates
this idea.
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From the geometry expressed in figure 2 the direction cosine “cosα“, can be visualized as
the trigonometric relationship cosα = Adjacent side / hypotenuse. The adjacent side
happens to be the PLD, which is determined by path 1 - path 2. The hypotenuse happens
to be the BL which is determined from Antenna 1 - Antenna 2 (Cartesian values).
SYSTEM ELECTRONICS
The RDAS systems are comprised of a triple down conversion dual channel receiver set,
a signal processor, and a host of equipment that is peripheral to the signal processor. A
very basic diagram is provided to show signal input, signal processing, and data output in
figure 3. Besides simply down-converting to a useful frequency, the receiver modulates

the incoming data with reference data by which the phase comparison can be made. The
receiver allows selection of an S band frequency anywhere in the range of 2200.5 MHz to
2299.5 MHz. Individual frequency spacing within the band is tuner selectable in 500Khz
increments. Carrier modulation on the S band frequency affects the system only in that it
spreads energy to the side bands and decreases the usable carrier signal level. The
receiver has a threshold at around -120 dBm depending on a few factors such as channel
balance, and location of the antenna field with respect to the receiver. The system
remains responsive to within 3dB of the system noise sensitivity.
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Figure 3 shows a single channel of the dual channel receiver. All channel 2 data is
derived from the same signal processor and is routed to the same data format and output
devices. The final RDAS data output is a weighted word that represents phase difference.
The word consists of eleven bits where the LSB is 20 and the MSB is 210. Data is
transmitted as 2400 baud modem data through Communication Facilities to the Range
Control Center.
FIELD SETUP
Each RDAS system consists of two self-contained vans, and the associated antenna
fields. The systems are mobile, but the fields would be better characterized as
transportable or even semi- permanent. The amount of proposed requirements in a
particular area is used to determine whether a portable field setup or a semi permanent
setup will be installed. The first down converter is located at the antenna field, and the
downconverted signal is routed to the van that is usually within 100 meters of the field.
The fields are generally located higher than the van to minimize reflections and
multipath. The vans themselves are generator powered and are also capable of using
commercial power.

SYSTEM OPERATION
Two personnel are required for system operation. System simulations are used to select a
site location. The simulations consist of a software routine that simulates idealized
system response. The main item looked at is the phase change rate to ensure that the filter
response of 30 Hz is capable of handling the relative missile dynamics. Other factors
looked at include heights of the chosen location with respect to the launcher. These
heights are checked due to the inability of the equations being used to resolve angles that
are less than the local horizon zero degree angle. The system has successfully used a
tilted plane in the antenna field setup for those times when the system was located at a
position higher than the launcher. This effectively provided an angle greater than 0
degrees to the launcher. The systems are then placed as close as practical to the antenna
field while maintaining minimal possible multipath conditions, and minimal distance to
communication facilities. Once the systems are set up and checked out, the real-time
computer operators direct what is referred to as a “transmitter walk”. A portable walk
transmitter is hand carried some distance in front of the field to provide the real-time
analyst with the indication that the system direction sensing is correct. Once these checks
are finished the system remains in readiness for the mission support. It is common
practice to evacuate the system at some time prior to the missile launch for safety
reasons. The systems are usually located within two to ten thousand feet of the launcher.
SOFTWARE ENGINEERING OVERVIEW
Previous RDAS real time software application was executed on a Perkin Elmer minimainframe computer and displayed through a VAX graphics system. These computers
were costly to operate, outdated, and used software that was difficult to develop and
maintain. A replacement platform was investigated and pursued.
The primary design goals were to process the incoming 20 Hz data without dropping
data; to provide an easy to use, user-friendly, and logical setup; to show active status
display indicators and messages; to provide informative real time graphics; and to support
Missile Flight Safety decisions during real time missions. Secondary design goals were to
provide customized real time plots and post flight analysis and diagnostics, such as data
preview and playback.
The PC platform and off-the-shelf software design packages were chosen to implement
the application, first, because of low cost, time constraints, and long-term supportability,
and, second, because of the transportability of the application to other PCs. The software
tools used were Visual Basic (VB), an object-oriented design package; Third Party VB
add-in Tools; Fortran, compiled as dynamic linked libraries (DLLs); and
Windows/Windows 95 operating system for the PC. Following is a discussion of the
application’s development and performance and how the design goals were met.

DATA FLOW & CAPTURE
RDAS phase difference data is routed from the field to the Range Control Real Time
Data Processing System (RTDPS). An Input Output Serial Processor (IOSP) converts the
serial raw data into a network message at a rate of 20 samples per second. A PC running
the WIN 95 RDAS application receives the raw data. To accurately determine the actual
vehicle movement and to obtain the full angles of the vehicle relative to the RDAS
system, the individual phase differences, including any ambiguities, must be summed
over time starting from a known location, usually the launcher.
Third Party Tools and Fortran software language generated DLLs were used to receive
the input measurements from the Ethernet. A Third Party TCP/IP socket add-on allowed
the application to directly access the Ethernet, receive the input from the Ethernet, and
buffer the data for processing. Adding the Third Party Tool to the WIN 95 RDAS
application required very little programming and streamlined the process. A Fortran
language DLL, using input and output structures, was used to provide the most time
efficient processing method to isolate the phase difference data from the other range data
received along with the RDAS data. The DLL was designed and developed as a generic
object to receive any raw data on the input buffer in order to expand its usability.
DATA PROCESSING
RDAS raw data consists of two phase differences measured at a rate of 20 samples per
second. The phase differences reflect the change in target position since the last data
sample. To obtain full angles relative to the RDAS system, the individual phase
differences must be summed over time referenced to the origin, usually the launcher. The
direction cosines are computed from the total phase differences. The azimuth and
elevation angular deviations, representing the deviation of the target from the origin, are
computed from the direction cosines.
There were two main reasons for using Fortran to process the data. The existing software
on the mainframe was written in Fortran and VB execution of mathematical functions
take more time than a compiled Fortran DLL. Modifying the existing software by adding
a front-end input/output structure and then compiling the software into a DLL saved
programming and validation time.
USER INTERFACE
Visual Basic was used as the primary design platform for the user interface and GUI
design. The application GUIs were designed to be user-friendly, informative, and to
follow Microsoft general software standards. The application GUIs and graphic displays
were required to fit on the PC display area. Using a Third Party Tab Tool on the SetUp

GUI allowed for more information to be displayed in less physical space. (Figure 4.)
Feedback on the usability, feasibility, and clearness from the users resulted in several
revisions before the final GUI design was developed. Revisions of the GUI’s could be
done quickly and efficiently.
Several features incorporated into the application were the ability to create and save a
mission setup file, to read and plot a playback file, to display status and message
indicators, and to modify the plot and axis display setup.

Figure 4
GRAPHICS
RDAS measures near launch deviations from nominal flight path. This information is
displayed as an azimuth and elevation angle with respect to the RDAS origin. RDAS is
used by Missile Flight Safety for destruct decisions during the first 15 to 20 seconds of
flight. Typical RDAS consists of two plots of azimuth versus elevation. The nominal
flight path and maximum deviations are plotted as background prior to launch. The plot is
updated up to 5 times per second. (Figure 5)
The plotting function was written as an object. For each plot created, separate copies of
the object are made in memory by Visual Basic. This translates into less confusing code.
Direct interaction with the plotting object, which includes moving the axis, changing the
text colors and font size, and the placement of the parameters, with the plotting object
form requires no special programming.

Figure 5
CONCLUSIONS
The system is now supporting a varied number and type of programs. Major
improvements can still be made in the area of multiple target tracking for both systems.
Other improvements are being made for use of the system in a stand-alone mode using
local PC’s as display devices.
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ABSTRACT
The requirement for a lightweight, quick deployment C-Band satellite communication
antenna system for Aegis Class Destroyers has been addressed and this paper describes a
novel solution currently being implemented. The new antenna system takes advantage of
the low windload properties of the FLAPSTM (Flat Parabolic Surface) reflector and features
a broadband FLAPSTM reflector mounted on a lightweight, high performance X-Y
positioner. The system is designed in a modular fashion and operates in a shipboard
environment without the protection of a radome. The system is stabilized to counteract the
ship's motion, operates without counterweights, weighs less than 250 kg and provide
communication links in the 3900 to 4100 MHz and 6000 to 6200 MHz frequency bands.
KEYWORDS
"FLAPS reflector, broadband operation, shipboard operation, satellite communications."
INTRODUCTION
The U.S. Navy has a growing need to provide shipboard broadband satellite
communication channels for many non-tactical applications. These cover a wide variety of
operational scenarios which range from the very critical video conferencing for medical
diagnostics to the more mundane reception of e-mail and entertainment. Permanent ondeck emplacement for this type of hardware is non-existent and any acceptable
implementation must be of a lightweight, quick deployment type not requiring
modifications to the ship's deck. These constraints preclude the use of standard systems
with conventional parabolic reflectors and are a natural domain for an antenna system
based on a FLAPSTM reflector. [1], [2]

The system described in this paper takes advantage of the low windload properties of the
FLAPSTM antenna and features a broadband FLAPSTM reflector mounted on a new
lightweight, high performance X-Y positioner. The system is of a modularized construction
and is designed to operate in a shipboard environment without the use of counterweights or
the protection of a radome. The system is stabilized to counteract the ship's motion, weighs
less than 250 kg and can be deployed in less than 30 minutes.
This system consists of the following major sub-assemblies:
(1) An antenna assembly featuring a low windload broadband FLAPSTM reflector and a
tracking feed assembly.
(2) An X-Y positioner.
(3) A PC based antenna controller unit.
Figures 1 and 2 show the prototype system during an earlier trial run. Figure 3 is an artist
rendering of the antenna system in its final configuration and Table 1 lists the basic system
performance specification.
ANTENNA ASSEMBLY
An antenna based on a broadband implementation of the FLAPSTM technology was
selected for this application because of its lightweight and low windload properties which
greatly reduce the requirements imposed on the positioner assembly and on the underlying
support structure. These reductions are a direct result of the 60-80% reduction in the
magnitude of wind generated forces experienced by the pedestal when an open structure
FLAPSTM reflector is used instead of a conventional solid or mesh parabolic reflector.
The FLAPSTM reflector is based on the premise that a geometrically flat surface can be
designed to behave electromagnetically as though it were a parabolic reflector by
introducing an appropriate phase shift at discrete locations on the flat surface. In its
standard planar implementation illustrated in Figure 4 operation is limited to bandwidths
not exceeding 10-13 percent due to the individual dipole element bandwidth and the
pathlength dispersion factor inherent in the geometry of a planar reflector.
Dipole Element Bandwidth
The bandwidth of an individual dipole element used in a standard FLAPSTM reflector is
similar to that of a shorted dipole above a ground plane and its behavior is well known.
The shape of the response curve for a reflector is entirely attributable to the dipole
elements and is both a function of the phase vs frequency behavior of individual dipole
elements across the FLAPSTM surface and of the distance of each element from its ground

Table 1.
SYSTEM SPECIFICATION
ANTENNA
Reflector Size/Type

3 meter FLAPS technology, 4 piece

Operating Frequency

Receive: 3900 to 4100 MHz
Transmit: 6000 to 6200 MHz

Tracking Technique

Sequential Lobing

G/T @ 4000 MHz

$ 19 dB/EK

Net Antenna Gain
6100 MHz

4000 MHz

Polarization

$ 39.9 dBi
$ 42.7 dBi
Receive RHCP
Transmit LHCP

3 dB Beamwidth
6100 MHz

4000 MHz

Sidelobes

1.5E nominal
1.0E nominal
Intelsat compliant

POSITIONER
Type

X-Y, intersecting axes

Velocity, X & Y

$ 25E/sec

Acceleration, X & Y

$60 E/sec2

Travel Limits

Hemispherical to -15E in "45E sector
broadside to ship

Dynamic and Tracking Error

$0.1E rms

Backlash

$ 0.001E

Wind:

Operational
Survival

100 km/hr, 135 km/hr gusts
200 km/hr

plane. In a typical implementation of a small to medium size standard FLAPSTM reflector a
useful 1.5 dB bandwidth of 10 to 13 percent is entirely achievable.
Pathlength Dispersion
The pathlength dispersion phenomenon is a direct result of the method used by the
FLAPSTM reflector to simulate the operation of a parabolic reflector. A conventional
parabolic reflector provides equal pathlengths between the feed and any point on a flat
reference plane in front of the reflector via reflection points on the parabolic surface. This
is the property that makes a conventional parabolic surface frequency independent. In a
planar FLAPSTM reflector the reference plane is located at the reflector surface and the
pathlengths between the feed and points on the surface vary monotonically; they are
shortest at the center and slowly increase as the reflection point moves out toward the
perimeter. At the center frequency of operation the phase of each individual dipole is
adjusted to exactly compensate for the varying pathlengths and provide the necessary
conditions to assure a collimated beam. As the frequency of operation is changed from its
center value a quadratic phase dispersion is introduced due to the varying pathlengths and
the fact that, to a first order, the dipole phases are frequency independent.
This phenomenon limits the frequency bandwidth of a planar FLAPSJ reflector. The 1.5
dB bandwidth is calculated as:
BW (1.5 DB) = 1.15 x C/D x ((1 + 12 x (f/D) 2 ) Hz
Where :
C = velocity of light = 3 x 108 meters/sec.
D = antenna diameter in meters.
f = focal distance in meters.
BW = total bandwidth in Hz to the 1.5 dB points.
For an f/D of 0.5 the expression becomes: BW (1.5 DB) = 2.3 x C/D Hz.
For an f/D of 1.0 the expression becomes: BW (1.5 DB) = 4.14 x C/D Hz.

(1-1)

(1-2)
(1-3)

Figure 5 is a plot of values for the 1.5 dB bandwidths of two standard FLAPS reflectors
(f/D = .4 and f/D = 1.0) as a function of their sizes. Figure 6 shows bandwidth vs
frequency for a 1 meter, a 3 meter and a 5 meter reflector. This figure shows that the
pathlength dispersion phenomenon severely limits the bandwidths of these reflectors when
operating at frequencies above 4.0 GHz, 1.8 GHz and 1.0 GHz respectively. This
phenomenon is exclusively a function of the size of the reflector.

Broadband FLAPSJ
J Technology
The approach to extend the operational bandwidth of the FLAPSTM reflector addresses the
two limiting factors described above. The bandwidth of both the individual dipole elements
and of the planar FLAPSTM surface is broadened in the following fashion.
The standard individual dipole elements are replaced with broadband elements based on
the same concept as the broadband stripline dipoles used in broadband conical scanners.
They consist of a two layer dipole located in front of a ground plane and necessitate the
addition of a third support layer to the standard FLAPSTM configuration. Bandwidths in
excess of 35% are achievable with these broadband dipoles.
The bandwidth limitation caused by pathlength dispersion is strictly a function of reflector
size. It is handled by dividing the planar surface into a number of sub areas with size
compatible with a 35% bandwidth and assembling them in a cupped configuration. This
new modified cupped configuration is illustrated in Figure 7 where the distances a and b
from the feed to the centers of the individual sub panels are equal. As far as pathlength
dispersion is concerned the cupped configuration has the same effect as operating with an
assembly of smaller independent FLAPSTM reflectors with broader bandwidths. By
properly sizing these sub-panels one can extend the bandwidth of the reflector to be equal
to that of the individual dipole elements.
POSITIONER ASSEMBLY
The choice of geometry for the positioner was dictated by the nature of the most common
mission scenario which requires tracking satellites located at high elevation angles and
involves frequent overhead or near zenith antenna orientation. This mode of operation is
further complicated by the motion of the ship which renders the use of a conventional
elevation over azimuth configuration impractical. The geometry of the X-Y positioner, also
referred to as cross elevation over elevation, is ideally suited for this application because it
provides near hemispherical coverage and can easily track zenith passes with minimum
axes velocities. Its singularities or keyholes extend to the horizon from each end of the X
axis (primary axis) which in this case is aligned with the ship's long axis.
The new X-Y positioner is centered on a "powered cross" with both X and Y axes
intersecting at its center. It is called a "powered cross" because the motors, gear heads,
data position transducers, rotary joints and cable wraps are fully contained within this
structure. This configuration results in a reliable compact unit easy to maintain and
designed to enhance its reliability. Each axis is powered by a brushless DC motor driving a
special harmonic drive reducer with virtually zero backlash and very low compliance to
insure high precision tracking under the most stringent dynamic conditions. Further

reduction in weight is achieved by using oversized motors and eliminating the
counterweights.
The "powered cross" is held in place by two upright 14 centimeter diameter structural
tubes which are supported by a single 28 centimeter diameter tube secured to a conical
riser base tall enough to elevate the reflector off the deck of the ship. The riser base
bottom flange is designed to be bolted to davit sockets located at various places on the
ship's deck and the 28 centimeter diameter tube retracts into the conical riser base for
storage.
The 3 meter FLAPSTM reflector is fitted with a circular support structure and is connected
to the Y axis of the "powered cross" by a pair of tubes, also 14 centimeter in diameter.
Spacing of these tubes and of those connected to the X axis is approximately seventy
centimeters, a value chosen to optimize the antenna coverage capability. In this
configuration elevation travel extends to -15E in a "45Esector broadside to the ship and to
approximately 0E fore and aft.
ANTENNA CONTROLLER UNIT
The antenna control unit is a standard PC-based Malibu Research antenna control unit
modified to include stabilization of the antenna/positioner unit to a degree which allows
acquisition of the target before autotrack operation begins. The capabilities and features of
the antenna control unit are the same as those normally associated with units of this type
and will not be covered here.
CONCLUSION
Broadband implementations of the FLAPSTM technology are now feasible and their use
allows the deployment of antenna systems in environments which so far have precluded
the use of such systems because of restrictions on weight and/or on support structure. It is
now operationally feasible to quickly deploy and operate a 3 meter shipboard
communication system without the use of heavy moving equipment or the need to modify
the ship's substructure.
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FE-BI METHOD FOR ANALYZING P-BAND CYLINDRICAL
CONFORMAL MICROSTRIP ANTENNA AND ARRAY
HongLi Peng, Zheng Huang ,WenBin Han

ABSTRACT
An edge-based hybrid finite element boundary integral (FE-BI) method using cylindrical
shell elements is described for analyzing conformal quarter-wave patches embedded in a
circular cylinder. Special care is also taken to deal with weight functions, dyadic Green’s
function, and feed model. Some types of the patch arrays embedded in different circular
radius have been developed. The tests of their VSWRs and radiation characteristics are in
good agreement with the theoretical results.
KEY WORDS
FE-Method, Quarter Wavelength Patches, Circular Cylinder
INTRODUCTION
Microstrip antennas and arrays are being widely used on cylindrical flights because they
are conformal, easy configuration, low profile, lightweight, and have the ability to bear
high acceleration and great range of temperature variation if special techniques are used.
Consequently, much literature exists on their operation, analysis and design. In most cases,
however, available models such as the cavity model, when it deals with the arrays, the
mutual couple among each patch have generally been neglected, which makes the analysis
results inaccurate or full-wave integral method will lead to great storage requirements and
cost much time, and will severely restrict them to small scale applications. Recently, the
finite element boundary integral (FEBI) method was successfully employed for
planar/unplanar arrays analysis. In the paper, this method is used to analyze the
characteristics of the quarter-wavelength rectangular patches and arrays embedded in some
circular cylinders.
1. Analysis Model Using FE-BI
The three-dimensional structure associated with a coordinated system is illustrated in
Fig.1.Using the variational approach, the weak form of the wave equation for Fig.1 can be
r
written as (1), Where, Wj are vector basis functions with support over the volume Vi, which

is associated with the ith degree of freedom, and in a similar fashion, Si and Sj represent
the aperture surface associated with the ith and jth degrees of freedom, respectively.
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The appropriate dyadic Green's function denoted by G2 has convolutional
( φ = φ − φ ′, z = z − z ′ ) form when evaluated on the surface of the cylinder .The free-space
propagation constant is given by k 0 = 2π / λ 0 .where λ 0 is the freespace wavelength. The
cavity is filled with an inhomogeneous mateial having relative constitutive ε r and µ r .The
function δ a (i) ⋅ δ a ( j) is the product of two kronecker delta functions. Hence, it identifies
which pairs of unknowns belong to the aperture and accordingly contribute to the
boundary integral submatrix. The right hand side contains an internal source ( f i int ) and an
external source ( f i ext ) term.

Fig.1 The antennas structure and
associated coordinate system

Fig.2 Cylindrical shell element

1.1 Finite Element Discretization and Governing Equations
To construct a system of equations from (1), the volume V is first subdivided into a
number of small elements. Each of those elements occupies a volume Ve (e1,2,3......M).
The field (total) in each element is then approximated by:
M
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in which Wj e s are the (vector)expansion basis functions .The unknown expansion
coefficients E j e are obtained from (1) by Rayleigh-Ritz procedure[1] obtaining
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1.2 Cylindrical Shell Element Model
Consider a cylindrical shell element shown in Fig.2. The element has eight nodes
connected by twelve edges given by Volakis. Their three fundamental vector weight
functions are rewritten here:
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Having considered the shell element the next step is to assemble all such elements in the
solution region. The process by which individual element coefficient matrices are
assembled to obtain the global coefficient matrix is illustrated with Fig.3.

(a) The ith layered element coded in z-n plane(b) The jth layered element coded in D-n
plane
Fig.3 Discretization of a 3D cylindrical rectangular region in a nonuniform mesh layered
element code
2. Results
We present below some representative numerical results to illustrate the validation of our
method as well as the effect of various factors on the performance of the patch
antenna/array. In each case the computed result via the FE-BI method are compared with
measured data.

Fig 4 The single patch's input impedance
with the different cylinder diameters

Fig.5 The single patch’s VSWR
compared with the test

(a) The single patch embedded in different
(b) The double patch embedded in
cylinder diameters (r=76.,150.,1000. mm)
diameter (r = 150. mm)
Fig.6 The patch's radiation characteristics
The specific single patch geometry size is 70mm132mm2.0mm and relative dieletric r2.2
with one circular side shorted .The patch was housed in a 110mm152mm4 mm cylindrical
rectangular cavity. Fig.4 shows the single patch's input impedance properties varying with
different cylinder diameters. Fig.5 shows the single cylindrical patch's VSWR property
compared with its experimental result. The radiation characteristics of single and double
patches embedded in different cylinder diameters are also given and tested in Fig.6. The
results of both the computations and tests show the validation of our method in the
development of this type of antenna and arrays.
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A MOBILE 4.3 METRE REMOTE SENSING GROUND STATION
RAPID DEPLOYMENT & HIGH PERFORMANCE
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ABSTRACT
In light of recent technology advances, reliable Remote Sensing Satellite data reception
(from satellites such as SPOT, ERS, Landsat, Radarsat, JERS, and IRS) is becoming
increasingly more practical using smaller aperture antenna systems. Performance, which up
to a decade ago was reserved for antenna aperture sizes in excess of 9 metres, is now
being realised with antenna systems that are half the size. In addition, there is an increasing
demand for tactical mobile systems that can be moved from one location in the world to
another, and which can be operational in that new location in a very short period of time.
This paper describes a mobile 4.3 metre X-Band program-track Remote Sensing trailer
mounted receive system that Scientific-Atlanta has manufactured to perform evaluation
tests on its data reception capability from the Radarsat, SPOT and ERS satellites, in
particular. A general overview of the system will be given, which will describe: a) the
antenna and program track feed configuration; b) the X/Y pedestal; c) the trailer and
pedestal erection mechanism; d) the receive electronics; e) antenna control unit and f) the
station control computer which is used for updating ephemeris data and for system
management.
A description will be given of how the system is prepared for operation following
transport, via C-130 cargo airplane or road, to a particular location, concentrating on the
ease of set-up and the time required for deployment. It will also describe how the system is
readied for transport following the mission.
Finally, results of a series of trials that were undertaken in Canada will be presented. The
trials concentrated on validating the projected deployment times and verifying the
reception of data from Radarsat, ERS and SPOT at various elevation angles in varying
weather conditions. One of the main features investigated was the performance of the
system at the 67 degree elevation point in the Radarsat orbit, where some people believe
there may be a drop-off in the EIRP. The trials were conducted over a period of 7 months,
covering the fall, winter and spring.

1.

INTRODUCTION

The Mobile Remote Sensing Ground Station (MRSGS) described in the paper has been
specifically designed for the reception of downlink data from a wide range of remote
sensing satellites and is configured to receive data from SPOT, RADARSAT and ERS-1/2.
The antenna system can be easily upgraded in the future to add other satellites by the
addition of a simple front panel plug-in 924-2 Bit Synchroniser module.
The system comprises a 4.3 metre high efficiency antenna with a prime focus program
track X-Band feed. The antenna is mounted on an X-Y gimbaled dual drive pedestal which
provides full hemispherical coverage with no keyhole, without the needs of a third axis tilt
mechanism. The system has the capability to satisfactorily track all polar orbiting remote
sensing satellites at any angle above 10 degrees without gimbal lock.
A Station Control Computer (SCC) is used by the operator to schedule all satellite passes,
enter satellite ephemeris data, and to configure the system hardware for the automatic
reception of data from the satellite to be tracked. In addition the SCC is used for pre- and
post-satellite pass testing to ensure correct operation of the system. The SCC generates an
accurate trajectory for the satellite and sends pointing commands, relative to time, to the
Antenna Control Unit (ACU) which in turn drives the appropriate X or Y axis of the
pedestal to the desired position in order to follow the satellite’s path.
The downlink data received from the satellite is downconverted from X-Band to either 720
MHz or 375 MHz, demodulated and Bit Synchronised before being sent to the Recording
Subsystem.
The above configuration of a program track antenna using an X-Y pedestal has been
chosen as the most cost-effective approach for accurately downlinking data from remote
sensing satellites and provides excellent performance with adequate link margins to ensure
reception of high-quality images for all of the satellites mentioned above.
A block diagram of the system is shown in Figure 1.
1.1

Characteristics of the System

The following tables describes the top level performance of the 4.3 metre system, and as
can be seen, the system delivers the performance required for dependable operation for
current and foreseeable satellites. More detailed descriptions of each major subsystem are
found in the following paragraphs.

1) Characteristic of Antenna Subsystem
Configuration
Frequency range
Polarisation
Data Channel G/T
Half Power Beamwidth
Axial Ratio

Specification
4.3 metre high efficiency prime focus feed
8.025 to 8.400 GHz data
Right Hand Circular
29.4 dB/K at 10 degrees El, 25 deg C
0.6 degrees, nominal
1.0 dB maximum

2) Characteristics of Pedestal Subsystem
Travel limits:
Electrical:
Mechanical:

Specification
Y-Axis
+/- 90 deg
+/- 95 deg

X-Axis
+/- 90 deg
+/- 95 deg

5.00 deg/s
5.00 deg/s

5.00 deg/s
5.00 deg/s

Maximum Velocity:
Slew:
Track:
Maximum Acceleration:
Slew:
Track:

5.00 deg/s/s
5.00 deg/s/s

5.00 deg/s/s
5.00 deg/s/s

Servo bandwidth:
Rate Loop
Position Loop
Program Track Accuracy
3) Characteristics of Receive Subsystem
Downconverter Channels
Data Demodulation
Receive Subsystem BER over 10-2 to 10 -7
BER range

2.5 Hz
1.0 Hz

Typical
Typical

0.17 degrees
Specification
1 Data
1 QPSK/UQPSK Demod/BSSC
Within 2.0 dB of theoretical at 10-6 and 2.5
dB at 10-8

4) Environment
Outdoor Equipment:
Operational:
Wind:
Temperature:
Relative humidity:
Rain:
Non-operational:
Wind:
Indoor Equipment:
Operational:
Ambient temperature:
Relative humidity:

Specification

To o75 km/hro
-30 to +55 C
100%, condensing
4 mm/hr
75 km/hr, drive to stow
180 km/hr, survive at stow
o
o
10 to 28 C
To 85% noncondensing

2. SYSTEM OVERVIEW
The antenna consists of a 4.3 metre diameter parabolic reflector, a prime focus feed system
and a vertex test dipole. The feed receives a RHC polarised signal in the 8025 to 8400
MHz frequency range and converts it to a 375 or 720 MHz IF output signal using a
downconverter at the back of the reflector. The signal is then routed, via low loss cables,
to the control room for data processing and antenna tracking control. Some of the key
features of the system are:
•
•
•
•
•
•

Rapid erection and teardown
Full mobility on road, sea and air (complete system is C-130 transportable)
4.3m fibreglass reflector mounted on an X/Y pedestal
High efficiency corrugated horn feed
Downconverter located at the reflector for superior G/T
G/T figure of merit > 29.4 dB/K, using high gain and uncooled LNA

The following paragraphs describe each of the Subsystems that constitute the 4.3 metre
mobile System.
2.1

Antenna and Feed configuration

The antenna and feed system was designed to provide for rapid set up and tear down
procedures without sacrificing system performance. The reflector is manufactured of a
graphite epoxy composite material and consists of a main "center" piece which is
permanently attached to the pedestal, and two side panels which are carried in racks on the

trailer deck during transport and which bolt onto the center section to complete the
parabolic shape.
The feed attachment spars are mounted onto the reflector center section in pairs with clevis
joints which allow them to fold into the center of the reflector for transporting as well as
allow rapid and accurate alignment of the feed at system setup. Both the feed and side
panels are assembled prior to erection of the pedestal.
The X-Band, prime focus, program track feed and low noise amplifier (LNA) are
contained in a weather proof enclosure and attached to the spars with bolts. During
transport, the feed is removed from only two spars and is lowered into the center of the
reflector center piece. A cradle is used to hold the feed and spars securely during transport.
At the reflector vertex a through hole permits attachment of a test dipole (used in
preference to a test coupler for higher G/T) antenna and a drain hole allows rain water to
drain from the reflector when pointing to zenith.
A downconverter, located at the rear of the reflector, has a tunable local oscillator (LO)
which converts any signal in the 8,025 to 8,400 MHz RF band to a fixed 375 MHz or 720
MHz intermediate frequency (IF). The downconverter IF frequency bandwidth is 200
MHz. The downconverter can be upgraded for multiple data downlink channels. An alarm
circuit is included to monitor the operational status of the unit.
2.2.

X/Y Pedestal

The pedestal consists of a proven X-Y design which allows for complete tracking of all
passes including those at or near zenith, without the need for a third tilt axis. The pedestal
utilizes a curved linear bearing in the X axis which permits the Y axis drive to be "nested"
within the X-axis. This unique arrangement provides high servo dynamics in a smaller
package than conventional X/Y designs. Dual servo motors, precision gearbox reducers
and pulse width modulated servo power amplifiers are used in each axis to provide high
performance servo response with no gearing backlash. The X/Y configuration was chosen
for this application for a number of reasons, including:
• Elimination of gimbal keyholes in the active tracking volume (e.g. zenith).
• High performance, low cost solution maximises MTBF and availability by using a
two instead of three axis pedestal and controls.
• Low pedestal dynamics for overhead tracking improves tracking accuracies,
compared to a three axis system.
• Proven design as pioneered on the IRIDIUM program by Scientific-Atlanta.
• No pre-mission orbit determination to predict potential keyholes associated with
elevation-over-azimuth-over-tilt systems.

• No third axis (train or tilt) pre-mission positioning minimises the set-up time
between missions.
• The use of dual motor drives on each axis ensures zero backlash and improves the
reliability and redundancy.
2.3

Trailer and Erection mechanism

The trailer for the antenna and pedestal serves three functions, namely a) road transport; b)
air transport; and c) as the operating base. It is towable by a vehicle equipped with a pintle
or similar hook, capable of supporting about 2,500 lbs (1100 Kg) tongue load and able to
pull/back up to 11,000 lbs (5000 Kg) weight over a 15§ ramp angle. The running gear is a
dual axle leaf spring and shock absorber suspension, capable of in excess of 100 kph road
travel, as well as lower speeds over unimproved road surfaces. The trailer bed is
constructed very rigidly, since it also serves to support the antenna system during
operation.
Toward the rear of the trailer the erection mechanism is bolted: this being used to raise and
lower the pedestal with the antenna. The actuation of the erection mechanism is based on a
wire cable tension and linear screw device, which can be driven manually with a ratchet
wrench. To speed up movement, a battery driven power tool and a portable gear reducer
are used. These items are usually stored in the integral toolbox. It is not necessary to have
line power connected to effect erection, set-up and tear down.
The fully packaged trailer can be carried by C-130 cargo planes, and can also be carried as
palletised cargo in Boeing 747 cargo planes. Further it can be wheeled into a 20 foot (610
cm) long ISO container and secured. The trailer width permits entry through a 90 inch (230
cm) wide door. All trailer mounted equipment, including the pedestal and antenna, is
secured and locked in place to withstand airborne vibration and accelerations (4.5g down,
2g up; 3g fore/aft, 1.5g lateral).
2.4.

Receive Electronics

A downconverter mounted at the antenna converts the X-Band remote sensing signal to
375 MHz or 720 MHz, dependent on application. A Scientific Atlanta model 924-1
demodulator accepts the output of the downconverter and demodulates data in the 6 to 150
Mb/s range. The signal is then routed to a model 924-2 bit synchronizer chassis which can
accommodate up to six bit-synchronizer satellite-specific modules. The plug in Bit
Synchronizer Signal Conditioner (BSSC) modules cover all existing remote sensing
satellites. Data and clock are provided as outputs of the Model 924-2. Figure 6 shows a
schematic of the Series 924 equipment.

Using this equipment the bit error rate performance is within 2dB from theory at bit error
rates down to 10-7. This performance adds up to 2 dB of extra margin to the link budget
compared to other systems.
2.5.

Controls

Two primary control devices are used with the MRSGS.
The model 3861 program track servo control unit is used to provide control and status
indications for the dual drive X-Y pedestal. The 3861 is microprocessor based and
provides a wide range of control options for the pedestal. It implements full digital servo
loop closure and compensation to provide servo error signals to the motor drive amplifiers
located at the pedestal. The unit can be locally controlled via front panel or by means of a
computer via RS-232 or IEEE-488 busses.
A personal Pentium computer was used as an overall system control device, and provides
the main interface between the operator and the antenna system. It enables the operator to
program the system to track automatically any valid satellite and schedule all selected
satellite passes. The computer utilizes windows NT to configure the various
instruments/equipment, selects the appropriate mode to provide control of the servo
control unit, as well as calculate orbit parameters and provide scheduling of satellite
passes.
3.

SYSTEM DEPLOYMENT

For deployment, two outriggers are attached to the rear of the trailer to add a safety margin
against overturning in operational wind conditions. The structural support of the trailer is
provided by four jack screws and ground pads, evenly distributed around the centre of the
pedestal. The ground pads are suitable for use on relatively loose soil and sand.
After coarse North alignment and outrigger/ground pad connection, the trailer is leveled by
adjusting the four jacking screws. The deck is then cleared of packaged equipment and
tools, and the two panels mounted to the antenna. They fit accurately using alignment pins,
and latch into place. The pedestal lock-down mechanism is then unpinned and the erection
power drive is attached at the front of the trailer bed. The pedestal/antenna rotation
sequence to vertical takes several minutes, at which time the pedestal is rigidly connected
to the erection housing. The antenna is positioned to horizon, and the feed is then
“unfolded” for operation. After tightening the feed locking mechanism and making the RF
cable connections the system is ready for operation.
The pedestal base is then bolted into position and is ready for operation.
The physical set-up or tear-down is accomplished in less than three hours.
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ABSTRACT
There is a wave of change coming. It started in the industrial automation community and it
is slowly and surely working its way into aerospace, satellite and telemetry applications.
It’s called the PC, and its not just for simple quick-look data anymore. Using state-of-theart commercial hardware and software technologies, PC-based architectures can now be
used to perform self contained, reliable and high performance telemetry data acquisition
and processing functions – previously the domain of expensive, dedicated front end
systems. This paper will discuss many of the key enabling technologies and will provide
examples of their use in a truly next generation system architecture based on the
Microsoft Windows NT Operating System and related features.
KEYWORDS
PC-based Applications, Telemetry Architectures, Windows NT, Graphical User Interface
(GUI), ActiveX, Network Distributed.
INTRODUCTION

What exactly is a next generation telemetry system? There are probably as many correct
answers to this question as there are readers of this paper. In this writer’s opinion,
however, the key concepts that differentiate a next generation architecture from older,
traditional designs include: (1) Near Unlimited Scalability, (2) Easy to Tailor and
customize by the End-User and (3) Open, Easy and Immediate Access to Data.
Scalable - From single-user laptop to a network of high-end servers, a next generation
system scales gracefully to the application at hand. Scalable designs are typically based
on a network distributed architecture and take advantage of symmetric multiprocessing.

Customizable - Allows users to easily tailor the system to meet specific and changing
mission requirements. The software is designed from the ground up to accommodate
the addition of new processing algorithms, I/O hardware, server functions and custom
display screens.
Open Data Access – Provides well-defined, standard mechanisms for data exchange
between a wide variety of software products in both a stand-alone and network-based
environment. Data is provided in both off-line and near real-time forms using popular
defacto and industry standards enabling test engineers and scientists to focus on data,
not programming.
These features, easily achievable in the Windows environment, have been available for
years in the systems that monitor and control many of our world’s nuclear power plants,
factories and manufacturing shop floors. Research and Development are currently being
performed focused on maximizing the use of these commercial technologies for use in
telemetry and aerospace data acquisition and processing applications. This paper presents
a number of these technologies and describes how coupled with powerful PC platforms, a
revolution in price/performance for telemetry computing is underway.
HIGH PERFORMANCE, LOW COST PLATFORMS

A measure of a computer’s performance can be expressed in terms of two important
ingredients: CPU processing and I/O bandwidth. As computing technology is changing so
rapidly, it is important to examine both current capabilities as well as trends. Trends in
Windows NT based computing are symmetric multiprocessing architectures using high
performance Pentium Pro, Pentium II and Alpha-based CPUs. These processors provide
computational bandwidth on a par with their traditional RISC/Unix-based big brothers as
illustrated in the following table:
Processor

SPECint95(1)

SPECfp95(1)

Popular Windows NT Platforms
200 MHz Intel Pentium Pro
266 MHz Intel Pentium II
333 MHz Digital Alpha 21164
500 MHz Digital Alpha 21164a

8.2
10.8
9.8
15.0

6.8
6.9
13.4
20.4

Popular Unix/RISC Platforms
180 MHz MIPS R10000
300 MHz Sun Microsystems UltraSPARC II

10.7
12.1

19.0
15.5

As one can see, NT-based platforms provide similar compute capabilities as high-end Unix
workstations. Fully configured Pentium systems, however, are typically a quarter the price
(or less) of their similarly configured workstation counterparts.
At 133 MBytes/Second (MB/S) peak transfer rate, PCI currently dominates the personal
computing market for a plug-in, high performance peripheral I/O bus. Performance is
easily on par with other open standards such as VME (40 MB/S), VME64 (80 MB/S) and
Multibus II (80 MB/S), and even compares favorably to high performance proprietary
busses when price is considered. 100 Mbit Ethernet, Ultra SCSI and high performance
video cards can all be easily procured for the PCI bus at under $200 (US) each.
For telemetry data acquisition applications, the key enabling technology is buffered, PCI
bus mastering I/O boards. These boards can be configured, via a Windows NT device
driver, to transfer data directly into the CPU’s memory at rates approaching full bus
bandwidth. These devices require very few CPU cycles to operate, and allow bus
bandwidth to be shared nicely among the various I/O cards in the system. Once transferred
into memory, telemetry data may be processed, displayed and archived by the single or
multiprocessor PC.
WINDOWS NT FACTS

Windows NT is not a real-time operating system. As such, buffered bus mastering I/O
boards, as previously discussed, are required in order to handle high data rates. On-board
hardware time stamping is also required in order to provide accurate, microsecond (or
better) resolution of telemetry, avionics and analog input data. These features can be found
in many of the new PCI board designs.
Windows NT does provide real-time priority levels, multitasking, multithreading,
asynchronous I/O and interprocess communication capabilities, sufficient for the
implementation of soft real-time applications. Properly designed data acquisition and
device driver software can provide deterministic response of a few milliseconds on
average, with a worse case of 10 ms (running at real-time priority).
Windows NT was designed by many of the same engineers who pioneered Digital’s VMS
Operating System. Unlike its Windows-95/3.1 counterparts, NT was designed to be a
highly reliable, stable and secure operating environment for the commercial
telecommunications, industrial automation and enterprise computing markets. With
features such as C2 rated network and file security(3), built-in RAID and UPS support,
clustering and protected virtual memory address spaces, NT provides a robust platform for
demanding telemetry applications(2).

COMPONENT TECHNOLOGY

One of the key enabling technologies provided by Microsoft is its concept of software
components, called ActiveX Controls. ActiveX Controls (formerly OLE Controls) are
shared objects that can be inserted into and used by various Windows-based applications
at development and run-time. This technology allows a developer/vendor to encapsulate a
particular function, interface and/or graphical control within an ActiveX Control, isolating
the client application from many of the associated low level details. An application which
uses one or more Controls is called a container, as it ‘contains’ the Control. Containers can
be just about any Windows-based application developed using Microsoft and/or third party
tools such as Visual C/C++, Visual Basic, Pascal, etc.
ActiveX Controls are similar in concept to a Dynamic Link Library (DLL) or shared
library, except that they provide many additional benefits such as better versioning control,
and the ability to operate on them as an abstract object, rather than just a set of
subroutines. In addition, ActiveX Controls may also be contained in the Microsoft Internet
Explorer Browser, providing access and control of the system via the Web. Figure 1 below
illustrates these concepts.
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Figure 1 - Component Technology

The use of software component technology provides tremendous benefits to the data
acquisition system user and developer. These benefits include:

Software Reuse – The same exact Control may be used and re-used by many
Windows-based applications (containers), simultaneously. Thus, duplication of similar
functionality is minimized.
Rapid Prototyping – Custom Windows-based applications can quickly be developed
and prototyped using a suite of Controls as a toolbox. The developer need not be
concerned with low level details, only the high level methods and properties which
have been exposed.
Better Configuration Management – Controls can be designed as self-contained
objects, which encapsulate a particular interface or function. An upgrade and/or bug fix
to the Control will be immediately be reflected by all container applications which use
it.
Extensive use of component technology has been made in the next generation data
acquisition system. The user interface to this system is comprised of a series of ActiveX
Controls providing configuration management, system setup and operational capabilities.
The configuration database interface is also encapsulated in a Control, providing built-in
versioning and independence from the underlying relational database being used.
Customers may use these Controls both as an end-user, and as a developer. If desired, a
developer can create custom system operation, data analysis and/or utility programs
quickly and easily using the available ActiveX Controls as rapid prototyping tools.
DISTRIBUTED NETWORK ARCHITECTURE

A next generation data acquisition system would not be complete without a network
distributed architecture. Demands for greater numbers of I/O interfaces, numbers of
simultaneous operators, as well as the need to integrate in near real-time with other
computing platforms dictate this fact. We cannot assume anymore that the term PC is
synonymous with ‘single user’.
Using ISO/IEEE standard network interfaces and protocols, it is entirely feasible for a
Windows NT based system to acquire, process and distribute data over the network in a
high performance, near real-time manner. Windows NT includes built-in support for
TCP/IP, Novel, Streams, Point-to-Point and AppleTalk protocols, while still others are
available from third parties. Popular network interfaces such as standard 10 Mbps Ethernet
(10baseT), 100 Mbps Ethernet (100baseT), ATM, FDDI and dial-up links are well
supported, and are very inexpensive. All high performance network interfaces are available
for the PCI bus.
In order to tackle the larger scale telemetry data processing applications with PC
technology, a network of Windows NT based PCs will be required. The various data

acquisition, processing, archiving, display and post processing tasks can be distributed
across the network and assigned to individual PC platforms based upon loading and
responsiveness requirements. For instance, a multiprocessor server may be used for data
acquisition and archival tasks, while multiple single processor PCs may be used for system
setup and dynamic data displays. A sample distributed architecture is illustrated in Figure
2.
There are many ways in which a distributed network architecture can be implemented in
Windows NT. Sockets and Remote Procedure Call (RPC) are two standard mechanisms
which have been used in the past for implementation of traditional client-server
architectures. Next generation architectures, however, typically require a higher level of
network functionality and abstraction. Today, there are many commercial vendors
providing network ‘middleware’ products. Middleware products provide high level
features such as message-oriented, object-oriented and publish-and-subscribe protocols
which layer on top of the standard lower-level protocols. Middleware products are ideal
for designing robust, highly reliable and fault-tolerant data acquisition systems.
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Figure 2 - Network Distributed Data Acquisition

A commercial middleware-style product has been selected for use in the next generation
architecture. The architecture provides both a Network Applications Programming
Interface (API) in conjunction with a memory-resident real-time database, used as a
Current Value Table (CVT). The Network API provides a sort of software backplane,

facilitating near real-time communication between clients, servers and other external
applications. Servers are responsible for keeping CVT data up to date, while clients
provide data displays, processing and analysis functions. Any client and/or server may
access data in any CVT on any PC.
The power of the network distributed concept has been combined with the software
component technology described earlier, as illustrated in Figure 3 below. This architecture
encapsulates the Network API within a suite of ActiveX Controls, which provide high
level, network distributed access to the data. Custom applications may now be rapid
prototyped using the available ActiveX Controls to completely manage the system, display
and/or process data in near real-time, from anywhere on the network with a minimum of
programming.
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Figure 3 - Network Distributed Components

OTHER TECHNOLOGIES

There are many other technologies and concepts provided by the Windows environment
which facilitate easy data exchange, software re-use and application rapid prototyping. By
acquiring a working understanding of these techniques, the data acquisition system user
will gain unprecedented flexibility and ease of use in the ways data can be presented,
reported, displayed, and analyzed. These technologies include:

Open Database Connectivity (ODBC) – An open, vendor independent software
interface for relational database connectivity. With ODBC, applications may be
developed and deployed without a pre-arranged knowledge of the underlying database
engine. ODBC uses SQL (Structured Query Language) as a call-level interface, and
builds SQL statements at run-time, appropriate to the actual database engine being
used. It allows the end-user to select a database engine of choice, rather than it being
dictated by a particular system vendor.
Component Object Model (COM) – The COM is a foundation for the object-based
system that focuses on reuse of interfaces, and it is the model which facilitates OLE
and ActiveX programming. It is an operating-system level object model and the
interface specification from which any number of interfaces can be built.
Visual Basic (VB) and Visual Basic for Applications (VBA) – VB is a powerful
Microsoft development environment based on the Basic programming language. VB is
one of the fastest, easiest to use, rapid prototyping tools for GUI screen development
available. VB programs may make use of component technology as previously
discussed, to quickly and easily develop custom applications using one or more
ActiveX/OLE Controls. VB is also an important and productive tool for engineers and
scientists who are not proficient C/C++ programmers. VBA, a subset of VB, is a
convenient mechanism for extending and customizing the Microsoft Office suite of
applications and to interface them with a variety of data sources.
Microsoft Foundation Class (MFC) – A set of object oriented C++ classes for use in
the development of C++ based GUI programs. MFC provides a rapid prototyping
environment for C++ applications, encapsulating many of the standard Windows-style
GUI constructs in easy to use classes. MFC is a key technology, as compliant
applications provide a consistent look-and-feel, with all other MFC based programs.
CONCLUSION

While Windows NT based PC platforms will not satisfy all real-time data acquisition
requirements, they can certainly be used as a next generation solution for a vast number of
them. By carefully selecting high performance systems, I/O boards and peripherals, many
pitfalls may be avoided. Coupled with the numerous time saving and rapid prototyping
software technologies widely available, a PC-based system must be considered as a
serious possibility for any new data acquisition requirement. The use of these key software
technologies allows the end-user to select the right tool for the job, taking the definition of
‘open system’ to the next level. Best of all, even the highest performance PC platforms are
commercially available at a fraction of the cost of specialized workstation and front-end
equipment.
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Abstract
This paper describes a new development of Chinese onboard telemetry data acquisition
system--onboard telemetry fundamental system. This system is a new type of miniature,
universal onboard measurement system and designs for satisfying future requirement. This
is a standard, serial, miniature, modular TDM onboard data acquisition system. It has two
buses, three levels’ structure and has a very flexible systematic configuration. According to
the requirement you can select the configuration. This system is an open system structure
and can add new modules or instrument equipment.
Introduction
In the last ten years the technology and requirement of the hardware of telemetry onboard
system have distinctive development. The trend of development is the system and the
equipment must be miniature and light. Additionally it must have higher performance,
flexibility and reliability. Users require the system have many configurations. As such, the
systematic design of the onboard telemetry fundamental system is flexible and is a three
levels’ system. It may satisfy many future requirements.
The onboard telemetry fundamental system is composed of standardizing, serial, miniature
modulars. It includes three levels equipments and two kinds buses: 1st level central
management unit, 2nd level programmable development unit, 3rd level programmable
acquisition unit, the buses between the 1st & 2nd level and the 2nd & 3rd level. The
system also includes various acquisition modules, a programmable premodulation filter and
an S band frequency modulation transmitter.

System Description
The figure 1 is the block diagram of the system.
Our system is composed of a 10Mbps serial bus and star type bus to form a three levels’
system. The aggregate bit rate is 5Mbps. It may be programmable by CPU & EPROM to
realize different standard telemetry forms. The form and data rate can be handled in real
time. The 1st level bus uses data block form to transfers.
The maximum configuration includes: 1st level central management unit, 2nd level
programmable development unit, 3rd level programmable acquisition unit. The bus
between the 1st & 2nd level is 10Mbps high data rate serial bus and can connect 32 2nd
programmable development units. Every 2nd programmable development unit can
connects 2 star buses. The total numbers of programmable acquisition units of each bus
are 8.
The maximum acquisition capability of single 2nd or 3rd unit is 256 parameters. The
capability of the entire system may be tens of thousand parameters. Every 2nd level
programmable development unit’s data rate is up to 5Mbps and the data stream of output
is individual.
Onboard telemetry fundamental system can only use the 2nd & 3rd levels’ units. The data
rate is controlled by EPROM. It is a distributive system and the maximum data rate is
5Mbps. The 2nd or 3rd unit can form a concentrated data acquisition system. Onboard
telemetry fundamental system has programmable premodulation filter. According to the
output power and modulation method this system has a transmitter series. In general, the
transmitter is S band.
The module’s design is standard: it uses the same type of parallel internal bus and standard
I/O. All modules connect to the parallel bus to form an universal system. The system uses
user’s design module and has high flexibility.
We use thick film, thin film, laser gate array, EPLD, miniature connector, SMT technology
to realize miniaturization. This system uses a modular structure to realize micro packing.
The dimension of the fundamental module is 60mmx60mmx8mm.
Onboard telemetry fundamental system can form distributed or centralized system
according to the utility.

Onboard Telemetry Fundamental System’s bus
1. 10Mbps Command/Response Bus
The design goal of the onboard equipment is to simplify the cable network, to reduce the
cable connecting layer and to reduce the cable weight. The development of serial bus
technology is considered a design goal. The use of high data rate serial bus makes it easy
to realize universal, intelligence management, to realize high performance, high data rate
and high efficiency transmission.
The 10Mbps command/response high data rate serial bus is composed of receive I/O,
transmit I/O, data buffer region and transmission line. It has two buses, one bus is a data
bus (transmit data word and state word), one bus is a control bus (transmit command
word). Buses can transmit data with single word or blocks between 1st level & 2nd level
units.
The data of the buses are Manchester 2nd form digit. Every word has 20 bits.
The synchronization head word of command word and data word is 3T (different phase).
The first 5 bits of command word are the address of 2nd units. The maximum addresses of
2nd units are 32. The central 3 bits are function bits that control 2nd unit to transform 8
kinds of bit rates and data forms. The last one bit is odd and even-check bit. Other bits are
spare bits.
Figure 2 is the form of the command and data word.
The command bus has two kinds of forms that are continuous and discrete. In general we
use continuous form. The 2nd level unit synchronizes the continuous bus bit and uses it as
clock signal. It starts the working cycle when it receives a command. This may avoid the
acquisition error caused by missing synchronization.
Receiving I/O, transmitting I/O and control module I/O have data buffer region of
2Kx16bit. It is connected with the internal parallel bus and uses the data block to transfer.
This can has higher bus efficiency. The maximum effective bit rate of the 10Mbps serial
bus is 8Mbps. If we use single word transmission the effective bit rate only be 4Mbps. In
general, the effective bit rate is 6.5Mbps. This meets the required bit rate of 5Mbps. The
relation of these two is as follows:
R=10Mbpsx(16/20)xN/(N+1)

R is the effective bit rate. N is the length of the data block (In 20 bits, synchronization
head occupies 3bits, check bit occupies 1 bit, effective data occupies 16bits. Between data
has 2µs interval).
2. Star Serial Bus
The star serial bus uses single module design method and connects to the internal parallel
bus of the 2nd programmable development unit. This single module has 4 individual I/O
ports and connects to 4 3rd level programmable acquisition units. Every 2nd level
programmable development unit has two buses and can connect to 8 3rd level
programmable acquisition units.
Star serial bus uses the transmission form of synchronizing communication single word.
The data rate is 2Mbps.
For different requirements, performance, configuration and volume are different. In the
case of the required volume is lower, large configuration may be waste and serial bus will
be very suitable.
Central Management Computer
Central management computer is the nucleus part of the central management unit. Its
function is system management, including synthetic time sequencing, data structure
management, real-time data structure transformation, bus control, 2nd level unit acquisition
management, etc.
The central management computer also programs and controls the 2nd level unit’s data
acquisition. It supplies the output of data stream rate, supplies the forms of output I/O and
PCM data output. We can set 4 kinds ot storage forms beforehand. The output data rate
and form can be changed outside.
It is composed of CPU, storage program EPROM, time sequence control circuit, equalizer,
bus I/O, power source, etc. Fundamental module dimension is 60mmx60mmx8mm. The
modules are connected by internal parallel bus.
Central management computer uses module development fashion. According to the
requirement of user we can select the configuration.

Fundamental Features:
C The performance can be developed by increasing module.
C The maximum output data rate is 5Mbps. Can select 5/nMbps data rate
(n=1,2,..., 216).
C Can store beforehand 4 kinds of pattern and can be changed by outside control.
C The data rate and acquisition program can be changed in real-time.
C The bus system can receive 32 2nd level units and 256 3rd level units.
C Has data preprocessing ability.
C Miniaturized & modularized.
Programmable Development Unit
The programmable development unit is the 2nd level unit. It has two kinds of information
transmission formats. The 1st is by way of 10Mbps high data rate bus and central
management computer to proceed information exchange. The 2nd is by way of star serial
of star bus to control the data acquisition & transmission of the 3rd level programmable
acquisition unit.
The main function of the programmable development unit is to perform the function of
controlling acquisition, data transmission of 3rd level programmable acquisition unit and to
perform the controlling of data acquisition, data forms of 2nd level themselves. The
acquisition data of the 2nd level transmits to central management computer and form PCM
data stream. The programmable development unit uses EPROM operating form to perform
acquisition, controlling data form of 2nd level and to perform the controlling of acquisition
and data transmission of the 3rd level.
The programmable development unit by way of combination and development of modules
can have three configurations:
a. Programmable development unit, central management computer, 10Mbps high data rate
serial bus and 3rd level unit constitute multi-level distributive system. The central
management computer can connect 32 programmable development units by way of
10Mbps high data rate bus and can connect 32x8 3rd programmable acquisition units by
way of star serial bus.
b. If we do not use central management computer and 10Mbps high data rate serial bus,
2nd level unit and star serial bus & 3rd level unit can compose two levels distributive
system. The 2nd level unit uses as main control unit and can connect 8 3rd level units.

c. If we use this system as concentration telemetry system the maximum. acquisition ability
may reach 256 parameters.
The programmable development unit can be set beforehand 8 kinds of data forms in
memory. This system uses 10Mbps high data rate serial bus to transmit command or input
command from outside to change forms. The maximum operating data rate is 5Mbps.
Main Features:
C
C
C
C
C
C
C
C

It is a programmable PCM system with IRIG standard data form.
The maximum data rate is 5Mbps and can be programmable under 5Mbps.
The maximum configuration is 8 3rd level units.
The maximum acquisition parameters is 256. The acquisition level is 0-+5V, the low
level is 0-+200mV, the gain of differential parameters can be changed from 1-25. The
accuracy of acquisition is 4%-2%.
Digital signal acquisition is available.
Can use any band transmitter.
In the units, uses parallel bus and can change the modules.
Modularization and miniaturization.

Programmable Acquisition Unit
Programmable acquisition unit is the three levels’ unit. It performs data acquisition and
transmission by way of star serial bus.
Programmable acquisition unit uses EPROM to realize the address control of data
acquisition. The maximum development is 256 parameter’s acquisition.
Programmable acquisition unit by way of the combination and development can have two
type configurations:
a. In distributive system it can be used as far end acquisition unit and can use many type
acquisition modules.
b. In the concentration system it can be used as a data acquisition unit and the maximum
acquisition ability is 256.

Main Features:
C It is PCM unit and uses IRIG standard.
C The order of data acquisition is programmable. The acquisition ability is 256
parameters. In general, it uses 0-+5V and low-level acquisition uses 0-+200mV. The
differential type acquisition gain can change from 1-25. It also can use two-level
acquisition.
C The acquisition accuracy is 4%.
C Can have serial or parallel acquisition for digital data.
C Inside the unit parallel bus is used. By way of selecting module may form many
configurations to satisfy different requirement. It forms a series.
C Modularization and miniaturization.
Programmable Premodulation Filter Unit
Programmable premodulation filter unit is composed of modules. According to different
data rate can use different modules. Different module can be use to change the data rate in
real-time.
S Band Frequency Modulation Transmitter
It is in S band from 2200-2300 MHz and has selectable 100 point frequencies.
According to the output power it forms a series.
The modulation frequency is DC-5MC.
Structure Character
The structure parameter forms a series.
The structure form is typical.
Used elements are universal.
Package is modularize and flexible.
Dimension

Appearance

Installation

Weight

Central Management computer

174x60x63mm

162x45mm;4-M7

0.82Kg

Programmable Development Unit

150x60x63mm

162x45mm;4-M7

0.92Kg

94x60x63mm

82x45mm;4-M7

0.46Kg

105x60x63mm

93x45mm;4-M7

0.50Kg

Programmable Acquisition Unit
Programmable Premodulation Filter
Unit

Environmental Condition
Temperature
Shock
Acceleration
Lowest Air Pressure
Vibration

-40-+65EC
70±5g 11ms x,y,z axis’s
63±3g x,y,z axis’s
2x10-7 KPa
20--50Hz
+6db/oct.
50--400Hz
0.12g2/Hz
400--1000Hz
0.22g2/Hz
1000--2000Hz
-6db/oct.

Conclusion
This system may satisfy future requirement and can select configuration.
It is programmable, high performs, universal.
Appendix Main Features and Specifications
C
C
C
C
C
C
C
C
C
C
C
C
C
C
C
C
C
C

Universal, standard, serial, modular, miniature.
Distributed and centralized.
By selecting configuration module and feature is programmable, development.
PCM-FM system, also has PSK, BPSK, QPSK, PM.
S band 2200-2300MHz. May select 100 point frequencies or may use other band.
IRIG-93 standard data form.
Data pattern, data rate, frame length, sub frame length, synchronizing word, order of
acquisition may be programmable.
Data rate maximum 5Mbps, continuous programmable.
Multiple data streams.
Data rate, data pattern can be changed in real time.
Maximum configuration: 32 2nd units, 32x8 3rd units, each 2nd or 3rd unit is 256
parameters.
Acquisition level In general 0-+5V
For low-level 0-+200mV
For differential, The gain can change from 1-25.
Two-level acquisition.
Acquisition accuracy 4%-2%.
May have serial and parallel data I/O.
Miniature, modular, developing. The fundamental dimension of module is
60x60x8mm.
The output power of transmitter is a series.
Premodulation filter is programmable according to the data rate.

Figure 1 The Systematic Block Diagram of the System

Figure 2 The Form of Command And Data Word

The Design of Telemetry Acquisition and Analysis Vans
for
Testing Construction and Mining Equipment

Owen T. Jury
Technical Center
Caterpillar Inc.

ABSTRACT
Caterpillar Inc. has over 25 years of experience using instrument vans equipped with
telemetry to support product testing. These vans provide the capability to instrument the
product, to acquire telemetered data, and to analyze the data. They are being used in tests
performed on construction and mining equipment at Caterpillar's proving grounds and at
customer job sites throughout North America.
This paper presents a design summary of the newest generation vans. It starts with an
overview of the major subsystems and concentrates on the Caterpillar developed software
that tightly integrates the various hardware and software components. This software
greatly enhances the productivity of the system and makes it possible for the van to
perform a large variety and quantity of tests required by our internal customers.
KEY WORDS
PC-based Telemetry, Data Acquisition, Integrated Telemetry Systems, Mobile Ground
Station
INTRODUCTION
Caterpillar Inc. has the need to perform instrumented tests to support the development of
its many products, over 20 major product lines and over 300 different machine models.
These products include track-type tractors, off-highway trucks, wheel-type loaders, log
skidders, agriculture tractors, etc. The tests measure data from all the major vehicle
systems; structural, powertrain, cooling, control, hydraulic, and electronic systems. For
safety and operational reasons the tests typically require physical separation between the
test vehicle and the instrument van. PCM/FM telemetry provides the needed separation.
(See Ref. 1)

The tests are frequently performed at customer locations where they must be done quickly
in order to minimize disruption of customer's operation. The transducers, signal
conditioning equipment, and telemetry systems must be installed. The test is then
performed and data acquired. The data must be sufficiently analyzed to ensure its quality
and quantity in order to avoid ending a test prematurely. After the test, all of the
transducers and equipment installed on the test vehicle must be removed for transfer to the
next test. The ability to perform these activities in addition to the number and variety of
tests greatly influence the design of the analysis van and its subsystems.
Major design objectives of the van
! roadable, i.e., capable of being driven at normal highway speeds
! support the instrumentation of the test vehicle
! provide full data acquisition capability
! provide full analysis of the acquired data
MECHANICAL SYSTEMS
The van itself is a Recreational-Vehicle-style body built on a cutaway chassis. This
configuration allows the van to be driven to the job site at normal highway speeds. There
are no special needs for four-wheel drive or off highway capability as most job sites will
have graded roads.
The body has been customized by
! adding a U-shaped countertop work surface
! adding several 19 inch electronic equipment racks below the countertop
! adding drawer and cabinet storage units below the countertop
! adding overhead storage compartments
! incorporating storage bins with access via external doors
These customizations provide adequate storage capacity for numerous transducers,
instrumentation cables, power cords, tools, test instruments, and lighting. There is room for
the electronic equipment and for counter workspace for several people. Extra windows in
the van allow visual observation of the test vehicle during the test.
The van must be electrically self-sustaining; it is equipped with two electrical generators to
provide power for the electronic equipment, heating, air-conditioning, and miscellaneous
equipment. The electrical system is designed with a ship-or-shore capability to allow the
use of utility power when it is available.

During the test, the van must also operate as a command and control center. To support
this need, the van is equipped with UHF radios, cell phones, and CB radios. When the van
is parked close to a corporate facility, it can be connected into the corporate computer
network.
TELEMETRY SYSTEM
This newest generation of vans is the second generation to use PCM telemetry. The block
diagram of the test vehicle portion of the telemetry system is shown in Figure 1. The PCM
encoder is a fairly new generation of encoders that is highly programmable, i.e.,
programmable data-cycle-map, amplifier gains and offsets, bridge completion, bridge
auto-balancing, bridge balance points, and anti-aliasing filter settings.

Figure 1. Test Vehicle Block Diagram
The handheld decom is an Caterpillar developed instrument that enables the technicians to
troubleshoot the transducers and cabling on board the test vehicle. The user can select up
to 4 PCM words and view them on an LCD display. This decom can display either the
actual value or an average value together with the maximum deviation from the average.
Having this handheld decom saves instrumentation checkout time by eliminating the need
to use the larger decom system in the van. It provides the capability to rule-out any radio
link problems in system. Further, it permits the instrumentation of a test vehicle while the
van and its receiving equipment are engaged in another test.
The desired mode of testing is to transmit the data to the van for storage on the van
computers. There are a few tests, however, where there is not a direct line-of-sight
between the test vehicle antenna and the van receiving antenna. In these cases, a DAT tape
recorder mounted on the test vehicle records the PCM stream for playback later in the van.

A block diagram of the van-based portion of the telemetry system is shown in Figure 2.
The system is built around a PC-based telemetry system. Both the bit synchronizer and
decommutator functions are built onto an ISA bus card. The PC is a Pentium class
computer with four SCSI hard disks, a 4mm tape drive, a CD-ROM drive, and a
magneto-optical CD-ROM drive.

Figure 2. Van Block Diagram
A UNIX workstation is incorporated so test engineers may use Caterpillar developed data
analysis software. The workstation has a 4mm tape drive, a 2.6 GB magneto-optical drive,
four SCSI hard disks, and 256 MB ram. The total disk storage of both computers is 26
GB.
The PC is connected to the UNIX workstation via ethernet using TCP/IP protocol
communication. The disks on the workstation are FTP exported to PC where they appear
as local drives. This permits the PC to write and transfer files directly to the workstation.
SOFTWARE
The major design objectives of the software were:
!
integration of
+ purchased encoder hardware
+ purchased bit-sync and decom
+ purchased acquisition and real-time graphics software
+ existing Caterpillar developed analysis software
! utilize design features from previous van systems
! aid productivity by
+ elimination of multiple entry of information
+ providing validation of data and test sequences
+ having software perform as many calculations as possible
+ providing general ease-of-use

The principal portion of the Caterpillar developed software, Analysis Van Software
(AVS), provides the Test Setup function. This part of the software interfaces with the
vendor provided data acquisition and real-time display software via the vendor's database,
(See Figures 3 and 4) The user-interface of the pre-test software provides
! similarity to other corporate data acquisition systems
! entry of descriptive information about the test & the test vehicle
! entry of sub-test or event information
! entry of parameter-related information
! entry of signal conditioning and encoder related information
! entry of sensor and calibration related information

Figure 3, Conceptual View of Major Software Functions
Another important portion of the pre-test functions is to provide calibration support. This is
divided into two sub-functions; i.e., pre-test calculations and pre-acquisition end-to-end
calibration.
The pre-test calculations use parameter related information entered by the vehicle test
engineer, sensor information from the sensor database, and signal conditioning
information. The software then calculates signal conditioning gain and offset, bridge
balance points, anti-aliasing filter values, and expected engineering unit (EU) conversion
slopes, (See Ref. 2)

Figure 4, Van Software Data Flow
The end-to-end calibration of the data channels is not a calibration of the transducers, but a
calibration technique that addresses cabling and various signal conditioning effects on the
parameters. It is a two-point linear calibration initially developed to perform strain gage
calibrations but later extended to support other types of transducers. The technique
supports determination of EU conversion slopes and intercepts by
! either manually entering the slope and intercept
! or, manually entering the slope and calculating the intercept
! or, calculating both the slope and the intercept
This software additionally provides the capability to simultaneously calibrate groups of
data channels.
During a test, the vendor provided software is used to perform PCM telemetry data
acquisition, to generate real-time displays on the PC, and to store all data on the PC disks.
The vendor software also has the capability to export a copy of the current-value-table
(CVT) to a workstation disk. A Caterpillar developed software package continuously
reads the CVT and generates real-time displays such as various types of scrolling graphs,
x-y graphs, and annunciators.
During a test, an instrument engineer, responsible for the instrumentation and telemetry
system, monitors the PC displays. His principal concern is the integrity of the data
channels; ensuring that all transducers are functioning properly and that no channels have

gone into saturation. A second person, a vehicle test engineer, monitors the workstation
displays and the test vehicle to ensure that the test is being run properly.
After the test is complete, the raw data files are transferred to the workstation and
translated into a proprietary format, the Generic Data File (GDF). After the translation, the
data can be displayed, reduced, and analyzed using a Caterpillar developed analysis
package.
CONCLUSION
Caterpillar is using commercially available telemetry equipment and software together with
Caterpillar developed software to smoothly integrate the various test functions. The
integration is proving to be very successful by reducing the number of man-hours required
to setup and perform a vehicle test. It also is helping to improve the quality of data. Both
of these integration attributes reduce the cost and time to develop new products.
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ABSTRACT
In this paper, the Miniature Data Acquisition Transceiver System (Mini-DAT), a Type II
PC-Card based data acquisition and transceiver system is described. The Mini-DAT was
developed by ViaSat and is currently in use at the Air Force Research Lab (AFRL) at
Eglin AFB. AFRL is investigating the use of this Industrial, Scientific and Medical (ISM)
band system for data collection with advanced munitions.
The Mini-DAT combines the advantages of PC-Card technology with an off the shelf
interfacing and packaging approach to provide a large array of capabilities in a very small
package. The system provides everything needed to collect analog, discrete and digital
data, process the data and transfer the data in a wireless fashion using the latest license
free spread spectrum modulation technology.
The advanced design of the Mini-DAT allows for operation in harsh remote environments,
collecting data unattended and accessed remotely. A graphical user interface (GUI) is
provided via a Windows 3.x and 95 software package that can be easily customized for
specific applications.
The Mini-DAT provides fast and reliable error-free data transfer over the 2.4GHz ISM
communication band. It operates over a shared 80MHz bandwidth, allowing multiple
access of a number of portable units operating simultaneously in the same band.
KEY WORDS
Telemetry, Transceiver, Data Acquisition, Spread Spectrum, PCMCIA, Miniaturized

INTRODUCTION
The MiniDAT System is a wireless telemetry system consisting of 4 remote MiniDAT
Units (MDUs) and a Command Receiver Base Station. With the MiniDAT system, a user
can acquire baseband telemetry data from remote locations over a wireless network. At
each location, multi-channel analog and digital telemetry can be sampled in continuous
sample or dual rate modes; remote digital output is also accommodated. These baseband
telemetry options are configured over the wireless network since the telemetry transmitter
is actually capable of half duplex transceiver operation.
The Command Receiver Base Station sends configuration and telemetry transmission
commands to the remote unit and receives telemetry using a telemetry transceiver common
to both the Command Receiver Base Station and the MDU. It consists of a laptop PC with
a ViaSat 2.4 GHz Spread Spectrum Transceiver inserted in one of its PCMCIA slots. The
laptop runs a compiled LabView program which provides the Graphical User
Interface(GUI) for configuration and command input and data display.
The remote MDU receives commands from the Command Receiver, acquires baseband
telemetry, and transmits the telemetry over a wireless network. It is a portable unit with
interfaces for RF, Baseband Telemetry, and DC power. Enclosed in its housing are an
SMOS 386 processor card (CPU), a National Instruments PCMCIA Data Acquisition card
(DAQ Card), and a ViaSat Transceiver Card, interconnected through a ViaSat custom
backplane. The Command Receiver Station, MDU and expanded view of the MDU are
shown below.

SYSTEMS OPERATION
From the Command Receiver, the user sends a configuration or transmit command to an
MDU all of which can be individually addressed. The addressed MDU responds by either
changing its configuration or by acquiring baseband telemetry and transmitting the data
back to the Command Receiver via the wireless link. Upon power up, the MDU enters

receive mode, where it listens for configuration and transmit commands. Each MDU is
factory programmed with a unique address, and will respond only when addressed by the
Command Receiver. Upon sending the command, the Command Receiver will enter
receive mode and will not send another command until it has received all data from the
first MDU addressed. Only one unit, either the Command Receiver or MDU, can transmit
at any one time; the rest of the units will be in receive mode.
The MDU configuration parameters include the number of telemetry inputs, sampling
rates, and gain and are established remotely using a transmitted configuration command
from the Command Receiver; the RF frequency of the MDU can also be configured. Upon
receipt of the configuration message, the MDU writes the new configuration information to
flash memory, runs the configuration routine, and sends an acknowledgment message to
the Command Receiver, signifying successful completion of configuration.
The MDU is commanded to initiate acquisition and transmission of baseband telemetry
data with a transmit command from the Command Receiver. The transmit command
specifies the length of time for the data acquisition. After the MDU has responded to these
commands, it re-enters receive mode, where it awaits another addressed instruction from
the Command Receiver.
CAPABILITIES AND PERFORMANCE
Communication The MDU provides reliable communications to any Command Receiver
via a license free, 2.4GHz ISM band spread spectrum data link. Data rates from
250Kb/sec to 2Mb/sec can be selected, depending on data collection requirements,
required range and desired battery life. The data link provides data from the MDU back to
the user, and also provides a link between the user and the device for remote
programming, setup, turn on and turn off.
Data packets are transmitted and received over the wireless link by the ViaSat 2.4 GHz
Spread Spectrum Transceiver card. Transmission is in the FCC ISM band for unlicensed
users, from 2.40 to 2.48 GHz; the frequency of transmission is configurable in 1 MHz
steps, anywhere in this band. The data is DBPSK modulated at a burst rate of 250 kbps
and spread with a 15 bit code for transmission at 3.75 Mchips/sec. The average transfer
rate depends on the number of telemetry inputs and sampling rates used. Allowable path
loss is over 110 dB. The rubber duck antennas provided with the MDUs provide an
additional antenna gain of about 3dB along the horizontal axis.
Data Acquisition Data Acquisition is performed by the National Instruments DAQ Card
1200. It performs 12 bit sampling of 8 single-ended or 4 differential analog telemetry
inputs. A variety of input voltage ranges, both polar and bipolar, with either grounded or

floating references are accommodated. 8 digital inputs can be multiplexed with the analog
samples; 8 digital outputs can be set remotely. For relatively slowly and rapidly varying
signals, dual rate sampling allows two groups of the inputs to be sampled at different rates.
Sampling Performance Sampling performance is determined by the throughput of the
MDU and Command Receiver baseband processing hardware and software. In the single
sample rate mode, a maximum of 16 ksps can be processed continuously. The maximum
continuous sample rate per channel is 16 ksps/number of channels being sampled.
In the dual sampling rate mode, packets of samples are acquired by the MDU at a
maximum sample rate of 100ksps. The time between channel sampling periods is a
function of sample rate, number of channels, and MDU processing time; it varies between
35 and 150 ms. Channels sampled at the second, lower rate are sampled once per channel
per packet; this rate varies from 25 Hz to the sub Hz region. The digital inputs are
multiplexed in the same way as the low rate analog channels.
Data Packetizing In the MDU CPU, the DAQ buffer of 12 bit samples, 2 bytes per
sample, is compressed to a packet containing 2 samples per 3 bytes of data . This packet
length varies with sampling options, but is roughly 4000 bytes. A Start of Frame Delimiter
(SFD), unique to each MDU is added for packet synchronization and MDU addressing.
Data Display and Logging A Graphical User Interface (GUI) has been written in
LabView for the laptop for MiniDAT System configuration, control, and data display. In
addition to configuration control and post data collection display this program allows real
time data display of a subset of the received packets. The Command Receiver Laptop has
over 500 MB of disk space to log data files. The Display Saved Data program, a separate
LabView executable, allows data files to be viewed on a front panel screen similar to the
Command Receiver Control screen. All packets can be viewed from this program.
Data Processing and Control The MDU comes equipped with an on board 80386
microprocessor. The unit is capable of running DOS, with sufficient memory (up to 16MB
RAM) to store and run custom DOS applications downloaded into the MDU during
configuration and set-up. The processor provides for power control, data acquisition card
configuration, communications control and monitoring, while providing the flexibility to
perform additional pre-processing and signal conditioning of acquired data prior to
transmission.
Upgradeability The MDU has an extensive list of upgrade capabilities. The two
PCMCIA slots provided can be populated with virtually any Type II PC cards currently
available. An optional three PC card version of the MDU will also be available. These PC
slots are controlled via the Type II sized 80386 processor card provided, which is also
available as an 80286 or 80486 with a variety of clock speeds and memory.

MINI-DAT FOR DoD
The Air Force Research Lab, AFRL, Eglin AFB, FL, is investigating the use of commercial
ISM band products to assist in collecting data from subsystems under development. Since
much of the frequency spectrum is being sold off for commercial applications, the
available military spectrum is shrinking and future plans by Washington will reduce the
available spectrum even more. It appears prudent for the government research labs to look
at the use of the commercial spectrum on a non-interference basis for some applications.
The large volume of commercial products and large volume of units sold will make use of
these products very cost effective. Investigation into the use of PCMCIA devices has
shown that many products are available today such as memory storage devices,
ethernet/fax/modem cards, GPS receivers and ISM band transceivers to mention only a
few. Many of these devices can be used off-the-shelf to collect data, transmit the data, and
provide storage and data retrieval as needed. With Pentium processor based notebook
computers available at an affordable price, collection, reduction and analysis of data is
now available and is very transportable.
The Technology Assessment Branch, Armament Directorate at Eglin AFB, has procured
the Mini-Dat and will be investigating its use for both laboratory experiments and for
experiments outside. There are many specific applications that this type of system can be
used for. In areas where analog data needs to be collected and analyzed in environments
where running wires would be prohibited, use of the Mini-Dat will greatly increase the
efficiency of data collection and be both cost and time effective.
One technical consideration to be investigated is how other frequencies in the military
band will affect ISM band products and their performance. ISM, Part 15 will allow up to 1
watt of Effective Radiated Power (ERP) which will provide sufficient range for most
applications. The current Mini-Dat, at 100 milliwatts, with an omni-directional antenna and
clear line of sight, is usable to around 3 km. Adding a higher gain receiver antenna such as
those available at military test ranges will significantly increase range.
Another application of Mini-Dat will be to provide an interface with off-the-shelf
PCMCIA GPS cards allowing transmission of both position data, and GPS time along with
other analog inputs. This application should provide very useful data during development
of various subsystems at AFRL.
CONCLUSION
The Mini-Dat as configured, is a basic building block for the collection and transmission
of analog and digital signals. Interfaced with a Pentium computer and Labview, this system
provides a very flexible, portable data collection system. Future plans include interfacing
several off-the-shelf devices and investigating their potential use by the end of this year.
Future uses of ISM band commercial products promises to provide significant cost savings
in the development of systems and subsystems for telemetry applications..
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ABSTRACT
For many years VME has been the platform of choice for high-performance, real-time data
acquisition systems. VME’s longevity has been made possible in part by timely
enhancements which have expanded system bandwidth and allowed systems to support
ever increasing throughput. One of the most recent ANSI-standard extensions of the VME
specification defines RACEway, a system of dynamically switched, 160 Mbyte/second
board-to-board interconnects. In typical systems RACEway increases the internal
bandwidth of a VME system by an order of magnitude. Since this bandwidth is both
scaleable and deterministic, it is particularly well suited to high-performance, real-time
systems.
The potential of RACEway for very high-performance (200 Mbps to 1 Gbps) real-time
systems has been recognized by both the VME industry and a growing number of system
integrators. This recognition has yielded many new RACEway-ready VME products from
more than a dozen vendors. In fact many significant real-time data acquisition systems that
consist entirely of commercial-off-the-shelf (COTS) RACEway products are being
developed and fielded today.
This paper provides an overview of RACEway technology, identifies the types of
RACEway equipment currently available, discusses how RACEway can be applied in
high-performance data acquisition systems, and briefly describes two systems that
acquiring and capturing real-time data streams at rates from 200 Mbps to 1 Gbps using
RACEway.

KEYWORDS
Data Acquisition, VME (Versa Module Eurocard), VSB (VME Subsystem Bus), HIPPI
(High Performance Parallel Interface), RACEway, Instrumentation Recorders, ID-1
Recorders, DCRsi, High-performance real-time systems, Fibre Channel RAIDs.
INTRODUCTION
RACEway expands the internal bandwidth of standard VME systems by allowing each
RACEway-ready board to establish a 160 Mbyte/second point-to-point connection to
another RACEway-ready board. An active backplane overlay known as the RACEway
Interlink dynamically manages these connections, allowing multiple independent 160
Mbyte/second channels to operate simultaneously in the same VME chassis. In this
architecture, internal bandwidth scales with the number of boards in the system, a
significant advantage over a multi-board shared bus architecture. Additionally, the system
designer can guarantee that bandwidth will be available between two critical real-time
functions, which is not always the case in systems that rely on system buses (VME or PCI)
for data transfer. These features make RACEway particularly well adapted to high-rate
data acquisition applications where a deterministic data flow can be pipelined through one
or more functional elements.
The recent advent of a wide variety of COTS RACEway products has propelled
RACEway from being simply an interesting technology into a really useful technology that
can be applied to solve difficult real-time data acquisition problems. In fact, many
RACEway-based acquisition systems have been developed and fielded. These systems are
performing at throughput levels not attainable using other standards-based COTS
equipment.
This paper discusses how COTS RACEway equipment can be used to acquire, record, and
communicate real-time data streams ranging from 200 Mbps to 1 Gbps. First, an overview
of RACEway technology is provided, including a review of the functionality that can be
implemented with commercially available RACEway equipment. Then, specific examples
of high-throughput real-time systems that incorporate RACEway and high-performance
instrumentation recorders (ID-1 and DCRsi) are discussed.

RACEWAY - A SWITCHED FABRIC INTERCONNECT FOR VME
ENVIRONMENTS
The RACEway specification (ANSI/VITA 5-1994, see references) defines a standard
usage of the VME P2 connector’s A and C rows (“User Defined” pins in the VME

specification) to provide an additional high-speed mechanism for transferring large
volumes of data between boards. RACEway uses these pins to implement a dynamically
switched, point-to-point interconnect system, also known as a switched fabric (figure 1).
Since RACEway uses only P2 rows A and C, it can operate concurrently with VME or
VME64 operations. In fact, since all RACEway connections are point-to-point, RACEway
operates more reliably with VME64 than other standard P2 interconnects that are bused
and can create cross-talk problems (such as the VME Subsystem Bus, VSB).
Figure 1 - The RACEway Switched Fabric in a VME Environment
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The central element of a RACEway interconnect system is the Interlink. The Interlink is a
network of six-port crossbar switches that establishes point-to-point connections between
boards in a VME/RACEway environment. Physically, the Interlink is an active P2 overlay
that mates to the rear of a VME backplane (similar to VSB overlays). The slots
encompassed by the overlay determine the boards that may participate in RACEway
connections. Interlinks can encompass a variable number of slots; for example 4, 8, and 16
slot RACEway Interlink modules are commercially available.
Data transfers across RACEway are initiated when a master board writes a “routing word”
and slave address to the Interlink. The Interlink module receives this information and
establishes a connection to the requested slave board. The slave board determines whether
a read or write operation has been requested and signals when it is ready to accomplish the
data transfer. The Interlink manages actual data transfer on a 2 kbyte burst basis. When
both the sender and receiver are able to accomplish a 2 kbyte burst, the Interlink allows
the burst to occur. RACEway bursts always occur at 160 Mbytes/second (32 bit

synchronous transfers at 40 MHz). The Interlink is also capable of interleaving bursts from
several RACEway masters to a single RACEway slave.
The RACEway specification also allows for adaptive routing, split reads, broadcasts, and
multicasts. Although these features may be interesting, they are not central to the use of
RACEway as a real-time architecture. Additionally, all RACEway-ready equipment is not
required to support these features, so it may not be prudent to design a system assuming
these features will be available.
RACEWAY APPLIED TO REAL-TIME SYSTEMS
The real-time system designer can take advantage of RACEway’s multiple data paths by
pipelining the data flow through the system. Figure 2 illustrates a typical RACEway-based
data acquisition system. In this example, a rotating set of three RACEway memory boards
is used to buffer high-rate, real-time data. As data are acquired, they are written to one
memory board. When that memory is filled, the acquisition switches to the second
memory, while a data capture board extracts data from the first memory for recording on
high-rate tape or Fibre Channel RAIDs. When the second memory is full, acquisition
switches to the third memory, data capture switches to the second memory, and signal
processors begin operating on data in the first memory. The signal processors can also use
RACEway to pass data to additional signal processing boards or a high-performance
workstation/supercomputer via ANSI-standard HIPPI or Fibre Channel communication
channels. In this example, the VME bus is used for control only.
Figure 2 - Real-Time RACEway System Provides Multiple 160 Mbyte/second
Channels
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The above example illustrates a nine-board system with an internal bandwidth of 640
Mbytes/second (via RACEway) and 80 Mbytes/second (via VME64). This internal
bandwidth is considerably higher than can be achieved with industry-standard bus systems
(133 and 266 Mbytes/second for 32 and 64 bit PCI, for example).
While internal bandwidth provided is high, it is the scalability and determinism of
RACEway channels that are the major advantage in real-time systems. In systems where
data are passed from one element to the next (such as the example above), scalability is
vital in achieving high throughput. In RACEway’s switched architecture individual
communication channels are available between each functional element (board), in a bused
system all functional elements compete for use of a single bus. This distinction allows a
RACEway-based system that include multiple functional element to support input streams
up to 1 Gpbs where conventional bus architectures cannot.
Deterministic performance is the second major feature of RACEway important to real-time
systems. Individual RACEway links can be dedicated to real-time data paths, insuring that
the required bandwidth will be available when needed. In a bused system a time-critical
data transfer may be delayed when the single data pathway is occupied with non-critical
data or by relatively slow control messages.
RACEWAY BUILDING BLOCKS
Widespread industry support has been one of the keys to the success of VME. A large
community of vendors offers a wide spectrum of products, many of which are tailored to
real-time systems. Since RACEway is fully compatible with VME, it benefits from the
great variety of VME products. More importantly, since the adoption of RACEway as an
ANSI standard in June 1994, a growing number of manufacturers are supporting
RACEway-ready versions of their VME products. COTS RACEway board-level products
are available for data acquisition, digital signal processing, recorder interfaces, high-speed
communication channels, and a variety of other functions (table 1). There are also chiplevel products and foundation boards available to assist in the development of applicationspecific RACEway boards.
The variety of RACEway-ready products currently available coupled with the ability to
integrate these products with standard VME equipment enables the system designer to
configure a complex, high-performance real-time system using off-the-shelf products. In
fact, the range of VME/RACEway off-the-shelf products is broader than other
technologies.

Table 1 - RACEway Products
Type
Analog & Digital Input/Output
Memory Boards
Digital Signal Processors
Single Board Computers (SBC)
Communication Channels

Storage Connections

Foundation Boards
Interlink Modules
Chip-sets, Bridges

Description
Analog I/O to 400 Mhz, Digital Receivers, Serial I/O
128 Mbyte to 2 Gbyte per board
Intel I860, Power PC, SHARC, TI320C40, TI320C80,
Custom
Various via PMC sites on SBC
HIPPI (100 Mbyte/sec)
Serial HIPPI (fiber optic, 100 Mbyte/sec)
Fibre Channel
Custom fiber optic (500 Mbaud)
Fibre Channel RAID
SCSI2/Ultra SCSI RAID
ID-1 Recorders
Ampex DCRsi
PMC Carrier
General I/O Motherboard
4, 8, 16 slot
RACEway/PCI
FIFO to RACEway chipsets
PMC modules

DATA ACQUISITION AND CAPTURE - 200 MBPS TO 1 GBPS
The scalability of RACEway makes it an ideal architecture for handling multiple high-rate
data streams. Two examples of such systems are a high-speed data acquisition system, and
a Common Data Link front-end system.
High-speed Data Acquisition System
The High-speed data acquisition system (Figure 3) is an airborne configuration that
acquires data from six concurrent 30 Mbyte/second data streams, storing the data in COTS
VME/RACEway memory boards. Selected portions of the data are read from the
memories and recorded on a ruggedized instrumentation recorder. The system uses six 512
Mbyte memory boards (using six slots), for a total of 3 Gbytes of solid-state buffering. By
using available 2 Gbyte memory boards, the total buffering can be easily expanded to 12
Gbytes. Furthermore, up to 8 more memory boards can be included in the system, taking
the total buffering capacity to 28 Gbytes. The system makes use of existing ruggedized
enclosures to provide the shock, vibration, and EMI/EMC protection required for airborne
applications.

Figure 3 - RACEway System that Acquires Data at 180 Mbytes/second
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Common Data Link Front End System
The Common Data Link (CDL) front end processor (figure 4) is a flexible system capable
of handling two data 274 Mbps streams of data from MIST antennas. The first data stream
is received, synchronized and stored in a VME/RACEway memory board. From the
memory board the data is output to an image processing workstation (via Serial HIPPI).
The second stream is received, stored in memory, and output to an ID-1 recorder and/or
another workstation (via a second Serial HIPPI channel). The system controller (a standard
VME single board computer) is responsible for controlling both operations simultaneously.
The system controller is also responsible for examining header and support data in the dual
access memories and making real-time decisions regarding what processing is appropriate
for the input data.

Figure 4 - RACEway-Front End Handles Two 274 Mbps CDL Data Streams

Standard VME Enclosure
RACEway Interlink

MIST Antenna # 1
MIST Antenna #2
DCRSi #1
DCRSi #2

Input

CDL

Router

Sync

512 Mbyte
RACEway
Memory

Serial
HIPPI
I/F
#1

Serial
HIPPI
I/F
#2

512 Mbyte
RACEway
Memory

ID-1
Recorder
I/F

System
Controller

VME/VME64 (Control only)

Workstation-based
Image Processor

240 Mbps ID-1
Recorder

CONCLUSIONS
RACEway architectures are well suited to high-performance, real-time data acquisition
systems offering:
1. High throughput. Since internal bandwidth is scalable, it increases with the number
of functional elements in the system. This is a large advantage over bus systems in
which internal bandwidth decreases with the number of functional elements.
2. Deterministic Performance. The system designer can allocate separate data paths
for critical real-time functions, ensuring data overruns will not occur.
3. Availability of Products. A wide range of off-the-shelf, high-performance products
are available greatly reducing the amount of custom hardware typically required in
high-performance real-time systems.
4. Compatibility with VME. Standard VME products -- including ruggedized
enclosures, standard single-board computers, and auxiliary function equipment -integrate easily with RACEway.

INTELLIGENT DATA ACQUISITION TECHNOLOGY
Rick Powell and Chris Fitzsimmons
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ABSTRACT
Telemetry & Instrumentation, in conjunction with NASA’s Kennedy Space Center, has
developed a commercial, intelligent, data acquisition module that performs all functions
associated with acquiring and digitizing a transducer measurement. These functions
include transducer excitation, signal gain and anti-aliasing filtering, A/D conversion,
linearization and digital filtering, and sample rate decimation. The functions are
programmable and are set up from information stored in a local Transducer Electronic
Data Sheet (TEDS). In addition, the module performs continuous self-calibration and selftest to maintain 0.01% accuracy over its entire operating temperature range for periods of
one year without manual recalibration. The module operates in conjunction with a VMEbased data acquisition system.
KEYWORDS
Signal Conditioning, Analog-to-Digital Conversion, Digital Signal Processor, Digital
Filtering, Self-Test, Self-Calibration, Automated Data Acquisition, Multiple Transducer
Support, Transducer Electronic Data Sheet
INTRODUCTION
For the last three years, Telemetry & Instrumentation and NASA have been developing the
Universal Signal Conditioning Amplifier (USCA) for use on the Space Shuttle launch pad.
Reduced operating budgets and NASA’s desire to integrate zero or low maintenance
electronic systems into its support equipment were the motivating forces for developing the
USCA.
The first unit produced was a ruggedized module that could withstand direct exposure to
the shuttle’s solid rocket exhaust while remaining operational with better than 12-bit
accuracy. That data acquisition module is currently being deployed on the launch pad, and
a second version of the module, one that is rack-mountable, has now been developed. The

goal of both of these modules is to reduce shuttle operational costs by automating the setup
of the transducer measurements and eliminating the need to continually recalibrate the
signal conditioner. To do this, the USCA was designed to be completely programmable,
supporting all the transducers used by NASA on the launch pad. In addition, selfcalibrating functions were built into the USCA, which significantly reduced the frequency
of calibration requirements. Also, because of the distance between the transducer and the
control room, up to four miles in some instances, transducer calibration information was
designed to be stored with the transducer in an electronic data sheet, which is read by the
USCA. After reading this information, the USCA configures itself to that transducer’s
requirements and loads in the transducer calibration coefficients.
USCA MODULE ELEMENTS
The USCA consists of all the elements required to build a complete intelligent data
acquisition module, as shown in Figure 1.
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Figure 1. USCA Block Diagram
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Transducer Electronic Data Sheet
The Transducer Electronic Data Sheet (TEDS) contains all the information about the
measurement, the transducer, and the requirements for setting up the USCA. It contains the
Measurement Name, Measurement Type, Transducer Type, Calibration Date, Excitation
Type (Voltage or Current), Excitation Level, Input Type (Voltage or Current), Coupling
(AC or DC), Gain, Sample Rate, Filter Cutoff Frequency, 8th-Order Polynomial
Coefficients for Transducer Calibration, and the Analog Output Level. The TEDS can be
located at the transducer or inside the USCA itself. If located at the transducer, the TEDS
also provides the ability to verify the correct transducer connection and match it to the
input channel. In this case, a transducer can be plugged into any USCA, and the system
will automatically configure itself and match the transducer and measurement name to the
input channel corresponding to that particular USCA.
Reference Voltages
To perform USCA calibration, the USCA uses precision, temperature-compensated
voltage references that have a temperature stability of better than 1 ppm per oC and less
than 1 ppm drift per year. These references form the basis for maintaining high accuracy
over all operating temperatures for one year through continuous self-calibration. The actual
values of these voltages and other critical calibration values are measured during annual
calibrations, and are stored internally in the USCA in non-volatile EEPROM.
Transducer Excitation
The USCA has two independent 16-bit digital-to-analog converter controlled excitation
sources that individually can supply from 0 to ±11.5 Volts at 60 mA in 500 uV steps.
When used in differential mode, they supply 0 to 23 Volts. They can also be configured to
supply precision constant current excitation up to 10 mA in 1 uA steps. Pulsed excitation
can be used in either current or voltage mode to reduce the effects of transducer heating or
differential input noise.
Dual Gain and Filter Section
The USCA contains dual amplifier and filter input sections. While one input section is
being used to input the measurement, the other is being calibrated. The amplifier of each
section is a multi-stage programmable gain differential amplifier that provides gains from 1
to 2,000. The filter of each section is an 8-pole Butterworth-elliptical filter with
programmable cut-off frequencies that are set to match the analog-to-digital (A/D)
conversion rate and prevent aliasing in the passband of the digitized data — all while
maintaining 14 bits of linearity.

Input Multiplexer
The input to each input section is a differential solid-state multiplexer that allows various
inputs to be switched into each channel. Each of the two input sections is fed by a dual 8input analog mux that allows one of eight inputs to be selected to each side of the
differential input amplifier. This feature allows each channel to input any of the precision
voltage references, the signal input, either of the two excitation voltages, the analog output,
or the analog ground for reference to other voltages, or for zero reference.
Analog-to-Digital Conversion
The 16-bit A/D converter operates at either 10K samples per second or 40K samples per
second. In both cases, every other sample is a measurement followed by calibration input
so that only half the conversion rate is used for measurements. This capability provides
measurement conversion rates of 5K and 20K samples per second. For lower measurement
sample rates, digital filtering and decimation are performed by the digital signal processor.
Digital Signal Processor
A high-performance digital signal processor (DSP) is used to control the functions of the
USCA. The DSP performs calibration, measurement linearization, scaling, digital filtering,
decimation, output to a digital-to-analog converter (DAC) for analog output, and serial
output to the digital multiplexer. It also controls the setup of the gain, excitation, and
sample rates in the hardware, as well as continuous analog calibration and self-test. In
addition to these functions, the DSP provides an intelligent interface to the control system
for receiving setup commands and information, calibration commands, and diagnostics
commands. The DSP reports the results of diagnostics, calibration, and self-test back to
the control system. It sets up the acquisition from information received by the control
system or by the Transducer Electronic Data Sheet (TEDS). It also updates the TEDS on
command from the control system.
Analog Output
The analog output section is formed by dual 16-bit DAC and amplifier sections that
provide output ranges of 0-5V, 0-10V, ±5V, and ±10V. The DSP writes 16-bit, calibrated
and linearized values to the DAC that are scaled so that the input range of the
measurement is mapped to the range of the analog output. As in the dual input section, one
output section is used for output while the second is being calibrated.

Digital Output
Following digital filtering and decimation, the resulting 16-bit value is output to a serial
RS-485 output to a digital multiplexer, which can be up to 1,500 feet from the USCA. At
the multiplexer, the measurement is time stamped and merged with other data on the
Measurement Data Bus.
OPERATION
Setup
On Power-up, Reset, or on Command, the USCA performs initial self-test and selfcalibration. It then reads the Transducer Electronic Data Sheet (TEDS) and sets up the
excitation, gain, filtering, DSP processing, and analog output per the data in the TEDS.
The input multiplexer is set to input the measurement input into the first input section, and
reference voltages into the second. After one section is calibrated, and the excitation and
analog output sections are calibrated, the USCA begins to input measurements.
Calibration
To calibrate an input section, the DSP selects one of six reference voltages, or the analog
ground, and feeds it to the input. The known value for that reference voltage, which is
stored in the EEPROM, is compared to the reading taken by the A/D converter. An offset
and gain correction is calculated for the positive polarity of that section. The reference
voltage is then reversed on the inputs, and offset and gain corrections are calculated for the
negative polarity of that section. For gains of greater than 10, this process is performed in
multiple steps, with each gain stage calibrated separately. After all stages are calculated, a
cumulative offset and gain are saved for both the positive and negative polarities of that
input section. These values are used to correct the A/D values that are received by the
DSP when this section is used for measurement input. They are also used when this
section calibrates the excitation and analog output.
After the input section is calibrated, it is used to calibrate the excitation voltage. The DSP
selects the excitation as input to the input section. The values received by the DSP are first
corrected with the offset and gain correction for that section. The DSP then compares the
corrected value with the programmed value for the excitation level. If the excitation value
is incorrect, the excitation is adjusted until it is within 500 uV or 1 uA of the desired value.
Finally, the input stage is used to calibrate the dual analog output section. The DSP sends
an output value to the output section and measures the result with the calibrated input
section. After several values are output, an offset and gain are calculated for both the

positive and negative polarities of that analog output section. These values are used when
this half of the analog output is used for the actual analog output.
While one input section is in calibration, the other is used to input measurement data. After
one section completes calibration, it is used for input while the other is used for
calibration. The calibration process takes about five seconds.
Measurement Input
To input a measurement, a calibrated input section is set to the proper gain and low-pass
filter frequency. The input multiplexer selects the differential transducer measurement for
input to the input section. A programmable gain amplifier boosts the input signal so that
the maximum dynamic range of the ±10V input of the A/D converter is utilized. After
amplification, but before A/D conversion, the measurement is filtered by a low-pass filter
to prevent frequencies of greater than ½ the conversion frequency from aliasing the
digitized measurement. The A/D converter then performs a 16-bit analog-to-digital
conversion on the measurement.
Measurement Processing and Output
When the DSP receives the measurement from the A/D converter, it first corrects the value
with the offset and gain values calculated during calibration. It then performs the 8th-order
operation for linearization and calibration for the specific transducer connected to the
USCA. The polynomial coefficients are stored in the Transducer Electronic Data Sheet
(TEDS), and are defined by the user for calibrating the specific transducer connected to
the USCA.
The DSP then performs another offset and gain correction for the active analog output
section, and writes that value to the analog output DAC. The DSP then performs digital
filtering on the measurement using a one- or two-stage 127 tap finite impulse response
(FIR) filter, with decimation if necessary. Such flexibility allows the user to specify a
frequency passband of interest and a level of oversampling. The filters are designed to
provide a minimum of passband ripple, less than 0.1dB, and a stop band attenuation of
better than –80 dB. With the two-stage filtering and decimation, sample rates, Fs, of 10 Hz
to 10 kHz can be selected with passbands that are 40% of Fs. This capability allows
efficient data rates relative to the frequency of interest, where the sample rate is only 2.5
times the highest frequency of interest, and with no aliasing above -80 dB in the passband.
Each output sample rate offers several selections of passband frequencies that typically
range from 2% of Fs to 40% of Fs (see Figure 2).
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Figure 2. Low-Pass Filter Without Aliasing in the Passband
Digital Output
After the FIR filter and decimation operations are complete, the DSP performs a final
scaling of the measurement output that corresponds to the predefined output range of the
measurement. The measurement is scaled so that the linearized minimum and maximum
values are at the minimum and maximum values of the 16-bit digital output. This output
can be 2’s complement, binary, or offset binary. This value is then output through the
serial port of the DSP at 460 Kbps to the digital multiplexer via an RS-485 differential
driver.
Status and Control
All functions of the USCA are controlled by the control system via the digital multiplexer
through a second serial interface to the USCA. The USCA receives commands and
responds with data and status. Commands include “send status,” “run diagnostics,”
“receive new setup info,” “return current setup,” “write data to TEDS,” “read data from
TEDS,” etc. If any error is detected by the USCA in its calibration of self-test, this status
is returned to the digital multiplexer and reported to the control system.

CONCLUSION
The USCA minimizes operational costs by reducing calibration and system checkout
times. Because the USCA can support most measurement and transducer types, it reduces
system complexity and eliminates the need for supporting multiple types of signal
conditioning modules. It also provides a highly accurate measurement system that can
automatically calibrate and configure itself to the connected transducer.
With its sophisticated filtering capabilities, the USCA reduces data rate requirements by
maximizing the passband frequency for any given sample rate without allowing aliasing in
the passband. The built-in test also provides a highly reliable system with minimal failure
detection and repair times.
Summary of Advantages
• Reduced operations costs
• High end-to-end accuracy
• Automated setup
• Pre-test system validation
• Continuous self-calibration and self-test
• Real-time transducer calibration correction
• Real-time digital filtering and processing
• Reduced data rate requirements
• Complete integrated solution
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ABSTRACT
The international space community, including National Aeronautics and Space
Administration (NASA), European Space Agency (ESA), Japanese National Space
Agency (NASDA) and others, are committed to using the Consultative Committee for
Space Data Systems (CCSDS) recommendations for low earth orbiting satellites. With the
advent of the CCSDS standards and the availability of direct broadcast data from a number
of current and future spacecraft, a large number of users could have access to earth science
data. However, to allow for the largest possible user base, the cost of processing this data
must be as low as possible.
By utilizing Very Large Scale Integration (VLSI) Application-Specific Integrated Circuits
(ASIC), pipelined data processing, and advanced software development technology and
tools, highly integrated CCSDS data processing can be attained in a single desktop system.
This paper describes a prototype desktop system based on the Peripheral Component
Interconnect (PCI) bus that performs CCSDS standard frame synchronization, bit
transition density decoding, Cyclical Redundancy Check (CRC) error checking, ReedSolomon decoding, data unit sorting, packet extraction, annotation and other CCSDS
service processing. Also discussed is software technology used to increase the flexibility
and usability of the desktop system. The reproduction cost for the system described is less
than 1/8th the current cost of commercially available CCSDS data processing systems.
KEY WORDS
CCSDS Processing, High-Rate Telemetry Processing, VLSI

INTRODUCTION
The Goddard Space Flight Center’s (GSFC) Data Systems Technology Division (DSTD)
applies state-of-the-art Very Large Scale Integration (VLSI) Application-Specific
Integrated Circuit (ASIC) technology and advanced software technology and tools to
reduce the cost of ground telemetry data processing systems. With the arrival of high
performance, high integration and low cost ASICs, a new class of telemetry processing
equipment is possible. By utilizing VLSI ASICs, parallel architectures and pipelined data
processing, extremely high performance processing of telemetry data can be attained. In
addition, due to the high levels of integration and advanced software development
technology and tools, this performance is available in a desktop form-factor at a very low
cost.
The Desktop Satellite Data Processor (DSDP), a new desktop telemetry data processing
system, is being prototyped using these technologies. This system acts as a gateway that
captures and processes telemetry data streams and delivers them to users over standard
commercial network interfaces. The system is based on the Peripheral Component
Interconnect (PCI) bus and 0.6 to 0.4 micron complementary metal-oxide-semiconductor
(CMOS) ASIC technology.
The DSDP targets lowering the cost of acquiring and processing space science data by
demonstrating an inexpensive, highly integrated telemetry processing system containing
the full complement of return link and forward link processing functions. This paper
discusses the functions, benefits, and implementation of the DSDP prototype system.
FUNCTIONAL REQUIREMENTS & BENEFITS
The DSDP, shown in Figure 1, is designed to perform standard CCSDS telemetry
processing functions at data rates up to 150 Mbps using a midrange performance
workstation-class machine or 50 Mbps using a high-end performance PC-class machine.
The DSDP performs the following processing functions:
• IF reception, demodulation, bit synchronization, and Viterbi decoding.
• Synchronization, error detection, and identification of telemetry frames.
• Reed-Solomon error correction and detection.
• Extraction and reassembly of source packets.
• Sorting and grouping of source packets.
• Generation of quality and accounting data.
• Distribution of real-time packets and data sets.

• Uplink of spacecraft command data.
• Simulation of telemetry data.
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Figure 1.

System Architecture

The DSDP will provide the following benefits for users of telemetry processing systems:
• Reduced cost:
♦ Development of reusable, low-cost 150-Mbps functional components.
♦ Target cost to be less than 1/8 of current Commercial-Off-The-Shelf (COTS)
based systems cost.
• Reduced size:
♦ Target size to be less than 1/4 of current COTS based systems size.
♦ Target system platforms are desktop form-factor (not including antenna and mass
storage).

• Improved usability:
♦ Easy to use and automated interfaces that allow the system to be configured and
operated by a non-specialist.
♦ Include framework and tools for planning/scheduling, management, processing,
generation and quality assurance of science data products.
• A total solution; from the antenna to the user network:
♦ IF reception, demodulation, bit synchronization, Viterbi decoding and optional
raw data capture.
♦ Front end processing including frame synchronization, Reed-Solomon decoding,
frame sorting and packet reassembly.
♦ Uplink of spacecraft command data.
• Support of multiple applications for ground systems handling telemetry data
streams, including:
♦ Operation control centers.
♦ Fixed and transportable ground stations.
♦ Compatibility test equipment, end-to-end system testbeds.
♦ Science data processing facilities.
♦ Spacecraft integration and verification.
♦ Launch support equipment.
♦ Direct downlink/broadcast user sites.
IMPLEMENTATION
The implementation of the DSDP emphasizes the utilization of VLSI technologies,
advanced software technology, and industry standards. The DSTD has developed a set of
VLSI Application-Specific Integrated Circuit (ASIC) chips that perform standard telemetry
processing functions such as frame synchronization, Reed-Solomon decoding and service
processing. These chips are integrated into a set of custom-designed, highly reusable cards
based on the industry standard PCI bus. Each card performs one or more generic telemetry
processing function, such as frame processing, packet processing, and data simulation. By
the high-level integration of these common telemetry processing functions into VLSI chips
and cards, the system achieves high performance, high reliability, low cost, and low
maintenance.

To integrate these custom cards together with Commercial-Off-the-Shelf (COTS)
components into telemetry data processing systems, the DSTD developed a generic
software package. With this package, a system designer can select and configure various
processing elements into a system, depending on the given system processing
requirements. Thus, the system based on this implementation offers high configurability,
reusability, and upgradability.
The DSDP consists of three custom-designed PCI bus modules and a custom-designed
software module integrated in a PC environment running WindowsNT. The modules
perform telemetry data processing and system control. The details of each module is given
in the following sections.
TELEMETRY DATA PROCESSING
The Telemetry Data Processing modules consists of the Digital Receiver Card, the Return
Link Processor Card, and the Forward Link / Simulator Card. All processing modules are
custom-designed and developed by the DSTD. All are designed to operate at a rate up to
150 Mbps. Their operations are illustrated in Figure 2.
The Digital Receiver Card core engine consists of one DSTD specialized ASIC: the Highrate CMOS Digital Receiver Chip. The Digital Receiver Card receives an IF signal and
then performs BPSK or QPSK demodulation, Viterbi decoding, and bit synchronization.
Serial clock and data is then output via a 100K ECL interface to the Return Link Processor
Card.
The Return Link Processor Card, shown in Figure 3, integrates three DSTD designed
ASICs: the Parallel Integrated Frame Synchronizer Chip, the Reed-Solomon Error
Correction Chip, and the Service Processor Chip. The Return Link Processor Card
receives telemetry clock and data through an 100K ECL interface or a RS-422 interface
and frame synchronizes according to specified synchronization pattern and strategy. ReedSolomon error detection and correction is then optionally performed on the synchronized
frames. Data pieces are extracted from the frames and source packets are reassembled.
Data is then output, via Direct Memory Access (DMA), to the host memory for storage to
system disk and/or output over an Ethernet network.
The Forward Link / Simulator Card provides spacecraft command data uplink and
spacecraft data simulation. Spacecraft command data is received via user input or over an
Ethernet network. The data is then serialized and output via a RS-422 interface. Simulated
spacecraft data sets are generated off-line using a data simulation software package. The
data set is loaded into the Forward Link / Simulator Card memory and output, serially, via
an 100K ECL interface or an RS-422 interface.
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SYSTEM CONTROL ENVIRONMENT
The System Control Environment (DSDP-CS) configures, commands, and monitors the
DSDP hardware. The DSDP must support a broad spectrum of user types, from developers
and system integrators to those that wish to view the system only as a black box that
provides them with the desired telemetry data. This section presents the conceptual model
implemented by the DSDP-CS. The model addresses the following major goals of the
system control environment:
• DSDP-CS supports robust, “hands off” processing without sacrificing easy manual
control when it is desired.
• Automated processing software can completely reconfigure the DSDP to meet the
needs of a particular pass. When necessary, a user can tweak a base configuration
for testing or unusual operational needs.
• A user is able to monitor DSDP at exactly the level appropriate to how he or she is
using the system. Sometimes, “Is a pass active?” is the only required status. Other
times, “What is the state of a particular chip on a particular board?” needs to be
determined.
• DSDP-CS is easily extended to support new hardware and software capabilities.
To address these goals, DSDP-CS encompasses the following key concepts:
• Processing Elements (PEs) are at the heart of the control environment. They are
components that can be configured for different processing modes, take directives to
perform specific actions, and offer detailed status about their current state.
Typically, a processing element is associated with a particular hardware board.
However, there are also software PEs that perform major processing such as data
set distribution.
• Dynamic Active Configuration allows the user to easily modify a single DSDP
parameter, all configuration parameters, or any subset in between. When DSDP
starts up, a base set of configuration parameters is loaded. Manually, the user can
start from the base configuration and cumulatively overlay new values for only those
parameters of interest, leaving the rest unchanged. Automated processing provides
the capability to overlay large sets of parameters to configure the system to meet the
exact requirements of a pass. PEs are major recipients of configuration changes.
• User Customizable Status Screens are basic to the DSDP-CS user interface. They
allow a user to individually tailor his view of the system to best support his current
operational or testing role. Only those status values deemed important need be
displayed but, any and all system status values are available for display. The type of

user interface component used to display the status is selectable in some cases.
Configured screens can be saved for future reuse.
• Automated Activities are predefined sequences of operations that support “hands
free” operation of the DSDP. Operationally, an activity might load configuration
parameters in preparation for a pass, send directives to hardware PEs to control
recording of telemetry data, send directives to software PEs to distribute recorded
data sets, and automatically call up user-defined status screens so the pass can be
monitored by an operator. Activities can also be created to support standard
integration and test scenarios. Individual directives can be manually inserted into the
processing stream to provide absolute commanding flexibility.
• A Distributed Architecture allows DSDP-CS to be easily extended or reconfigured.
Adding a new board to an existing DSDP host should be as simple as, plug in the
board, load a new PE program onto the host machine, and load new default
configuration parameters for the PE. Temporarily removing a board does not affect
operations that don’t rely on it.
CONCLUSION
The functions, benefits, and implementation of the DSDP has been discussed. Based on
the VLSI technologies the DSDP supports standard CCSDS telemetry processing
functions at data rates up to 150 Mbps using a midrange performance workstation-class
machine or 50 Mbps using a high-end performance PC-class machine. The advanced
software technology and tools used allows the system to support a broad spectrum of user
types, from developers and system integrators to those that wish to view the system only
as a black box that provides them with the desired telemetry data.
The DSTD works with the GSFC Office of Commercial Programs to commercialize the
technologies that it prototypes. The goal of the commercialization effort is to allow NASA
to procure low cost/high performance ground acquisition systems for future space and
earth science missions. The approach that DSTD uses is to license and commercialize
technology prototypes, including chips, boards, and software, through the Office of
Commercial Programs.
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ABSTRACT
NASA’s use of high bandwidth packetized Consultative Committee for Space Data
Systems (CCSDS) telemetry in the Earth Observing System (EOS) mission presents a
great challenge to ground data system developers. The EOS mission calls for high data rate
interfaces and small packet sizes which would dramatically increase the real-time
workload on ground packet processing systems.
NASA’s Goddard Space Flight Center (GSFC) has been developing packet processing
subsystems for over a decade. This paper will discuss the design of a high-rate telemetry
test system and a simulation software package. The system will support CCSDS telemetry
formats and perform frame synchronization, error detection and correction, packet
reassembly and sorting, error checking, and data set creation. In addition, a highly
automated operation environment is designed to minimize human intervention in control
and monitoring, and data distribution. The design is based on a Very Large Scale
Integration (VLSI) Level Zero Processing (LZP) System technologies, VLSI telemetry
data simulation and processing functional components, Object-Oriented Design
methodologies, C++ programming environment, shareware and Open Software Foundation
(OSF)/Motif-based Graphical User Interfaces (GUI).
KEY WORDS
Telemetry Protocol Processing, Real-time Processing, Test & Simulation.
INTRODUCTION
The EOS Data and Information System (EOSDIS) Test System (ETS) High-Rate System
(HRS) was developed by the GSFC Data Systems Technologies Division (DSTD), as a
part of the ETS project to support EOSDIS system integration, testing, verification, and

validation. ETS HRS was built on existing configurations and most of its components are
reused from other DSTD systems. In addition to the reuse, enhanced capabilities such as
new high performance mass storage devices, test data update capabilities at 150 Mbps,
and high bandwidth requirements, had to be developed. Through prototyping efforts, the
team was able to quantify the risk, identify additional development, and select
Commercial-off-the-shelf (COTS) components that could meet the requirements at the
lowest cost.
The ETS HRS consists of three subsystems: a VME High-rate Subsystem (VHS), a Tape
Recording Subsystem (TRS), and a Control and Display Subsystem (CDS). The VHS is
mainly responsible for data transmission, capture, and processing functions; the TRS for
spacecraft test data storage and playback; and the CDS for user interface and operations
control, as shown in Figure 1.
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ETS High-Rate System

Together, these subsystems will support tests for EOSDIS return link science data
processing functions. The Integration, Verification, and Test team for ESDIS also required
ETS HRS to have the capability to create simulated spacecraft data and the simulated data
products from the ground processing systems. To meet these requirements, a new data
simulation tool, known as the Simulated CCSDS Telemetry Generator (SCTGEN) was
developed. SCTGEN is based on an architecture that provides a modular and flexible
environment. This environment not only supports current data simulation requirements but
also allows future development of new data formats and a range of data scenarios.
INTENDED APPLICATIONS FOR HRS
The ETS project is required to support EOSDIS test activities in various test
configurations, as defined in the ETS Operations Concept. The HRS will be used to test
some of these configurations. The following paragraphs outline the typical usage of the
HRS in the test configurations.

ETS HRS SIMULATED RETURN-LINK DATA STREAM
The HRS will simulate the Tracking and Data Relay Satellite System (TDRSS) Ground
Terminal (TGT) high-rate interface with EOS Data and Operations System (EDOS) by
transmitting up to two channels of serial data and clock at user selectable rates up to 150
Mbps each (Figure 2). The serial data stream will contain Channel Access Data Units
(CADU) or Version 2 Transfer Frames (TF) with or without errors. These CADUs may be
provided by ETS users, or simulated by SCTGEN, and stored as test data files on disks or
tapes. Prior to a test, the user will generate/select test data files. During the test the HRS
will transmit the test data and clock at user-selectable data rates up to 150 Mbps.
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ETS HRS Simulation Data Flow

One option of simulating this serial data stream utilizes the ETS VHS. In this simulation
mode, SCTGEN generates the test data in the form of a ‘base’ and ‘update’ file. The
‘base’ file is loaded on to the Simulator card when the system is set-up for simulation. The
update file is previously loaded in to the system disk on the ETS VHS. The test data is
output via the front panel data and clock output terminals on the VHS Simulator Card.
The other option of simulating the serial data stream is to use the ETS TRS. In this
simulation, SCTGEN generates the test data in the form of a ‘plain’ file. This plain file is
previously recorded on tape media on the TRS. The ETS TRS GUI on the CDS permits
the selection of the file to be transmitted at a selected data rate. The tape drive will
playback test data at rates up to 150 Mbps.

ETS VHS SIMULATED EDOS BACK-END OUTPUT TO DAAC
The HRS will simulate the EDOS interface with the Distributed Active Archive Center
(DAAC) by transmitting Expedited Data Sets (EDS) and Production Data Sets (PDS)
through EOSDIS Backbone Network (EBnet) to a DAAC at rates up to 34 Mbps. Prior to
a test, the user will select test data sets and the order in which they will be transferred.
During the test, the HRS VHS will transfer these data sets to a DAAC. Each data set may
consist of multiple files of up to 2 GB each.
ETS VHS SIMULATED DAAC FRONT-END INPUT FROM EDOS
The HRS will simulate DAAC front-end interface with EDOS by capturing EDS and PDS
output from EDOS via Ebnet at data rates up to 34 Mbps. The HRS VHS will receive and
store these data sets during the test. At the end of a test session, the user will be able to
retrieve the received data sets for analysis and verification.
GENERATING DATA SETS FROM S/C TEST DATA
The HRS will perform EDOS-compatible return link processing on user provided test data
(CADU) to generate EDS and PDS. The spacecraft developer generates test data during
spacecraft testing at the Spacecraft Integration and Test Facility (SCITF) and records the
data on AMPEX tape media. The HRS TRS will playback these tapes for the HRS VHS to
ingest the data and generate EDSs and PDSs. The ETS CDS retrieves and stores the EDSs
and PDSs for analysis and testing.
GENERATING FRAME DATA FILES FROM S/C TEST DATA
In other cases, a user may want to insert errors into spacecraft test data stored on a tape in
serial data format. The HRS supports this requirement by performing frame
synchronization on the serial data and saving the synchronized CADUs into a framealigned data file. The user will then transfer the CADU data file over to the CDS and edit
the file using the SCTGEN.
LEVEL ZERO PROCESSING FUNCTIONS
One of the VHS functional requirements calls for generation of EDOS-like EDS and PDS
from user-provided spacecraft test data. This requires ETS-HRS to perform Level Zero
Processing (LZP) functions, including frame synchronization, Reed-Solomon decoding and
error correction, packet extraction and reassembly, sorting and grouping, merging, time
ordering, overlap deletion, quality and statistics generation, and data set generation. Figure
3 depicts the required ETS-HRS subsystems during the LZP operation.
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LZP Data Set Generation

The Channel Access Data Units (CADUs) are input into Frame Synchronizer from either
Simulator (SIM) card or TRS. After passing the frame synchronization strategy, CADUs
are passing on to Reed-Solomon card for error detection/corrections. All good frames are
then passed on to Service Processor card for sorting. All sorted packets are passed on to
Annotation Processor and Data Set Processor for generation of EDS and PDS.
The design of the ETS VHS configuration was built on two existing systems: the EOS
AM-1 Integration &Test system, and the VLSI LZP-II prototype. The former was an high
rate grow support system developed for and delivered to the AM-1 spacecraft developer to
support spacecraft integration & testing. It features 150 Mbps data simulation and return
link processing capabilities. The VLSI LZP-II was a prototype system developed to
demonstrate the high rate CCSDS telemetry level zero processing functions using the
VLSI technology. Although a prototype, the VLSI LZP-II system architecture, and most of
its software, including the core packet processing algorithms, are based on the operational
Fast Auroral Snapshot Explorer (FAST) Packet Processing System (PPS) that provides
LZP for the FAST Mission Science data. The combination of these two existing systems
formed a solid basis for the ETS VHS. Most of their interfaces directly mapped to the ETS
requirements. And 80% of hardware and software components were directly reused with
minimal modification.
Hence the reuse of the VLSI LZP-II system architecture and software to meet VHS LZP
requirements represented a low risk, moderate effort approach that best suited the VHS
development.

USER INTERFACE
The ETS HRS uses the Telemetry Processing Control Environment (TPCE) which allows
the operator to set up the ETS-HRS, flow data through the system, and monitor system
status from a remote (or local) location through an Ethernet connection. TPCE runs on an
HP-755 workstation using X-windows. Multiple windows can be open, which provide the
operator with a versatile and efficient method to access information, monitor status, and
perform tasks.
TPCE receives and sends setup, status, and data through the Master Controller of the ETSVHS. Information is passed between the two systems packed in Modular Environment for
Data Systems (MEDS) messages, which provide the translation of information in a format
that ETS-VHS can process and produce.
Control of the VLSI systems is accomplished through editable configuration sets, which
include parameters used to specify the nature of telemetry processing. Thus, a VLSI
system can support various types of telemetry processing, simply by loading different
configuration sets. The TPCE system provides graphical displays that present the current
status of telemetry processing. These displays update dynamically to present data quality
information for on-going telemetry processing sessions, present historical, summary data
quality and accounting information for processed sessions, and present the status of VLSI
subsystems. TPCE also automatically generates reports summarizing the quality and
accounting information for completed telemetry processing sessions.
SIMULATION
SCTGEN is used to simulate CCSDS and non-CCSDS telemetry for both forward and
return link data streams. When used as a test tool for the EOSDIS it will also simulate
EDOS-generated data products, such as EDOS Data Units (EDU), Rate-Bufferred Files,
EDS, and PDS. SCTGEN will be capable of simulating errored data via error insertion
techniques.
DESCRIPTION
SCTGEN will be used as an offline tool to generate test data, and as such will not present
a schedule conflict with operational systems. SCTGEN is written in C++ programming
language and uses commercial-off-the-shelf compilers that run on all UNIX platforms. The
Graphical User Interface (GUI) is based on graphical representation and has been
enhanced with intelligence to ease the cumbersome burdens involved in test data
specification. The object-oriented approach in developing SCTGEN has decreased the test
generation time by two orders of magnitude. Not only can the data be generated faster, but
the data can be viewed and corrected more easily and quickly.

DESIGN METHODOLOGIES
SCTGEN was developed using Object Oriented Methodology and using a commercial-offthe-shelf product for diagramming techniques. The choice of the tool was Software
Through Pictures (STP) OMT diagramming techniques and rules. These tools use the
Rambaugh approach to object oriented design. In conjunction with the system design
specifications for ETS, SCTGEN will reside on the CDS, which is the user-interface for
the configuration, command and monitoring of all elements of ETS.
To support automated test operations, SCTGEN will provide a summary of expected
results for each test data file generated. Expected results are stored in easily readable
formats so that ETS data verification tools can read them in for comparison with actual test
results.
SCTGEN LAYERING ARCHITECTURE
SCTGEN is composed of three layer functions as shown in Figure 4. The User will ingest
the user’s requirement for a data scenario via key strokes and mouse clicks, and in turn
generate the scripts necessary to run the lower layers of the system.
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SCTGEN Architectural Features

The ETS Layer Functions implement the ETS specific processes to produce EDOS data
products, i.e. EDS, PDS, EDU etc. The CCSDS Layer Functions are CCSDS specific that
follow the CCSDS formats for return link and forward link data generation and
manipulation. The Core Functions treat the data in a generic manner. These processes can
fill, build and modify any field for any data structure.
There are seven basic Core Function Object Classes in the toolkits that CCSDS classes
use to make and handle units such as packets and frames. All the drawings depicting the
core functions object classes are OMT diagrams developed using a commercial
development package Software Through Pictures. Two definitions are necessary to fully
understand the terminology used in explaining the functions and products from the Core
Classes.

• Stream: A stream can put a random, fixed, or user-specified pattern in to any data
region. It can also fill using a file or input from another stream. Streams can either
make units or can read complete units from files.
• Fillers: Are stream tools to fill data regions in units. For example, a packet stream
uses a pattern tool to fill the packet’s data region.

DATA GENERATION
The SCTGEN GUI is used to specify the data scenarios to be generated. The Menu
Controller or command line input will start up the main panel of the SCTGEN GUI. The
main panel or window will allow the user to select the various SCTGEN options. Some of
these options are available only after the test data scenario has been designed and
formatted as per the user’s needs. Two examples of the types of simulated data are
described in the following paragraphs.
RETURN LINK DATA GENERATION
The first step is to develop a scenario for data generation. Once the type of data is
selected, which in this case is CADU, the scenario icon will open a window that accepts
the user input. The information that is input at this stage is the Spacecraft Identifier
(SCID), Virtual Channel Identifier (VCID), and Application Process Identifier (APID).

Figure 5.

CADU Data Stream

Once these fields are selected the depression of the view button will pop up the next menu
panel. From this point on each of the icons shown on the CADU stream menu, shown in
Figure 5, open up more detailed windows.

FORWARD LINK DATA GENERATION

In this case the formats and recommendations set out in the standards for CCSDS Forward
Link Data are followed to produce a Test Data File of Control Link Transmission Units
(CLTU). Many Telecommand (TC) packet streams are multiplexed to create a TC
Telemetry Frame (TCTF) stream, one per VCID for a SCID. Many such TCTFs, from
more than one VCID, are multiplexed to produce a CLTU stream. The CLTU data stream
is saved as a Test Data File for forward link. In some instances the CLTUs are grouped to
create a Telecommand Data Stream.
SUMMARY
The ETS HRS and SCTGEN have demonstrated the versatility and flexibility in support of
the EOSDIS system integration, testing, verification, and validation. Its unique capabilities
to simulate realistic spacecraft CCSDS data streams at 150 Mbps proved to be invaluable
for EOSDIS system integration and test.
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ABSTRACT
To support the processing of International Space Station (ISS) Payloads, the Kennedy
Space Center (KSC) had the need to develop specialized test and validation equipment to
quickly identify interface problems between the payload or experiment under test and the
communication and telemetry downlink systems. To meet this need, the Payload Data
Analyzer (PDA) System was developed by the Data Systems Technology Division
(DSTD) of NASA’s Goddard Space Flight Center (GSFC) to provide a suite of
troubleshooting tools and data snapshot features allowing for diagnosis and validation of
payload interfaces. The PDA System, in conjunction with the Payload Data Generator
(PDG) System, allow for a full set of programmable payload validation tools which can
quickly be deployed to solve crucial interface problems. This paper describes the
architecture and tools built in the PDA which help facilitate Space Station Payload
Processing.
KEY WORDS
International Space Station, Payload Data Analyzer, Payload Data Generator, Kennedy
Space Center, Space Station Processing Facility
INTRODUCTION
The Space Station Processing Facility (SSPF) at the Kennedy Space Center (KSC) is
where International Space Station (ISS) payloads, experiments, and communication
equipment will be integrated and validated before deployment to the orbiting platform. The
program at KSC required the development of a Consultative Committee for Space Data
Systems (CCSDS)-compliant system capable of ingesting data at rates up to 50 Mbps from
the protocol used by the Device(s) Under Test (DUT), extracting and analyzing the

product Version 1 Source Packets or raw bitstream data that was originally produced by
the experiment. In addition, KSC also required the ability to generate up to twelve
channels of simulated experiment data for checkout and validation of the High-Rate Frame
Multiplexer (HRFM). As a result, the Payload Data Analyzer (PDA) and Payload Data
Generator (PDG) systems were developed. The PDA and PDG integrate commercial and
custom hardware and software components into two independent mobile enclosures to
form a flexible test system for the ISS program. Figure 1 illustrates the possible operational
configurations for the PDA and PDG System.
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Figure 1. PDA and PDG Test Configurations

Shown in Figure 1 are three pieces of flight communication equipment and Space Station
experiments, each of which can be interfaced as shown with the PDA and/or PDG. The
HRFM is a device that ingests Transparent Asynchronous Transmitter/Receiver Interface
(TAXI)-formatted CCSDS packets or raw bitstream data from a variety of experiment
sources and multiplexes them into a single stream of high-rate telemetry frame data for
transmission to the ground. Similarly, the Payload Multiplexor/Demultiplexor (PL/MDM)
and the Payload Ethernet Hub Gateway (PEHG) each ingest CCSDS packets contained
within their own protocol (MIL-STD 1553B and IEEE 802.3, respectively) and
multiplexes them onto a single high-rate TAXI link for transmission to the ground, via the
HRFM.

Figure 1 illustrates the flexibility of the PDA and PDG. Both provide the user with a suite
of tools that will help isolate potential interface problems with or between various devices
under test. As an example, an experiment may be sending corrupted data over a TAXI link
to one of the HRFM inputs. The PDA can test both the input and output streams of the
HRFM to determine the potential problem source: experiment or HRFM. Depending on
the nature of the problem, the PDA can be configured to analyze either headers, data fields
or both. In this instance, the output of the HRFM will be sent through the front-end
processing and packet or BPDU extraction section of the PDA and forwarded to the
appropriate analysis hardware. The TAXI stream from the experiment will also be ingested
into the PDA through the appropriate interface and analyzed. If header analysis is desired,
the PDA can be configured to look at both streams in real time to ascertain header
integrity. If data field analysis is desired, data field analysis hardware within the system
will synchronize the two independent, though comparable, streams and perform a word by
word comparison in real time to test for any undesired differences in the two. Furthermore,
the PDG can be configured to output a data stream that closely simulates that of the
experiment under test in both rate and expected structure, providing the operator with yet
another tool that can be utilized to troubleshoot a problem.
The user has complete control of both the PDG and PDA systems and access to status
information through the Telemetry Processing Control Environment (TPCE), which is a
custom-designed Graphical User Interface (GUI) running on the SUN control workstation.
This package gives the user the ability to quickly configure the system and gather data
quality statistics in real time during operational testing. To provide KSC with the most
flexible system possible, both the PDA and PDG are designed to be completely
autonomous systems controlled separately by TPCE running on their respective SUN
workstations. For centralized control, the final design gives KSC the capability to network
the PDA and PDG systems together and control them remotely from an external SUN
workstation running the TPCE application as well. In addition, processed packet or BPDU
data can be captured to files located on the control workstation for user inspection.
FUNCTIONAL REQUIREMENTS
The functional requirements of the PDA and PDG are as follows:
PDA
• Provides twelve TAXI, one IEEE 802.3, one MIL-STD 1553B and one differential
Pseudo ECL input interfaces for ingesting packet, raw bitstream, or telemetry frame
data.
• Provides clock recovery from an input serial data stream in excess of the required
50 Mbps.

• Provides telemetry frame, packet or raw bitstream data simulation of one channel up
to 50 Mbps for stand-alone system testing.
• Provides frame synchronization, Pseudo-Noise (PN) decoding and Reed-Solomon
Error Correction in excess of the required 50 Mbps.
• Provides extraction and reassembling of CCSDS Version 1 packets and Bitstream
Protocol Data Units (BPDU) embedded within the frames received up to 50 Mbps.
• Provides header and data field analysis of packets or BPDU’s in excess of the
required 50 Mbps.
• Provides data capture features so that user may inspect the experiment data.
PDG
• Provides twelve individual output channels for simulating telemetry frame, packet or
raw bitstream data at various rates up to 50 Mbps each.
• Provides a versatile custom software package, running on the SUN workstation, to
generate simulated experiment data for loading into the respective channel memory.
• Provides twelve TAXI differential ECL and twelve TAXI fiber outputs for packet
and raw bitstream simulation.
• Provides twelve differential ECL outputs for telemetry frame simulation.
• Provides twelve TAXI differential ECL inputs for loopback testing of each channel.
SYSTEM IMPLEMENTATION
Both the PDA and PDG are divided into two primary sections within each of their
respective mobile enclosures that comprise the overall system: data processing and control.
The data processing elements, shown individually in Figure 2, each contain a host of
individual subsystems consisting of both custom and commercial boards, integrated into a
VME platform and operated in a multiprocessing and multitasking environment under the
VxWorks Operating System (OS). Custom application code running under VxWorks for
each subsystem was also developed, as well as the interprocessor communication protocol,
that provides the means for controlling and monitoring the respective data processing
element from one Master Controller. Integrated together, these applications form the
Modular Environment for Data Systems (MEDS). Also developed by DSTD, MEDS
provides an infrastructure for integrating new hardware into an existing system after the
application-specific code for the new hardware has been developed.
The control elements consists of SUN workstations running Solaris 2.4, which the TPCE
application is built upon. This application is the graphical user interface for commanding
and gathering status from the data processing elements. Communication between data
processing and control is achieved through TCP/IP via Local Area Networks (LAN) within
each individual enclosure. Figure 3 shows the data flow for the PDA and PDG Systems.

SYSTEM HARDWARE
Of the seven custom VME assemblies that comprise a large portion of the PDA data
processing element, four boards containing the required data simulation, frame
synchronization, error correction, and packet reassembling functions were reused from
previously designed systems. These boards are referred to as the EOS Data Generator, the
EOS Frame Synchronizer, the EOS Reed-Solomon and the EOS Service Processor. Each
were designed around several proven Application-Specific Integrated Circuits (ASIC)
developed by DSTD that perform many of the data processing functions noted in the
Functional Requirements.
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The PDA and PDG Chassis

The three remaining custom VME assemblies within the PDA are new boards designed to
meet the specific needs of KSC. In-System Programmable (ISP) logic technology was
implemented on a large scale in the Header Analysis and Data Comparison Cards by using
several Xilinx Field Programmable Gate Arrays (FPGA) and Advanced Micro Device’s
MACH4 family of Complex Programmable Logic Devices (CPLD). ISP hardware in the
PDA system is used to implement the algorithms needed to perform header and data field
checking up to the required 50 Mbps rate. The third new design was the Clock Recovery
Card. It was designed to interface the differential ECL data output of the HRFM to the
differential clock and data input of the EOS Frame Synchronizer Card. The Clock

Recovery Card locks to the incoming differential ECL data stream and generates the
appropriate clock for the Synchronizer Card so that telemetry frames can be processed.
Commercial products integrated into the PDA and PDG Systems consist of SUN
workstations, Single-Board Computers (SBC), memory, interface modules and enclosures.
To maintain system flexibility, each PDA and PDG subsystem element has at least one
SBC associated with it. Two form factors were used: Mizar’s 68030-based 3U height
8130/34 and Motorola’s 68040-based 6U height MVME-167. Except for the EOS Service
Processor (it uses three custom 68040-based processors to accomplish its function), each
9U custom PDA assembly uses an attached Mizar computer as it’s embedded controller.
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The PDA and PDG System Data Flow

Three Motorola MVME-167 SBC’s and one commercial MIL-STD1553B Interface Card
were selected to perform functions within the PDA that did not warrant custom hardware.
The first MVME-167 is the system Master Controller, serving as the central point of
control within the VME chassis. The remaining two Motorola MVME-167 Cards serve as
controllers for their respective PDA sub-systems: IEEE 802.3 and MIL-STD 1553B
interfaces. These two subsystems provide the low-rate interfaces that the PDA is required
to extract and process CCSDS packets from. Whereas only a single Motorola MVME-167

was needed to implement the IEEE 802.3 interface (each MVME-167 has it’s own onboard ethernet interface), the MIL-STD 1553B subsystem required an external 6U VME
Interface Card in conjunction with its respective Motorola SBC. A Micro Memory
MM6346 is also provided in the PDA as extra memory for the EOS Service Processor
Card software.
PDG hardware consists of one MVME-167 to serve as the Master Controller and twelve
copies of the EOS Data Generator Card to accommodate the required number of channels
for data simulation. Each Data Generator has a Mizar SBC of its own to provide for
configuration and status monitoring of the respective channel.
Every MVME-167 in each system has an I/O transition module associated with it to serve
as the hardware interface between it and various peripherals, such as RS-232 terminal and
802.3 connections. Ethernet mini-hubs are also installed in each rack to facilitate KSC’s
planned network design once the entire system is fully operational. The VME chassis and
mobile enclosures contain the respective power supplies, air flow fans, backplane
connections and workstation platforms necessary for complete system integration.
SYSTEM SOFTWARE
While it is hardware that actually performs most of the required CCSDS data analysis and
simulation functions, extensive custom software has been developed and commercial
products have been used wherever possible to facilitate system integration. Running on all
of the aforementioned VME subsystem processors is a copy of the VxWorks real-time OS.
It is a multitasking and networked OS which runs the custom MEDS application code for
each VME subsystem.
MEDS is a custom software package that allows all of the VME subsystems within a
single chassis to be integrated together and controlled under one user interface. MEDS lies
between the graphical user interface application (TPCE) and the application code running
on each VME subsystem processor. In the PDA and PDG, all VME subsystems have
application code that allows for the processing of subsystem configuration information and
the gathering of status. Commands are sent by the user to configure the system; whereas,
status is system health and data quality information that is provided to the user.
MEDS also provides a suite of functions that allow for interprocessor communications
between the VME Cards themselves. This proved useful in the implementation of the IEEE
802.3 and MIL-STD 1553B PDA subsystems. Through software control, both extract
CCSDS packets from their respective protocol layers but do not insure the integrity of the
packets themselves. A software mechanism was required to move packet data from these
subsystems, via the VME backplane, to the Header Analysis and Data Comparison Cards

where actual analysis of each packet takes place. During the system boot process, MEDS
functions are utilized in the application code of these four subsystems to establish the
required connections for data flow.
CONCLUSION
The PDA and PDG are two high-performance mobile systems designed to support payload
integration and test efforts at KSC’s Space Station Processing Facility. The blend of
custom and commercial products, largely based on VLSI and ISP technology, form a
flexible CCSDS-compliant test system that will be heavily utilized by the program. The
PDA and PDG can also be adapted as requirements change. The modular design provides
for the ability to remove old and add new components without much system-level effort.
ACKNOWLEDGMENTS

The author would like to acknowledge Mr. Nick Speciale, Ms. Barbara Brown,
NASA/GSFC Code 521, for sponsorship, encouragement, and helpful direction during this
implementation.
DISCLAIMER

The DSTD works with the GSFC Office of Commercial Programs to commercialize the
technologies that it prototypes. The goal of the commercialization effort is to allow NASA
to procure low cost/high performance ground acquisition systems for future space and
earth science missions. The approach that DSTD uses is to license and commercialize
technology prototypes, including chips, boards, and software, through the Office of
Commercial Programs.
REFERENCES

1. "Advanced Orbiting System, Networks and Data Links: Architectural Specification,”
Consultative Committee for Space Data Systems Recommendation CCSDS 701.0-B-2,
Blue Book, Issue 2, November 1992.
2. Brown, Barbara, Bentancourt, Jose, Bennett, Toby: “High Performance CCSDS
Processing Systems for EOS-AM Spacecraft Integration and Test,” International
Telemetering Conference Proceedings, International Foundation for Telemetering,
1995.

LOW EARTH ORBITER TERMINAL
(LEO-T)
Keith Harrison
William Blevins
AlliedSignal Technical Services Corporation
Columbia, Maryland

ABSTRACT
The Low Earth Orbit Terminal (LEO-T) developed by AlliedSignal for NASA Wallops is
a fully autonomous satellite tracking system which provides a reliable, high quality,
satellite data collection and dissemination service. The procurement was initiated by
NASA, in an effort to provide more tracking capacity with a decreasing budget. A large
mission set of NASA satellites in the next decade will not require the performance of
existing large aperture systems. NASA is planning to use the larger aperture antennas to
only support those missions needing the higher performance. The remainder of the
missions will be supported with the smaller LEO-Ts, which are smaller, significantly less
expensive, and fully automated. The procurement is also an attempt at a first step towards
fostering commercialization and privatization of small station acquisition and services. The
system design features a modular architecture to simplify integration and to support
affordable future expansion.
This paper begins with a brief summary of the LEO-T program, then provides the design
details and capabilities of the LEO-T system.
KEY WORDS
Autonomous, Front End Processor, CCSDS and TDM Telemetry, Low Earth Orbit
INTRODUCTION
The emerging small satellite programs have a substantial percentage of near-polar missions
with frequent downlinks of sizable quantities of data. Typically, the period of time from
conceptual design to satellite launch for these programs is on the order of three years.
Additionally, these missions will not always be under a NASA Center’s project
management and control, and may desire to implement their own distinct operational
practices without being burdened by significant bureaucratic interfaces. NASA recognized
that an infrastructure of small ground stations would prove to be operationally effective,

flexible and provide additional costs benefits. The LEO-T program is in response to
NASA’s need for a system design that provides a flexible, tailorable, communications link
between designated flight mission centers and their satellites without manned intervention,
while facilitating ease of operation and maintenance.
LEO-T DESIGN OVERVIEW
The LEO-T is a small autonomous terminal tracking low Earth orbiting spacecraft. The
antenna is an elevation over azimuth with a 7 degree tilt program tracking pedestal with a
5 meter reflector. The complete antenna subsystem is housed within a 28 foot sandwich
type radome. The LEO-T supports the 2025 to 2120 MHz uplink band and the 2200 to
2300 MHz receive band with 8 to 8.5 GHz receive available as an accessory. The RF
subsystem employs a polarization diversity feed with optimal ratio combining and supports
FM, PM, BPSK and QPSK modulation types with up to 8 MBps data rates. The
Autonomous Control and Processing subsystem (ACPS) supports Consultative Committee
for Space Data Systems (CCSDS) compliant and Time Division Multiplexing (TDM)
telemetry processing with over 9 gigabytes of telemetry data storage capacity. Telemetry
data transfer to users is performed either real-time or post-pass via File Transfer
Protocol/Internet Protocol (FTP/IP) or User Datagram Protocol (UDP). Real time and
‘store and forward’ spacecraft commanding is supported. Complete telemetry and
command simulation capability is available to users pre-pass and via schedule request for
system validation and user system’s check out. The LEO-T will autonomously support up
to 100 different configuration setups. The high-level design for the LEO-T is shown below
Figure 1.
AUTONOMOUS OPERATION
The LEO-T is designed to function reliably in a fully autonomous environment. LEO-T
autonomy relies on a robust schedule that may be modified by remote users and the system
administrator. Spacecraft in the mission set are scheduled for normal operations according
to the priority they have been assigned by the system administrator. The station will
operate for extended periods of time with no intervention other than periodic scheduling
contacts. Schedule execution initiates equipment configuration, including establishing the
communications link to the user, and automated testing and pass support activities. The
LEO-T concept is depicted in Figure 2.
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AUTOMATED CONTROL AND PROCESSING SUBSYSTEM
The heart and soul of the LEO-T is the Autonomous Control and Processing Subsystem
(ACPS), depicted in Figure 3. The ACPS utilizes a distributed architecture consisting of a
UNIX based Pentium PC Administrative Workstation (AWS) running a SUN Solaris
Operating System and a VME based Front End Processor (FEP) running REAL/IX Real
Time UNIX Operating System. Both computers are interconnected via a LAN. All
hardware and software components conform to industry standards for open systems and
consist of commercial-off-the-shelf products.
The FEP performs the real-time processes while the AWS handles off-line or non-real-time
processes. The segregation of real-time and non-real-time functions helps to maximize
real-time responsiveness while eliminating interference of off-line administrative functions
with real-time data processing. Separation of these processes is transparent to local and
remote users, providing a look and feel of a single, unified system. Control directives
received from the users are transferred automatically by the AWS to the FEP for
execution. Similarly, equipment status is transferred from FEP to AWS for local/remote
display.
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TELEMETRY PROCESSING
The LEO-T supports both CCSDS and TDM formats using the same software and
hardware. Figure 4 provides the basic structure for telemetry processing. All configuration
operations may be accomplished either from the Administrative Workstation or via an XWindows interface.
Initially, the pass configuration is retrieved from the stream database. Separate database
definitions are kept for each mission supported allowing up to 5 different configurations
for 20 or more missions. The database parameters define the equipment setup and routing
characteristics while real-time control is performed by the stream manager. By design, no
operator intervention is required because schedule execution plus database definitions
provide full automation. User interface functions, however, are provided for monitoring
and controlling the telemetry processing operations, responding to anomalies, performing
analysis and troubleshooting, and overriding default schedule activities.
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Run-time status and quality data are maintained in global variables and are accessible
remotely via an X-Windows interface for real-time inspection. Errors and anomalies, such
as data dropouts, decoding errors, and flywheeling, are written to an events log.
Additionally, the system provides for data archiving, data strip and ship per configuration
specification and Command Link Control Word (CLCW) output for CCSDS Command
Operations Procedure-1 (COP-1) protocol verification.
SATELLITE COMMANDING
The LEO-T supports both real-time satellite commanding and store and forward
commanding. Software controls command sequencing and serialization while the hardware
supports CCSDS encoding and older TDM standards.
For real-time commanding, command blocks are received in real-time in TCP/IP packets.
Each block is validated to ensure that the block header data matches the configuration per
the database in terms of type, source code, and spacecraft code. Command frames are then
extracted and transferred to the encoder for uplink. The software performs timing and
sequencing of output via the serializer/encoder board. The uplink defaults to an idle pattern
between transmission blocks.
MONITOR AND CONTROL
The LEO-T software provides the capability for automated monitoring and control of all
the station equipment, including the antenna subsystem, RF, and baseband equipment.
Communications to the equipment is performed by the FEP via IEEE-488 and RS-232
interfaces. Control directives, output bit patterns, and status return decoding are defined
within the system database. Sampled status is output to a log and remotely via the TCP/IP
status service. Control directives may be entered manually through the X-Windows
interface or automatically via the scheduling functions. Figure 5 provides a high level
overview of the monitor and control structure.
Devices are polled periodically for status. System globals are then updated based on the
returned status. Globals are visible to all authorized users of the ground system while user
defined values are written to a status log and reported to the users via the WAN. Out of
tolerance values, whose limits are pre-defined within the database, result in the generation
of alarms and events. Devices that fail to respond to status poll requests are marked as
failed within the system globals and an alarm is generated. Event and alarm messages are
written to the station log and may also be received in real-time by remote users. This log
acts as the centralized record of all significant station activities. The log contents include
error and event messages, equipment control directives and schedule execution steps. Each
entry is time tagged to the nearest second and contains the source of the message. Specific
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pass summary information will include items such as the antenna angles at AOS and LOS,
total telemetry frames received, total bad frames received, total commands transmitted and
total command re-transmissions. Additional trace information, recorded at 10 second rates,
will include station time, antenna angles, receiver signal levels and receiver lock status.
AUTONOMOUS OPERATIONS
The key to the autonomy of the LEO-T is the system scheduler consisting of two
components: schedule generation, and schedule execution. The output of the schedule
generation process is a script file which is directly executable by the FEP. Upon execution,
the schedule calls lower level procedures for performing standard operations. The
scheduling script file controls the sequence of events while configuration details are
maintained in the system database. Scheduling is accomplished nominally on a 7 day cycle
but may be reconfigured by the system administrator for different cycles.
A contact display of all potential satellite contacts over the scheduling period is available
to the user. Schedule requests are submitted in a pre-defined file format and are error
checked with error messages being reported back to the user. Schedule conflicts are

resolved on a strict priority base. New schedules are appended to old (active) schedules to
prevent coverage gaps during the schedule transition as well as allow users to view history
across the transition.
Once a schedule has been created, it may be edited and reconfigured remotely through an
interactive X-Windows display. The display shows the satellite ID, configuration number,
pass status (partial/entire), AOS date, AOS & LOS time, and command service requested.
Control capabilities include additions and deletions of passes, pass parameter
modifications such as AOS/LOS time, the configuration number, and the type of command
service requested. Users may only modify scheduling parameters associated with their
satellite. The system administrator has additional capabilities not available to the user,
such as designating reserve periods for ground station maintenance, and controlling the
schedule in real-time by performing schedule start, stop, and abort functions.
Each satellite pass is handled automatically via the system scheduler. Pre-pass operations
include configuring the satellite and ground equipment streams, opening the pass log file,
establishing user socket connections, configuring the ground equipment and performing a
BER loopback test. Upon completion of the loopback test, the antenna is positioned to the
predicted location for acquiring the spacecraft. Pass support activities include acquiring the
spacecraft downlink, uplinking commands, and receiving, transmitting and archiving
telemetry data. Post pass activities include the flushing of all buffers and temporary files,
termination of real-time socket connections, and post pass FTP transfers.
CONCLUSION
The large mission set of NASA satellites forecast for the next decade does not require the
performance of existing large aperture systems. The push is to provide ground systems
which are smaller, significantly less expensive, and fully automated. The LEO-T
developed by AlliedSignal for NASA Wallops is a state-of-the-art, fully autonomous
satellite tracking system leveraging off recent advances in the commercial sector for
computing, software, RF technology, and networking.
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ABSTRACT
This student paper was produced as part of the team design competition in the University
of Arizona course ECE 485, Radiowaves, and Telemetry. It describes the design of a
telemetry support package for interplanetary exploration.
Control and processing of telemetric signals between an earth based control station, an
exploratory orbiter and probe pods are the focus of this design. Using this design data
retrieval is achieved at a highly reliable rate of 1 error in 10-10 bits. The exploratory orbiter,
carrying a payload of probes, is launched and proceeds along its predetermined trajectory.
Commands from the earth-based control station is used to send the orbiter to planetary
destinations. The craft then establishes a stable non-geosynchronous orbit. Several probe
pods are launched towards the planet at predetermined locations. These probe pods collect
and send data, as well as system monitoring information to the orbiting craft. The orbiting
craft then retrieves the signals generated by all pods and relays that information to an
earth-based control station.
KEY WORDS
BER, Up/Down Link Telemetry, Transducers, Power Budget, Microstrip Antenna, QPSK
Modulation, Packet Synchronization.
INTRODUCTION
Remotely sensed data from spectral reflectances help in identifying planet conditions, but
do not provide the same accuracy as an observer on the planet itself. A more reliable
method of obtaining highly accurate information is by utilizing probes on planetary
surfaces to collect and transmit data back to earth. In order to achieve optimal accuracy in
data retrieval, the lowest bit error rate (BER) is desired. Use of a solid state data recorder
enabled a remarkable BER of 10-10 to be realized. This BER is the focal point of many
satellite and probe designs.
* S. Goisman and S. Raby are graduate students; the rest are undergraduate students

Probe pods will not be retrieved and are designed to be compact as well as cost effective.
The probe is a sphere of radius 0. 15 m which is large enough to accommodate all
detectors, sensors, and processing equipment. A maximum of five probes per planetary
system is earmarked, however this number is subject to change depending on mission
requirements. The orbiter has a maximum payload capacity of 30 probes.
An earth to orbiter telemetry link is required to monitor spacecraft functions as well as to
send control instructions. This link requires a specific antenna design, as well as
up/downlink budgets, which are addressed first. The next link is that between the probe
and the orbiter. Detectors and sensors on the probe collect information, which is sent via
packet telemetry to the orbiter. This requires another power budget and synchronization
scheme. The types and methods of Minor system monitoring will be included in the probe
circuitry in order to optimize retrieved data results. Both system and data signals will be
transmitted to the orbiting craft at predetermined frequencies. Closure is achieved when
the data collected by the probe is transmitted to the orbiter and relayed to earth
successfully. Factors such as launching, propulsion and navigation systems are beyond the
scope of this design and are not addressed.
Earth to Orbiter Telemetry Link
Communicating between the deep space orbiter and planet Earth is the focus of this part of
the design. The areas of concern that will be addressed are antenna size, budget
constraints, frequency allocation, and power utilization.
NASA’s Deep Space Network (DSN) will provide the necessary requirements for the
uplink between the Earth and orbiter. The downlink setup was designed around the
capabilities of the DSN. Using basic gain, EIRP, received power, and noise equations [1],
the needed values for the orbiter parameters were calculated. A list of known quantities
and assumptions were also needed [1].
Tables 1 and 2 provide a thorough look at what the current design has to offer at the
maximum possible design distance. Basic elements of the DSN and orbiter are displayed in
Table 1 to show what type of system, physically, is being considered. Table 2 shows what
type of power and noise constraints are needed for such a system.

Table 1. DSN Ground Station and Orbiter Characteristics

Parameter
Transmitter Power
Antenna Temperature
Antenna Diameter
Antenna Gain
Antenna Half Power Beamwidth
Physical Antenna Area
Effective Antenna Area
Antenna Efficiency
Transmitter EIRP
Data Rate
BER
Line Loss
Receiver Temperature
System Temperature
Amplification Type

Orbiter Value
20W
40 K
4m
53.373 dB

Ground Station Value
400 kW
25 K
70 m
74.712 dB
(4.197 * 10-5)E
15,393.804 m2
8,466.592 m2
55%
130.733 dB
100 Kbits/sec
-60.000 dB
.05 dB
7K
35 K
Maser Amp
.000560E
50.265 m2
27.646 m2
55%
66.383dB
100 Kbits/sec

- 100.00 dB
.1 dB
35 K
82 K
Cooled Paramp

Table 2. Uplink and Downlink Power Budgets
Parameter
Orbiter-Earth Distance (maximum)
Carrier Frequency
Transmitter Output Power
Multiple Carrier Loss
Transmitting Circuit Loss
Transmitted Carrier Power
Transmitting Antenna Gain
Transmitted EIRP
Space Loss
Polarization Loss
Total Transmission Loss

Uplink
6.0 * 109 Km
5.000 GHz
56.021 dBW
.200 dB
.500 dB
55.321 dBW
74.712 dB
130.033 dBW
301.990 dB
.500 dB
302.490 dB

Downlink
6.0*109 Km
7.500 GHz
13.010 dBW
.500 dB
1.000 dB
11.510 dBW
53.373 dB
64.883 dBW
305.510 dB
.500 dB
306.010 dB

Ground Terminal G/T
Required C/N
Required Eb/No
C/N (calculated)
Eb/No (calculated)
Margin

34.273 dB /K
2.969 dB
12.000 dB
3.969 dB
13.000 dB
1.000 dB

39.712 dB/K
.469 dB
9.500 dB
1.469 dB
10.500 dB
1.0000

Remote Sensing
a. Sensors on the probe
Since the probes are expandable and used only once, they must be relatively inexpensive,
and so more sophisticated detector technology and apparatus must be resident on the
orbiter. The probe carries sensors, listed in Table 3, with supporting circuitry to convert
the data to digital form, route it to a microprocessor and transmit it to the orbiter using
packet telemetry. Additional system detectors, such as an internal temperature sensor are
resident within the probe to ensure it is functioning properly. The probes are
preprogrammed for the target planet. This takes into account the flyby distance of the
orbiter and the probe-to-orbiter interface.
The ranges of the transducers are determined by using catalogued planetary information
and extrapolating available information. The functional range of the transducers and the
desired resolution yield the number of bit required.
Table 3. Probe sensors and their associated sampling rates and bits
Sensor type

# sensors

Relative rate

#Bits/sample

#Bits/s

Temperature

1

1

12

1.2

Pressure

1

1

13

1.3

Humidity

1

1

14

1.4

Altimeter

1

1

17

1.7

Magnetic Field

1

0.1

10

0.01

Seismograph

1

1.5

10

1.5

Geiger-counter

1

0.1

10

0.01

CCD Array

1

1

22

2.2

Radiometer chl

1

0.1

17

0.017

Radiometer ch2

1

0.1

17

0.017

Radiometer ch3

1

0.1

17

0.017

Time
(Microprocessor)

1

1

17

1.7

0.5

500

25

System controls
b. Orbiter imaging systems

The orbiter contains active imaging and remote sensing instruments which will be in use
while it is orbiting the planet. These include the laser-induced-mass analysis at a distance
(LIMA-D) and the Cassini II Radar, a modified version of the Cassini Radar to be used for
the Cassini mission. The modifications include a movable antenna, which will be used for
probe-to-orbiter and orbiter-to-earth communications.
Design of Orbiter/Probe Telemetry Link
Table 1 summarizes the specifications of the telemetry link between the orbiter and probe.
As per Federal Communications Commission standards, a frequency range of 2.25 - 2.325
GHz is chosen for the down-link (probe-to-orbiter), giving rise to a 5 MHz gap between
probes’ center frequencies. 2.3 - 2.325 GHz is similarly chosen for the up-link.
Table 4 Specifications
Component

SIC at Cold Stellar

Data Rate

8 kbps down-link, 1 kbps up-link

Receiver bandwidth

S/C at Warm Stellar Body

1 MHz

Required Bit Error Rate (QPSK) 10-10 down-link, 10-6 up link
Up-link frequency

2.3-2.325 GHz

Down-link frequency

2.25 - 2.275 GHz

Probe System Temperature

3.54K

130.6K

Orbiter System Temperature

55.46K

180.76K

A microstrip antenna array is incorporated on the probe. This provides an antenna with
moderate gain and beamwidth, light weight, and small size. The orbiter antenna is chosen
based on the requirement to meet specified Eb/No, G/Tsys, and C/No ratios. These
requirements, along with link budgets, are shown in Tables 2 and 3.
System temperatures are calculated based on whether the spacecraft is at a cool stellar
body or a warm stellar body. Atmosphere and distance to the sun are two characteristics of
these types of bodies. System temperature was calculated and from the resulting G/Tsys
ratio, available C\No and Eb/No ratios were found and are displayed in the Tables below.
Table 5 Orbiter-to-Probe UP-Link Power Budget
Component

S/C at Cold Stellar Body

SIC at Warm Stellar Body

EIRP

28.75 dBW

Receiver G/T

-4.21dB/K

-9.9dB/k

C/No Available

52.98dB

47.3dB

Eb/NoAvailable

22.98dB

17.3dB

Eb/NoRequired
Margin

10.5dB
12.48dB

6.8dB

Table 6 Probe-to-Orbiter Down-Link Power Budget
Component
EIRP
Receiver G/T

S/C at Cold Stellar Body

SIC at Warm Stellar Body

21.27 dBW
17.5dB/K

12.4dB/K

C/No Available

67.4dB

62.3dB

Eb/NoAvailable

28.4dB

23.24dB

Eb/NoRequired
Margin

13 dB
15.4dB

10.24dB

On-board Processing & Modulation
On-board Proessing
The orbiter and probes contain electronics which control data collection, data storage,
telemetry up/downlink synchronization, and other system functions. Other system
functions include spacecraft attitude (craft positioning), thruster controls, and all other nontelemetry related areas which are beyond the scope of this project. Implementation of the
orbiter and probes require three main components; a central processing unit (CPU),
memory, and input/output (I/O) evices [1].
Retrieved data is converted to a digital format and stored in RAM or on a hard dive.
Onboard programming directs data manipulation and synchronization schemes. The probe
and orbiter have similar formats. However, on-board orbiter processing is more intensive
requiring faster processing speeds and more storage space.
Modulation
Accurate retrieval of probe and orbiter data was the most important factor for all design
parameters. One step in achieving high accuracy of data retrieval is by converting all
sensor and detector data to a digital format (as covered in the Detector and Sensor part). A
significant reason for using digital modulation was due to its ability to completely
regenerate a digital signal.
Quadrature Phased Shift Keying (QPSK) was chosen as the modulation scheme on account
of several factors; low bit error rate (BER) with low carrier power (C), narrow bandwidth
(B), and widely available components. QPSK modulation and demodulation is achieved
through coherent quadrature methodology [1]. Integrate-and-dump bandpass filters are
used to help recombine modulated signals.
Packaging and Synchronization
In considering the sensors for use on the probes, the sampling rates of the sensors, and the
fact that data will not be transmitted continuously while the probe is in operation, the most
reasonable style of packaging is packet telemetry. The individual packets can be made up
of a predetermined style which the orbiter can recognize.
Each packet will consist of a primary header, secondary header, data, and a trailer. The
primary header will be comprised of a 32 bit synchronization word, an eight bit identifier
to tell which probe is sending the data, a sending packet count represented by one eight bit
word, a sixteen bit word specifying the length of the secondary header and a an eight bit

secondary header flag to signal the beginning of the secondary header. The information in
the primary header will be contained in fixed fields and thus is a fixed length. The
secondary header will give the number of data fields and the identification and format of
the data fields. The data fields themselves will contain data from the sensors and the time
at which each batch of data was sampled. Following the data fields will be a trailer which
will consist of a 16 bit error check code.
There are three different sampling rates for the sensors. All of the sensors sampling at the
same rate will be grouped together and sent in the same packet. The packet will also be
using eight bit word lengths therefore, data from the sensors will be broken up in such a
way that low-order bits from the sensors will be transmitted first followed by the highorder bits transmitted at the end.
Packet telemetry will also be used for transfer of information between the orbiter and the
earth based stations. The orbiter will be transmitting data collected over many hours from
five different probes; the amount of data being transmitted can’t be predetermined thus
packet packaging will work better than frame packaging considering the necessary frame
design for such data. The packets themselves will be of the same composition for the
orbiter to earth as it is for the probe to orbiter.
In order for synchronization to take place, the receiver will first look for the 32 bit
synchronization pattern, and acquire it with perfect correlation. Given the extremely low
BER, 1010 this will occur very quickly. With perfect correlation the probability of false
lock is once every 4.29 Mbits or, with a data rate of 8 kbits/sec, a false lock every 149
hours.
The 32 bit synchronization word to be used is 774654502008. This is a predetermined
optimal synchronization code. A 32 bit code is used for several reasons. First, since eight
bit word lengths are being used, data that takes up increments of eight bits is desirable.
Second, to reduce the synch code length to 24 bits would result in a false lock every 35
minutes. This is undesirable because there needs to be a large amount of assurance that the
data received is the correct data.
Once the synchronization code has been found the orbiter must assume it has located a
packet since no real checking of the synch code can be done, thus the need for the
remaining information in the primary and secondary headers. The packet counter does act
as a checker in a sense because it should increment by one for each consecutive packet
from a single probe, thus if the sequence is disturbed the orbiter knows a packet has been
lost.

Conclusion
This design of the telemetry system between an Earth-based station, orbiter, and numerous
probes on the surface of a planet has set forth the requirements needed by NASA’s Deep
Space Network, the necessary operating frequencies, the characteristics of a number of
desired sensors onboard the orbiter and probes, the desired link budgets from the planet to
the orbiter and from the orbiter to Earth, and the preferred format, packaging, and
synchronization of the data to be telemetered from the planet to Earth. The overall design
has been created with safety margins, and flexibility in mind. Where applicable FCC
regulations and IRIG suggestions have been utilized.
The orbiter is launched from Earth with a payload of probes. The probes can be delivered
to virtually any celestial body within the bounds of the Solar System. NASA’s Deep Space
Network, already in place, is the primary link between the orbiter and Earth. The orbiter
itself is capable of making numerous topographical profiles of a desired planet, while the
probes are capable of retrieving data during the descent through the atmosphere and while
at the surface of the planet. Data can be transmitted from the probes, to the orbiter, and
from the orbiter to Earth with significant reliability.
There are many characteristics about the design which will allow for minor changes, thus
the overall design is adaptable to numerous applications. This has the benefit of greater
production numbers at lower costs than other more specialized systems of this type.
Changes could include different sensors onboard the probes and the orbiter, or possibly a
prolonged investigation by the probes on the surface before data is retrieved. The
possibilities are certainly numerous.
As a possible improvement upon the design a relay station can be incorporated between
the orbiter and Earth, allowing for less power usage onboard the orbiter, and/or increasing
the range of the orbiter enabling the orbiter and it’s payload of probes to exceed the
bounds of the Solar System.
Overall, the design presented gives a good example utilizing various aspects of
telemetering knowledge that have been woven together with the desire to turn an idea into
a reality.
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ABSTRACT
This paper describes the status of the Edwards Digital Switch (EDS) [1] and the success of
the Digital Switch Sustainment Program (DSSP); a multi-service program aimed at costeffective means for providing maintenance and development of an advanced digital
switching system. This digital communications switching system is deployed at the mission
control centers of Edwards AFB, Eglin AFB, and China Lake Naval Air Warfare Center
(NAWC). Each system provides the test ranges with mission-critical voice
communications and Time Space Position Information (TSPI) switching. Through userfriendly Graphical User Interfaces (GUIs), the switch provides exceptional resource
management of radios, telephones, user positions, secure communications, radars,
trackers, 4-wire Ear & Mouth (E&M) devices, subscriber services, and other equipment.
Developed using commercial equipment, such as the Lucent Technologies Digital Access
and Cross-Connect System (DACS) II, the digital switch can integrate and interface with
the technologies of other test ranges and customers.
The DSSP sustaining engineering contract, a $10M contract awarded in 1997, is a multiservice effort in supporting cost effective maintenance and enhancement for the systems’
software and hardware. Eglin and China Lake have agreed to participate in a Digital
Switch Working Group (DSWG) to ensure that this configuration management is in place
and that all players follow the same system migration path. These ranges and other
interested ranges that agree to purchase systems off the contract and participate in the
working group will continue to derive benefits by reducing overhead and eliminating the
duplication of effort involved in separate endeavors.
KEYWORDS
Digital Switch Sustainment Program, advanced digital switching system, cost efficient
maintenance and development, future enhancements.

INTRODUCTION
Under an Air Force Improvement and Modernization (I&M) effort managed at the Air
Force Flight Test Center (AFFTC) (Edwards AFB), a new digital communications
switching system was required to upgrade the communication capabilities of the AFFTC.
In turn, a five-year requirements contract was competitively awarded to Communication
Systems Technology, Inc (CSTI) in 1989. CSTI has developed a new, highly sophisticated
and software-intensive communications system called the Edwards Digital Switch (EDS)
[formerly known as the Edwards Communications Switching System (ECSS)] with the
support of Edwards personnel, contractors, and Lucent Technologies (formerly AT&T).
This digital communications switching system provides all mission-critical voice
communication and TSPI switching capability at Edwards’ mission control center. Over
the years Eglin and China Lake, impressed by the capabilities of this system and realizing
the benefits in sharing the development costs, have purchased similar systems off of the
original contract.
EDWARDS DIGITAL SWITCH OVERVIEW
Described below is a highlight of the basic features of the EDS. For more information on
the system design, see References 1 and 3 through 6.
The EDS is a RED/BLACK System with the following highlights:
• 8 Switching Subsystems
• “Star” configuration (see Figure 1)
• Each Subsystem has two Lucent Technologies DACS II -- One RED and One
BLACK
• Subsystems connected via Fiber Optics
Ø 60 dB isolation channel to channel (RED to RED and BLACK to
BLACK)
• Greater than 107 dB isolation RED to BLACK
• Subscriber Terminal Unit (STU) is user interface
Ø RED/BLACK device exceeding isolation specifications
• Highly sophisticated, yet user-friendly, network management software
The major subsystems and components of the EDS include:
•
•
•
•

Control and Display Subsystem (CDS)
Central Switching Subsystem (CSS)
Control Room Switching Subsystem (CRSS)
Range Operations Control Room Switching Subsystem

• Subscriber Terminal Units (STU) and Station Channel Expanders (SCE)
• TSPI Subsystem

Control Room
Switching
Subsystem

Control Room
Switching
Subsystem
Central
Switching
System

Control Room
Switching
Subsystem

Control Room
Switching
Subsystem

Figure 1. Simplified System Configuration

ENHANCEMENTS
The following is a summary of the enhancements that were implemented to the EDS
subsequent to 1992.
• Speed up Download - Speeding up the download of the database from the Network
Controller (NETCON) to the workstation was accomplished in two ways. The first was
by eliminating the transfer of ASCII files and then performing analysis in the
workstation. A direct query of the database was implemented to reduce the amount of
processing required in the workstation. The second method of improving the download
time is the purchase of new Pentium computers for the workstation processors.
• Interactive Chat - The interactive chat was implemented as an ability to broadcast
messages from one workstation to any or all others on the system. This design was
coordinated with the government and operates as desired.
• Windows Based Logs - The windows based logs were implemented by providing a new
window to the operator with a direct hook into the logs database. The capability
duplicates the ability at the NETCON without having to learn the Informix, Inc.
database package. The implementation is nearly as flexible providing the ability to
query the database on a wide variety of criteria.

• SCSI-1 to SCSI-2 Upgrade/NETCON Upgrade - The NETCON upgrade was
implemented allowing the government to use it as a test bed and identify problems prior
to integration on the operational system. The old NETCONs and SCSI shared/mirrored
disks will be used as a test and training platform.
• Reconfigured Devices in Command Files - As a result of some database issues, the
need to reassign devices in command files was accomplished.
FUTURE ENHANCEMENTS
This section describes the enhancements that have already been contracted, and will offer
significant additional capability.
Software Enhancements
• Device Level Diagnostics - The capability to perform device level diagnostics
rather than subsystem level diagnostics had been purchased. This capability will
be essential as EDS units proliferate outside the mission control center.
• Database Diagnostics - Database diagnostics will detect unusual conditions that
may exist such as half-connected trunk lines, or networks with no devices. These
problems have been seen on occasion. These unusual conditions typically arise
from hardware failures, specifically DACS failures in a complex connection or
disconnection path.
• NETCON/Workstation Diagnostics - The NETCON diagnostics will detect
problems with the multiple processes, trouble in the queues, and verify that the
NETCONs are operating properly.
• Database/DACS Re-Sync Analysis - An estimate for the re-synchronization of
the DACS and NETCON database was submitted by CSTI previously. An initial
investigation to obtain a true estimate must be completed to determine the actual
scope of the effort. The effort funded so far is to perform this initial investigation
and to develop tools for this investigation.
Hardware Enhancements
• Remote Radio Control Unit (RRCU) Communications - CSTI has agreed to
upgrade the RRCUs and incorporate the software necessary to control the
RRCUs via Ethernet at no cost to the government.

• “Low-Cost” Subscriber Terminal Unit (STU) - The CSTI low cost STU is a
programmable intercom station designed for use with the CDS and provides an
interface between users in a voice communications system. The user is provided
the capability to select a combination of assigned channels for voice
communications. The low cost STU was designed as a cost-effective unit for
non-secure, BLACK only, communications. Each unit provides the following
capabilities and features:
•
•
•
•
•
•

20 Voice Channels
Dual Tone Multi-Frequency (DTMF) Keypad
Individual Channel Assignment Displays
Headset Panel Interfaces
Flexible Channel Assignments
High Reliability

• Cipher Text Card - The secure communication requirements consist of circuits to
aircraft and test range support facilities. All secure communications are
transmitted using GRC-171 or GRC-211 radios. A KY-58 is a device used for
encryption and decryption of voice frequency communications. It is not feasible
to maintain a dedicated KY-58 for each KY-58 on the range, so a switching
configuration has been developed to support secure communications [4]. The
EDS is capable of switching up to 96 of these interfaces in any combination. In
general, the KY-58s support two types of signaling formats: diphase and
baseband (diphase is a Manchester encoded signal while baseband is NRZ). The
EDS, through the development of the Cipher Text card, was initially specified
and designed to switch only the diphase format of the KY-58. Since then, all
operations have transitioned to baseband operation. After analyzing all the
options, it was decided that CSTI’s development of a new card for the EDS
would be the most flexible and cost-effective approach. The new card will be
capable of interfacing both the baseband and diphase signals and selectable
through software.
Digital Access and Cross-Connect System Upgrade
This upgrade currently has not been contracted but it is expected to be approved in the
near future. The purpose is to upgrade the existing Lucent Technologies (formerly AT&T)
DACS units or frames from software/hardware Release 2.0 to Release 7.0. The
capabilities and advantages gained from this upgrade can be summarized as follows:
• Replace Secondary Storage, eliminates disk drive and tape back-up system, uses
PCMIA non-volatile memory card providing increased reliability and faster

•
•
•
•
•
•

access times to data. Restoring back-ups from tape took 40 minutes or more,
PCMCIA cards take 3 minutes.
Replace Main Controller system, provides faster and more reliable controller.
Ability to access new Digital Signal Processing (DSP) based products for the
DACS II.
Lucent Technologies no longer supports the hardware or software associated
with Release 2.0
Command priority – priority acknowledgement for reconfiguration commands.
This dramatically speeds up service restoration and simplifies network
operations.
Digital Signal, level 3 (DS3) alarm enhancement – improves network visibility
and reliability.
Provides lower operation cost and simplified system maintenance.

DIGITAL SWITCH SUSTAINMENT PROGRAM
The Digital Switch Sustainment Program (DSSP) was created to ensure support of the
digital switching systems that operate at Edwards AFB, Eglin AFB, and NAWC at China
Lake. Edwards’ government and contractor personnel have taken the lead in implementing
a maintenance support contract for the on-going support of the critical voice and TSPI
communications systems of all three facilities. The government intended this effort to
reduce the use of government and contractor resources required in administering the
program. This was accomplished to eliminate the duplication of effort in administrative
overhead costs and system development costs characteristic of separate endeavors.
The program’s mission is to:
• Provide customers, operators and maintainers increasingly powerful tools to
achieve mission success.
• Monitor progress, encouraging feedback on performance, and inviting new ideas
through working-group interaction.
• Encourage similar configuration paths to promote uniform, timely, and less costly
upgrades.
• Allow necessary configuration deviations as justified by the user and approved
by the Configuration Control Board (CCB).
• Promote discussion of future requirements in Digital Switch Working Group
(DSWG) meetings.

Memorandum of Agreement
The Memorandum of Agreement (MOA) is designed to share the expense of the contract
overhead, the cost of administration, and the cost of a technical point of contact located at
Edwards. Also, the purpose of this agreement was to establish a working group for
sustaining the common digital switching system acquired by the Range Division and
deployed at each test range. The goal of the DSWG is to:
•
•
•
•
•
•

Maintain efficient and effective digital switch systems.
Identify and resolve common system operational problems.
Investigate potential joint acquisition opportunities.
Develop cost effective strategies for funding and acquiring resources.
Take advantage of contractual cost sharing.
Strive to maintain baselines and continue to support common/standard systems
architectures.
• Develop configuration management philosophy and common migration paths.
• Assist member ranges with emergency mission support problems whenever
possible.
Should This Approach Be Repeated?
This approach should be considered in other similar scenarios. Its success is attributed to
the fact that a single point of program management replaces most of the work of the other
participating sites. The costs associated with the abundant amount of contractual work [2]
are shared by all and result in implementing a common Acquisition Plan (AP), Operating
Instructions (OI), Contract Surveillance Plan (CSP), Statement of Work (SOW), etc. The
purpose of the AP is to outline a strategy for realism, flexibility, responsiveness to the
user, overall balance, and executability.
The OI outlines a comprehensive structure enabling each base to draft simple and userfriendly task orders. Each facility still requires its own Operations and Maintenance
(O&M) personnel, but the contractual efforts (e.g. preparing task orders) are streamlined
quite a bit. More importantly, the streamlined acquisition reform process has allowed us to
work directly with the prime vendor (contractor). The purpose of the CSP is to describe
the processes that will be used to ensure that the contractor is meeting the requirements of
the contract and associated task and delivery orders. Implementation of this CSP keeps the
administrative contracting officer and the program manager apprised of the performance of
the contractor.
Additional benefits of the DSSP effort are evident when emergency support is needed. If a
particular site needs immediate technical assistance, the site’s program manager can

contact the technical point of contact at Edwards for initial guidance. If it is determined
that the problem cannot be resolved over the telephone and requires immediate assistance
from the contractor, appropriate action is taken in the most efficient manner. Also, if a site
needs immediate depot level support for a time-critical problem, other sites can provide
back-up spares support. This is to alleviate the problem of requesting a long lead-time
replacement part from the contractor. For instance, a NETCON failure occurred recently at
Eglin AFB and had significant mission impact. An assessment was made as to the extent of
the NETCON failures. Since the problem was significant, and the redundant NETCON
started to experience fluctuations, the expertise of the contractor was required. The
contractor was contacted to have the expert fly into Eglin to correct the problem while
spare NETCONs from Edwards where shipped overnight to Eglin. This scenario illustrates
the added benefit of having back-up support from such a user-friendly and cost-efficient
system.
Clearly, the objective of the DSSP is to allow the savings to continue through the life of
the contract and to free contracting resources at the other locations to provide services in
other areas. Communication channels are kept open to ensure that a working relationship
with all parties is maintained. A variation of this overall concept could also be used on
other support contracts. This is a model to draw experience, expertise and insight from.

LESSONS LEARNED
Starting the acquisition process early is imperative. It must be accompanied by
commitment from all organizations to finish each step without delaying any function since
the schedule reflects some un-anticipated lead-time. Working with the contractor allows a
clear understanding of government performance requirements. In other words, close
communications with the contractor is key in achieving successful results.
CONCLUSION
While this “grassroots” effort has flourished and matured into a successful DSSP contract,
the final chapters have not been written. Other Department of Defense (DOD) ranges
continue to express interest in using this contract and in participating in the multi-service
working group. We seize the opportunity to reach future customers, remaining flexible and
focusing on our customer’s needs. The commitment between customers, operators and
maintainers remains the catalyst for what has evolved into a highly efficient contract that
reduces time and cost to implement. By applying the streamlined acquisition reform
process, creating a tri-base working group, and facilitating early involvement with the
contractor, this effort has successfully culminated into a user-friendly and efficiently

managed contract. We empower users to continue to obtain full support of their dynamic
system well into the 21st century.
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ABSTRACT
The system throughput capacities of modern data systems exceed the bit rate capacity of
current range telemetry capabilities. Coupling this with the shrinking spectrum allocated
for telemetry results in a serious problem for the Test, Training, and Space telemetry users.
Acknowledging this problem, the Department of Defense (DoD) has embarked on an
aggressive improvement and modernization program that will benefit both the government
and commercial range providers and users. The ADVANCED RANGE TELEMETRY
(ARTM) program was created and funded by the Central Test and Evaluation Investment
Program (CTEIP) under the Office of the Secretary of Defense, Undersecretary for
Acquisition and Technology to address this problem. The ARTM program goals are to
improve the efficiency of spectrum usage by changing historical methods of acquiring
telemetry data and transmitting it from systems under test to range customers. The program
is initiating advances in coding, compression, data channel assignment, and modulation.
Due to the strong interactions of these four dimensions, the effort is integrated into a single
focused program. This paper describes the ARTM program and how academia research,
emerging technology, and commercial applications will lay the foundation for future
development.
KEY WORDS
Telemetry, Data Compression, Modulation, RF Systems, Data Packetization,
Instrumentation
INTRODUCTION
The ARTM program will not fund upgrades to all telemetry capabilities - nor is it intended
to produce a “build-to-print”, depot supported system. ARTM will develop a family of
commercial devices that will be available for procurement. Projects and ranges that are
most impacted by the costs associated with mission slips and cancellations will most likely

be the prime users and benefactors for the ARTM family of devices. As these programs
purchase and implement ARTM devices, the mission cancellation rate should decrease as
a function of the degree of implementation.
These telemetry devices are planned to be utilized in many different types of systems. The
needs of mobile telemetry users in land vehicles (tanks, trucks, cars), air vehicles (aircraft,
munitions), and sea-born craft (ships, submarines) will require a multifaceted approach.
Each operator has a unique environment from the small miniaturized systems in missiles to
the large rugged systems on aircraft, tanks, and ships. It is not economically feasible to
have one size (or one price) fits all.
KEY PROGRAM CHARACTERISTICS
The ARTM project will support all types of flight test missions including weapons,
ballistics, and aircraft. A key to the success of the ARTM project is understanding the
different requirements of the user communities.
CROSS-UTILIZATION. Weapons testing, aircraft testing, and training missions all have
very distinct requirements for telemetry support. The ARTM project is dedicated to
identifying the requirements for each type of mission and seeking common solutions where
possible. The implementation of ARTM will provide flexible solutions to permit all types
of missions to be supported.
STANDARDIZED TECHNOLOGY. The ARTM project is committed to developing new
standardized technlogy in telemetry support. These standards will be the foundation for a
common solution to test and training ranges. The ARTM project must also address the use
of existing legacy systems to support current and low and medium bandwidth users.
USER ACCEPTANCE . The primary users of the products of ARTM are the test and
training ranges, both government and commercial. The ARTM program will allow these
ranges to better serve their test and training customers by increasing telemetry efficiency
and quality. These organizations, mostly represented on the government side by the RCC,
will provide the requirements, testing, and fielding of the technologies developed under
this program. Commercial users are welcome to participate also.
CROSS POLLINATION . The ARTM Joint Program Office (JPO) intends to build upon
other CTEIP development programs. The ARTM program may provide the link between
the airborne instrumentation system (like the Common Airborne Instrumentation System)
and the ground data processing systems (like the Common Display, Analysis, and
Processing System [CDAPS]). The CDAPS may also supply some of the onboard

processing capabilities to be included in ARTM. Achieving the high data rates to
efficiently interconnect airborne and ground systems in real-time is the ultimate goal of
ARTM. The ARTM program intends to use the Family of Inter-operable Range System
Transceivers (FIRST), a system to provide data link capability to a large number of targets
in a given geographical location, for interactive control of airborne components. Interfaces
to other CTEIP efforts are also under study.
CONCEPT OF OPERATIONS
The ARTM developments will be structured as individual value packages (VP). Each VP
represents a stand alone capability to the overall ARTM effort. Each VP will be managed
as a separate effort as it is likely that different vendors/contractors will be working on
developing different capabilities. Each VP will be managed and developed by a DoD
ARTM Center of Expertise (one of the Army, Air Force, or Navy Test or Training
Centers) under the ARTM Joint Program Office’s management.
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Figure 1. ARTM Concept of Operations

ACQUISITION STRAGETY
The ARTM program received initial funding in Fiscal Year 1997 (FY97). Although the
need for improvement has an extensive history (some may remember a similar program
called TM2000), the efforts were fragmented and minimally funded. The ARTM program
today represents a consolidation of Navy, Air Force, and Army telemetry improvement and
modernization needs and solutions. The ARTM acquisition strategy is basically formed in
two parts: 1) Research, and 2) Prototype and Test.
RESEARCH EFFORTS
This phase of the acquisition is being planned as a multidimensional research in the sense
that several different approaches are being researched. No single solution is driving the
ARTM program. Through many different research vehicles, the ARTM program plans to
look at a wide selection of research topics and identify the potentials for prototype
development for the next phase. Those subjects showing the most promise will be moved
to the next phase.
Telemetry research is being conducted via several vehicles. These include university
grants, Small Business Innovative Research (SBIR) efforts, Small Business Technology
Transfer (SBTT) programs, and competitively awarded contracts.
The ARTM JPO will be managing several research efforts at different universities.
Through ties with the Air Force Office of Scientific Research, the RCC, and the Office of
Naval Research, the ARTM JPO plans to award almost $500,000 in university grants this
year. The ARTM JPO will form an ARTM cooperative research consortium where several
universities working on related tasks will be tied together to exchange information and
conduct cooperative research efforts. Initially this consortium includes (but is not limited
to):
University
Brigham Young University, UT

Research Area
Characterization,
Compression
New Mexico State University, NM
Equalizing Techniques
Utah State University, UT
Modulation Techniques
University of South Australia
Data Cycle Map Optimization
University of Arizona, AZ
Transmitting Antenna Design
University of California, Davis, CA
Modem and Transceivers
Table 1. ARTM University Consortium (proposed)

The ARTM JPO is also managing several SBIR efforts which are addressing telemetry
technologies. The SBIR process allows small companies with aggressive research styles to
address specific technologies required by the DoD with an eye toward commercializing
these products. Through a related SBTT program, ARTM JPO personnel are managing a
research effort in optical multiplexers for the Ballistic Missile Defense Organization with
the University of Texas (Austin).
Although the majority of these research efforts are not being funded by CTEIP or ARTM,
other government organizations have entrusted the management of these programs to the
ARTM JPO. As a result, the ARTM JPO is responsible for the coordination and
distribution of results within the telemetry community. The JPO is establishing itself as a
type of information clearing house for improvement and modernization of major test and
training range telemetry systems.
The ARTM JPO has conducted an initial requirements analysis and has identified several
research topics needed before development in these areas can occur. The ARTM JPO is
currently conducting a government/industry wide survey (see the web-site at
http://afftc.elan.af.mil/artm/public/index.html). These requirement and research topics will
be “scrubbed” at an ARTM Industry Day to be held during the International Telemetry
Conference in the Fall 1997. Some of the initial research topics are listed below.
CHANNEL MODELING FOR AERONAUTICAL TELEMETRY. The ARTM JPO
proposes pursuing a comprehensive channel characterization campaign at representative
test ranges. The results of this work will be a description of the channel (e.g., Doppler
profiles, delay spreads, multipath intensity, etc.) which will be used to construct a software
simulation tool to accurately represents the channel impairments encountered in the field.
This simulation tool will be available to collaborators (universities, contractors) for use in
simulating the performance of advanced bandwidth efficient modulation techniques. In
addition, the simulation tool will be used to simulate the performance of error control
coding techniques using the existing pulse coded modulation/frequency modulation
(PCM/FM) format outlined in the RCC standard, IRIG-106.
Current channel sounding techniques pursued provide limited information about the nature
of the channel (e.g., only measurement of the average amplitude variations across the
entire band is possible) and do not provide any information on frequency selective fading,
and phase variations. This information is crucial in assessing the performance of advanced
bandwidth modulation techniques.
The channel characterization (or sounding) procedure proposed here involves an airborne
transmitter emitting a wide-band signal. The ground-based receiver is equipped with a
correlator and storage buffer which, after suitable processing, produces snapshots of the

time-varying impulse response of the channel. These snapshots will be used to quantify the
delay spread, multipath intensity, and Doppler profile (or phase variations) of the channel.
CONTINUOUS PHASE FREQUENCY SHIFT KEYING (CPFSK) MODULATION.
Continuous Phase Frequency Shift Keying (CPFSK) modulation techniques have recently
received attention for their intrinsically good power spectral densities (meaning low
sidelobes and a compact mainlobe). As telemetry transmitters are power limited, it is a
requirement that the transmitted signal pass through a high power amplifier. The CPFSK is
suitable for use with a high-power amplifier due to its constant envelope characteristics.
Since many telemetry channels suffer from multipath fading, non-coherent detection is
desired to avoid complicated implementations of carrier recovery circuits. More research
needs to be done to address the specific concerns of fading and multipath since they are
recurring problems in many telemetry applications.
WAVELET-BASED TRANSMISSION. The ARTM program will initiate research to
compare bandwidth-efficient modulation techniques with wavelet-based transmission.
Various modulation techniques will be compared to establish which technique best meets
the needs of the new telemetry systems. In addition, the wavelet-based methods will be
characterized with respect to their synchronization and tracking in high-Doppler regimes.
A variety of modulation techniques have been developed over the years that are spectrally
efficient in the sense that the fractional out-of-band power (FOOBP) rolls off very quickly.
In a competitive spectral marketplace, these schemes are necessary to limit emitted
bandwidth and are employed in current digital cellular standards. Recently, digital
signaling methods based upon wavelet function waveforms have been investigated. When
smooth wavelets are selected, the signaling has spectral containment, as measured by the
FOOBP, superior to that of other common spectrally efficient schemes. Examination of the
FOOBP for a variety of signaling schemes at 2 bits/signal, including Quadrature Phase
Shift Keying (flat-pulse signaling), Minimum Shift Keying (MSK, sinusoidal pulse
signaling), Gaussian MSK (GMSK, employed by the European digital cellular system),
SFSK (sinusoidal FSK), and several wavelet schemes show that some wavelet modulation
techniques have spectral containment better than others.
HIGHER ORDER MODULATION TECHNIQUES. The ARTM program sponsored
research will address emerging generations of integrated modem-RF techniques suitable
for RF/dc power efficiency as well as spectrally efficient advanced modulation techniques
providing more than 2 bits per second per Hertz with robust bit error rate (BER) as a
function of the signal to noise ratio. Recently-developed Feher quadrature-modulated
QPSK, GMSK, and other optimized QPSK systems will be expanded to new, higher-order
modulation techniques. These techniques will display robust and optimized BER

performance with more than 2 bits per second per Hertz. This will result in increased
bandwidth efficiency for high-speed telemetry applications.
OPTICAL TUNABLE FILTER. This Ballistic Missile Office sponsored effort will be
managed by the ARTM JPO. The research will address the multiplexing of multiple optical
fiber sensors on a wavelength-division method to improve the data transmission on both air
vehicles and ground systems. A tunable filter will offer better dynamics tuning range,
smaller size, lower cost, and faster data acquisition. As more aircraft data systems employ
fiber data transmission, this optical tuning filter will allow the interface of these systems to
airborne and ground telemetry devices.
PHASED ARRAY TRANSMITTING ANTENNAS. On the air vehicle the aeronautical
telemetry community typically use L and S Band (1,435-1,525, 2,200-2,390 MHz) blades
with polar diversification for the transmission of data. Replacing these with miniature
phased arrays may have many benefits. The ARTM JPO will investigate at least two
applications: directional telemetry and tunable antenna configuration.
Directional telemetry can offer significant gains in telemetry scheduling. The ability to
point the antenna at the receiving site (via Global Positioning System [GPS] clues) will
increase the signal-to-noise ratio and possibly allow telemetry users to operate on the same
frequency, on the same range, using different acquisition antennas.
Developing transmit antennas with tunable nulls/lobe capability can solve many
interference problems. Siting a telemetry transmit antenna on the air vehicle with minimal
telemetry interference with other aircraft systems is usually a "best guess" art. Interference
is likely due to the presence of other antennas and vehicular systems. The ability to tune
nulls can reduce received and transmitted interference.
DATA CYCLE MAP OPTIMIZATION. The amount of data received and recorded varies
from one flight test to another, depending on the requirements set by the customer. A Data
Cycle Map (DCM), or a major frame, is the traditional format used for representing the
data to be inserted in a telemetry stream. The DCM is simply a matrix with rows
representing the minor frames and columns representing the sub-frames. The DCM
indicates whether all test parameters can be sampled at the desired rate given the inherent
limitations of the telemetry system in use.
Analysis of methods for generating the DCM has identified a number of weaknesses in
current processes. The production of the DCM at present often relies on a trial and error
process in selecting input values required for translating test data requirements into a
DCM. Processes often assume a best-fit translation even when copying previous designs
as long as it can be applied for carrying out another test. Also, due to the fact that

parameters vary in bit length, the bit rate chosen for any flight test depends on the number
of parameters being tested. Often a set number of bits is chosen per word for simplicity.
This causes fragmentation - leaving words within the DCM unoccupied. Additionally, in
an IRIG minor frame, some words are partially occupied by a test parameter resulting in
situations where some bits within a word are not used. Utilizing bits within the word in the
same way a multi-environment operating system utilizes disc storage space may provide
benefits.
ALTERNATE TELEMETRY TECHNIQUES. The ARTM program will look at other nontraditional systems for the transmission of data from the vehicle to the ground. This effort
will research steerable lasers, shared communication links, and commercial satellite
channels. These studies, while unlikely to produce viable products in the near term, will
lay the ground floor for future research and development.
ONBOARD PROCESSING. The ARTM concept of onboard processing is to reduce the
amount of data to be transmitted by using dynamic data selection and processing
techniques. Dynamic data selection includes those methods used to select the data to be
transmitted based on data values, event triggers, and real-time requests. Processing
techniques can range from basic engineering unit conversion to calculations,
manipulations, and regressions. Onboard processing will reduce the data required to be
transmitted in the existing and future telemetry bands.
ERROR CORRECTION. The ARTM program plans to increase the efficiency of telemetry
channels with forward error correction codes, packetization, and data interleaving. These
techniques, used alone or in conjunction with others, will decrease the bit error rate and
increase the robustness of telemetry channels (fade and dropout immunity). A trade-off
will occur as the gain in quality is measured against the increase in the size of the data
package to be transmitted. Combining these techniques with various data compression
techniques will be studied.
DATA COMPRESSION. The application of data compression can dramatically save
telemetry bandwidth. The goal of this effort is to implement several commercial data
compression techniques within the telemetry system to reduce total transmitted bandwidth.
One of the challenges is to develop a way to apply loss-less time coherent techniques,
while still achieving bandwidth reductions.
COMMAND AND CONTROL LINK. By providing a two-way data link between the
ground and the air vehicle, ARTM plans to deliver a more flexible and adaptable telemetry
system. This link can be used to adjust transmit frequencies and system bit rates to
optimize spectrum utilization in real-time. This link can also be tied to the onboard

processor for command and control access for dynamic data selection and data
manipulation/processing.
REAL-TIME FREQUENCY DECONFLICTION. Providing tools to better utilize and
allocate spectrum is another ARTM goal. Demand Access/Multiple Assignment and
packetized telemetry technologies can change the way data is transmitted (bursts) and
organized (data packets). The goal of efforts in this area will provide users the tools to
effectively schedule and de-conflict the available spectrum in real-time. This will allow the
ranges to schedule their telemetry spectrum more effectively.
PROTOTYPE DEVELOPMENT AND TEST
The ARTM program will develop system prototypes to prove technology and to validate
architecture concept models. It is a program goal to reduce the risk associated with the
development of new devices. Through prototype development, the ARTM program plans
to encourage the commercial development of these devices by reducing the associated
risks. The ARTM prototypes will prove concepts, develop tested architectures, and
establish standards. The architectures will be primarily functional models with emphasis on
interface standards. Once a standard has been developed, the program will provide
requirements contracts for ranges to purchase the new equipment. The ARTM program
will focus on the validation of vendor components to meet these interface and functional
standards.
The ARTM JPO will work in conjunction with organizations such as the RCC to build
upon and develop standards required for a useable ARTM. The results of the ARTM
development effort will be a catalog of hardware and software for integration into airborne
and range system resources. The capabilities developed by ARTM will be modular,
allowing each participating range to choose the best features of ARTM to improve their
test and training capability.
Though the use of Cooperative Research and Development Agreements (CRDA’s), the
government can make their laboratory facilities, ranges, and test aircraft available to the
researchers and prototype developers for the test and evaluation of prototype systems. The
Navy and Air Force, with test sites on both coasts, have well equipped labs and test bed
aircraft that can be used for telemetry prototype testing and evaluation. Under the CRDA
procedure, industry and academic entities can use these resources at no cost as long as it is
to the benefit of the government and the developing organization. The ARTM JPO will
assist the interested parties in establishing these agreements with the ranges and labs as
required. The ARTM JPO can also provide offset funding to cover the government costs
that may be required to execute these agreements.

The ARTM program acquisition strategy can be summarized as a method to seed
communications and telemetry research into the telemetry device market with the
government assuming the technological risk normally associated with these efforts.
CONCLUSION
The ARTM JPO plans to use an accelerated three phase approach for developing and
fielding the ARTM product family. As development progresses, some interim products
may be viable solutions to current requirements. Those devices will be accelerated for
early delivery and range.
The ARTM project is presently in the first or concept exploration phase. With limited
FY97 and FY98 funding, the ARTM JPO plans to identify the requirements, technical
concepts, and ideas that will be needed to support the telemetry users through the next
decade. Requirement surveys, road-show briefings, early industry involvement, and
research conducted in FY97-98 will provide the basis for the next phase.
The second phase is engineering/manufacturing development. With close ties to industry,
government laboratories, and user ranges, ARTM will evaluate and down-select those
technologies best suited for further development. These will proceed to prototype with the
award of multiple contracts anticipated in FY99. These devices will be developed, tested,
and evaluated for the next phase, production.
After the developed devices are tested, a production decision will follow with production
contract vehicles awarded to those selected for production in FY01. This could be in a
single contract with multiple awards (like a General Services Administration [GSA]
contract) or several requirements contracts. We anticipate deployment of the final ARTM
products in FY02.
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Telemetry Data Sharing Using S/MIME
Jeffrey R. Kalibjian
CounterSign Software, Inc.

Abstract
Last year the design and implementation of a secure World Wide Web based data sharing
tool which could enable geographically remote contractor teams to access flight and test
telemetry data securely over the Internet was presented [1]. Key technologies facilitating
this capability were the Hypertext Transfer Protocol (HTTP) and the Secure Sockets Layer
(SSL) capable web browsers and web servers. This year the applicability of the Secure
Multipurpose Internet Mail Extension (S/MIME) specification is being evaluated for the
transport of telemetry data via secure E-mail.
Keywords
secure data sharing, E-mail, S/MIME, MIME, public key cryptography standards (PKCS).
Introduction
E-mail, based on the Simple Mail Transfer Protocol (SMTP), Request For Comment
(RFC) 821, is the most ubiquitous communication mechanism used on the Internet today.
However, the message representation format (RFC 822) left the message body restricted to
simple ASCII text. In 1993 a standard was proposed known as Multipurpose Internet Mail
Extensions (MIME, now known as RFC's 2045, 2046, 2047, 2048, 2049) that would allow
multi-part textual and non-textual message bodies to be exchanged (e.g. binary data, etc.).
S/MIME is a specification for secure electronic mail. It specifies the use of Public Key
Cryptography Standards (PKCS #7 and PKCS #10) in mail messages employing the
MIME format.
After reviewing the SMTP, MIME, PKCS, cryptography, and S/MIME standards, this
paper discusses the design and implementation of a secure E-mail based telemetry data
disbursement system.

E-Mail (RFC 821, RFC 822)
The Simple Mail Transfer Protocol [2] (RFC 821) defined a client/server protocol which
allowed agents connected to a Transmission Control Protocol/Internet Protocol (TCP/IP)
network to exchange formatted RFC 822 [3] (E-mail) documents. The RFC 821 and 822
specifications helped launch the first network "killer app:" E-mail. Several factors
contributed to its popularity including meeting a need for asynchronous communication
over a network, and being relatively simple to understand and implement. A message
minimally needed three header lines comprised of 7 bit ASCII characters specifying a To:,
From:, and Subject: headers; followed by a blank line followed by arbitrary 7 bit ASCII
text (the message body). While the actual machine to machine protocol (RFC 821)
required a little more effort to implement; it still basically involved implementation of a
state machine which needed to process only eight commands (HELO, MAIL, RCPT,
DATA, QUIT, RSET, VRFY, and NOOP).
Multi-purpose Internal Mail Extensions (MIME)
The major shortfall of the RFC 822 specification was that it did not provide a mechanism
for transport of non 7 bit ASCII data; e.g. binary data. The Multi-Purpose Internet Mail
Extensions [4] [5] [6] [7] [8] (RFCs 2045-2049) for RFC 822 E-mail remedied this
situation. At the core, MIME requires a Content Type and Sub Type heading which
describe the data attached in the E-mail message. MIME also specifies an encoding
directive and encoding algorithms (e.g. base64) which specify how attached data has been
encoded for transport (generally only 7 bit data may be successfully transported between
mail gateways---thus, binary data must be specially encoded for successful mail transport).
Mail clients recognizing the content data type and encoding may decode the data and
launch helper applications to appropriately utilize the data. Table 1 shows the more
popular encoding types used today.
Content Type
text
image
audio

Sub-Type
plain
gif
basic

application
video
multipart
message

octet-stream
mpeg
mixed
rfc822

Description
Unformatted text
.gif images
8 bit ISDN micro-law
fmt.
Arbitrary binary data
.mpeg video
Multiple body parts
Another RFC822
message

Table 1. Typical MIME Content Types and Sub-Types.

Public Key Cryptography Standards
There are currently 12 Public Key Cryptography Standards (PKCS). They are numbered
from 1 to 12. Their purpose is to specify the syntax for exchange of cryptographic
information (e.g. key agreement, certification, etc., see Cryptography section below)
generated on differing computer systems (possibly using different implementations of
cryptographic algorithms). Thus, PKCS facilitates cryptographic message exchange
between organizations using different computer platforms and software. Of particular
interest are PKCS #7 [9] which describes the format for exchange of cryptographically
enhanced messages and PKCS #10 [10] which describes a format for request to place a
public key into an X.509 certificate (certification).
PKCS is defined using ASN.1 [11] data types. ASN.1 is a modeling language which is
used to represent the composition of formatted data streams. It can be coded into a form
suitable for transmission between computers (series of octets) using either Basic Encoding
Rules (BER) [12] or Distinguished Encoding Rules (DER).
Cryptography
The science of cryptography [13] seeks to disguise data and offer a mechanism for data
recovery. A cipher algorithm can be used to both encrypt (disguise) or decrypt (undisguise) data . The input to the cipher is usually the data (ciphered data or clear data) and
a "key." Ciphers which can decrypt or encrypt data with the same key are known as
symmetric key ciphers. There is another type of cipher that uses two keys. This type of
cryptography is known as dual asymmetric key cryptography (also known as public key
cryptography [14]). Here a public/private key pair is generated. The keys have a reciprocal
relationship; that is, if one key is used to encrypt data, only the other can decrypt the data.
Typically, one key is given to the public and one is kept private. The most popular public
key algorithm is the RSA [15] algorithm.
An example will illustrate the public/private key concept. If Person A wishes to send a
private message to Person B; Person A uses Person B's public key to encrypt the data to be
sent to Person B. Person B would then have to use her private key to decrypt the data. She
is the only person who could decrypt the data. If Person B sought to authenticate that
Person A did indeed generate the message; she can request that Person A run a checksum
of the encrypted message before transmission; then encrypt the checksum with his (Person
A's) private key. If Person B can decrypt the checksum with Person A's public key (and
the checksum matches Person B's generated checksum of the message); she can be assured
herself that Person A truly did send the message; and further that it had not been tampered
with.

Public key encryption algorithms are computationally very expensive; while symmetric key
algorithms are quite fast. Thus, in practice a symmetric key is generated and used to bulk
encrypt data to be disguised. The symmetric key is then encrypted using a public key
algorithm. Public Key Cryptography Standards (discussed above) provide a syntax for
organizing these data elements (e.g. the bulk encrypted data, the encrypted symmetric key,
etc.) so they may be exchanged and understood by differing software implementations
(conforming to the PKCS standards) running on dissimilar computer systems.
It should be noted that individuals typically don't release "raw" public keys to the public.
Instead, they use a certification authority (CA) to imbed their public key into an X.509
[16] public key certificate. As part of this process the certification authority signs the
certificate with its private key. If the certification authority can distribute its public key to a
wide audience, users may validate public keys of individuals they do not directly know by
verifying the CA's signature on a certificate.
Secure/Multipurpose E-mail Extensions
Secure/Multipurpose Internet E-mail Extensions (S/MIME) [17] rely on PKCS #7, and
#10 Three new content encoding sub-types are defined; specifically:
• x-pkcs7-mime, which represent cryptographically enhanced messages defined in PKCS
#7.
• x-pkcs7-signature, which represents an associated digital signature for a clear text
message.
• x-pkcs10, which represent certification requests.
Observe that the sub-type x-pkcs7-mime has the word “mime” in it. This implies that the
entity which is being “pkcs7ed” is already a MIME body part (i.e. a legal MIME entity).
Thus, once PKCS operations are complete; the output can be passed directly to a MIME
agent for further processing.
A simple example will illustrate how RFC822, MIME, PKCS, and ASN.1 are used to
create a S/MIME message. Assume Person A wishes to send Person B a text message.
After the message is composed, a MIME header (MIME-Version: 1.0; Content-Type:
text/plain; Content-Transfer-Encoding: 7bit) is placed at the beginning of the message.
Assuming Person A wishes to both encrypt and sign the message, she will submit Person
B’s public key and her private key, along with the MIME body part, to the PKCS #7
engine. The output of the PKCS engine will be a BER encoded PKCS #7 entity. Recall the
BER data is represented as octets; which don’t often transfer well between different Email systems; thus, they would have to be encoded into 7 bit values (e.g. “base64ed”)
before being transported via E-mail. After the base64 encoding, a new MIME header is

placed on the entity (MIME-Version: 1.0; Content-Type: application/x-pkcs7-mime;
Content-Transfer-Encoding: base64), then this body is placed inside an RFC 822 message
(e.g. To: Person B@company_X.com; From: Person_A@company_Y.com....). The
message could then be sent to Person B using standard SMTP mail. Assuming Person B
has Person A’s public key; once the message was received by Person B, he could
authenticate and decrypt the message.
A S/MIME based Telemetry Disbursement System
A system utilizing S/MIME technology could be deployed to securely share telemetry data
products. The general principal of the Secure File Sharing Disbursement System (SFSDS)
is to have telemetry data quickly (and securely) sent out to experiment collaborators as
soon as (test or mission) data is available. Central to this concept is the establishment of
secure exchange directories on (Internet) networked collaborator computer systems. Each
directory has a configuration file indicating whether files placed in that directory are to be
treated as files to be sent out (output directory) or files to be read in (input directory). If
the directory is an output directory, the configuration file needs to specify the MIME type
of the data which will be typically placed in the directory, in addition to the common name
of the organization (or person) the data should be sent to. It also needs to contain the
common name of the sender (along with his encrypted password to access his private key)
and the type of security to utilize when sending the data (e.g. signed, encrypted, or signed
and encrypted). Input directories need only specify the common name of the intended
receiver, and the encrypted password to access E-mail messages waiting on the recipient’s
mail server.
SFSDS Operation
SFSDS will scan the secure exchange directories at specified intervals. Each file found in
an output directory will be processed into an S/MIME message as described in the
S/MIME section above. Each message will be delivered to a SMTP server via utilization
of the POP [18] (Post Office Protocol, RFC 1725) communication protocol. The SMTP
server will then deliver the S/MIME message to the intended recipient. When SFSDS
encounters an input directory, it reads the configuration file so it can contact (via POP) the
SMTP mail server and look for any messages for the specified recipient. Messages are
copied to the input directory; whereupon, each is processed as a general MIME body.
S/MIME messages found are sent to a PKCS engine for processing. The (possibly
decrypted, possibly authenticated) data is then ready to be viewed or post processed with
telemetry analysis software.

Conclusion
The MIME enhancement for RFC 822 has made it possible for arbitrary binary data to be
easily transported using SMTP mail over TCP/IP networks. PKCS #7, and PKCS #10
have facilitated interoperable cryptographic applications which allow for message privacy,
authentication, and integrity. BER encoded PKCS data has been given a MIME Sub-Type
tag of x-pkcs7-mime; otherwise known as S/MIME. The SFSDS system utilizes S/MIME
technology to facilitate automated, secure transport of telemetry or other data products. It
is intended to aid telemetry analysis for missions which are supported by large contractor
teams that are not co-located.
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ABSTRACT
A target missile is a unique piece of test hardware. This test tool must be highly reliable,
low cost and simple and must perform any task that the developing interceptor missile
planners require. The target missile must have ample power and guidance resources to put
the target in a specified place in the sky at a desired time. The telemetry and measurement
system for the target missile must have the same requirements as its interceptor missile but
must be flexible enough to accept new requirements as they are applied to the target and
its interceptor. The United States Army has tasked Coleman Aerospace to design and build
this type of target missile. This paper describes and analyzes the telemetry and
instrumentation system that a Hera target missile carries. This system has been flying for
the past two years, has completed seven out of seven successful test flights and has
accomplished all test objectives to date.
The telemetry and instrumentation system is an integral part of the missile self-test system.
All preflight checks and flight simulations are made with the on-board three-link telemetry
system through a radio frequency (RF) link directly through the missile antenna system to a
ground station antenna. If an RF transmission path is not available due to test range
restrictions, a fiber-optic cable links the pulse code modulator (PCM) encoder to the
receiving ground stations which include the bitsync, decommutator and recorders. With
this capability, alternative testing is not limited by RF test range availability.
The ground stations include two mobile stations and a factory station for all testing
including preflight testing of the missile system prior to flight test launches. These three
ground stations are built in a single configuration with additional equipment in the mobile
units for use at remote locations. The design, fabrication, testing and utilization of these
ground stations are reviewed. The telemetry system is a modification of the classical PCM
system and will operate with its interceptor missile at least into the first decade from the
year 2000.
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INTRODUCTION
The primary goal for a target missile is reliability. The target missile must be in position
when the interceptor and the test range are ready. The activation of a test range with the
test interceptor missiles is very expensive and flight holds due to the target’s inability to
perform are not tolerated. The mission for the target missile is to provide an incoming air
frame or missile simulation that a research and development interceptor missile can aim
for, hit and/or demonstrate its capability. In early missile development drone aircraft were
used but as technology matured missiles have been substituted.
This paper describes the telemetry and instrumentation required on board the target missile
and the supporting ground equipment. The target missile described herein is the Hera
missile which is now the target missile for the developing THAADS Missile System. The
paper outlines the missile telemetry and instrumentation system requirements and testing,
design philosophy, hardware/software and system interfaces with the target missile and
with the ground and mobile stations. Measurement plans and instrumentation hardware and
requirements are discussed as well as field implementation and testing of the missile's
instrumentation and telemetry system. The RF portion of the telemetry system is described
including the three-link telemetry system.
SYSTEM REQUIREMENTS
The basic Hera telemetry and instrumentation system is a battery powered three-link
telemetry system using the low S-band telemetry frequencies. A representative block
diagram is shown in Figure 1.
Link 1 is the diagnostic on-board instrumentation system. This link reports the health and
status of the target missile including performance of its two stage motors, on-board
guidance system, primary and secondary electrical power systems and vibration shock
pressures and temperatures throughout the Hera missile system. The bandwidth of this link
is one megabit thus allowing for vibration measurements of almost 8K samples per second,
pressure measurements in the 1K samples per second range and temperature, voltage and
current measurements with low sample rates of five to 100 samples per second.. Table 1
indicates measurement types and configuration of the measurement program.
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Figure 1. Telemetry and Instrumentation System Block Diagram
Link 2 carries the damage assessment indicator. A photonic fiber-optic grid covers the
payload section of the missile. The grid reports impacts on the payload section of the
target skin from the interceptor missile impingement or fragments from an air burst due to
a proximity fuse detonation. These signals are output on a six megabit bandwidth link
which can determine impact times to better than one millisecond.
Link 3 carries a miss distance indicator. This proximity radar system and telemetry data
link measure and transmit the target to interceptor miss distance. All systems have the
ability to operate from external ground power supplies during ground preflight testing. The
system can be switched to battery power to simulate flight test. Prior to the actual flight
test squib switches are fired to lock the batteries on line for flight.
A fiber-optics cable provides a link from the Link 1 PCM encoder through the missile
ground equipment to the ground station’s bit synchronizer and decommutator. This link
allows target testing without the RF transmission. Many times during range testing the RF
transmission must be shut down due to higher priority range usage. When this happens
functional and system testing can continue with the PCM encoder output on the fiber
optics link in the test area. The fiber optics path is presently setup or needed for the
diagnostic link only.

Table 1. Hera Measurements
Type
Vibration
Pressure

Temperature
Themocouple
Thermistor
Bilevels
Voltage
Interface Electronics Unit
Control Amplifier P92
Thrust Vector Control
Nozzle
Housekeeping
Housekeeping
Housekeeping
Digital Speed
High
Low
Spares = 23%
Total Measurements
Total Available
* Arbitrary designator

Sample Rate
7812
7812
997
488
97
61

Number
7
1
5
5
5
6

24
24
488

18
5
49

997
488
244
97
61
24

16
9
13
14
7
8

61
12

16
80
80
264
344

Forms
Analog
Analog

Designation*
V
V
A
B
F
G

Analog

Discrete
Analog

H
H
B
A
B
C
F
G
H

Digital
J
K
All Types
All Types

SYSTEM TESTING
Reliability is a primary factor in the design and fabrication of the target missile. A
secondary factor is low cost. The cost parameter stresses the use of components from
missiles already in inventory. The rocket motors are Minuteman first and second stages.
The auto pilot amplifiers (P92) and other electronic components are from the Pershing II
missile. Qualification and screening programs were adopted to determine the ability of the
component to operate in the flight environment and function as designed. These programs
were used for all sections and components which included newly designed and Coleman
built subassemblies, supplier purchased components and Government Furnished
Equipment (GFE) items. Qualification testing in the form of temperature, vibration, shock
and acceleration is done on each individual part or at the section level with the parts
operating. The qualification levels are to missile flight levels. Qualification or certification
is done on one or more specimens depending on the usage. Every built up section is also
put through an environmental stress screening (ESS) including temperature and vibration
testing at 10% to 15% of qualification level. Manufacturing defects or workmanship
problems will be revealed. The target missile is also tested as a complete missile in the
System Test Laboratory (STL). All missile sections are electrically married, and launch

countdowns and flight simulations are run exercising all command, control, flight safety,
navigation and telemetry functions. Missile problems can also be simulated and system
reactions can be checked. This type of testing has been very successfully proven with no
flight test holds or failures occurring.
DIAGNOSTIC TELEMETRY (LINK 1)
The diagnostic telemetry link (Figure 1) is a classically designed, one megabit PCM,
FM/FM five-watt telemetry link. The hardware is standard off-the-shelf. All sensor
instrumentation was commercially built and procured. Coleman Aerospace designed,
fabricated and tested the power distribution assembly, signal condition module and all
interconnecting harnesses. The link has the ability to be run on ground power for ground
test and evaluation. The system can be switched to battery power for flight simulation
while in ground test and returned to ground power for continued testing. In the launch
countdown for actual flight the batteries are sealed in by squib switches 30 seconds before
launch. The sealed battery on the power lines prevents relay chatter caused by vibration in
flight which could interrupt the telemetry output signal. The system is controlled by the
telemetry control panel prior to launch. This unit has the ability to control telemetry power
and transmitter power for all three links. The battery seal-in squib function is not
controlled by this panel. The preflight test is switched to internal power and the seal-in is
then controlled automatically by the launch control computer which integrates all missile
launch functions.
Built In Test Equipment And Diagnostics
The diagnostic telemetry link is not only the flight telemetry system but is also the built in
test equipment for the target missile. The telemetry has the ability to view and analyze all
systems of the missile and report proper operation or target missile malfunctions. The
target missile ground equipment computer system can program flight simulations that can
validate everything except motor ignitions. System problems can also be programmed into
the system to note target missile reactions and train the target missile launch crews. The
diagnostic telemetry can verify the following systems: (1) launch control, (2) target missile
guidance, (3) pressure measurement, (4) temperature measurement, (5) missile flight
safety, (6) missile damage assessment, (7) battery and ground power, (8) missile control,
(9) vibration measurement, (10) missile separation, (11) radar tracking beacon, (12)
missile miss distance indicator.

Measurements Plans And PCM Format Of Diagnostic Telemetry
The basic parameters for the diagnostic telemetry are shown in Table 2. A randomized
nonreturn to zero system was selected because certain segments of the telemetry may be
turned off during test runs. If the system was not randomized the turned off segments
would cause a large group of zeros or ones in the bit stream which could cause the
decommutator to initiate a search. The one megabit bit stream has enough speed to provide
the frequency response required for the number of measurements needed.
Table 2. PCM Telemetry Format Parameters
Parameters
Value or Type
PCM Code
Randomized non return to zero level
Subframes per major frame
80
PCM words per subframe
128
Bits per PCM word
8
PCM bit rate
1.0 megabit/ second
Major frame rate
12.2 major frames/second
Subframe rate
976.5625 subframes/second
Number of analog words
184 (8 bit words)
Number of digital words
96 (16 bit words)
Number of bilevel words
64 bits (8, 8 bit words)
Number of words in the sync word
3 words per subframe (24 bits)
Subframe identification counter
1 (8 bit word)
The PCM telemetry word definitions, sample rates and type of words are displayed in
Table 3.
Table 3. PCM Telemetry Word Definition
Code
Sample/Second
Bits/Word
Word Qty Word Type
A
977
8
32
Analog
B
488
8
14
Analog
C
244
8
28
Analog
D*
488
8
8
Bilevel
F
97
8
30
Analog
G
81
8
32
Analog
H
24
8
40
Analog
J**
61
16
16
Digital
K**
12
16
80
Digital
V
7812
8
8
Analog
* 1 bit with an on or off output
** 16 bit concatenated words

The code column contains arbitrary letters to set the sample rates apart. The
sample/second column relates to frequency response for the measurements. Using the rule
of thumb of five samples to define a sine wave: code A measurements would have a
frequency response of approximately 200 Hertz. The code K measurements would have
approximately a 2 Hertz frequency response. The code V measurements are vibration
measurements with approximately a 1500 Hertz frequency response. The frequency
response of the system indicates most measurements are in the 20 to 500 Hertz range. Two
types of precision words used in the system are: (1) single precision words are 16 bit
digital words, and (2) double precision words are 32 bits, made of two 16 bit words.
Instrumentation Signal Conditioning And Interfaces
The instrumentation system is set up to output an analog 5.0 volts full scale into the PCM
encoder for digitizing. The amplifiers are kept with the transducers wherever possible. The
pressure transducers have built in amplifiers while vibration sensors use a micro dot sensor
output cable to a modularized charge amplifier. Temperature measurements use
thermocouples and silicon sensors. Both of these transducers need signal conditioning and
power to deliver five volts to the encoder. Two modules are on the Telemetry
Instrumentation Range Safety (TIRS) shelf to perform this function. The first module is the
power distribution assembly (PDA); the second is the signal conditioning module (SCM).
These two modules take care of all signal conditioning for temperature and all other
measurements that need passive or active conditioning. The two modules include
amplifiers, resistance dividers, and comparitors. The PDA includes power supplies for +5,
+/- 15 and +28 volts dc. The system tries to keep a single point ground which is located
right next to the PDA on the TIRS shelf. Ground wires are brought back from the
transducers to this single point ground. The objective is to minimize ground loops and
keep large ground currents from running through the missile skin. All components are Joint
Army Navy, (JAN) type parts where possible. A commercial part is used only when a
military part is not available.
DAMAGE ASSESSMENT TELEMETRY (LINK 2)
The damage assessment telemetry is a six megabit RF link which has its own transmitter
but shares an antenna system with the diagnostic telemetry and the miss distance indicator
telemetry. The damage assessment system incorporates a fiber-optics rectangular grid
system in the skin of the payload section of the target missile. The fiber-optic grid sends
junction signals to an onboard processor. If these junctions are broken the signal of each
junction will be input to the processor and the processed signal transmitted to the ground.
Interceptor impact or fragments will break junctions before the total target is destroyed.
The six megabit rate of transmission allows a few frames of data to be recorded on the
ground before target break up and telemetry loss of signal occurs.

MISS DISTANCE INDICATOR (LINK 3)
The miss distance indicator (MDI) is a single unit which includes a Doppler radar, a
processor and a telemetry system. The telemetry takes the processor data and feeds it to an
FM voltage controlled oscillator which is coupled into an FM/FM RF transmitter. The
system, adopted from the Navy AS/DSQ-37 Non-Cooperative Scoring Set, will track
objects within a 75 foot range. Power requirements are + 28 volts dc at 60 watts maximum
input. The radar transmitter outputs three watts RF peak (minimum) while the telemetry
transmitter outputs five watts RF (minimum). Both RF outputs from the MDI are coupled
to an integral strip line antenna which is in the payload skin.
ANTENNA SYSTEM
Each RF output from the three transmitters is individually filtered in its transmitter and
coupled into a triplexer which is cabled into the antenna system. RF cabling in the
telemetry uses semi rigid cable for uniformity, structural rigidity, and low loss
characteristics. The antenna is a 360 degree strip line antenna tuned for the low telemetry
band of between 2200 mega Hertz and 2300 mega Hertz. The actual telemetry frequency
and bandwidth of the systems are shown in Table 4. The antenna is a conformal system
under the outside skin of the missile with power dividers built in. The antenna system is
designed and built by Ball Aerospace in Colorado and fabricated on the skin by Aerotherm
in California.
Table 4. RF Parameters for Telemetry and Radar Systems
RF System
Diagnostic Telemetry (Link 1)
Damage Assessment Telemetry (Link 2)
Miss Distance Telemetry (Link 3)
Doppler Radar

Center Freq.
(MHz)
2210.5
2250.5
2288.5
1775.0

RF Power
(watts)
5.0 (min.)
5.0 (min.)
5.0 (min.)
3.0 (peak)

Bandwidth
Bit Rate; PRF
1.0 megabit
6.0 megabits
300.0 KHz
498 KHz (PRF)

SUPPORT GROUND STATIONS
At the same time the target missile was being design and fabricated, three telemetry
ground stations were also progressing through design and fabrication. These stations were
not support for flight testing but rather preflight test tools to verify missile flight readiness.
Flight test support for telemetry of the target system was part of the flight test ranges
support function. The three telemetry ground stations were of one basic design but differed
in requirements, components, and packaging. Two of the telemetry ground stations were
built in forty foot trailers to be tractor towed. The third station is a ground based station
which is located adjacent to Coleman’s system test laboratory. This station is known as the
factory ground station (FGS), while the two trailer ground stations are the mobile ground

stations (MGSs). The MGS units are stationed with the target missile prior to flight and are
the telemetry interface for all ground testing. Prior to flight the range ground stations have
a rehearsal to assure their ability to receive and record all telemetry data. On flight day the
range telemetry ground stations are the primary telemetry stations while the MGS has the
ability to record only the early portions of the flight path because of the lack of a tracking
antenna. A mobile ground station and the equipment in the mobile station are shown in
Figure 2.
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Figure 2. Mobile Telemetry Ground Station
All three stations are identical except for the following differences:
(1) The MGSs because of their remote locations and lack of support carry two tape
recorders instead of the single recorder in the FGS.
(2) Each MGS has five strip chart recorders instead of four in the FGS. The FGS uses a
Lockheed Martin System 510 decommutator and an ether net coupler to the main computer
system for greater data reduction capability.
(3) The MGSs use a Lockheed Martin ADS-100 as their decommutator system. The
field system has basically a quick look requirement and has no need for the full data
analysis capability of the factory ground system.

(4) A video system in the MGS allows the field ground station operators to view and
see what is happening on the launch pad. This system is not needed in the FGS since a
window between the ground station and the system test laboratory allows the operator to
see what is happening during missile testing.
(5) The antenna systems between the MGS and FGS are different. The MGS has a
manual tracking antenna while the FGS has a fixed antenna in the system test laboratory.
DATA PRODUCTS
The primary outputs of all three telemetry ground stations are analog strip charts. These
provide paper quick-look analysis data to determine if a problem exists and requires an in
depth look at missile parameters. Digital presentation of data can be provided by all three
stations. The factory ground station has greater computing power than the mobile stations
and its ether net link to the software department computers produces charts, graphs, tables
and statistical analysis from available data. All three stations have tape dubbing capability
and decommutated data can be transferred between stations on the 8mm tape system.
CONCLUSION
The Hera telemetry system is a simple three-link system designed and built for reliability
with a focus on cost, maintainability and longevity. All frequency formats and bit rates
were set in the mid range of the spectrum so there will be no problem in hardware build or
software support. The telemetry system was designed to be the built-in test equipment of
the target missile system as well as the flight test reporting system.

WARFIGHTER'S INTERNET – THE STUDY
Robert J. Reid
Naval Undersea Warfare Center

ABSTRACT
A "Warfighter's Internet" recognizes that next-generation warfare will take place in an
information-rich environment, with highly mobile forces who are dependent on beyond lineof-sight (BLOS) communications. Connectivity is required to provide them information,
surveillance, and reconnaissance (ISR) products, command and control (C2) messages,
logistics support, and fire support. This technology also has direct application to the Test
and Evaluation (T&E) community by providing the geographical extension of the range
boundary via mobile BLOS communications.
INTRODUCTION
Warfare in the 21st century will be fought in an increasingly information-rich environment.
The application of detailed information about the battlefield (location, composition, and
maneuvers of enemy and friendly forces) will greatly increase the effectiveness of U.S.
forces. To change data into information, sensor data and battlefield reports must flow to
analysis centers for processing and then to users in a form they can easily digest and apply.
The increased knowledge provided will allow U.S. decision-making to occur more rapidly
than that of the enemy and our forces can immediately take the advantage in the battlefield.
Through these mechanisms, information becomes a force multiplier that maximizes the
effectiveness of deployed troops. To accomplish all of this, information must be delivered to
the battlefield from anywhere on the globe. Battlefield users require communications
systems to deliver information that reaches all force levels throughout the theater.
Furthermore, the communications system must provide for information transfer from the
forward warfighters and data relay from sensors to commanders and planning centers to
complete the information feedback loop. In short, all combatants and their command and
support elements must be connected in a secure, robust, global grid of communications.
However, the "global grid" available today is less than perfect, particularly in the forward
areas of the tactical theater. Much of the communications infrastructure currently in the field
is heavy, large, and not portable enough to keep up with rapidly maneuvering forces. Its
arrival in a rapidly developing tactical theater is dependent on scarce air and sealift capability.
Shortfalls have occurred in many recent deployments of U.S. forces overseas. In Operation

Desert Storm, the flanking maneuver by U.S. armored forces was accomplished with only
minimal (and vulnerable) communications links because the theater Mobile Subscriber
Equipment (MSE) communications system could not keep up with the armor. In Haiti, U.S.
forces landing in Port-au-Prince had only limited ultra-high frequency (UHF) Satcom
connectivity with forces landing in the north because of intervening terrain, since heavy superhigh frequency (SHF) Satcom equipment did not land until sometime later.
What is needed is a new communications capability that is lightweight, rapidly deployed,
and requires minimal logistic support in the theater. The new capability must be able to
provide communications connectivity to isolated forces that are on the move (true mobility).
The concept relies on airborne nodes within line-of-sight of theater forces, each other, and
command and support centers (some of which are reached through connectivity to the
world-wide Defense Information Simulation Network (DISN)). These airborne nodes,
connected by crosslinks into a Warfighter's Internet, provide continuous, robust connectivity
to forward theater forces for two-way data, voice, and multimedia traffic. They extend the
global networking services utilized pre-deployment into the tactical theater, allowing users
to operate as they are accustomed in the continental U.S. (CONUS). This technology can
also be applied to other noncombatant users, such as the T&E and Training communities.
The operational need as scenarios is discussed below.
OPERATIONAL NEED AND CONCEPT
Contingency operations as envisioned in the 21st century will be quite different from those in
the past. They are likely to be comprised of smaller units, rapidly deployed, and at long
range from their support services. Different deployment tactics may be used, such as small
unit operations (SUO) in which teams of 10 to 20 soldiers are deeply deployed to determine
enemy movements and then call in massive indirect fire rather than engaging the enemy
directly. Special Operations Forces (SOF) operate in a similar manner, although traditionally
they have only their own resources for support, and rely on stealth and surprise for success.
The SUO depends on long-range communications (BLOS) for success. However, heavy
communications infrastructure is inconsistent with their light armament and deployment
methods. Simple line-of-sight radios to reach an airborne communication node, which in turn
is able to relay messages to and from Theater and/or CONUS command and support
services, provide the effective connectivity these forces need. Through this Warfighter's
Internet can flow needed command and control traffic, ISR products, and requests for
medical, logistic, and fire support services. Most of this traffic is (bursty) computer data, but
it also includes continuous-rate voice and video.
Amphibious assault is another scenario that can benefit from an airborne communications
network and is typical of early-entry situations with limited support infrastructure. Future
amphibious assaults will likely be carried out with fleet resources over the horizon from the

beach head or landing zone to protect ships from cruise missiles. Troops arriving from
landing craft and helicopters will not be able to carry heavy communications infrastructure.
The Warfighter's Internet can provide the over-the-horizon connectivity while requiring only
small, lightweight line-of-sight radios.
Even in more conventional force deployments, there will be situations in which some forces
have lost line-of-sight connectivity with the rest of the forces, because of either rapid
maneuvers or geographical factors such as intervening mountains. The airborne network
provides the needed connectivity in this case as well. Figure 1 graphically depicts the
Warfighter's Internet supporting military operations.
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Figure 1. Warfighter's Internet Support of Military Operations
Airborne communications assets can also be seen as an overlay to conventional force
deployments. Airborne nodes extend existing theater communications systems to highly
mobile or separated forces at or beyond the forward line of troops (FLOT). In addition to
servicing these isolated forces, the airborne network can provide alternative connectivity to
substitute for deployed MSE equipment that is unable to make a node connection because of
terrain, enemy action, or equipment failure.
The Warfighter's Internet contributes in several ways to information flow in the battlefield,
and is synergistic with other theater communications systems in the process. The obvious use
is BLOS connectivity for theater-wide networking with global access. This capability would
be utilized by small unit operations for C2, support requests, and for ISR data dissemination
and requests. ISR products will normally be delivered to the theater by the Global Broadcast
Satellite (GBS) /Battlefield Awareness and Data Dissemination (BADD) system to locations
equipped with the standard GBS microwave receive terminal and Warfighter's Associate
processing system. But for forward and lightly equipped troops, the essential ISR products
can arrive through the Warfighter's Internet. This can be in the form of secondary
dissemination of selected BADD information that is multicast through the Warfighter's

Internet, or from special re-broadcast (at a frequency around 1 gigahertz (GHz)) of selected
BADD information from the airborne communication nodes (ACNs) to mobile receivers that
can operate on the move using omnidirectional antennas as shown in Figure 2.
Airborne nodes used for the Warfighter's Internet include, but are not limited to, ACNs on
the Global Hawk high-altitude endurance (HAE) unmanned airborne vehicles (UAVs) flying
at 65,000 feet. These ACNs are particularly effective nodes for theater communications
because of their altitude (coverage) and endurance. In addition to hosting the Warfighter’s
Internet communications equipment, the ACN carries other equipment to service legacy
radios in the tactical theater (e.g., the Single-Channel Ground-to-Air Radio System
(SINCGARS), Line-of-Sight Ultra-High Frequency (LOS UHF), Extended Position Location
Reporting System (EPLRS), and Joint Tactical Information Data System (JTIDS). ACN
equipment also includes the T1 rebroadcast of selected BADD traffic and the ability to relay
wideband data between MSE node centers or between radio access points (RAPs).
Interconnects between the Warfighter’s Internet equipment and other ACN equipment can
take place on board the ACN platform. Both the ACN and the Warfighter’s Internet would
make use of the communications satellite terminal on board the Global Hawk to provide
global reachback connectivity.
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Figure 2. Integrated Information Flow in the Battlefield
NON-COMBAT APPLICATIONS
Non-combat operations should also be considered. T&E and Training would be supported
by technology developed from the Warfighter's Internet concept in support of new testing
requirements. Joint Vision 2010 presents a conceptual approach to increasing the
effectiveness of future U.S. military forces while being constrained by force reductions and
operating in an era of flat military budgets. The basic goals of the U.S. military remain the
same as in the past, namely, deterrence of conflict if at all possible, but, when necessary, a
power projection that will dominate in all aspects of conflict and achieve decisive victory
with minimal U.S. casualties.

T&E activities take place throughout the system acquisition process and continue after
actual system deployment. Developmental test and evaluation (DT&E) is usually performed
on a small scale to collect engineering data on the performance of the System Under Test
(SUT), requiring telemetry that will allow engineering diagnosis of malfunctions.
Operational OT&E can be performed on a larger scale, perhaps on the order of a significant
training exercise, but the data collected are oriented toward evaluating the accuracy or
ability of the SUT to cope with stressing scenarios. Operational tests are usually performed
with military personnel operating the SUT.
TEST AND EVALUATION (T&E)
Both DT&E and OT&E can include virtual forces to enhance the scope of the testing, for
example, by overloading the SUT with virtual targets or electronic countermeasure (ECM)
threats. Continued OT&E after deployment is concerned with T&E of system upgrades,
performance against new threats or scenarios, or new employment concepts. Both DT&E
and OT&E are expected to take place off-range more frequently in the future, requiring
special communication support to couple the virtual entities into the live tests and to collect
and analyze data from remote areas. This is where the Warfighter’s Internet appears to be
most valuable in T&E.
DT&E is involved in the system development process, while OT&E activities can address the
effectiveness of systems, doctrine, and operational procedures. In general, however, a test
involves one or more test ranges, a range control center (RCC), and (possibly) a virtual
battlespace. The virtual battlespace includes remotely located simulation facilities that must be
coupled to the players on the live range. The test range has a number of components: live
entities operating the equipment or carrying out a particular maneuver; the system under test
(SUT); the focus of the test; targets to challenge the SUT; an instrumentation system to locate
and determine state of the entities; a telemetry system for gathering data on the SUT
operation; a communication infrastructure to collect data, monitor entity positions, and control
the test; and a data logging facility to gather and archive data from the test.
T&E SCENARIOS
Currently most T&E activities take place on prepared test ranges with live participants
operating the equipment being evaluated. The area required for DT&E may be quite small,
depending on the SUT requirements. Testing a new weapon with a 1-kilometer (km) range
would require on the order of a few km. However, in medium- and long-range missile tests,
two separate ranges are often involved, and communication and coordination between them
is complex.

OT&E could resemble a large training exercise, with a large number of personnel organized
into Blue (friendly) forces and opposing forces (OPFORS). Tests may involve up to a
battalion-size unit, which, together with a battalion-size OPFORS, would require on the
order of 1000 square km, with a separation between entities of as much as 100 km. Current
test ranges usually provide a communication, control, and instrumentation infrastructure.
New types of tests, perhaps involving joint forces for the first time, may require new or
augmented communication facilities.
Because of the limited choices in environmental conditions at current test ranges, it is often
desirable to conduct certain tests off-range, i.e., at unprepared sites. If a tropical rain-forest
environment is needed for T&E of a new soldier radio, present test ranges may not be capable
of providing adequate realism. Similarly, systems already deployed on operational platforms
are often not able to go to a test range, and a system upgrade might have to be evaluated at an
operational military base or even in the open ocean. In the case of off-range T&E, there is one
set of communication problems at the test site (i.e., intra-range), and one associated with
communication requirements with remote facilities that could be thousands of km away (interrange).
PARTICIPANTS, TYPES, AND NUMBERS
DT&E involving a single, large SUT might require high-rate telemetry from the SUT (on the
order of tens of Mbytes/sec) and perhaps 10 or more remotely controlled targets (each
requiring a control link providing a data rate of hundreds of bits/sec). Personnel counts
might reach up to 100 people, all of whom should be monitored (position and state or
condition) while on the live range. The SUT may be faced with a number of live targets,
remotely controlled targets, and virtual targets (simulated entities remotely located, including
human-in-the-loop simulators).
At the other extreme, OT&E might involve a battalion-vs-battalion simulated battle,
including several tens of tanks, Bradleys, rotary-wing aircraft, and possibly even fixed-wing
aircraft. The typical army battalion has 600 to 800 members. Two battalions plus perhaps
100 observer/controllers (O/Cs) on the range to monitor and control the activities, plus other
supporting units, could result in nearly 2,000 live entities on the range during such a test.
SUT telemetry would still be desired, although lower data rates would suffice, since OT&E
requires data sufficient to determine exactly what the SUT did, i.e., how well it performed,
but not for diagnosing engineering design problems.

COMMUNICATIONS SERVICES REQUIRED
On a single test range for a simple test on a SUT, the basic types of intra-range message
flows can be summarized as follows:
1. Data reporting (position and status) of live entities on the range to the RCC,
2. Control messages to the O/Cs, range safety, remotely controlled devices and platforms,
and perhaps to the live players (e.g., "stand by / test on hold" or "break it off"), and
3. SUT telemetry and other special instrumentation sensor data reporting to the RCC.
In the basic case of a single range and a single RCC, all of these message types can be
handled most conveniently with a star network topology. This is feasible, for example, if
LOS links can be achieved between all players on the range and the antenna tower(s) at the
RCC. If LOS cannot be achieved (because of the length of some links or some terrain
blockage), then communication relays are necessary, and the topology becomes more
complex, as do net management and control.
Data reporting to the RCC could, in general, be satisfied with a connectionless messaging
service. Depending on data rates and loading, the latency associated with a wireless network
with transmission lengths no longer than 100 km should be on the order of milliseconds,
which is more than adequate for this function.
Data reporting by a live player on the range involves sending geolocation and time of
measurement (ranging from 64 to 256 bits), and status (8 to 16 bits) in a message to the
RCC. The update rate depends on the speed and acceleration of the entity. For example, a
tank would probably require no more than one update per second. The more dynamic
entities, such as fixed-wing aircraft and missiles, would require up to perhaps 10 to 30
updates per second, while the dismounted players might require only one or two updates per
minute. A very rough upper boundary on the position and status reporting message length to
the RCC can be taken as 256 bits before error correcting coding. A rate one-half error
control coding (ECC) is assumed, so that the total coded message length for this service
would be approximately 500 bits in round numbers.
A large-scale test involving two battalions and 100 O/Cs would require an aggregate
communication capacity of approximately 35 to 50 kilobytes per second (Kb/s) for the
coded data (i.e., including the rate of one-half ECC redundancy). A total of 25 aircraft with
update rates of 10 per second would add another 125 Kb/s. The total capacity required for
entity reporting to the RCC may be upper bounded by 175 Kb/s.
Another form of monitoring the live range involves the transmission of imagery or video
from a number of the O/Cs or fixed camera sites to the RCC. Assuming a 1000 x 1000 pixel

(still) image, 24-bit color, and 10:1 compression, a single image would require the
transmission of 2.4 megabytes (Mbytes). A high-speed data service operating at a rate of
120 Kb/s could transmit a single compressed image in 20 seconds (the suggestion of 120
Kb/s is motivated by wireless link considerations). This could provide a maximum of three
independent images per minute to the RCC, which is minimal. A large-scale exercise might
require 5 to 10 times this image transmission rate. Video would be even more demanding
than compressed still images, especially if full-motion TV-resolution video were required.
This falls into the SUT telemetry category.
Control messages from the RCC to entities on the range would use both data messages and
voice (discussions between the RCC and O/Cs on the range). These messages would be sent
almost exclusively to the O/Cs and very rarely to a subset of the players. Compared to the
capacity required for entity reporting, the capacity of these control messages is dominated
by the number of voice channels simultaneously in use during a test. Assuming that 20% of
the O/Cs use voice during a test, and 4.8 Kb/s digitized voice (full duplex), this amounts to a
total of 200 Kb/s. Latency requirements are also governed by the voice channel
requirements of 100 to 150 msec for acceptable two-way conversations.
Telemetry from the SUT can vary widely, depending on the type of test and the type of
SUT. In DT&E, the telemetry would be more demanding than the other services simply
because the scale of the test is likely to be smaller and the telemetry is more critical. In
OT&E, a large-scale test would involve a large number of players on the range, but less
telemetry from the SUT. If we assume that SUT telemetry for DT&E requires 100 times the
message length as entity report messages and 100 updates/sec, this implies a telemetry link
with a capacity of 5 Mb/s. The telemetry can clearly dominate the communication
requirements for T&E. However, the requirement is for connectivity only between the SUT
and the RCC. A point-to-point telemetry link would suffice. If a more complex SUT requires
significantly higher data rate than the 5-Mb/s estimate, then a separate point-to-point link
may well be the cost-effective solution.
In summary, the communication services that would suffice for the T&E problem are lowrate data messaging for monitoring functions, digital voice, and compressed imagery. A
high-rate data stream is also required for SUT telemetry and video. A rough estimate of the
total communication capacity needed to support T&E activities at a single test range with a
single RCC is on the order of 0.5 Mb/s for entity reporting, voice, and limited imagery, plus
SUT telemetry which could range from 5 to 10 Mb/s. Connectivity (for the single range and
its RCC) can be satisfied by a star network topology with the RCC at the hub or center.
That is, there is no strong requirement for independent entity-to-entity communication on the
test range. The exception, of course, is the case where an entity may have to be used as a
relay between another entity and the RCC.

MULTIPLE RANGE TESTS
In addition to the communications needs of a single test range with its RCC, more than one
test range may be involved in certain tests, such as for a medium-range missile, where the
launch takes place at one range and the target is located in another. Another example might
be the coordination of two tactical units beyond LOS of each other, in which it may be
advantageous to have the units on two different ranges.
The second potential of Warfighter’s Internet application in T&E is providing the
connectivity between ranges in a multiple range test that would also include a virtual
battlespace as one of the nodes. Each node needs to transmit a data stream (that can be as
much as 5 to 10 Mb/s) to each of the other nodes participating in the test. A network that
could be rapidly deployed anywhere in the world providing coverage over 50 x 50 km areas
with a single net entry point would not only be valuable, but could also be critical to future
joint-service T&E operations that are likely to involve activities at unprepared sites.
CONCLUSION
The Warfighter's Internet Study conceptualizes an architecture network based on the
requirements described in this paper. Detailed network protocol analysis and engineering
has been conducted to support the requirements set forth. The hope is that the Defense
Advanced Research Project Agency (DARPA) and other military communities will fund
some of this technical development in the area of mobile wireless networking because it is
required to support warfighting in the 21st century.
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ABSTRACT
The U.S. Air Force has developed GPS-based instrumentation systems to support both test
and training activities. In support of recent large-scale exercises, interfaces were
developed to employ existing test and training assets in a synthetic battlefield. The writers
propose exploration of similar approaches to overcome the challenge of developing a
common approach to test and training instrumentation.
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INTRODUCTION
The U.S. Air Force develops and procures instrumentation systems for airborne testing and
for air combat training. These two procurement activities have traditionally been
segmented efforts, both conducted at Eglin Air Force Base, FL. Acquisition of test
instrumentation was managed by the Range Applications Joint Program Office (RAJPO),
while acquisition of training instrumentation was managed by the Air Combat Training
System (ACTS) Program Office. This division of responsibilities was historically based
upon differences in requirements and instrumentation technology.
Test and evaluation (T&E) instrumentation users required very high accuracy time space
position information (TSPI), for a few aircraft, in a highly controlled environment, with
robust engineering analysis capability. Historically, these TSPI requirements were met by
using noncooperative instrumentation such as laser trackers, cine-theodolites, and radars.
Unfortunately, these noncooperative sensors did not provide attitude and orientation data,
they had constrained geographic coverage, and limited the number of simultaneous

participants. Further, the large number of sensors required by these traditional systems
invariably led to instrumentation and timing errors, as well as staggering infrastructure
costs. During the 1980s, the search for more suitable T&E instrumentation eventually
drove the use of costly GPS-based tracking systems, with computationally complex
analytical software.
In contrast, training instrumentation users required much lower accuracy TSPI, but for
much greater numbers of aircraft, in a relatively uncontrolled environment. Additional
training requirements included real-time control, interaction with weapon simulations, and
highly graphical post-mission debriefing. The TSPI requirements were easily met by
multilateration tracking systems, but required more visually attractive, user-friendly
software.
In recent years, technological advances have blurred the lines between test and training
instrumentation. GPS technology has become so cost effective that training system users
can now afford to procure it in the large numbers required. Also, sophisticated computer
visualization systems have become less expensive, and therefore test instrumentation users
have come to rely upon more complex graphical presentations. Further, many aircraft
weapons bus interface modules, previously only of use to the training community, are
finding use in T&E data collection and analysis.
These increasing similarities, combined with increasing pressure on military acquisition
budgets, has raised interest in developing compatible test and training instrumentation
systems. Several tri-service, flag-level organizations have endorsed the development of
standards to ensure as much commonality as possible between test and training
instrumentation systems. In response to these developments the RAJPO and the ACTS
Program Office were combined into a single “Range Instrumentation Systems Program
Office” (RISPO). To date, this effort has not yielded any substantive plan to integrate test
and training instrumentation. However, both test and training instrumentation systems have
recently played important roles in DoD exercises creating a synthetic battlefield. Applying
the lessons learned from these exercises, this paper illustrates a systems approach for
integrating test and training instrumentation.
TEST RANGE INSTRUMENTATION
The RAJPO High Dynamic Instrumentation System (HDIS) depicted in Figure 1, provides
support to high activity airborne testing. The Range Pod Subsystem (RPSS) is the system’s
airborne component. It is based upon a multi-channel, P(Y)-code, dual-frequency GPS
receiver that was designed and optimized for test instrumentation. A 17-state Kalman filter
tightly couples the GPS receiver with a strapdown inertial navigation system (INS). This
combination improves high-dynamic (up to 9 g) performance, maintains a precise TSPI

solution during satellite blockage, and accelerates
reacquisition if aircraft maneuvers interrupt the GPS tracking.
Satellite tracking during aircraft maneuvers is further
enhanced through the use of dual (top/bottom high-speed
multiplex) antennas to maintain satellite signal tracking
during banked turns, while minimizing platform or groundinduced multipath errors.

Range Pod
Subsystem
(RPSS)

Master/Remote
Ground Stations
(M/RGS)

Data Link
Ground Station
(DLGS)

The RPSS can be configured in a plate-mounted set for
carriage inside an aircraft, or mounted in an AIM-9 style pod
Host Range
for external aircraft carriage. The pod-mounted set is
Computer System
designed to be easily installed on any tactical aircraft without
Figure 1: HDIS
requiring any software or hardware modifications. The RPSS
Architecture
provides a standard interface with the host aircraft 1553B weapons data bus to
accommodate collection and formatting of platform activity and performance data. All
TSPI and platform data may be recorded via an on-board PCMCIA flash memory card
recorder.
At each participating test range, the Data Link Ground Station (DLGS) can communicate
with as many as 250 airborne RPSSs through a high-capacity (up to 10 Hz) data link with
a range of up to 150 nautical miles.
RPSS
This range can be extended, either
through the use of Master/Remote
Ground Stations (M/RGS), or
through the RPSS’s inherent airborne
relay capability. Using GPS
pseudorange corrections, this system
MRGS
is capable of real-time position
accuracies exceeding 4 ft horizontal
and 6 ft vertical. The system is also
capable of velocity accuracies
HRCS
DLGS
exceeding 0.7 ft/sec horizontal and
Figure 2: RAJPO Test Range High Dynamic vertical, as well as attitude
Instrumentation
accuracies of 0.3 degree pitch/yaw
and 0.5 degree roll. There are currently ten tri-service T&E ranges across the continental
U.S. using the HDIS system, with over 300 RPSS in use or in production.

TRAINING RANGE INSTRUMENTATION
A variety of air combat training range
instrumentation systems are in use by U.S.
military forces, including the Tactical
Aircrew Combat Training System
(TACTS) developed by the US Navy, the
Air Combat Training System (ACMI) and
the Measurement and Debriefing System
(MDS) in use at many Air Force Bases. All
of these system fall into the category of Air
Combat Training Systems (ACTS), and all
have a standard architecture that is similar
to that of test instrumentation systems (see
figure 3).

Airborne Instrumentation
Subsystem
(AIS)

Tracking Instrumentation
Subsystem
(TIS)

Host Range
Threat Simulators

Computation & Control
Subsystem
(CCS)

Advanced Display &
Debriefing Subsystem
(ADDS)

Figure 3: ACTS Architecture

The airborne component of these systems is the Airborne Instrumentation Subsystem
(AIS). It is mounted in an AIM-9 style pod almost identical to those used for the RPSS.
Older versions of the AIS are quite
different from the RPSS, relying
AIS
upon a multilateration transceiver
that performs the communications
function, as well as providing the
ranging measurements to ground
based Tracking Instrumentation
ADDS
Subsystems (TISs) located at
TIS
surveyed locations. This transceiver
operates in conjunction with an INS
CCS
TIS Master
and an Air Data Computer. The data
from these sensors is transmitted via
Figure 4: ACTS Multilateration
the TISs to the ground-based
Instrumentation
Computation & Control Subsystem (CCS) where the TSPI solution is computed. This
TSPI solution requires ranging measurements from a minimum of four TISs (see figure 4).
The size of the range and the area of coverage are dictated by the location of the TISs, and
the ability to communicate with TISs having adequate geometric separation for a
multilateration solution. Although these older pods provide a robust interface with the
host-aircraft weapon bus, no on-board recording was possible. The newer versions of the
AIS are similar to the RPSS, with a GPS/INS TSPI source, and on-board recording
capability.

The data link used by older versions of this system supported air-to-air combat training in
a four-on-four scenario at medium-to-high altitudes. In response to changing technology
and evolving missions and tactics, the ACTS data link was upgraded to provide support for
up to 36 simultaneous high activity aircraft (HAA). Other upgrades have integrated
advanced display and debriefing subsystems (ADDS), more powerful CCSs, and ground
threat systems. The most recent system development has been a move toward use of GPS
as the primary TSPI sensor. This enhancement provides accurate tracking during low-level
flight, unconstrained geographic coverage, and precise TSPI to support no-drop bomb
scoring, missile flyout simulations, and steering of computerized threat simulators.
Further changes in missions and tactics have recently led to additional system capability
updates. The most recent advances in ACTS have been the Nellis ACTS (NACTS), and
the Kadena Interim Training System (KITS). NACTS will support up to 100 HAA,
consisting of a combination of traditional multilateration-based AIS and newer GPS-based
AIS. KITS, also a GPS-based system, uses a unique air-to-air data link and on-board
recorder to provide ACTS-like capability without the any ground-infrastructure or realtime communication with a control element. There are currently over a dozen ACTS
ranges around the world, with more than 1000 AIS in use.
INTEGRATION OF TEST AND TRAINING RANGE INSTRUMENTATION
Clearly, the architectures of test and training range airborne instrumentation are very
similar. Both now rely upon integrated GPS/INS units for TSPI, and integrate host-aircraft
weapons bus data with TSPI in the message downlink. Both may use on-board recording
systems to support post-mission debriefing. Further, both systems meet similar
requirements for physical and electromagnetic environment, flight envelope, and aircraft
interface, and are compatible with AIM-9 captive carriage mounts, AIM-9/AIM-120
connectors, MIL-STD 1553 Data Bus, and MIL-STD-1760 hardware and software.
There have been several different studies performed to determine the feasability of
integrating test and training range instrumentation. Each study has similarly concluded that
the data link incompatibility is the primary obstacle to integration. Table 1 summarizes the
operating characteristics of test and training data links presently in use. The RAJPO DLS
operates in the 1350-1400 MHz and 1429-1435 MHz ranges. By comparison, the ACTS
data link operates in the 1778-1840 MHz range. Beyond the differences in transmission
frequencies, the data link architecture, modulations, data rates, transmission range and
power are also substantially different.

Characteristic
Frequency

Power
Range
Ground Stations
Data Slot/Second
Capacity
Update Rate
Message
Processor
Reliability

Multilateration ACTS
1778-1840 MHz
Full Duplex FSK and Phase
Modulated RF Communication
& Ranging Signals
12 W
60 nmi air-to-ground
phase-locked loop
Surveyed Multilateration
Towers
40
198.4 kbps uplink and downlink
36 HAA @ 2.5 Hz
76 16-bit words
Analog
97% with > 1 TIS within 40
nmi
95% with 1 TIS within 40 nmi

NACTS
1778-1840 MHz
Software Switchable to ACTS
Full Duplex and FSK Ranging
Signal Compatible
12 W
60 nmi air-to-ground
Surveyed Multilateration
Towers with GPS Overlay
100
198.4 kbps uplink and downlink
100 HAA @ 2.5 Hz
125 16-bit words
Digital 80186
97%

RAJPO
1350-1400 & 1429-1435 MHz
8 to 10 separate/simultaneous
communication nets may
operate within line-of-sight
65 W
100 nmi extended by up to 5
air-to-air /air-to-ground relays
Unsurveyed GPS Range
Transceivers
330
243 kbps uplink and downlink
25 HAA @ 10 Hz
250 LAA @ 1 Hz
43 16-bit words
Digital 80186
99% with 2 or more M/RGS
90% with only 1 M/RGS

Table 1: Datalink Comparison
Analyses have indicated that it is feasible to develop a multi-mode data link. However, the
estimated cost of developing such a system is as prohibitive as the cost of completely
replacing one or the other data links. Clearly, integrating test and training instrumentation
systems in the RF spectrum does not appear practical. Admittedly, failure to achieve RF
compatibility mandates fielding redundant Ground Communications Infrastructure, but at
many locations (i.e., Nellis AFB and Hill AFB) this redundant infrastructure already exists.
The basic weakness of previous studies was the lack of a systematic approach for
obtaining a common test and training architecture. A more promising method would be to
view all test and training ranges as a single, complex system with four basic components:
- Airborne Instrumentation
- Computation and Control

- Ground Communication Infrastructure
- Display

These subsystems are common to both test and training. Interfacing at this level offers the
potential for integrating across test and training instrumentation by establishing, tracking
and controlling external interfaces. This affords subsystem developers maximum flexibility
to incorporate new technological advances without impacting other subsystems. Funding
can be applied to component phases as it becomes available, even though enough funding
may not be available to upgrade the entire “system”.
Standardizing on GPS as the primary TSPI source has been a significant step toward test
and training range interoperability. However, to truly implement a systems approach

toward integration of test and training, an standard subsystem data interchange format
must be selected. This standard must address the need to pass data on many individual
participants in a timely, and bandwidth-efficient manner. Further, this standard must be
based upon an open architecture which can grow and adapt to evolving user requirements.
Although the test and training range communities have made very little progress toward
development of such a standard, the Modeling & Simulation (M&S) community has made
significant progress in this direction with the development of the Distributed Interactive
Simulation (DIS) and High Level Architecture (HLA) standards. These standards have
been successfully adapted for use with range instrumentation, and could be the basis for
future integration between test and training instrumentation.
INTEGRATION THROUGH SIMULATION PROTOCOLS AND
ARCHITECTURES
In 1995, the RAJPO launched a project to
integrate live, instrumented aircraft in realtime with virtual and constructive simulations.
This involved the addition of two components
to the standard system architecture (see figure
5). The first component was an interface unit
designated as the Live Entity Broker (LEB).
This unit accepts raw TSPI data from the
RAJPO DLGS, performs detection and filling
of data dropouts, converts the TSPI to DIS
Protocol Data Units, and applies standard DIS
dead-reckoning algorithms. The second
component was a computer display that
permitted simultaneous visualization of live
and simulated participants in a single synthetic
environment. This tool was designated as the
Live Entity VisualizeR (LEVR).
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Figure 5: DIS-Compatible Test
Instrumentation Architecture

This project successfully integrated test range instrumentation with a variety of virtual and
constructive simulators. However, an additional benefit of this project was the realization
that the unique data collected by the test range instrumentation could be converted to an
interservice, international, IEEE-balloted standard widely accepted by commercial
industry. This conversion was accomplished in an economical, timely, and transparent
fashion.

Using DIS to communicate between the
computation and control component of this
system (the DLGS) and the display component
of this system (the LEVR) brought about the
Tracking Instrumentation
Subsystem
realization that this protocol could be used to
(TIS)
communicate between computation and control
Computation & Control
component of this system, and the display
Subsystem
component of the training instrumentation
(CCS)
system (the ADDS) or vice-versa. In figure 6, a
Live Entity
Advanced Display &
modification to the standard training
Broker
Debriefing Subsystem
(LEB)
(ADDS)
instrumentation system architecture is
proposed. This new architecture uses the DIS
ETHERNET - DIS
protocols in a similar fashion to their
Figure 6 DIS-Compatible Training implementation by the RAJPO in the test
system architecture. This modification adopts a
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standard interface that could permit the
exchange of data between test and training instrumentation systems. Most of the necessary
components for this data exchange are already in place. The test community uses the
RAJPO system, with it’s basic DIS interface. The training community has not yet
standardized on a DIS-compliant interface, but has made several steps in the right
direction, including the DIS-compliant Advance Display and Debriefing System (HDDS)
developed for the Project HyDy, and the DIS-Integrator developed to support the All
Service Combat Identification Evaluation Team. Completing these initial developments
could yield a fully integrated system, allowing the optimal mixture of test and training
assets to support any given exercise (see figure 7).
Airborne Instrumentation
Subsystem
(AIS)

CONCLUSION
GPS increasingly provides a common TSPI source to both the test and training
communities. Most of the test ranges currently use GPS as their primary TSPI source. As
the remaining test ranges become more familiar with the GPS-based assets they are
receiving, GPS-based TSPI will be the basis for all developmental and operational testing.
The training range community is changing to GPS-based TSPI. The problems in the
training community are somewhat different from the test community, as a result of the
massive infrastructure that is in place, the dissimilarity between many of these training
systems. On a selected basis, some of the training ranges are making the switch over to
GPS. Some ranges are requiring that they be able to accommodate the older
multilateration-based TSPI as well as GPS. They are solving the problems of
incompatibility by carefully scheduling missions and pod assignments.

Airborne Instrumentation
Subsystem
(AIS)

Range Pod
Subsystem
(RPSS)

Master/Remote
Ground Stations
(M/RGS)

Tracking Instrumentation
Subsystem
(TIS)

Data Link
Ground Station
(DLGS)

Computation & Control
Subsystem
(CCS)

Live Entity
Broker
(LEB)

Live Entity
VizualizeR
(LEVR)

Advanced Display &
Debriefing Subsystem
(ADDS)

Live Entity
Broker
(LEB)

ETHERNET - DIS
Host Range
Computer System

Virtual/Constructive
Simulations

Host Range
Threat Simulators

Figure 7: Integrated Test and Training Instrumentation Architecture
When one considers the incompatibility between training ranges, the idea of an integrated
test and training capability seems overwhelming. This has been the case as we try to solve
the problems of integration by
RPSS
RPSS
recommending a common data link
architecture, or multi-mode
AIS
transceiver. This paper recommends
that we look at the two systems as
TIS
four distinct subsystems, and solve
the problem as a subsystem interface
ADDS
M/RGS
problem.
DLGS

By pursuing a solution on how the
DIS++ / HLA
RAJPO GPS test system assets can
operate in a DIS-supported synthetic
Figure 8: Integrated Test and Training
battlefield, we were required to
Instrumentation Architecture
develop interfaces at the subsystem
level in order to transfer the real-time data into the synthetic battlefield. When asked to
bring the ACTS assets into this battlefield, the disciplines described above permitted us to
develop subsystem interfaces to we the test and training system assets into the virtual
battlefield.
CCS

These experiences should be the basis of future planning for integrated test and training
systems. Commonality in hardware will follow once the benefits of a common system are
in place.
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ABSTRACT
This paper describes a design project which combines the simulation capabilities of the
Communications Tool Box in SIMULINK with the IRIG-106 standard. The design
project is part of a senior level digital communications course offered in the Department of
Electrical & Computer Engineering at Brigham Young University and functions as an
introduction to the Telemetering Program at BYU which is funded by the International
Foundation for Telemetering.
INTRODUCTION
The senior level digital communications course offered in the Department of Electrical &
Computer Engineering at Brigham Young University covers some practical aspects of
digital communications systems including modulation, pulse shaping, matched filters,
symbol decisions, carrier phase recovery, symbol timing recovery, and frame
synchronization. An important part of the course is a series of design exercises which
require students to construct a receiving system, test and debug the subsystems, and
analyze the performance of their design using the Communications Tool Box in
SIMULINK. The PCM/FM standard outlined in the Inter-Range Instrumentation Group
(IRIG) 106 standard provides an ideal platform for introducing some of these key
communications systems concepts of to senior electrical engineering students.
This paper describes a design exercise and illustrates the utility of the IRIG-106 standard.
DESIGN EXERCISE
The design exercise requires students to construct (in SIMULINK) a demodulator to
recover data which has been formatted using IRIG-106 and modulated using PCM/FM.
The system requirements for the simulation exercise are summarized in Table 1. The
modulated signal is supplied to the students and is stored in the file irig.mat. This exercise
requires the students to design a demodulator, bit synchronizer, de-scrambler, and framing

module to recover the data. The details of the design methodology are described in the
following sections.
Table 1: Design Requirements
Sample rate
Bit rate
Carrier frequency
Modulation
Frequency shift
Pulse shape
Number of sources
Multiplexing format
Framing
Input file
Input file length

100 samples/sec
1 bit/sec
25 Hz (this is the “apparent carrier” frequency)
PCM/FM (binary FSK)
1 Hz
low pass filtered NRZ-L
2
TDM
IRIG-106
irig.mat
49056 sec.

Source
The data consists of two secret messages, represented in ASCII form, multiplexed together
using three subframes per minor frame as illustrated in Figure 1. As illustrated, each minor
frame consists of a synchronization field, a frame counter field, and two data fields which
contain the ASCII code of a character in the source message.
11 bits

7 bits

7 bits

7 bits

101 101 110 00

minor frame
counter

source 1
word

source 2
word

Figure 1: Minor Frame Structure
The source is assembled in software, randomized, and stored in the MATLAB
workspace. These data are then modulated using the SIMULINK block diagram
illustrated in Figure 2. The Sampled Read from wksp block outputs each bit of the
composite source (which has a value either zero or one). The Look-Up Table block
simply maps zero to -1 and one to +1 to create a bipolar signal suitable for frequency
modulation using the voltage controlled oscillator (VCO) of the Discrete-time VCO
block. The premodulation filter is a length 100 FIR low-pass filter with a cut-off frequency
of 0.7 Hz which is represented by the Classical FIR LP Filter block. The effect of this
filter on the power spectrum of the modulator output is easily observed using the powerful
plotting capabilities of MATLAB. The output of the modulator is stored in the file

irig.mat using the To File block. The contents of this file serve as the source for the
demodulator design.

Figure 2: PCM/FM Modulation System
Demodulator
The entire demodulator is illustrated in Figure 3 and consists of four major components:
the source, the FM Demodulator, the Bit Synchronizer, and the Data Destination
subsystems. The source for the demodulator is the file irig.mat which is input to the
system using the From File block.
The FM demodulator is implemented using the delay-line technique which approximates
the derivative of the phase of the input signal. The K-step delay is chosen to so that
ω0Κ = π/2. The low pass filter is a 3rd order Butterworth filter with cut-off frequency 10
Hz.
Symbol Timing Recovery (Bit Synchronizer)
The bit synchronizer is composed of four main parts, the integrator, the symbol timing
recovery subsystem, the sample-and-hold system, and the bit decision. The integrator is
realized using the Discrete Integrator w/edge triggered reset block which sums the
input samples until reset by a rising edge on the clock input. The integrator output is
sampled (using the edge triggered zero order hold block) and a decision is made on the
bit value using the Fcn block which tests the input to determine if it is greater than zero.
The Discrete Integrator w/edge triggered and edge triggered zero order hold blocks
are edge-triggered devices which perform their functions when the rising edge of the clock
input is detected. This clock is generated from the integrator output by the Timing
Recovery Subsystem block which is expanded in Figure 4. This system is designed
following the standard procedure of processing the matched filter output with a nonlinearity to produce a harmonic at the bit frequency which is then isolated by a filter to
produce a clock at the bit rate which is in phase with the bit transitions [2]. The nonlinearity is produced by multiplying the integrator output by a delayed version of itself. The
delay which produces the strongest Fourier component at the bit time is half the bit time

[3]. The product is filtered using a phase lock loop which uses the Product 3 block and
Butterworth IIR LP Filter block as a phase detector and the Discrete-time Quadrature
VCO block as the oscillator (this block outputs two sinusoids in quadrature). The VCO
output (a sinusoid) is then hard-limited by the Sign block to produce a square wave, with
well defined edges, which functions as the clock for the Discrete Integrator w/edge
triggered reset and edge triggered zero order hold blocks.
Data Destination
The data are written to the MATLAB workspace where the de-randomizer is
implemented using a software function written in a MATLAB script. Word
synchronization and extraction is performed using a MATLAB script also. Students are
then able to reconstruct the messages and submit the result via email.
CONCLUSION
The design project described in this paper serves two purposes:
1. Introduction to the principles of digital modulation, pulse shaping, symbol timing
recovery, and frame synchronization. This is an extremely useful tool which provides
students concrete examples which reinforce the theoretical aspects of these principles.
In this way, the IRIG standard supports the educational goals of the senior level course.
2. Introduction to the IRIG-106 standard and the field of telemetering. This is an
important component in support of the Telemetering Program at BYU which is funded
by grants from the International Foundation for Telemetering.
The PCM/FM standard is well suited to reinforcing basic principles of digital
communication systems design. The IRIG-106 is easy to implement and understand – thus
students are not distracted from the principles by details which are not directly relevant to
those principles. In addition, this project is representative of an actual system (rather than a
contrived example for the class). The SIMULINK design and simulation environment is
also easy to use. It provides students with an easy to use method for demonstrating the
functionality of the basic components in a communications system which reinforce the
principles discussed in the classroom.
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ABSTRACT
Telemetry format descriptions and engineering unit conversion calibrations are generated
in an assortment of formats and numbering systems on various media. Usually this
information comes to the central telemetry receiving/processing system from multiple
sources, fragmented and disjointed. As present day flight tests require more and more
telemetry parameters to be instrumented and processed, standardization and automation for
handling this ever increasing amount of information becomes more and more critical. In
response to this need, the Telemetry Definition and Processing (TDAP) system has been
developed by the Air Force Development Test Center (AFDTC) Eglin AFB, Florida.
TDAP standardizes the format of information required to convert PCM data and MILSTD-1553 Bus data into engineering units. This includes both the format of the data files
and the software necessary to display, output, and extract subsets of data. These
standardized files are electronically available for TDAP users to review/update and are
then used to automatically set up telemetry acquisition systems. This paper describes how
TDAP is used to standardize the development and operational test community’s telemetry
data reduction process, both real-time and post-test.
KEY WORDS
Telemetry data conversion, Data Acquisition Stream (DAS), TDAP, Master Format File
(MFF)

INTRODUCTION
The Telemetry Definition and Processing (TDAP) system is a concept to standardize the
format of information required to convert raw telemetry data into engineering units. This
includes both the format of the data files and the software necessary to create, edit, and
extract sub-sets of data. This concept also includes procedures that will reduce the
response time needed to support new projects requiring Pulse Code Modulation (PCM)
and MIL-STD-1553 Bus data processing, enhance quality control, reduce data turnaround
time and eliminate duplication of effort through the centralization of responsibility.
The TDAP software is structured for two groups of users referred to as “user” and “team.”
The “user” group has display and output privileges, whereas the “team” has full privileges
to create and edit files as well as display and output privileges. The “team” are those
personnel who have been assigned the task of implementing and maintaining TDAP files
and software. All data files are character-based ASCII files.
TDAP FILE STRUCTURE
The TDAP files consist of two general types, “standard” files and “auxiliary” files. The
standard files are those for a particular Data Acquisition Stream (DAS) load and contain
the PCM word locations with all the super-com occurrences. The standard TDAP files also
include DAS loads for “Total Bus Monitor,” which are MIL-STD-1553 bus messages that
do not contain PCM word number or super-com information (i.e., parameter names with
supercom suffix, number of occurrences, or the delta interval).
The auxiliary files contain supplemental data such as non-linear calibrations, conditional
word processing information, general comments, etc. The auxiliary files do not have the
same format as the “standard” files but rather use a “free-form” text format. The auxiliary
file data will follow the Telemetry Attributes Transfer Standards (TMATS) guidelines as
to format [1].
STANDARD FILE CONTENT DEFINITION
The standard TDAP file is composed of the fields, or attributes, necessary to convert the
raw telemetry parameters within a PCM or MIL-STD-1553 stream into engineering units
(EUs). The file contains those attributes that are common to all users (i.e., parameter
name, units, bits used, scaling, word type, and parameter description). Additional attributes
are included for use that are dependent on the DAS system (i.e., PCM word number, subsystem, message ID, word number in message, minor frame number, word number in
minor frame, and non-linear conversion flag). All attributes will not be applicable for a
particular parameter; for instance, PCM word would not be applicable for Total Bus

Monitor data, neither would Message ID and Word Number in Message be applicable to
non-Bus data. The attributes and format of the TDAP file are listed in Table 1 and are
described in [2].

Word
1
2
3
4
5
6
7
8
9
10
11
12
13
14
15
16
17
18
19
20
21
22
23
24
25
26
27
28
29
30
31
32

Description
Parameter Name
Units
PCM Word Number
MSB
LSB
LSB Weight (Gain)
Offset
Word Type
Print Format
Sub-System
Parameter Description
Data Classification Code
Lower Limit
Upper Limit
Minor Frame Number
Minor Frame Word Number
Command/Select Word
Word Number in Message
Non-Linear Conversion Flag
Calibration Date (DDMMYY)
Bus ID
Calibration Classification
Update Rate
Multiple Word Code (MWC)
Parameter 1
Parameter 2
Parameter 3
Parameter 4
Number of Occurrences (Super-Com)
Delta Interval (Super-Com)
Command Word 2
Spare

Format
String
String
Integer
Integer
Integer
Double
Double
Integer
String
String
String
String
Double
Double
Integer
Integer
String
Integer
Integer
Date
String
String
String
Integer
String
String
String
String
Integer
Integer
String
String

Character
1-10
11-18
19-22
23-24
25-26
27-41
42-56
57-58
59-66
67-74
75-114
115
116-123
124-131
132-134
135-138
139-142
143-144
145
146-151
152-153
154
155-158
159-160
161-170
171-180
181-190
191-200
201-203
204-207
208-211
212-225

Table 1 - TDAP File Structure
There is no standard convention used for deciding on the bit break-out for discrete words
or words containing multiple parameters—it is greatly dependent on the project
requirements. There are, however, some general guidelines. Past experience indicates
certain break-outs, discrete words, and multiple parameter words are converted into
hexadecimal or octal using all bits. It is usually preferable to do discrete break-outs in
follow-on software or when using a subset of the total data.
Each word of a double-precision parameter is included in the file. The most significant and
least significant part is indicated in the parameter description field. For floating point

parameters, each part (mantissa and exponent) may be broken-out as a separate parameter.
If the floating point word is in IEEE, DEC, IBM, or 1750A format, then each word (MSP
and LSP) may be coded as such, if desired. The multiple word code (MWC) and
parameter names 1 - 4 may be used in converting these data to engineering units if
desirable (see Table 2).
Word

NLC

Multi-Word
Code

*

8

11

*

8

21

P1

P2

P1 + P2

*

8

22

P1

P2

P1 * 2**P2

Binary

8

23

P1

P2

Process as IEEE 32-bit Floating Point

Binary

8

24

P1

P2

Process as 1750A 32-bit Floating Point

Binary

8

25

P1

P2

Process as DEC 32-bit Floating Point

Binary

8

26

P1

P2

Process as IBM 32-bit Floating Point

*

8

31

P1

P2

P3

P1 + P2 + P3

*

8

32

P1

P2

P3

(P1 + P2) * 2**P3

Type

Par 1 Par 2 Par 3 Par 4

Remarks
Special Processing code for 16-bit 1553
data split across two 10 or 12-bit PCM
words.

8

33

P1

P2

P3

Not Defined

Binary

8

34

P1

P2

P3

Process as 1750A 48-bit Floating Point

*

8

41

P1

P2

P3

P4

P1 + P2 + P3 + P4

*

8

42

P1

P2

P3

P4

(P1 + P2 + P3) * 2**P4

8

43

P1

P2

P3

P4

Not Defined

8

44

P1

P2

P3

P4

Not Defined

NOTE: * Word Type Binary or Word Type 2's Complement
Table 2 - Multiple Word Conversion Codes
Multiple format words are normally defined in the file for all formats; however, if the
number of formats is greater than two or the word contains message data requiring table
look-up, then the word is output in hexadecimal or octal (user’s preference). The nonlinear conversion (NLC) code may be used to identify the requirement for an auxiliary file
that defines the data validity conditions and/or the multiple format conversion calibrations.
AUXILIARY FILE CONTENTS
An auxiliary file is used to provide general information about the DAS load and additional
information about data conversion that cannot be included in the TDAP standard format
(i.e., non-linear calibration tables, conditional word processing, etc.) The requirement for
non-linear calibration information in the auxiliary file is triggered by NLC not equal to zero
or eight (in the TDAP file). The auxiliary file data follows the Telemetry Attributes
Transfer Standard (TMATS) as to format [1]. The actual code names used, however, are

established by the TDAP team. The attributes included in the auxiliary file are determined
by the TDAP team based on user’s requirements.
TDAP SOFTWARE
The TDAP Opening Menu is shown in Figure 1. The TDAP Loads command button
consists of display and output functions. In this option, the user must select the group
containing the file that will be displayed or printed. These are the valid groups: F-15
aircraft, F-16 aircraft, DAS loads, and Other. If F-15 or F-16 are selected, a tail number
may also be entered. This allows access to all available F-15 or F-16 files. The user may
also select a file pertaining to a single DAS number. After selecting the DAS option, the
user simply enters the DAS number. Finally, the user has the ability to view files not
associated with these aircraft. “Other” will include aircraft, munitions, or any item not
pertaining to F-15s or F-16s.

Figure 1 - TDAP Opening Menu

When prompted for a file to be output or displayed, the user is given a list of valid files
along with a brief description of the project to which the file belongs. When the list is
displayed, the user can select the desired file.
Several display formats are available in the TDAP Loads display function, each featuring
different combinations of the attributes contained in the TDAP loads. The file is sorted
with several key field options for each display format. The possible key fields differ for
each format and consist of only a subset of the components displayed. The Single
Parameter display option shows all attributes for just one parameter and does not require a
sort. The Super-Com display option shows the parameter names, in alphabetical order, for
the first occurrence in the main frame only. Display formats and their components are
listed below in Table 3. The Super-Com and Multiple Word formats display only
applicable records.
CALIBRATION
Parameter Name
Units
MSB
LSB
Gain
Offset
Word Type
Non-Linear Flag
Sub System
Command Word
Message Word Number
Calibration Date

MULTIPLE WORD
Parameter Name
Units
PCM Word Number
Non-Linear Flag
Multiple Word Code
Parameter 1 Name
Parameter 2 Name
Parameter 3 Name
Parameter 4 Name

DESCRIPTION
Parameter Name
Sub System
Parameter Description
Command Word
Message Word Number
Calibration Classificatn

SINGLE PARAMETER
Display all 32 TDAP
attributes for one
parameter

PCM
Parameter Name
PCM Word Number
MSB
LSB
Word Type
Sub Frame Number
Sub Frame Word No.
Sub System
Command Word
Message Word Number
Bus ID
Update Rate

SUPER-COM
Parameter Name
Units
PCM Word Number
Description
Sub Frame Number
Sub Frame Word No.
Command Word
Message Word Number
Number of Occurrences
Delta Interval

PLOT
Parameter Name
Units
MSB
LSB
Gain
Print Format
Data Classification Code
Lower Limit
Upper Limit
Sub System
Message Word Number

USER DEFINED
User selects from 28
TDAP attributes to be
displayed. The number
of attributes to display is
limited to their field
length, with up to 76
characters allowed.
The first attribute is set
to Parameter Name.

Table 3 - Display Formats
The files displayed by the TDAP software are always sorted, and the key fields for sorting
differ for each display and output format and consist of only a subset of the attributes
displayed. The Single Parameter display differs from the other formats in that a sort is not
needed and all attributes of the record are displayed. After a file is selected, the name of
the parameter to be displayed is requested. Because a given Parameter Name may exist in
a single file several times, the user may search for other occurrences of the same parameter
name until all have been displayed or no more are desired.

The TDAP Loads output function gives the user the ability to print and/or save a file in
several different formats. Output formats and their components are listed in Table 4.
Super-Com and Multiple Word formats print and/or save only applicable records.
FORMAT-1
(With Calibration Info)
Parameter Name
Units
PCM Word Number
MSB
LSB
Gain
Offset
Word Type
Print Format
Sub-System
Parameter Description
Data Classification Code

USER DEFINED
User selects from 28
TDAP attributes to be
output. The number of
attributes to be output is
limited to their field
length, with up to 130
characters allowed.
The first attribute is set
to Parameter Name.

FORMAT-2
(Without Calibration
Info)
Parameter Name
Units
PCM Word Number
Word Type
Sub-System
Parameter Description
Data Classification Code
Command/Select Word
Message Word Number
Update Rate
Bus ID
Calibration Classification

ENTIRE FILE
The entire file (all 32
TDAP attributes) is
output in wrap around
mode, two lines per
record

FORMAT-3
(With Minor Frame &
Command Words)
Parameter Name
Units
PCM Word Number
MSB
LSB
Gain
Offset
Word Type
Minor Frame Number
Minor Frame Word No.
Command/Select Word
Message Word Number
Parameter Description
Data Classification Code

SUPER-COM INFO
Parameter Name
Units
PCM Word Number
Sub-System
Parameter Description
Minor Frame Number
Minor Frame Word No.
Command/Select Word
Message Word Number
Update Rate
Number of Occurrences
Delta Interval

FORMAT-4
(Without Minor Frame
Word & Limits)
Parameter Name
Units
PCM Word
MSB
LSB
Gain
Offset
Word Type
Print Format
Sub-System
Parameter Description
Calibration Classification
Command/Select Word
Message Word Number
Calibration Date

MULTIPLE WORD
Parameter Name
Units
PCM Word
MSB
LSB
Gain
Offset
Word Type
Minor Frame Number
Minor Frame Word No.
Non-Linear Conversion
Multiple Word Code
Parameters 1 - 4

Table 4 - Output Formats
The Auxiliary command button allows the user the option of displaying or printing selected
information from a TDAP auxiliary file. The user selects the TDAP file; the software
checks for the applicable auxiliary file and displays it. The parameter name of any
parameter coded with a NLC = 1 will be displayed after the general information. If there is
an NLC table, it can be printed.
The Utilities command button provides options for viewing DAS information, for viewing
Work Request status, and for creating a Master Format File (MFF) or a DataProbe
Dictionary file from a TDAP file.
DAS information can be viewed from three different options: a DAS program list, a DAS
program status list, and DAS descriptions. The DAS program list displays all of the DAS

load numbers that exist in the database. DAS Program Status displays all current DAS load
numbers as well as the numbers assigned to non-DAS instrumentation and provides a
status of the files and availability of the associated information. The DAS description
displays all the pertinent PCM characteristics for the selected DAS load, such as wave
form, bit rate, minor and major frame length, word length, number of minor frames, frame
rates, sub-commutation, and frame synch pattern.
The MFF function allows the user to create an MFF from a selected TDAP file. A Master
Format File is the description of telemetry formats and EU, or measurement, conversion
calibrations in another specific formatted file other than TDAP, and used for specific
weapons and/or test aircraft. The user will have to know the number of words per
subframe, the first data word, the tag size (number of bits) to be used for digitizing the
PCM stream, and the PCM word size. The subframe length and the PCM word size can be
obtained from the DAS description in the Utility section. The first data word and the tag
size can be obtained from the auxiliary file.
DataProbe dictionary files (.COD, .DIC, and .FDT) can be created from a selected TDAP
file in the Utilities option. A tape type field identifying the mission and the digitized word
size field are required inputs. When the user selects a TDAP file, the appropriate DAS
number to use as input must be defined in the DAS description.
TDAP II
TDAP II is a software development project that is underway to convert both the TDAP
ASCII files and TDAP software described above to a PC platform, while at the same time
enhancing system functionality. Phase 1 of TDAP II will restructure the ASCII TDAP files
into a relational database using Microsoft Access 95. Conversion of the current
VAX/VMS-based TDAP software to PC software using Access and Microsoft Visual
Basic is also being accomplished in this phase. Phase 2 of the project will consist of
software enhancements to import data sources, improve interfaces, and process multiple
formats of telemetry description data (including TMATS). Both the TDAP II database and
software will be integrated on a PC network in order to create a more tightly coupled
system.
CONCLUSION
TDAP provides software and procedures that will reduce the response time needed to
support current and new projects requiring PCM and 1553 data processing. The
standardization of telemetry information formats enhances quality control, reduces data
turnaround time, and eliminates duplication of effort through the centralization of
responsibility. PCM and 1553 data conversion information is maintained in computer files

that can be easily displayed and accessed using TDAP software. Data reduction software
to convert raw PCM and/or 1553 data into EUs can easily interface with the TDAP ASCII
files. TDAP II will migrate the TDAP files and software to a PC network with better
availability.
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ABSTRACT
Advancing technology continually generates larger quantities of data at increasingly high
transfer rates which fuels the need for instrumentation to take up the challenge of
efficiently managing the collection of data. This defines the driving force behind the
desire for increased channel capacity of PCM data formatters. By incorporating state-ofthe-art Digital Signal Processing (DSP) technology coupled with high-performance Field
Programmable Gate Arrays (FPGA), Inter-Coastal Electronics has designed the IF-810, a
PCM data formatter. The IF-810 allows eight channels of PCM data, one voice channel
and an InterRange Instrumentation Group (IRIG)-B channel to be combined and
formatted for recording onto the TEAC RX-800 series recorders using a Hi8 8mm video
cassette as the recording media. During playback, the IF-810 clocks the PCM data out
using a reconstructed version of the input clock. With this unique design, the PCM data
and clock outputs are input directly to a decommutator which eliminates the need for
costly bit-synchronizers. This paper discusses the integration of the DSP, FPGA and
buffering techniques into a low-cost and efficient multi-channel PCM data formatter that
accommodates high data rate inputs, all without the need of a bit-synchronizer for
decommutation.
KEY WORDS
Multi-channel PCM data formatter, Hi8 8mm video cassette, decommutator

INTRODUCTION
The need for a modernized PCM formatter arose with the advent of the TEAC RX-800
series recorder. Some of the challenges involved with designing the PCM data formatter
for that recorder included portability; to be able to either insert the board directly into the
recorder or provide a module which houses the board and have it easily attach to the
bottom of the recorder . Providing both of these options satisfied the portability
requirement. The design would also have to provide a bit-clock for the output of each
data stream which would allow the user to tie the digital outputs directly to a
decommutator , thus eliminating the need for a bit-synchronizer. Another question was
what processor should be used in the design. The Texas Instruments TMS320F206
Digital Signal Processor was chosen for its speed, the convenience of on-chip flash
memory and the fact that all of the code written would be able to be done in C. While
many of the applications using DSP are geared towards complicated number crunching, it
is evenly suited to perform the quick data manipulation required for this design.
THEORY OF OPERATION
The IF-810 is designed to work with the recorders’ two selectable serial data transfer
rates. Using the first rate, which puts the recorder in the analog/digital mode, eight
channels of PCM data can be input with a total bandwidth not exceeding 2.4MHz spread
over eight separate channels. The second rate restricts the recorder to a strictly digital
mode where the combined bandwidth for eight channels is 9.8MHz. The input rate per
channel may vary provided that the sum of all rates does not exceed the bandwidth of that
mode of operation for the recorder. Any number of channels may be inactive and are not
included in the maximum bandwidth calculation.
The design can perhaps best be explained by viewing it as two separate main tasks: the
record side and the playback side. A quick overview of each operation is given, followed
immediately by a more detailed description focusing primarily on the FPGA and DSP
relationship.
Record Side
The simplified block diagram in Figure 1. depicts the record side of the operation. Up to
eight channels of PCM data may be clocked into the Record FPGA by the respective bit
clocks, which may all be transmitting at different frequencies provided the maximum
data transfer rate is not violated. The DSP reads the data from the Record FPGA and
writes it to the to the Record First In First Out (FIFO). The Record FIFO provides the
parallel-to-serial conversion of the multiplexed data, which is then sent to the recorder
Hi8-8mm videotape.

Hi8 8mm

Channels 1-8 PCM Data
Channels 1-8 PCM Clock
Voice In

RECORD
FPGA
Data Bus

Address Bus

Control
Signals

Serial Data to Tape

IRIG-B In

DSP

Data Bus

RECORD
FIFO
256 word x 16

Figure 1 – Record Side Overview
A simplified block diagram detailing the input for a typical data channel inside the
Record FPGA is illustrated in Figure 2. The PCM data is clocked into a Serial-In ParallelOut shift register. The bit clock used for clocking in the data is simultaneously clocking a
counter. The counter is used to determine when the correct number of data bits has been
shifted in. When this occurs the counter output goes from a low to a high level which
simultaneously clocks the PCM data into the Data Registers and sets the DataReady bit in
the Record Status Register. The Data Registers provide buffering so that the channel can
continue to accept new data while allowing time for the DSP to transfer the data from the
Data Registers into the Record FIFO. While the recorder is in record mode the DSP
continuously polls the Record Status Register DataReady bit to determine when to begin
the data transfer.
The data written into the Record FIFO are referred to as data packets and consist of the
PCM data words, word count, channel number and a sync header which is used for
demultiplexing during playback. The word count and channel information derived from
the WordCnt/ChNo. Register while the sync header bits are clocked out from the
SyncHeader Register.
The Voice and IRIG-B time code inputs are demonstrated in Figure 3. Both inputs are
converted via Sigma Delta modulator before they are clocked into the Record FPGA.
This conversion uses the recorders serial bit-clock by dividing it down to the desired
sampling frequency and uses the resulting signal as the input to the modulator. The DSP

Record FPG A
PCM Data In
P C M C lock In

Shift Register
Serial InParallel Out

Data Register

Shift Register
Serial InParallel Out

Data Register

DSP

Enabled by DSP

Tri-state
Counter

Data Bus

Tri-state
Sync Header
Register

Enabled by DSP

W ord Count/
Channel No.
Register
Record
Status
Register

DSP Polls Register

Data Ready Bit

Figure 2 – Record FPGA
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Divisor
Register
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Analog IRIG-B In

Σ∆
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Digital Voice

To Record FIFO

Data Register

Digital IRIG-B

Sync / ID
Enable from DSP

Figure 3 – Record FPGA Detail
is programmed to automatically multiplex the two signals and write the resulting data
packet to the Record FIFO. The data packet for these two signals consists of a sync
header, an I.D. header and the data. The sync header serves the same purpose as it does
for the PCM data packets. Since the Voice/IRIG are not assigned a channel they are given
an I.D. number.

Once data is in the Record FIFO it is ready to be clocked onto tape. The serial clock of
the recorder is used to clock the data out of the FIFO. It is, however, gated with another
recorder signal to ensure data will be sent to tape on word boundaries to reduce the
difficulty in demultiplexing the data on playback.
Playback Side
The block diagram shown in Figure 4. portrays the playback side. The data comes off
tape and into the Playback FPGA where it is converted from serial to parallel. Once
converted, it is written into the parallel-to-parallel Playback FIFO. The DSP will read the
playback FIFO and, by decoding the first word of the data packet, determine which
channel the data originated from and send it back out that channel through the appropriate
Output FIFO. There are eight Output FIFOs for the eight PCM data channels, the case of
Voice/IRIG is discussed below.

Serial Data
From Tape

Playback
FPGA

Data

Playback
FIFO
1K x 16

DSP

Addr FPGA
– Record

Data

Output
FIFO CH1
256 x 16

Data

Output
FIFO CH2
256 x 16

CH 1 PCM
Data Out
CH 1 PCM
Bit CLK Out

Figure 4 - Playback overview
The illustration in Figure 5. shows the Playback FPGA setup to receive data from the
tape. The serial data enters the Serial-In Parallel-Out shift registers. As each bit is shifted
in, a comparator is used to determine if the sync header is present. Once sync is found,
the data packet is written to the Playback FIFO. The DSP has access to the Playback
Status Register which comprises the status flags of the Playback FIFO and the eight

Output FIFOs. By monitoring the Playback Status Register, the DSP detects the Playback
FIFO has data and begins reading that data. By decoding the first word, the DSP
immediately determines the channel number and word count of the data packet. Using
this scheme the processor knows which Output FIFO to transmit the data to as well as
how many words should be written. When reading the Playback FIFO, the DSP will
recognize the Voice/IRIG data by the I.D. number and write the data to the Sigma Delta
demodulator for output.
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Figure 5 – Playback FPGA Detail
Once the Output FIFOs past half-full, it must also start providing the output bit-clock for
each PCM output stream. The basic premise is that if the Output FIFO can be kept at
half-full, then it follows that the data must be going in at the same rate as it is coming out.
The frequency that meets this criteria is at or near the original frequency used to clock the
data in.
To accomplish this requires a divide down circuit using a high frequency oscillator as the
input. The output of that circuit is fed into one side of a comparator. The other input to
the comparator is a value the DSP provides based on the Output FIFO’s flags, which it
reads from the Playback Status Register.
The DSP begins the process by writing a predetermined value to the comparator. This
initial value is roughly half the maximum allowable bandwidth of the recorder. The DSP
will then read the Playback Status Register and if the Output FIFO is at half-full it will
stick with the initial value and continue monitoring the status flags. If the DSP finds that
the Output FIFO is more then half-full it will write a value less then the initial value it
started with. This will cause the FIFO to get clocked more often and bring the Output

FIFO down to half-full. If, on the other hand, the DSP determines the Output FIFO is at
less then half-full it will write a value greater then the initial value causing the Output
FIFO to clock less frequently. This action will allow the FIFO to fill back up to half-full.
CONCLUSION
Technical advancement has helped data recorders reach a new level of digital
recording/reproduction and the TEAC RX800 series recorder is no exception. The IF-810
is an eight channel PCM data formatter designed to enhance recorder applications. It is a
portable solution that offers multi-channel capacity, allows high data rate inputs and
provides a bit-clock for each PCM data stream output. The IF-810 was designed with the
future in mind so that as further progress is made and the bandwidth of recorders
increases, the IF-810 will easily accommodate the resulting higher input data rates.
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ABSTRACT
In recent years we have seen an increase in the use of MIL-STD-1553 buses and other
asynchronous data sources used in new missile and launcher designs. The application of
multiplexed asynchronous buses in missiles and launchers is very common today. With
increasing application of asynchronous data sources into very complex systems the need to
acquire, analyze, and present one hundred percent of the bus traffic in real time or near
real time has become especially important during testing and diagnostic operations.
This paper discusses ways of converting asynchronous data, including MIL-STD-1553,
into a telemetry format that is suitable for encryption, telemetering, recording, and
presenting with Inter Range Instrumentation Group (IRIG) compatible off-the-shelf
hardware. The importance of these designs is to provide the capability to conserve data
bandwidth and to maximize the use of existing hardware. In addition, this paper will
discuss a unique decode and time tagging design that conserves data storage when
compared to the methods in IRIG Standard 106-96 and still maintains a very accurate time
tag.
KEY WORDS
MIL-STD-1553, Converting asynchronous data, IRIG, time
INTRODUCTION
In the mid-1980’s a requirement to record, decommutate and process a 1 MHz serial
asynchronous data stream similar to Military Standard (MIL-STD) -1553 was presented to
the LTV Missiles and Electronics Group, now Lockheed Martin Vought Systems, Test
Data Group. To accomplish this goal, it was initially decided to telemeter the raw

asynchronous data stream then record the telemetered data stream using an analog tape
recorder. A circuit was designed and used which decoded the signal using a Harris HD15530 CMOS Manchester Encoder-Decoder chip. The decoded data was input into a
Xerox Sigma 3 computer using a parallel digital interface. Once in the computer’s memory
the data was available for analysis and reduction.
This method resulted in a loss of data due primarily to the analog tape recorder’s lack of a
low frequency response, which resulted in a signal droop, a deviation in the signal baseline
between message words. Due to the signal droop, only 95 to 98 percent of the raw
asynchronous data could be recovered using this method. At the time, the best frequency
response available from an analog tape recorder was 40 Hz to 2 MHz. A frequency
response from DC to 2 MHz was necessary to eliminate the signal droop and increase the
data recovery rate to 100 percent.
A dual threshold detector, which used two operational amplifiers, each having a threshold
adjustment, was designed and implemented in an attempt to eliminate the baseline droop
problem. The signals output by the dual threshold detector were a bipolar 0 (BIP0) and a
bipolar 1 (BIP1). Use of this circuit improved the data recovery rate to about 99%.
Unfortunately, the adjustments required to make the circuit work properly were very
critical, and many of our personnel, accustomed to operating digital systems, had
difficulties in making the analog adjustments.
Before the 1 MHz baseline droop problem could be completely resolved the data rate for
the asynchronous signal was increased to 2 MHz and a requirement to encrypt the data
onboard the test vehicle was added. The necessary data encryption hardware would accept
only non-return to zero level (NRZ-L) and clock inputs. To incorporate these new
requirements the original effort of recording the asynchronous signal on analog tape was
discontinued and a new asynchronous interface was designed and developed using
experience gained from working with MIL-STD-1553 and other asynchronous data
formats.
ENCODER/DECODER DESIGN REQUIREMENTS
The new asynchronous data encoder had a requirement to convert MIL-STD-1553 and
similar asynchronous data streams into a standard IRIG format that could then be recorded
and played back with an IRIG analog recorder. The standard IRIG format allowed the data
to be telemetered, recorded, and played back at any test range, and allowed the data to be
encrypted, using common methods. The new interface also required 100% data recovery.
The decoder had a requirement to convert the encoded IRIG signal back into parallel
digital words. It would also distinguish the command/status words from data words and

insert an identifiable 32 bit time code word each time a command/status word was
decoded.
To meet the above requirements, the asynchronous signal needed to be converted into a
standard IRIG NRZ-L format with an identifiable sync code. A method of encoding the
asynchronous signal that retained the 20 bits per word, inserted a sync code, identified the
word as a command/status word or as a data word, and retained the original 16 bits of data
was devised. The logic for this encoding process is presented in Figure 1.
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Figure 1. Word Format Conversion
ENCODING
The Harris HD-15530 was used to perform the encoding. The HD-15530 produces a
command/status bit, a valid word bit, and a parallel 16 bit data word. The 16 bit data word
is transferred to a 20 bit parallel to serial converter, along with the new 4 bit sync word.
Data is continuously clocked through the parallel to serial converter to create a continuous
synchronous data stream. The input to the parallel to serial converter is loaded at 90° clock
time after at least 20 bits have been shifted since the last load and a “convert complete”
signal is received from the HD-15530. Data is then shifted out as a synchronous NRZ-L
word with clock. Once in the NRZ-L format the data is easily encrypted or converted into
any other IRIG format and telemetered. A simple functional block diagram of the encoding
circuit is presented as Figure 2.
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Figure 2. Block Diagram of Encoding Circuit

TRANSLATION TO DM-M
The encoded NRZ-L signal is converted to the Delay Modulation Mark (DM-M) format
for recording on analog tape. DM-M is chosen because it requires the least data record
bandwidth. The DM-M format theoretically requires a bandwidth slightly more than forty
percent of the data bit rate (Reference 1), as shown in Figure 3. Therefore the 2 MHz bit
rate data signal would require a bandwidth of 800kHz, which could easily be recorded and
played back on analog recorders that have a bandwidth of 1 MHz.
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TIME TAGGING
Two 16 bit time words are used to time tag the data. The first word is used to denote nonfractional time and is essentially a modified presentation of the IRIG time code. The
second word is used to denote single and fractional seconds and is presented with a
resolution of 32 µsec, as shown in Figure 4. This resolution has proven to be adequate for
a majority of test programs. Fractional seconds are obtained by phase locking a counter to
the IRIG time code and counting to 1000 between cycles of an IRIG-B time code, or
counting to 100 for IRIG-A time code. If an IRIG-B time code is used then this technique
allows time tagging with a resolution of 1 µsec.

BIT TIMES 1 2 3 4 5 6 7 8 9 10 11 12 13 14 15 16
1 2 3 4 5 0 1 2 3 4 5 0 1 2 3 4
TIME WORD A 2 2 2 2 2 2 2 2 2 2 2 2 2 2 2 2
sec
min
hour

BIT TIMES 1 2 3 4 5 6 7 8 9 10 11 12 13 14 15 16
5 6 7 8 9 0 1 2 3 4 5 6 7 8 9 0
TIME WORD B 2 2 2 2 2 2 2 2 2 2 2 2 2 2 2 2
µsec
msec
s

Figure 4. Time Word Formats
INPUT TO COMPUTER AND DATA PROCESSING
First, the NRZ-L signal was clocked into a 20 bit serial to parallel converter. When a word
sync (11X1) is detected, the 16 data bits are transferred to a parallel register. If bit 3 of the
4-bit sync code is 1, a barker code and a 32 bit time word, followed by the 16 bit data
word, are input to the computer. The serial to parallel processor is reset at 270° clock time.
A simple block diagram of the decoding circuit is presented as Figure 5.
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Figure 5. Block Diagram of Decoding Circuit

A Digital Equipment Corporation (DEC) MicroVAX II was the first computer interfaced
with the encode/decode circuits. Data throughput of 100,000 words per second was
achieved while simultaneously storing the data to disk and processing and presenting the
data in real time on the data terminals.
The computing power required to process, display, and record the data has increased as
the rate of data transmission has increased from about 50,000 words per second to more
than 500,000 words per second. Using this encode/decode circuit design, VME based
systems such as Concurrent Model 7000, Veda Itas Omega 30, and L-3 Communications
Telemetry and Instrumentation System 550 are used to convert, display, store, and process
MIL-STD-1553 and other asynchronous data streams, in addition to PCM and analog data,
in real time.
CONCLUSION
The method of converting asynchronous signals into a standard IRIG format for recording
or telemetry presented in this paper has been used for many different test programs with
great success. These techniques are flexible so that they can easily be modified to address
different types of asynchronous signals. The decoding and time tagging methods presented
conserve data storage when compared to the methods of IRIG Standard 106-96 with
minimal loss in time tag resolution.
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ABSTRACT
How difficult is it to develop a pulse code modulation (PCM) stream data format?
Specifically, given a size, in bits, and a set of parameter sample rates, how hard is it to find
a mapping of the sample rates that fits into the frame size -- if one even exists? Using
telemetry trees this paper will show that the number of possible mappings for a given set of
parameters and sample rates grows exponentially in terms of the number of parameters.
The problem can thus be stated in terms of finding a specific instance, or showing that no
such instance exists, among an exponentially large number of potential mappings.
Although not proof, this provides strong evidence that the PCM format design problem is
NP-complete (meaning it is a member of nondeterministic polynomial space but not a
member of deterministic polynomial space). That is, that the problem can not be solved in
polynomial time and would take a computer years or centuries to solve relatively small
instances of the problem. However, if the problem requirements are relaxed slightly,
telemetry trees can be used to reduce the PCM formatting problem to linear time in terms
of the number of parameters. This paper describes a technique that can provide an optimal
and fully packed PCM format.
INTRODUCTION
Consider this common telemetry scenario: Given a set of measurements that need to be
collected and transmitted, each with its own sample rate, design a PCM stream data
format, also called a data cycle map (DCM), that allows timely collection and transmission
of the measurements. In this design process, the size of the DCM can be changed, but the
transmitted bit rate is fixed by hardware. How should one approach this problem? Often
the first step to designing the DCM is to take the bit rate and, using some methodology,
come up with the size of the matrix in terms of the number of words per minor frame and
the number of minor frames per major frame, the dimensions of the PCM matrix. Then, the
challenge is to fit a given set of sample rates into the matrix. Just how complex a problem
is this?

Circumstantial evidence suggests that designing a DCM is not easy - most people or
organizations use a manual design process. The few computer-automated DCM design
programs enforce very stringent constraints on the user. This paper goes beyond this
qualitative evidence by using complexity theory to quantify the difficulty of this problem.
Specifically, this paper formalizes the DCM design problem (DDP) and analyzes its
complexity to show that it is a very hard problem. Also included are a brief review of
complexity theory, an analysis of the DDP’s complexity, and a discussion of the results.
The paper then shows how a reduction of the problem’s domain leads to a corresponding
reduction in the problem’s complexity. The domain reduction studied is one that is almost
universally used by DCM designers. By combining this domain reduction with telemetry
trees, a quick, simple, and elegant algorithm for designing DCMs results. Since the
formalization of the problem is also a theoretical abstraction from the reality of the world
of telemetry and instrumentation, the paper goes on to discuss practical difficulties related
to developing a DCM.
THE DCM DESIGN PROBLEM (DDP)
Informally, the DDP is: Given a set of parameters, their sample rates and a frame size, fit
the samples into the frame. This requires that the samples for each parameter be periodic,
i.e., equally spaced in the frame. The equal spacing must include ‘around the corner’. That
is, since the PCM frame repeats, for two consecutive frames the spacing between the last
sample of the first frame and the first sample of the second frame must be the same
spacing as between any other contiguous samples. The DDP can be formally posed as an
integer tiling problem.
First, we present some definitions:
• A telemetry frame of order M is the set of integers {0,..., M − 1} .
• An nk telemetry tile is a set of integers of the form t = {s, s + k , s + 2 k ,..., s + nk}
where s , k , and n are integers and nk = M − 1 .
• A telemetry tiling, T, of a telemetry frame F of order M is a set of telemetry tiles
such that no two elements of any two tiles are the same integer. Further, all
integers of, and only those integers of, F are covered by elements of the tiles.
Formally, T = {t i } such that ti I tk = ∅, i ≠ k and F = U ti where each t i is a
telemetry tile. A telemetry tile represents a parameter and the elements of a
telemetry tile correspond to the samples of a parameter. The condition that
nk = M − 1 guarantees that the samples maintain equal spacing ‘around the
corner’. A telemetry tiling thus represents a telemetry format for a completely
filled telemetry frame.

Formally, the DCM Design Problem (DDP) can be stated:
Given a set of sample rates {ri } and a telemetry frame of order M , find a tiling {t i } such
that, for each i , t i is an ri k i telemetry tile with k i = M / ri if such a tiling exists.
To be completely formal, a distinction between partial tilings and complete tilings needs to
be made. If the total number of samples does not equal the frame size then a partial tiling is
acceptable. The analysis will be limited to complete tilings since they represent worst case
scenarios.
A REVIEW OF COMPLEXITY THEORY
When analyzing the complexity of an algorithm, the number of steps (or computer
instructions) it takes to execute the algorithm is counted. For example, in this nested loop:
FOR I =1 TO N DO BEGIN
FOR J = 1 TO N DO BEGIN
(DO SOMETHING)
END FOR
END FOR

there are N 2 iterations performed. Let us say that it takes C instructions to ‘(DO
SOMETHING)’. Then the number of instructions to implement the nested loop is CN 2 .
When discussing relative complexities of algorithms ‘Big O’ notation is used to indicate
the order of complexity. For example, the above nested loop is O( N 2 ) (read either as ‘Big
O of N 2 ’ or ‘of order N 2 ’). Note that the constant C is not considered. When talking
about the order of complexity of an algorithm, multiplication by a constant is not included
in the Big O notation.
What is the significance of the order of complexity? Consider the relative graphs for
different equations:
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If an algorithm is O( N ) (or linear), then even for very large N the number of operations
grows proportionately with N. However, if an algorithm is N! then for even small N , say
100, the number of operations can be astronomical.
Realizing that a given computer takes a certain amount of time to execute an instruction,
one can see that the order of complexity helps determine how long it will take for a
computer to solve a problem. There is a well-known dividing point where computers can
be expected to handle an algorithm of a certain complexity. If an algorithm has polynomial
complexity O( N K ) for some constant K , then a computer can be expected to implement
the algorithm in a reasonable amount of time. However, if an algorithm is exponential or
greater ( ≥ O( K N ) for some constant K ) then it may take a computer years or centuries to
complete the algorithm for relatively small N . This difference essentially defines the
distinction between (deterministically) polynomial time algorithms and NP-Complete
(nondeterministically polynomial) algorithms. (See [1] or most any college text on discrete
mathematics or automata for further information on complexity and a formal definition of
NP-Complete.)
In order to meaningfully discuss the complexity of an algorithm, the N must relate to
something. For the DDP, the N will represent the number of parameters.
THE BRUTE FORCE APPROACH
Consider trying to place a set of telemetry tiles into a telemetry frame. The brute force
method of doing so is to place the first tile starting in the first slot, place the second tile
starting in the second slot, see if the tiles overlap, i.e., they cover any of the same integers.
If they do not overlap then place the third tile starting in the third slot, otherwise,
backtrack and start over by placing the first tile starting in the second slot, etc. If this
technique is used, how many tilings might have to be tried before exhausting all
possibilities? Here is an estimate of the Big O of this algorithm.

Assume there are P parameters or tiles. Each tile’s placement is uniquely determined by
any one element of the tile. The number of tilings to be tried can be determined by
considering placing each tile in one of P slots. There are P choices for the first slot; P − 1
choices for the second slot; P − 2 choices for the third slot; etc. This gives P * ( P − 1)...*2 *1
possible tilings. In other words, the number of tilings to try is O( P!) - an order of factorial.
This is even more complex than exponential!
A better approach is to note that the number of samples in a tile limits the positions in
which a particular tile can be put. For example if the frame size is M and a tile has a
sample rate of s then the tile can only be put in the frame with the first sample in one of
the first M / s positions of the frame. Using this limitation a smaller set of arrangements to
try can be calculated. Let M be the frame size, {si }i =1,...,S be the different sample rates in
descending order, and n( si ) be the number of parameters (tiles) with sample rate si . Recall
that the binomial coefficient C( n, k ) = n !/ k !( n − k )! is the number of ways of putting
k identical objects into n slots. Then the number of tilings to try is:
S

∏ C(
i =1

M i −1 M
− ∑ , n( si ))
s i j =1 s j

For each sample rate, in order, there are the number of places to put the first sample minus
the tiles already placed, choose the number of tiles with that sample rate. In general,
n( s )
C( n, k ) = O( n min( k ,n − k ) ) . Thus, roughly speaking, this is O( M ∑ i ) = O( M P ) where ∑ n( si ) = P
is the number of parameters (tiles). This reduces the complexity to exponential rather than
factorial.
Perhaps there is a way of looking at only the valid tilings (those that have no intersecting
tiles) instead of every possible tiling. How many valid tilings are there? Telemetry trees
can be used to estimate this.
TELEMETRY TREES
A Telemetry Tree [2,3] is a tree that has nodes labeled with integers and meets the
following criteria:
1. Each sibling of a parent node has the same label.
2. The sum of the labels of siblings equals the label of the parent.

If the top node of a Telemetry Tree is labeled M then the Telemetry Tree is of order M .
The trees in Figure 1 are telemetry trees.
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Figure 1: Some Telemetry Trees of Order 8.
Through a simple algorithm described in [2] it is possible to associate a telemetry tiling
(and therefore a DCM) with a subset of nodes of a telemetry tree. This association
provides a method of analyzing the number of tilings associated with a telemetry tree. For
the current analysis it is enough to know that any subtree of a telemetry tree is also a
telemetry tree. The analysis is simplified by using maximal telemetry trees. A telemetry
tree is maximal if, for all child nodes, dividing the label of the parent by the label of the
child produces a prime. In Figure 1, t i is maximal, whereas t j is not.
Let M = ∏ pi be the size of a telemetry tree J where the pi are the (not necessarily
unique) prime factors of M . Let N ( M ) be the number of mappings for J . If there are p j
children of the top node of J , then the size of the children of the top node is M / p j and
  M 
N ( M ) = 1 +  N   
  pj 

pj

The 1 is derived from choosing the top node as the only tile in the mapping. Otherwise any
of the ways of mapping out each child can be chosen. This gives rise to the exponential
term since there are p j such children. Since each level of the tree reduces the node size by
some pi :
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In other words, the number of mappings for a given tree of order M is roughly O( p M ) i.e., exponential.
The next question is how many trees of order M are there? Computer calculations do not
indicate an exponential number of trees. However, using those calculations the authors
conjecture that the supremum of the number of trees approaches exponential as the frame
size approaches infinity. This leads to there being, in the worst case, a very large number
of valid tilings to consider.

CONSEQUENCES
The formulas just derived give quantifiable, yet still circumstantial, evidence that the DDP
is NP-Complete; they do not prove it. To prove a problem is NP-Complete, it is necessary
to reduce a problem that is known to be NP-Complete to the problem at hand in
polynomial time. That is, show that a solution to the problem leads to a solution of the NPComplete problem with no more than polynomial extra steps. Although the authors have
not proven that the form of the DDP described above is NP-Complete, there is a form that
can be proven to be so. A formal proof is outside the scope of this paper, but an outline of
the proof is presented here.
The exact cover problem (ECP) is known to be NP-Complete [1]. This problem is: Given a
collection of sets all being subsets of some set F , is there a subcollection whose union is
F such that each pair of sets in the subcollection is disjoint. The master set in our setting is
the telemetry frame. The collection of subsets is the set of tiles potentially representing the
parameters of certain sample rates. One reason the ECP is not equivalent to the stated form
of the DDP, is that not every possible subset of the integers represents a telemetry tile as
they have been defined. Telemetry tiles have been defined to have a very periodic nature.
If the DDP is generalized to allow aperiodic tiles, then the ECP is nearly equivalent to the
DDP. This generalization is not unreasonable since the Class II PCM formats of the IRIG
106 Standard [4] allow for aperiodic sample transmissions. Another reason the ECP is not
exactly equivalent to the DDP is that the ECP will accept any exact covering. In contrast,
the DDP requires a covering with particular properties - there must be exactly so many
tiles each of a certain size (i.e., sample rate). Thus, the generalized DDP is slightly more
difficult than the ECP. Considering all this, the authors conjecture that the DDP, as
originally stated, is NP-Complete.
The consequence of all this is that, if a computerized solution to the DDP is to be
developed, a significant simplification of the problem as stated needs to be made. If such a
change is not made, no computer will be able to quickly solve the problem for arbitrary
cases. One such change was described in [2,3]. Another, simpler, change is described
below.
A DOMAIN REDUCTION SOLUTION
An almost universal domain reduction of the DDP is what the authors call the ‘power of 2
rule’. Instead of allowing arbitrary sample rates, sample rates are restricted to powers of 2
(e.g. 1, 2, 4, 8, ...). It can be shown that there is only one (maximal) telemetry tree of order
2 N for all integers N ; in contrast to the nearly exponential number of telemetry trees
conjectured above for an arbitrary frame size.

Thus, if the frame size and all the sample rates are powers of 2, then that single tree can be
used to assign parameters to nodes of the tree. The only complication arises from the
algorithm in [2] which associates nodes with parameters. That algorithm states that once
an association between a node and a parameter is made, no ancestor or descendant of that
node can be associated with any other parameter. So, after sorting the sample rates in
descending order, the node assignments are made left to right and top to bottom. There is
no backtracking necessary. For example, consider the tree t i in Figure 1 and assume the
sample rates are 4, 2, 1, 1. First use the left most 4. This eliminates the left subtree. Then
use the left most 2 in the remaining subtree. This eliminates the left three node subtree of
the right subtree. This leaves the use of the two right most leaves for the 1’s. This provides
an algorithm of O( P ) where P is the number of parameters. That is, a solution to the
problem which is of linear order.
As stated so far, the algorithm requires using a frame size which is a power of 2. A simple
modification gives some flexibility in frame sizes. Use the highest sample rate as the node
size for the first level of the tree (below the top node). Then the same algorithm can be
applied to any tree of an order which is a multiple of this sample rate. For example, if the
highest sample rate is 16 then this algorithm can be applied to frame sizes of 16, 32, 64,
96, ...
INSTRUMENTATION CONSTRAINTS
The algorithm just described does not take into consideration the limitations imposed by
actual instrumentation systems. The following is a first attempt at categorizing these
constraints. For each of these, it is worth noting whether they are constraints on the DCM
formatting algorithm itself or constraints on the inputs to the algorithm. There are certainly
more constraints than are listed here.
Sample Rate Limits: Hardware limits and the limits of physics may constrain how often a
parameter can be sampled. This is a prime example of a constraint on the inputs to the
formatting algorithm.
1.
2.
3.
4.

Controller Speed Limits - All controllers have maximum sample request/receive rates.
Bit Rate Limits - All actual instruments have a maximum bit rate.
Data Size Limit - The next sample must wait until the current sample is sent.
Settling Time - Some sensors take time to “settle” before sampling can proceed.

Bus Polling: Many systems use several buses to talk to different arrays of sensors.
Typically only one bus can be polled at a time. As such, each bus is polled periodically
with their samples interleaved into the telemetry stream. In terms of telemetry trees, this is

the equivalent of assigning a subtree to each bus. Thus, multiple buses are really multiple
applications of the formatting algorithm.
Frame Size Constraints: Most systems constrain the frame size. The frame size can also
be constrained by limits on the bit rate. This is another limit on the inputs to the algorithm
which should be identified before the algorithm is executed.
Subframe Constraints: Some systems limit the number or size of the subframes within a
major frame. The two telemetry tiling algorithms presented to date do not use subframes at
all. Subframes are used mostly to provide periodic synchs - which are essentially
confidence factors. The algorithms presented view these as just another parameter. As
such, this is one type of constraint that would have to be incorporated into the algorithms
presented.
Fixed Word Sizes: Most systems use a fixed word size; usually 10, 12, or 16 bits. This
causes two problems: wasted bits due to samples that are smaller than the fixed word size;
and split data words due to samples that are larger than the fixed word size. This may very
well be one of the more perplexing issues related to DCM design. One approach is to
simply ignore the issue and use software to decommutate data across word boundaries.
However, this may require onboard hardware changes in order to produce a data stream
where samples cross word boundaries as well as special decommutation software. So,
most likely, this issue would have to be incorporated into the formatting algorithm.
SUMMARY
At least some forms of the DCM design problem are quantifiably very complex and brute
force methods for solving the standard DDP are not an acceptable basis for automation
efforts. However, the benefits of automating this process appear to be significant - both in
terms of reduced manpower to support telemetry and instrumentation functions and in
terms of more efficient PCM mappings. Further pressure to obtain these benefits comes
from budget constraints and continuing, foreseeable reallocations of the telemetry
spectrum. To fully realize efficient mappings that can be designed algorithmically will
require a simplification of the DCM design problem. This, in turn, will require a paradigm
shift in the telemetry world. It is possible this paradigm shift will require the development
and re-instrumenting of telemetry systems with more flexible hardware. The question
becomes whether or not the factors pressing for more efficient automated mappings are
sufficient to force such a change.
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ABSTRACT
Sandia National Laboratories (SNL) currently achieves a bandwidth efficiency ( η ) of 0.5
to 1.0 bps/Hz by using traditional modulation schemes, such as, BPSK and QFSK. SNL
has an interest in increasing the present bandwidth efficiency by a factor of 4 or higher
with the same allocated bandwidth (about 10 MHz). Simulations have shown that 32QAM trellis-coded modulation (TCM) gives a good bit error rate (BER) performance, and
meets the requirements as far as the bandwidth efficiency is concerned. Critical to
achieving this is that the receiver be able to achieve timing synchronization. This paper
examines a particular timing recovery algorithm for all-digital receivers.
Timing synchronization in a digital receiver can be achieved in different ways. One way of
achieving this is by interpolating the original sampled sequence to produce another
sampled sequence synchronized to the symbol rate or a multiple of the symbol rate. An
adaptive sampling conversion algorithm which performs this function was developed by
Floyd Gardner in 1993. In the present work, his algorithm was applied to two different
modulation schemes, BPSK and 4-ary PAM. The two schemes were simulated in the
presence of AWGN and ISI along with Gardner’s algorithm for timing recovery, and a
fractionally spaced equalizer (T/2 FSE) for equalization. Simulations show that the
algorithm gives good BER performance for BPSK in all the situations, and at different
sampling frequencies, but unfortunately poor performance for the 4-ary PAM scheme. This
indicates that Gardner’s algorithm for sampling conversion is not suitable for multi-level
signaling schemes.
KEY WORDS
Bandwidth Efficiency, Trellis Coded Modulation, Symbol Timing Recovery, Equalization,
Intersymbol Interference (ISI), Digital Receivers, Adaptive Sampling Conversion.
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INTRODUCTION
Currently, Sandia National Laboratories’ communication systems use modulation and
coding schemes that achieve a bandwidth efficiency ( η ) of 0.5 to 1.0 bps/Hz [6]. Coded
frequency-shift keying, (FSK), binary phase shift keying, (BPSK), or quadrature phase
shift keying, (QPSK) are the currently used modulation schemes. Sandia has an interest in
increasing the present bandwidth efficiency by a factor of 4 to 8 times. The allocated
bandwidth for this project is about 10 Mhz, while 30-40 Mbps is desired. Thus, to increase
the bandwidth efficiency, higher order modulation schemes should be considered. NMSU
has been funded by Sandia to investigate different modulation schemes that can achieve
this increase in bandwidth efficiency with the available allocated bandwidth.
Figure 1 [5] shows bandwidth efficiency
comparison of several modulation schemes
at a fixed symbol error probability, Ps = 10-5,
versus signal-to-noise (SNR) Eb/No in dB.
From the figure, it is obvious that, to achieve
the same bandwidth efficiency, the QAM
scheme requires less SNR than that required
by the M-PSK scheme. For example, to
achieve 4 bps/Hz, the 16-QAM scheme
requires Eb/No ≈ 14 dB, but the 16-PSK
scheme requires Eb/No ≈ 18 dB. For this
reason, QAM is preferred over M-PSK when
transmission is over linear channels. For the
particular problem considered here, uncoded
16-QAM scheme is considered as a baseline,
and higher order schemes are left for future
studies.

TRANSMITTER SET-UP
A relatively new modulation and coding scheme, called Trellis Coded Modulation (TCM)
provides a dramatic improvement in a communication system overall bit error rate (BER)
performance. The proposed solution for this system is a rate 4/5 trellis coded modulation
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scheme, using a 32-QAM constellation and the pragmatic TCM concept of Viterbi [6]. As
usual, gaining system performance is at the expense of increasing the system hardware
complexity. But for this particular case, the proposed pragmatic 32-QAM offers several
attractive advantages. As far as the complexity is concerned, the required Viterbi decoder
is already a standard technology, where single-chip implementations of it are readily
available and commonly used in the modem industry. Prior to TCM, the functions of
forward error correction and modulation were treated as two independent operations, but
TCM combines the principles of forward error correction and modulation. The advantage
of this is that the error correction process is done at the modulation level without
increasing the bandwidth requirement relative to uncoded modulation [6]. This is done by
doubling the coded constellation size.
Figure 2 shows the proposed transmitter set-up. As shown in the figure, one of the 4
information bits is fed into a rate 1/2, 64-state Viterbi encoder to generate 2 code-bits.
The code bits and the three uncoded bits are mapped onto a 32-QAM constellation. The
square-root raised cosine filter that comes after the constellation mapper, is part of the
pulse shaping used in the system.
A bit-error-rate (BER) performance comparison between the trellis-coded 32-QAM
scheme and the uncoded 16-QAM scheme was examined using the simulation software
SPW (Signal Processing Worksystems) [6]. Simulations results showed that the 32-QAM
scheme compared to the 16-QAM scheme achieves a performance gain of about 1.5 dB at
Pb = 10-6 [6].
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Figure 2. Transmitter’s Conceptual Diagram

RECEIVER SET-UP
The all-digital receiver set-up shown in Figure 3 is suggested by Graychip, Inc [7], a
company working in the areas of digital communications and signal processing. It can be
noticed that the whole receiver is implemented fully digitally using programmable DSP
chips.
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To discuss briefly the operation of the receiver set-up shown in Figure 3, it is helpful to
discuss an example using the actual values (fc = 70 MHz, Rs = B = 8 Msps, and raised
cosine roll-off factor = 0.35 [6]) that are being used in the software and hardware
implementation of the system.
On the receiver side, before the analog signal is processed, it is passed through a bandpass
filter which has a bandwidth of Rs(1 + β ) = 8(1 + 0.35) = 10.8 MHz centered at the 70 MHz IF
frequency .This step is usually necessary to bandlimit the signal before being sampled,
otherwise aliasing will occur. The signal is then sampled by an analog-to-digital (ADC)
operating at a fixed clock rate.
Following the ADC is a baud synch circuit, a particular implementation of which will be
discussed below. A passband fractionally spaced equalizer (FSE) then follows the baud
synch circuit. The passband FSE expects the input signal to be centered at a frequency
equal to the baud rate, B = Rs, with a sample rate of 4B = 32 Msps (Msps stands for Mega
samples per second). It is easy to show that sampling the received signal by a sampling
frequency of 39 MHz causes the signal centered at 70 MHz to alias down to a center
frequency of B = 8 MHz.
A T/2 spaced equalizer (FSE) is preferred over T-spaced equalizer due to its ability to
solve practical problems that usually appear in communication systems, specifically, the
receiver sampling phase is not precisely known, and the channel response is not precisely
known, but the FSE can adapt itself to equalize the signal magnitude and to correct any
arbitrary phase offset. Further, it can equalize over the frequency band (0, 1/T), whereas a
T-spaced equalizer can only equalize over (0, 1/2T).
As mentioned before, the FSE expects at its input a sample rate that is an integer multiple
of the baud rate, in this case 4B = 32 Msps. The sample rate at the input of the baud sync
chip (GC3011) is 39 Msps (due to sampling by a 39 MHz fixed-rate clock as discussed
above). To achieve this resampling ratio, the first thing that comes to mind is two cascaded
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resamplers. The first resampler upsamples the input sequence by a factor of 32, and the
second one downsamples by a factor of 39.
By simple calculation, it can easily be shown that to achieve this sampling conversion, the
resamplers will be operating at a rate of 1248 Msps. This rate is considered to be a very
high rate and it is not usually recommended, especially when there are other alternatives
that achieve this sampling conversion without such a high rate.
Floyd Gardner [1], [2], [3], has developed an adaptive resampling algorithm using the
idea of interpolation to interpolate among the input samples and output interpolants at any
required rate, provided that the input rate is no less than the output rate. Moreover, along
with the interpolation process, the sampling phase of the output interpolants is adjusted by
updating the interpolator with any phase error detected by a timing error detector.
As shown in [1], Gardner’s algorithm was derived for specific signaling schemes, in
particular, BPSK and QPSK. But the project under consideration employs a higher order
modulation scheme, 32 QAM. The main goal of this paper is to examine the performance
achieved by applying Gardner’s algorithm to the 32 QAM scheme.
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Figure 4. Elements of Digital Timing Recovery Loop
GARDNER’S ALGORITHM DESCRIPTION
Figure 4 shows a model of the digital timing recovery loop [2]. The received signal, x(t), is
a time-continuous, PAM signal. For simplicity, x(t) is assumed to be a real, baseband
signal. Symbol pulses in x(t) are uniformly spaced at intervals T (1/T is the baud rate, B).
The signal x(t) is then sampled at a fixed-rate, 1/Ts. The sampling rate should be high
enough to guarantee no aliasing, where the minimum sampling rate is twice the highest
frequency component of the bandlimited signal x(t). The interpolator receives samples
taken at uniform intervals Ts. In principle, the ratio T/Ts may be irrational in general,
because the symbol timing is derived from a source that is independent of the sampling
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clock [2]. In practice, however, this ratio is essentially rational. These signal samples,
x(mTs) = x(m), are applied to the interpolator which computes interpolants, designated
y(kTi) = y(k) at intervals Ti. In this particular case, the interpolator outputs two
interpolants per symbol interval (Ts = 2Ti). One of these two interpolants serves as symbol
strobe and the other is the midway sample which is to be driven to zero (on average).
Using the interpolants at the output of the interpolator, the timing error is measured by the
timing error detector, which is explained below, and then is filtered by the loop filter. The
loop filter drives the NCO with a control word, (W), which is exactly the interpolation
ratio (Ti/Ts) in the absence of timing error [2]. The interpolator does its computations
based on instructions received from the NCO at a rate of 1/Ts. It is obvious that the whole
timing loop operates at the baud rate (T) since a new timing error is measured every two
new interpolants and a new control word, W, is calculated accordingly. The timing error
detector is considered to be the foundation of the whole algorithm, where it is intended for
synchronous, binary, baseband signals, and for BPSK or QPSK passband signals, with
approximately 40-100 percent excess bandwidth [1].
The attractive features of this error detector are that, it is very simple to implement, and
only two samples of the signal are required for each data symbol to detect the timing error.
Moreover, one of the two samples serves for the symbol strobe with which the symbol
decision is made. Symbols are transmitted synchronously, spaced by the time interval, Ts.
Each sequence will have two samples per symbol interval. One sample occurs at the data
strobe time and the other sample occurs midway between data strobe times.
Let r denote the index of the rth symbol. It is convenient to denote the strobe of the rth
symbol by yI(r) and yQ(r), and the strobe of the (r-1)th symbol by yI(r-1) and yQ(r-1). The
midway samples of the rth and (r-1)th symbols can be denoted by yI(r-1/2) and yQ(r-1/2),
respectively. As mentioned before, the timing error detector operates upon samples and
generates one error sample, u(r), for each symbol. The error sample, u(r), was derived in
[1] to have the following form:
u(r) = yI(r-1/2)[yI(r-1) - yI(r)]

+ yQ(r-1/2)[yQ(r-1) - yQ(r)]

(1)

A physical explanation can be ascribed to (1). The detector samples the data stream
midway between estimated strobe locations in each of the I and Q channels (I channel if
BPSK is considered). If there is a transition between symbols, the midway value should be
zero on average in the absence of a timing error (i.e. phase offset). A timing error gives a
nonzero average whose magnitude depends upon the amount of error, but either slope is
equally likely at the midway point so there is no direction information in the sample alone.
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To sort out these different possibilities, the algorithm examines the two strobe values to
either side of the midway sample. If there is no transition, the strobe values are the same
(if a hard decision is used rather than the actual strobe value), and their difference is zero
as is u(r), so the midway sample is not used. In other words, if two consecutive symbols
have the same sign, no timing information is available.
If a transition is present, the strobe values will be different. The difference between them
will provide slope information. The product of the slope information and the midway
sample provides timing-error information. Using the strobe signs in (1) instead of the
actual values (e.g., using sign(yI(r)) rather than yI(r)) eliminates the effects of much noise
as well as eliminating the need for actual multiplication in the algorithm which is
considered a very attractive feature for digital processors. For mathematical derivation of
the algorithm, refer to [1], [2] and [3].
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Figure 5. Simulation Model for BPSK and 4-ary PAM schemes. ko takes on values {4,5}.
SIMULATION MODEL
The block diagram shown in Figure 5 represents the simulation model that was used in
simulating the BPSK and 4-ary PAM modulation schemes. BPSK was simulated in the
presence of AWGN and ISI (dotted blocks included), and 4-ary PAM was simulated in the
presence of AWGN only (dotted blocks excluded). The ISI filter which has a frequency
response shown in Figure 8, represents a telephone channel and was taken from [5], page
617.
CONCLUSIONS AND FURTHER WORK
As mentioned before, BPSK, and 4-ary PAM were simulated in the presence of noise, and
ISI along with Gardner’s algorithm for timing recovery, and T/2-spaced equalizer for
equalization.
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Simulation results for BPSK are shown in Figures (6 and 7). In Figure 6, BPSK was
simulated in the presence of AWGN with sampling frequencies of 4 Hz (Fig. 6-a), and 5
Hz (Fig. 6-b). In Figure 7, BPSK was simulated in the presence of AWGN and ISI, with
sampling frequencies of 4 Hz (Fig. 7-a), and 5 Hz (Fig. 7-b). The same results are
expected for the QPSK modulation scheme, since it’s simply BPSK in two dimensions.
Simulation results for 4-ary PAM in the presence of AWGN only are shown in Figure 9.
In conclusion, simulation showed that for BPSK, Gardner’s algorithm gives good BER
performance in all situations (noise and ISI, at different sampling frequencies), but
unfortunately bad results for 4-ary PAM. This indicates that Gardner’s algorithm for
sampling conversion is not suitable for multi-level signaling schemes. And since the system
under consideration employs the 32-QAM modulation scheme, Gardner’s algorithm is not
the suitable algorithm for the timing recovery, so, other algorithms should be considered.
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DESIGN OF A PARALLEL MULTI-CHANNEL BPSK
DIRECT-SEQUENCE SPREAD-SPECTRUM RECEIVER
Li Sanzhong

Zhang Qishan

Cheng L L

ABSTRACT
A parallel multi-channel receiver for binary phase shift keyed (BPSK) direct-sequence
(DS) spread-spectrum (SS) is introduced in this paper. It adopts a Costas carrier
frequency-tracking loop which maintains frequency lock rather than phase lock, and the
delay-lock error can be noncoherently obtained to track the PN code. For airborne
applications, this method will extend effectively the receiver’s tracking dynamics range for
the carrier Doppler shift. A erasable programmable logic device (EPLD) is applied to get
the advantage of smaller size and higher flexibility. A high speed microprocessor
(TMS320C30) which acts as the processing unit of the receiver is used for acquiring and
tracking of the carrier and PN code by digital signal processing algorithms. This receiver is
more flexible and is easily improved by reconfiguring the EPLD and modifying the
software algorithms. Its fundamental principle is described in the paper.
KEY WORDS
Spread spectrum receiver, Frequency-tracking loop, Delay-lock loop
INTRODUCTION
The performance test program of small vehicles is being conducted by the Beijing
University of Aero. & Astro. As an important part of the program, a multi-target
telemetry system based on code-division multiple access (CDMA) is adopted to collect
multipoint flight-state data. High reliability and interference rejection during the period of
data transmission should be guaranteed. A new all-digital parallel multi-channel BPSK
direct-sequence spread-spectrum receiver has been developed. The receiver is critical to
the overall performance of the system since it is responsible for demodulating the
transmitted telemetry data and at the same time provides data to computers for data
processing and analyzing.
The receiver is comprised mainly of two parts, the frequency downconverter and the IF
demodulator module. The frequency downconverter is realized by an RF module product,
it converts the RF telemetry signal to the required IF signal and then implements the A/D

conversion to produce the digital output. The IF demodulator can provide up to 12
tracking and acquiring channels at the same time, and spend less time in acquiring the PN
code through serial-parallel combined PN code searching. By using an frequency-tracking
loop (AFC) tracking algorithm, The receiver can track the carrier in the worst case of
500Hz Doppler drift. It adopts the delay-lock loop and carrier-aided approach to track
the PN code with less phase error. Through the reasonable selection of algorithm
parameters, the receiver has an relatively wide bandwidth to accommodate the Doppler
on both the clock frequency and the carrier frequency.
THE RECEIVER OVERVIEW
The block diagram of the receiver is shown in Figure 1. It includes a frequency
downconverter, an AGC unit, an A/D converter, a 12-channel digital correlator and a
TMS320 microprocessor system. The frequency downconverter converts the downlink Sband telemetry signal down to the required IF signal. The IF signal is then amplified by
the AGC unit to within a certain range and fed into the A/D converter to produce a
baseband digital signal output. The 12-channel digital correlator is the core of the
demodulator. Through soft processing and controlling of the TMS320, it is responsible
for acquiring the PN code and tracking of the carrier and PN code in the case of Doppler
drift, and demodulating data. The TMS320 is the control unit of the receiver. It carries
out all kinds of signal processing algorithms and directly controls the digital correlator to
realize tracking of the spread spectrum signal. The demodulated telemetry data is
provided to computers for data processing and analyzing through the output unit.
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Figure 1. Block diagram of the receiver
The digital correlator is realized by utilizing the EPLD design technology. It can provide
12 identical signal tracking channels, each with the block diagram shown in Figure 2.
Each channel is comprised of a carrier digitally controlled oscillator (DCO), PN code
DCO, PN code generator, early-late difference code generator, carrier mixer and PN
code mixer. All these components are programmable. By the control of the TMS320,
each tracking channel can be individually programmed to generate a required local
replica signal to acquire and track the spread spectrum signal. According to the values in

accumulate and dump registers at each time, the TMS320 can implement acquiring and
tracking algorithms and finally fulfill the data modulation.
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Figure 2. Block diagram of tracking channel
FUNCTIONAL DESIGN OF THE RECEIVER
In general, there are two different designs, coherent and noncoherent. They differ with
respect to the technique for tracking the carrier and extracting the delay-lock error. The
coherent receiver establishes phase lock with the carrier, coherently demodulates the
delay-lock error, and extracts the biphase data. The noncoherent receiver demodulates
the delay-lock error without being phase-locked, as shown in Figure 3. A frequencytracking loop(AFC) is utilized to compress the loop bandwidth so as to improve the
signal to noise ratio in the delay-lock loop. The AFC loop can track the dynamics on the
carrier without excessive frequency error. However in the final stage, a phase-locked
loop must be added to demodulate the biphase data. Figure 3 shows an “add” Costas
loop for this purpose. However, it should be noticed that maintenance of the PN code
synchronization is not dependent upon the Costas loop operation which just only
implements the required data demodulation.
For the purpose of analyzing the receiver, a sampling rate is assumed at the correlator
output, and the filter after the correlation is presumed to be an integrate-and-dump over
the sampling interval T . Let
τ = Epoch of PN code
θ = Carrier phase
ω = Carrier frequency
The received signal is given by
S (t ) = m 2sPN (t − τ ) cos(ωt + θ )
(1)
Where s is the received signal power, m is the biphase data demodulated on the carrier,
and the PN (t ) denotes the pseudorandom code producing the spectrum spreading.

In the receiver, the receive signal is correlated with a replica spread spectrum signal
generated with the estimates τ , θ , ω . In the case of no noise, the integrate-and-dump
samples at the two
correlator outputs are modeled by the quadrature components [1]
I = m sin c[(ω − ω ) T 2]R(τ − τ ) cos(θ − θ )
(2)

[

(

]

Q = m sin c (ω − ω ) T 2 R(τ − τ ) sin θ − θ

and

)

(3)

( )
[
]
QC = m sin c[(ω − ω ) T 2]∆R(τ − τ ) sin(θ − θ )
IC = m sin c (ω − ω ) T 2 ∆R(τ − τ ) cos θ − θ

(4)
(5)

Where sin c( x ) = sin( x ) x , R(τ ) is the cross correlation function of the received PN code
with the replica, and ∆R(τ ) is the correlation of the received PN code with the early-delay
difference code for τ advanced and retarded by half the PN chip duration. Equations (2),
(3), (4) and (5) will be the basis of all the processing algorithms in the TMS320.
I
LPF
CORRELATOR

COSTAS
DATA OUTPUT
PHASE-LOCKED
LOOP

Q
LPF

IF INPUT
SIGNAL

FREQUENCY
DISCRIMINATOR
PN REPLICA
GENERATOR

EARLY-LATE
DIFFERENCE

CARRIER
VCO

PN CODE
GENERATOR

AFC LOOP
FILTER

PN CODE
CLOCK
LPF

CORRELATOR

DELAY-LOCK
LOOP FILTER

IC
QC

LPF

Figure 3. Noncoherent receiver
CARRIER TRACKING LOOP
We now treat the AFC loop by a similar linearized analysis. A discriminator
characteristic can be obtained from the cross-product and dot-product of two timesequential sample pairs. Thus,
f k = SGN [ Dot ( k )]Cross( k )
(6)
where
Cross( k ) = Qk I k −1 − I k Qk −1
(7)
(8)
Dot ( k ) = I k I k −1 + Qk Qk −1

The value of f k is proportional to (ω − ω )T for small frequency errors. If the initial
frequency error is large, (6) will be invalid. In this case, an aided frequency acquiring
loop is utilized to greatly decrease the initial frequency error so as to make (6) valid. This
loop is not shown in Figure 3, it resides entirely in the frequency tracking algorithm.
Discretizing a second-order Jaffe-Rechtin filter with bandwidth B LF and normalizing f k
to the correlation power, the AFC algorithm can be obtained by [2],
& k + ω nF 2 f k
ω& k +1 = ω
(9)
ω k +1 = ω k + Tω& k + 2ω nF f k
(10)
θ k +1 = θ k + ω k T
(11)
where ω nF = 1.89B LF .
The method to check whether the AFC loop is locked can be done by smoothing the dotproduct over a number of samples. The quantity averages to zero until the loop is locked,
which in turn drives the cross-product to zero. Once the loop has locked, the average
value of the dot-product can also be used to estimate the signal power.
PN CODE TRACKING LOOP
The delay-lock loop is now analyzed. As shown in Figure 3, the delay-lock error is given
by
ek = ICk I k + QCk Qk
(12)
The delay-lock error is linear for small τ − τ . To guarantee that (12) is valid, the τ − τ
should be limited to within ± 21 PN chip. This requirement can be meet by the PN code
acquiring algorithm. Because the Doppler drift on the PN code clock frequency is a
known fraction of the Doppler on the carrier frequency, the frequency drift ω *k estimated
from the carrier tracking loop can be scaled to remove most of the dynamics from the
delay-lock loop. This is a so-called carrier-aided method which is not shown in Figure 3.
Thus, the delay-lock loop can be a first-order with a very narrow bandwidth. The PN
code tracking algorithm adopted in the receiver is given by
τ k +1 = τ k + (4B LC T )e k + r ω k*
(13)
Where B LC is the loop bandwidth, and r denotes the scaling ratio.
DATA DEMODULATION
The Costas loop provides a coherent phase reference for BPSK demodulation. It
eliminates any leftover phase error due to the AFC algorithm and rotates the carrier phase
error to the nominal zero phase. The rotation algorithm is given by
I r = I cosθ k + Q sin θ k
(14)
Qr = Q cosθ k − I sin θ k
(15)
θ k = SGN ( I r )Qr
(16)

In the adopted spread spectrum demodulation, the bit timing is synchronized from the PN
code period. Therefore, a bit synchronization loop is unnecessary. In this case, I r can
directly give a representation of the current data bit. The phase rotation of the samples for
the Costas tracking is done computationally. To decrease the computational loading of
the TMS320 CPU, the computation of the functions sin( ) and cos( ) are realized through
look-up tables.
PN CODE ACQUISITION
In the spread spectrum receiver, despreading is always started from the initial acquisition
of the phase of the PN code. There are mainly two methods for searching the PN code,
serial searching and parallel searching. Serial searching utilizes a single correlator to
search the PN code on the total code length until the required correlation value is found.
Parallel searching utilizes many correlators to simultaneously search the PN code on the
different replica PN code phases, and the maxim correlation value can be selected to be
the acquired signal.
A tradeoff between acquisition time and hardware cost is considered in the desgin of the
receiver, therefore a combined serial-parallel searching is adopted in the code acquisition.
Three correlation channels are used to acquire the PN code for a spread spectrum signal.
The serial searching is utilized for each channel. A replica-step search for the rough PN
code position is used. This means that the locally generated PN code is stepped by half
the chip after each correlation. If the correlation value is larger than a certain acquisition
threshold, the step is stopped and the signal tracking can be started, otherwise the process
is repeated. The experiment shows that this method can effectively reduce the average
time of code acquisition.
TEST RESULTS
The performance of the receiver was tested in a laboratory simulation. In the laboratory, a
spread spectrum signal was generated at IF with a postulated dynamics. The IF signal is
centered at 4.309 MHz, and the upper bounds on the change of the centered frequency
are 3500Hz, 400Hz/s, 200Hz/s2, respectively. The modulated data rate is 1.023Kbits/s.
The PN code rate is 1.023Mchip/s. Gaussian noise was added to the IF signal. The
receiver is tested for bit error-rate performance as well as avervage acquisition time.
Figure 4 shows bit error-rate (denoted as Pe) measurements taken with and without the
postulated dynamics. Figure 5 shows average time of the code acquisition (denoted as
TA) measurement taken with the postulated dynamics.

CONCLUSION
In the receiver, A noncoherent PN code tracking is utilized with an AFC to reduce the
predetection bandwidth despite the large Doppler due to the platform motion, so the
signal-noise ratio in the delay-lock loop is greatly improved. Since EPLD and TMS320
are adopted in the design of the receiver, the flexibility and reliability are greatly
improved.
In laboratory testing of the receiver with simulated dynamics, the performance has been
found to closely match the goals established by theory and meet the task requirements.
This receiver will be certainly put into practice.
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A MICROWAVE DIGITAL FREQUENCY SYNTHESIZER
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ABSTRACT
This paper describes a kind of Microwave Digital Frequency Synthesizer used for
S-band telemetry receivers. As well known many modern electronic systems
employ a Frequency Synthesizer whose spectral purity is critical. The
characteristics of a PLL (Phase-Locked Loop) Frequency Synthesizer, such as
frequency resolution, phase noise, spurious suppression and switch time, should be
compromised in our design. A heterodyne Frequency Synthesis is often considered
as a good approach to solve the problem. But it is complicated in structure and
circuit. A variable-reference-driven PLL Frequency Synthesizer was introduced
which can give an improved trade-off among frequency resolution, phase noise,
spurious suppression. In this paper the phase noise and spurious suppression
characteristic of variable-reference-driven PLL Frequency Synthesizer is analyzed
theoretically and compared with that of the heterodyne Frequency Synthesizer. For
engineering application, a practical Microwave Digital Frequency Synthesizer used
for telemetry receiver has been designed, which is characterized by simply
structure, low phase noise and low spurious output. The output spectrum of
experimental measurements is given.
KEY WORDS
Frequency Synthesis, Phase Noise, Spurious Suppression, Variable-reference.

INTRODUCTION
Frequency synthesizers are key elements in modern electronic systems and their spectral
purity is critical. As well known, the performance of a PLL frequency synthesizer, such as
frequency range, frequency resolution, phase noise, spurious suppression and switch time,
should be compromised in our application. When we design a PLL frequency synthesizer,
a heterodyne frequency synthesizer is often considered as a good approach to solve the

problem. The mixers and filters in the feedback path not only affect the frequency
synthesizer output spectral performance, but also increase the difficulty and complexity in
structure and circuit. Furthermore, the phase delay introduced by filters is disadvantageous
to the loop stability. The frequency synthesizer that we design will be used in the vehiclebased telemetry station. Not only a good spectral performance is our requirement, but the
simple structure and loop stability is also very important. So a variable-reference-driven
PLL frequency synthesizer is adopted to meet these requirements, which can give a good
trade-off among frequency resolution, phase noise, spurious suppression, etc.
THE PERFORMANCE ANALYSIS OF THE
VARIABLE-REFERENCE-DRIVEN PLL FREQUENCY SYNTHESIZER
1. Frequency Selection
The block diagram of the variable-reference-driven PLL frequency synthesizer is shown in
Figure 1 where the variable reference is a PLL frequency synthesizer. According to the
modulation theory,

Figure 1. the variable-reference-driven PLL frequency synthesizer block diagram
the ÷ M divider in the variable reference can improves the phase noise and spurious
characteristic 20logM dB, and the mixer can increase the output frequency which is
beneficial to the output performance of variable-reference-driven PLL frequency
synthesizer. From the Figure 1, we can derive the output frequency and frequency
resolution as follows:
N2
N N

f o =  1 2 + N 2  f R1 and ∆f =
⋅ f R1 ,
 R⋅ M

R⋅ M
if we set N 2 = M ,then the output frequency and frequency resolution is
1
N

f o =  1 + N 2  f R1 and ∆f = ⋅ f R1 .
 R

R

2. Phase Noise Analysis
According to the Figure 1, we know the variable-reference-driven PLL frequency
synthesizer consists of two PLL. Its phase noise performance can be analyzed by
analyzing that of every PLL. Figure 2 is a well known single PLL frequency synthesizer
phase nose model, where Φ PLL , ΦVCO and Φ R are Laplace transformed quantity of the
output phase noise, VCO phase noise and the reference phase noise respectively, Φ dR and
Φ dN is Laplace transformed quantity of the reference divider and

Figure 2. single PLL phase noise model
program divider addition phase noise respectively, V F and V pd is Laplace transformed
quantity of the loop filter equivalent input noise voltage and phase detector addition noise
voltage respectively, we can obtain a single PLL output phase noise :
Φ
V + VF 
Φ PLL =  R + Φ dR − Φ dN + Pd
 ⋅ NH ( S ) + Φ osc [1 − H ( S )] ,
Kd 
 R
K o Kd F ( S )
where H ( S ) =
..............(1),it is the transfer function. Because all the
NS + K o K d F ( S )

considered noise are random by nature and uncorrelated, we can sum the respective
spectral densities to get the single PLL output phase noise spectral density
S ( f )
S
( f ) +S ( f )
Vpd m
VF m  2 2
 ΦR m
2
(f )=
+S
(f )+S
(f )+
S
 N H (S) + S Φosc ( f m )[1 − H ( S )]
2
ΦPLL m  R2
ΦdR m
ΦdN m
K


d

In order to improve the variable reference output performance and output frequency, a
÷ M divider and a mixer are added in the variable reference. Figure 3 is the variable
reference phase noise model, where the Φ PLL1 , Φ dM , Φ fL and Φ mixer is the Laplace
transformed quantity of the PLL output phase noise, divider addition phase noise ,local
oscillator phase noise and the mixer addition phase noise respectively. The output phase
noise of the variable reference is given by
Φ R2 =

Φ PLL1
+ Φ dM − Φ fL + Φ mixer ,
M

the respective spectral density is given by
SΦPLL1 ( f m )
+ SΦdM ( f m ) + S fL ( f m ) + SΦmixer ( f m ) ,
M2
and SΦPLL1 is output phase noise of the PLL in the variable reference and its

SΦR 2 ( f m ) =

where Φ PLL1
spectral density. Because the main loop is a PLL, the Figure 2 can be used to analyze the
main PLL phase noise, so we can obtain the variable-reference-driven PLL frequency synthesizer
output phase noise spectral density:
SVpd 2 ( f m ) + SVF 2 ( f m )  2 2

2
SΦo ( f m ) = SΦR2 ( f m ) + SΦdN 2 ( f m ) +
 N 2 H2 (S ) + S Φosc 2 ( f m )[1 − H 2 ( S )] ......(2)
2
Kd 2



where the subscript “1” and “2” indicate PLL in the reference and main PLL respectively
throughout this paper. According to the equation (2) ,if we choose M, N 1 , N 2 properly, we
can get a satisfied output phase noise performance which is as good as that of the
heterodyne frequency synthesizer.

Figure 3. variable reference phase noise model
3. Spurious Suppression Analysis
According to the Figure 1, the spurious signal of variable-reference-driven PLL
frequency synthesizer mainly caused by:
1)main PLL comparison frequency f R2 leakage.
2)the variable reference PLL comparison frequency f R1 leakage.
3)the spurious signal caused by mixer.
Following we will analyze these spurious suppression individually.
1)the suppression to the main PLL comparison frequency f R2 leakage.
No matter what kind of phase detector we uses in the frequency synthesizer, the
control voltage of the VCO isn’t a ideal DC voltage when the PLL is in locked state,
which contains leakage of input comparison frequencies and their harmonics. The ripple
will modulate the VCO if the loop filter can’t suppress it, and the spurious sideband will
appear in the output of the VCO. Because the higher harmonic frequency is higher than the
loop filter natural frequency, we can just consider the fundamental harmonic. Suppose the
fundamental harmonic voltage of the ripple is Vn,1 , it’s a Laplace transformed quantity.
Utilizing the linear phase model of PLL ,we can consider the Vn,1 as a noise source which
is intervened in front of loop filter , by Figure 2, the phase offset in VCO caused by the Vn,1

can be derived: θ n = Vn ,1

NK o F ( S )
N
= Vn ,1 ⋅
H ( S ) ,where H(S) is the transfer function,
NS + K o K d F ( S )
Kd

as same as equation(1), in fact, m f = θ n is the modulation index of the spurious FM in the
VCO, base the modulation theory, a sinusoidal frequency modulate signal can be written
as Vn,n = Vo J n (m f ) , where Vn ,n is the nth harmonic voltage, Vo is the carrier voltage, for
small values of m f << 1 ,we can approximate the Bessel function magnitudes as J o (m f ) ≈ 1 ,
J 1 (m f ) ≈ m f / 2 , J n (m f ) ≈ 0 for n ≥ 2 , so the sideband-carrier ratio is
 J 1 (m f ) 
V 
Vn,1 N

S = 20 lg  1  = 20 lg 
H ( S )  ...............(3),
 ≈ 20 lg(m f / 2) = 20 lg 
 J o (m f ) 
Vo 
 2 Kd

the suppression to the main PLL comparison frequency f R2 leakage is
V N

S fR 2 = 20 lg  n ,1 2 H2 ( jω R 2 )  ....................(4),
 2 Kd 2

where Kd 2 is the main PLL phase detector gain.

2) the suppression to the variable reference PLL comparison frequency f R1 leakage.
In general case the reference of a PLL frequency synthesizer should be characteristic
of low phase noise and lower spurious, because the variable reference is adopted in our
design ,so the reference of the main PLL isn’t a pure reference, which contain the f R1
spurious FM component and interference caused by mixer in the variable reference
,suppose the variable reference is
f R 2 ( t ) = A cos[ω R 2 t + k sin ω R1t ] ,
where k << 1 is the spurious FM modulation index, modulation frequency is ω R1 ,that’s
the variable reference PLL comparison frequency leakage, ω R2 is the main PLL comparison
 J1 ( k ) 
 ≈ 20 lg[ k / 2] ,
 Jo ( k ) 

frequency ,the main PLL input sideband-carrier ratio is SCRin = 20 lg 

the output of the main PLL is f o2 (t ) = B cos[ N 2 H2 ( jω R1 )(ω R 2 t + k sin ω R1t )] ,
Qω R1 >> ω n2 , ω n2 is the main PLL natural frequency, ∴ N 2 H 2 ( jω R1 ) k << 1 ,
∴ J o [ N 2 H 2 ( jω R1 ) k ] ≈ 1, J 1 [ N 2 H 2 ( jω R1 ) k ] ≈ N 2 H 2 ( jω R1 ) k / 2

∴ Spurious FM sideband-carrier ratio is
 J [ N H ( jω R 1 ) k ] 
 N 2 H 2 ( jω R 1 ) k 
SCRo = 20 lg  1 2 2
 ≈ 20 lg 
 ........................(5),
2


 J o [ N 2 H 2 ( jω R 1 ) k ] 
the main PLL suppression to f R1 is S2 − fR1 = 20 lg[ N 2 H2 ( jω R1 )] ........................(6),

so the variable-reference-driven PLL frequency synthesizer suppression to the f R1 is
V N

S fR1 = 20 lg  1 1 H1 ( jω R1 )  + 20 lg[ N 2 H 2 ( jω R1 )] + 20 lg M ......................(7),
 2kd1


where the first term is the variable reference PLL suppression to the f R1 ,the second term is
the main PLL suppression to f R1 ,the third term is the suppression of divider in the variable
reference to f R1 .
3)the suppression to spurious signal caused by mixer
In the output of a mixer, we can obtain not only frequencies which are sums and
differences of two input frequency, but also other combination which are spurious. These
spurious signal appear as single sideband interference. We know a SSB signal can be
decomposed into AM and FM, the AM sideband can be eliminated by a limiter ,it’s no
harm done to the main PLL output .the FM sideband will affect the output frequency
spectral purity. The main PLL suppression to FM sideband is as equation(6).
As we know the spurious of a heterodyne frequency synthesizer caused by reference
frequency f R leakage and the spurious signal of mixer in the feedback path of the PLL, the
suppression to f R is as equation(3), suppose the variable-reference-driven frequency
synthesizer and the heterodyne frequency synthesizer has the same phase detector gain Kd
and PLL natural frequency ω n , from the equation(7),the first term is the variable reference
PLL suppression to the f R1 , it’s equal to S heterodyne − fR that is the heterodyne frequency
synthesizer suppression to f R . The second term is the main PLL suppression to f R1 ,
Q ω R1 >> ω n 2 , so it’s very small. The third term is the suppression of divider in the variable
reference to f R1 ,∴ S fR1 >> Sheterodyne− fR .From the equation(3), Q ω R2 >> ω R >> ω n2 ,
∴ S fR2 >> Sheterodyne− fR . As to the spurious signal caused by mixer in variable reference, it’s
easier to control than that of in the heterodyne frequency synthesizer, we can either use a
PLL mixer or choose the mixing frequencies properly to purify the variable reference.
4. Loop Stability Consideration
without filtering and delay within the PLL, the PLL is unconditionally stable. however,
instability due to add some filters would occur if we want to have a good spurious
performance, according to the analysis above, we know the spurious performance of a
variable-reference-driven PLL frequency synthesizer is satisfied, it’s no need to add filters
to suppress the spurious signal, which will affect the PLL stability.
EXPERIMENT AND RESULT
As Figure 1,a variable-reference-driven PLL frequency synthesizer with digital tuner
has been constructed in a cavity which dimension is 13 × 14 × 35
. cm 3 ,its frequency range is
100MHZ in S-band, frequency resolution is 100KHZ, its output frequency spectrum is
show in Figure 4 .

CONCLUSION
This paper has analyzed the phase noise and spurious characteristic of a variablereference-driven PLL frequency synthesizer. The analysis and experimental results show
that its output spectrum characteristic satisfy us. Compared to the heterodyne frequency
synthesizer, its spurious performance is better because of PLL narrow-band filter
performance, and the microwave mixer and filters in the feedback path are avoided, so a
variable-reference-driven PLL frequency synthesizer not only makes the PLL stable, it also
simplify in structure and circuit. It can give an improved trade-off among frequency
resolution, phase noise, spurious suppression.

RES BW=3KHZ
10dB/div
RES BW=30KHZ
0dB/div
VBW=RES BW × 0.03 10KHZ/div
VBW=RES BW × 0.03
500KHZ/div
Figure 4. variable-reference-driven PLL frequency synthesizer output spectrum
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DIGITAL CPFSK TRANSMITTER AND NONCOHERENT
RECEIVER/DEMODULATOR IMPLEMENTATION1
Eric S. Otto
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ABSTRACT
As radio frequency communications continue to grow, the available frequency spectrum
becomes a valuable commodity, and as such may best be utilized in smaller and smaller
increments. Hence, bandwidth efficient modulation schemes are desirable in that they
allow better use of the frequency spectrum.
Previous research has considered the spectral efficiency characteristics of several
modulation schemes. It can be shown that eight- and 16-level Continuous Phase Frequency
Shift Keying (CPFSK) can achieve 2 bits/s/Hz spectral efficiency packing density with an
Eb/N0 of 12 dB specified at a 10-5 bit error rate [2]. In addition to its spectral
characteristics, CPFSK possesses two other appealing characteristics. First, CPFSK
maintains a constant amplitude signal, which is appropriate for nonlinear channels, as it
will experience fewer adverse effects than a non-constant envelope signal. Hence, a nonlinear high power amplifier in the signal path is acceptable. Second, the information in a
CPFSK signal can be retrieved via non-coherent demodulation, which is appropriate for
multipath fading channels.
This paper describes a low cost implementation of a CPFSK transmitter and noncoherent
receiver based around the Motorola DSP56002 (56K) digital signal processor. In addition
to the features associated with CPFSK, this implementation requires little power and is
physically small and thus is suitable for many telemetry applications.
1. INTRODUCTION
This project describes an implementation of a continuous phase frequency shift keying
(CPFSK) transmitter and receiver pair. This project has been driven by the need for
bandwidth efficient modulation schemes in telemetry applications on missile ranges. The
current standard for missile range applications is a pulse coded modulation/frequency
modulation (PCM/FM) system with discriminator detection [2]. This existing standard has
1
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a spectral efficiency packing density of 0.85 bit/s/Hz with a 13 dB Eb/N0 signal-to-noise
ratio (SNR) and will achieve a 10-5 bit error rate (BER). One defining parameter of the
system is the modulation index, h, given as
h = 2 fd T

(1)

where f d is the maximum single sided peak frequency deviation and T is the bit period.
Hence, reducing h decreases bandwidth. The current system uses h = 0.7. This project
reduces h to 0.2. Table 1 lists parameters of the CPFSK system implementation.
Table 1: Operating Parameters of CPFSK System
Parameter
fs
Rs
fc

T
h

Description
Sampling Rate
Data Rate
Carrier Frequency
Symbol Interval
Modulation Index

Value
9600 Hz
300 bps
2400 Hz
32 samples
0.2

2. DESCRIPTION OF THE CPFSK SIGNAL
The CPFSK signal is a special case of a phase (PM) modulated signal of the form [1]
2E
T

cos( 2πf c t + φ ( t ))

(2)

where T is the bit interval, E is the energy expended during the bit interval, fc is the carrier
frequency and φ(t) is the modulating phase term which is determined by the input data. The
CPFSK signal is a special case of (2) as φ(t) is constrained to be continuous.
An M-ary system [1] has data symbols defined as αi = {-(M-1), …, -3, -1, 1, 3, …, (M-1)}
for 0 ≤ i ≤ M-1. The phase contribution of the CPFSK signal is then described by
t

φ ( t , a ) = 2πh ∫

∞

∑ α g(τ − iT )dτ
i

− ∞ i = −∞

where
1

g( t ) =  2T
0

0≤ t ≤ T
elsewhere

(4)

(3)

The complex baseband CPFSK signal is then
sl (t ) = e jφ ( t ,a )

(5)

and the transmitted, frequency shifted version will be
s( t ) =

2E
T

cos( 2πf c t + φ (t , a ))

(6)

where only the real part of the signal need be sent as the imaginary part can be obtained
using an in-phase and quadrature (I-Q) demodulator. Equation (6) is equivalent to
2E
T

cos( 2π ( f c ± f d )t ) .

(7)
3. CREATING THE CPFSK SIGNAL

To efficiently generate sinusoids using the DSP, sampled sinusoidal values are stored in
memory in a sine-lookup table. The DSP56K comes with an on-chip ROM containing N =
256 samples of a single sine wave period [3]. These samples are defined by
S ( i ) = sin( i 360
N )

(8)

for 0 ≤ i ≤ N−1, where i is the index into the sine-lookup table.
The sine-lookup table allows the programmer to create low-distortion sinusoids of variable
frequency in real time. The frequency of the sinusoid generated is a function of the
sampling rate and the phase angle increment (∆) between successive sine-lookup table
accesses. By choosing appropriate values of ∆, one can efficiently generate the signal
described by (7) [3]. Note that (7) maintains two unique transmitted frequencies by virtue
of the square pulse shaping function used; therefore, only two unique values of ∆ are
required in order to generate the CPFSK frequencies.
4. RETRIEVING THE TRANSMITTED DATA
Once the data has been encoded, modulated and transmitted, there must be a way to
retrieve the original data. The receiver was implemented in three parts: a demodulator,
correlation filters and a decision algorithm. The demodulator returns the real transmitted
signal to a complex baseband signal. Complex correlation is then done between the signal
received and the two possible signals sent. The correlators output four scalar values, which
are the real and imaginary parts of the received signal correlated with the possible signals
sent. The decision algorithm then operates on the current correlator outputs, as well as the

two previous bit periods’ correlator outputs, and makes a decision on the middle bit under
observation.
Since only the real part of the complex signal has been sent, an I-Q type demodulator,
shown in Figure 1, is used to return the received and sampled signal, r(n), to baseband and
obtain the real and imaginary parts of the transmitted information bearing signal.
Re[e jφ(n,a)] = cos(φ(n,a))

r(n)=cos(2π fc/fsn + φ(n,a))

cos(2πfc/fsn)

Im[ejφ(n,a)] = sin(φ(n,a))

sin(2πfc/fsn)

Figure 1: I-Q Demodulator
where n = 1, 2, … , kN, with k representing the number of bits sent and N the number of
samples per bit.
Once the signal has been returned to baseband, correlator receivers are used to determine
the components of the signal sent with respect to each of the possible signals sent. From
these values, a decision algorithm will make the best estimate of the data symbol sent
based on a maximum likelihood block estimate [4]. From the CPFSK definition, the signal
sent will be
sl ( t ) = e jπhα i T .
t

(9)

Complex correlation requires that the conjugate of the signal sent be used as the
correlating signal for optimum reception. Thus, there are two correlators, each matched to
the conjugate of the possible signals sent. The output of the correlators is defined by
T

Ζ = ∫ rl ( t )e − jπhα T dt
t

(10)

0

where 0 ≤ t ≤ T and rl ( t ) is the received and demodulated complex baseband signal. Using
Euler’s identity, complex multiplication and the trigonometric identities cos(-x)=cos(x) and
sin(-x)=-sin(x), (10) can be expanded to create Figure 2.

T

∫

0
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(C1R)
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to -1 Sent

(C2R)
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(C2I)

+
Re[rl(t)]
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+

T

∫

-

0

Σ

sin(πht/T)
-

T

∫

0

Im[rl(t)]

+

Σ

cos(πht/T)
T

∫

0

+
+ Σ

sin(πht/T)

Figure 2: Theoretical Realization of Correlator Receiver
At the symbol time, T, each correlator output is integrated, sampled and recombined in
such a fashion as to obtain the real and imaginary parts of the received signal correlated
with each of the possible sent signals. Note that each of these outputs has been designated
a variable, representing its time, correlator, and complex status.
While the system shown in Figure 2 is a continuous-time representation of the correlation
and recombination process, a discrete-time equivalent is required. The four multiply and
integrate operations in Figure 2 can be replaced by the four vector inner products
described as
y1( kN ) = R kN Tx c
y2 ( kN ) = R kN Tx s
y3 ( kN ) = I kN Tx c

(11)

y4 ( kN ) = I kN Tx s

where
R kN = [ Re[r ( kN − 0 )] Re[r ( kN − 1)] ⋅⋅⋅ Re[r ( kN − N + 1)]]T
I kN = [ Im[r ( kN − 0 )] Im[r ( kN − 1)] ⋅⋅⋅ Im[r ( kN − N + 1)]]T
x c = [ cos(πh N0 ) cos(πh N1 ) ⋅⋅⋅ cos(πh NN−1 ) ]T

(12)

x s = [sin(πh N0 ) sin(πh N1 ) ⋅⋅⋅ sin(πh NN−1 ) ]T

where k represents the bit period under consideration.
When correlator outputs have been obtained for three bit periods, a metric must be
calculated for each possible data vector sent in order to make a decision on the middle
symbol. For each input data vector, [4] shows that the maximum likelihood block detection
metric (for binary CPFSK and a three symbol observation interval) can be written as

β k ,l , m = Ak + e

− jπhα k

[ Bl + e

− jπhα l

Cm ]

(13)

for k = 1, 2; l = 1, 2; m = 1, 2; and where A is the complex valued correlator output over
the n−2nd bit interval, B is the complex valued correlator output over the n−1st bit interval
and C is the complex valued correlator output over the nth bit interval. The complex
constants are phase contributions from each previous symbol. Hence, (13) calculates β for
2
all possible data vectors. Finally, max[ βk , l ,m ] gives the most likely path and the middle bit
is chosen accordingly.
A digital transmitter and receiver for the binary CPFSK with three symbol observation
interval receiver have been designed and tested. However, before the system can be
implemented to “real world” standards, there are some things to be considered.
Without considering initialization, the system implemented requires a total of
approximately 307 words of program memory. The maximum number of instructions
executed per sample period is approximately 1036. Since the 40 MIPS 56002 can perform
more than 4000 instructions per sample at a 9600 Hz sampling rate, it can easily
accommodate such a computational requirement. Finally, Matlab simulations show that
reliable operation of the CPFSK system requires a minimum of four samples per symbol.
Thus, in theory, an 8000 bps data rate with a 32000 Hz sampling rate yields four samples
per symbol and would be the maximum data rate available for this system when using the
56002 at 40 MIPS. Higher sample rates and thus higher data rates could be accommodated
on a similar DSP board.
The system described has been created using a three symbol observation interval receiver
with a binary CPFSK signal. However, [2] determined that 4-ary CPFSK signaling with
five symbol observation performs much closer to the current standard with respect to BER
performance. When considering an M-ary system with L symbol observation, the number
of decision variables (β) to be considered is M L . By knowing the number of
multiplications necessary for the decision algorithm, x, one can derive an equation that
determines the approximate necessary computational power of the DSP to be used to
determine all values of β as
p DSP = Rs M L x ( instructions
second ) .

(14)

Hence, as M, L and Rs get large, the required computational power of the DSP grows very
quickly, and as such, the required computational power should be thoroughly investigated
before implementation of a higher level CPFSK system in the digital domain is considered.

Another consideration of the system is the multipath fading issue. This system has been
considered for further study due to its supposed desirable characteristics under such
conditions. However, while the multiple symbol observation system performs well in noisy
conditions, a single symbol receiver performs better under multipath fading conditions [2].
It may therefore be desired to investigate schemes to bolster the performance of the
multiple symbol observation interval receiver.
5. BIT ERROR RATE PERFORMANCE RESULTS
Figure 3 shows the results of the CPFSK binary system with respect to a Matlab
simulation with identical parameters. Noise introduced to the signal is additive white
Gaussian noise. Figure 3 shows agreement between the 56K implementation of the
CPFSK system and simulation results from Matlab. Low BER values were not accurately
obtained due to the length of data sets required. However, BER results at lower SNRs
follow theory closely and give no indication that BER performance will deviate at higher
SNRs.

Figure 3: BER Performance of 56K Implementation of CPFSK System vs. Matlab
Simulation
6. CONCLUSIONS
This paper has documented the implementation of a DSP-based system for CPFSK
transmission and reception. Furthermore, the DSP system used requires little power and is
cost-effective. BER results of the system were reliable with respect to theory and
simulations. While higher data rates are possible using the same DSP system, higher
powered processors will accommodate even higher data rates. Finally, concerns regarding
multipath fading and higher order implementations remain, and are candidates for further
research.
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FLIGHT LINE TEST SET,
IRIG TONE GENERATOR AND
FLIGHT TERMINATION TRANSMITTER ON A PC CARD
Tony Cirineo
NAWCWPNS, Point Mugu, CA

ABSTRACT
This paper describes the development of a PC based IRIG tone generator and flight
termination transmitter. The tone generator and flight termination transmitter card are part
of a flight line test set. The test set has several PC based cards which include an S-Band
telemetry receiver, a bit synchronizer, a decommutator, an encryption support card and the
flight termination transmitter card. The test set can perform a complete end to end test of a
weapon's flight termination system prior to loading on an aircraft.
KEYWORDS
Flight Termination, IRIG, DDS, RF Synthesizer
INTRODUCTION
This paper describes the development of a PC based IRIG tone generator and flight
termination transmitter. The tone generator and flight termination transmitter card are part
of a flight line test set for use in the Joint Stand Off Weapon (JSOW) and Standoff Land
Attack Missile (SLAM) programs. A photo of this test set is shown in Figure 1. The test
set has several PC based cards which include an S-Band telemetry receiver, a bit sync, a
decommutator, an encryption support card and the flight termination transmitter card. The
test set can perform a complete end to end test of the weapon's fight termination system
prior to loading on the aircraft.
The Interrange Instrumentation Group (IRIG), now known as the Range Commanders
Council (RCC) has defined a set of standard decoder tones to be used with flight
termination receivers and decoders. These tones are still commonly referred to as IRIG
tones and are listed in table 1. The IRIG tone card has four tone generators capable of
generating any of the IRIG tones (1 through 20) and frequency modulating (FM, at 30 kHz
deviation) them onto a carrier in the flight termination band (400 to 440 MHz). Direct
Digital Synthesis (DDS) chips are used to generate the IRIG tones and a 2.0 GHz Phase

Figure 1: Flight Line Test Set shown with both the built in LCD display, keyboard
and an external VGA monitor.
Lock loop (PLL) chip is used as the RF synthesizer. The output power of the RF
synthesizer is about -10 dBm. A 400 MHz 'rubber duck' antenna mounts to a BNC
connector on the card. The card interfaces to an eight bit PC bus and most parameters are
programmable over the bus via software.
Figure 2 shows the block diagram of the PC card. Each tone generator is capable of
generating any frequency from 1 Hz to 300 kHz, with a frequency resolution below one
Hertz. The IRIG tones span the range from 7500 Hz to 76 kHz. Four different tones may
be generated at one time. The selection of the tones, their amplitude which determines
their deviation, the selection of the RF center frequency are among the features that
operate under software control.
IRIG Tone Generators
The IRIG tones are generated with direct digital synthesis chips available from Analog
Devices, part number AD7008. A block diagram for the AD7008 is shown in Figure 3.
There are several unique features that make this part ideal for this application. Internal to
the AD7008 is a 10 bit digital to analog converter (DAC), so an external DAC is not
required. There are I and Q modulation inputs which in this application are used to control
the output amplitude of the signals. This was useful for setting and controlling the
deviation of the modulated RF output. The external low pass filter is an active 2 pole filter
with a cut off frequency of 250 kHz which is about ten times lower than the DAC sample
rate.

Tone Gen #1

RF Synth

Tone Gen #2
Tone Gen #3
Tone Gen #4
ISA Interface

Figure 2: PC Card Block Diagram

I Mod Reg
Sin/Cos
ROM

10 Bit
DAC

Freq Reg

AD7008 DDS

LPF

Tone Out

Q Mod Reg

Figure 3: Block diagram for the tone generators
The clock frequency to the AD7008 is 2.5 MHz and is derived from the RF synthesizer’s
10 MHz reference oscillator, which is a temperature compensated oscillator with a
temperature stability of 1.5 ppm from -20 to 70 degrees Celsius. Table 1 shows the
frequency precision attainable with a 2.5 MHz clock. The IRIG tones are numbered from 1
to 20 and their frequencies are shown in the table. The Phase word is the 32 bit digital
word that is loaded into the frequency register of the AD7008 to select the output
frequency. As shown in the table all of the IRIG tones can be generated to within 0.025%
of their actual values. This level of precision would be difficult to achieve if traditional
analog methods were used to generate these frequencies.
400 MHz Synthesizer
The 400 MHz RF synthesizer is based on a 2.0 GHz Phase Lock Loop (PLL) chip, the
Q3236 available from Qualcomm. The block diagram for the synthesizer is shown in
Figure 4. The reference oscillator is a 10.0 MHz, temperature compensated crystal
oscillator with a temperature stability of 1.5 ppm. The loop filter sets the natural frequency
and damping ration of the loop. The filter is a 2nd order active filter. The modulating input
from the IRIG tone generators are summed into the loop as shown in Figure 4. The VCO

used is Mini-Circuits part number POS-535. The RF on/off control interrupts the supply
current to the VCO. The Low Pass Filter (LPF) is a 4 pole lump element filter with a cut
off frequency of 500 MHz and serves to attenuate any harmonic out put from the VCO.
Table 1: DDS frequency parameters
Tone
1
2
3
4
5
6
7
8
9
10
11
12
13
14
15
16
17
18
19
20

error
Frequency, Hz
-0.007%
7,500.0001
0.019%
8,459.9998
0.012%
9,539.9999
0.014%
10,759.9999
0.011%
12,139.9999
-0.013%
13,700.0001
-0.006%
15,450.0001
-0.001%
17,430.0000
-0.011%
19,660.0001
-0.001%
22,170.0000
-0.010%
25,010.0001
-0.002%
28,210.0000
-0.023%
31,830.0002
0.022%
35,899.9998
0.019%
40,489.9998
0.025%
45,679.9997
-0.006%
51,530.0001
-0.018%
58,120.0002
0.022%
65,559.9998
-0.022%
73,950.0002

Phase Word
12,884,902
14,534,169
16,389,595
18,485,539
20,856,361
23,536,421
26,542,898
29,944,512
33,775,623
38,087,770
42,966,853
48,464,411
54,683,524
61,675,730
69,561,290
78,477,642
88,527,866
99,849,400
112,631,222
127,045,133

RF On/Off

Tones
Phase Out
Ref Osc

Loop
Filter

VCO

LPF

Lock Detect
RF Input
RF Detect
Q3236

Lock Detect

Figure 4: Block diagram for the 400 MHz synthesizer
The RF output power at the antenna connector is about - 10 dBm. The antenna used in the
test set is a BNC mount rubber duck antenna. The RF detector circuit is based on an
Schottky diode and a comparator. The RF detector and PLL lock detector outputs are
buffered on to the ISA bus for status indicators to the test set software.

The VCO tuning voltage versus frequency curve is shown in Figure 5. The synthesizer will
tune over a range from 350 MHz to about 460 MHz, but only 406, 415, 425 and 429 MHz
are commonly used. The top curve on Figure 5 is the VCO tuning sensitivity plotted as a
function of frequency. The tuning sensitivity over the range of interest, from about 8 volts
to 9 volts is not constant but varies from about 27 V/MHz to 19 V/MHz. This made setting
the required deviation at the various frequencies a function of center frequency. The
programmable output levels from the tone generators made it possible to set the correct
modulation drive level as a function of center frequency under software control.
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Figure 5: VCO characteristics
A link analysis was done for the test set. Figure 6 shows the margin in dB over receiver
threshold plotted as a function of distance in feet. The following assumptions were made,
transmitter power of -20 dBm, transmitter antenna gain of -10 dBi, receiver antenna gain
of 0 dBi, and an operating frequency of 450 MHz. The test set is required to operate over
ranges varying from several inches, in the case of bench testing to hundreds of feet for
flight line testing. The maximum power allowed into a typical flight termination receiver is
-20 dBm and still operate. With an output power of -12 dBm into a rubber duck, the
maximum operating input power to a receiver should never be exceeded in most cases.
The maximum range achievable for flight line testing is about 500 ft.
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Figure 6: Link margin
Software
As part of the PC card development software drivers were developed. The software was
written in C. About 200 lines of code were written. The PC card is controlled through 16
registers that are I/O addressed. Most modes can be programmed through software which
include the frequencies and amplitudes of each of the tone generators, the frequency of the
RF synthesizer and the RF output. All the test set functions are menu driven in a Microsoft
Windows 3.1 environment. This makes the test set very easy to use.
Test Results
A typical output spectrum is shown in Figure 7. The modulating signal is IRIG tone 1 at
7500 kHz. During testing of the PC card several interesting results were noted. As shown
in Figure 1, the PC card is mounted into a portable suit case enclosure. The close
proximity of the other digital cards, such as the PCM decoder and bit sync created some
minor problems to the RF circuits. The VCO tuning line picked up these emissions causing
low level (-40 dBc) digital spurs to appear in the RF output spectrum at many different
frequencies. Several things could have been done different in the design of the card. A
VCO with a lower tuning coefficient could have been used or the sensitive circuits could
have been better shielded.
Additionally, special care was taken in the design of the ISA bus interface. Address, data
and control signals were not allowed to exist at the PLL or the DSS chips in order to

prevent digital hash from appearing on the analog sides of these parts. The address and
data bus signals were gated up to the part only when particular registers on the DDS or
PLL chip were being addressed. Nevertheless, some digital hash is visible in the
unmodulated RF output spectrum.
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Figure 7: Spectrum of transmitter with carrier at 425 MHz, modulation tone is 7.5 kHz, RES
BW 1 kHz, VBW 3 kHz, SWP 600 msec, ATTEN 10 dB, REF 0.0 dBm, 10 dB/, CENTER
425.00 MHz, SPAN 200 kHz

Conclusions
Five of these PC cards are being built for five test sets. The relatively high tuning
sensitivity of the VCO made it difficult to keep unwanted digital signals from modulating
the VCO.

ACHIEVING HIGHER EFFICIENCY
IN VIDEO / TELEMETRY / DIGITAL TRANSMITTERS
USING LATERALLY DIFFUSED METAL OXIDE
SEMICONDUCTOR
FIELD EFFECT TRANSISTORS (LDMOSFETs)
Lloyd L. Lautzenhiser
Emhiser Research, Inc.
2705 Old Highway 40 West
PO Box 189
Verdi, Nevada 89439-0189

ABSTRACT
A 10- or 20-Watt, L- or S-band transmitter commonly consumes the majority of the
available DC power on a telemetry pack -- often more than all the remaining components
combined. A new family of transistors allows a substantial increase in DC to RF efficiency
without the use of complex and costly switching regulators. With ever increasing data rates
requiring more RF bandwidth (and correspondingly lower receiver sensitivities),
transmitters using these transistors offer twice the RF power at little or no increase in DC
current. Alternately, in other situations such as observation balloons, the same RF power
can be achieved with approximately 40% less current resulting in significantly longer
mission life. This paper describes the method for achieving higher efficiency transmitters
using new LDMOSFETs.
KEYWORDS
Laterally Diffused, LDMOSFET, Gallium Arsenide, GaAsFET, Transmitter, Efficiency
INTRODUCTION
This paper briefly summarizes an R&D effort by Emhiser Research, Inc. to determine if a
new family of transistors from Motorola, termed Laterally Diffused Metal Oxide
Semiconductor Field Effect Transistors (LDMOSFET), would facilitate the design of
telemetry transmitters with previously unattainable efficiencies.

DISCUSSION
The majority of conventional telemetry transmitters share a block diagram as shown in
Figure 1. An exciter, which generates the RF carrier and determines the modulation
characteristics, drives one or more linear (class A) amplifier stages which in turn drive the
power stage(s) operating in class C. The transition from class A to class C must occur at a
sufficient power level to ensure that the class C stage always “turns on” at -40°C.
In Emhiser transmitters, this transition occurs at a level of 800 milliwatts.
High power LDMOSFETs, in contrast to high power bipolar transistors, are optimized for
class A or AB rather than class C operation. While a class C stage is more efficient than a
class A or AB stage in terms of RF Power Out/DC Power In, the situation reverses when
the higher gain numbers (S21) of FETs are taken into account. This concept is discussed in
a paper from the 1995 ITC Proceedings [1].
With the advent of LDMOSFETs [2], the circuits of the above referenced paper can be
further simplified. As shown in Figure 2, the higher gain permits the removal of an entire
gain stage and its attendant DC power losses. However, there are application limitations
due to the present (May 1997) state of the art. At the present time, the only >1 GHz
devices available are the Motorola MRF282 (10 Watts) and MRF284 (30 Watts). Lower
and higher power as well as higher frequency devices are in development but are not yet
available. Besides lack of variety, another major limitation of the present devices is
frequency performance. While the overall improvement in efficiency at the lower
(<2 GHz) bands is significant, this advantage vanishes at 2.2 GHz and above due to device
power gains that drop to bipolar levels and the lack of benefit of class C operation.
The primary advantage of LDMOSFETs over GaAsFETs is the ability to operate at higher
drain-to-source voltages thereby obviating the requirement of the switching regulators with
their attendant added circuitry and added electro-magnetic interference (EMI) filtering
complexity. While LDMOSFETs are intended to operate at +26 VDC, GaAsFETs
typically operate in the 10 VDC range necessitating the use of switching regulators so that
the efficiency gain of GaAsFETs over bipolar transistors is not overwhelmed by added
regulator losses.
Assuming the utilization of a power MOSFET pass transistor, the efficiency of a linear
voltage regulator approximately equals the ratio of the regulated voltage divided by the
input voltage. The supply voltage to telemetry transmitters is commonly +28 ± 4 VDC. A
nominal input voltage of +28 VDC and a regulated voltage of +22 VDC results in a
DC/DC efficiency of approximately 78% which nearly equals that of a switching regulator
operating at the same parameters thereby greatly diminishing the advantage of a switcher.

Another advantage of LDMOSFETs over both GaAsFETs and bipolars is the simplicity of
the bias network. GaAsFETs require a negative gate bias (not commonly available) as well
as a turn-on sequencer -- the lack of which can lead to catastrophic failure. Bipolar linear
stages require a low impedance active network for optimal performance. LDMOSFETs on
the other hand require only two low power resistors.
R & D RESULTS

A 5-Watt, D1 (L) band telemetry transmitter was constructed using the Motorola MRF282
LDMOSFET. As previously indicated, this transistor is a 10-Watt device at +26 VDC;
however, with the linear regulator set at +22 VDC and allowing for isolator and low pass
filter losses, a conservative 5-Watt transmitter results.
An RF output of 7.7 Watts was measured with a DC input current to the transmitter of
820 milliamps. The exciter section draws approximately 160 milliamps leaving
660 milliamps for the amplifier -- corresponding to a transmitter efficiency of 33.5% and
an amplifier +22 VDC/RF efficiency of 53.0%. By comparison, typical values for our D1
band high efficiency series bipolar design are an output of 7.0 Watts with an input current
of 1.0 Amp for a transmitter efficiency of 25.0% and an amplifier +22 VDC/RF efficiency
of 37.8%. LDMOSFET efficiencies become even more significant when compared to
industry standard D1 band transmitters which are worst case specified at 5 Watts at
1.5 Amps corresponding to a transmitter efficiency of less than 12%.
FUTURE RESEARCH
In the near future, a conservative 20-Watt, D1 (L) band transmitter could be constructed
with a (not yet available) MRF284 final and (available) MRF280 driver. Moreover, the
efficiency of this transmitter should be even higher than the above discussed 5-Watt model
since the overhead current of the exciter will represent a smaller percentage of the total.
CONCLUSIONS
The advantages of LDMOSFETs are:
1. Due to the high RF gain, one or more amplifier gain stage(s) can be eliminated.
2. Due to Item 1, overall efficiency of the transmitter is greatly enhanced.
3. The linear regulator circuitry is considerably less complex than the switching
regulator as required by GaAsFETs.

4. Without the switcher requirement, the EMI filtering requirement is eased.
5. The bias network is considerably simpler than that required for either GaAsFETs or
bipolars.
The disadvantages are:
1. As of May 1997, no second source exists for the Motorola family of devices.
2. Only two of this family of devices are presently available.
3. Operating frequency is presently limited to less than 2 GHz.
4. The design, simulation, and tuning of these transistors are quite different from
bipolar methods. Consequently, the learning curve in both the design and
production phases of transmitters utilizing these devices may be substantial.
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Figure 1 -- Block Diagram of Conventional 5-Watt, L-Band Transmitter

Figure 2 -- Block Diagram of 5-Watt, L-Band Transmitter Using
LDMOSFET Final Stage

COMPLEX WAVEFORM GENERATION UTILIZING FIELD
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Calvin L. James
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ABSTRACT
The basic building blocks for implementing complex waveform generators using a look-up
table approach are random access memory (RAM) and read only memory (ROM) devices.
Due to technological advancements in field programmable gate array (FPGA)
development, these devices have the ability to allocate large amounts of memory elements
within the same structure. The self containment property makes the FPGA a suitable
topology for complex waveform generation applications. In addition, this self containment
property significantly reduces implementation costs by reducing the number of external
components required to support many applications. This paper examines the use of
FPGA’s in various complex waveform generation applications. In particular, a discussion
will ensue examining possible mappings of the time domain response of the complex
waveform into memory elements of the FPGA. The analyses and examples contained in
the sequel are from existing waveform generation applications, developed for Gauissian
Minimum Shift Keying (GMSK) and Unbalanced Quadriphase Shift Keying (UQPSK)
modulation formats.
KEY WORD
FPGA, GMSK, QPSK, DDS
INTRODUCTION
Simple sine or cosine waveform generators, like that found in Direct Digital Synthesis
(DDS) designs, utilize a read-only memory (ROM) as a look-up table for the development
of the sinusoidal waveform. The sinusoid phases are presented to the address space of a
ROM which associates or maps an output waveform value with each phase input. The rate
at which the phase changes at the input to the ROM is controlled by a programmable
frequency generator. The output of the ROM is presented to a digital-to-analog converter
(DAC) for subsequent analog waveform generation. Since the output waveform contains

discrete amplitude steps as a result of the aforementioned process, a low-pass filter is
added to the DAC output to remove the unwanted harmonic energy. The cut-off frequency
of the filter will depend on the sample clock rate and the rate of any modulation which
modifies the sinusoid signal spectrum.
The programmable frequency generator which presents the sinusoid phase at the input
address space of the ROM look-up table is composed of an adder configured to
mathematically divide the sample clock frequency. The average frequency of the “carry
out” signal of the adder is equal to
f avg =

kf clk
.
2N

(1)

Here k represents the value that produces the desired average output frequency favg, fclk
represents the sample clock rate, and N is the number of stages in the adder [1].
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Figure 1 Functional Complex Waveform Direct Digital Synthesizer
FSK AND PSK MODULATION
Most commercially available DDS’s can generate both PSK and FSK modulated signal
formats. One way to accomplish PSK signaling is to modify the look-up table ROM by
incorporating two sinusoids, each one cycle in length, and one sinusoid the complement
(180 degrees phase difference) of the other. Since each sinusoid will have the same
number of sample points, the most-significant bit (MSB) of the ROM look-up table

address space will select the true or complement waveform. Thus the modulating sequence
will address the MSB of the ROM look-up table to select the proper carrier phase. The
rate at which the lower order bits of the address space of the ROM are “cycled”
determines the frequency of the carrier or sinusoid (See Figure 1).
Generating an FSK modulated waveform requires changing the value of the frequency
number k to correspond to the desired “one-zero” data frequency. Commercially available
DDS’s require the new data frequency be loaded in real-time, thus the need for a real-time
or emulating processor interface. FSK designs using FPGA’s, can store the different
frequency numbers (k) in ROM, RAM, or holding registers that can be addressed
(selected) by the binary modulating data sequence (See Figure 1).
The balanced QPSK waveform generation is available with current DDS technology, while
the unbalanced waveform generation requires a much more complex ROM look-up table
design. In the following paragraph a look-up table development procedure is outlined for
an unbalanced QPSK waveform generation design. The first step in this procedure is to
program a ROM look-up table with one cycle of all possible combinations of the following
composite waveform expression,
 2πm 
 2πm 
A sin  M  + B cos M  .
2 
2 

(2)

Here A and B are the amplitudes of the in-phase and quadrature components of the
waveform. Note that the A and B components have constant magnitudes, however, the
components vary in sign corresponding to their modulating source sequences. Here m is
the phase index and 2M is the number of values (phases) in each cycle of the composite
waveform. All possible combinations of the above expression are the results of the signs of
the amplitude components A and B.

0
1
2
3

Sign(A)
+
+

Sign(B)
+
+

Table 1 QPSK A and B Modulation
Components
Since each cycle of this composite waveform has 2M states, and there are 22 possible
combinations of the “signs,” the two MSB’s of the look-up table ROM’s address space

can be utilized as the independent binary modulator source inputs. In UQPSK the value
assigned to the magnitude A and B is a function of the ratio of the data rates [2]. To
provide a constant composite output power, regardless of the data rate ratio, the voltage
levels should be determined by utilizing the following expression
A=

I
and
I+Q

B=

Q
.
I+Q

(3)

Note, for balanced operation the power in the I channel is equal to that of the Q (I=Q).
SPECTRIAL EFFICIENT WAVEFORM GENERATION
Another complex waveform application which was implemented in an FPGA was the
GMSK modulation format. However, before discussing the GMSK implementation, it will
be helpful to review the preliminaries about the generation of an MSK waveform [3]. The
mathematical expression for an MSK waveform has the form
πbmi  

cos  2πf 0 +
t .
2  


(4)

Where f0 is the carrier frequency, b =1/T is the bit rate and mi=±1 is the ith symbol of the
modulating binary data sequence. Here it can be seen that the phase of the carrier f0
changes ±π/2 radians each bit time. To generate an MSK waveform, we simply utilize the
implementation model for an FSK design with the “one-zero” frequencies being equal to
f0+b/4 and f0-b/4 respectively.
When a baseband rectangular pulse sequence is passed through a low-pass filter and the
filter’s output is used to modulate a MSK generator, the output spectral components will
be reduced as a function of the low-pass filter bandwidth. In fact when a gaussian filter is
used, a spectrally efficient modulation format is produced known as GMSK [4]. The
gaussian pre-filter has an impulse response of the form
g( t ) = B

 2π 2 B 2 2 
2π
exp −
t 
ln 2
 ln 2


(5)

where B represents the low-pass pre-filter bandwidth. To form the rectangular pulse
response of the gaussian filter, the rectangular pulse, p(t), is convolved with the gaussian
filter’s impulse response g(t).
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Figure 3 Gaussian Filter Pulse Response (BT=.5)
Thus the rectangular pulse response s(t) of the gaussian pre-filter has the form
2π
s(t ) = g(t )∗ p(t ) = B
ln 2

t +T

∫
t

 2π 2 B 2τ 2 
exp −
 dτ
ln 2 



 2
 
1  
2
= erf  −
πB(t ) + erf 
πB(t + T ) 
2  
ln 2

 ln 2
 

.

(6)

Again B is defined as the pre-filter 3db bandwidth, and T, the bit duration. For this
application, the BT product has been assigned the value 0.5 and the number of samples per
bit is equal to 8. From Figure 3 it can be seen that the intersymbol interference is confined
to 3 bit times (24 samples).

In order to implement the GMSK design using an FPGA, the baseband data sequence
needs to be mapped into a sequence of frequency numbers which transitions from one
frequency to the next, in accordance with the pre-determined rectangular pulse response of
the filter. The sequence of frequency numbers kj is determined by separating the
rectangular pulse response into three regions, each containing J samples. Note, in this
FPGA GMSK implementation J=8. Label the three regions “next,” R1, “current,” R0, and
“past,” R-1. Each of the J elements in each region is multiplied by its corresponding data
symbol value mi=±1, and summed with the corresponding elements in the other regions.
Using Figure 3, the “next” region is defined by samples contained in the range 0-7. The
“current” region is defined by samples contained in the range 8-15, and the “past” region
corresponds to samples contained in the range 16-23. By specifying that the relationship
between the element’s sample index is modulo J, the corresponding elements in each
region that are to be added are identified. This process is shown between the small
brackets in equation (7). Since the percent full scale values of the gaussian pulse response
are known, equations (1) and (4) are used to develop the sequence of frequency numbers
kj . Note, by substituting the desired output frequency response value (the expression
between the large brackets in equation (7)) for favg in expression (1), the frequency number
sequence kj, can be evaluated.

[

]

b 


2 N  f 0 +  mi −1 R−1, j + mi R0, j + mi+1 R1, j  
4 


kj =
f clk

(7)

Every symbol time a new grouping of data symbols is defined simply by replacing the
symbol “next” with a new symbol, replacing the “current” symbol with “next”, and
replacing the “past” symbol with “current”. Implementing a “non-direct” solution of
equation (7) will reduce hardware complexity and the required resources. The “non-direct”
solution is realized by loading the FPGA ROM elements with the associated sequence of
frequency numbers kj, generated by all possible symbol values (mi-1, mi, mi+1). For the
above GMSK implementation, a 6 bit wide ROM address space is required. The 3 MSB’s
of the address space will permit the association of the data symbol values with a J=8
sequence of transitioning frequencies. The remaining 3 bits will increment sequentially to
address (select) each of the transitioning frequencies, thus emulating the gaussian pulse
response in the frequency domain. Waveform applications which use frequency
modification as their modulating format, as in the above example, would use a pulse
response structure like that shown in Figure 4 to replace the “Frequency Number Memory”
shown in Figure 1. The structures of Figure 1 and 4 are implemented within the same
FPGA which reduces the external component count, and minimizes propagation delays
resulting from limited routing resources.
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Figure 4 Pulse Response Structure For Frequency Modulation Formats
CONCLUSIONS
Advances in DDS technology have contributed to the simplicity and the precision of
waveform generation. The simplicity and precision are a result of the elimination of the
complex analog waveform shaping filter, and the mapping of the time domain filter
response for better predictability. Additionally, FPGA development has permitted the
designs of more complex waveform generators within a single device. These designs are
made possible due to the ability of the FPGA to allocate large amounts of RAM memory
resources within the same device. Significant reduction in propagation time between
elements within the FPGA has permitted the use of this technology in the data
communication environment, where speed is a dominant factor. The programmability of
these devices makes them attractive from the standpoint of being capable of supporting
many different applications with a single printed circuit board design.
This paper addressed the development of a complex sinusoidal look-up table waveform
and signal shaping using a pre-stored time domain filter pulse response. As the FPGA
routing resource propagation times are reduced along with increased package densities,
these devices will be capable of supporting waveform generation designs of increased
complexity and greater precision.
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Abstract
This paper presents the development of a very high shock telemetry system designed to
operate when subjected to acceleration forces of 50,000 g's in a 120mm gun environment.
This system consists of an RF transmitter, a ten channel FM/FM multiplexer, a very
rugged power supply, a microstrip patch antenna, and a sensor module. The sensor module
contains a tri-axial accelerometer designed to measure the projectile's low in-flight radial
and drag forces and two additional accelerometers to measure the projectile's high in-bore
setback and balloting forces. The sensor suite is located at the center of gravity of the
projectile. The patch antenna is incorporated into a radiating structure consisting of a
cylindrical metal tube and a plastic cover. To accommodate the antenna in the space
available, a microstrip antenna is built on a substrate material that has a dielectric constant
of ε = 10. Though the cylindrical metal tube, in which the antenna is housed, acts as a
cylindrical waveguide operating below its cut-off frequency, its relatively short length
allows for adequate power to be radiated for proper system operation.
The telemetry system uses standard off-the-shelf telemetry components that were modified
and repackaged to withstand the 50,000 "g" environment. All components performed very
well in preliminary high "g" (50,000 g's) tests in a laboratory gun at the Army Research
Development and Engineering Center (ARDEC).
Background
At Army Research Development Engineering Center, telemetry instrumentation has been
widely used in applications where the acceleration forces are below 25 Kgís. Above 25
Kgís,the instrumentation size and survivability have presented challenges due to packaging
limitation and shock survivability. In 1990 and 1992, ARDEC tested and evaluated
telemetry systems employing monolithic technology. Those devices operated during and
after the gun shock environment of a 105mm gun. The monolithic system fired in 1990, at
acceleration levels of 67,400 g’s, transmitted telemetry data inbore and after gun exit.

Following the success of this first phase, a second phase was launched. Its objective was
to develop a full monolithic six-channel telemetry system.
Both of these phases were completed successfully. In the first phase it was proved that the
ionized gases did not block the RF transmission in-bore and that internal transmitter
components survived and operated during the shock environments at accelerations above
60 Kgís. In the second phase, the FM multiplexer and the power supply were qualified to
survive hypervelocity gun shocks while powered and fully operational.
The effort conducted this year was targeted at repackaging standard available telemetry
components which do not require significant redesign. The system tested and evaluated
during this effort shown in (Figure 1), was limited to applications where the available real
estate for flight instrumentation is at least two inches in diameter and less than six inches
in length. This rather large physical size was expected to introduce survivability limitations
at accelerations of 100,000 g’s, however, in this case the setback accelerations are not
expected to be above 50,000 g’s. This instrumentation provided a less expensive option to
instrument numerous applications between the 155-mm inbore gun environment and the
inbore environments of 120-mm guns.
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Figure 1. Instrumented Projectile

System Design Overview
Figure 2 shows internal components used to integrate this high ìgî system. There were five
hardware modules: the triaxial accelerometer module, the power supply module, the signal
conditioning and FM multiplexer modules and the RF transmitter module.

RF Transmitter gun hardened
in lab gun to 50 Kg’s
FM Mux packaged for/and qualified
in lab gun at 50 Kg’s
Power supply
Batteries / capacitors combination
capacitors qualified in 105mm gun at 67 Kg’s
Batteries qualified in Lab gun at 50Kg’s
Tri-axial accelerometer module
Drag acceleration scale 0 to 50 g’s
Radial acceleration scale 0 to 20 g’s

The RF transmitter, module 1 operated in a standard telemetry S-Band at 2254.4 MHz .
The FM multiplexer, module 2 consisted of ten data channels with data frequency
responses of 0.5 to 5 kHz and a system signal-to-noise ratio of better than 40 dB.
The power supply module 3 consisted of a previously proven capacitor bank and dry-cell
batteries. Both the capacitors and the batteries were capable of powering the electronics
individually. The capacitors were qualified and proven successful during two previous
hypervelocity tests at 67 Kgís and 50 Kgís in a 105-mm gun. The batteries were tested in
the five-inch air gun at ARDEC at static conditions.
The accelerometer module 4 consisted of two high ìgî accelerometers mounted to measure
the in-bore environment. The accelerometer mounted in the axial direction (Z axis) was
capable of measuring 100 Kgís, the accelerometer mounted in the radial direction (Y axis)
was capable of surviving 50 Kgís in cross-axis and measure radial forces up to 50 Kgís.
Module 4 had three additional low ìgî accelerometers in a special shock absorbing potting
compound designed to absorb the in-bore high accelerations. These accelerometers were
mounted in the axial direction (z axis), in the radial direction (y axis) and a second radial
direction (x axis). They were designed to survive 50 Kgís in the orthogonal direction and
perform very low ìgî measurements at the gun barrel exit. The z axis accelerometer was
calibrated for a maximum acceleration of +/- 50g’s and both radial accelerometers were
calibrated to perform acceleration measurements of +/- 20 g’s in the radial direction at the
gun barrel exit.

‘G’ Hardened Power Supply
Triaxial Accelerometer
Phenolic nose
Signal & Power
Conditioning

FM Multiplexer
RF Transmitter

RF Antenna

Figure 3. High ‘g’ TM system showing nose cone and TM carrier
The RF antenna shown in Figure 3 has a diameter of 2.4 inches and is placed at the base of
the conical steel nose. The patch antenna has been tuned to provide better than 1.1
Voltage Standing Wave Ratio (VSWR). The rectangular patch antenna is probe fed and
has an approximate dimension of 1 inch by 1 inch. The thickness of the substrate is 30
mils and it is sufficient to provide adequate bandwidth for telemetry operation.
Ten Channel FM Multiplex Design
The FM multiplexer (Figure 4) consists of ten channels: channels 1,2,3 were designed for
a frequency response of 5 Khz, channels 4,5,6,10 were designed for a frequency response
of 2 Khz and channels 7,8,9 are internal DC power monitor channels having a frequency
response of 500 Hertz. The system signal-to-noise ratio was designed to be 40 dB.
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Figure 4. TM system diagram
Laboratory Gun Qualification Tests
The power supply batteries were tested several times in the five-inch air gun at 50 Kgís. A
method to encapsulate these batteries was tested and qualified prior to its use in the field
tests. During the battery pre-qualification phase, it was learned that each cell needed to be
coated with a material compatible with the potting compound to ensure good adhesion. It
was also learned that after the 50 Kg shock, the battery voltage was reduced by a 25% of
the nominal voltage.
All Voltage Controlled Oscillators were pre-qualified in the five-inch air gun at 50 Kgís.
These devices were fired without packaging modifications. Consequently, some VCO
substrates cracked and other devices experienced electrical malfunctions. After the 50Kg
firing, it was determined that the internal mechanical structure of the VCO needed to be
reinforced and encapsulated for survival at hypervelocity setback forces.
The RF transmitter was also pre-qualified in the five-inch air gun. In this case, it also was
necessary to modify the mounting of internal printed circuit boards and modify the length
of a few bond wires on these boards. Some sections of the internal volume of the RF
transmitter were completely encapsulated with a very low dielectric material. The redesign
and repackaging steps were performed and several modified RF transmitter devices were
subsequently fired successfully at 55,000 g’s.

Tm Unit #2
Inbore z + / - 100Kg’s
Inbore y + / - 50Kg’s
Radial y + / - 20g’s
Radial x + / - 20 g’s
Drag z + / - 50 g’s
Tm Unit #1
Inbore z + / 100Kg’s
Inbore y + / - 50Kg’s
Radial y + / - 20g’s
Radial x + / - 20 g’s
Drag z + / - 50 g’s

Tm Unit #3
Inbore z + / - 100Kg’s
Inbore y + / - 50Kg’s
Radial y + / - 20g’s
Radial x + / - 20 g’s
Drag z + / - 50 g’s

Figure 5
120 mm Gun Field Tests
The telemetry system prove out phase was conducted at ARDEC’s cave gun shed facility.
Three projectiles (figure 5) were fired out of a 120mm gun at accelerations of 46,000 g’s
and velocities of 1380 meters per second. At this facility, the projectile travels for
approximately 350 feet and impacts into a cave filled with sand.
During these tests, the telemetry system was operating and transmitting while the
projectile was at rest in the breech of the gun. To charge the power supply capacitor bank
and energize the TM system, two wires provided DC power from an external power
source. As the projectile was fired, the external wires broke and the capacitor bank
provided power to the telemetry package. The TM package also contained a battery power
upply which was used to supply DC power when the voltage at the capacitor power pack
reached 25 Volts. Both the capacitors and the batteries were integrated in a manner that
each could provide sufficient DC power to operate the telemetry package inbore and
during flight.

The ground station (Figure 6) consisted of a mobile telemetry van fully equipped with data
collection and data reduction equipment. Four RF receiving antennas were placed at
specific locations. The positioning of the four antennas was calculated for expected
received signal strength as a function of the TM transmitter patch antenna (located in the
projectile) and each receiving antenna. These calculations were performed using a
Mathcad routine. This computer program calculates the angular orientation and physical
distance between the receiving antennas and the transmitting antenna. The free space path
loss and relative location is calculated and plotted for each receiving antenna. This
program provides a simple approach to locate the receiving antennas where the received
signal strength is a maximum. RF signal was received by each of the four receiving
antennas. All received signals were recorded on two 14-track magnetic tape recorders.

Figure 6 Receiving Station Set - up
Results
The objective of the first series of firings was to prove survivability of all telemetry
components and mechanical packaging throughout the flight. In-bore accelerations were
measured by TM units #1 (47,050 g’s) TM unit #3 (45,060). Additional measurements
were performed after setback as the projectiles exited the gun barrel. RF was lost at gun
exit because of an internal structural mechanical problem. This problem was identified
from the data collected and it has been corrected. Additional firings to prove the final
telemetry design will be conducted in August 1997.

Continuing efforts
The first three firings proved that the telemetry design can be packaged for very high
acceleration environments. The August 1997 firings will prove minor design changes and
decrease the flight instrumentation risk to the host program “Enhanced accuracy concept
for gun launched projectiles”. Instrumented flights are scheduled to be performed during
the 1997 fiscal year.
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A PC-BASED RF TEST CONSOLE FOR INTEGRATION & TEST ON
NASA’S LUNAR PROSPECTOR SPACECRAFT
Len Losik
L-3 Communications
Telemetry & Instrumentation
San Diego, CA

ABSTRACT
Lunar Prospector’s project engineering staff selected a Windows PC platform as the RF
test console for the Lunar Prospector spacecraft. The spacecraft test team chose the PCbased RF test console because the PC provides a low-cost, common platform with a
graphical user interface. The PC provides point-and-click, menu-driven windows that are
common throughout the satellite factory. The PC RF test console is being used to exercise
the Lunar Prospector spacecraft RF link for RF commanding, telemetry, and ranging
signals during factory test, including thermal vacuum chamber testing.
For spacecraft command and control at the factory, the PC-based RF test console is
networked to a UNIX workstation over RS-422. The PC RF test console and spacecraft
interface are controlled through a coax switch residing in a test rack next to the
workstation. The PC RF test console is connected directly to the Lunar Prospector
spacecraft using coax cable through the spacecraft Telemetry, Commanding, & Ranging
(TC&R) RF antenna hat for both transmit and receive functions. The PC RF test console is
also connected hard-line to the spacecraft transponder through the transponder RS-422
connection. This connection provides the ability for spacecraft telemetry to be received at
the PC at RF or baseband. The same hard-line spacecraft telemetry data is provided to the
UNIX workstation for comparison.
NASA’s Lunar Prospector project is the first of the Discovery series of “faster, better,
cheaper” missions to be competitively awarded. Lunar Prospector project funding was
capped by NASA to ensure that no overruns would occur. The mission was funded to
support the scientific community’s desire to verify the presence of ice on the moon and
collect environmental data to understand the dynamics that may have led to polar ice
deposits. The Lunar Prospector mission received funding in 1996 with a launch planned
for September 1997.
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INTRODUCTION
The PC was created in 1984 when IBM contracted to a small company in the state of
Washington to provide an operating system for a new desktop computer product. The
operating system’s name was DOS and was, in fact, used by IBM. The desktop PC has
continued to evolve into a low-cost, commercial-off-the-shelf, high-performance platform
for use as a general test tool. In the early 1990s, Telemetry & Instrumentation designed a
telemetry quick-look capability using PC hardware and the DOS operating system.
Proprietary displays were designed for display and analysis tools. When Microsoft
released its Windows operating system, the PC quick-look product was ported to
Windows.
In parallel to the quick-look telemetry system using DOS, a PC-based telemetry and
command board set (TCBS) was designed with digital signal processing (DSP) technology
for the Globalstar satellite constellation. The TCBS included demodulation, modulation,
bit synchronization, and frame synchronization functions on a single DSP-based PC board.
Two other PC boards included an RF receiver, RF transmitter, and upconverter and
downconverter. One of the telemetry quick-look serial outputs was used as a command
formatter and command modulator interface. Tone ranging and pseudo random noise
(PRN) ranging systems were added on a PC board, which provided all the functionality of
a satellite TC&R earth station. The PC board setup and control software was written using
Windows and NT. Today, the TC&R PC uses either a tailored DSP TCBS group of DSP
boards or third-party single-function PC boards to provide the desired functionality. Table
1 compares the different PC platforms for ground station applications.
SPACECRAFT FACTORY INTEGRATION & TEST
The PC RF test console was chosen for Lunar Prospector spacecraft integration & test
(I&T) activities because of its ability to transmit and receive at RF and over an RS-422
spacecraft transponder interface. The PC was connected to the UNIX workstation, which
was part of the test equipment. (The PC receives telecommands over RS-422 from the
workstation and sends frame-synced telemetry back to the workstation for simultaneous
decommutation. The PC receives formatted commands over RS-422 from the
UNIX/OASIS test executive software, converts them to RF, and transmits them through
the coax cable and spacecraft antenna hat.)

Table 1. Comparison of PC Capabilities
Function

DOS

Windows

NT

TCBS

None

<100 kbps

<100 kbps

<1 kbps

Modulation Types

None

PM, FM

PM, FM, QPSK, OQPSK,
Spread Spectrum

FM

Carrier

None

PM, FM

PM, FM

FM

Subcarriers

None

< 1 MHz

< 1 MHz

None

None

Tone, PRN

Tone, PRN

None

Location of Data

None

Carrier, Subcarrier

Carrier, Subcarrier

None

Demodulation

None

PSK

PSK, FSK

None

< 10
Mbps

< 20 Mbps

< 50 Mbps

< 10 kbps

PM, FM

PM, FM

PM, FM, QPSK, OQPSK,
Spread Spectrum

FM

RS-232,
RS-422

Ethernet, RS-232, RS-422,
IEEE-488

Ethernet, RS-232,
RS-422, IEEE-488

None

Commanding

Ranging

Telemetry

Modulation Types

Network

The Lunar Prospector technical team’s goal was to exercise the spacecraft’s RF link prior
to NASA’s ground station RF compatibility test. NASA’s compatibility test van (CTV)
runs RF test procedures on each NASA mission to verify spacecraft and ground station
compatibility. The Lunar Prospector technical team wanted RF command, ranging, and
telemetry receiving links exercised during both ambient and thermal vacuum test to
prepare the spacecraft for NASA’s compatibility testing. For all tests, the PC was
networked to an HP workstation running UNIX spacecraft test software. The UNIX
software was networked to both the Lunar Prospector spacecraft through the spacecraft
transponder’s RS-422 hard-line interface and to the PC. Spacecraft commands were sent
to the PC, and frame-synced telemetry was routed to the workstations via RS-422. The test
& integration configuration for Lunar Prospector is shown in Figure 1.
The PC RF test console was maximized by using the RF link for ambient testing before,
during, and after thermal vacuum testing. The Lunar Prospector test team also used the RF
link during thermal vacuum environmental testing. RF telemetry and commands were sent
in and out of the thermal vacuum chamber through the chamber plate interface as shown in
Figure 2.
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Figure 1. Lunar Prospector I&T Test Equipment
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Figure 2. Lunar Prospector Thermal Vacuum Chamber Configuration
Table 2 identifies Lunar Prospector’s I&T interfaces and Telemetry, Commanding, &
Ranging (TC&R) subsystem parameters.

Table 2. Lunar Prospector Spacecraft I&T Interface Characteristics
Telemetry D/L
Network Interface
Receive RF Carrier Frequency
Intermediate Frequency
Demodulator Input
Demodulator Output
Bit Sync Input
Viterbi Decoding
Code Conversion
Data Rates
Number of Telemetry Measurements
Carrier Modulation
Number of Subcarriers
Subcarrier Offset
Subcarrier Modulation
Analog Measurements
Digital Measurements

RS-422
2273.0 MHz
70 MHz
70 MHz
300 & 3600 bps
300 & 3600 bps
Rate ½, K=7
NRZ-L to NRZ-M
300 & 3600 bps
~300
Phase Modulation
1
1.024 MHz
BPSK
~50
~250

Ranging Types
Number of Tones

Ranging Systems
Tone, PRN
4

Command U/L
Network Interface
RF Uplink Frequency
Carrier Modulation
Subcarrier Offset
Subcarrier Modulation
Bit Rate
Command Word Length
Internal Execute /Execute Tone
Number of Commands
Receiver Carrier Threshold
Command Receiver Threshold
Restricted Commands
Block Commands
Serial Magnitude Commands
Number of Pulse-Type Commands
Number of Relay-Type Commands
Number of Execute Commands

RS-422
2093.0 MHz
PM
16 kHz
BPSK
250 bps
32
Internal
39
TBM
TBM
0
0
~13
~58
~32
1

PRN Rate
Tone Frequencies

1 Mbps
STDN

PC HARDWARE FOR LUNAR PROSPECTOR
PC Telemetry Receiver/Demodulator
The Lunar Prospector PC Telemetry Receiver/Demodulator receives an S-Band RF signal,
phase-demodulates the carrier and PRN ranging tones (when present), downconverts the
demodulated carrier to IF, and demodulates the 1.024 MHz subcarrier with telemetry for
either real-time 3.6 kbps fast or 300 bps slow data. The demodulated PRN ranging and
telemetry data is sent to separate bit synchronizers for timing and correlation. The PRN
range tones are modulated on the S-Band carrier. The 4-tone ranging data is modulated on
the subcarrier. The demodulated range tones are output to the range processor for phase
measurement and range delay calculation and display. The telemetry data is output to the
decommutator for frame synchronization and local decommutation. The frame-synced data
is also transferred to the workstation software over the RS-422 interface for final
decommutation, display, and analysis.
PC Telemetry Bit Synchronizer
The Telemetry Bit Synchronizer receives demodulated telemetry and synchronizes a clock
to the incoming PCM data stream. A Viterbi decoder decodes rate ½, constraint length

K=7 encoded data with eight combinations of connection vector swapping and alternate
symbol inversion. The bit synchronizer outputs clock and data for frame-syncing,
archiving, and data decommutation.
PC Decommutator
The Telemetry Decommutator receives a serial data stream and clock from the bit
synchronizer. The decommutator’s maximum rate is ~20 Mbps NRZ-L PCM with 32K
words per frame. It provides frame and subframe sync functions and serial outputs for
frame sync data transfer to the workstation.
PC Command and Range Tone Modulator
The Command and Range Tone Modulator modulates a command message and range
tones onto the appropriate carrier or subcarriers from inputs controlled by the command
and range software. A Command module receives a TTL input from the command system.
The output of the modulator is a complex IF signal consisting of modulated command and
range tones on a 70 MHz signal output to the upconverter.
PC PCM Simulator
The PCM Simulator generates a user-defined PCM stream that can exercise
frame/subframe modes of processing. Alternatively, the user can take advantage of a set of
predefined wavetrains selectable through a point-and-click user interface. A PCM
wavetrain is available for self-test.
PC Time Code Reader and Generator
The Time Code Reader and Generator is used for setup and checkout prior to use, and for
self-diagnostic routines. It independently provides a tool for time-stamping, diagnostics,
and data redistribution. The time capture is triggered by a pulse (event signal). Timestamping is done every minor frame or once per data buffer.
PC Command Interface
The Command Interface selects the command and generates the command message in the
proper format. The complete command message goes to the command modulator at TTL
for modulation onto a custom-configured signal. The command database can be imported
through spreadsheet-type applications, ASCII, or directly from a floppy disk.

PC Upconverter and Power Amplifier
The Upconverter interfaces with the Command and Range Tone Modulator to receive a
complex 70 MHz signal. The signal is upconverted to S-Band at RF. The S-Band power
amplifier provides a low-level RF signal based on the modulated signal from the Command
and Range Tone Modulator board, and interfaces with the Lunar Prospector RF antenna
hat through a coax cable and connectors. The RF signal includes a command carrier, a
subcarrier, carrier range tones, and subcarrier range tones.
PC WINDOWS NT SOFTWARE
The Windows operating system for the PC RF test console provides a graphical user
interface for hardware and software setup and monitoring, data archiving, and real-time
data acquisition, command generation, and ranging. Windows uses an intuitive, graphical
point-and-click and menu-driven interface for configuring and monitoring all the system’s
hardware and software packages. The PC satellite command and control software runs in
Windows and has the same user interface characteristics.
The Lunar Prospector test team is using the PC for real-time and post-pass data
acquisition, analysis, and archiving capabilities in a PC workstation environment where
data can be distributed from a server to multiple clients. The system features nine different
display tools for data analysis and display, including horizontal bar charts, vertical bar
charts, strip chart recorders, oscilloscopes, text-range displays, tabular text displays,
scrolling text, alarm loggers, and dials.
The software features a Heartbeat Page, shown in Figure 3, that launches the user into
system functions through a point-and-click interface. The Heartbeat Page also provides
quick status of selected parameters and functions. It is reconfigurable to display all or only
a subset of available functions.

Figure 3. The PC Console’s Reconfigurable Heartbeat Page

Figure 4 is an example of a screen display that can be produced using the PC’s telemetry
display and analysis tools.

Figure 4. Telemetry Display Page
PC Command Software
The system’s Command Software stores the satellite command database and formats a
command by adding the appropriate header. It is used for local and standalone test, and
system checkout. Commands that require real-time generation are executed by using the
editing function and third-party algorithms.
PC Ranging Software
The PC Ranging Software calculates the distance from the PC RF console to the satellite
and determines the distance to the satellite based on the round trip time delay of a range
tone/PRN bit stream. Ambiguity is resolved by using several tones. A PRN code is also
used to determine the round trip time from the console to the satellite for use with deep
space missions. The system’s PC ranging tones can be made compatible with NASA’s
Deep Space Network (DSN) tone ranging system.
PC NETWORKING
The PC RF test console uses industry-standard interfaces to transmit and receive data and
commands. The workstation is networked to the PC using RS-422. The PC, too, is
networked to the spacecraft using RS-422. A serial RS-232 port is used to send networked
commands to the spacecraft over coax. The inherent designed-in features of multiple I/Os
allow for networking in a LAN or WAN for data transfer across the network or for
archival. Other network interfaces available for the PC include IEEE-488, MIL- STD1553, Ethernet, and TCP/IP.

CONCLUSION
Telemetry & Instrumentation’s PC RF test console combines the proven, easy-to-use,
common, open architecture of the PC with the needs of satellite designers, builders, and
operators worldwide. A PC running Windows can provide all the command, telemetry, and
ranging capabilities necessary for completing spacecraft factory integration & test. A PC
RF test console can operate as a standalone unit or be networked to a workstation
environment and legacy test equipment. The Lunar Prospector test team lowered costs and
complexity, and increased test team efficiency by using a PC RF test console for
spacecraft factory testing.
REFERENCES
1. Losik, Len, “A PC Workstation for Spacecraft Factory Integration & Test,” July 1997.
2. Losik, Len, “Bringing Space Down to Earth,” Satellite Times, Grove Enterprises,
Brasstown, North Carolina, Volume 3, Number 2, November/December 1996.
3. “Lunar Prospector Command and Telemetry List, Specification No. P108S910-A,”
Appendix A - Command Bit Pattern, Rev. D, November 21, 1996.
4. “Lunar Prospector Mission Transponder and Diplexer Specification,” Contract NAS214256, Specification No. P108S810A, Lockheed Martin Missiles and Space Co. SSD,
Sunnyvale, California, April 29, 1996.
5. “DSN Tracking System, 26M Doppler and Ranging,” Document 810-5, Rev. D, Vol. I,
TRK-40, DSN/Flight Project Interface Design.
6. “DSN Tracking System, Ranging,” Document 810-5, Rev. D, Vol. I, TRK-30,
DSN/Flight Project Interface Design.

A PC WORKSTATION FOR SPACECRAFT FACTORY
INTEGRATION & TEST
Len Losik
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ABSTRACT
PC technology has progressed to the point that it can very effectively support commercial
geostationary spacecraft design, manufacture, test, launch, ground station, and on-orbit
mission control activities. Many of the manufacturers that provide VME spacecraft test
hardware and software are now providing the same functions and performance for the PC.
A PC workstation equipped with single and multiple Pentium processors and Windows NT
software can support single and multiple uplinks/downlinks and provide client/server
capabilities that perform traditional UNIX client/server operations. Such a PC workstation
can provide the functionality, features, and performance necessary for commercial
spacecraft board-level test, unit-level test, subsystem-level test, spacecraft bus and payload
integration, and ground station monitoring and control, as well as on-orbit mission control
activities.
KEYWORDS
Integration, Test, Spacecraft, Satellite, Commanding, Telemetry, GUI, Test Consoles,
Commercial Satellites, Communications Satellites, Commercial Space
INTRODUCTION
Commercial communications satellites and satellite constellation companies are costdriven. Commercial spacecraft builders must implement cost-effective approaches to meet
satellite manufacture, test, and delivery schedules. The size and complexity of commercial
communications satellites continue to grow, and delivery schedules are getting shorter.
Deliveries of new, larger, more powerful commercial spacecraft are now on a 12-18 month
schedule. These accelerated time frames mean spacecraft test equipment must be
continuously available and easy to use.

Since 1984, when the PC was invented, companies that manufacture test equipment for
flight testing and spacecraft factory testing have recognized the suitability of the PC as a
low-cost computer platform able to receive, process, and display telemetry. Many
manufacturers of telemetry test equipment went on to design PC-based products from
existing rack-mount units and VME boards to provide the functions, features, and
interfaces needed for spacecraft integration & test (I&T). One of these companies,
Telemetry & Instrumentation, developed PC test equipment (called NeTstar) to meet the
needs of commercial, NASA, and military spacecraft I&T applications.
Telemetry & Instrumentation merged state-of-the-art PC technologies from two of its
products, the Telemetry and Command Board Set (TCBS) used on Globalstar, and the
Visual Test System (VTS), to create NeTstar. The TCBS is a three-board set that
integrates an RF transmitter, RF receiver, and a digital signal processing (DSP) board for
modulation/demodulation. The VTS is a PC-based data acquisition and display system that
combines telemetry acquisition, processing, display, and analysis tools in Windows
software. Figure 1 illustrates the evolution of the PC for space applications.

NeTstar
d*STAR

PC for Telemetry
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DOS
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VTS

PC for Telemetry
only
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for Telemetry, Ranging,
& Commanding at RF/IF
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Figure 1. The PC’s Development for Space
SPACECRAFT FACTORY INTEGRATION & TEST USING A PC
WORKSTATION
Spacecraft I&T requires various electrical, mechanical, IF, RF, network, and data interface
levels. PC workstations provide a cost-effective platform for providing the functions,
features, and interfaces needed for spacecraft factory I&T. Their accessibility means that
users can easily add program-specific interfaces. In addition, because PC technology
continues to advance, users are guaranteed a built-in upgrade path.

PC I&T equipment can be networked with existing workstations running test executive
software. The system can receive block command strings from the test executive software
and convert them to any of the desired interfaces. RF telemetry can be received,
processed, and routed to the workstation for final processing and archiving. Figure 2 is an
example of a PC workstation networked to a host workstation and spacecraft during
factory I&T.
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Figure 2. Spacecraft Factory I&T Test Equipment Configuration
Using NeTstar for Spacecraft-Level Testing
Table 1 identifies typical commercial satellite factory spacecraft interfaces supported by
commercially available PC hardware and software. More are possible with additional PC
hardware tailored for specific programs.

Table 1. Spacecraft I&T Interfaces Supported by the PC
Category
Power

Bus Command

Description
D Subminiature or
Circular Connector

Multi-Pin D
Subminiature

Item
Voltage

Limits
0 to +100 VDC

Voltage Rise Time
Current
In-Rush Current
Serial/Pulse Commands

50 - 200 msec
0 - 200 Amps
~75 Amps within 1 sec
Uniquely defined protocols

Pulse Voltage
Serial Voltage
Timing (rise/fall)
Command Rate

-10 to +5 VDC
+15 to +30 VDC
100 ns to 100 µs
1 to 20 per second

Category

Description

Item
Noise Immunity

Bus Telemetry

Multi-Pin D
Subminiature

Serial/Bi-Level

Limits
Up to 50 pps with pulse
width < 200 µs
Uniquely defined protocols

Analog
Bi-Level Voltage
Serial Voltage
Timing (rise/fall)
Telemetry Rate
Frequency

0 to 6 VDC
-5 to +15 VDC
+15 to +30 VDC
100 ns to 100 µs
16 Kbps
1 to 40 GHz

Power
Signal Types

RF Signal

SMA, Type N, APC-7,
and Others (varies
dependent on signal
frequency)

IF Signal

SMA Connector

Frequency
Power
Signal Types

Digital Interfaces

Multi-Pin D
Subminiature

RS-422

-150 dBm to 10 dBW
Pure or modulated carrier
(FM, PM, digital)
40 to 200 MHz
-20 dBm to 10 dBW
Pure or modulated carrier
(FM, PM, digital)
Industry standard

Data Rate
Termination
Signal Level
Pressure

1 Hz to 20 MHz
Single-ended or differential
TTL or LVCMOS
Up to 7,000 PSIG

Mechanical

¼-inch Pressure Fitting

PC WORKSTATION HARDWARE
PC Telemetry RF/IF Receiver/Demodulator
The Telemetry RF/IF Receiver/Demodulator receives the RF downlink signal, amplifies
the low-level signal, phase-demodulates the carrier and PRN ranging tones, downconverts
the demodulated carrier to IF, and demodulates the carrier and subcarrier with multiple
telemetry subcarriers for real-time fast and slow or real-time and dwell data. The
demodulator provides clock and data to the bit synchronizer. Viterbi convolutional
decoding at rate ½, constraint length K=7 can be programmed on and off.
PC Telemetry Bit Synchronizer
The Telemetry Bit Synchronizer receives demodulated telemetry and synchronizes a clock
to the incoming PCM data stream. The bit synchronizer conditions the input signals
through analog and digital filters for signal conditioning and automatic gain, offset,
frequency, and phase control. These techniques allow the module to make bit decisions
while doing code conversion. The bit synchronizer module can extract data and clock from

white noise and unwanted spectral frequencies. The output is low noise PCM telemetry
and a synchronized clock for decommutation. A second Viterbi decoder decodes rate ½,
constraint length K=7 encoded data with eight combinations of connection vector
swapping and alternate symbol inversion. This capability allows a BER improvement of
5.2 dB @ 10-5 BER. Bi-phase-L encoding is also supported.
PC Decommutator
The Decommutator receives a serial data stream from the bit synchronizer. The
decommutator’s maximum rate is ~20 Mbps NRZ-L PCM with 32K words per frame. It
provides frame and subframe sync functions. The decommutator utilizes a PCI bus, which
is a 32-bit bus that operates at up to 33 MHz with a planned upgrade to 66 MHz.
PC Command and Range Tone Modulator
The Command and Range Tone Modulator is controlled by the command formatter and the
command and range software. It modulates a command message as well as range tones
onto the command subcarrier and range carrier/subcarrier. The modulator receives a TTL
input from the command system. The output of the modulator is a complex IF signal
consisting of modulated command and range tones on a 70 MHz signal.
PC PCM Simulator
The PCM Simulator generates a user-defined PCM stream that can exercise
frame/subframe modes of processing. Alternatively, the user can take advantage of a set of
predefined wavetrains selectable through a point-and-click user interface. This feature is
used for setup and checkout prior to use and for self-diagnostic routines. A simulated PCM
wavetrain is available for self-test.
PC Time Code Reader & Generator
The Time Code Reader & Generator provides an effective tool for time-stamping,
diagnostics, and data redistribution. Time capture is triggered by a pulse (event signal).
The time code reader can read IRIG-A and -B time formats, and makes data available for
use with third-party hardware and software.
PC Spacecraft Command Interface
The Command Interface accesses the command database and generates the command
message. The complete command message goes to the command modulator for modulation

onto a complex IF signal. The command database can be imported through spreadsheettype applications or directly from a floppy disk.
PC WORKSTATION SOFTWARE
Windows NT Operating System
The PC workstation’s Windows NT software provides system setup and monitoring, data
archiving, and real-time satellite data acquisition, command generation, and ranging. The
software uses an intuitive, graphical, point-and-click and menu-driven interface for
configuring an array of hardware PC boards and PC software packages.
The PC workstation’s software features a Heartbeat Page, shown in Figure 3, that launches
the user into system functions. The Heartbeat Page also provides quick status of selected
parameters and functions. PC workstation system and customer-purchased COTS software
can be used for antenna control and status, command generation, telecommand processing,
attitude determination, ground and satellite antenna pointing, ephemeris generation,
client/server control, processing, and subsystem analysis, as well as PC local and remote
control, command generation, telemetry processing, and local commanding.

Figure 3. The PC Workstation’s Reconfigurable Heartbeat Page
The PC’s databases provide full command and control needs. In addition, the PC
workstation receives command strings from host systems and sends frame-synched
telemetry data back to the network. The command strings are taken off the network,
converted, and transmitted to the spacecraft or to flight equipment.
The PC workstation software can handle multiple RF carriers, IF signals, subcarriers, data
streams, and command links. The software provides real-time and post-pass data
acquisition, analysis, and archiving in a true network-based environment where data can be
distributed from a server to multiple clients. Analysis displays and tools include horizontal

bar charts, vertical bar charts, strip charts, scope charts, range displays, tabular displays,
scrolling text, alarm loggers, and dials. A set of standard telemetry processing algorithms
is provided with the software. Custom algorithms are easily added using a template.
Figure 4 is an example of the kind of screen display that can be produced using the PC’s
telemetry display and analysis tools.

Figure 4. Example of a Satellite Telemetry Display Page
PC Command Software
The Command Software stores satellite command databases and formats a command by
adding the appropriate header. The Command Software is ideal for local and standalone
test and system checkout, and for independent system use.
PC Ranging Software
The Ranging Software generates a range solution using discrete tones and/or a pseudo
random noise (PRN) sequence. Ambiguity is resolved by using multiple tones.
CONCLUSION
The PC, with Windows NT software, can provide all the capabilities necessary for
supporting spacecraft factory I&T. Telemetry & Instrumentation’s NeTstar integrates
hardware, software, and industry-standard network interfaces into a PC workstation that
can operate as a standalone unit or be networked to a workstation environment and legacy
test equipment. Using a common, low-cost, commercially available PC platform like
NeTstar throughout all areas of the spacecraft factory (from systems engineering through
final factory test) lowers costs and complexity, while increasing team efficiency.

REFERENCES
1. Losik, Len, “A PC RF Test Console for Integration & Test on NASA’s Lunar Prospector
Spacecraft,” July 1997.
2. Losik, Len, “Bringing Space Down to Earth,” Satellite Times, Grove Enterprises,
Brasstown, North Carolina, Volume 3, Number 2, November/December 1996.
3. “Lunar Prospector Command and Telemetry List, Specification No. P108S910-A,”
Appendix A - Command Bit Pattern, Rev. D, November 21, 1996.
4. “Lunar Prospector Mission Transponder and Diplexer Specification,” Contract NAS214256, Specification No. P108S810A, Lockheed Martin Missiles and Space Co. SSD,
Sunnyvale, California, April 29, 1996.
5. “DSN Tracking System, 26M Doppler and Ranging,” Document 810-5, Rev. D, Vol. I,
TRK-40, DSN/Flight Project Interface Design.
6. “DSN Tracking System, Ranging,” Document 810-5, Rev. D, Vol. I, TRK-30, DSN/Flight
Project Interface Design.

Satellite Ground Station Cost/Performance Appraisal
David E. Massey
Universal SpaceNet, Inc.
417 Caredean Drive
Horsham, PA 19044
215-328-9130

ABSTRACT
The proliferation of Low Earth Orbiting (LEO) science, earth resources and eventually
global communications satellites either in orbit or planned, requires a much lower cost
methodology for ground support. No longer is it economically feasible to consider a single,
dedicated satellite tracking station to service a LEO spacecraft. An innovative approach is
needed to lower the cost of LEO satellite data services thus contributing to the expansion
of the commercial space market. This appraisal will cover the performance aspects needed
for LEO tracking support and offer a unique and new solution to providing TT&C and
payload services.
KEY WORDS
Satellite ground stations, Space communications, TT&C, Telemetry reception, Satellite
telecommand.
INTRODUCTION
Historically, it has been required by a satellite program to arrange for or procure tracking
station resources in support of Telemetry, Tracking and Command (TT&C) and payload
data reception requirements. These ground station resources are extremely capital
intensive in that adequate antenna, radio receiving, and data processing hardware costs
could easily approach $1.5M. In addition to the initial cost of procurement and installation
of the ground resources, the satellite program then has to provide manpower for
maintenance, operation, continuing engineering, and the cost of ground station
infrastructure. Annual maintenance and operation of “so-called” autonomous ground
stations can be expected to cost in the neighborhood of $150,000 per year. In addition, the
initial cost of the infrastructure required, such as a building, concrete work to support the
antenna, power installations and communications equipment to state the obvious, could
cost on the order of $200,000. If the project procures its own ground station, and assuming

a satellite program of 3 years being typical for the scientific community, the total cost of
ground support is summarized in the following table:
ITEM
GROUND STATION PROCUREMENT

TYPICAL COSTS
$1,500,000

INFRASTRUCTURE

$200,000

MAINTENANCE, OPERATIONS,
COMMUNICATIONS, AND
CONTINUING ENGINEERING
TOTAL

$450,000

COMMENTS
5 METER S-BAND
ANTENNA, RECEIVING
AND PROCESSING
EQUIPMENT.
BUILDING, ANTENNA
PADS AND SECURITY
$150K PER YEAR FOR 3
YEARS OF OPERATION.

$2,150,000.00

The above table indicates that the cost of procuring, operating, maintaining and supporting
a dedicated ground terminal for a satellite program of 3 years can cost in excess of $2.0M.
Considering that the majority of the $2.0M (at least 1.5M for the station hardware and
$0.2M for the facility ), must be paid up front, the ground station is a significant expense in
the operation of any satellite program. With the expected proliferation of Low Earth
Orbiting (LEO) scientific satellites in the coming decade an alternate approach is needed to
provide lower cost ground support. This paper studies the advantages of a fully
commercial satellite tracking network to provide low-cost satellite TT&C services.
COMMERCIAL GROUND NETWORK
Now that the need for commercial tracking services has been identified, considerable
attention must be paid to the implementation of the system. To effectively compete with
stand-alone, project-owned ground station resources, the commercial service must be able
to provide TT&C and payload data on a “shared” basis. Sharing resources provides the
ability to amortize the capital cost of the station hardware and communications facilities,
including the recurring cost of operations over several LEO satellite projects.
To maximize the commercial viability of this type of enterprise requires the ability to
support as many satellite projects as possible. It is not economically feasible to provide a
single station to each project on a no cost basis and then expect to charge that single
project a “lease fee” for the station. This approach would require roughly the same
investment from the project with the only advantage being the capital to procure and build
the station would not be required. While this does offer some advantages to the project, it
is not highly desirable because of the lack of long-term capital advantages.
LEO satellite orbits range from equatorial to polar in varying degrees. The following table
contains a typical list of scientific satellites and their respective orbit inclination:

SATELLITE
FUSE
SWAS
FAST
LANDSAT - 7
TOMS - EP

ORBIT
25 degrees
65 degrees
83 degrees
98 degrees
99 degrees

ORGANIZATION
APL/JHU
NASA
NASA
NASA
NASA

LAUNCH
NOV. 98
FEB. 97
AUG. 96
MAY 98
JUNE 95

An innovative way to provide low-cost satellite tracking services to a wide variety of LEO
spacecraft is to consider the use of a Commercial Ground Network (CGN) for tracking
support. Envision a system where the satellite user (or Principal Investigator/Scientist) is
seated at a computer terminal which is connected through a commercial telecommunication
service to a Network Management Center (NMC) that provides him real-time access to his
LEO satellite, such a system saves him many times the cost of traditional support. This
CGN would allow the user to have unprecedented access to his LEO satellite regardless of
its orbit inclination. In order to support both polar and equatorial LEO’s in a variety of
orbital inclinations the network must contain strategically located global resources.
REMOTE GROUND STATIONS
A Commercial Ground Network of remote ground stations (RGS) would have to support
Low and Medium Earth Orbiting (LEO and MEO) satellites. The RGS must be true multimission support systems with a high degree of tunability and programmability built in.
Baseline stations would be built in strategic locations such as Hawaii (for equatorial) and
Alaska (for polar) to provide support for “S” band TT&C and “X” band. The remote
ground stations (RGS) must have a high degree of autonomous operation and must be fully
remotely controlled. The stations must be controlled by a centrally-located Network
Management Center (NMC) to provide single-point access to the global RGS’s. Figure 1
shows the high level topology of the network.
To provide a cost-effective, reliable and secure operation the network must be connected
with Public switched Internet services (T1/Frame relay) and PPP telephone circuits. Each
RGS should have, as a minimum, 128Kbits/second data service to and from the NMC.
Additional bandwidth to 1.544 Mbits/second can be obtained on an “as needed” basis to
support higher data rate operations in real-time. The user always connects to the NMC for
telecommand and real-time telemetry data. Future availability of higher rate, commercial
telecommunication services will allow cost-effective enhancements to the CGN increasing
the real-time bandwidth available for mission support.
The NMC will validate all telecommands before forwarding them to the appropriate
remote ground station (RGS). All RGS’s will have the same complement of backend
equipment and will communicate using the same protocols. Users may connect via PPP
(modem or Integrated Services Digital Network (ISDN) dialup) if extra security or
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Figure 1 - CGN Network Architecture
promptness (deterministic routing) is needed. The NMC always connects to the RGS’s
with PPP for secure telecommands and reception of real-time housekeeping data. Use of
the PPP allows for fast connectivity with no delays in service. The user with appropriate
authorization can obtain data files directly from the station. The frame relay connectivity
allows for large data file dumps to the NMC and users as well as system reconfiguration
and maintenance . The user may also temporarily install specialized equipment at the RGS
site for specific missions.
The stations are controlled via Transmission Control Protocol/Internet Protocol (TCP/IP)
in a client/server architecture, Figure 2 shows a typical station block diagram. Each RGS is
constructed using well known commercially available telemetry equipment. The stations
are controlled via client/server software remotely from a network management center.
Using well known commercial equipment adds reliability and modularity to each RGS.
The ability to upgrade performance is built into the system, the latest ground support
equipment can be interfaced with a minimum of effort. The RGS will also contain “hot”
redundant spares that can be switched into the system if needed. Each station will be
remotely controlled from the NMC for routine and stable mission support, but will be
manned for powered flight operations, injection, and special mission support. The stations
should, at a minimum, support all the requirements and protocols in the following list:
1)
2)
3)
4)

“S” and “X” band receive
“S” band transmit
Subcarrier demodulation
Transponder support for NASA, CNES, DOD, etc

5) CCSDS data processing
6) QPSK, BPSK, PM, FM, AM modulation types
7) IRIG telemetry codes
8) Viterbi decoding
9) Reed Solomon error detection/correction
10) TCP/IP data and command transport
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Figure 2 - RGS Block Diagram
TYPICAL APPLICATION
Assume that The University of Space Sciences is building a small satellite for a 12 month
mission, for the purpose of this paper we’ll use the name Atmosphere Monitor (AM). The
AM satellite will be launched from the Kennedy Space Center by the “Intrepid”
expendable launch vehicle headed for an altitude of 800 KM at an orbit inclination of 25
degrees. The satellite requires 2 contacts/day, the Principal Investigator must find a way to
support this mission within his budget. The entire budget for the mission operations
including flight ops, staff, science and ground station support is under $1.0M, which is
considerably less than would be needed to purchase the ground station hardware alone.” A
CGN can provide support for this mission on a per/pass basis, with a cost savings of an
order of magnitude over the mission life, compared with procurement and operations of a
dedicated ground station.
At an altitude of 800 KM, the Atmosphere Monitor (AM) spacecraft completes roughly 13
orbits every 24 hours. Figure 3 shows AM coverage provided by two Universal SpaceNet,
Remote Ground Station (RGS) elements with 5 degree elevation contours drawn around
each site. In this case, the use of a CGN provides coverage of 9 of the possible 13 daily

orbits of the AM spacecraft. The PI may choose the 2 best passes of the day for scheduling
and on a priority-basis could have access to 7 more if needed for contingency. Also, if a
problem occurs with a given pass, the PI has another opportunity to “see” the AM
spacecraft at the other site on 3 of the 9 passes. This built-in redundancy is provided
automatically by the Commercial Ground Network at no additional cost to the PI.
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Figure 3 - Atmosphere Monitor (AM) Ground Coverage
CONCLUSION
In conclusion, if a satellite program is considering obtaining their own ground station in
order to support a mission or if “true cost” accounting and amortization must be adhered to
using an existing resource, a CGN will save great effort and considerable expense while
offering a significant increase in redundancy and reliability.
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ACRONYMS
CCSDS
CGN
IRIG
ISDN
LEO
LEO-T
NMC
PPP
PSTN
RGS
TCP/IP
TT&C

Consultative Committee on Space Data Systems
Commercial Ground Network
Inter-Range Instrumentation Group
Integrated Services Digital Network
Low Earth Orbiting
Low Earth Orbiting satellite tracking Terminal (NASA)
Network Management Center
Point to Point Protocol
Public Switched Telephone Network
Remote Ground Station
Transmission Control Protocol/Internet Protocol
Telemetry, Tracking, and Control
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ABSTRACT
This paper details the interaction of a small satellite with a space network and estimates
the number of contacts and duration of contacts between the small, spin-stabilized satellite
and a TDRS satellite. The simulations were performed using Satellite Tool Kit (STK)
version 3.0, an orbital analysis software program. STK was configured for the four
vehicles representing the spin-stabilized satellite and three TDRS satellites, TDRS East,
West, and TDRS Zone of Exclusion. A set of simulations were run in which the spinstabilized satellite was given orbital elements corresponding to an orbital altitude between
600 km and 1200 km. The orbital inclination angle for the set of simulations was also
varied from 20o through 100o along with the antenna cone angle of 10o through 40o to
account for the effective beamwidths. In each of the simulations, the access to each TDRS
satellite in the SN constellation was examined as a function of orbital altitude, orbital
inclination angle, and antenna cone angle.
KEYWORDS
Space Network (SN), Satellite Tool Kit (STK), Tracking and Data Relay Satellite (TDRS),
Half Power Beam Width (HPBW), National Aeronautics and Space Administration
(NASA), and White Sands Complex (WSC)
INTRODUCTION
To overcome the limit on data transmission, the Space Network (SN) operated by the
National Aeronautics and Space Administration (NASA) has been used to transmit data to
and from orbit using the Tracking and Data Relay Satellites (TDRS) in space and
interfacing to the White Sands Complex (WSC) in New Mexico as the ground entry point.
The advantage of the SN over a fixed ground station is that most orbits will be within the
visibility area of at least one of the TDRS within the SN for a large part of the orbit. Small
satellite users have not often considered using the SN because of problems in scheduling

communications and the cost in weight and power to use gimbaled, directional antennas
for the communications support. The purpose of this paper is to show that the SN can be
accessed using non-gimbaled antennas to achieve the space-to-ground transmissions.
PRELIMINARY STUDY
An initial investigation was developed primarily using MATHCAD and Visual Basic
programming to perform hand-coded analysis and were reported in [1], [2], and [3]. This
paper extended the preliminary study in the following ways:
1. The simulation period was extended from the previous maximum of 10 days to 30 days
2. The number of TDRS satellites in the SN constellation was enlarged to three to allow

for the current TDRS positioned to close the Zone of Exclusion over the Indian Ocean
3. The commercial orbital analysis program Satellite Tool Kit version 3.0 [4] was used in
order to improve the simulation methodology.
The STK program was an advantage over the hand-coded analysis because it included
perturbation models for propagating the orbital elements and the ability to choose the
attitude control system model for the satellites.
SIMULATION ENVIRONMENT
STK was configured for a constellation of three TDRS spacecraft with the orbital elements
given in Table 1 and taken from [5]. The TDRS constellation was configured for both the
nominal TDRS East (TDRS-E) and West (TDRS-W) spacecraft plus the third TDRS
positioned to close the Zone of Exclusion (TDRS-ZOE) over the Indian Ocean. The
spinning satellite was configured in STK with the elements shown in Table 2. The attitude
control model was that of a nadir-pointing, spinning satellite. An example plot showing the
TDRS locations and a sample of the spinning satellite orbits over a 24-hour period is given
in Figure 1.
A contact between a given TDRS and the spinning satellite occurs when the antenna model
on the TDRS is visible to the antenna model on the spinning satellite as illustrated in
Figure 2. At position #1 of Figure 2, the two antennas are not mutually visible, while at
position #2 of Figure 2, they are visible. The STK program tracks the time of these
contacts automatically and produces a report listing them over the simulated 30-day
duration. The antenna model used on the TDRS is emulating the Multiple Access antenna
system. In STK, antennas are modeled as sensor objects and associated with each sensor
object is its visibility. In STK, this is called the cone angle and it represents the half-angle
of the cone containing the full response of the sensor. For an antenna, this total cone angle

would correspond to the Half Power Beam Width (HPBW). The cone angle used in STK
was therefore one-half of the HPBW.
Table 1. Orbital Elements for the TDRS Spacecraft Used in the STK Simulations
element
TDRS-E
TDRS-W
TDRS-ZOE
epoch
96309.07964
96309.52072
96310.80323
MM (rev/day)
1.00269234
1.00270108
1.00269
eccentricity
0.0008832
0.0004056
0.0005781
inclination (degrees)
0.169
0.0743
2.7767
wp (degrees)
119.7426
173.4374
153.3718
RAAN (degrees)
90.1551
80.9672
71.2162
MA (degrees)
181.4839
162.7795
195.285

Table 2. Orbital Elements Used for the Spinning Satellite in the STK Simulations
element
value
MM (rev/day)
13.16 through 14.89
Altitude (km)
600 through 1200
eccentricity
0
inclination (degrees)
wp (degrees)
RAAN (degrees)
MA (degrees)

o

o

20 through 100
0
0
0

Figure 1 - Example orbital ground tracks for the three TDRS satellites and the
spinning satellite over a 24-hour period using STK to perform the
simulation.

TDRS

Position #1
TDRS field of view

LEOSAT field of view

Position #2

LEO
Earth’s Surface

Figure 2 - TDRS/LEO Satellite Access Geometry.
RESULTS
The access of the satellite was simulated over the following sets of conditions:
a. orbital altitude covering 600 km through 1200 km
b. orbital inclination angle covering 20o through 100o
c. antenna cone angle of 10o through 40o corresponding to effective beamwidths of 20o

through 80o.
The simulation analysis recorded the start and stop time of each access period between the
spin-stabilized satellite and each TDRS, the pointing angles, and the slant range between
the satellites.
The following statistics were examined as a function of orbital altitude, orbital inclination
angle, and antenna cone angle:
a.
b.
c.
d.

minimum, maximum, and average contact length in minutes
total daily contact duration for each TDRS and the SN constellation
average number of contacts per day for each TDRS
average contact duration.

Figure 4 and 5 plot the results for TDRS West illustrating the average number of contacts
per day and the average contact duration. The TDRS East and ZOE satellites have very
similar results so only TDRS West is shown. Figure 6 illustrates the total SN constellation
average daily contact time.
CONCLUSION
The improved simulation methodology with orbital element propagation technique proved
to be similar in comparison with the basic simulation methodology. The non-gimbaled
antenna pointing showed that at least 3 contacts per day were possible with existing
technology and up to 15 contacts per day were possible with the correct choice of antenna
and orbital inclination. The non-gimbaled antenna pointing gives sufficient contact time
through the entire SN constellation to make this communication mode reasonable to
investigate for actual usage. The study also proved that by adding the third TDRS covering
the Zone of Exclusion, this enhanced the contact availability and total time per day for
contacts.
The orbital analysis shown here indicated that there was reasonable expectation that
accessing the SN for space-to-ground communications from a spin-stabilized satellite with
a fixed-antennas was possible. Naturally, the exact amount of time available to a user will
be a function of the current network loading and mission operation needs.
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Figure 3 - Average Number of Contacts per Day as a Function of Orbital Altitude, Orbital
Inclination Angle, and Antenna Cone Angle for TDRS West
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Figure 4 - Average Contact Duration as a Function of Orbital Altitude, Orbital Inclination
Angle, and Antenna Cone Angle for TDRS West
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Figure 5 - Total Constellation Average Contact Time as a Function of Orbital Altitude,
Orbital Inclination Angle, and Antenna Cone Angle
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AUTOMATED HEALTH OPERATIONS
FOR THE SAPPHIRE SPACECRAFT
Michael A. Swartwout* and Christopher A. Kitts†
Stanford Space Systems Development Laboratory
Stanford, CA 94305-4035

ABSTRACT
Stanford's Space Systems Development Laboratory is developing methods for automated
spacecraft health operations. Such operations greatly reduce the need for ground-space
communication links and full-time operators. However, new questions emerge about how
to supply operators with the spacecraft information that is no longer available. One
solution is to introduce a low-bandwidth health beacon and to develop new approaches in
on-board summarization of health data for telemetering. This paper reviews the
development of beacon operations and data summary, describes the implementation of
beacon-based health management on board SAPPHIRE, and explains the mission
operations response to health emergencies. Additional information is provided on the role
of SSDL's academic partners in developing a worldwide network of beacon receiving
stations.
KEY WORDS
Health management, Beacon, Spacecraft operations, Data summary, Anomaly detection,
Automation.
INTRODUCTION
Two trends are forcing significant changes in spacecraft operations. The first is pressure to
reduce cost, such as ground-to-satellite communication links, operator man-hours, and
operator training. The second is the growth of multi-satellite, coordinated missions; not
only are there more spacecraft, but such missions introduce systematic problems related to
constellation management. Taken together, these changes make the operations problem
intractable using standard operator-intensive methods. New approaches to spacecraft
operations are necessary.
*

Doctoral Candidate, Aeronautics & Astronautics, Stanford University
Doctoral Candidate, Mechanical Engineering, Stanford University. Caelum Research Corporation, NASA Ames Research
Center, CA.
†

One proposed approach to handling these new constraints is automated health
management. This method reduces cost in two ways: operator workload is reduced by
performing routine health monitoring using automated systems; and communication
requirements are reduced by migrating this automation to the spacecraft. Of course,
spacecraft autonomy brings new challenges in determining the amount and type of
information necessary to relay to ground operators. For example, operators will no longer
be able to access an archived database to "catch up" on spacecraft health history. There
are also questions of how robust spacecraft autonomy is to unexpected behavior and
events. In meeting such challenges, the role of telemetry in spacecraft operations is being
redefined.
After reviewing the laboratory's satellite and operations architecture, this paper outlines the
beacon-based health management approach undertaken by the Space Systems
Development Laboratory (SSDL) at Stanford University. The ASSET experimental
mission operations system is being used to develop methods for automated health
management, with the SAPPHIRE microsatellite as a testbed. After background
information about the satellite and operations architecture, this paper outlines the health
management system. Questions are raised about informing operators of important issues
on-board, leading to a new view of telemetry. This paper also highlights the role of
universities in researching and developing telemetry systems.
THE SPACE SYSTEM DEVELOPMENT LABORATORY RESEARCH
PROGRAM
SSDL was chartered in 1994 to provide world class education and research in all aspects
of spacecraft design, technology, and operation. To achieve this goal, SSDL members
enroll in a comprehensive academic program composed of coursework, project experience
and research investigations. As one of their investigations, SSDL is actively involved in
research in spacecraft operations and automation.
The Satellite Quick Research Testbed (SQUIRT) Microsatellite Program - The SSDL
SQUIRT program [1] is a yearly project through which students design and fabricate a real
spacecraft capable of servicing low mass, low power, state-of-the-art research payloads.
By limiting the design scope of these satellites, the project is simple and short enough so
that students can see a full project life cycle and are able to technically understand the
entire system. Typical design guidelines for these projects include using a highly modular
bus weighing approximately 25 pounds, a hexagonal form that is roughly 9 inches high by
16 inches in diameter, amateur radio communications frequencies, and commercial off-theshelf components. Missions are limited to about one year of on-orbit operation. Since little
money is available for operations, a highly automated mission control architecture is being
developed.

The Stanford Audiophonic Photographic Infrared Experiment (SAPPHIRE)
Microsatellite - SAPPHIRE is the first SQUIRT spacecraft. Its primary mission is to
characterize the on-orbit performance of a new generation of infrared horizon detectors, in
addition to flying two student payloads (a digital camera and a voice synthesizer). Student
research interests are also driving experiments in nontraditional sensing [2] and automated
operations. SAPPHIRE is hexagonal, measuring 17" across its longest dimension and 13"
high. It is primarily constructed of commercially available equipment, such as amateur
radio kits and a Motorola 68000 series microcontroller, with some space-qualified
elements, such as batteries. SAPPHIRE is being completed by a core of volunteers and
research students, and is currently undergoing environmental testing.
The Automated Space System Experimental Testbed (ASSET) System - The ASSET
system [3] is a global space operations network under development within SSDL. The first
goal of this system is to enable low-cost and highly accessible mission operations for
SQUIRT microsatellites as well as other university and amateur spacecraft. The second
goal of this system is to serve as a comprehensive, low inertia, flexible, real-world
validation testbed for new automated operations technologies. Figure 1 shows a high level
view of the ASSET mission architecture. The basic components include the user interface,
a control center, ground stations, communications links, and the target spacecraft. During
the current developmental phase, a highly centralized operations strategy is being pursued
with nearly all mission management decision making executed in the control center. These
tasks include experimental specification, resource allocation throughout the ground and
space segment, anomaly management, contact planning, data formatting and distribution,
and executive control.
SAPPHIRE and all future SQUIRT satellites will be operated through ASSET. In addition,
controllers for a number of other university and amateur satellites have expressed in
becoming part of the system. As for ground stations, the Ogden and Stanford ground
stations are the first two facilities to be included. Several other stations throughout North
America and Europe have been identified for future integration.
BEACON-BASED HEALTH MANAGEMENT DESCRIPTION
A beacon-based health management concept was proposed for a deep-space mission to the
planet Pluto [4]. This concept is being prototyped as a part of the SAPPHIRE mission [5];
its main features are summarized, below, and the new elements are further detailed. The
signal flow is presented in Figure 2.
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Figure 1 - The ASSET Space System Architecture
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SAPPHIRE Health Monitoring – SAPPHIRE will monitor its own telemetry sensors,
comparing measured values with commandable entries in a state-dependent limit table.
Certain measurands will be validated by aggregate analysis. For example, all bodymounted solar panels cannot see the Sun at once; this knowledge is used to help verify that
the solar panel current readings "make sense". These modest steps provide SAPPHIRE
with an anomaly detection system far more mature than most spacecraft.
Depending on the seriousness of the limit violation, the spacecraft health is assessed to be
one of four values. For example, when measurands are within limits, the spacecraft is
judged to be Normal. Out-of-limits with moderate impact, such as an overheating
transmitter, is considered an Alert. Out-of-limits that can rapidly jeopardize the mission
elevates the health status to Critical. Finally, Emergency condition is defined to be an
unexplained computer reset. Note that the rules by which measurands trigger the modes,
and the limits for each, are defined by the operations team. This is because the four beacon
modes are intended to be a mapping from spacecraft state to operator action.
Health Beacon Transmission – The health beacon is transmitted with the AX.25 packet
format common to Amateur radio users. SAPPHIRE’s main transmitter also serves to
broadcast the beacon message, with an output power of around 500mW. The message
consists of SAPPHIRE's call sign (part of the protocol) and the health assessment
identifier. In this manner, the information from thirty-two analog sensors and six digital
lines has been compacted into a few bits that tell an operator whether or not SAPPHIRE
can continue to perform its mission. And while such information once had to be collected
over time for eventual download and processing at mission control, spacecraft health is
now continuously monitored and available anytime the spacecraft is within range of a lowcost receiving station.
Receiving Station – SSDL has partnerships with universities in Alabama, Montana, and
Sweden to develop a simple receive-only system for health monitoring. These stations
will listen for SAPPHIRE beacon transmissions and notify mission control of the results
by electronic mail. It is intended to put these stations at locations around the world,
giving SAPPHIRE (and other spacecraft in the ASSET network) near-global coverage for
health monitoring.

Mission Control Center – Once mission control receives a beacon monitoring update
from a remote station, it logs this information and then takes appropriate action.
Depending on the health assessment, there are varied responses, from storing the update in
the system database to paging the operator on call and rescheduling the network to contact
and recover a failed satellite.

Implementation – Currently, SAPPHIRE’s flight software is being modified to include
health monitoring and beacon message broadcasts. Beacon receiving stations are being
developed by the university partners. Automatic notification from a beacon monitoring
update has been demonstrated, and ASSET’s scheduling capabilities are still in
development. A functional demonstration of the complete system will take place in the fall
of 1997.
ENGINEERING DATA SUMMARY
The second challenge in automated health management is to provide the operators with the
context necessary to make informed decisions. Normally, these operators spend hours
closely watching the various spacecraft measurands, enabling them to spot trends and
develop an intuitive feel for the various subsystems. Familiarity with the system is
extremely important for such tasks as anomaly management, because not all faults are
directly observable by measurands, nor is it always clear which recovery action will least
impact other components. However, in this approach to automated health management, the
spacecraft is now performing the routine data analysis once handled by operators. In
addition, the raw telemetry is no longer available on the ground for offline analysis or
operator perusal.
The problem statement for data summary, then, is to reduce the set of on-board sensor data
to what is necessary for operators to carry out their duties. This reduced telemetry set is
the only information sent back to mission control, apart from science or mission data from
the payload. Sending additional information to the ground wastes scarce communication
resources; sending less prevents operators from ensuring mission success.
Now, this is not simply an application for data compression, for the goal is not use the
summary to reconstruct the complete measurand set. Rather, it is to identify the
information valuable to operators and present it succinctly. Numerical compression makes
no use of the built-up body of knowledge about a spacecraft. Such knowledge aids the
transformation of measurands to into data summaries that are full of meaningful content.
Such an approach promises greater data savings over compression and provides operators
a head start in such tasks as anomaly management.
The task of anomaly management was chosen as the first candidate for data summary.
Once an anomaly is detected, operators must determine what fault there is, if any, and take
action to return the spacecraft to as normal a condition as possible. Two candidate
solutions have been identified. Both share their roots in a concept of model-based analysis,
taking advantage of what is known about the spacecraft components and their interactions
in developing summaries. Other, non-model-based approaches exist, such as statistical
summaries and curve-fitting, but have not been selected as initial candidates.

The first candidate approach is to log only the out-of-limits measurands. The limits will be
defined according to component and system reliability values, and will vary for different
operational modes. This is expected to reduce the amount of data sent back by more than a
factor of ten‡. The shortcoming of this method is that all the data leading up to the anomaly
is ignored, so it is difficult to perform trend analysis. Secondly, this method ignores other
components that are exhibiting unusual, but not out-of-limits, behavior, which may give
hints as to the source of a hidden fault.
The next candidate approach integrates the work done for advanced on-board anomaly
detection using artificial intelligence techniques. Such a system not only monitors the onboard sensors, but it analyzes the results to identify faults, using a built-in spacecraft
model. In contrast to the first method, the measurand limits are dynamically set models of
each component. The advantage to this method is that the same model can be reproduced,
which means that the spacecraft needs only to send back the information to update the
ground model, such as inputs and the functional status of components. Should an anomaly
occur, the spacecraft is responsible for determining the source of the anomaly; this
information is considered an update to the spacecraft state and the ground is notified only
if this requires a change in operations. It is unclear what the savings in transmitted data
will be, though expectations are that this method should out-perform the first candidate
while further reducing the responsibilities of the operators. A known drawback is that it
requires significant on-board computation, as well as a detailed model of the whole
spacecraft. Additionally, it is unclear whether all this computational effort succeeds in
paring the data down to that which the operators require. Further study is needed.
THE UNIVERSITY’S ROLE IN TELEMETRY RESEARCH
SSDL’s work in automated health management provides insight and examples in how
universities can contribute to the research and development of telemetry approaches. Put
bluntly, universities have the opportunity to fail – for failure is a fundamental part of the
education process. A university laboratory like SSDL can afford to investigate risky
projects or to approach problems from widely different angles. This is because the primary
outputs of a university are not successful products or methods, but well-trained, capable
students. Obviously, understanding why a specific approach did not work is critical to the
development of good students. But a failed project is not a true failure if new solutions
(and better-informed students) come out of it. Unlike a competitive industrial project,
universities can afford to fail.

‡

An Air Force study [6] determined that the spacecraft was determined to be “normal” in more than 90% of contacts.
Admittedly, such decisions involved an operator who could ignore the many false alarms generated by inadequate limit
definitions. But this new approach assumes a mode-dependent limit checking, adjustable over time to account for
component degradation, which should eliminate most of these false alarms.

FUTURE WORK
Obviously, the highest priority is to complete the development of the beacon-based health
monitoring system. The summer will be spent completing and testing SAPPHIRE’s flight
software, including the on-board health management. Work will continue in coordinating
the construction of beacon receiving stations from the detailed designs that have been
generated. And ASSET’s capabilities will be expanded to allow for operation of
SAPPHIRE through its system, culminating in a complete system demonstration in fall
1997.
Once those elements are in place, the value of this automated health monitoring approach
can be demonstrated. SAPPHIRE will be operated for a period of a week or more, first
using the standard operator-intensive approach, then with the beacon-based monitoring.
Three factors will be compared: accuracy of fault detection, speed of response to on-board
anomalies, and the cost in operator hours and active satellite-to-ground contacts. Since the
automated fault detection methods are identical to the ones used by operators, it is
expected that short-term accuracy will remain the same. However, significant
improvements are expected in both speed of response and cost, since this passive network
will continuously listen over a wide area and operators are required only for anomalous
events.
Engineering data summary research is a wide-open area that needs further investigation.
The candidate approaches need to be evaluated for performance, and more candidates
need to be developed. While data summary will not be a part of SAPPHIRE’s flight
software, summary algorithms will be implemented on the ground to assess their impact on
flight data analysis.
CONCLUSION
The use of a low-power beacon and distributed listening stations is a viable solution to the
new challenges in spacecraft health management. Automation of limit detection and
migration of this process to the spacecraft will significantly reduce the spacecraft-toground communication link and the time spent by operators. This beacon-based health
management approach will be demonstrated using the SAPPHIRE spacecraft through the
ASSET operations architecture, in cooperation with Stanford’s university partners
throughout the world.
Given this anomaly detection approach, a primary concern is to assist operators given their
inability to access the complete measurand set. Two candidates in the area of anomaly
management have been defined: one summarizes all out-of-limits measurements, the other
uses advanced fault detection methods to reduce the measurands to an abstraction of the

spacecraft operational status and the known inputs. Neither approach has proven to be
completely satisfactory, and both approaches will be further refined to develop new
candidates.
Work on this research topic highlights the need for better defining the information – both
the type and amount – needed for spacecraft operators to perform anomaly management.
Answers to that question will also affect the future role of telemetering systems in
spacecraft operations. The traditional function of spacecraft telemetering – measuring
sensors at a distance – is being challenged by the high cost of remote operations. Data
interpretation in the next generation of spacecraft be handled on-board, with only an
abstraction of the measurands returned to the ground. Such a profound change in
telemetering deserves further study. The university environment, with its greater flexibility
and room for failure, is an important contributor to such investigations.
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ABSTRACT
A simple, low cost radio frequency (RF) power and spectrally efficient integrated
transceiver/modem architecture employing Feher’s patented Quadrature Phase Shift
Keying (FQPSK) is described. The FQPSK signals presented in this paper are obtained
by using additional post low-pass filters in the FQPSK architecture. This implementation
significantly improves the spectral efficiency of the worldwide commercially
standardized Gaussian Minimum Shift Keying (GMSK) systems. The Bit Error Rate
(BER) performance of FQPSK in additive white Gaussian noise (AWGN) channel has
been investigated by means of computer simulation and hardware prototype
measurements. The results of the hardware and software simulations are compared to
GMSK and QPSK/OQPSK performance. These results show that the filtered FQPSK
modulated signal passing through a non-linear amplifier (NLA) can achieve a spectral
efficiency improvement of about 60% over NLA filtered OQPSK and an integrated
spectral efficiency improvement of 50% over GMSK and a better BER performance. In
particular, 100 kb/s to 34 Mb/s hardware experimental results over 2.4 GHz NLA
(saturated) 1 Watt system confirmed that FQPSK hardware systems attain a
BER=f(Eb/N0) performance within 1 dB to 2 dB of predicted theoretical results.
KEY WORDS
Modulation, Spectral Efficiency, Power Efficiency, Non-linear Amplifier, Feher’s QPSK.
INTRODUCTION
For power and spectrally efficient telemetry radio systems, a compact radio spectrum,
combined with a “robust”, i.e., good probability of error performance, is highly required.
Modulation techniques can improve the efficiency of the radio system significantly, with
impact on cost, size, power and spectral efficiency. To achieve high power efficiency, it
is desirable to have the output power amplifier operate in the saturation region (class-C).

In Eggertsen, et. al [1], and in Consultative Committee for Space Data Systems (CCSDS)
Submission [2], it has been demonstrated that the most efficient modulation-NLA radio is
the FQPSK technology [3], [4]. Numerous FQPSK implementations and products have
been described in references [1]-[7]. The FQPSK modem and transmitter/receiver
(transceiver) technology contain a family of products with various parameters and signal
waveforms. Significant commercial as well as government R & D led to the
specifications of FQPSK for the FIRST (Family of Interoperable Range System
Transceivers) -DoD’s Range Radio Data Link Standard -Draft Specifications [1] and to
the preferred recommended modulation format for numerous CCSDS applications [2]. In
the telemetry community this technology also generated a significant interest [7]. In this
paper, a filtered FQPSK architecture is presented to further reduce the side lobes of
FQPSK spectrum, in which filtered FQPSK baseband signals can be simply implemented
by using either a digital design of the look-up table or an analog design.

FQPSK MODULATION DESCRIPTION
A. Cross-Correlated FQPSK
A block diagram of a cross-correlated FQPSK is shown in Fig. 1. In the conventional
FQPSK (without cross-correlation), the present signal of the I channel (or Q channel) at
the output of the baseband signal processor depends only on the present and previous
input symbols of the I channel (or Q channel) [5]. Therefore, one segment of the
baseband signals in one symbol duration is generated based on two successive input
symbols. Fig. 2 illustrates an example of FQPSK baseband signals. The envelope
fluctuation of the FQPSK signals shown by dot line in Fig. 2 (b) is 3 dB. In order to
reduce the envelope fluctuation, a controlled amount of cross-correlation between I and Q
channels is introduced. The basic principle to introduce the cross-correlation between the
I and Q channels is that the present signal of the I channel (or Q channel) at the output of
the cross-correlator is dependent on not only the present and the previous input symbols
of the I channel but also that of the Q channel [6]. Therefore, the shape of one segment
baseband signal of the I channel (or Q channel) in one symbol duration is generated
according to four input symbols, or two successive symbols in the I channel and two
successive symbols in the Q channel. So the amplitude of the I channel is determined as
follows:
(1) When the Q channel signal with one half-symbol delay relative to the I channel is
zero, the I channel signal is its maximum amplitude of 1 (normalized) at the sampling
point.
(2) When the Q channel signal is non-zero, the amplitude values of the I channel is A
at the sampling point, where A = 1 / 2 .

Figure 1. Block diagram of cross-correlated FQPSK

Figure 2. An example of FQPSK signals. (a). Baseband signals (b). Space diagrams

(a)

(b)

Figure 3. Eye diagrams of FQPSK. (a). Cross-correlated FQPSK. (b). Filtered FQPSK
using a fourth order Gaussian low-pass filter with BTb=0.4

The determination of the Q channel amplitude is the inverse of the above procedure. In
Fig. 2, the solid line represents the baseband signals of the cross-correlated FQPSK. It is
observed that the cross-correlation results in the reduction of an envelope fluctuation
from 3 dB (without cross-correlation) to approximately 0 dB, as well as introducing a
controlled amount of intersymbol interference (ISI). The constant envelope and small
amount of ISI can help the modulated signal to achieve a more compact spectrum at the
output of the non-linear amplifier as does GMSK. Generally speaking, for the nonlinearly amplified channels (for both FQPSK and GMSK architectures), a small amount
of ISI, intentionally introduced to the channel, leads to a constant envelope signal and
improvement in spectral efficiency.
B. Filtered FQPSK
To achieve a further improvement in spectral efficiency, a “post-filter” is connected in
the baseband signal processor of the FQPSK transmitter as shown in Fig. 1. A variety of
low-pass filters have been used to further reduce the side lobes of the FQPSK with only
slight distortion of the constant envelope of the FQPSK signals. As a result, the filtered
FQPSK signal leads to a significant improvement in power and spectral efficiency in a
non-linear channel. Fig. 3 shows the eye diagrams of the filtered FQPSK signals at the
output of the fourth order Gaussian low-pass filter with BTb=0.4 where B is 3 dB
bandwidth of the filter and Tb is a duration of bit rate. It is noted that the ISI of the filtered
FQPSK signals is slightly worse than that of the cross-correlated FQPSK, which allows
the filtered FQPSK to benefit much more in spectral efficiency improvement beyond the
30 dB attenuation point shown in Fig. 4. By selecting different filter parameters BTb,
FQPSK modulation can be used to achieve different spectral efficiency requirements for
various practical applications. Unlike QPSK/OQPSK, in which a raised cosine filter is
used, the filtered FQPSK still has the spectral efficiency advantage in a NLA channel.
SYSTEM PERFORMANCE
A. Spectrum Efficiency
There are two major aspects of the modulation techniques to be considered for digital
communications. One is spectral efficiency; the other is bit error probability. Spectral
efficiency is defined as ηf =fb/W
(bit/s/Hz) [5] where fb is the transmitted bit rate and W is the required or specified
channel bandwidth under various criteria in [5], including channel guard band. A
fb/W=WTb is usually determined by the maximum acceptable adjacent channel
interference (ACI) level. The WTb is dependent on different applications [8]. Fig. 5
presents the PSD of the hard limited filtered FQPSK and compares it to raised-cosine
Nyquist filtered OQPSK (α=0.5), MSK and GMSK. The PSD of the filtered FQPSK is
narrower than that of all of others down to the 70 dB attenuation point. Table 1 lists the
spectral efficiency utilization. At -50 dBr point, spectral efficiency of the filtered FQPSK

is 0.62 bit/sec/Hz, while GMSK with BTb=0.3 and filtered OQPSK are 0.47 bit/sec/Hz
and 0.33 bit/sec/Hz, respectively. Therefor, the filtered FQPSK achieves a spectral
efficiency improvement of 32% over GMSK and 62% over OQPSK. The measured PSD
of the filtered FQPSK RF signal through a full saturated amplifier is shown in Fig. 6, in
which it is compared to filtered OQPSK. It is observed that the filtered FQPSK has an
advantage of the spectral efficiency in a non-linear channel and achieves a significantly
spectral efficient improvement. The measured results coincide very well with the
simulation results.

Figure 4. PSD of FQPSK in a hard limited channel.

Figure 5. PSD of the filtered FQPSK and GMSK
in a hard limited channel. Roll-off α=0.5

Table 1. Spectral efficiency of FQPSK and GMSK (b/s/Hz)
PSD
(dBr)

GMSK
BTb=0.3

GMSK
BTb=0.5

-20
-30
-40
-50
-60

0.94 (100%)
0.80 (100%)
0.55 (100%)
0.47 (100%)
0.42 (100%)

0.85 (89%)
0.75 (94%)
0.47 (83%)
0.41 (85%)
0.33 (73%)

OQPSK
Raised Cosine
Filter α=0.5
1.04 (110%)
0.62 (78%)
0.45 (82%)
0.33 (70%)
0.26 (62%)

Filtered
FQPSK
1.11 (118%)
0.91 (114%)
0.70 (127%)
0.62 (132%)
0.45 (107%)

Table 2. 99% Power bandwidths for
FQPSK and GMSK Modulations
Description
99% Power
Bandwidth
MSK (no filter)
1.18fb
GMSK with BTb=0.5
1.03fb
GMSK with BTb=0.3
0.90fb
FQPSK (no filter)
0.79fb
Filtered FQPSK with BTb=0.4
0.76fb
Note: This bandwidth contains 99 percent
of the total power, in which it is typically
measured using a spectrum analyzer.

Figure 6. Measured PSD of FQPSK and OQPSK. Upper trace: Filtered OQPSK. Lower
trace: Filtered FQPSK. Data rate: 270.833 kb/s. Radio frequency: 2.4 GHz. Cut-off
frequency of fourth order Butterworth LPF: 135 KHz. A fully saturated amplifier at 1
Watt was used

Table 3. Bandwidth WTb of FQPSK and GMSK ACI
ACI GMSK
Filtered advantage of FQPSK
(dBr) BTb=0.3 FQPSK Over GMSK BTb=0.3
-20
0.92
0.70
30%
-30
1.20
0.83
44%
-40
1.70
1.05
61%
-50
2.05
1.30
57%
-60
2.30
1.65
40%

Figure 7. ACI characteristics for FQPSK and GMSK
In addition, the Inter-Range Instrumentation Group (IRIG) Telemetry Standard 106-96
defines two definitions of bandwidth as the spectral efficiency for the purpose of
telemetry signal spectral occupancy. These definitions are the 99% power bandwidth and
-25 dBm bandwidth. Table 2 presents the 99% power bandwidth measurement for
FQPSK and GMSK modulation methods as a function of the bit rate (fb).

B. Adjacent Channel Interference
In US digital cellular and European DECT standards, the integrated signal power in the
adjacent channel interference (ACI) is used to determine the channel spacing. ACI is
given by [5]
∞

ACI =

∫ G( f ) H ( f − W )

−∞

2

∞

∫ G( f ) H ( f )

2

df

(1)

df

−∞

where G(f) is the PSD function of the transmitted signal received at the input of the
receiver, H(f) is the receiver filter transfer function, and W is the channel spacing. The
ACI power expressed by the numerator in (1) is the function of the channel spacing shift
W. The desired power represented by the denominator in (1) is the received signal power
falling into the receiver filter H(f). Fig. 7 shows the computed ACI results of the out-ofband radiation power within the adjacent channel receive band to the total power in the
desired channel. In our computation, a fourth order Butterworth BPF with a normalized 3
dB bandwidth of BTb=0.55 is used for FQPSK, and a fourth order Gaussian BPF with
BTb=0.6 for GMSK. These values of BTb were chosen for optimum BER performances in
AWGN channel based on studies in [9], [10]. It is observable that GMSK generates more
ACI than FQPSK. Table 3 lists the results of ACI. At the -40 dB point, the filtered
FQPSK system is about 60% more spectrally efficient than GMSK. The greater spectral
advantage allows a better utilization of the frequency spectrum, and saves frequency band
resources.
C. Bit Error Rate Performance
The BER performance of the coherent detected FQPSK and GMSK are evaluated in a
non-linearly amplified and AWGN channel by computer simulation and hardware
prototype measurement, respectively. The simulation results in Fig. 8 show that the
filtered FQPSK only suffers in a BER performance degradation of 0.1 dB as compared to
the conventional cross-correlated FQPSK, and 0.2 degradation as compared to GMSK
with BTb=0.3 at a BER of 10-4. Meanwhile, Fig. 8 also shows one of the best BER
performance FQPSK, called FQPSK-S [11], only suffering in a BER performance
degradation of 0.5 dB from ideal QPSK theory at a Pe=1×10-4. A hardware transceiver
with a bit rate of 270.833 kbit/s and carrier frequency of 70 MHz was used to evaluate
BER performance of the filtered FQPSK shown in Fig. 9. It is observed that the required
Eb/No of the filtered FQPSK is about 10.6 dB at Pe=10-4 and about 1 dB degradation
compared to simulation result, which is caused by imperfect hardware implementation.
Fig. 10 illustrates a “robust” measured BER performance of an optimized BER
performance, commercially available spread spectrum without cross-correlated FQPSK
system, in which a fully digital coherent demodulator was used. The performance
degradation of the FQPSK is within 1 dB from the theoretical QPSK at BER=10-4.

Figure 8. Simulation BER of filtered FQPSK and
GMSK in a non-linearly and an AWGN channel.

Figure 9. Measured BER performance of NLA
coherent not optimized FQPSK in AWGN
channel. Data rate: 270 kb/s, IF: 70 MHz.

Figure 10. Measured BER of a commercially available FQPSK modem/radio system in
AWGN channel chip rate: 17 Mchip/s (equivalent data rate of 34 Mb/s).
Radio frequency: 2.4 GHz.

CONCLUSION
Spectrally efficient enhancements of the FQPSK architecture were presented and
investigated for telemetering applications. The results have shown that the filtered
FQPSK can improve the integrated spectral efficiency about 50% and has a compatible
BER performance as compared to GMSK, and has 60% spectral advantage over NLA
raised-cosine Nyquist filtered OQPSK with α=0.5. This innovative transceiver
architecture provides power and spectral efficiency to meet the challenge of more
crowded radio frequency resources for a wide range of applications in digital
communications.
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ABSTRACT
The aeronautical telemetry community is investigating alternative modulation methods to
the commonly used non-return-to-zero (NRZ) pulse code modulation (PCM)/frequency
modulation (FM). This paper outlines the important characteristics being investigated.
Measured data comparing the spectral occupancy and bit error probability (BEP)
performance of PCM/FM with that of a prototype constant envelope Feher’s quadrature
phase shift keying (FQPSK) modulator and demodulator will also be presented. Measured
results in several radio frequency bands demonstrate that the 99.99% and -60 dBc
bandwidths of filtered FQPSK are only approximately one-half of the corresponding
bandwidths of optimized PCM/FM even when the signal is non-linearly amplified. The
signal energy per bit to noise power spectral density (Eb/N0) required for a BEP of 1×10-5
for non-optimized FQPSK was approximately 12 dB which is approximately the same as
limiter discriminator detected PCM/FM.
KEY WORDS
Modulation, Feher’s quadrature phase shift keying, non-linear amplification, spectral
occupancy, radio frequency power and bandwidth efficiency

INTRODUCTION
Telemetry data rates are increasing rapidly while the total amount of available spectrum
has decreased slowly. Higher bit rates occupy more spectra and result in decreased link
margin. Radio frequency spectra and link margin are both in limited supply. Therefore, the
aeronautical telemetry community is investigating alternative modulation methods to the
commonly-used PCM/FM1,2,3. This study will focus on modulation methods that will allow
us to pack more users/data into our available spectrum. Some of the characteristics of
interest for aeronautical telemetry applications include:
Bandwidth (99% and -25 dBm) and required pre-transmission filtering
BEP vs. Eb/N0; 10-5 BEP or better is a common requirement
Effect of non-linearities in transmitter and/or receiver (phase and amplitude)
Adjacent channel interference, general interference performance
Performance during multipath fading (frequency selective and flat)
Recovery from multipath fading (frequency selective and flat)
Data coding (level or differential)
Effect of link dropouts (including reacquisition)
Compatibility with existing equipment including tracking antennas, receivers,
diversity combiners, etc.
Power conversion efficiency (DC to RF)
Cost, volume
In this paper we highlight the bandwidth efficiency and BEP performance of FQPSK and
PCM/FM in an additive white Gaussian noise (AWGN) environment with non-linear
amplification. Non-linear amplifiers provide higher DC to RF power conversion efficiency
and lower cost for the same RF output power than linear amplifiers. Spectrally efficient
systems are required for efficient use of the RF spectrum. The spectral efficiency of the
newest generation of commercially available wireless systems is in the 1 b/s/Hz to
1.6 b/s/Hz range. Availability of integrated circuits and radio subsystems is also an
important requirement.
FQPSK is a family of modulation methods which have good BEP versus Eb/N0
performance and which maintain good spectral control even when non-linearly amplified.
FQPSK is compatible with offset QPSK, minimum shift keying (MSK), and Gaussian
MSK (GMSK). References 4 through 9 describe various members of the FQPSK family.
In this paper, we describe the spectral and BEP performance of two members of this
family designated as FQPSK-B5,7 and FQPSK-S5,7. The “-B” is one of the more spectrally
efficient members while the “-S” has among the best BEP vs Eb/N0 performance. The
FQPSK technology has been used in a variety of US military and commercial applications.

Future investigations will include other types of offset QPSK modulation including GMSK,
M-ary higher state systems such as 16-quadrature amplitude modulation (QAM), 64QAM, and also orthogonal modulation and other recent modem/radio inventions. The
explosive growth of commercial wireless digital communications technology will be
leveraged to the maximum extent possible.
TEST RESULTS
The measurement test setup is shown in figure 1. The RF spectral plots and BEP curves
were measured in the Telemetry Laboratory at the NAWCWPNS, Point Mugu, CA. A
telemetry receiver which is used at many ranges, the Microdyne model 1200MRA, was
used in the BEP tests to demonstrate the compatibility with existing telemetry equipment.
The intermediate frequency (IF) output of the receiver was connected to the prototype
demodulator.

Modulator

Data

Amplifiers

Clock

RF Spectrum
Analyzer

Bit Error
Test Set

Data

Attenuators

Clock

Demodulator

Figure 1. Block diagram of test setup.

IF

Microdyne Model
1200MRA
Telemetry Receiver

The constellation (sometimes called vector)
diagram of FQPSK-B is shown in figure 2. The
amplitudes of I and Q are cross-correlated to
maintain a nearly constant signal envelope.
Because the signal envelope is nearly constant,
it is not surprising that the spectral regrowth is
minimal when the FQPSK-B signal is applied
to a saturating (class C) amplifier, also referred
to as a non-linear amplifier (NLA).
Figure 2. Q vs I for FQPSK-B.

Measured RF spectra for 1 Mb/s filtered FQPSK-B and PCM/FM signals at the output of a
saturated amplifier are shown if figure 3. Similar results were achieved with other
amplifiers and other FQPSK modulators. The PCM/FM peak deviation is 0.35 times the
bit rate and the premodulation filter bandwidth is 0.7 times the bit rate (references 1 and 3
show these that values provide the optimum combination of BEP and spectral efficiency).
Various measured bandwidths for the data in figure 3 are presented in a normalized form
in table 1. The 99% power bandwidth of filtered PCM/FM is approximately 50% wider
than the 99% power bandwidth of FQPSK-B. The 99.9%, 99.99%, and !60 dBc
bandwidths of filtered PCM/FM are 80% to 100% wider than the corresponding
bandwidths of FQPSK-B.
Bandwidth

PCM/FM

FQPSK-B

99%

1.16

0.78

99.9%

1.98

0.98

99.99%

2.4

1.33

-60 dBc

3.15

1.78

-65 dBc

3.22

2.03

Table 1. Normalized bandwidths with non-linear amplification (bit rate = 1).

Figure 3. RF Spectra for 1 Mb/s filtered FQPSK-B and PCM/FM (non-linear
amplifier).

BEP performance, as a function of received or available Carrier-to-Noise (C/N), is one of
the most fundamental and important radio communication system requirements. In order to
normalize the C/N, noise bandwidth (Bw) and bit rate (fb) the following equation
Eb/N0 = C/N C Bw/fb
has been used in performance studies and measurements.
The BEP=f(Eb/No) relationship has to be optimized, i.e., minimized, for robust
performance. If a radio receiver/demodulator attains a low BEP with the lowest possible
C/N or corresponding Eb/N0 then the range/distance and quality of the telemetry receiver is
optimized. Figure 4 presents the results of computer simulations of linearly amplified
BPSK/QPSK systems and non-linearly amplified FQPSK and GMSK systems. This
computer simulation shows that the theoretical BEP performance of FQPSK-S is only 0.5
dB worse than linear BPSK/QPSK theory. The figure also shows that the theoretical BEP
of GMSK (BTb=0.25) is approximately 1.5 dB worse than linear BPSK/QPSK theory.
Several NLA models including class-C, fully saturated class-AB, and hard limited NLAs
were simulated and led to essentially the same spectral and BEP performance. Several

simulation tools including MATLAB, Signal Processing Workstation (SPW), and
University of California, Davis developed software packages gave virtually the same
results.

Figure 4. Computer simulation of linearly amplified
BPSK/QPSK (ideal theory) and non-linearly amplified
FQPSK and GMSK in an AWGN environment. Note
that FQPSK-S is within 0.5 dB of ideal linearly
amplified uncoded QPSK performance. The optimized
GMSK system requires a higher Eb/N0.

The measured BEP versus Eb/No is presented in figure 5 for a 1 Mb/s signal, 1 and 1.5
MHz IF filter bandwidths, and PCM/FM and FQPSK-B modulations. A Microdyne model
1200MRA receiver was used in these tests. The FQPSK modulator was programmed to a
center frequency of 250 MHz and connected to the receiver through amplifiers and
attenuators (see figure 1). The FQPSK demodulator was programmed to a center
frequency of 20 MHz and was connected to the linear IF output of the receiver. The
FQPSK signal was differentially encoded to solve the polarity ambiguity problem that
occurs because the reconstructed reference phase used for demodulation can be 0, 90, 180
or 270 degrees offset from the transmitter’s reference phase. The prototype hardware
FQPSK demodulator used in these experiments was a modified QPSK demodulator and
because of resource and time limitations has not been optimized for FQPSK. Computer

simulations presented in figure 4 show that a BEP of 1×10-5 can be achieved at an Eb/No
approximately 1.5 dB lower than the measured performance in figure 5 (note also that
figure 4 showed simulated FQPSK-S and figure 5 presents the performance of FQPSK-B).
The measured BEP performance of FQPSK-B with either the 1 or 1.5 MHz IF filter
bandwidths was a few tenths of a dB worse than that of PCM/FM with an IF filter
bandwidth of 1 MHz at a BEP of 1×10-5 and better than the BEP performance of PCM/FM
with a 1.5 MHz IF filter bandwidth.

Figure 5. BEP for 1 Mb/s FQPSK-B and PCM/FM (note the FQPSK demodulator was not optimized).

CONCLUSIONS
1. The 99.99% and -60 dBc bandwidths of filtered FQPSK-B are only approximately
one-half of the corresponding bandwidths of optimized PCM/FM even when the signal is
non-linearly amplified.
2. The Eb/No required for a BEP of 1×10-5 for non-optimized FQPSK-B was
approximately 12 dB which is approximately the same as limiter discriminator detected
PCM/FM.
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ABSTRACT
The most bandwidth-efficient communication methods are imperative to cope with the
congested frequency bands. Pulse Shaping methods have excellent effects on narrowing
bandwidth and increasing band utilization. The position of the baseband filters for the
pulse shaping is crucial. Filters after the modulator will have non-constant envelope and
before the modulator will have constant envelope. These two types have different effects
on narrowing the bandwidth and producing bit errors. The constant envelope 8 PSK is
used throughout the simulations and is compared with the non-constant envelope results.
This work provides simulation results of spectrum analysis and measure of bit errors
produced by pulse shaping in an AWGN channel.
KEY WORDS
8-PSK Modulation, Pulse Shaping, Bit Error Rate, Band Utilization Ratio, Bit Rate(Rb)
INTRODUCTION
This paper provides simulation results for constant envelope pulse shaped 8 Level Phase
Shift Keying (8 PSK) modulation for end to end system performance. In order to increase
bandwidth utilization, pulse shaping is applied to signals before they are modulated. This
paper provides simulation results of power spectra and measurement of bit errors produced
by pulse shaping in a non-linear channel with Additive White Gaussian Noise (AWGN).
The constant envelope 8 PSK pulse shaping techniques will be used throughout this paper
and will be referred to as Type B. Three kinds of baseband filers, 5th order Butterworth,
3rd order Bessel and Square-Root Raised Cosine with different BTs or roll off factors, are
utilized in the simulations. An End-to-End system performance, including the Intersymbol
Interference (ISI) and the Bit Error Rate (BER) as a function of Eb/No on 8PSK
modulation was conducted on SPW software. This work gives a comparison of simulation

results between non-constant envelope (Type A) and Type B modulation techniques on
spectrum and bit error rates. The simulations were performed on a Signal Processing
Worksystem (SPW: software installed on a Hewlett Packard Model 715/100 UNIX
Station). This project was conducted at New Mexico State University (NMSU) in the
Space Communication and Telemetry Laboratory in the computer and Electrical
Engineering Department.
First, a simulation block diagram will be described. Secondly, the results of the simulations
on power spectrum, bandwidth utilization and bit error rates for different types of pulse
shaping filters are given. Finally, conclusions of the work on pulse shaped 8-PSK are given
at the end of this paper.
PULSE SHAPED 8-PSK SIMULATION TEST SYSTEM
Figure 1 shows the block diagram that was simulated on SPW for power spectra for 8PSK
and shows the two possible locating for the phase filtering. Figure 1a shows the
implementation for non-constant envelope pulse shaped 8 PSK (Type A) and Figure 1b
shows the configuration for constant envelope pulse shaped 8 PSK (Type B).
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Figure 1 Block Diagram for Spectrum Analysis
Power Spectra Analysis
A random binary signal is combined via a Gray code, then the 8-level signal passes
through a pulse shaping filter, is modulated, passed through a Solid State Power Amplifier
(SSPA), and then a spectrum Analyzer.

The random data source provides ideal data with a data rate of 256 Hz, and the sample
frequency, Fs, is 131072 Hz. For the spectrum shaping, three types of pulse shaping filters
are used. They are 5th order Butterworth with BT=1, 2, 2.8, 3, 3rd order Bessel with
BT=1, 1.2, 2, 3, and square-Root Raised Cosine with roll off factor α =1. The BT
represents the product of the bandwidth with the symbol time. The constant envelope 8
PSK signal which comes from the modulator goes to the input of the Solid State Power
Amplifier(SSPA).
The SSPA model for simulation is based upon specifications provided by the European
Space Agency (ESA) for 10 Watts, solid state, S-band power amplifier. Since the SSPA is
operating at saturation level and constant envelope 8PSK is used, the spectra of the signals
at the input of the SSPA are almost the same as that of the signals output from the SSPA.
The Spectrum Analyzer is taken from the Interactive Simulation Library(ISL) of SPW. The
power spectrum is obtained by taking the Fast Fourier Transform(FFT) of the input signals
of the Spectrum Analyzer.
Bit Error Rates
The bit errors produced are due to the ISI and AWGN. Figure 2 shows the system block
diagram for measuring bit error rates.
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Figure 2 Simulation System Block Diagram

AWGN is added to the signals out of the SSPA to simulate channel noise. The AWGN is
taken to have zero mean and with variance σ n2 =No/2. N0/2 is the power spectral density of
the white noise. Ideally, to give maximum SNR, a matched filter is usually used as a
receiver. In this project, an integrate and dump block is used as the matched
filter(matching to the NRZ data). Since the actual signal is fairly complex (due to the pulse
shaping), an actual matched filter was not attempted at this time. The synchronizer
performs a correlation between the reference signals and received signals (delayed and
distorted), and gives an estimate of the number of samples of delay and the phase between
the two samples. The reference signal and received signals now are adjusted to have the
same delay, and are put into the error rate estimator to count the number of bit errors.
SIMULATION RESULTS
Power Spectrum Simulations: Figure 3 shows the output of the SSPA without a pulse
shaping filter being used. Figure 4 shows the output of the SSPA when a 5th Order
Butterworth (BT=1) is used as a pulse shaping filter (type B). Figure 5 shows a
comparison between the output of the SSPA for Type A and Type B modulations. It can be
seen that Type B has a spectrum that falls off faster than Type A.
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(Type A and Type B)

Frequency Band Utilization Ratio (ρ)
The frequency band utilization ratio can be defined as:
ρ=

Number of spacecraft with Filtering Accommodated in Frequency Band
Number of spacecraft without Filtering Accommodated in Frequency Band

From the simulations, the utilization ratios for type B were calculated from the
power spectra and listed in Table 1 along with the utilization ratio for Type A[5]. From the
utilization ratio table, for the same BT and baseband filters, modulator type B has higher
band utilization ratios than type A.

Utilization Ratio (Type B)
Filter Type

None
Butterworth(5th order) BT=1
Butterworth(5th order) BT=2
Butterworth (5th order) BT=2.8
Butterworth (5th order) BT=3
Besssel (3rd order) BT=1
Besssel (3rd order) BT=1.2
Besssel (3rd order) BT=2
Besssel (3rd order) BT=3
SRRC rolloff=1

-50 dB point
with spikes
no spikes
(Rb)
(Rb)
35
1.22
1.28
2.38
2.43
3.2
3.23
3.45
3.45
1.625
1.75
1.88
2.04
3.1
3.22
4.5
4.53
1.11
1.23

utilization
with spikes

no spikes

1
28.7
14.7
11
10.1
21.5
18.6
11.3
7.8
31.5

1
27
14.4
10.8
10.1
20
17.1
10.8
7.7
28.5

Utilization Ratio (Type A)
Filter Type
None
Butterworth(5th order)BT=1
Besssel (3rd order) BT=1
SRRC rolloff=1

-50 dB point
35Rb
2.5Rb
2.95Rb
2.5Rb

utilization
1
14
11.86
14

Table 1 Utilization Ratio of Type A and Type B 8 PSK
Bit Errors Rates Simulations
This paper provides the measure of bit errors according to the bit energy to noise ratio
(Eb/No). The system block diagram for measuring bit error rates was shown in Figure 2.
For different filter types and their positions (type A or B), the BERs are put together for
comparison. The plots of the BER are given in Figures 6-8.
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ISI Losses Due To The Filter
The ISI losses due to the pulse shaping filter can be determined by the BER
simulations. The following tables give the results of baseband filter ISI losses at 10-3 BER
for theoretical 8 PSK (or BPSK) and the filtered 8 PSK.
Filter Type

Loss (dB)
BT=1
22.5-10=
12.5
----------

Butterworth
5th Order
Bessel
3rd Order
SRRC ( α =1) 14.22-10=
4.22

Loss (dB)
BT= 1.2
----------20-10=
10
----------

Loss (dB)
BT=2
12.32-10=
2.32
12.85-10=
2.85
----------

Loss (dB)
BT=2.8
11.48-10=
1.48
--------------------

Loss (dB)
BT=3
11.48-10=
1.48
11.20-10=
1.20
----------

Table 2 Baseband Filters ISI Loss Measurements at 10-3 BER (Compared to ideal 8PSK)

Filter Type
Butterworth
5th Order
Bessel
3rd Order
SRRC ( α =1)

Loss (dB)
BT=1
22.5-6.8=
15.7
---------14.22-6.8=
7.42

Loss (dB)
BT= 1.2
----------20-6.8=
13.2
----------

Loss (dB)
BT=2
12.32-6.8=
5.52
12.85-6.8=
6.05
----------

Loss (dB)
BT=2.8
11.48-6.8=
4.68
--------------------

Loss (dB)
BT=3
11.48-6.8=
4.68
11.20-6.8=
4.88
----------

Table 3 Baseband Filters ISI Loss Measurements at 10-3 BER (Compared to ideal BPSK)
(Dashes indicate that the simulation was not performed)
As stipulated in [4], the optimum filter should have the smallest BT value and provide
losses<0.4 dB. Thus a higher order of BT should be simulated to find an optimum BT.
CONCLUSIONS
The simulations conducted in the Space Communication and Telemetry Laboratory at
NMSU on the pulse shaped 8 PSK modulations were concluded with the following results.
Different types and positions of baseband filters have different effects on narrowing the
bandwidth and on the frequency band utilization ratio. In general, type B had narrower
power spectra than type A did for the same BT value.
Different types and positions of baseband filters also have different effects on the bit error
rates. In general, type A had lower bit error rates than type B. That means that the
narrower the bandwidth, the larger the bit error rate. For the 3rd Order Bessel filter, the
BER produced by type A(BT=2) is almost the same as that produced by type B (BT=3).
For the 5th Order Butterworth filters, the BER produced by type B (BT=2.8 or 3) is
between those produced by type A (BT=1) and type A (BT=2).
A matched filter is crucial for receiving the signal to lower the BER. Integrate and dump
circuits can exactly match pulse signals, but for pulse shaped signals it could not match
perfectly. A new matched filter which can match these Type B pulse shaped signals is
needed so that the BER can be reduced further. More filter types and larger BT (BT>4)
should be simulated to find an optimal filter and BT. The Spikes that are prevalent in the
power spectra should be investigated and ways to reduce or eliminate them should be
found.
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REAL-TIME HIGH SPEED DATA COLLECTION SYSTEM WITH
ADVANCED DATA LINKS

John E. Tidball
ECHOTEK CORPORATION

The purpose of this paper is to describe the development of a very high-speed
instrumentation and digital data recording system. The system converts multiple
asynchronous analog signals to digital data, forms the data into packets, transmits
the packets across fiber-optic lines and routes the data packets to destinations
such as high speed recorders, hard disks, Ethernet, and data processing. This
system is capable of collecting approximately one hundred megabytes per second
of filtered packetized data. The significant system features are its design
methodology, system configuration, decoupled interfaces, data as packets, the
use of RACEway data and VME control buses, distributed processing on mixedvendor PowerPCs, real-time resource management objects, and an extendible
and flexible configuration.
KEY WORDS
A/D Conversion, C++, CSCI, CSU, Digital Recorders, Distributed Processing,
Fibre Channel, Mixed-vendor CPUs, Multiple Processors, Objects, Packets,
PowerPC, RACEway, VME64, VME to RACEway Bridge, VxWorks.
INTRODUCTION
The general requirements this radar data collection system were for a flexible,
extendible system to collect analog and digital data with collection and recording
functions separated by kilometers. This pushed the design to use well-defined
functions and simple, uncoupled interfaces. The asynchronous radar signals
required management of each analog to digital (A/D) conversion process
independently or grouped. Each packet was required to be uniquely identifiable
and the system was required to manage itself in real-time.
The design goal was to use, as much as possible, “off-the-shelf” cards and to
comply with established standards for buses and interfaces. The system buses
used are the ANSI VITA 1 VME64 bus for command and control, and the ANSI
VITA 5 RACEway bus for data. A standard General Purpose (GPIO) VME64

Input/Output Card (analog to digital (A/Ds) and digital input and output (DIO)) was
modified to interface to the RACEway via a RACElink bridge chip. The RACElink
bridge chip reduces the software and hardware interface complexity while
increasing the interface bandwidth. A Gateway Card was developed to provide
direct Fibre Channel interface ports on the RACEway bus. Figure 1 is a radar data
collection system hardware block diagram.
System and Software development were managed in a top down manner.
Requirement definitions and software designs were functionally decomposed into
four Computer Software Configuration Items (CSCIs): Build, Transport,
Warehouse, and System Manager. Each of these were divided into Computer
Software Components (CSCs) and then into Computer Software Units (CSUs).
Figure 2 is a system functional block diagram. The Parking Place Manager (PPM)
object was identified to manage volatile system resources. A second object, the
System Database Manager (SDM), was defined to reflect the system database
and status in each of the separated hardware elements. The real-time processing
is composed of Build’s data collection, Transport’s transmit and receive, and
Warehouse’s filtering and recording. Each collection and recording hardware set
is loaded with the same software that is self-tailored during its initialization to
match the hardware available.
The selected operating system is VxWorks and the processors are single-card
VME Power PCs. System mode control and the operator interface are
implemented via a Sun Ultra workstation connected to the system via Ethernet.
THEORY OF OPERATION
The discussion of operation will follow the real-time data path through the system
in three steps and then the non-real time System Management will be covered. A
discussion of system decisions and results, a summary of experiences, and
system performance issues will conclude the paper.
The first step of data collection real-time operations, is the BUILD CSCI. Build
encompasses the A/D board programming and data conversion process, header
construction, and packet building. Analog signals, at the radar video bandwidth
rate, are digitized utilizing GPIO based mezzanines that provide very low noise,
high-speed (up to 50 megahertz), analog to digital converters (A/Ds) programmed
at a maximum of each millisecond. This means that data collection can be altered
at the one-millisecond rate. The A/Ds are not started and stopped but are gated
and the pipeline delays are handled in the hardware. The beginning of each data
collection can be aligned with an input signal at +/- 1 nanosecond by programming
the clocks and alignment register of the GPIO. The A/D data collection may be

initiated by software but the normal mode of operation is to rely on a real-time
trigger from the signal generation system. The GPIO board is double registered
and programming has until the next trigger to complete. Each GPIO board can
handle a different asynchronous signal source or all the boards may be grouped
and sample one multi-signal source.

COLLECTION

RECORDING

RACEway
PowerPC
Controller
CPU

GPIO
Digitizer

Time
Code
Converter

ay
GATEw
FC

A/D
IRIG
B

A/D

ETHERNET 100 BaseT
SCSI
Hard Disk

GATEway

tx - tx
F- C
FC
-Frv
C - tx
FC
rv- tx
F-C
FC
rv - rv
F- C

FC - rv

FC - rv
FC - rv
FC - tx

35
Km

VME
Terminal

CD ROM

RACEway

1.0625
Gb/s

Figure 1

Router
Filter
Power
PC
RACEway
PMC

GATEway
High
Speed
Tape
High
Speed
Tape

VME
ETHERNET 100 BaseT
SCSI
Terminal
Hard Disk
CD ROM

PowerPC
Controller
CPU

System Functional Block Diagram
Build

System Manager
Transport

Warehouse

Mode Manager

Transport Manager

Warehouse Manager

Data Controller

T
r
a
n
s
m
i
t

I/O

Signal
In
Signal
In
Signal
In

C
h
a
n
n
e
l
I/F

Radar 1

R
a
d
a
r

B
u
i
l
d
P
a
c
k
e
t
s

Packets

Packets

F
i
l
t
e
r

Packets

M
a
n
a
g
e
r

M
a
n
a
g
e
r

'Bit
Bucket'

Data

Radar 2
I/F

R
e
c
e
i
v
e

Figure 2

R
e
t
r
i
e
v
e
S
t
o
r
e
P
r
o
c
e
s
s

I/O

I
/
O

D
e
v
i
c
e
s

M
a
n
a
g
e
r

FFT
xy plot
Data
Product

GPIO programming begins when the programming data is available in reflective
memory on system controller CPU PMC mezzanine. An input signal interface
CPU manages the inputs from each signal source, determines the signal source
mode and looks up and writes the A/D programming information to the reflective
memory. The writing of this data is the interrupt and driver for A/D collection
programming associated with each signal source. The programming process for
each collection channel is to write the GPIO register data, call the Parking Place
Manager member function get_next for the packet destination, and initiate a
RACEway Direct Memory Access (DMA) move that waits for data generation. The
GPIOs can be programmed to collect from one sample per packet to continuous
packetized data samples.
Header data is collected and assembled into one of 32 maximum header types.
Data in the header includes header frame, IRIG time of the first data sample
collected, information about the signal being collected, GPIO programming,
system information, which of the 32 data types follows, and the size of the data to
follow. The header is added to the digital data residing in the Static RAM
temporary parking place at the termination of packet data collection. The packet
header and data sizes are definable in software. For this application they are set
to 164 bytes of header and total size of 128,000 bytes.
Packet completion is driven by an interrupt at the termination of data collection by
each GPIO board. The use of this interrupt decouples the source from the data.

When the header has been added, the packet is sent to the resource manager by
calling the member function ready_to_move. With the addition of the header, the
packet is now an independent entity. The packet is placed in the list of packets
that are ready to be sent from the collection chassis over the Fibre Channel fiber
optic cable to the recording chassis.
Build also constructs non-signal, non-real-time data packets and inserts them into
the packet stream. System Standard Packets are for system status and error
logging on the media attached to the record chassis. Signal Generator Packets
are for packetizing and storing non-signal data from the signal source through the
interface. Order Wire Packets are command and control packets that are internal
to the system and pass back and forth through the fibers from chassis to chassis
as necessary for mode control, error handling, system configuration changes, etc.
Packet header formats and data formats are identified in a header field. This
completes the tasks of the Build CSCI.
Each fiber_transmitter_manager of Transport CSCI requests the member function
get_next for the next available packet to send. Tasks waiting for packets are
placed into a VxWorks queue. When a transmitter task gets a packet to transmit,
it looks up the route from the SRAM parking place and generates a DMA to move
the packet from the SRAM to the fiber optic transmitter. The Gateway Card
Transmitter Mezzanine adds the end of packet framing information. The
transmitter converts the data to Fibre Channel serial format for transmission to the
Fibre Channel receiver. The Parking Place Manager ready_to_use member
function is called at the termination of the transmission to place the parking place
back into the empty and available pool. If a fiber transmitter never finishes with a
packet, an error message is logged and it is removed from the list of available
output devices.
At the recording chassis, the receive_packets task for each fiber was programmed
with a parking place, by requesting the Parking Place Manager member function
get_next, and it is waiting for a packet to be detected. The Fibre Channel receiver
decodes the serial stream and reforms the Fibre data into the packet that was
sent. When the Gateway Card Receiver Mezzanine detects a packet beginning, it
stores the packet in the parking place and at end of the packet, issues and
interrupt that calls the Parking Place Manager member function ready_to_move.
The ready_to_move function puts the packet on the packets ready to be
processed list. The receive_packets task then asks for another parking place and
sets up the DMA for the next packet. Packet reception programming is actually
double buffered and the next parking place address and the next DMA move are
pending and, at the completion of a packet, they are switched. The fiber links
conform to ANSI X3.230, parts FC-0 and FC-1 with a distance rating for

transmission of 35 kilometers, a continuous transfer rate of 100 Megabytes per
second, and a bit error rate of 10 to the -12. This completes the Transport CSCI
functions.
The Warehouse CSCI filters and routes the packets to high speed tapes and other
destinations. Warehouse real-time CSCs are Filter, Process, and Store. The Filter
process determines packet destinations. Process is a collection of real-time data
sampling algorithms. Store is the output manager.
Filter criteria for choosing destinations are predefined and applied to each packet
header. Each set of criteria for selecting a subset of the packets is viewed as a
customer. A data customer may want data only from 1200:00 to 1202:00, from
signal source two, and only when the signal source detects a signal. Other
customers may have overlapping requests. The job of the filter is to test each
packet for each customer requirement set. The Filter CPUs each process one
complete packet at a time and run the same filter/routing algorithm. At the
completion of each packet, each filter process requests another packet by calling
the Parking Place Manager get_next member function. The filter process uses the
operators less than, greater than, and equals, to compare fields in the header with
customer criteria. Any failure of a criteria test ends the testing for that customer. If
all criteria pass, a bit in the destination word is set for that customer. When all
customer criteria have been evaluated, the destination word for that packet is
returned from the filter process. The destination word is written into the header
and also passed when the ready_to_move member function is called. The number
of filter processors is determined by the system loading.
The Store CSC manages sending packets to the destinations. Store calls the
Parking Place Manager get_next member function and evaluates the 32-bit
destination word. The destination queues are managed so that one slow device
cannot consume all the available parking places. The method for handling this is
to limit the queue size for the slow speed output devices as the reserve of parking
places pool diminishes. There is no limiting on the primary high-speed recording
devices. Each destination calls the get_next member function for the next packet
to send. When all output devices have sent their copy of the packet, it calls the
Parking Place Manager ready_to_use member function to place the parking place
back into the empty and available pool and tells Store that it is done so store can
clear the related bit. If an output device never finishes with a packet, it is removed
from the list of available output devices and an error message is logged. A log of
where each packet was stored is built and recorded to each specified device. If a
packet destination word has no bits set, then no customer’s criteria selected the
packet for storage and the packet is discarded when the parking place is returned
to the available list.

The Process function of Warehouse is really made up of several different
processes, each of which are Filter packet destinations, like the output devices.
Generally, these processes are sampling the digital data stream, processing the
data, and displaying the product. One of these processes is a one packet at a time
Fast Fourer Transform (FFT). Another is a one packet at a time xy plotting of data
points. We have linked a standard math tool for signal analysis into the process
code. Data analysis is discussed later. This concludes the real-time data
collection process.
There are three 32-megabyte per second ID-1 format digital tape recorders
attached to the system. The interface to the tape recorders is via Gateway Cards
with Transmit and Receiver Tape Mezzanines. A special retrieve FPGA was
developed to deal with reading packets from the tape, since the packets are
streamed on and not recorded as files. The tape interface operates at a software
selectable 8, 16, 32, or 64 megabytes per second.
The non-real-time storage and retrieval functions use the Sun Workstation’s
native Fast SCSI bus with a CD-ROM, a DAT tape recorder and several hard
disks attached. The Sun SBus is loaded with a Fast and Wide SCSI bus and a
100BaseT Ethernet card to form a data network with the Filter/Router Processors.
The Fast and Wide SCSI bus has an 8mm tape and a 54 Megabyte RAID array
attached.
An auxiliary function of the Filter Processor card is to act as a conduit for the
RACEway to Ethernet data network and the RAID array. A PowerPC with A and C
rows connected to the RACEway bus and an ECHOTEK PMC RACEway
Interface mezzanine operating at the full PCI bandwidth, 132 megabytes per
second, serves as a port between the processor and the RACEway. This is a
VME one-slot card.
The Warehouse CSCs Filter, Store, and Process are reused in the Playback
mode to bring packets back into the system from the high-speed tapes and pass
them through the filters for thinning and then storing on output devices. The
Retrieve CSC was built to interface with the Input/Output Manager CSC for pulling
the packets in from the high-speed tape and act as input for the Filter CSC. The
Parking Place Manager is unchanged and operates the same member functions,
but Retrieve gets the empty parking places like Receive does during real-time
data collection. This is the preparation of the data for data analysis. The data
product of this system is data as collected without the packet wrapper but with
essential header data in the file.

The System Manager CSCI is a non-real-time task that maintains a system
database, the operator interface, system status and error reporting, and system
mode control. The system database is reflected in each collection and the
recording hardware set. A Browser scans the database to collect the items that
have changed for transmission as packets to the other hardware chassis, while
another browser is monitoring selected system variables for system status
reporting. Browsers are periodic tasks with a programmable period.
The operator interface is via a workstation that has a window for status and error
reporting and an operator input window for system mode control and configuration
management and each Process has a window when it is operating. On Power Up
the system boots from CD-ROM and loads the default system database. At this
time, changes to the system database may be modified by the operator or loaded
from any file-input device. It then performs discovery and compares what it found
with the system database and notes any discrepancies. The system, on operator
command, transitions through initialization to Idle mode. Legal mode choices from
Idle are Data Collection, Playback, Shut Down, and Reboot. From Data Collection
and Playback, only Stop and transition to Idle is allowed. Shut Down is preparation
for power down.
CONCLUSION
One of the keys for development of this system has been the adherence to
interfaces and application of the top down requirements and design. No
duplication of specifications or designs was permitted. If it was done once and
was needed again, it was referenced. No coding was started until requirements
and designs were complete. Work was reviewed to conform to standards.
The flexibility has been mildly tested. The mezzanine type and number of GPIOs
has changed and only required changes to initialization variables. A requirement
change late in the program to accommodate a larger header, different types of
headers, and different types of data, also required only changes to initialization
variables. The addition of a requirement to add a second collection system to the
first collection system had little impact. In this new configuration, packets will
arrive at the first collection system and will be inserted into the transmission
process like the non-real-time order wire packets. No changes were required for
Parking Place Manger class.
During system analysis it was determined that each collection and recording
system had the same functional requirements. By using the system database and
a discovery function, each system during initialization configures its software to
match the available hardware. Using the same software for each collection and

recording system has reduced the software configuration issue, embedded the
hardware configuration and reduced operator intervention for system initialization.
The choice of PowerPCs as the processors was a flexibility and growth decision.
The system performance growth path was defined early to be processor speed.
There are multiple manufacturers and the features are expanding rapidly.
Processor selection adhered to qualified WindRiver board support packages and
a single development environment. We developed our own test software and
evaluated each candidate’s VME interface and our packet filtering/routing
algorithm performance. Processor speed was not the only factor, the size of
internal chip cache and DRAM interface speeds made the most performance
difference.
In the end, we have verified that mixing manufacturers of Power PCs had no
effect on our processing software because of the Board Support Package (BSP)
provided by each board manufacturer. The rate of change in the PowerPC
marketplace has resulted in some problems with board support packages and
tools keeping up with the new products. Some modifications to these packages
must still be done for addressing, interrupts, etc, but the result is an encapsulation
of the hardware and software interface specifics into the BSP.
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ABSTRACT
This paper presents the Mission Integrated Decommutation and Analysis System
(MIDAS), a multi-threaded, multi-processing application developed in Microsoft Visual
C++ for Windows NT by the Air Force Development Test Center (AFDTC) Eglin AFB,
Florida. The primary function of MIDAS is to support post-test processing of
instrumentation data by decommutating, logging, and reporting MIL-STD-1553B or pulse
code modulated (PCM) encoded data extracted from MARS-II digital tape recordings.
MIDAS processes multiple data streams from a single recording, and can process multiple
recordings in parallel. MIDAS also serves as a diagnostics tool for investigating data
processing anomalies reported during normal production runs.
MIDAS is part of an integrated suite of applications developed to provide AFDTC
development test and operational test customers with quickly delivered, high-quality data
products. Software development is underway to support the processing of Digital Data
Acquisition and On-Board Recording Standard (DDAS) packetized telemetry data. DDAS
is derived from the Consultative Committee for Space Data Systems (CCSDS) standard.
[MARS-II is the digital acquisition and recording system supported by MIDAS. MARS-II
was developed by DATATAPE, Incorporated, Pasadena, California. It records up to 20
gigabytes of mission data across as many as eight channels of MIL-STD-1553B or PCM
encoded data. Digital recording technology provides an alternative to traditional analogbased telemetry ground systems.]

KEYWORDS
Common Airborne Processing System, Decommutation, MARS-II, Multichannel
Telemetry Processing, MIL-STD-1553B, Pulse Code Modulated Encoded Data, CCSDS,
DDAS.
INTRODUCTION
MIDAS decommutates, logs, and reports MIL-STD-1553B or pulse code modulated
(PCM) encoded data extracted from digital tape recordings. MIDAS also facilitates the
analysis of the blocking structure and resident data of these recordings. Thus, MIDAS is
targeted for two primary groups of users: data reduction technicians and
analysts/engineers. Little knowledge of Windows-based computing is assumed or
necessary. User tasks within MIDAS are divided into Project Setup and Project Execution
activities.
Project Setup is the activity of characterizing the resident data and prescribing processing
activities against it for a set of project-related digital recordings. Stream specifications for
both 1553 and PCM data can be created and loaded against one or more of the eight
channels of the project. This task might be performed by a telemetry engineer. The
recordings of individual missions can then be processed against the project by data
technicians, who indicate which channels to process, the times of interest, and any special
processing requirements. Project Setup information is presented hierarchically and
manipulated graphically via point and click operations. For simplicity, data reduction tasks
are separated from more advanced user tasks.
Project Execution is the activity of reading and processing a recording while optionally
monitoring the diagnostic information sent to the screen. Several functions are provided
during execution, giving the user interactive control of the speed and manner with which
he or she progresses through the recording. The user may also define the times of interest
on-the-fly. The modes of execution, Batch Mode, Production Mode and Analysis Mode,
offer varying degrees of insight and control into the data reduction process. Batch Mode
enables the user to process recordings in the background while continuing to interact with
the application. Production Mode provides only basic status information in order to
emphasize speed. Analysis Mode is presented to the user as a property sheet containing
data views at the SuperBlock, SubBlock, PCM frame, and 1553 Message level.
DECOMMUTATION CAPABILITIES
MIDAS decommutates selected streams of data and outputs each to a separate Digital
Data Standard (DDS) file for follow-on processing within the Common Airborne

Processing System (CAPS) or some like application. MIDAS is a multi-threaded
application, using an architecture that leverages dual-processor machines by performing
the decommutation of two or more recordings in parallel.
Each channel of 1553 data intended for output is affiliated with a 1553 Setup file. As
shown in Figure 1, a 1553 Setup file lists the only commands the user wishes to use in
analyzing and converting to the DDS format. When listing a command, the user may
specify the command as individual bits, hex digits, or subfield values. Immediate feedback
is generated as the user’s validated input is quickly filtered throughout the entire dialog.
Sampling rates are available to associate with the constructed command.
A PCM Setup file is used to characterize a stream of PCM data. Each channel of PCM
data intended for output must be affiliated with a PCM Setup file. PCM setup is realized
via a set of tabbed dialogs (Figure 2), where the user specifies the Sync Pattern, Sync
Mask, Pattern Length, and Subframe Identifier.

Figure 1 - 1553 Setup

Figure 2 - PCM Channel Setup
Several options allow the user to tailor the decommutation process. For example, 1553
errors can be omitted from output. For rapid production, the streamlined Production Mode
can be chosen.
The Executive Toolbar (Figure 4) provides buttons for all of the menu functions available
during execution. From left to right, the functions are as follows: Do Batch, Do
Production, Do Analysis, Go, Step (to Next SuperBlock), Pause, Step to Next Transfer,
Go to Transfer, Skip Transfers, Go to Next Pass, Turn Output On, Turn Output Off, New
Pass, Stop. A Transfer is the unit of data transferred from the recording to the PC during a
single read. It normally contains 63 SuperBlocks, each of which reserves a SubBlock for
each active channel. Most tapes are processed by the continuously processing Go function
in considerably less time than the actual time recorded on the tape. The Skip Transfers
function provides extremely rapid access to any portion of the recording.

Figure 3 - Production Mode

Figure 4 - Executive Toolbar
ANALYSIS CAPABILITIES
As stated above, the second capability of MIDAS is to serve as an instrumentation data
troubleshooting tool for telemetry analysts and engineers. MIDAS provides information
concerning the digital data format, as well as detailed stream-specific information for both
1553 and PCM. The Analysis Mode property sheet provides many different views of the
data for each channel selected for output; the user may rapidly move among these various
views and channels.
The SuperBlock Page (Figure 5) gives a complete analysis of the current SuperBlock.
Header information is decoded and reported. A description of the time SubBlock and
subblocking scheme for stream data is also included. Any channels of data identified for
output are flagged by a checked box under O/P. The primary feature of the SuperBlock
page, however, is a color-coded hexadecimal dump, from left to right, of all the data in the
SuperBlock. Header data is shown with a grey background, time code and voice data are
displayed in red, and subblock data alternates in blue and green.

Figure 5 - SuperBlock Page
The SubBlock header is decoded and displayed in the SubBlock page (Figure 6),
demonstrating typical values for the SubBlock number, the Data Type, and the various
word and bit counts describing the SubBlock boundaries. Like the SuperBlock page, the
SubBlock page provides a hexadecimal dump of all data in the current SubBlock. The data
is presented in 20-bit words, the first 4 bits of which is the Identity Code, identifying the
type of data that follows in the next 16 bits. Words are color coded based on the Identity
Code: Channel A is shown in blue, Channel B in green, and Null data in gray. A popup
dialog describes the selected 20-bit word.
The RTA Summary page in Figure 7 is a complete breakdown, summarized by remote
terminal address, of message activity in the selected channel during times of interest. The
Toggle button toggles between displaying RTAs 0-15 and 16-31. The Tolerance field
determines the error level required to flag the checkboxes. In this example, it is clear that
for RTA 26, the number of RT-RT messages with invalid responses exceeded 0.001% of
the RTA’s total message traffic.

Figure 6 - SubBlock Page

Figure 7 - RTA Summary

The Selected Messages page, displayed in Figure 8, lists selected 1553 messages in the
current SubBlock of the selected channel. Messages are listed if they are included in the
channel’s setup file, regardless of the current time. As shown in the figure, the user may
search for the next occurrence of an error or a particular command. Similarly, values of
particular data words may also be monitored in a popup dialog.

Figure 8 - Selected Messages
The PCM Channels analysis page, shown in Figure 9, displays the subframe identifier
(SFID), minor time frame, and data words of the minor frames of the most recent subblock
of the selected data stream. The user may select for analysis any PCM channel designated
for output, and may also select the range of words to be displayed. As with the 1553
Selected Messages page, the user may monitor the values of a particular data word within
the frame; the PCM Watch dialog records a value of the selected data word for each
occurrence of the corresponding subframe.

Figure 9 - PCM Analysis
REPORTING CAPABILITIES
During Production and Analysis Modes, MIDAS produces a DDS file for each selected
channel of data. DDS files are directly transferable to the Common Airborne Processing
System (CAPS), which provides a popular engineering unit conversion solution for varied
customers and numerous data types. Simply put, the DDS file is the mechanism that links
MIDAS to the processing power of pre-existing software, and helps to eliminate the need
for expensive duplication of effort.
Various summary reports are also generated. Remote terminal address activity is
summarized for 1553 channels, along with summaries for messages of interest, whereas
synchronization errors are reported for PCM channels. Time Edits are reported for the
detection of time backups and jumps.

CONCLUSION
MIDAS demonstrates the power and ease with which personal computers and
workstations, when properly instrumented, can perform initial reduction of digitally
recorded data. In concert with CAPS, MIDAS provides a robust system for data
preparation and analysis on a single PC. To guarantee the widespread usefulness of
MIDAS in future years, our development team plans to incorporate new and emerging
digital recording formats into the application.
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ABSTRACT
CAPS 2.0 provides a flexible, PC-based tool for meeting evolving data reduction and
analysis requirements while supporting standardization of instrumentation data processing.
CAPS 2.0 will accept a variety of data types including raw instrumentation, binary, ASCII,
and Internet protocol message data and will output Engineering Unit data to files, static or
dynamic plots, and Internet protocol message exchange. Additionally, CAPS 2.0 will input
and output data in accordance with the Digital Data Standard. CAPS 2.0 will accept
multiple input sources of PCM, MIL-STD-1553, or DDS data to create an output for every
Output Product Description and Dictionary grouping specified for a particular Session. All
of this functionality is performed on a PC within the framework of the Microsoft Windows
95/NT graphical user interface.
KEY WORDS
Data Reduction, Personal Computer (PC) Software, MIL−STD−1553, Common Airborne
Processing System (CAPS), Engineering Unit Conversion (EUC)
INTRODUCTION
Traditionally, instrumentation data systems for reduction and analysis have been
specifically designed diagnostic tools built dependent on tightly integrated hardware and
software components, causing a lack of adaptability, maintainability, and extensibility.
CAPS 1.3 addressed instrumentation data reduction and analysis needs while providing a
simple-to-use application using the open-architecture and low cost of the PC platform.
CAPS was developed by the Air Force’s 96th Communications Group at Eglin AFB,
Florida for the Navy’s Airborne Instrumentation System (AIS). The AIS Test
Instrumentation Pod (TIP) is an AIM-9 type pod designed to support Operational Test and

Evaluation missions using tactical operational configured aircraft. The pod is designed for
MIL−STD−1553, Global Positioning System (GPS), and inertial sensor measurement,
acquisition, and recording. After satisfying the AIS requirements, CAPS was extended to
accept additional data formats and added capabilities, making it a powerful generic data
reduction tool.
CAPS 2.0 is an object-oriented re-engineering effort that incorporates data reduction in a
32-bit, multithreaded application with an extensible system architecture and a user-friendly
interface. The goal of CAPS 2.0 is to perform the data reduction functionality of previous
CAPS versions with the added flexibility of multiple input streams, Digital Data Standard
(DDS) compatibility, and a modern graphical user interface (GUI). This paper shall
describe the data reduction functionality of CAPS 2.0, its object-oriented design (OOD)
and development, and future capabilities.
DEVELOPMENT APPROACH
The design and development effort of the CAPS 2.0 software engineering project is based
on two interdependent concepts. The first, to create an adaptive software infrastructure
using object-oriented techniques. This infrastructure serves as the application framework
upon which all data reduction functionality will be established. The second, to enable the
user to manipulate the CAPS 2.0 functionality via a modern, user-friendly GUI.
The goal of creating CAPS 2.0 as extensible software was a proactive response to meet
evolving requirements and lower future development costs. Object-oriented design enabled
software component replacement or enhancements to be achieved with less system
discord. CAPS 2.0 software design emphasized code reuse through abstraction and data
encapsulation. Abstracting the application domain allowed a generic high-level program
structure to be accomplished. This approach made it possible to maintain flexibility while
supporting future capabilities. Functional modifications can be made within a component
without affecting other areas of the software system. Computer Aided Software
Engineering (CASE) tools were used to aid in the design process of CAPS 2.0. Visual
C++ and the Microsoft Foundation Class (MFC) Libraries were used to implement the
application framework, data reduction, and GUI functionality. The application was
designed and developed utilizing threads to support multitasking capability and processor
optimization.
CAPS 2.0 SYSTEM DESCRIPTION
CAPS 2.0 performs the extraction and Engineering Unit (EU) conversion of
instrumentation data parameters. Raw instrumentation data is input into CAPS 2.0,
extracted via data description, EU converted, and output in a manner described by the

user. The primary functionality of CAPS 2.0 is its EU conversion capability. Secondary
functionality is the low-level data manipulation necessary to enable conversion. This
manipulation is made possible through to input and output data descriptions provided by
the user. Required components for CAPS 2.0 operation are:
•

Input — one or more streams of instrumentation data in raw, DDS, or real-time
form. CAPS nomenclature refers to input sources as input stream(s) or physical
stream(s).
• Input Data Description — a user-specified description of the physical location and
data type of each instrumentation parameter the user wishes extracted from an input
stream. CAPS nomenclature refers to this description as a Data Dictionary.
• Output Data Description — a user-specified description of the output format and
order of EU converted instrumentation parameters. CAPS nomenclature refers to
this description as an Output Product Description (OPD).
The user defines these Dictionaries and OPDs via the GUI prior to processing. At runtime
the user specifies the input streams and edits the Dictionary and/or OPD configuration files
as necessary. These components are used by CAPS 2.0 in the production of flexible output
results. Output can be obtained in several commercial off-the-shelf (COTS) formats as
well as virtually any user-defined ASCII or binary format. CAPS 2.0 supports file and
local and distributed inter-process communications output.
APPLICATION DESIGN
The CAPS 2.0 software is designed based on four main components referred to as engines.
Figure 1 illustrates the interdependent relationship shared by these engines. The Executive
engine controls the GUI as well as the creation and constant monitoring of the Input, EUC,
and Output Engines. Input streams are ingested via the Input Engine, which imports
individual time and data blocks (based on their specific input source formats) to the EUC
engine for conversion. The EUC engine performs required conversions and transfers the
raw data, time, and EUC data to the Output Engine. The Output Engine produces output
results in user-defined order and format when the conditional output criteria is met. The
Output Engine time-merges the multiple stream input using current value tables and
extracts EU converted parameters from the range of inputs for user desired output results.
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Figure 1 - CAPS 2.0 Application Design

APPLICATION FEATURES
At any point in CAPS 2.0, the user has the ability to access the Help functionality and
create or edit the Session, OPD, or Dictionary files, as well as execute the data processing
functionality. All user interface controls perform validation on user inputs. If conflicts
exist, the user is prompted for correction. All user inputs entered via the GUI controls can
be saved to file for subsequent reuse.
A dictionary is a low-level description of how a single input data stream can be extracted
and converted to engineering unit results. Data dictionaries are used specifically to extract
data bits from virtually any binary data source. The basic unit of dictionary information is
the parameter, which at a minimum includes the start word location(s), field length(s),
scale factor, and the parameter name. This allows the user to be completely unconcerned
about how EU results are developed. The user simply references parameters by name (i.e.,
Heading, Pitch, Roll).
A dictionary parameter can be created by concatenating multiple bit level data fragments
together. The Location page of the Dictionary Editor allows the user to define a parameter
by bit-level fragment description(s). A fragment can have individual bit, byte, word, and

double word swapping attributes specific to its binary storage orientation. This information
is used in conjunction with the binary storage type of the parameter in the physical stream
to correctly import the data into CAPS 2.0. A dictionary parameter will be extracted from
the raw data type in the physical stream and converted to a user-specified EUC type
representing the data type for CAPS internal storage. During data extraction, the gain and
offset bias constants will be used as conversion factors, if applicable. This conversion is
necessary to enable proper conversion of the parameter during the EUC engine processing.
Other enhancements to dictionary parameters include the more visible manner of editing
the dependent variable test list and extending test capability. Dependent variables are
accessed using the respective editor page. A dictionary can be saved for reuse and has a
default extension of “.dic”. Figure 2 provides an example of the Dictionary Editor.

Figure 2 - Dictionary Editor, Parameter Page
An OPD allows the user to create and save an ordered, formatted output list independent
of specific input details. This list describes one output result of the desired EU converted
data and is used in the Session to control processing. The generated output can be saved to
a file for follow-on applications or processed to a local or distributed inter-process
communication application for reduction, analysis, or presentation. CAPS 2.0 can produce
virtually any output file format with user-defined ASCII and/or binary output descriptions.
OPDs contain a trigger variable that represents the criteria for output of the OPD elements.
The description of an output product can be saved for reuse and has a default extension of
“.opd”.

The key component of the OPD file is the list of parameters the user specifies for a
particular ordered output. The user selects parameters from various dictionaries and input
sources as needed for extraction by switching between logical streams. In order to
effectively use multiple input sources and dictionaries concurrently, we must make each
variable unique via logical stream and dictionary association. Each dictionary incorporated
into an OPD for data extraction is assigned a logical stream value representing generic
configuration information with respect to input source. Logical stream identifiers provide a
unique method enabling users to represent input source information while remaining
independent of input source specification. In this manner, users can create reusable OPD
files that postpone specific input configuration information until runtime. This one-to-one
logical stream-dictionary relationship eliminates errors when isolating a parameter within a
particular input source while simultaneously processing data from multiple input sources.
The Variable List Page, as shown in Figure 3, illustrates the ordered list of dictionary
parameters (associated with various logical streams) that will be output. The Variables
Page describes how an individual variable will be formatted for output.

Figure 3 - OPD Editor, Variable List Page
A session corresponds to a specific data reduction effort performed on a specific date. The
primary user interface of CAPS 2.0 is the Session Editor. This editor represents all
information related to inputs, outputs, dictionaries, and OPDs. Each session contains a list
of inputs to be processed and a list of outputs to be generated. Each input is defined by
physical stream identifier, location, and data type. Another attribute closely related to input

is what dictionary will be used to extract and convert the input data. The user will need to
carefully select a dictionary file for every input. The dictionary source selection should
reflect the dictionary used with the OPD to enable the system to automatically match
physical and logical streams based on dictionary use. When the user specifies the OPDs to
be used, CAPS 2.0 will resolve the Logical Streams from the OPDs versus the Physical
Streams previously selected during this Session. The input data is extracted from raw bit
form via its physical stream and data type. This data is then retrieved via dictionary
attributes and converted to satisfy the OPD requirements. This EU converted data is then
output in the order specified by the OPD into the proper output form. The Start/Stop times
page will display time constraints to be applied across all data streams. The Execute Page
of this editor contains the Run button that activates the CAPS data processing
functionality. A session file can be saved for reuse and editing using a “.ses” extension. A
sample Session Editor is shown in Figure 4.

Figure 4 - Session Editor, Physical Stream Page
FUTURE CAPABILITIES
Future development will continue to add new input source formats to extend the range of
instrumentation and telemetry data reduction capabilities. Planned development for CAPS
2.0 includes input and output of real-time data and inter-process communication
applications, both locally and distributed. Currently a real-time data standard is being
developed. Needs also require CAPS to act as a real-time EU converted data server to
provide data to any device across the network. Current plans call for ActiveX development
to meet the CAPS data server need.

Additional CAPS 2.0 enhancements will include the ability to provide data to local and
distributed applications. These applications include graphical presentation, analysis, and
post-EU conversion of CAPS file and real-time data. Plans also exist to test the ability of
CAPS to process in a distributed environment. Future requirements include developing
CAPS functionality to better meet PCM data reduction needs. This development will
support PCM reduction by allowing multiple occurrence definitions for parameters within
a DDS structure.
Needs also dictate that an OPD will include function templates. Function templates are a
variation of the standard OPD element. Instead of being a single parameter with defining
attributes, a function template is an equation of one or more standard OPD parameters.
Function Templates allow the user to perform mathematical, time series, and logical
operations between Parameters from different input streams and dictionaries.
CONCLUSION
CAPS 2.0 has succeeded in its goal to provide an extensible, easy-to-use generic data
reduction tool available on a low-cost platform. It serves as a bridge from digital recording
to data analysis using a modern Windows95/NT-compliant GUI. The object oriented
development approach on this software effort enables CAPS 2.0 to host future
enhancements and modifications with less system trauma, insuring lower development
costs. As telemetry processes are re-engineered, the reusability of CAPS 2.0 software will
become invaluable. Continued support and development will enhance its capabilities,
making CAPS an even more powerful, generic instrumentation data tool well into the
future.
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ABSTRACT
An IRIG standard flight recorder has been developed that is based on half-inch helical
scan technology. The recorder was developed by combining the data channel of existing
ground-based recording systems with transport technology used in both flight test and
operational fighter aircraft environments.
The design goal was to achieve cross play compatibility with the defined IRIG 106.6 tape
format. Significant margins were provided in the design to maintain compatibility with
tapes recorded in fighter aircraft environments. Operation at up to 50,000 feet, a
temperature range of -40EC to +55EC, and vibration sources to Mil Spec 5400T are
requirements in this environment.
How these technical problems were overcome during the development of this recorder is
addressed in this paper.
KEY WORDS
Flight Recorder, Recording, Recording Technology, Airborne Instrumentation, Flight Test,
IRIG
INTRODUCTION
A flight test recorder was designed to meet mid-range recorder performance needs. The
goal of this work was to produce a flight test recorder that is format compatible with
existing ground station recorder-reproducers and adheres to the IRIG 106.6 tape format
standard.

The recorder, the Model 32HE, was developed by combining the data channel of an
existing ground-based recording system with a transport and related control technology
that is used in both flight test and operational fighter aircraft environments. In an era of
budgetary constraints and economic pressures, this combination of two technologies from
existing equipment was a cost effective approach in achieving the technical goals.
The data channel design was derived from a 64 megabit per second ground station
recorder. This includes everything from the external connector to the media and includes
input/output circuits, memory arrays, ECC electronics, formatter, pre-amplifiers, bit
synchronization, equalization, head drivers, and head technology. Although all of these
functions are working designs in a lab environment recorder, the designs had to be
migrated to meet the requirements of a harsher environment and a much smaller physical
space.
The remaining technology was adapted from an existing mission video recorder. The most
significant component of this technology is the helical scan transport, but several other
critical subsystems were also derived from the mission recorder. This includes the
mechanical design of the chassis, the heat dissipation system, and other elements related to
the transport such as the motors, motor control, and servo systems. This group of
technologies had to be translated to meet the requirements of a digital recorder operating in
a high performance jet fighter aircraft environment.
From a system perspective, the development strategy was simply to combine the two sets
of technology into a new recorder. Although several system engineering hurdles could be
anticipated, especially the integration of two previously independent designs, the main
problems were an outcome of attempting to record a digital stream of data at a 100 kilobit
per inch density in the jet fighter environment.
IRIG 106.6 TAPE FORMAT
A major goal of the design was to achieve format compatibility with the IRIG 106.6 tape
format standard. This standard specifies two related track pitches as shown in Figure 1.
The E format has 58 x 10-6 (Fm) tracks on 80 Fm centers. The B format specifies 32 Fm
tracks on 40 Fm centers. Both the E and B formats may be recorded at approximately 50
kilobit per inch or 100 kilobit per inch densities. All these versions of the format are used
in existing ground station recorder-reproducers.
These formats are usually supported in one of two ways. The first method has two heads
mounted 180 degrees apart on the rotating upper cylinder of the scanner. For example, a
two head upper cylinder using 58 Fm heads could be controlled to write two tracks on 80
Fm centers during each rotation of the cylinder. This would be compatible with the E

format. The second method uses four head with a pair of heads mounted 180 degrees
apart. An upper cylinder with four 32 Fm heads mounted with two sets of heads 180
degrees apart is an example of the second implementation. Each rotation in this example
would result in four tracks being written as shown in the bottom part of Figure 1.
Also note that with proper control of the data channel, a B format recorder can reproduce
the E format since the single rotation tape offset is the same for both implementations.

80 um

80 um

E Format

B Format

58 um

32 um

Figure 1
IRIG 106 Track Format

JET AIRCRAFT ENVIRONMENTAL REQUIREMENTS
The format requirements outlined above have been implemented in lab environment
recorders with a high degree of success. The environment in a modern jet fighter aircraft is
much more severe in several areas. The most challenging requirements for a recorder are
the temperature, vibration, and altitude requirements.
The temperature range that test equipment must meet is -40EC to +55EC. Most
laboratory recorders are specified to operate in a range of +5EC to +40EC. The extended

temperature range poses difficulties for electronics, heat dissipation, media performance,
and the electromechanical-magnetic systems involved in writing data on tape.
The vibration requirements that must be met are represented by the vibration curves
in MIL-SPEC 5400T. There are several elements of a recorder that can be affected by
vibration including component mounting and circuit card mounting. However, the effect of
vibration on track straightness and track spacing are the most difficult to control.
The final significant requirement posed by the jet aircraft environment is operation
to an altitude of 50,000 feet. This requirement, of course, translates into operation at a
reduced atmospheric pressure. For the most part, this has negligible effect on electronic or
mechanical operation. However, a helical scan tape recorder's operation depends on the
presence of an air bearing that exists at the head to tape interface as the magnetic head
travels across the tape.
How some of these problems were resolved is discussed below. Particular attention
is given to tape format issues.
DESIGN STRATEGIES
Any tape drive design achieves the environmental requirements outlined above by careful
design in the signal system, the geometry of the mechanical design of the tape transport,
and the servos. The discussion below describes the design considerations that were
necessary to accomplish the environmental requirements, but concentrates on specific
areas that were critical in achieving crossplay of the IRIG 106.6 tape format.
The underlying strategy was to use the margins that are inherently available in the IRIG
106.6 tape format and implement a servo design capable of maintaining those margins.
Additionally, it was necessary to isolate the unit as much as possible from the added
effects of temperature, vibration, and altitude.
Referring again to Figure 1, note that the E format has a track width of 58 Fm and the B
format has a track width of 32 Fm. In order to assure the widest possible margins across
the extremes of the environment it was decided to use the E format to record data on the
airborne recorder and use a B format ground station to reproduce data. This provides an
additional 26 Fm of margin in the track. A centered head could drift 13 Fm and still be
100% on recorded signal.
The worst case allowable margins are determined by this system level strategy. In order to
meet these margins the design of the recorder's geometry attempted to keep the track
tolerances to a minimum. Table 1 gives a list of the mechanical elements that contribute to

the track geometry. Each of these elements was allocated a maximum allowable effect on
the track straightness, calculations were made to determine the effect of tolerances, and
then tolerances assigned to each mechanical part. When the transport was constructed each
of these parameters were then measured.
Static Environment

Temperature

Vibration

Helical head width tolerance

Head height to helix D.C.
shift

Head deflection

Head dihedral

Cylinder diameter helix angle

Slant post deflection

Head penetration

Head width

Capstan shaft radial deflection

Upper scanner diameter

Head protrusion

Linear head

Helix angle

Tape dimensions

Baseplate

Scanner eccentricity

Scanner tilt

Spool/cassette

Head height

Inlet guide

Slant post
Cylinder azimuth
Cylinder tilt
Cylinder pitch
Catcher post skew
Tension variation
Capstan shaft runout

Table 1
Tape Position Design Elements
The remaining subsystems important in achieving the track format are the servo systems.
Figure 2 is a block diagram of the scanner servos, one of the servo systems. This servo
system is a digital system using an Analog Devices Digital Signal Processor (DSP)
ADSP2101. The DSP is programmable via an EPLD. Its software performs the control
algorithms to drive each phase of the motors with a synthesized current profile. The
feedback is provided from an optical encoder that is mounted on the scanner. This
provides position and velocity information allowing a track reference pulse and control
pulse to be generated for other parts of the recording system. The Motor Driver Assembly
(MDA) is a switched mode current drive that provides independent closed loop control of
the current in each of the motor phases as required by the servos. The MDA is able to

supply up to 1 amp into any phase to support high servo gain. The switching system keeps
the power consumption of the assembly very low.
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Figure 2
Scanner Servo Subsystem
The motor assemblies are precision mechanical components. Their bearings provide
sufficient pre-load and rigidity to maintain system accuracy within the environmental
extremes. The motor assemblies also contain the motor and feedback transducers. In order
to satisfy control requirements in the environmental range, customized motors were
designed. These motors are toroidal servo motors that are cogging free. The combination
of these motors, the synthesized drive, and the mechanical accuracy of the assemblies
provides for very smooth delivery of torque to within +/- 1 gram. Similarly, the feedback
transducers also had high bandwidth and accuracy requirements because of the
environmental demands. To satisfy these requirements custom designs were implemented
that provided high sample rates and accuracy.

TEST RESULTS
The design approaches described above were tested as part of the final unit in
environmental chambers. Figure 3 is a plot of track deviation measured across a group of
240 tracks on a segment of recorded tape. The recording was done at 55EC. The worst
case track deviation is about 6 Fm, and is well within the +/- 13 Fm safety margin. Figure
4 is a similar plot taken during a vibration test. The results of this test show a worst case
deviation of about 5 Fm, again well within the safety margin. These results show that
narrower track widths could be supported.
CONCLUSION
These results, and the results of many similar tests, demonstrate that the design approaches
described in this paper produce a recorder capable of supporting the IRIG 106.6 tape
format. Although the environmental requirements are severe, the management of the signal
system, mechanical geometry, and control systems provide enough margin to meet the tape
format specification. Enough margin is present to consider smaller track width
implementations. This provides encouragement for future designs of higher performance
flight test recorders using the same IRIG 106.6 tape format.

Figure 3
Track Deviation at 55E
EC

Figure 4
Track Deviation under Vibration

DEFINITION OF A FULLY COMPLIANT IRIG RECORDING SYSTEM
FOR TELEMETRY
Tom Kibalo and Ben Miles

ABSTRACT
Alliant Techsystems’ Advanced Technology Applications organization incorporates the
latest IRIG standards for range equipment and operation. Over the past five years, our
objective has been to assure interoperability among diverse data recording users while
achieving technical excellence for our ADARIO(Analog Digital Adaptable Input Output)
family of products. In this paper, we summarize 25 years of ADARIO development;
technical challenges, risks and processes; as well as our five-year effort to modify and
develop our recording system products to meet the evolutionary standards of technical
excellence.
KEY WORDS
ADARIO, IRIG, Multiplex/Demultiplex
INTRODUCTION AND BACKGROUND
The Inter Range Instrumentation Group (IRIG) provides the criteria for range equipment
and operation. These standards are published by the Range Commanders Council (RCC),
an assemblage of Government with representations from the Army (5), Navy (5), Air Force
(6) and NASA. Standards are updated to be consistent with state-of-the-art technologies.
Compliance to these standards assures reliability in operations as well as interoperability
among many users with different cost effective technologies. As an added value, these
standards can be easily applied across many diverse telemetry applications to enhance
flexibility among users.

IRIG Compliance for Data Recording
Two major parameters, Data Format and Tape Format, are the compliance drivers for
IRIG in the digital recording industry. Both Data Format and Tape Format requirements
must be adhered to for full IRIG compliance. We define these format requirements as:
• How data enters the tape recorder
• How data is stored on tape

Data Format Compliance
Tape Format Compliance

Since 1993, the requirements for both formats have evolved systematically as summarized
in Table 1. They were developed from customer technical needs; selected from nonproprietary technologies based upon completeness and suitability and then refined. Tape
format compliance started with 19mm large format tape to now including S-VHS cassettes.
Table 1. IRIG Compliance Parameters-Evolution of Technical Excellence
Data Format Compliance
•

ADARIO Multiplex/Demultiplex Standard for Multiple Data Channel Recording
IRIG 106-93 ADARIO Paragraph 6.14
• IRIG 106-96 ADARIO Paragraph 6.15 Modified
Appendix G Modified)
Tape Format Compliance
•
•
•
•

IRIG 106-93 Paragraph 6.13
19mm Digital Cassette Helical Scan Recording Standards
IRIG 106-96 Paragraph 6.16 Added
1/2-Inch Digital Cassette (S-VHS) Helical Scan Recording

Data Format Selection
Data Format selection for an IRIG compliant product presents significant challenges. The
selected format must:
•
•
•
•

Have general applications for a broad base of users
Have growth capabilities for future related products
Be scaleable to be implementable with current and future technology
Be non-trivial to minimize early entrance of competition.

The IRIG Analog/Digital Adaptive Recorder Input/Output system (ADARIO) Data
Formats meet all of the above criteria. The Data Format is for general analog and digital

signals recorded on a single channel digital recorder, therefore; it applies to all telemetry
signals. The customer base is currently using analog recorders that have limited channels
and limited dynamic range.
The format provides growth capability from low-rate signals such as voice and low-rate
data that can be recorded on any media to high-rate signals that are yet to be implemented
in telemetry (over 1 Gbps channel rates), and beyond the current capability of any
recording media (3.1 Gbps aggregate). The format based products can be scaled from lowend software based formatters/de-formatters using any low-cost computer peripheral for
storage with aggregate rates of less than 5 Mbps. Medium range products are based on
hardware assisted formatting/de-formatting and instrumentation adapted digital video
recorders with rates up to 120 Mbps. High-end products are based on all hardware
implementation using ECL and high-speed CMOS with high-end instrumentation recorders
up to 512 Mbps. Current technology using high-speed FPGAs and GAS logic permits
future products based on the format to achieve over 1 Gbps aggregate and channel rates.
Also, the analog front-end requirements are scaleable from a simple successive
approximation A/D to high-end flash converters at 130 Mega samples per second and high
resolution providing wide dynamic range that was not possible with analog recorder
technology.
Data Format compactness (less than 3% overhead), which permits complete time
coherent reconstruction of the original signals with no prior knowledge, presents
significant design and implementation challenges. The format overhead provides all
information pertaining to the recorded data and essential dynamic variables that relate the
phase and frequency of each channel, in a compact packed binary form, and require
innovative digital and analog implementation to reconstruct the recorded, packetized, data
with the desired correlation. This makes the format non-trivial that requires high-resource
commitment for competitive products. Also the compactness and time de-coupling of the
input processing from the output process by the Data Format permits the same ADARIO
packetized data to be transmitted via ATM links with real time reconstruction at the
destination which the standard Time Division Multiplexing can not accomplish.
Consequently, meeting Data Format compliance requirements, realized in IRIG-106-96,
extrapolated to its maximum, poses no limitations to data acquisition only challenges. The
current maximum Data Format specifications are:
•
•
•
•
•
•

Maximum Aggregate Rate
Maximum Channel Bit Rate
Maximum Channel Bandwidth
Maximum Sample Size
Phase Coherency
Maximum Channel Count

3.144 Gbps
3.144 Gbps
52.4MHz
24 Bits
8 Nanoseconds
256

ADARIO Development
Development of the initial ADARIO product represents over 25 man-years of effort. The
development started with formation of a very close technical team and partitioning of the
concept based on the format into functional modules. Simultaneously, an extensive current
technology capability study began with the goal of defining sufficiently mature
components that may be applicable to the product such as the:
•
•
•
•

Highest speed A/D
D/A
Programmable Logic Devices (PLDs) in the high-speed CMOS and ECL families
ASICs

and controlled impedance large form factor printed circuit board capabilities and
connectors. The initial partitioning estimates for each card resulted in approximate
complexity of over 1 million gates, 1K to 2K circuit nodes, and required system clock rates
of 100 MHz and the system consisting of at least 5 card types. Technology study indicated
that the highest speed parts consist of less than 2K gates (ECL PLD 20EV8) and ASIC of
20K to 30K gate complexity were applicable. This resulted in high design risk due to
human error, and high cost of ASIC design iterations.
Solution to the risk was to rely heavily on CAD with schematic capture and extensive logic
and timing simulation capability. The simulation resulted in significant design error
reduction and yielded high complexity cards with minimal errors. However, over reliance
on simulation resulted in attempts to simulate the complete system of over 8 million gates
including analog phase locked loops, which resulted in few hundred hour simulation runs
with minimal returns. Actual system tests, accomplished in a few hours, were more
efficient in locating system level problems. The key lesson learned is to know when you
are reaching the limits of the tools.
The schedule (3-year) and complexity (over 20 man-years) of design mandated concurrent
engineering. Concurrent engineering was successful because of top-down design
approach and close communication between team members forced by the proximity of the
CAD work stations with complete sharing of design files and location of the design team in
one large room. This resulted in immediate resolution of interface issues and free
interchange of ideas without extensive revisions of formal ICDs. Waiting for new
revisions. ICDs were completed at design completion for reviews and future modifications.
These may be old concepts but they resulted in an excellent product that exceeded
original expectations with long future and further technology challenges.

The challenges for future ADARIO products is to:
• Incorporate capability to record or play other formats
• Reduce cost and size with new technology while enhancing reliability due to
lower component count
• Reach the ultimate limits of the Data Format which places a technical challenge
on the recorder capability.
ADARIO Family of Products

A chronology of ADARIO products, Figure 2, shows the evolution from a Basic ADARIO
400 in 1990, (developed with a heavy application base in instrumentation) to our full
modular ADARIO 512 in 1997 (modified to meet the latest compliance to IRIG 106-96).
Our near future release ADARIO 1000 will extend data rates beyond 1Gbps and broaden
applications into Asynchronous Transfer Mode (ATM) applications.

Basic ADARIO 400
• 8 Basic Channels
• 400MHz Bandwidth
• 100Mbps

Mini ADARIO 400
• Ruggedized Man
Portable
• Reduced Channel
Count

Fully Modular ADARIO 512
• Expanded to 76 Channels
• Fully Modular Card Set
• MSI/MSO (User-Defined
Interface)
• GUI Control

ADARIO 256
• Autoranging Channel &
Aggregate
• 19 Channels/Card
• GUI Control

ADARIO 1000
• >1 Gbps
• Recorder & ATM Connectivity
• Touch Screen

Figure 1. ADARIO Family Chronology

As detailed in Figure 1 above, our products have evolved to meet the following IRIG 10696 characteristics:
•
•
•
•
•
•
•
•
•

512 Mbps
76 Channel Capability
Multiple Recorder Outputs
High Efficiency Data Formatting 2.34%
Adaptable Clock Rate
Max IRIG Compliant
Flexible System Control
Dynamic Channel Allocation
10 Nanoseconds Channel-to-Channel Coherency

The adaptable clock rate allows ADARIO to work efficiency with buffered recorders by
adjusting recording clocking rate coincident with changes in data aggregate. Dynamic
channel allocation allows users to activate/deactivate data channel as needed during a
record session. In terms of systems control, ADARIO provides integrated control for both
ADARIO and recorder(s). It has extensive on-line bit and fault isolation. Control interfaces
include IEEE-488, TCP/IP (Ethernet) and RS-232/RS-422. In addition to Graphic User
Interface (GUI), our systems control easily extends for simultaneous control of multiple
ADARIO/Recorder Systems. Table 2 lists the current recorders that ADARIO supports
and those exhibiting IRIG compliance:
“Ensure interoperability between ranges and compatibility of range users’ equipment
with the ranges.”
Table 2. Recorders Supported by ADARIO
ADARIO Card Designator
GRIC
*
*
*
*
*
*
*
*
*
*
*
*

DRIC
*
*
*
*
*
*
*
*
*
*
*
*

Recorder

Schlumberger
Datatape LP 200
Datatape LP 400
Sony DIR 1000L
Sony DIR 1000M
Sony DIR 1000
Sony DIR 1000H
AMPEX DCRSI
AMPEX DIS 120
AMPEX DIS 160
Metrum 32 VLDS
Metrum 64 Mbps
Sony DTF
Exabyte
Manmoth

Rate

480 Mbps
200 Mbps
400 Mbps
64 Mbps
128 Mbps
256 Mbps
512 Mbps
107Mbps/240 Mbps
120 Mbps
160 Mbps
32 Mbps
64 Mbps
120 Mbps

IRIG Tape
Compliance
(ID-1)
(ID-1)
(ID-1)
(ID-1)
(ID-1)
(ID-1)
(ID-1)

VLDS
VLDS

Our future ADARIO 1000 release is a representative of continuous improvements
throughout the evolutionary IRIG compliance cycles.
REQUIREMENTS VS. PERFORMANCE SUMMARY
Alliant Techsystems recently integrated a fully compliant IRIG system for an Air Force
range application. Table 3 lists the requirements for that system versus the achieved
performance using IRIG 106-96 compliant equipment.
Table 3. Requirements vs. Performance
Mux and System

Requirements: IRIG Compatible
•
•
•
•
•
•
•
•
•
•

16 Digital PCM Channels
2 Time Code Channels
1 Analog Channel (Up to 2MHz)
Autoranging Input (0-25 Mbps)
Autoaggregate Output (0-64 Mbps)
Low Overhead
Timescale 8:1
PC GUI-Based Control
Phase-Coherent Multiple channel Playback
Tape Dubbing

• Unlimited Record Time

Performance: ADARIO 256B
• 16 PCM Channels
• Dual Analog Channels
• 400 KHz Analog Channel
• Autoranging Input (0-26 Mbps)
• Autoaggregate Output (0-256 Mbps)
• Overhead <2%
• Timescale 16:1
• Labview GUI on Windows 95/NT
• IRIG Compliant:19-Channel Playback
• Tape Dubbing With Playback
(Simultaneous Data processing During Dubbing)
• Ping-Pong (Dual Interface Capability)
Recorder

Requirements
•
•
•
•
•
•
•

IRIG Compatible
Continuously Variable Record/Playback
Low Error Rate
Quick Change of Tape
Inexpensive Media
Search Capabilities
Remote Control

Current Performance
•
•
•
•
•
•
•

Metrum VLDS
Buffered
1 X 10-11 Bit BER
Cassette
SVHS Cassettes
Fast Search by PBN
RS-232

FUTURE ENHANCEMENTS UNDER DEVELOPMENT

As stated previously, our future ADARIO 1000, is a representative of continuous
improvements throughout the evolutionary IRIG compliance cycles. In addition to Sun
compatibility for control, we are now incorporating:
• Seamless Playback

The ability to playback completely autonomous record
session with equipment reset, reconfiguration or loss of
sync

• Positive Record
Feedback

The ability to emulate via software control Read after
Write verification (Simuplay) for those recorders that
are Write Only and Read Only machines

• Time Code Search

The ability to search/position tape based upon stored
time code (Present capability utilizes PBN (Principal
Block Number).)

ANTI-JAM PERFORMANCE OF SEVERAL DIVERSITY
COMBINERS
Thomas Eng
The Aerospace Corporation
P. O. Box 92957
Los Angeles, CA 90009

ABSTRACT
The relative anti-jam (AJ) performance of several diversity combiners are investigated.
The modulation is 8-ary frequency-shift-keying (FSK), the demodulation process consists
of energy detection of the eight frequency bins at each hop and the subsequent combining
of detector outputs. Three combiners are considered : the linear combiner, where the
detector outputs of each hop (corresponding to the same frequency bin) are summed
without any processing; the self-normalized combiner, where the eight detector outputs of
any particular hop are normalized so that they add to unity; and the max-normalized
combiner, where the eight detector outputs of any hop are divided by the maximum value
among those eight outputs. Results indicate that under worst-case tone jamming, the selfnormalized combiner performs the best, the max-normalized combiner second best, and
the linear combiner performs the worst among the three.
KEY WORDS
AJ Performance, Diversity Combining, Digital Communications.
INTRODUCTION
In the presence of sophisticated jamming, it is known that the performance of fast
frequency hopped communication systems can be significantly degraded. Various
techniques have been devised to ameliorate such degradation, among them is the usage of
nonlinear hop combining, which is the subject of the present investigation. Another antijam measure that has been implemented in practice is fine-granularity hopping, where the
minimum bandwidth between hop frequencies is smaller (usually much smaller) than the
frequency separation of the FSK signal set. Fine-granularity hopping effectively spreads
out the in-band jammer power throughout the bandwidth of the signal set, thus eliminating
the advantage of a ‘smart’ tone jammer.

Since the primary focus of this study is the AJ capability of diversity combiners, finegranularity hopping is not assumed; the analysis of the combined performance of these and
other AJ measures can be quite involved and will be investigated at a later date.
Accordingly, the simple hopping scheme assumed here is fairly easy to jam, and is
therefore not a realistic candidate for an actual implementation; however, it does facilitate
the analysis of the relative AJ performance of the diversity combiners of interest.
Related references in this area include the papers by J. S. Lee and associates [1, 2, 3], and
Robertson and Ha [4]; these papers analyzed combiner performance in the presence of
partial-band noise jamming (PBNJ) for BFSK.
SYSTEM MODEL
A block diagram of the system model used in this study is shown in Figure 1. The
transmission signal set is standard 8-ary FSK, where one of eight tones (equally-spaced in
the frequency domain with separation R), at frequencies {fi}, i = 1, 2, ..., 8, is selected
(according to some pre-determined mapping) to represent three information bits. These
eight frequencies are positioned around the center (or carrier) frequency fc as shown in
Figure 2, and are assumed to be equally probable.
Prior to transmission, the center frequency is pseudo-randomly hopped among a set of
possible hop frequencies {fc,i} where | fc,i - fc,j | $ 8 R for i … j . (This implies that the
hopping signal sets do not overlap.) Also, the ordering of the signal set {fi} around fc is not
changed from hop to hop (i.e., no scrambling or shuffling within the signal set). At the
receiver, the signal is dehopped and energy detected at the eight frequency bins, the
outputs of which are then processed and combined in some manner to arrive at a final test
statistic for each bin. The frequency corresponding to the bin with the greatest test statistic
is selected as the combiner output. Detailed descriptions of the combiner processing are
contained in later sections.
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Figure 1: Fast Frequency Hopped System Model .
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Figure 2: 8FSK Signal Set .

JAMMER MODEL
The jammer assumed here is a ‘smart’ multi-tone jammer which has complete knowledge
of the signal set and hopping structure, except for the hopping sequence. The jammer has
finite total power J, and over a hop period Th has total energy JTh, which, if spread evenly
among the total number of possible hop frequencies, Nss, yields the ‘spectral density’ of
the jammer, denoted as J0.
Rather than jamming the entire hop bandwidth (i.e., emitting energy in all Nss hop
frquencies), the jammer instead jams only a fraction D, 0 < D # 1, of the band, with
effective spectral density J0/D. The ‘optimized’ or ‘worst-case’ jammer is that jammer
which chooses a D such that the resulting bit error rate (BER) of the communicator is
greatest.
Given the hopping and signal structure as described above, the jammer can concentrate its
attack on one particular 8-ary symbol (say f2) by choosing the jammed frequencies such
that they have constant frequency separation (- 2.5 R in this example, see Fig. 2) from the
closest hop frequency.
PERFORMANCE ANALYSIS
For simplicity, it will be assumed that the only disruption that the signal encounters is
energy from the jammer, in the form of a randomly-phased tone at the jammed frequency.
To facilitate the discussion, often-used variables and parameters are defined below.
N
D

-----

J0
Ec
(
{zi,j}

---------

order of diversity.
jammed band fraction; also equal to the probability of a hop being
jammed.
jammer ‘spectral density’.
signal energy detected in one hop.
Ec/J0
energy detector output for hop i (i = 1, 2, ..., N), frequency bin j (j = 1,
2, ..., 8).

LINEAR COMBINER
The linear combiner simply adds the detector outputs of all the hops to arrive at a final test
statistic for each frequency bin, specifically, the combiner forms the following,

(1)

The output of the combiner (i.e., the receiver’s symbol decision) is fk whenever uk =
max{uj}.
In a no-ambient-noise environment, and assuming no signal attenuation or fading, it is clear
that, at any jammed hop, the detected energy from the jammer must be no less than that
from the signal in order for an error to occur; otherwise the jammer could hit every hop
(and at the same symbol) and still not have enough total energy after summing to cause an
error. Thus, it is assumed that J0/D $ Ec, or, defining ( / Ec/J0, D( # 1.
Denote by NJ the number of hops (out of a maximum of N) that are jammed. There is a
probability of 1/8 that the jammed symbol is the transmitted symbol, and probability of 7/8
that it is not. An error can only occur for the latter case. Without loss of generality, assume
that the signal symbol is f1 and the jammed symbol is f2, the symbol test statistics are then,

(2)
Thus, an error occurs if and only if (iff) NJ J0/D $ N Ec, or equivalently, when NJ $ ND(.
(Note that it is implicitly assumed that when u1 = u2, an error occurs, this slight bias
towards the jammer is for computational convenience and does not affect the worst-case
performance analysis.) The probability of a symbol error is then,
(3)

where

Note that p(NJ = k), the probability that NJ = k, is an implicit function of D.

MAX-NORMALIZED COMBINER
This nonlinear combiner offers a greater degree of jamming resistance by attempting to
prevent a very large detector output value of any single hop from dominating or skewing
the combined test statistics. Specifically, the combiner forms the following,
(4)

where {zi,j} are the energy detector outputs as defined previously; the combiner output
decision logic is the same as that for the linear combiner, namely, choose fk whenever uk =
max{uj}.
The approach used to analyze the linear combiner may now be applied to the maxnormalized combiner. Conditioned on NJ out of N hops being jammed, and assuming f1 is
the signal symbol and f2 is the jammed symbol, the test statistics after combining are
(D(#1 is again assumed),

(5)

Therefore, a symbol error occurs iff

, or equivalently, iff.

The probability of a symbol error is then,

(6)

where p(NJ = k) is as defined in (3).
SELF-NORMALIZED COMBINER
This is another nonlinear combiner with AJ capability. It suppresses strong jammer hits
and prevents a single high-energy jammed hop from dominating the test statistics and thus
causing an error. This is accomplished by normalizing the detector outputs of each hop by
the sum of the energies detected, specifically, the combined test statistics are,

(7)

Following the same logic and reasoning as applied to the other combiners, it is easy to see
that,

(8)

Rearranging terms, it can be seen that u2 $ u1 is equivalent to
the symbol error probability is,

, therefore,

(9)

where p(NJ = k) is as defined in (3).
PERFORMANCE COMPARISON
The most direct way to compare the relative AJ performance of these combiners is simply
to plot their respective BER curves and make a comparison based on worst-case (with
respect to D) BER. This is done later on. A less involved (and perhaps a more insightful)
comparison may be made by examining each combiner’s error threshold for a given N, D,
and (. That is, the number of jammed hops required to cause an error for a given set of
(N, D, ()is a measure of AJ effectiveness. The error thresholds for the three combiners
considered are summarized below,

linear

:

max-normalized

:

self-normalized

:

(10)

The ‘thresholds’ are the quantities on the right hand sides of the inequalities; a higher
threshold implies greater AJ capability. Noting that N is a common factor of all of the
threshold expressions and that D and ( appear only as a product, the comparison may be
made by plotting the fraction NJ/N as a function of " / D(, where " (0 < "# 1) is the ratio
between the detected signal energy and detected jammer energy of a jammed hop. Figure 3
shows the resulting plot of the three curves. From Figure 3, it is seen that the curves do not
cross one another, and merge only at " = 0 and at " = 1 (only the nonlinear thresholds
merge at " = 0); at all other values of ", the self-normalized threshold has the greatest
value, the linear threshold has the lowest value, and the max-normalized threshold lie
somewhere in between. In general, the nonlinear threshold curves are similar in
appearance and therefore the respective combiners are expected to perform similarly, with
the self-normalized version slightly superior than the max-normalized one. Thus, judging
from the behavior of their error thresholds alone, the relative AJ performance of the
respective combiners may be deduced.
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Figure 3 : Error Thresholds.

To obtain a quantitative comparison, one needs to evaluate a more-precise performance
measure such as the BER, as expressed in equations (3), (6), and (9). One commonly-used
criterion is the ‘worst-case’ BER, obtained either analytically by differentiation with
respect to D, or numerically by evaluating the error expression for the entire range of
DSvalues and determining the highest BER. Due to the discrete nature of the expressions in

(3), (6), and (9), they are not amenable to differentiation, therefore, worst-case BER
results were obtained numerically. A typical BER plot is shown in Figure 4, for the selfnormalized combiner. In this figure, the worst-case BER ‘curve’ is the straight line drawn
to delineate (approximately) the upper envelope of the individual curves. Note that the
individual curves are actually staircase-shaped, which is due to the no-ambient-noise
assumption.
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Figure 4: Worst-case BER, self-normalized combiner, N=8.

Rather than comparing the actual worst-case BER’s, a more convenient way to assess AJ
effectiveness is to examine the (asymptotic) slope or fall-off of the worst-case BER curves.
From plots such as Figure 4, it is found that for the linear combiner, the asymptotic slope is
10 dB/decade for all values of N (order of diversity). For the max-normalized and selfnormalized combiners, the asymptotic slopes increase monotonically (and approximately
linearly) with N, with the self-normalized combiner performing slightly better than the
max-normalized combiner in each case, which is consistent with the deduction made
earlier based on the relative magnitudes of their error thresholds. Table I below lists the
asymptotic slopes of each combiner for several values of N.

Table I : Asymptotic fall-off of worst-case BER (dB/decade).
N
2
4
8
16

linear
10
10
10
10

max-normalized
20
29
55
100

self-normalized
20
35
65
120

CONCLUSIONS/SUMMARY
The relative AJ performance of three diversity combiners for fast frequency hopped 8FSK
has been investigated, assuming a ‘coarse’ hopping structure and no shuffling of the signal
set. The three combiners considered, in descending order of AJ effectiveness, are the selfnormalized combiner, the max-normalized combiner, and the linear combiner.
The worst-case BER for the linear combiner is found to improve at 10 dB/decade for all
orders of diversity, N; those for the max-normalized and self-normalized combiners
improve at roughly 7N to 8N dB/decade. By comparison, a combiner with jammer state
information (usually considered to be the best-achievable combiner) in partial-band-noise
jamming decays at 10N dB/decade [5].
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ABSTRACT
Bit errors induced by multipath interference occur in short bursts with relatively long
intervals of error-free propagation. This paper analyzes the bursty nature of bit errors by
examining synthetic error sequences generated from received voltage levels measured
during low-altitude F-16 flights at Edwards AFB. The error gap distribution (which is a
cumulative distribution function of the length of the error free intervals) and the block error
probability are computed from the data. These parameters are useful in assessing the
performance of error control coding strategies.
INTRODUCTION
Errors on real aeronautical telemetry channels are due to a large number of factors such
as multipath interference, co-channel interference, and signal dropouts from obstructions,
shadowing, antenna gain patterns, etc. On a well-designed link, it is rare that errors occur
due to thermal noise alone. Thus, the error patterns observed by end users of telemetry are
rarely the independent random errors described by the binary symmetric channel. It is
much more common that the errors occur in clusters or bursts which coincide with fades in
the received signal. This paper describes the bursty nature of error sequences derived from
F-16 tests conducted at Edwards Air Force Base.
The data used for the error analysis are the automatic gain control (AGC) voltage levels
recorded from a Microdyne 1200 MR receiver during low altitude maneuvers performed
by an F-16 in the vicinity of the 8-foot tracking site at Edwards Air Force Base on
September 18, 1996. The telemetry data were transmitted using PCM/FM at 2335.5 MHz
and the AGC levels were recorded. The AGC time constant was set at 0.1 ms to capture as
much of the high frequency dynamics of the channel as possible. The magnetic tapes
containing the AGC data were played back and sampled at 20 ksamples/sec using a 12-bit
A/D converter described in [1]. AGC voltage samples were converted to received voltage

samples denoted vs using a point-slope approximation obtained from a calibration
procedure. The result is plotted in Figure 1.
The noise floor vn for the Microdyne receivers used was specified at -98 dBm. For a given
received voltage sample vs and noise floor value vn, the probability of bit error is [2]

(1)
The variations in the probability of bit error follow the variations in the received power
levels and are illustrated for the run in Figure 2.
The probability of bit error for the run was then used to generate a synthetic error
sequence from which the statistics of the error burst could be determined. A synthetic error
sequence is not based on data, but rather on the received signal levels and represents the
presence of a bit error with a 1 and the absence of a bit error with a 0. The synthetic error
sequence e was generated B bits at a time where B is the ratio of the data bit rate to the
sample rate:
(2)
The B error bits e0, e1, . . . , eB-1 are generated using a random number generator which
assigns a value 0 or 1 to the error sequence following the rule
(3)

where Pb is given by (1) for each sample. For the data presented in this paper, the sample
rate was 1/Ts = 20, 000 samples/sec and the bit rate was 1/Tb = 5 Mbit/sec so that
B = Tb/Ts = 250 bits/sample. Thus, the probability of bit error for the first sample generated
the first 250 bits of the synthetic error sequence e, the next sample generated the following
250 bits, and so on. The burst statistics of the error sequence were then analyzed using the
method described in the next section.
DEFINITIONS
There are two functions used to describe the bursty nature of errors on a real channel:
the error gap distribution and the block error probability. Each function conveys different
information about the channel.

An error gap is defined as a string of consecutive zeros between two ones in the error
sequence [3]. The length U of the error gap is equal to one plus the number of zeros
between the two ones. Since U is a random variable, it has a distribution
(4)
which is the probability that there are at least n error-free bits between errors. Consider the
following segment from an error sequence:
(5)

There are five error gaps labeled U1, U2, U3, U4, and U5 with lengths 5, 9, 6, 5, and 7,
respectively. For example, a binary symmetric channel (BSC) with transition probability
p = 1 ! q has an error gap distribution given by
(6)
The block error probability P(m, n) is the probability that exactly m ones occur in a
block of n consecutive error bits. From block to block, the number of errors in the block
varies as error gaps and error bursts occur in alternation. For example, the block error
probability for a binary symmetric channel with transition probability p is

(7)

The block error probability is particularly useful in assessing the performance of forward
error correcting block codes [4] with a block length n.
ANALYSIS
The occurrence of errors in the synthetic error sequence generated by the data (shown in
Figures 1 and 2) is illustrated in Figure 3. It is clear from this figure that the errors occur in
bursts rather than randomly as would be the case if the channel were a memoryless BSC
(the dashed line in Figure 3). The large jumps in the error count indicate the occurrence of
error bursts and coincide in time with low received signal levels (Figure 1) and high bit
error probabilities (Figure 3). The large jumps illustrate nicely the bursty nature of the
channel and the difference between this channel and the BSC.

The error gap distribution for the measured data is plotted in Figure 4. For comparison,
the error gap distribution for a binary symmetric channel whose transition probability is
equal to 0.0125 (the average bit error rate obtained from the data) is included. Gap lengths
less than 300 bits are more likely on the BSC than they are on the real channel. In contrast,
gap lengths greater than 300 are more likely on the real channel than on the BSC. This
means the real channel has longer error free gaps than a completely memoryless random
channel with the same average bit error rate. This is due to the tendency of the errors to
concentrate in bursts leaving long error-free gaps between the bursts.
The block error probability P(m, n) is illustrated in Figure 5. The block length was
chosen to be 2048 bits which is the number of bits in a length 256 Reed-Solomon code
with 8-bit symbols. (Length 256 Reed-Solomon codes are currently being evaluated at
BYU for suitability to provide adequate error control in these applications.) Note that for
m > 90, P(m, 2048) is negligibly small for this data set — abscissa values greater than 90
have thus been omitted for clarity. Again, for comparison, the block error probability for
the binary symmetric channel whose transition probability is equal to the average bit error
probability is included. The plot illustrates that relative to the binary symmetric channel, a
data block on the real channel is more likely to have either a few errors or many errors.
Coupled with the characteristics shown in Figure 4, this confirms that within a block, the
errors occur in bursts rather than occuring randomly throughout the block.
CONCLUSIONS
Errors on real telemetry channels occur in bursts rather than randomly as predicted by
link budget equations based on thermal noise. The error bursts are due to multipath
interference which occurs at seemingly random intervals throughout a flight test, especially
at low elevation angles (for example, when slant ranges are large).
The nature of error bursts has a profound impact on the ability of an error correcting
code to provide reliable data links as illustrated by the following three examples:
1. Non-binary codes (e.g. Reed-Solomon Codes) operate on symbols rather than bits
(each symbols consists of a fixed number of consecutive bits — 8, for example).
Four bit errors may cause 4 symbols to be in error (one bit in each symbol) if the
errors occur randomly or a single symbol error if the errors occur in a tight cluster.
The decoder corrects 4 symbol errors in the random error case but only a single
symbol error in the burst error case. Thus, the required error correcting capability of
the non-binary code is a function of both the average bit error probability (the
number of bit errors which occur in a block) and the bursty nature of the errors.

2. Binary convolutional codes with Viterbi decoding perform well when the errors
occur in a random fashion. Performance degrades quickly when the errors occur in
bursts.
3. Interleaving is commonly used in conjunction with binary codes on real wireless
channels. Interleavers “scramble” the bits at the output of the encoder prior to
transmission. At the receiver, de-interleavers “descramble” the received bits to
restore the proper bit order prior to decoding. The interleaver/de-interleaver has the
following effect: the errors which occur in bursts on the channel are redistributed by
the deinterleaver so that the errors appear in a random (rather than bursty) pattern to
the decoder. The interleaver depth is a function of the lengths of the error bursts
which occur on the channel. To realize good performance, the interleaver must be
capable of diffusing most of the error bursts which occur on the channel.
Whether binary codes with interleavers or non-binary codes are used, a description of the
error bursts is essential to proper code design.
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Figure 1: Received Power for the Low Fly F-16 Flight. (8-foot Receive Antenna, LHCP at
2335.5 MHz

Figure 2: Time Varying Bit Error Rate for the Low Fly F-16 Flight. (8-foot Receive
Antenna, LHCP at 2335.5 MHz)

Figure 3: Accumulation of Errors for the Received Power Shown in Figure 1 (solid line)
and the BSC with Transition Probability Equal to the Average Error Rate of the Real
Channel (dashed line).

Figure 4: Error Gap Distribution for the Received Power Shown in Figure 1 (solid line)
and the BSC with Transition Probability Equal to the Average Error Rate of the Real
Channel (dashed line).

Figure 5: Block Error Probability for the Received Power Shown in Figure I (solid line)
and the BSC with Transition Probability Equal to the Average Error Rate of the Real
Channel (dashed line).
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ABSTRACT
The Advanced Communication Technology Satellite (ACTS) Mobile Terminal (AMT)
has been deployed aboard the USS Princeton (CG 59) in an experiment to test the viability
of K and Ka band technology in military communication applications. Pilot tone data
recorded on-board the USS Princeton (CG 59) show that most variations in the received
power level result from antenna tracking errors and did not appear to be caused by
obstructions from the ship superstructure. The data also showed that multipath interference
was negligible. The data studied in this paper were gathered during ship maneuvers in the
Caribbean (13E 33' N, 76E 16' W) in late May 1997 and in the Eastern Pacific (6E 34' N,
79E 40' W) in early June 1997. The relationship between pitch/yaw/roll and received
power levels is studied. Plots showing received power (time series) are presented to aid in
link budget calculations.
INTRODUCTION
The Advanced Communication Technology Satellite (ACTS) Mobile Terminal (AMT)
[1] has been deployed aboard the USS Princeton (CG 59) in an experiment to test the
viability of K and Ka band technology in military communication applications. The military
has proposed building the Global Broadcast System (GBS) which would provide seamless
worldwide broadcast capability at data rates as high as 24 Mbps to support military
missions [2]. ACTS is similar in design to the proposed CBS satellites and thus enables the
military to gather empirical data to aid in future link design. The experiments involving the
USS Princeton use the steerable spot beam on the ACTS which has a 3 dB contour of 280
miles and can track at 2E per second [3]. The link consists of a ground terminal at the Jet
Propulsion Laboratory in Pasadena, California and the mobile terminal on board the USS

Princeton whose location varies. The required C/N0 for a data rate of 1.544 Mbps (T1) is
70.1 dB. The link margin is 3.2 dB for a BER of 10-6.
The AMT uses a small slotted waveguide array mounted in a radome with a peak height
of 6.7 in and a diameter of 27.6 in. The antenna is capable of tracking -5E to 90E in
elevation, which allows for vehicular roll at low elevation angles, as well as a full 360E in
azimuth. The transmit gain of the antenna is 30 dBi and the receive G/T is 0 dB/K.
Figure 1 shows the gain pattern for the antenna azimuth and Figure 2 shows the gain
pattern of the antenna elevation angle. The antenna uses circular polarization [1]. The
AMT is mounted on the 05 level weatherdeck of the USS Princeton. This position on the
ship allows a blockage-free path for the elevation angles above 45E in a full 360E azimuth.
The received pilot tone levels are tracked by a phase-lock-loop which points the antenna
toward the strongest signal. The pilot tone phase-lock-loop is shown in Figure 3. The data
is sampled by an on-board data acquisition system at 4000 samples per second [4]. The
pitch, roll, and yaw data are also sampled by the data acquisition system at 4 samples per
second. These data are used to evaluate the effectiveness of ACTS K and Ka technology
to provide reliable two-way ship-to-shore communication via satellite.
The data set from the Caribbean in late May 1997 were taken during rough seas with
ship roll as large as ± 20 degrees with yaw held at a steady heading. The second data set
from the Eastern Pacific in early June 1997 were recorded during hard ship maneuvers
where the ship executed several long turns in relatively calm seas. The relationship
between these conditions onboard the Princeton and the received pilot tone power is the
basis of the analysis.
ANALYSIS
Figure 4 shows a plot of the received pilot tone power from the May data set. The
received power level is normalized to the line-of-sight level observed prior to the rough
seas. During this time period there are three significant fades of 6, 4, and 7 dB in order of
occurrence. Figure 5 shows the ship’s roll during the rough seas.
For each data point, the elevation angle and ship oriented azimuth (forward is zeroE,
with positive angles measured clockwise) were computed using the method outlined in [5].
This data was used to determine if the line-of-sight path was obstructed by the ship
superstructure. For the duration of the data set the ship oriented azimuth was bounded by 16.4E and 33.8E and the elevation angle was bounded by 55.1E and 63.3E. Figure 6 shows
a polar plot the AMT’s view of the sky and the Princeton’s superstructure. The position of
ACTS as given by the ship oriented angle data is superimposed on this image. This figure
indicates that shadowing by the ship superstructure does not account for the observed
fades. (Note: there are structures on the ship which can block the line-of-sight signal with

an elevation angle as high as 45E, but the AMT-to-ACTS path was never oriented in these
directions.)
An interesting correlation exists between the roll and the received pilot power level as
illustrated in Figure 7. It appears that the deepest fades occur while the ship is
experiencing the roughest seas. This suggests that the antenna tracking may be source of
the fades. Since the 3 dB beam width of the antenna is ± 3E in azimuth (see Figure 1) and
± 5E in elevation angle (see Figure 2), relatively small tracking errors can cause noticeable
fades.
Figure 8 shows a normalized plot of the received pilot tone power from the June data
set. In this data set there are a number of long fades the worst of which is 2 dB. Figure 9
shows the ship’s yaw during the maneuvers. The yaw is measured with true north at 0E
and positive angles measured clockwise. From the yaw data it is evident that the ship had
an initial heading of 70E and made a long turn to the right (increasing yaw) followed by a
long turn to the left (decreasing yaw). The transition from 359E to 0E and vice-versa is
marked by a sharp discontinuity on the plot while in reality it denotes a continuous turn.
The first long turn has a slope of 1.0E/second and the second long turn has a slope of
1.2E/second.
The ship oriented angles were calculated in the same fashion as indicated above. The
ship oriented azimuth traversed a full 360E during the data run and the elevation angle was
bounded by 55.2E and 74.5 degrees. Figure 10 shows that there was no shadowing due to
the ship superstructure during the data run.
There is a similar correlation between the yaw and the received pilot power level as
there was in the earlier roll analysis. This is illustrated by Figure 11 . From this plot is
appears that fading occurs just after the ship starts or ends a turn. Again, this suggests that
antenna tracking errors may be the source of the fades due to the narrow antenna beam
width.
DISCUSSION AND CONCLUSIONS
From the analysis of the data it appears that the variations in the received pilot power
are due to antenna pointing losses. The cumulative effects of the signal variations during
these data sets can be quantified. For a communication system to achieve 90%, 99%, and
99.9% availability during hard ship maneuvers it must include 1 dB, 1.6 dB and 2 dB of
link margin respectively. In the case of rough seas, for a communication system to achieve
90%, 99%, and 99.9% availability it must include 3 dB, 6 dB, and 7 dB of link margin
respectively.
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Figure 1: Receive Antenna Azimuth Gain Pattern

Figure 2: Receive Antenna Elevation Angle Gain Pattern

Figure 3: Pilot Tone Phase-Lock-Loop

Figure 4: Received Pilot Power, late May 1997

Figure 5: Roll Angle, late May 1997

Figure 6: View of ACTS-AMT Path and Ship Superstructure, late May 1997

Figure 7: Roll Angle and Received Pilot Power, late May 1997

Figure 8: Received Pilot Power, early June 1997

Figure 9: Roll Angle, early June 1997

Figure 10: View of ACTS-AMT Path and Ship Superstructure, early June 1997

Figure 11: Yaw and Received Pilot Power, early June 1997
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ABSTRACT
This paper examines telemetry signal levels of the Joint Direct Air Munition (JDAM)
tests at China Lake NAWC. Significant received signal level variations were observed as
the munition approached impact. This paper presents and examines two simple multipath
models to explain the received signal variations. The first model assumes a flat earth and a
single specular multipath reflection. The second model uses the actual contour of the earth
and considers a number of specular multipath reflections. The first model (which assumes
the single multipath reflection) more accurately reproduces the variations in the received
signal level than the second.
INTRODUCTION
The Joint Direct Air Munition (JDAM) was tested at China Lake NAWC during
January 1996. This testing provided a unique opportunity to study the relationship between
elevation angle and multipath interference since the slant range remained nearly constant
as the bomb fell. Significant variations in the received signal level were observed near the
end of the test. Since these variations occured when the JDAM-to-receive-sight elevation
angles were small, multipath interference is a likely cause. Previous models of multipath
interference assume a flat earth with a single specular reflection [1, 2, 3] as illustrated in
Figure 1. In addition to the single multipath reflection model, this paper considers the
effect of variations in the earth’s surface which cause multiple multipath reflections as
illustrated in Figure 2.

SIGNAL DATA COLLECTION
Received signal levels were derived from Automatic Gain Control (AGC) voltage levels
recorded from a Microdyne 1200 MR receiver during the JDAM test run released at
22:39:55.5 on January 23, 1997. The telemetry data were transmitted at 2362.5 MHz to
the 6 foot dish at the receiving station located 15.5 miles (25 Km) from the impact point.
The Automatic Gain Control (AGC) levels were recorded on magnetic tape, then later
played back and sampled at 20 ksamples/sec using a 12-bit A/D converter described in [4].
Received signal power vs was determined from the AGC voltage samples using a pointslope approximation obtained from a calibration procedure.
MULTIPATH GEOMETRY
The JDAM Time and Space Position Information (TSPI) were only available for the last
five seconds of flight, so the release point and trajectory were calculated from the first
available data using the following assumptions:
1. Initial vertical velocity of 0 m/s.
2. Initial horizontal velocity of 0.8 Mach.
3. Vertical acceleration of 9.8 m/s2.
4. Horizontal acceleration of -4.5 m/s2 . This value was computed as the average of the
horizontal velocity at release (0.8 Mach) and the horizontal velocity at the last
available data point (81.9 m/s) divided by the time difference between these two
points (40.3 s).
Using these assumptions, the munition was estimated to have been released at an
altitude of 23,425 feet (7140 m), and to have traversed 3.89 miles (6.261 km) along the
ground, as illustrated in Figure 3.
Earth contour data was derived from USGS contour maps sampled every 1/3 mile
(536.5 m). The contour slice along the receive site/JDAM impact point is illustrated in
Figure 3. Note the presence of the White Hills 21 km away from the receive site. The
impact point was visually obscured from the receive site by these mountains. During the
test, the munition disappeared behind the White Hills and the receive signal was lost
approximately 0.5 seconds prior to impact. The White Hills also provided a source for
multiple signal reflections as the line-of-sight path skirted the tops of these mountains.

MULTIPATH MODELS
The first and simplest multipath model assumed a flat surface between the receiver and
impact point, resulting in exactly one specular reflection at any given time as illustrated in
Figure 1. Assuming a constant receiver height of 7.62 m (which is the height of the
receiving station relative to the desert floor 1/3 mile away), all reflections for the JDAM
trajectory occured within 0.5 miles of the receiving site. A dielectric constant of
,r = 2.8 ! j0.2 was used to compute '(N) which defines the magnitude and phase of the
specular reflection as a function of angle using [5]:

(1)
where a = ,r for vertical polarization or 1 for horizontal polarization. (Horizontal
polarization was assumed for the simulations.) The reflection point is the point where the
incidence angle (and hence the reflection angle) are such that the specular reflection
arrives at the receive antenna. Since the propagation distance of the multipath reflection
(m1+ m2) is slightly larger than the line-of-sight propagation distance (r), the differential
delay J causes an additional phase shift in the specular reflection.
The received power levels were computed using
(2)

where Pt is the transmit power, Gt is the transmit antenna gain, Gr,max is the receive antenna
gain at boresight, and Gr(2el + N) is the off-boresight receive antenna gain relative to the
boresight gain which is included to account for the effects of the antenna gain pattern on
reflections arriving off the main lobe [6]. Using this model, the receive signal levels were
computed and compared with the measured signal levels. The comparison is shown in
Figure 4 where generally close agreement between the model and the data is observed,
especially during the last 2 seconds.
Differences in the two are due, in part, to the single multipath reflection assumption and
phase differences between the actual reflections and those predicted using the assumed
dielectric constant. In addition, the simple model predicts significant multipath interference
when the reflections arrive within the main lobe of the receive antenna gain pattern (which
has a beam width of ±4.9E. That is, multipath interference is occurs only when
2el + N < 4.9E which is the case during the last 3 seconds of the test. The data show

significant multipath interference before that time, indicating that the assumed geometry is
too simple to account for all the observed multipath reflections.
The second multipath model took the contour of the ground into consideration. Multiple
reflections are possible since uneven surfaces between the transmitter and receiver
generate several locations where the incidence/reflection angles define transmitter to
receiver paths. In this case, the received power is given by

(3)
where the subscript n denotes the geometrical parameters of the n-th reflected path. The
result of this model is compared to actual received signal voltage levels in Figure 5. The
additional complexity associated with the multiple reflection model produces in extremely
modest improvements in the model accuracy. In fact, it is not clear in this case that
improvement results from the inclusion of the additional multipath reflections. This could
be attributed to the coarse spatial sampling of the contours along the trajectory. Since the
dielectric is not known precisely and varies over the trajectory, the predicted phase shifts
associated with the reflections are not accurate. Using multiple inaccurate estimates has its
limitations.
EVALUATION
This paper demonstrates that the signal variations in the JDAM test data are well
modeled using a multipath assumption. Both the data and the model show multipath
interference increasing with decreasing elevation angle although the data demonstrate
significant multipath interference at higher elevation angles than that predicted by the
models. The single multiple reflection reproduces reasonably well the observed variations.
The additional complexity associated with the multiple reflection model does not seem to
improve the modeling capability significantly. Ideally, one would expect the multiple
reflection model to accurately reproduce the observed received signal variations if the
ground contours were measured every foot and the exact dielectric constant at each
contour location was known. It also seems clear that there were other factors affecting
received signal levels during the test such as variations in the transmit antenna gain pattern.
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Figure 1: Simple Flat Earth Multipath Model for Aeronautical Telemetry

Figure 2: Contoured Earth Multipath Model for Aeronautical Telemetry
With Multiple Reflections

Figure 3: Contour of the land on the line directly between the receiving station (0 m) and
the impact point (25000 m), shown again with the estimated JDAM trajectory.

Figure 4: Signal voltage levels from actual data run (dashed line) compared to multipath
model assuming a flat reflecting surface, involving a single specular path (solid-line).

Figure 5: Signal voltage levels from actual data run (dashed line) compared to multipath
model taking into account the real land contour, resulting in multiple specular paths (solid
line).
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ABSTRACT
This paper analyzes the performance of an M-ary spread spectrum system with orthogonal
codes. A new scheme of M-ary spread spectrum communication with phase shifted msequence is proposed, and the method to implement code synchronization in the scheme is
given. The performance of the new scheme is analyzed, and compared to conventional
spread spectrum systems and orthogonal code M-ary systems. The results show that
stronger anti-interference ability, and better data transmission efficiency, and lower
complexity is achieved in the system employing phase shifted m-sequence.
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I. INTRODUCTION
With the great developments of technology, telemetering and telecontrol engineering have
got much wider use than ever. In some cases, the telemetering data must have high
reliability and secrecy. Since spread spectrum communication has the advantage of strong
anti-interference ability, low signal interception probability, high antimultipath ability,
good feasibility in CDMA and other advantages, it is well suited to modern telemetering. It
is not desirable that the spread spectrum system needs a very wide bandwidth to modulate
information data with pseudo-random coding, while the data bandwidth is narrow. So the
efficiency of the frequency resource must be increased by improving the data transmission
ability or the multiple access ability in spread spectrum communications. There are many
ways to improve the data transmission ability such as multi-phase modulation, M-ary
spread spectrum communication, parallel composition spread spectrum communication and
orthogonal CDMA. 1 Orthogonal code is usually adopted in M-ary spread spectrum
communication systems. This paper gives a new method to realize M-ary spread spectrum
communication which employs phase shifted m-sequence. The analysis shows that
improvement in data transmission ability can be achieved through this method.

II. SYSTEM MODEL
The basic idea of M-ary communication is described as follows. One subscriber is
assigned M spread spectrum codes. According to the information data, d(t), which is to be
transmitted, one of the M codes is selected to modulate the carrier. Then, the output RF
signal is transmitted. At the receiver end, there are M decorrelation integrators which
correspond to different spread spectrum codes. When one spread spectrum code has the
maximum output, the information data d(t) which it carries is received. In normal M-ary
systems, the orthogonal sequence is taken as the spread spectrum code because of its
perfect orthogonal characteristic when ideally synchronized. The outputs of all routes are
zero except the corresponding one. So the interference among different routes is small.
However, the autocorrelation performance of orthogonal codes is not good. So
synchronization becomes a difficult problem. As for the m-sequence, its autocorrelation is
much better, and is given by the expression:
1 , i = j
ρ ij = 
 −1 N , i ≠ j

where N is the period of m-sequence. This paper proposes a M-ary scheme which employs
phase shifted m-sequence as the spread spectrum code. Synchronization of this scheme is
very easy. because m-sequence has a good pseudo-random characteristic and low
interception probability. The scheme this paper proposes employs the spread spectrum
code. It is different from the normal M-ary communication scheme that two sequences are
transmitted simultaneously. One is selected from M sequences, the other is a fixed shift
sequence with a phase difference from all the other sequences. It can be positive or
negative which can denote one bit information. This scheme can solve the synchronization
problem and improve the information data transmission ability. The functional structure is
shown in Figure1 and Figure 2.
As shown in Figure1, at the transmitter end, PN0, PN1 PNM are the phase shifted msequence. Where a n denotes sequence PN0, a n−−3 , which is left shifted two bit positions,
denotes PN1, a n−−5 , left shifted 5 bit positions, denotes PN2 a n−2 M −1 , denotes PNM . At first,
information data enters a data selecting unit, which decides the polarity of PN0 and
controls the encoding and selecting unit to choose one code from PN1 to PNM . Then there
are 2M states. Thus at each time, log2 2 M bit data information can be transmitted by one
selected polarity of PN0 and one of the M codes. The polarized PN0 is added to the code
chosen from PN1 to PNM linearly. Then the output is modulated onto carrier by multiplying
to produce the RF signal.

At the receiver end, as shown in Figure 2, after carrier demodulation and code
synchronization, the received signal is coherently detected by the local pseudo-code PN0
,PN1 ,PNM. The polarity obtained from PN0 and one route signal with the maximum value
chosen from PN1 PNM are input into the selecting unit to produce received data d(t), which
has log2 2 M bits of information.
III. SYNCHRONIZATION METHOD
In an M-ary spread spectrum system using m-sequence, synchronization is the key
problem, because correct decoding of information depends on precise synchronization. A
concrete model is shown in Figure3. In an m-sequence generator, the output sequence of
tap n is a n or PN0, the output sequence of the ith tap is a n−2 i −1 or PNi, for i=0,1,,...M,
2(M+1)<N. N is the period of the m-sequence. The a n are synchronized. When
successfully acquired, the a n route signal is integrated and then input into a comparator,
which can pick out the high level signal both positive and negative, to output the high
level. Since the phase difference among the sequences from PN0 to PNM is fixed at the
transmitter end, no matter which sequence is transmitted, when accurately synchronized,
there must be one route of a n−2 i −1 , for i =1,2,...M, that will provide an output high level
signal. The signal, which remains at a high level after going through an OR gate, enters an
AND gate, together with the high level signal of route a n . The output high level signal is
used to control the analog switch for conducting the error signal of the code tracking loop
into the VXCO. Thus tracking and synchronization can be realized. When incorrectly
acquired, the signal acquired in route a n is one of the phases of the sequences (PN1, PN2
PNM), that was transmitted. For 2(M+1)<N, all of the routes are known to provide output
low level signals except a n . So the outputs of the OR gate and AND gate are both low
level. This signal controls the analog switch to conduct a fixed level into VXCO. A fixed
frequency difference between the VXCO and the input code clock. The local pseudo-code
glides according to the input pseudo-code for reacquiring, until the correct phase is
obtained. After the system id synchronized, the tracking loop for PN0 can keep tracking,
because the code is transmitted every time. In normal M-ary spread spectrum systems,
only one of the M spread spectrum codes is transmitted at a time. Since the spread
spectrum codes are different from each other, delay-lock loop can’t be used to acquire and
track one code. Synchronization can’t be kept. So synchronization in such systems can
only be provided by an external device. The scheme presented in this paper is a simple
way to solve the synchronization problem by using the properties of the code itself.

IV. SYSTEM ANALYSIS
A. Data Transmission Ability
In common spread spectrum systems, the positive and negative states denote information
data d(t)=1 and d(t)=-1. One state is transmitted at a time, giving the amount of
information is log2 2 = 1 . In M-ary systems, where there are M states available, the amount
of information quantity in one spread spectrum code is log2 M bits.
A fixed two-state spread spectrum code is added to the code selected from M spread
spectrum codes. So the total number of states is 2M. The amount of information of one
code to be transmitted is log2 2 M = 1 + log2 M bit. So this new scheme has some advantage
over the common spread spectrum communication and common M-ary spread spectrum
communication with respect to data transmission ability.
B. Spread Spectrum Code Demodulation Error Probability
The demodulation error probability is now analyzed. The bit error probability can be easily
derived from it. Since the spread spectrum code is phase shifted m-sequence, of which the
correlation characteristic can be described as:
1 , i = j
ρ ij = 
 −1 N , i ≠ j

From Figure1, it is seen that the transmitted signal is PN1 together with PN0. Only the
positive state of PN0 will be considered to simplify the analysis. The output of the
corresponding correlator is given by:
Z1 = PT + γ 1 − PT N
(1)
Z i = γ i − PT N − PT N
( i = 2 ,3 ,L M )
(2)
γi =

T

∫0

PN i ( t )n( t )dt

( i = 1 ,2 ,L M )

(3)

where P is the signal power, T is the width of one data bit, N is the period of the msequence, and n(t) denotes the White Gaussian Noise whose double-side power spectral
density is N0 /2.
The probability of a correct decision is
Pc1 = P ( Z1 > Z2 , Z3 ,L , Z M )

= P ( PT + γ 1 − PT N > − 2 PT N + γ 2 ,L ,− 2 PT N + γ M )
= P ( PT + PT N + γ 1 > γ 2 , γ 3 ,L , γ M )
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The same result can be obtained when PN0 is negative.

dx

(4)

In most cases, the data to be transmitted corresponds to each code of the M spread
spectrum code and has the same probability. The correct demodulation probability of the
1st code is Pc1 , then the correct demodulation probability at receiver end, i.e. the correct
demodulation probability of d(t) is
1 M
pc =
∑ Pci = Pc1
M i =1

(5)

The demodulation error probability can be expressed as:
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Comparing the common orthogonal code M-ary spread spectrum communication: 3
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and the common spread spectrum communication:2
 2 PT 
pe = erfc 

 N0 

(8)

the error probability of the scheme in this paper is better than that of the two schemes
above, when the demodulation error probability of PN0 is neglected. So this scheme has a
better anti-interference ability. The curve for M=16 and N=127 is given in Figure 4, where
curve1 is of the new scheme, curve2 is of orthogonal code M-ary and curve3 is the
common spread spectrum system.
V. CONCLUSION
This paper proposes an M-ary spread spectrum system that employs phase shifted msequence. Besides its better anti-interference ability and lower signal interception
probability compared with common spread spectrum system, it still has other advantages
over the common system and the orthogonal code M-ary system:
A. This system has a better data transmission ability, the amount of information that can be
transmitted each time is log2 2 M = 1 + log2 M , while using the orthogonal code the amount
of information is log2 M bits and in the common spread spectrum system, 1 bit. The
communication efficiency is improved.
B. The demodulation error probability is less than that of the orthogonal system and the
common system, when the influence of the synchronization sequence PN0 is neglected. So
this system is more reliable.

C. A synchronization scheme is given, which has the advantage of a simpler realization
compared with the orthogonal code M-ary spread spectrum system.
In conclusion, this technique has a bright prospect in practical application to adopt msequence in M-ary spread spectrum communication.
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ABSTRACT
In this paper, the basic ideas of advanced Spread Spectrum Unified Tracking Telemetry &
Command System are introduced, the approaches and strategies to reject narrowband
interference, multiple access interference and multipath interference are discussed. With
effective interference-rejection, the safety and robustness of SS-UTTCS will be improved
enormously.
KEY WORDS
Spread Spectrum, Tracking Telemetry & Command, Interference Rejection, Safety,
Adaptive Signal Processing
INTRODUCTION
Spread Spectrum(SS) theory & technology is developing rapidly and used widely both in
military and commerical areas. For the requirement of anti-interference and Electronic
CounterMeasure(ECM), as a way to enhance the overall performances, on the basis of SS
technology, an advanced system, which is referred to as Spread Spectrum Unified
Tracking Telemetry & Command System (SS-UTTCS), has attracted much attention. With
many advantages over a traditional frequency-division unified carrier system (Unified Sband System, etc.),it is more suitable for aerospace vehicle Tracking Telemetry &
[1]
Command (TT&C) . SS-UTTCS has excellent anti-interference characteristics. But this
doesn’t mean all problems have been resolved. So far, the actual anti-interference ability
doesn’t function as satisfactory as desired, which shows that a simple spread spectrum
system is still fragile. In this paper,
the basic ideas of SS-UTTCS will be introduced firstly,then the approaches and strategies
to reject narrowband interference,multipath interference,and multiple access interference

which is the unique problem in code-division multiple access or code-division multiplex
system,will be discussed in detail.
BASIC IDEAS OF SS-UTTCS
Spread Spectrum Unified Tracking Telemetry & Command System ( SS-UTTCS ) is an
advanced TT&C system developed from unified carrier TT&C system,which transmit all
kinds of signals in TT&C system through one carrier frequency by way of SS
technology,sharing common frequency and equipments.It's basic ideas include:
i)Spread Spectrum transmission (telemetry,telecontrol,communication,etc.) and Pseudo
Noise PN code radar.They are the bases of SS-UTTCS theory.
ii)Dual-purpose PN code.One PN sequence is used for spreading data's spectrum and for
rangemeasuring as well.This idea is employed widely.ln some cases,it can simplify system
construction. For example,in single-target & single TT&C station system,telecontrol data
is spread by PN sequence firstly,then the data-bearing PN signal is taken as interrogating
signal; On vehicle(target),Iocal synchronized PN sequence is established at first, then it is
used for despreading telecontrol dataat the same time,telemetry data is spread by the
synchronized PN sequence and the data-bearing PN signal is taken as responding signal.
iii)CDMA/CDM.In multi-station or multi-target TT&C systems, different near-orthogonal
PN sequences are assigned for different stations or targets to share the same carrier
frequency,this is known as Code-Division Multiple Access(CDMA) SS-UTTCS.1f there
are several kinds of signal in one station or target,so different near-orthogonal PN
sequences are assigned for SS modulation of different signals,then they are transmitted
through a common radio frequency,this is known as CodeDivision Multiplex
(CDM).CDMA and CDM can be simutaneously used in a system.
iv)Sharing a common channel with a non-SS signal.Because a SS signal has very low
power spectrum density,it can coexist with another non-SS signal,which may be narrowband or wide-band.Signalcomposition can be accomplished in baseband,intermediate
frequency(IF) or radio frequency(RF).The composition coefficient of the SS signal should
be much smaller than the non-SS signal.With SS processing gain,after correlation
despreading in receiver,the SS signal can be obtained.For extracting the non-SS signal,the
SS signal may be considered as noise in many cases.lf high precision and high signal to
noise ratio(SNR) are required,the SS signal should be substracted linearly from the
received signal to obtain non-SS signal.
v)I/Q orthogonal carrier transmission.Namely, orthogonal cosine and sine carrier offer two
independent channels with only one carrier frequency and transceiver equipment. It is an

important technique in SS-UT-FCS.Completely different PN codes with different
structures and lengths can be modulated in an I/Q carrier,and CDMA/CDM can be
independently used in the I/Q channel respectively. Furthen-nore,SS signals and non-SS
signals can be transmitted in the I/Q channel respectively. I/Q orthogonal transmission is
used in GPS and TDRSS.A long period sequence and a short period sequence are
transmitted through an I/Q carrier,to implement fast acquisition of long period sequences
with the guidance of a short period sequence.
vi)Tracking wideband unified signal and measuring angle with interferometer phasecomparison for there may be no carrier component in balanced PSK signaling.
Unified carrier frequency transmission is the aim of SS-UTTCS. With SS techniques, we
have more flexible ways to realize the unification.SS-UTTCS has high performance such
as anti-interference and low-intercept probability to meet the requirements of electronic
war(EW).
ANTI-INTERFERENCE PROBLEMS OF SS-UTTCS
There are many research subjects in SS-UTTCS such as high dynamic tracking,doppler
shiftacquisition of long PN sequence,high gain despreading in low SNR.Another important
problem is the anti-interference performances and strategies analysis of SS-UTTCS. The
ability to suppress interference is determined mostly by SS processing gain.Furthennore,it
depends on the forms of interference and the structure of despreading receiver.
On the environment of ECM and EW,the typical interference is large power narrowband
interference(NBI),which cann't be rejected with only processing gain.How to effectively
deal with NBI has a bearing on the safety of SS-UTTCS.Similar problem should be solved
in the coexisting SS and non-SS system.Multiple Access Interference(MAI) and near-far
effect are the special problems in CDWCDMA SS-UTTCS.Especially in CDMA multistation or multi-target systems,with a measuring range of 1--IOOKm,serious near-far effect
may result in missing some signals or targets.Another problem is Multipath Interference
(MPI),which is intensively discussed in celluar mobile communications. MPI is tolerant in
high altitude or out-airspace TT&C.But in low-altitude T-f&C System,MPI should be
taken seriously.
Because SS-UTTCS operates in low SNR,good interference rejection approaches play
important roles in assuring a safe and robust TT&C System.In the latter portion of this
paper,the strategies to reject these three kinds of interference and the comprehensive
adaptive rejection method are discussed.

NARROWBAND INTERFERENCE
Generally,there are four kinds of approaches for NBI rejection:
i)NBI can be spread to wideband due to the inherent processing gain of SS-UTTCS, so
NBI is turned into a wideband interference with relatively low power spectrum
density.This process exists in any SS system.VA-iile the power of NBI is too strong and
SS gain is reluctant,the following approaches should be considered.
ii)Adaptive filtering technique.SS signal is a wideband process,its current and future values
can't be readily predicted from its past values.On the other hand, NBI, being a narrowband
process,can indeed have its current and future values predicted from past values.So the
received signal may be sampled in the chip rate of the PN sequence,and a prediction filter
can be used to cancel NBI.Two techniques of tapped delay line (TDL) architecture and
transform domain processing have been described in the overview paperl'3.Several
nonlinear prediction algorithms have been proposed in recent years.
iii)Phase Locked Loop(PLL) interference rejection.1f NBI is both sufficiently narrowband
and sufficiently strong to allow a PLL to achieve phase-lock on it in the presence of the
desired SS signal and thermal noise,it is possible to form a composite estimation(phase and
amplitude) of NBI and subtract it from the received signal.
iv)Adaptive antenna bearnforming technique.Adaptively adjust the weights of the vector of
unitantenna array to receive a signal in a specified orientation to escape from interference
entering into the receiver.
Adaptive filtering and PLL interference rejection approaches belong to signal processing
techniques which can be easily implemented inside the receiver.So they are the primary
approaches for NBI resistance, and for signal separation in the coexisting system of SS and
narrowband signals.Adaptive antenna bearnforming is relatively complicated.But it escape
from interference at the input of the receiver to avoid receiver-blocking resulting from
strong interference,we should pay attention to this technique.
MULTIPLE-ACCESS INTERFERENCE
Multiple-Access Interference(MAI),another name is Co-Channel Interference(CCI), exists
in SSUTTCS with multiple PN sequences(CDMA or CDM) due to the incomplete
orthogonality.One important problem resulting from MAI is the near-far effect.In CDM or
CDMA SS-UTTCS, as for certain PN sequence-modulated signals,other PN sequencemodulated signals are all taken as interference,if the latter's power is much larger than the
desired signal's power,strong interference components can be found in the output of the

correlator or the matched filter(MF), so traditional despreading receivers can't work
well.The rejection methods are as follows:
i)Signal design of PN codes.The objective is to decrease the cross-correlation among PN
sequences, if the number of the desired sequences is small,searching optimum sequences
with low cross-correlation values to resist MAI is practicable.
ii)Spread Spectrum Synchronous Access ( SS-SA ) techniques.If the start points of all PN
sequences and datas can be controlled properly,the received phase of different PN
sequences and datas can be synchronous.Thus the cross-correlation values after
despreading close to zero and part-crosscorrelation doesn't exist.Considering CDM signal
or CDMA signal with central-points,it is easy to implement SS-SA in the link of centralpoints to sub-points, but difficult in the link of sub-points to central-points. In SS-UTTCS,
the distances or time delay between sub-points and central-point is time-varied,they can be
controlled in real-time only when a closed feedback loop between subpoints and centralpoints can be established,but this isn't realistic.
iii)Power control technique.It can mitigate MAI and be used in current CDMA mobile
communication, but it's very complex.In SS-UTTCS, as for SS-SA, a closed feedback loop
is required, so it isn't realistic either.
iv)Multi-User Detection(MUD). It's a new technique developing in CDMA mobile
communication,which will replace current power control and SS-SA methods to become
the primary MAI rejection approach. It's different from power control and SS-SA,for it's
essentially a kind of signal processing technique without increasement of system
complexity,so it is practicable in SSUTTCS.It has two architectures:
a)Optimurn receivers banks of correlators or matched filters(MFs) are employed to
estimate MAI,then MAI is canceled through certain digital filtering algorithms.It was
proposed by S.Verdu in 1986,on the basis of maximum likelihood criteria,with good
performance,but it requests for large amounts of side information such as
amplitude,phase,timing and PN code,etc.It has a complexity which grows exponentially
with the number of PN sequences.In 1990,M.K.Varanasi proposed a suboptimurn MUD
with decision-feedback structure,and R.Lupas proposed a kind of decor-relator. Both of
them have a complexity which is roughly linear in the number of PN sequences.The
decorrelator is robust to amplitude.In 1996,an adaptive decorrelator detector was proposed
by U.Mift-a,which is robust to the number of PN sequences.
b)Minimiun-mean-sequence-error(MMSE) receiver.The typical tapped-delay-line(TDL)
structure is always used in this type of receiver.It needs no side information other than the
code timing.It is proposed by S.L.Miler,and recently they proposed a joint algorithm for

code timing estimation and interference rejection.Sorne training periods are needed in the
MMSE receiver.
MULTIPATH INTERFERENCE
Multipath interference(MPI) may be considered as the composition of multiple signals with
the same waveform structure but different time delay and different amplitude MPI results
in severe channel fading with Raleigh or Rice distribution for amplitude.ln conventional
communication and TT&C system,MPI is a knotty problem,many techniques such as
diversity combining,equalization and Mary coding have been studied.In SS-UTTCS,we
find obvious benefits for MPI suppression.
i)The inherent anti-MPI ability of a SS system. Frequency selective fading exists in SS
channel for the bandwidth of SS signal is much higher than channel coherence
bandwidth.MPI has little correlation with the desired direct-reached signal if multipath
delays are no smaller than a chip duration.So UTI can be taken as a kind of wideband
noise.The rejection degree to wideband noise depends on SS processing gain.
ii)Multipath spread spectrum implict diversity.The strategy to take multipath signal as
wideband interference doesn't utilize the advantage of the SS signals. Especially while
MPI is a strong signal, SS processing gain is not sufficient to cope with MPI,only using the
inherent anti-MPI ability of SS system can't function properly.At this time,MPI can be
resolved according to a chip duration unit.Because the delayed versions of the waveform
suffer from independent fading,they can be used as diversity branches.Namely a kind of
diversity approach is provided by multipath:multipath spread spectrum implict diversity.It
is different from the traditional diversity for it is based on a correlation processing
technique without increasing the system complexity.This kind of receiver is referred to as a
RAKE receiver.Equal gain combing(EG-C) or maximum ratio combing(MRC) schemes
can be used for diversity combing.
In conventional TT&C systems, the telemetry rate is restricted by channel coherence
bandwidth to avoid frequency selective fading.But in SS-UTTCS,this restriction can be
released by way of increasing SS processing gain.If chip duration is sufficiently small and
SS processing gain is sufficiently high, the telemetry rate can be higher than the coherence
bandwidth.When path implict diversity is employed,in order to avoid intersymbol
interference(ISI),it is normally required that the data rate be lower than the coherence
bandwidth.The benefit is reflected in the improvement of the sensitivity of the receiver.

COMPREHENSIVE ADAPTIVE INTERFERENCE REJECTION
From discussion above,we see that no matter NBI,MAI or MPI rejection,adaptive signal
processing is the basic technology.Most previous and current research only deals with
certain kinds of interference.In many cases,several kinds of interference exists
simutaneously.So that several hardware architectures and several algorithms should be
composited in the receiver,which degrades the reliability and systems overall
performance,increasing the size and complexity of receiving equipment.It is a valuable
subject to study a unified hardware architecture and a comprehensive adaptive algorithm
for comprehensive adaptive rejection of several interferences.Some receivers have been
proposed to reject two kinds of interference(NBI & MAI,MPI & MAI).But in a more
severe envirom-nent, such as low-attitude multi-station or multi-target TT&CNBI,MPI
and MAI all need to be considered at this time.
In the IEEE Comrn.Mag. ( May 1995 ) a group of papers on "software radios" was
published. "Software Radios" is referred to as the third revolution of radio
communication.Many new communication systems are springing up now, the requirement
for coexisting and interconnecting with other systems is becoming imperative.The
traditional systems are composed of multifarious components and devices.It can't fit in
with this situation.The basic idea of "Software Radios" includes:i)establish a unified
hardware architecture at the platform of radio communication;ii)all communication signal
processing modules are implemented in software forms.So the overall structure is
standardized and flexible having different functions merged.
The development of software radios offers an important way to solve the comprehensive
adaptive interference rejection problem.The radio frequency(RF) signal is first downconverted to an intermediate frequency(IF) signal.Then it is digitized, and DSP parallel
processing technique are employed.In this way, the rejection of severe interference can
be implemented in a unified hardware architecture and a unified processing algorithm.
CONCLUSION
The vehicle TT&C system is requested more and more safe and robust.With good antiinterference performance and low-intercept probability,SS technology is used widely.At
the same time, some problems are brought about(NIAI,etc).Another important problem is
how to improve the performance of the SS system. So the anti-interference strategies
have attracted much attention.At present,the rejection of NBI and MPI have been wellresearched.MUD technique is putting into practice.Further investigation is needed to find
a comprehensive adaptive interference rejection approach.
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ABSTRACT
The accurate determination of test aircraft position and velocity is a very strong requirement
in several certification and development flight test applications. This requirement often
requires availability of test ranges properly instrumented with optical or radar tracking
systems, precision time for data reduction and dependency on environmental and
meteorological conditions. The capabilities of GPS (Global Positioning System) technology,
in terms of data accuracy, speed of data availability and reduction of test operating cost,
moved Bombardier Flight Test Center to make an investment and integrate a system utilizing
GPS for extensive use in flight and ground test activity. Through the use of differential GPS
(DGPS) procedures, Bombardier Flight Test Center was able to implement a complete
system which could provide real-time data results to a very acceptable output rate and
accuracy. Furthermore, the system was capable of providing post-processed data results
which greatly exceeded required output rate and accuracy. Regardless of the type of aircraft
testing conducted, the real-time or post-processed data could be generated for the same test.
After conducting various types of testing, Bombardier Flight Test Center has accepted the
DGPS as an acceptable and proper flight and ground test measurement tool for its various
aircraft test platforms.
KEY WORDS
DGPS (Differential Global Positioning System), real-time processing, post-processed data,
data acquisition, telemetry, ARINC 429, Flight Test.
INTRODUCTION
A collaborative project was conducted between the Bombardier Aerospace Group and the
National Research Council Canada in order to explore the application of differential GPS
position measurement to type certification flight and ground test maneuvers. The project

yielded accurate post-processed results, yet real-time data accuracy did not meet the desired
specifications. Due to the large amount of real-time data processing during certification and
development programs, Bombardier Flight Test Center felt it was a requirement to improve
the real-time accuracy of differential GPS positioning, particularly in the vertical plane. The
National Research Council Canada undertook an investigation in which they compared a
recently developed differential GPS receiver to an airworthiness authority approved
differential GPS system for flight testing. In a report provided by the National Research
Council Canada, the newly developed differential GPS met the manufacturer’s performance
specification for real-time and post-processed position solutions.
With the results obtained from the collaborative project, the Bombardier Flight Test Center
initiated the procurement and integration of a differential GPS system into its existing test
aircraft instrumentation package. This system would be designed to provide accurate realtime aircraft position for all airfield performance testing on any of the Flight Test Center’s
flight test aircraft. The design of the system included the capability of quickly relocating the
system from one aircraft model to other models, depending upon which aircraft required the
system. The Flight Test Center felt that differential GPS real-time data merged directly with
the onboard aircraft data acquisition system, would provide the complete solution for it’s
airfield performance test activities. A secondary solution, for those tests which required
higher output rate could be accomplished with an implemented post-processing software
package. After trial testing on a Learjet 60 test aircraft, the system was utilized on the
Learjet 45 for its certification test program.
This paper will describe the equipment procured, the implementation of several types of data
acquisition equipment, the design of data protocol between differential GPS ground station,
test aircraft, and telemetry station and the final results of the system obtained.
THEORY OF OPERATION
Due to the inherent position measurement errors associated with a non-differential Global
Positioning System (GPS), Bombardier Flight Test Center adopted a system utilizing
differential correction techniques in order to help eliminate these errors. A system designed
to eliminate satellite clock error, ionosphere and troposphere delays (baselines less than 50
km), ephemeris prediction errors and selective availability could allow for position
accuracy in the order of one to five meters in real-time and less than twenty centimeters in
post-processed solutions. In order to obtain a better real-time (static and kinematic)
solution, a system utilizing floating ambiguity resolution techniques was obtained. This
technique, which has been utilized by post processing packages for some time, determines
on which cycle the phase angle is being measured along the L1 carrier frequency. To
further improve position solutions, the system combines carrier phase measurements with
double differencing techniques. Double differencing utilizes a combination of observation

differences between satellites and receivers. For baselines less than 10 km, the double
differencing techniques virtually eliminate all system biases, except for multipath errors.
With proper multipath elimination techniques, the system would provide a 10 to 30
centimeter real-time kinematic accuracy solution with a position update rate up to 5 Hz
maximum, regardless of the differential data link rate. The system would be further
capable of providing uncorrected raw ephemeris and channel measurement data for postprocessed data routines, in order to provide a higher data output rate. Depending on the
type of testing encountered the real-time or post-processed data could be used to
determine aircraft position, velocities and accelerations.
In order to operate in differential GPS mode, two stations are required, one in the aircraft
(remote) and one at a known position (monitor). In order to properly obtain double
difference carrier phase solutions, a minimum of four common satellites need to be tracked
by the monitor and remote stations. For real-time solutions, the remote and monitor
stations need to be initialized and linked by some form of data link in order for the monitor
station to transmit its reference position, as well as differential observation data, to the
remote receiver.
SYSTEM DEFINITION
The system in Figure 1 was procured and configured in order to provide differential GPS
capability.
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Each system consisted of a rack mountable AT personal computer chassis, a 12 channel
L1 frequency C/A code Global Positioning PC card and a UHF 9600 baud data radio
modem and 35 watt amplifier. The Aircraft DGPS Station configuration differs only in an
ARINC 429 Transmitter/Receiver card housed within the computer chassis. Ground

station mobile and aircraft station mounted antennas for both UHF modem datalink and
GPS satellite signals completed the configuration.
For real-time differential GPS capability, the two systems operate as a team in which the
Ground DGPS Station transmits corrections to the Aircraft DGPS Station. By placing the
Ground DGPS Station antenna on a known or surveyed reference point and allowing the
system to acquire GPS satellite information, the GPS receiver can calculate the difference
between the known location and GPS determined position. The Ground DGPS Station then
passes this difference, in the form of RTCM (Radio Technical Commission for Maritime
Services) standard differential correction logs, through the GPS receiver communication
port and along the UHF datalink. The Aircraft DGPS Station then receives the UHF
differential corrections via its’ GPS receiver communication port and applies the
corrections in order to obtain high accuracy real-time position and velocity solutions.
In order to provide post-processed differential GPS capability, the two systems operate
separately, logging raw uncorrected data to the PC hard disks. Data is collected and
processed utilizing post-processing software algorithms in order to obtain differentially
corrected data. In some areas of aircraft testing (brake performance, high speed airspeed
calibrations), a higher output rate (up to 20 Hz) is required to accurately depict the
positions, velocities and accelerations of the aircraft. For this reason the option of storing
and post-test combining and correcting the remote GPS data is required.
In order to add the differential GPS system into the Bombardier Flight Test Center existing
test aircraft instrumentation package, a method to record and store the corrected and
uncorrected GPS data on the test aircraft was needed. The system was designed to be a
low maintenance tool for the technician ground crews on a day to day basis. By allowing
for the acquisition and recording of the GPS data on the test aircraft, the ability to transmit
GPS aircraft data via telemetry was also possible. Through the use of software programs,
the aircraft runway position coordinates were calculated using corrected Latitude,
Longitude and Height. Along with all required runway information (Heading, Magnetic
Variation, Geoidal separation (height to WGS-84 ellipsoid), Runway reference point) an
accurate position solution could be computed and included as differential GPS corrected
data to be recorded on the test aircraft.
Figure 2 depicts the data flow from the Aircraft DGPS station to the Aircraft Data
Acquisition System.
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The software program used to receive differential GPS information, records uncorrected
and corrected data on the Aircraft DGPS station removable hard disk for backup and postprocessing use. The software program also calculates aircraft runway position from
differential corrected Latitude, Longitude and Height. All corrected and calculated data is
then transmitted to the Aircraft Data Acquisition System via an ARINC 429 PC card. The
ARINC 429 card is used to provide acquired differential GPS data to the Aircraft Data
Acquisition System. All ARINC 429 parameters are transmitted as octal labels on a own
dedicated ARINC bus. Parameters describing differential fix state, solution status and
degree of accuracy status are all transmitted. The Aircraft Data Acquisition System
receives and records the data as it does any other digital bus available on the aircraft.
Since the data acquired on the differential GPS system is asynchronous to the Aircraft
Data Acquisition System, a method to synchronize the GPS data to the aircraft data system
clock is required. The time tagged GPS data is recorded along with GPS time from the
GPS PC card. In order to run from the same GPS time source, the Aircraft Data
Acquisition System is synchronized using the same GPS time information through the data
system time code generator IRIG-B input. By having time recorded as parameters on the
acquisition system, as well as, synchronizing the time code generator to the same time, the
difference in time between acquired and recorded GPS data could be determined, from test
point to test point. In order to properly transmit data from the ARINC 429 card the card is
setup in burst mode, allowing for all octal labels to be transmitted at the same time to
eliminate time lags between parameters (Horizontal speed versus X runway position, etc.).

TEST APPLICATIONS
Trial tests were conducted on a Learjet Model 60 test aircraft in order to confirm that the
complete system operated per design. Testing was conducted to verify the datalink
capability, GPS parameter recording and acquisition, data validity during low and high
speed maneuvers and also ease of system use was evaluated. All testing scenarios were
visited during the trial tests. These tests included takeoff/landing performance, minimum
radius turn maneuvers, rejected takeoff performance, centerline taxis, low level flybys and
climb to altitude tests. Data validation was conducted to ensure the real-time telemetry,
data acquisition playback and post-processed GPS solutions yielded the same results.
The only adverse result from the trial test, was the intermittent reception of UHF
differential corrections from the GPS ground station at certain areas of the testing runway.
Due to declination of the runway , the UHF datalink became intermittent and caused the
differential correction information to be lost. After reacquisition of the datalink, full
position solution convergence began and operation was normal. In order to avoid this
situation, the ground station antenna was moved to a more advantageous position. Analysis
of standard deviation outputs resulted in errors in the range of 10 to 25 centimeters for all
testing conducted. After corrections for ground station antenna locations and data
validation tasks the system was accepted for use by all Bombardier Flight Test Center
aircraft.
To date the differential GPS system has been used by the Learjet 45 certification test
program in various applications. The system was used to determine highly accurate
position solutions for noise measurement testing. Aircraft positions were referenced to
microphone measurement locations. Differential GPS horizontal and vertical speeds were
used to determine if the aircraft satisfied required configurations. The largest use for the
differential GPS system has been in the area of brake, landing and takeoff performance.
The rapid data availability of highly accurate GPS solutions, has provided the Flight Test
Center the ability to test and confirm test points in a timely manner.
Differential GPS data is available for the engineering community in the same format and
system as all other test aircraft acquired data, ensuring ease, timeliness of data collection
and analysis. Table 1 depicts sample data output of the differential GPS system.
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Processed DGPS data output
Table 1
CONCLUSIONS
The major ongoing investigation involves the process of merging post-processed
differential GPS data with aircraft processed data. The ability to obtain high output rate
and high accuracy solutions is the ultimate goal for the differential GPS system.
Bombardier Flight Test Center is currently coordinating with airworthiness authorities
regarding the use of differential GPS airfield performance data for certification testing
reports. Bombardier Flight Test Center is currently looking at all the possible scenarios for
the use of the differential GPS system. Due to the ease in data acquisition, recording and
processing, the differential GPS system has proven it will provide the most accurate and
time-saving solution for our test center requirements.
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DIFFERENTIAL GPS APPLICATION FOR SEA-SKIMMING
AERIAL TARGETS
Martin J. Spadaro
Vector Microwave Research Corporation
Missile Systems Group

ABSTRACT
Low cost, commercial off-the-shelf Global Positioning System (GPS) receivers can be
used to provide real-time track of ground launched subsonic, sea-skimming missile targets
when integrated with existing telemetry equipment and commercial radio modems. GPS
reference stations can be deployed that are capable of generating, broadcasting and
monitoring Differential GPS corrections that effectively eliminate the deliberate position
errors imposed by the Department of Defense. Commercial GPS receivers are effective
and provide contiguous position data even during the boost phase of flight when G forces
exceed the receiver manufacturer’s published specifications.
KEYWORDS
DGPS, Positioning, Telemetry, Missile Target
INTRODUCTION
Beginning in May of 1992 the United States Navy took possession of 180 anti-ship cruise
missiles (ASCM), several launchers and over 100 tons of spare parts from the former East
Germany for the cost of transportation. The missiles, called SSN-2D and built in the
former USSR, were to be modified to satisfy range safety requirements, fueled, and
launched under the auspices of the Surrogate Target Program (STP) as targets for AEGIS
weapons system testing. The launch site was to be the west end of San Nicolas Island, CA,
60 nautical miles south of the NAVAL AIR WARFARE CENTER-WEAPONS
DIVISION (NAWCWPNS) at Point Mugu, CA. Traditional methods of missile track
required a FPS-16 radar in conjunction with a radar beacon on board the missile. Because
of shadow zone and accuracy problems with the FPS-16 radar on San Nicolas Island, a
new method of track was desired. A GPS receiver was incorporated into the missile for
this purpose.

As a result of a compressed launch schedule, the instrumentation added to the missile was
selected from existing components to minimize lead times. A commercial off the shelf
(COTS) GPS receiver and a pair of radio modems for uplink of differential corrections
were procured. An AN/DKT-59V telemetry set for GPS position downlink was acquired
as GFE.
GPS RECEIVER PERFORMANCE
The Rockwell Navcore V GPS receiver was selected for tracking the missile. This receiver
had 5 parallel satellite tracking channels and could keep track of up to 9 satellites using the
5th. The receiver required only 4 satellites to generate a position solution. The receiver
accepted differential correction messages broadcast from a GPS reference station
established behind the beach launch site and 600 feet higher in elevation.
In order to ensure that the GPS receiver had sufficient time to acquire and track all visible
satellites prior to missile first motion, external power was supplied through an added pullaway umbilical. An external GPS antenna was added to the outside of the missile’s
metallic launching container to provide the best possible pre-launch coverage to the missile
GPS receiver. A solid state 1 X 2 RF switch was designed to provide the hand-off required
between an internal (missile mounted) GPS antenna and an external (launch container
mounted) GPS antenna. The solid state RF switch was commanded from the launch system
by the action of umbilical disconnect just prior to liftoff. After having acquired and tracked
visible satellites while in the launching container, the GPS receiver switched to the internal
antenna just prior to exiting the container and continued to track satellites with favorable
relative positions. Figure 1 illustrates the internal and external GPS antenna mounting
configuration.
After several launches it was evident that the 10-12 G launch acceleration was too much
for the GPS receiver’s satellite tracking loops when the satellites were closely aligned with
the missile’s flight path. Since the GPS receiver was capable of maintaining current
satellite status of 9 satellites, it normally recovered within seconds by switching to the
satellites with favorable relative positions and contiguous position solutions resulted. For
all flights the GPS receiver delivered accurate position solutions (2-5 m RMS estimated)
during the cruise phase of flight. The maximum rated acceleration of the GPS receiver was
4 G’s.

Figure 1. Pre-launch GPS antenna mounting configuration
DIFFERENTIAL GPS REFERENCE STATION
A survey marker was used to establish the precise position of a GPS reference receiver
antenna necessary to generate differential GPS corrections. This method of differential
GPS requires that a reference GPS receiver calculate range errors (corrections) to all
visible satellites by subtracting the observed pseudorange from the known pseudorange.
The corrections to the pseudorange to each visible satellite were transmitted to the missile
during all phases of flight and improved the missile GPS receiver’s position reporting
accuracy. A telemetry receiver and FM discriminator were used to confirm that the missile
GPS receiver was acknowledging the correction messages sent once each second from the
reference station. A Personal Computer was used to initialize and monitor the GPS
reference receiver, track and log the missile GPS reported positions and route the
pseudorange corrections to the transmitting radio modem. Figure 2 shows equipment block
diagrams for the Differential reference station and the missile target. The radio modem
installed in the missile was set for receive only operation.
GPS RECEIVER DATA AND TELEMETRY
The AN/DKT-59V Telemetry set is an FM/FM set with 10 subcarrier oscillators (SCO)
summed to frequency modulate the transmitter carrier. This particular FM/FM set was
designed to accept a 0 to 5 Volt signal at each SCO input. Since the GPS engine came
with a TTL compatible data output, the telemetry interface in the missile was very simple
and proved to be equally effective. An IRIG Channel H SCO (165 kHz center frequency,
15% PBW) installed in the DKT-59 was connected to the 9600 bit per second TTL GPS
receiver data output directly. Since the SCO was DC coupled, the NRZ-L TTL data was
compatible. At the telemetry receiving site the FM was adjusted to interface with the
Personal Computer’s serial data port directly. Seven SSN-2-D missile targets were
successfully tracked using commercial off the shelf GPS receivers, radio modems and
available telemetry components.
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RESULTS
The Rockwell Navcore V DGPS receiver stayed locked through the launch phase. The
telemetry recorded the position with very few missed points. Of note was the performance
of the reported altitude from the DGPS receiver. Figure 3 shows a good correlation
between the missile target altimeter and the altitude reported by the DGPS system. Only
the two sources of altitude were compared because the missile altimeter had the only
measurable signal with comparable resolution to the GPS signal.
CONCLUSION
Commercial GPS receivers provide a cost effective alternative means of providing missile
track data using existing telemetry equipment. Advances in GPS receiver technology,
processing power and hybridization/miniaturization have been steady and will continue.
Commercial GPS receivers available today include single frequency 20 G acceleration and
20 Hertz update rates. GPS technology will find application in all areas of weapons test
and evaluation in the very near future.
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Space-Based Flight Termination System
Incorporating GPS Telecommand Link
Daniel F. Alves, Jr.
Alpha Instrumentation and Information Management

ABSTRACT
This paper will investigate the areas which must be addressed to implement a truly
integrated Range instrumentation system on a GPS-based Range, using a patented L-Band
commanding scheme. Hardware issues will be highlighted as well the issues to be
addressed in changing from an audio tone-frequency modulated command system to a
digital system incorporating encryption and spread spectrum. Some thoughts addressing
costs and schedule to incorporate this approach into the architecture of the U. S. Air Force
Range Standardization and Automation (RSA) architecture, as a candidate GPS-based
Range are also presented, as well as a discussion of the benefits to be accrued over the
existing system, if this approach were adopted.
KEY WORDS
Range Standardization & Automation, RSA IIA, Global Positioning System, GPS,
Spacelift, Range safety, Range instrumentation, launch operations. GPS Telecommand
Link, flight termination, command destruct.
INTRODUCTION
Since the Juarez incident of 1947, when inadequate safety control allowed an errant V2 to
impact in Mexico, Spacelift Ranges and Test and Training Ranges have had a large
infrastructure of ground-based instrumentation to receive information and to locate and
control the unmanned vehicle. With the advent of the Space Age, in 1957, space basing
such infrastructure became theoretically possible and within the last twenty years it has
become economically attractive. Telemetry was the first of the three basic forms of Range
instrumentation to go to space, with the advent of NASA’s Tracking and Data Relay
Satellite System (TDRSS). Time, Space Position Information (TSPI) source is the next,
with the Global Positioning System (GPS) taking over almost all the functions presently
performed by tracking radars and vehicle-mounted transponders. This leaves only
command destruct as a ground-based Range system. The conversion to GPS offers an

unparalleled opportunity to not only move ground-based command destruct into orbit but
to vacate the UHF band this Range function has occupied for over forty years.
ARCHITECTURE
While there are several possible architectures for a space-based command destruct
capability including a system using TDRSS, integration with GPS offers some unique
benefits. Such an architecture would consist of:
1. A transmitter at the Range launch head transmitting S-Band messages to modified
Block IIF NAVSTAR satellites.
2. A local ground Command Transmitter capable of receiving messages from the Range
head end and transmitting an L-Band signal incorporating a spread spectrum address
and digital commands. This local Command Transmitter closely resembles a
pseudosatellite and may also be integrated with a reference receiver and, as a result,
serve as a DGPS transceiver and an Integrity monitor.
3. Modified Block IIF GPS Satellites. Modifications to include:
• Capability to receive S-Band command messages on a non-interference basis with
the S-Band uplink used by the MCS for ephemeris updates.
• Capability to cross-link and distribute command messages to other Block IIF
satellites and designate which satellites are to downlink the command messages,
on a non-interference basis with the Block IIF cross link. Note, the Block IIF
Cross link is a UHF TDMA system allowing 24 1.5 sec transmission
opportunities, at up to 300 baud. Flight termination will require a dedicated link.
• Downlink (uplink) of the command messages to the LV, using an existing Lfrequency transmitter (perhaps L2 or L5) on a non-interference basis or a separate
L-frequency transmitter, offset from an existing frequency, by 1.023 MHz.
All other portions of the flight termination system would remain the same. As a result, the
use of such an architecture would be transparent to the Mission Flight Control Officer
(MFCO) and the rest of the Range Safety Center staff. This means that the MFCO would
see no difference in the operation of this system as compared with the existing groundbased, UHF command system. See Figure 1.
It should be mentioned that to the maximum extent possible, the Satellite links will act as
“Bent Pipes,” that is, injecting the least amount of change or logic possible into the signal
originating at the launch head’s Range Safety Center. All of the ground equipment will be
totally under the control of the Range and, in fact, will be located on Range or Rangecontrolled property. This equipment being totally and completely dedicated to Range
Safety Command and TSPI, it can be sequestered and configuration frozen, if needed, for
accident investigation purposes. This is not possible with the satellites, obviously. This is
the reason why they must be “Bent Pipes.” The message itself can be totally generated on
the ground within Range Safety. The “direction” commands; i.e. which satellite will

receive and rebroadcast the uplinked command messages may have to be partially satellitebased.
CONCEPT OF OPERATIONS
Prelaunch planning would include the identification of which Block IIF satellites
incorporating the command destruct capability will be visible to the launch vehicle (LV) on
the launch pad and during powered flight as well as which of these satellites will receive
the Range-initiated S-Band command uplink. It is not necessary that the entire GPS
satellite constellation be capable of throughputting the command signals. Since command
messages will be distributed to appropriate satellites, as opposed to all satellites, it will be
necessary to determine which satellites are the appropriate ones and at what stage of the
mission they either become or cease to be appropriate. Commercially available software
makes this task easy.
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L-Band Command Destruct

Figure 1 Architecture

As stated earlier operational use of such a system will be essentially transparent to Range
Safety personnel. There would continue to be prelaunch checks, acquisition of the
command transmitter prior to launch and continuous monitoring of command system
transmissions throughout powered flight. The differences will be in the form of the
message and its transmission points. Instead of a local ground transmitter location at the
launch head and further ground transmitter sites located downrange, this system would use
a ground transmitter at the launch head, which also can serve as a DGPS ground station
and an Integrity monitoring site and a subset of the Block IIF GPS satellite constellation.
During prelaunch testing, the Range Safety Center would initiate diagnostics and link tests
using only the ground transmitter. During countdown, the LV would acquire not only the
ground transmitter but those satellites in view from the launch head. That is, the Range

Safety Center would also begin to exercise the S-Band uplink at this time. During the early
phases of powered flight, the LV would be monitoring the link-establishing message which
also may contain DGPS corrections and integrity messages, When the LV is sufficiently
downrange to be over the horizon from the launch head it will be at sufficient altitude to be
visible to a large number of GPS Satellites and will no longer need Integrity messages.
DGPS corrections will be less accurate, due to the LV’s using positioning data from
satellites not visible from the launch head and thus not included in the DGPS corrections
solution.
SIGNAL CONSIDERATIONS.
The RF signal used for command destruct would closely resemble the message structure
used by GPS in that it will consist of a unique direct spread carrier containing a PCM
message. The signal would be similar to that broadcast by GPS satellites. The spreading
code would resemble the unique spread spectrum messages used by GPS satellites to
identify themselves and the digital commands would resemble the GPS satellite navigation
message. This spreading code would be unique to signals used for Range safety and, as a
result, will be totally transparent to all GPS NAV and GIS receivers. Only Flight
Termination receivers will recognize and despread these signals. There can be several
spreading codes, to allow the addressing of individual Launch Vehicles during multiple
launch operations. The spreading code will thus serve as an address. The PCM message
serves as the actual command.
There would be a minimum of four PCM command messages:
1. A link-establishing message, whose purpose is to insure that the onboard flight
termination receiver is receiving an output from a Range Safety asset. It will serve to
exercise and maintain the link from the Range Safety Center through the uplink,
crosslink and downlink, through the receiver and decoder through to an output (here, to
TM). It could also be used as the LV data source for DGPS corrections and the
Integrity message. The need for this information would fade with the increasing altitude
of the LV and its subsequent exposure to more GPS Satellites.
2. ARM. This message is as required by EWR 127-1 and is used by liquid fueled rockets
to initiate thrust termination.
3. DESTRUCT. This message is as required by EWR 127-1 and is used to initiate fuels
mixing for liquid fueled rockets and to initiate the destruction of motor case integrity for
solid fueled rockets.
4. OPTIONAL COMMAND. This message is as documented in EWR 127-1 and its
usage is, as its name implies, optional and program-specific.
5. Additionally, a duplicate set (or more) of commands are well within the capability of
the system. Alternatively, multiple sets of commands could be used for discrimination
and control of specific vehicles and only one spreading code could be used.

The length of the spreading code and the chipping rate would balance the mutually
competing requirements of quick acquisition (which favors short codes and low chipping
rates) and jamming and interference resistance (which favors long codes and high chipping
rates). In any event, the chipping rate will be a multiple of the GPS reference frequency,
10.23 MHz and the form of the pseudorandom (PRN) spreading code would be compatible
with the present PRN codes used by GPS.
The signal itself would be encrypted using a Public Key, Private Key scheme, provided
and/or coordinated with the National Security Agency. Unlike most uses of such a system,
the Private Key would encrypt the transmitted command signal and the onboard receiver
would decrypt this signal using the Public Key. By structuring the encryption scheme in
this fashion, it eliminates the need for high security protection of the on board hardware
while providing authentication that the received signal is, in fact, from Range Safety.
While such a scheme does not prevent other receivers from receiving the message, it does
identify the source of the message, and that is what the present Secure Transmission
System (High-Alphabet) attempts to do by attempting to ensure that only the designated
receiver will respond to the Range’s Command Transmitters. As long as the on board
receivers act only upon the signals sent by the Range’s Command system, the Command
link is secure. If other receivers also act upon this signal, it is of no consequence. If the
onboard receivers do not act upon signals not originated by Range Safety (and thus not
encrypted with the Private Code), the Command link is secure. Additionally, since the
mathematics of such systems are such that that if the message bits are altered by a third
party, the decryption fails in a well-defined, telltale manner, it would be possible to
provide a TM output in the flight termination receiver which would indicate when such
activity is detected in the incoming signal.
COSTS
There has been some costing done on such a system as this. The costs were derived by the
RSA IIA contractor consortium as part of their ongoing charter to investigate new and
different ways to address the requirements for spacelift instrumentation. In their studies,
they are postulating that the costs to implement such a system would be in the range of $50
to $60 million. While this is a significant amount of money to spend, it was balanced
against the required upgrading of the existing UHF command system, which would require
an investment of $40 to $45 million over the same period to insure a viable command
system through the first two decades of the next century. Actually, when considering O &
M costs over the lifetime of the system (approximately 15 years, for their study), a spacebased L-Band command system, as described here, would accrue savings of over $100
million, net.

The airborne Flight Termination Receivers would actually be rather inexpensive as they
would be integrated with the GPS TSPI receivers on board, sharing the antenna system
and power system. This is possible because the EWR 127-1 reliability requirement is the
same for flight termination receivers and GPS TSPI receivers. This is actually covered
specifically by GPS Telecommand Link. The quoted price today for STS (High Alphabet)
Flight Termination Receivers is approximately $50,000 to $60,000 apiece, amounting to a
shipset cost of $100,000 to $120,000. Incorporating flight termination capability into the
TSPI receiver would amount to something significantly less than 10% increase in cost over
the basic receiver. All that is required is the addition of a single channel receiver and
dedicated decryption and decoding circuitry, sharing the receiver’s front end and power
supply and outputting to dedicated connectors.
While not strictly a cost issue, the weight and volume savings accruing to the LV are
significant. By incorporating the command reception circuitry in the TSPI receiver, the
required LV Range safety instrumentation package devolves from today’s minimum of one
TM transmitter and antenna system with battery, one C-Band transponder, with antenna
system and battery and two UHF command receivers, with antenna system and batteries;
to one TM transmitter with its antenna system and battery and two TSPI/Command
receivers with a shared antenna system and a battery each. This is a savings of one antenna
system, and one battery, at the least.
SCHEDULE
The schedule for implementing such a system is tied to the schedule for design,
development, manufacture and deployment of the Block IIF GPS satellites. This creates a
window of opportunity in which this system can developed and fielded at minimum cost if
it can be harmonized with the Block IIF schedule. As it is, the window for deployment of
Space-Based Command Destruct aboard all of the satellites is, for all intents and purposes,
closed. The next window closes on 8 May, 1998, the scheduled date for Baseline
Definition of SV7 - SV21 (Block IIF Satellites 7 through 21). These satellites will be
deployed beginning in 2003. It is barely possible to define the system in sufficient detail in
time to meet this schedule date.
A more likely target date to meet is the Baseline Definition date of 1 April, 2003, for SV22
- SV33. This should allow sufficient time to define and design the system and arrange for a
test to prove out the concept. Such a test would call for the installation of the Command
Destruct relay system aboard two or more Block IIF satellites in the range of SV7 through
SV21 and send functions through them to a suitable reception device. It is also possible
that the JPO could be persuaded to add the Command Destruct relay system at other than
the present Block change points, creating an new production Block, beginning before
SV 22.

ADVANTAGES
Why would such a Range instrumentation system as proposed here be of interest? There
are several reasons, some of which are applicable to any space-based system and some of
which are unique to a system utilizing GPS architecture.
The first advantage is the elimination, or great reduction, in ground equipment. This should
translate into lower costs, as satellite communications have proved to be significantly
cheaper than previous methods of long haul communications which required an extensive
ground infrastructure of microwave relay towers and coaxial cable. Here, the ground
infrastructure consists of the four downrange sites at the Eastern Range (Argentia, New
Hampshire, JDMTA and Antigua) and two at the Western Range (Pillar Point and Laguna
Peak)
The second is truly global coverage. The present ground-based system is limited by line of
sight and location. To extend its coverage requires more ground infrastructure, including
the possibility of reverting to the use of high-cost Range Instrumentation Ships, to cover
areas of interest which are not line of sight from land, and the expansion of ground stations
on foreign soil. All of these are basically unpalatable options, if only for cost reasons.
There is a class of advantages which stem from the fact that, while theoretically possible, it
is in no way practical to duplicate the existing high-power, UHF command link into space.
This dictates that any space-based system will not be backward compatible. From this
comes a whole host of advantages which accrue when one can make use of the work done
in signal processing and signal structure design that have occurred over the last fifty years.
Perhaps the most important is the issue of security. The existing Secure Transmission
System (High Alphabet) provides an acceptable level of security but the ground
infrastructure necessary to maintain that security is extensive and expensive. A digital
command message format and spread spectrum techniques are, by their very nature, fairly
secure. By using a reverse Public Key-Private Key technique, which represents the present
state of the cryptologic art, a signal fully as secure as the existing system and be provided
without the ground system security provisions which encumber the existing command
system.
A digital, spread spectrum command message is, by its very nature, fairly jam and
interference resistant. This means that high power would no longer be required to
guarantee an acceptable probability of signal reception by the airborne instrumentation
system. This translates into a smaller, less powerful, less stressed and simpler ground
command transmitter. Jamming and interference resistance can also be enhanced by the
structure of the command message and the spreading code. It should also be pointed out

that any intentional jamming of the command signal would also entail the jamming of the
GPS signal, as well. This would be regarded by the U. S. Government as an act of war, in
all probability.
Multiple vehicle coverage is also a simple matter to include. Today’s system is somewhat
limited by the number of commands that exist and by the limited number of frequencies
available for command destruct. On the ER and WR today, the practical limit for vehicles
in the air at the same time is two. With a digital message scheme and spread spectrum
techniques, the number of vehicles becomes limited by the Range’s capability to monitor
LV flight.
Reduction in onboard weight and complexity is possible with any new space-based system
by a judicious choice in operating band. Since the system is no longer constrained to
UHF,. a space-based system can be designed to use one of the other three frequency bands
used by the LV: S-Band, used to transmit Telemetry; C-Band, for a tracking Radar-based
Range; or L-Band, used by a Range utilizing GPS for TSPI. By doing so, the onboard
equipment can share an antenna system, reducing the number of required antenna systems
from three to two.
Reduction in signal attenuation due to rocket plume effects is also probable. Any of the
frequency bands discussed above are superior to UHF in their ability to be received after
transiting through a rocket plume. This translates into lower power and a wider choice of
look angles for the transmitter for a given link margin.
Also, leaving the UHF Band would eliminate the need for the existing waiver for
operations within the UHF Band. At present, Flight Termination activities on US Ranges
operate in UHF on a five-year renewable waiver, for non-exclusive Government use. There
has been and will continue to be pressure to move out of the band. In fact, the ER and the
WR are implementing an upward move of Flight Termination frequencies required by
recent Government direction.
There is one basic disadvantage to any space-based system and that is message transit
time. Preliminary analysis indicates that message transit from the Range head through
satellite links to a vehicle will be within the latency requirement established by EWR
127S1.
Using the GPS architecture, as proposed in this paper results in more benefits. The further
reduction in on-board equipment, thus saving space and weight, is an important benefit for
the Range user, the operator of the LV. Not only can an antenna system be eliminated but
the flight termination receivers, as separate entities, can be eliminated, along with their
batteries. Additionally, an L-Band flight termination receiver can share the Wide Band

Front End of the TSPI receiver, splitting out the command message into a dedicated
correlator/detector and demodulator and through to dedicated output connectors. The size
and weight penalty to the TSPI receiver is in the range of less than tens of cubic inches and
less than tens of ounces. This offsets volume approaching a hundred cubic inches of
volume and several pounds of weight, not including the very heavy batteries these system
use as power supplies.
To the operator of the Range, The use of an existing satellite resource is an important
consideration. There would be no need to design, develop, manufacture, deploy , operate
and pay for, a dedicated satellite constellation. Also very important to the Range safety
community is the use of an existing satellite resource totally controlled by Air Force Space
Command. In fact, the 30th Space Wing, which operates the WR, the 45th Space Wing,
which operates the ER, and the 50th Space Wing, which operates the GPS Satellites,
report to 14th Air Force, a subordinate command of Air Force Space Command.
Concerning the latency issue, the GPS constellation is relatively close in and robust. This
is in comparison to TDRSS, which with only two satellites available and those at GEO,
could have problems with latency and with availability.
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ABSTRACT
There is an interest in using Global Positioning System (GPS) receivers to find: Time
Space Position Information (TSPI), miss distances between a missile and target, and using
the data real time as an independent tracking aid for range safety. Ashtech, Inc. has several
standalone GPS receivers they believe can work at high g levels. This paper investigates
how the Ashtech GPS receivers work under high g loading in one axis. The telemetry
system used to collect data from the receivers and the reconstruction of the data will also
be discussed. The test was done at SNORT (Supersonic Naval Ordnance Research Track)
located at NAWS, China Lake, CA. The g level obtained was about +23 g's with a
deceleration of -15 g's. The velocity reached was about Mach 2.0. A summary of the errors
is included.
KEYWORDS
Global Positioning System (GPS), GPS Receivers, RS-232 Data, Time Space Position
Information (TSPI)
INTRODUCTION
The use of Global Positioning System (GPS) has been expanding. There is an interest in
using GPS for finding the Time Space Position Information (TSPI) on small highly
maneuverable missiles. Other uses that are of interest are: miss distance information
between a target and a missile, and using GPS data from the telemetry system to provide
an independent tracking aid to meet range safety requirements. Typically a translator is
used when trying to measure TSPI of a missile. Translators require 2 MHz of bandwidth
and can be costly. The cost of GPS receivers has fallen, but g level specifications have
been too low for small missile applications.
Ashtech, Inc. advertises their G12 GPS receiver that can work at 20 g and outputs position
information at 20 Hz.[1] Ashtech also makes a GG24 that will output data at 5 Hz. They

use C/A code and use carrier phase tracking to determine position. These standalone
receivers seem to be good candidates for missile applications and are the ones that were
tested at the Supersonic Naval Ordnance Research Track (SNORT).
The main issue is what is the best way to measure the performance of a GPS receiver in
these high g environments? There are satellite simulators that can simulate the signals from
the satellites and make the receiver think it is moving in space. This does not always tell
the whole story on how the receivers will work in a real world environment. The SNORT
is a good way to do these tests. The track is fixed and surveyed. It is 21,500 feet long.
There are survey markers every 50 feet down the track. The track heading is 357.42
degrees. So, the track runs almost due North. At every 100 feet, a sensor is installed to
time tag when the sled has passed that point. The sled is the vehicle that goes down the
track. Different rocket motors are used to push the sled to provide different acceleration
and velocity levels. For these tests, two different rocket motors were used. The Honest
John motor provided acceleration levels of 23 g's and velocities of up to Mach 2. The
second motor was a Terrier which provides acceleration levels of 15 g's and velocities of
Mach 1.5. A G12 GPS receiver was setup along side the track to see if miss distances
could be determined by subtracting the position information from the two receivers directly
without having to do differential correction. Since the receivers should have the same
errors, the errors should cancel out and give good miss distance information.
TELEMETRY SYSTEM
The telemetry system for this test was designed to meet IRIG 106.[2] The telemetry
accepts the RS-232 data from the receiver on the sled. A decoder box, that is part of the
ground station, reconstructs the RS-232 data so that the Ashtech GPS receiver software
thinks it is talking to the receiver. The block diagram of the telemetry system is shown in
Figure 1.
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FIGURE 1. TM Box Block Diagram

The 8752 controllers send commands to the receivers. These commands tell the receiver
how: the RS-232 port is to be set up, what rate to send the data, what type of data is to be
sent The receivers then send the GPS information to the 8752 via RS-232. The 8752
outputs the data in parallel to the encoder. There is some handshaking that goes on
between the 8752 and the encoder to avoid conflicts. The data is put into a word location
in the PCM data stream. The data is asynchronous. It still has the same structure as it did
when it left the receiver. The PCM word location acts as the channel for data transfer,
instead of the RS-232 line.
The telemetry system accepts two RS-232 receiver data streams operating at 115,200
Baud. The telemetry system also monitors acceleration. The bit rate was 1 MB/s and nonencrypted.
A block diagram of the ground station is shown in Figure 2. The decommutator takes the
data out of the PCM word locations and outputs it as a parallel digital word. The digital
word would be the same as the one that was presented to the encoder from the 8752. The
8752 controller then does exactly the opposite that was done on the encoder side. Its
output is now RS-232 and the GPS data can be displayed with the GPS receiver vendor's
software.
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FIGURE 2. Ground Station Block Diagram

Computer

SNORT SLED
The SNORT sled has an instrumentation bay that the telemetry was located at. Figure 3 is
a picture of the sled. The locations of the GPS antenna, Tri-ax accelerometer and TM box
are indicated. A second TM unit was installed in the nose cone section. That package was
provided by the Vandal program. It carried an G12 receiver.
Telemetry Location
GPS Antenna Location

Tri-Ax Location

FIGURE 3. SNORT Sled
GPS RECEIVER PERFORMANCE
Three runs were made down the track with the GPS receivers. The first run was done in
April 1997 and two were made in July 1997. Prior to the first run, a simulation was
performed on the G12 receiver, with the satellite simulator. The simulation showed that the
receiver would lose lock at launch. The telemetry system worked for only the first three
seconds of the run. The G12 receiver worked for those three seconds. It saw 23 g's for 3
seconds and made it to a velocity of about 2000 ft/s. The simulation was then revised and
the receiver was made to work for the full 20 seconds of sled profile. The simulation
showed the position output of the receiver being right on and the velocity calculations
being on the low side. The velocity graph of the simulation is shown in Figure 4.
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FIGURE 4. Simulation Plot
The G12 was sent down the track for all three runs. The data showed that the G12 velocity
calculation was on the low side but not as far off as the simulation predicted it would be. A
typical plot of one of the runs is shown in Figure 5. The G12 seems to lose lock just prior
to the deceleration. There is very little data between 4 and 21 seconds. The cause of the
loss of lock is still being investigated. Some thoughts are it might be it was the vibration
levels the receiver was seeing and/or the acceleration forces seen. Ashtech, at the time of
writing this paper, does not have a specification on the g sensitivity of the oscillator being
used in their receivers.
The GG24 was also sent down the track. Data for the GG24 was collected on one run and
only for the first 3.4 seconds. The GG24 tracks both the GPS satellite and the GLONASS
satellite systems. The GLONASS system was done by the Russians. The GG24 outputs
position information at 5 Hz. The velocity estimation it calculated was more accurate than
that of the G12. Plots for 3.4 seconds of data are shown in Figures 6 & 7. The plots show
four different data sources. The truth for the position data is the Track Coil data. There is
accelerometer data for both plots. The accelerometer data was integrated to provide
velocity and then integrated again to get position. The other two sources are G12 and G24
data.
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3.458

3.249

3.037

2.821

2.610

2.394

2.178

1.962

1.756

1.535

1.314

1.093

0.873

0.652

0.431

0.190

-0.031

TIME

0

Position
2500

2000

1500

G12 RMS DIST
GG24 RMS dist
TRACK DIST
Position Avg (acc)

1000

500

3.458

3.249

3.037

2.821

2.610

2.394

2.178

1.962

1.756

1.535

1.314

1.093

0.873

0.652

0.431

0.190

-0.031

TIME

0

-500
Time (sec)

FIGURE 7. Position Plot of First 3.5 Seconds
The data from the track side GPS receiver was used to figure how accurate miss distance
calculations can be done by just taking the difference of the position information from the
two receivers. This would be simulating a target and a shooter going past each other. The
receiver was located at 5100 foot mark and about 10 feet off the center of the track.
Because the receiver on the sled lost lock before it got to the track side receiver, an
accurate survey was not done. Also, as can be seen in the error summary in Table I, the
errors were on the order of feet. The location stated is accurate to within a couple of
inches. Figure 7 shows the 3.4 seconds of data between the track coil data and the
calculated distances to the GPS track side receiver.
A second G12 receiver was used for the track side receiver. Since there is a G12 on the
sled it would seem that the G12 would give better results. As expected it did. The GG 24's
error was about twice that of the G12. The errors overall were higher than expected. The
track side receiver was an older version than that shot down the sled. At the time of the
writing of this paper the firmware versions of the two receivers had not been compared.
This may shed some light on the source of the error.
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ERROR SUMMARY
The plots are nice to see but you cannot read the numbers off them to see how well the
receivers worked. So, Table I. is a summary of how large the errors really were. The
position information is calculated by saying the zero of the track is the zero position of the
GPS receiver. This takes out any offsets and errors the receivers may have that could be
corrected by doing differential correction and surveying in of the GPS antenna on the sled.
The total distance traveled is then the root mean square(RMS) between the latitude and
longitude differences and converted to feet. The velocity is what is directly output from the
receiver. The miss distance is also figured as the RMS between the latitude and longitude
differences of the sled receiver and track side receiver. Altitude errors were not explored
in these tests. The track has very little change in altitude over its length.

TABLE I. Error Summary Table
Position
Error (feet)
GG24 (max Accel=15g)
G12 (max Accel =15g)
G12 (max Accel =23g)

<2
<2
<2

Velocity
Error
(feet/sec)
<70
<90
<235

Miss Distance
Error (feet)
40 to 50
20 to 30
20 to 30

CONCLUSION
There seems to be some promise in using standalone GPS receivers in missiles to provide
TSPI, miss distances and an independent tracking aid for range safety. The Ashtech
receivers tested had fairly good update rates. Anything slower than 5 Hz would not
provide enough data to see what is happening. The main problem was the loss of lock
when sled deceleration starts. The position accuracy is quite good in the high g
environment. The position information is more than adequate to meet the independent
tracking requirements needed for range safety. The velocity data calculations made by the
receiver need to be refined to provide more accurate results. The miss distance calculations
need further investigation to understand why the errors were larger than expected.
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ABSTRACT
GLONASS is similar to GPS in many aspects such as system configuration, navigation
mechanism, signal structure, etc.. There exists the possibility of receiving and processing
GLONASS signals with GPS technology. The frequency plan of the GLONASS system is
different from that of GPS. This makes the front-end of GLONASS receiver more
complicated. The work here manifests our initial effort in GLONASS receiving. A design
scheme is proposed of a C/A code GLONASS receiver.
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INTRODUCTION
GLONASS (GLobal Orbiting NAvigation Satellite System) is USSR’s second-generation
satellite navigation system. Like GPS, it provides an information service on position,
velocity, and time worldwide.
The fully deployed GLONASS system consists of 24 satellites in three circular orbits, at a
height of 19100km. The inclination of the orbits is 64.8°. The GLONASS system achieved
full operation at the end of 1995[1]. Now its three orbits are filled with more than 24
satellites.
GLONASS is a pseudo-ranging system like GPS[2]. Each satellite emits signals at two
frequencies, L1 and L2, in the L-band of the radio-frequency spectrum. These signals are
modulated by two binary pseudo-random (PRN) codes, C/A (Clear Acquisition) code and
P (Precise) code, and by binary data. The C/A code is transmitted only on L1 carrier for
civil uses. The P code is present on both L1 and L2 carriers and is intended to be used by
military and authorized users.

Frequency Division Multiple Access (FDMA) is used to separate satellite signals. So there
are totally 48 carriers for 24 satellites. The frequencies are:
fL1 = ( 1602 + k ⋅ 9/16) MHz,
fL2 = ( 1246 + k ⋅ 7/16) MHz,
where
k = 1,2,…,24 - are channel numbers.
GLONASS carrier frequencies are now being shifted downwards from their original
values, since in 1992, part of L band, including some of the GLONASS frequencies, was
allocated to other international uses. Three steps are to be taken to avoid frequency
overlay and interference problems:
• by the year 1998, channels k = (15…21) will be put out of use;
• by 2005, only channels k = (0…13) are to be adopted;
• after 2005, channels k = (-7…6) are to be used with k = 5 and k = 6 for technical
channels.
The total channel number will become 12. Two satellites in antipodal position will send
signals at the same frequencies.
COMPARISON OF GLONASS AND GPS
GLONASS was set up following the building of GPS. Similarities exist between the two
systems. For example, the number and height of the satellites in space, the frequency band
at which the satellites send their signals, and the positioning mechanism adopted, are all
nearly the same. The table below gives the comparison of system characteristics of
GLONASS and GPS.
The signal division method of the two systems is quite different. GPS adopted Code
Division Multiple Address (CDMA). Each satellite uses a unique PRN code, but all
satellites transmit at the same frequencies. In GLONASS system, FDMA does not require
special code modulation to distinguish satellites, so all satellites transmit on the same code.
This feature makes the GLONASS and GPS receivers have some difference in their frontend parts.

TABLE 1. COMPARISON OF GLONASS AND GPS NOMINAL
CHARACTERISTICS
Parameter
Satellite number
Orbit number
Orbit inclination
Orbit altitude
Revolution period
Carrier frequencies(L1)
(L2)
Modulation code
Signaling
Multiple Access
Power level(Minimum)
Code rate (C/A)
Code rate (P)

GLONASS
21+3spares
3
64.8°
19100km
11h15min
1602.5625-1615.5MHz
1246.4375-1256.5MHz
C/A, P
SS/BPSK
FDMA
-161dBw
0.511MHz
5.11MHz

GPS
21+3spares
6
53°
20180km
12h
1575.42MHz
1227.60MHz
C/A, P
SS/BPSK
CDMA
-160dBw
1.023MHz
10.23MHz

BASIC STRUCTURE OF GLONASS RECEIVER
A C/A code receiver only processes the L1 signal. The general structure of a GLONASS
multi-channel C/A receiver can be expressed as follows[3]:
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Figure 1. Structure of C /A Code GLONASS Receiver
The Antenna/preamplifier assembly collects and amplifies weak GLONASS signals
received from the air. The Down-converter transforms the RF signals to IF band by grades
of mixing. The function of the IF Splitter is to separate IF signals of different frequency
channels. The LO (Local Oscillator) Synthesizer generates all LO signals needed in the
receiver.
The Channel is the most sophisticated part in the whole receiver since the major tracking
task is done in it. One typical channel should include: A/D converter, carrier Phase-Locked
Loop ( Costas PLL ), PRN code PLL ( Delay PLL), and C/A code generator. When the
two PLLs are locked and are in the tracking state, the carrier, the code and the satellite

message data can be extracted. The C/A code generator duplicates the GLONASS C/A
pseudo-code for code tracking.
The above receiver structure is similar to that of a GPS C/A code receiver[3]. The
differences lie in: firstly, because the carrier frequencies of GPS and GLONASS are
different, the synthesized LO signals are different too. And GLONASS has multiple
carriers while GPS has a single one. This make the synthesizer of the GLONASS receiver
much more complicated. Secondly, the GPS receiver doesn’t needs the IF splitter. Lastly,
the C/A code generator produces only one C/A code in the GLONASS case.
In spite of the differences mentioned above, most of the functional parts of the two
receivers are the same. We thought of the possibility of making GLONASS receiver with
the GPS components. Now there are the front-end chip and correlator chip that can
accomplish the signal tracking and extracting in the market, for example, GP2010 and
GP2021. The functions provided by these chips are to be introduced before the design is
discussed.
GPS CHIPSET INTRODUCTION
GP2010 is an RF front-end for GPS receivers. It contains a PLL frequency synthesizer,
three stages of mixers, AGC amplifiers and an A/D converter, as shown in Figure 2.
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Figure 2. Structure of GP2010 Front-end
The frequency synthesizer is achieved by implementing a PLL for stability considerations.
It produces three LO frequencies used for GPS down-conversion, which are 140, 14, and
28/9 times of 10MHz frequency (the normal input clock signal to the chip) respectively.
Down conversion is accomplished in the mixers. The input RF GPS signal is subtracted by
three LO frequencies generating the IF output. The on-chip filter has a bandwidth of
2MHz. It is designed to allow GPS C/A code to pass through. This chip converts analog
RF signals buried in the noise to an IF digital signal of high S/N ratio.
GP2021 is GPS's correlator chip. It consists of 12 channels of tracking modules and
interfaces to the micro-computer. Each tracking module is independent and includes the
following parts: Costas PLL, Delay PLL, C/A code generator, and accumulators and

counters for data recording. One correlator can be connected directly with one or two
front-end chips. Figure 3. gives the block diagram of one channel of the correlator.
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Figure 3. Block Diagram of GP2021 Correlator
DESIGN OF GLONASS RECEIVER
Comparing the structure of the two chips (Figures 2. and 3.) with the diagram of the
GLONASS receiver (Figure 1.), we can concluded that this GPS chipset is capable of
constructing the GLONASS receiver. The reasons are:
1. Because the radiating power and frequencies of the GPS and GLONASS systems
are very close(see Table 1.), the chip GP2010 may be used as a GLONASS frontend to achieve down conversion and A/D conversion.
2. The C/A code generator of the correlator can be programmed to generate
GLONASS C/A code. The LO frequency of the Costas PLL can be set in each
channel and has very fine resolution, which enables the altering of the LO in the
GLONASS case. So each channel can be set up for GLONASS.
3. The IF splitter doesn’t need additional components to realize. The separation of IF
GLONASS signals occurs when the demodulation in the Costas PLL is performed.
So to construct the receiver, the front-end and the correlator can be connected directly. But
due to the difference of GPS and GLONASS, some corrections must be made.
From above section, we know GP2010 provides three stages of mixers and an on-chip
filter. After mixing, the GPS RF signal is downconverted to the central frequency of the
filter. That is:
1575.42MHz - 140 ⋅ 10MHz - 14 ⋅ 10MHz - (28/9) ⋅ 10MHz = fo ≈ 4.3 MHz
(1)
But when GLONASS signals are input to the front-end, the frequencies of the IF signals
will deviate from fo. To solve this problem, we decide to alter the input clock frequency to
the front-end chip. The on-chip frequency synthesizer generates signals according to a
certain frequency relation. When the input frequency changes, the output frequency is

changed by the same times. This inherent frequency relation of the chip can be expressed
by:
fin - 140 ⋅ x - 14 ⋅ x - (28/ 9) ⋅ x = fo
(2)
x is the appropriate clock input to the front-end. Now consider the GLONASS case. The
input frequency is fglo:
fglo - 140 ⋅ x - 14 ⋅ x - (28/ 9) ⋅ x = fo
(3)
From equations (1) and (3), in order to locate the IF signal at fo, the clock frequency
should be set as:
x = [ 9 ⋅ ( fglo -1575.42 ) + 14140 ] / 1414 = 10 + 9 ⋅ ( fglo - 1575.42) / 1414 (MHz) (4)
Because the electric characteristics of the circuit components, x should not be changed too
far away from its normal value. When fglo takes on the lower or upper frequency limit,
which is 1602.5625MHz or 1615.5MHz, x should be 10.172760MHz or 10.255106MHz.
These values are all near the normal 10MHz frequency. Because the GLONASS carrier
frequencies are equally-spaced , the input x values have equal intervals too. These
frequency values can be easily generated with an external PLL frequency synthesizer.
The GP2010 front-end has a bandwidth of 2MHz, which allows 3 adjacent channels of
GLONASS L1 signals to pass through. That is :
0.5625 ⋅ ( 3 - 1 ) + 2 ⋅ 0.511 = 2.147MHz ≈ 2MHz
(5)
A front-end thus can receive three GLONASS signals simultaneously. The middle signal is
located at fo.
With two GPS front-ends connected to one correlator, the GLONASS receiver of six
channels is easily achieved, as shown in Figure 4.
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Figure 4. 6-channel C/A code GLONASS receiver
The TMS320 processor undertakes most of the navigational data processing work which
requires fast computing. The software is compiled in C language.

DISCUSSIONS
Because the building of the designed GLONASS receiver is still going on, no tracking
observation and computing results can be obtained. Only the design idea is presented in
the paper.
There are two methods at present to realize a GLONASS receiver  digital hopping
scheme and channel conversion scheme. In digital hopping receiver, the GLONASS wideband signals are first transformed to baseband and are sampled at very high rate (30 ~
60MHz). Then digital high-speed PRN code loop and carrier loop demodulate the satellite
signals by fast frequency hopping. This method will simplify the front-end, but on the other
hand requires high processing speed and integrity of the digital part. In the channel
conversion method, different GLONASS carrier frequencies are down-converted to the
same IF frequency. So the digital processing unit is relatively easier to implement. But the
front-end part is more complex and is difficult to debug.
Our design belongs to the latter method. Every three GLONASS IF signals are
downconverted to three different frequencies. Because most part of the receiver can be
achieved by an integrated GPS chipset, the receiver structure is greatly simplified, even
though some extra glue logic needs to be added.
The GLONASS system has not yet reached its stable state. The changing of its frequency
span will extend to next century. But the channels 1 to 6 continue to be used. This is why
only a six-channel receiver is being implemented.
If more (up to 12) channels are to be configured, then the other channels are to be realized
sequentially, for only two front-ends can be connected to one correlator. The hardware
structure needs not change, only some software complexity is brought in.
CONCLUSIONS
The design scheme of a C/A code GLONASS receiver is presented. A GPS integrated
chipset is used in the receiver structure. The feasibility of this structure is demonstrated.
GPS front-ends and correlator are used realizing a six-channel GLONASS receiver. Only
an external frequency synthesizer is needed for the tuning of the GLONASS channels. The
realization has the advantage of simplicity and economy.
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THE RECURSIVE ALGORITHMS FOR
GDOP AND POSITIONING SOLUTION IN GPS
Chang Qing Liu Zhongkan Zhang Qishan

ABSTRACT
This paper proves theoretically that GDOP decreases as the number of satellites is
increased.This paper proposes two recursive algorithms for calculating the GDOP and
positioning solution.These algorithms not only can recursively calculate the GDOP and
positioning solution, but also is very flexible in obtaining the best four-satellite positioning
solution ,the best five-satellite positioning solution and the all visible satellite positioning
solution according to given requirements. In the need of the two algorithms,this paper
extends the definition of the GDOP to the case in which the number of visible satellites is
less than 4.
KEY WORDS
GPS, GDOP, Positioning solution, Algorithm, Generalized inverse.
INTRODUCTION
The existing method for Global Positioning System(GPS) positioning is to linearize the
GPS positioning model and then solve the linear positioning model iteratively.This method
is ,in fact,the Gauss-Newton method[5].The main work in each iteration is to solve the
normal equations of the linear positioning model,i.e., to obtain the least squares solution of
the linear positioning model. Since the normal equations form a linear system of equations,
there are many methods that can be used to solve it [6].The method to obtain the least
squares solution of the linear positioning model is not unique.In addition to solving normal
equations, there are still other methods [7].Here we present two recursive algorithms.The
two algorithms not only can recursively calculate Geometric Dilution Of Precision(GDOP)
and the least squares solution of the linear positioning model , but also is very flexible in
obtaining the best four-satellite positioning solution ,the best five-satellite positioning
solution and the all visible satellite positioning solution according to given requirements.

THE EXTENSION OF THE DEFINITION OF GDOP
The positioning model of GPS is[1][4]
G n r = An S n − ρ n ∆ ρ *n

(1)
where Gn = [e1 , e2 ,L , en ] , ei = [li , mi , ni ,1] , li , mi , ni are the direction cosine from the receiver
to the ith satellite ; r = [ x, y, z,−lu ]T , x , y , z are the coordinates of the receiver in Earth
Centered,Earth Fixed( ECEF)coordinate system, lu is the error in the receiver clock times
the speed of light;
T

e1T 0
T

An =  0 e2
L L
0 0
S n = [ s1T , s2T ,L, snT ]T , si

T

L 0 0
L 0 0

L L L
L 0 enT 
= [ x i , y i , zi , lis ]T , xi , yi , zi are the coordinates of the ith satellite in ECEF

coordinate system, lis is the error in the ith satellite clock times the speed of light; n is the
number of visible satellites, n ≥ 4 ; ρ n = [ρ1,n , ρ 2,n , L , ρ n,n ]T , ρ i ,n is the measured pseudorange
from the receiver to the ith satellite.The least squares solution of equation (1) is[1][4]
r$n = (GnT Gn ) −1 GnT ρ *n
(2)
*
*
2
*
If it is assumed that E ( ∆ρ n ) = 0 £¬ cov( ∆ρ n ) = σ 0 I ,where ∆ρ n denotes the error vector of
ρ *n and I is n×n identity matrix ,then GDOP is defined as
1

GDOP = [Trace( GnT Gn ) −1 ] 2

(3)
In fact ,the least squares solution of equation (1) and the least squares solution of equation
(1) with the least norm can be unitedly expressed as
r$n = Gn+ ρ *n
(4)
+
where Gn is Moore-Penrose generalized inverse of Gn .When n ≥ 4 , equation (4) is the
least squares solution of equation (1). When n < 4 , equation (4) is the least squares
solution of equation (1) with the least norm .So when n ≥ 4 , equation (4) is equal to
equation (2) and the GDOP defined by (3) can be written as
1

1

GDOP = [Trace( GnT Gn ) + ]2 = {Trace[Gn+ ( Gn+ )T ]}2
When n < 4 ,if we define the error covariance matrix of equation (4) as
cov( ∆r$n ) = E[(r$n − Gn+ Gn r )( r$n − Gn+ Gn r ) T ]

(5)
(6)

then substituting equation (4) into equation (6) yields
cov( ∆r$n ) = σ 20 Gn+ (Gn+ ) T = σ 20 (GnT Gn ) +

(7)

From equation (7), we know that when n < 4 ,the error of r$n in the sense of (6) is
1

σ 0 [Trace(GnT Gn ) + ] 2 .Thus for an arbitrary natural number n, we can define the GDOP of
r$n = Gn+ ρ *n as
1

1

GDOPn = [Trace(GnT Gn ) + ] 2 = {Trace[Gn+ (Gn+ ) T ]} 2

(8)

THE RECURSIVE ALGORITHM
FOR GDOP AND POSITIONING SOLUTION
For an arbitrary natural number n, the matrix Gn+1 can be written as G n +1 = [G nT e n +1 ] .
T

From [2], we know that

[

Gn++1 = Gn+ − bn +1 d nT+1 bn +1

where

]

(9)

d nT+1 = enT+1 Gn+

(10)
(11)

c nT+1 = enT+1 − d nT+1Gn
 ( cnT+1 ) +
,
cn+1 ≠ 0
bn+1 = 
T
−1 +
,
cn+1 = 0
(1 + dn+1dn+1 ) Gn dn+1
If we express Gn+ d n+1 as pn+1 ,i.e.,

(12)
(13)

pn +1 = Gn+ d n +1

(14)

Trace( G n+ d n +1 bnT+1 ) = p nT+1 bn+1

(15)

then
Calculating GDOPn+1 using equations (8),(9), (15) yields
GDOPn +1 = [( GDOPn ) − 2 p
2

T
n +1 n +1

+ (1 + d

T
n +1

1
T
2
n +1 n +1

(16)
From Lemma 3.6.10 of [2] , it follows that for the cn+1 in equation (11), cn+1 = 0 if and only
if rank ( Gn+1 ) = rank ( Gn ) . From this conclusion , it is known that when n < 4 , c n+1 ≠ 0 ; when
n ≥ 4 , cn+1 = 0 . So pn +1 = (1 + d nT+1 d n +1 )bn +1 when n ≥ 4 . Substituting this pn+1 into equation
(16) yields
b

d n +1 ) b b

1
T
2
n +1 n +1

( n ≥ 4)

GDOPn+1 = [(GDOPn ) − (1 + d d n+1 )b b ]
2

T
n +1

]

(17)

From equation (17), we know that
GDOPn +1 < GDOPn

( n ≥ 4)

(18)
Equation (18) is the relationship between GDOP and the number of satellites. It indicates
that the GDOP decreases as the number of satellites increases .From equations
(11),(12),(14),we know that pnT+1bn +1 = 0 when n < 4 .So
1

GDOPn +1 = [( GDOPn ) 2 + (1 + d nT+1d n +1 )bnT+1bn +1 ] 2
(n < 4)
*
* T
*
Calculating r$n+1 using equation (9) and ρ n+1 = [( ρ n ) ρ n+1,n+1 ]T yields
r$n+1 = Gn++1ρ *n +1 = r$n + ( ρ *n +1,n +1 − enT+1r$n )bn+1

(19)
(20)

Equation (20) is the recursive relationship for the positioning solution.
We can obtain a recursive algorithm for the positioning solution and GDOP by using the
recursive relationship given in equations (17),(19),(20).Let the number of visible satellites
be M at a given time, M>4.The algorithm begins with the satellite with the largest elevation
angle.The second step turns to the satellite with the smallest elevation angle.If we let
Ei , Ai represent the elevation angle and azimuth angle of the satellite in the ith step,then
the satellites in the third step and fourth step are those whose azimuth angles are in the

vicinity of A2 + 120o and A2 + 240o respectively and whose elevation angles are closest to
E2 (if there are still other satellites in the vicinity of A2 + 120o and A2 + 240o ) . From the fifth
step to the last step, the satellite in the i th step( i = 5,6, L , M ) is the one with largest
elevation angle among all surplus visible satellites.Let the direction cosine from the
receiver to the satellite with the largest elevation angle be l1 , m1 , n1 ,then we have
G1 = [ l1 , m1 , n1 , 1] , G1+ =

2
1 T
G1 , GDOP1 =
2
2

, r$1 = (

ρ1*,1 T
)G1
2

(21)

Our algorithm will begin with equation (21).The algorithm will calculate GDOPi and r$i
from GDOPi−1 and r$i−1 in i th step ( i = 2,3, L , M ) .Let n + 1 = i ,then n= i − 1 .So bn+1 and
GDOPn+1 should be calculated according to equations (11),(12) ,(19) from the second step
to the fourth step and be calculated according to equations (13),(17) from the fifth step to
last step.
To sum up, Algorithm 1 is obtained: Calculate equation (21) and let n = 1 in equations
(10),(11),(12) ,(19), (20), (9) . From the second step to the fourth step, calculate equations
(10),(11),(12) ,(19), (20), (9) successively after the satellite in the i th step( i =2,3,4) has
been chosen according to the method given above. From the fifth step to the last step
,calculate equations (10),(13),(17), (20), (9) successively after the satellite in the i th
step( i = 5,6, L , M ) has been chosen according to the method given above.
If we let Algorithm 1 stop at the fourth step, then the best four-satellite positioning solution
r$4 and the smallest GDOP4 can be obtained[3]; if not ,Algorithm 1 will continue and an all
visible satellite positioning solution r$M and GDOPM can be obtained at last.
If we use Algorithm 1 to calculate GDOP4 and r$4 , then a fewer calculations are needed.
First , Algorithm 1 does not involve the multiplication and inverse of matrix. It only
involves the multiplication of a matrix and a vector. Second, d 2 is a number ,so the first
two steps of Algorithm 1 do not involve the multiplication of a matrix and a vector, only
the third and the fourth step involve the multiplication of a matrix and a vector.
From equation (17), after r$4 and GDOP4 have been obtained by using Algorithm 1, if we
choose the fifth satellite which enables β = (1 + d5T d5 )b5T b5 = (1 + d5T d5 )−1 p5T p5 to be maximized,
then the smallest GDOP5 can be obtained . The following calculated results will provide a
simple method for the choice of the fifth satellite.

THE ANALYSIS OF CALCULATED RESULTS
Algorithm 1 is used to calculate GDOP for the following three cases. Case 1: The number of visible
satellites is 4. E1 = 90 o , A1 = 0 o , A2 = 0o , A3 = 120o , A4 = 240 o , E2 = E3 = E4 = E . Case 2: The number
of visible satellites is 5. E1 = 90 o , A1 = 0o , A2 = 0 o , A3 = 90 o , A4 = 180 o , A5 = 270 o ,. E 2 = E 3 = E 4 =
E5 = E .Case 3;The number of visible satellites is 6. E1 = 90 o , A1 = 0o , A2 = 0 o , A3 = 72o , A4 = 144 o ,
A5 = 216 o , A6 = 288 o , E 2 = E 3 = E 4 = E5 = E 6 = E .The calculated results are shown in Table 1. The

results in Table 1 are the same as those calculated according to equation (3).Three GDOP s
decrease successively for the same elevation angle E as shown in Table 1. When
E= −20o , GDOPi ( i = 4,5,6 ) is minimized. Let E = 30 o in Case 1,then calculating p5T p5 and
(1 + d 5T d 5 ) −1 using those angles in Case 1 yields
16
10
8
10
7
sin E 5 − ) 2 + ( cos E 5 ) 2 + ( − sin E 5 + ) 2
3
3
9
3
3
16
10
8
10
7
(1 + d5T d5 ) = 1 + ( sin E5 − )sin E5 + (cos E5 )2 + (− sin E5 + )
3
3
9
3
3
p5T p5 = (

(22)
(23)

From equations (22),(23), it is known that β is irrelevant to the azimuth angle A5 , and only
relevant to the elevation angle E5 .In fact, because the GDOP is irrelevant to the choice of
coordinate system, β is irrelevant to the choice of coordinate system. So β does not rely on
the azimuth angle A5 , and only relies on the elevation angle E5 . When the elevation angles
and azimuth angles of the four-satellite positioning constellation satisfy that
70o < E1 < 90 o , 10o < Ei < 50o ( i = 2,3,4 ) , Ai − ai < 20 o (i = 2,3,4) , where a i is at an angle of 120o to
a j ( i, j = 2,3,4, i ≠ j ) , β decreases and then increases as E5 changes from 0o to

90o (See Figure 1).

The elevation angles and azimuth angles of the curves in Fig.1 are E1 = 90 o − 4 j
, A1 = 0 o − 3 j , E 2 = 30 o + 4 j , A2 = 0o − 4 j , E3 = 30o − 4 j , A3 = 120o + 4 j , E 4 = 30 o + 2 j , A4 = 240 o

−4 j, j from 0 o to 4o .To decrease GDOP4 effectively, the fifth satellite should be the one
with an elevation angle either larger than 70o or smaller than 25o as shown in Fig. 1. In
actual application, since the pseudorange measurement error increases as the decrease of
the elevation angle of the satellite, the satellite whose elevation angle is in the vicinity of
25o is not chosen as the fifth satellite unless the satellite whose elevation angle is larger
than 70o does not exist.

Table 1
E (deg.) GDOP4

-35-3
-30
-25
-20-2
-15-1
-10-1
-5-5
0

1.67123
1.62161
1.59218
1.58124
1.58843
1.61451
1.66136
1.73205

The calculated results of GDOP
GDOP5 GDOP6 E (deg.) GDOP4
GDOP5
1.49296 1.37495 5
1.83106 1.67835
1.45297 1.34164 10
1.9646 1.80884
1.43068 1.32437 15
2.14124 1.98097
1.42488 1.32222 20
2.37273 2.20621
1.4355 1.33537 25
2.67553 2.50054
1.46354 1.36497 30
3.07318 2.88675
1.51103 1.41318 35
3.60028 3.39834
1.58114 1.48324

GDOP6

1.57966
1.70858
1.87826
2.09998
2.38941
2.76887
3.27119

β

E 5 (deg.)

Fig.1 The relationship between β and E5
To sum up, Algorithm 2 is obtained: After r$4 and GDOP4 have been obtained by using
Algorithm 1, choose the fifth satellite according to the method given above and then
calculate equations (10),(13),(17),(20) successively to yield the r$5 and GDOP5 .
CONCLUSION
This paper presents two complete recursive algorithms for GPS positioning .The
algorithms presented not only can recursively calculate GDOP and positioning solutions ,
but also are very flexible to use. If Algorithm 1 is stopped at the fourth step ,then the best
four-satellite positioning solution r$4 and GDOP4 can be obtained; if not, Algorithm 1 will
continue and an all visible satellite positioning solution r$M and GDOPM can be obtained at
last.If we combine Agorithm 1 with Algorithm 2,i.e.,let Algorithm 1 stop at the fourth step
and then turn to Algorithm 2, the best five-satellite positioning solution r$5 and GDOP5 can
be obtained.
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F16 MID-LIFE UPGRADE INSTRUMENTATION SYSTEM
SOLVING THE PROBLEM OF SPACE IN THE AIRCRAFT AND IN
THE RF SPECTRUM
David P. Siu
Senior Engineer
Computer Sciences Corporation
Edwards Air Force Base, CA

ABSTRACT
The older F16 jet fighters are currently being flight tested to evaluate the upgraded
electronics for aircraft avionics, flight control and weapons systems. An instrumentation
system capable of recording three different video signals, recording four MilitaryStandard-1553B (Mil-Std-1553B) data streams, recording one PCM stream, transmitting
the PCM stream, and transmitting two video signals was needed. Using off the shelf
equipment, the F16 instrumentation system was design to meet the electronic
specifications, limited available space of a small jet fighter, and limited space in the SBand frequency range.
KEY WORDS
Data To Video Encoding, Video Compression, Airborne Telemetry Systems
INTRODUCTION
The basic problem that face most engineers designing a telemetry package is the
limitations of physical space to install the hardware without sacrificing performance. At the
same time, transmitting the data to a telemetry ground station within a specified bandwidth
can also place restrictions on the hardware chosen. The F16 Combined Test Force (CTF)
faced this challenge and found several off-the-shelf black boxes that integrated together to
form a package that met all of our space requirements and was able to operate in a narrow
transmitted bandwidth.

THE LIMITATIONS OF PHYSICAL SPACE IN THE F16
The initial design requirements stated that the instrumentation system must record 4
separate Military Standard 1553B (Mil-Std-1553B), data streams with redundant busses,
and two Pulse Coded Modulation (PCM) Manchester 2 Bi-Phase-Level (Bi-O-L) data
streams at a bit rate of 750,000 bits per second. The desired recording time is 2 hours.
The first challenge is to overcome the recording time associated with analog recorders.
According to the Inter-Range Instrumentation Group standards 106-96 (IRIG 106-96), a
standard wide-band analog recorder should run at 60 inches per second (ips) to accurately
record 1MegaBytes per second (MBps). At 60 ips, a standard 16 inch diameter reel will
have an average recording time of 42 minutes. Changing tape quality to Double-Density
from standard wide-band will permit a tape speed of 30 ips, giving you a nominal
recording of 84 minutes. This option was not acceptable because it did not meet the 120
minutes of recording time required. A standard, off-the-shelf analog recorder occupies
about 3 cubic feet of space making multiple recorders not an acceptable option.
The solution was to use two off-the-shelf black boxes to convert the Mil-Std-1553B or
Pulse Code Modulation (PCM) data to a standard National Television System Committee
(NTSC 525) monochrome video format and then record the video signal on an off-theshelf video recorder. Using a standard Hi-8mm video tape, a recording time of two hours
or 15.84 Gigabits of data can be achieved. Merlin Engineering Works, manufactures a
data-to-video encoder, ME-981, capable of converting a PCM or 1553B data stream into a
standard NTSC video signal. The data-to-video encoder is a small, 0.1 cubic feet, with no
adjustments or calibration required.
The encoder utilizes a proprietary error correction circuit to mitigate the effects of data
loss due to tape dropouts. The V3 (Vector Cube) three-dimensional, seven level error
detection and correction scheme uses cyclic redundancy check (CRC) bits to find and
correct parity errors in the data and perform the bit correction during playback operations.
The F16 uses three data-to-video encoders to convert four streams of 1553B redundant
A/B busses and two PCM streams into a standard video signal. This signal is fed into an
off-the-shelf TEAC V-83AB-FS, Triple Deck, HI-8mm videocassette airborne tape
recorder (ref. Figure 1).
The V-83AB-FS is physically one recorder that contains three electronically independent
tape decks. It occupies less than one-half cubic feet of volume and weighs less than 20 lb.
Each deck is capable of recording on a standard HI-8mm cassette for a minimum of 2
hours with a signal to noise ratio of greater than 43 dB3. Recorder control is accomplished
in the aircraft via two discrete signals, record and stop. On the ground an RS422 control

line to a portable computer controls the recorder for preflight and postflight operations and
troubleshooting.
An engineering question that arises, “Why can’t I record the data directly onto the video
recorder?” The answer is that the video recorder is expecting to receive an NTSC video
signal. The recorder automatic gain control (AGC) and logic circuits are timed off of the
video sync pulse. In some of the older video recorders with a single helical recording head,
a head gap time, a non-recording period, is present and will cause data loss. The V-83ABFS two recording heads overlap each other to accomplish uninterrupted recording.
Analysis of this airborne system yields a nominal bit error rate of less than one error in 109
bits and 2.2 hours of usable recording time. Total system power draw is a maximum of 180
watts while occupying less than 1 cubic foot and weighing less than 40 pounds. This
solution has been implemented into the F16 Mid-Life Upgrade program and is working to
designed specifications.
THE LIMITATIONS OF THE RF SPECTRUM
The second major problem that the F16 MLU program faced was the limitations of
available RF bandwidth to transmit aircraft video. The F16 contains three aircraft video
signals that need to be transmitted real-time mission evaluation and safety, Heads Up
Display (HUD), left Multi-Functional Display (MFD), and right MFD. These video signals
are standard NTSC formats and therefore occupy an RF bandwidth of almost 4MHz each.
Using an off-the-shelf Enerdyne Technologies, ENC1000A94, Color Video Compression
Encoder to compress and digitize the video signal prior to transmission (ref. figure 2)
yields an RF bandwidth approximately 750 KHz. The compression scheme is the Enerdyne
proprietary Adaptive Digital Video Standard Compression (ADVS) algorithm working in
conjunction with the Discrete Cosine Transform method defined in the ETI-TP093 DCT
standard for Digital Transmission of Color Television Images4.
The MFD is not a fast updating display and therefore can be sampled by the slave encoder
unit at a rate of 4 frames per second verses the NTSC rate of 30 frames per second and
then converted to a 250 KBps PCM data stream. The HUD video is sampled at 10 frames
per second by the encoder master unit which results in a 409 KBps PCM stream.
Multiplexing the two video/PCM streams within the encoder master unit results in a slim
714KBps PCM stream. Figure 3 is an actual Spectrum Analyzer screen of the RF carrier.
The spectrum analyzer graph reveals a real RF bandwidth, -3dB down from the top, of
under 800Khz. The -25dB RF bandwidth is approximately 1.6Mhz. Premodulation filters
are used before the transmitter of 750KHz to keep the harmonics and sidebands down to
acceptable levels.

In practical applications, the HUD transmitted video is sampled at one-third the rate of
normal television and this creates a “strobed” or jerky looking picture. This creates no
noticeable data loss during postflight analysis. The picture is crisp and clear not smeared.
A video time inserter is used to help mark and correlate aircraft time with range time. The
accepted resolution of the overlaid IRIG time is 150 milliseconds. The slower MFD scan
rates are almost unnoticeable when displaying the radar data.
CONCLUSION
The limitations of physical space in the F16 jet fighter was effectively solved using an offthe-shelf data-to-video encoder and recording the video data on an off-the-shelf Hi-8mm
triple deck. The space savings of 67%, 2 cubic feet, was achieved without sacrificing data
quality.
The limitations of the RF bandwidth was solved using an off-the-shelf video compression
unit. The savings of RF bandwidth is 80% over one NTSC signal. The transmitted video
signals occupy a bandwidth of under 800 MHz and a savings of approximately 90% is
realized.
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ABSTRACT
This paper addresses the development requirements for a digital recorder to be used for
fighter environment and attack Helicopter applications. This development is focused on triservice requirements to allow for a common system to meet the needs of various test
centers.
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INTRODUCTION
This paper will explore the development requirements for a digital airborne recorder that
was initiated by the F/A-18 Integrated Program Team (IPT) at China Lake. The
development of the requirements started in 1992 and addressed four main concerns:
1. Existing analog systems cannot meet emerging data rate requirements.
2. Existing analog systems have data quality issues that cannot be resolved with analog
technology.
3. Digital recording technology offers approaches that will meet the needs of today and
tomorrow.

4. The bit rate recording requirement of over 16 Mbits and under 100 Mbits had not been
addressed by industry in a package that was suitable for F/A-18.
It was soon evident that the F/A-18 IPT did not have the funds or the requirements to
justify development and production of a system that would meet their needs. The concepts
developed were then shared with other test centers to see if there was a tri-service interest
in developing such a system. There was a positive response and a team was formed with
members of various sites to develop requirements that would meet tri-service needs. There
is now active participation from Air Force, Army, and Navy test centers at Edwards Air
Force Base, Ft. Rucker, Alabama, and the Naval Air Warfare Centers at Patuxent River
and China Lake. The developmental requirements are based on the following factors:
1. Emerging data rates
2. Use of commercially available technology
3. Life cycle costs
4. Media cost
5. Size
6. Data input flexibility
7. Use of Inter-Range Instrumentation Group (IRIG) standards
8. Compatibility with existing and emerging ground based collection and processing
systems
There is another issue that became evident during this process. A realization by the
services that joint programs can effectively be pursued without a mandate from DOD. The
lessons learned from developing these system requirements and going forth with an
acquisition plan with tri-service participation has been valuable.
The requirements developed as a result of this effort are expected to lead to production
units. These production units may be used on the Comanche, FS22, and F/A-18 E/F as
well as existing airframes. The production of the units will be accomplished using a
competitive contract that includes developmental items and associated support equipment.
DEVELOPMENT OF GENERAL REQUIREMENTS
Emerging data rates are a concern for this development. The electronic world is constantly
changing and data rates and quantity requirements are increasing every year. Hence the
development has to allow for not only the data rates of today, but data rates that will be
present with new airframes and high speed buses in the future. The intent of the
development is not only to address current needs, but the needs for 5-10 years from now.
All parties agree that 30 Mbps is the target rate that will suffice for the near term (5 years).
It is expected that the IRIG standard technology implemented in an airborne recorder will

yield an ultimate streaming bit rate of at least 60 Mbps. Record length will be a minimum
of 60 minutes at the maximum data rate, and will extend proportionately at lower record
rates (i.e., 2 hours at 1/2 maximum data rate).
Experiences have shown in recent years that the commercial sector is driving the
development of technology. During the 60ís, 70ís and up until the late 80ís, technology
development was driven by requirements from the manned space program and
requirements for national defense. The Department of Defense (DOD) and National
Aeronautics and Space Administration (NASA) had constant requirements for new
technology to meet national goals. Commercial industry leveraged those developments for
its use but did not bring advancements beyond what NASA and DOD would fund. This
was due to the abundant development dollars available to DOD and NASA during this
time. The end of the cold war and the collapse of the Soviet Union brought about
reductions in the defense and NASA budgets. At the same time, computing technology
yielded mass marketed products that were available to commercial and private interests.
The thirst for potential profits in this area drove private development of computing
technologies. Companies then took the lead in developments on their own to build a better
mouse trap and create a larger market share for the exploding market of commercially
oriented information technology products. During this time acquisition reform became a
priority for federal agencies and use of commercial developed technologies was
encouraged. The thirst for future development has been permanently transferred from
government agencies to commercial oriented companies. In this era, there are few funded
requirements for unique government high end capabilities not already available in the
commercial marketplace.
Considering the above, the requirements needed to utilize Commercial-off-the-shelf
(COTS) technology to the maximum extent possible. The requirements leverage industry
capabilities and encourage industry development of technology and products appropriate
to the specific needs of the flight test community. The fact is that the government cannot
afford a full scale development program for a recorder built from the ground up. One
demonstrated system has integrated an existing and well-established IRIG standard into an
airborne qualified recorder tape transport used in fighter applications.
Life cycle costs are also a consideration for this development. Maintenance costs are
evident through repair costs as well as costs associated with lost data during a flight test.
Some individual flight tests incur costs over $1,000,000 with an average cost for each
flight test of $25,000. Hence data integrity is absolutely critical to insure test success.
The same demonstrated system mentioned above utilized a recorder tape transport that is
already used in fighter environments and is purpose designed for the rigors of the fighter
environment. Maintenance costs and Mean Time Between Failure (MTBF) for the

demonstrated recorder tape transport are minimal as compared to the current analog
technology utilized. The recorder deck demonstrated provides for continuous in-flight
video recording and is used on the reconnaissance versions of the RAF Tornado. The deck
was used in the Gulf War and was an operational success. In order to utilize this deck to
meet DOD data recording requirements, modifications and adaptation of appropriate IRIG
standard digital path electronic components were required. This minimized the risk of
failure during flight trials as the core deck remained unchanged. These demonstrations
have proved that the requirements and development goals of the new systems can be
satisfied with existing technology.
Media cost has become an issue in this era of reduced budgets. The IRIG format supports
a commercially available VHS tape. This media is the least expensive media that could
provide for the data rates required (30 Mbits) with growth to 60 Mbps. Media cost in
volume is estimated to be $30.00 (for certified media). Alternative technology media costs
are at least twice as much. Using just the activity at China Lake as an example, this
provides for a cost savings (per year) of at least $400,000 (Based on 10 flights/day, 20 fly
days per month, 12 months per year, $170 delta per tape). Current media cost per tape is
above $200 for the analog systems currently in use.
The physical size of the system is a major consideration. Supported aircraft have limited
space available for instrumentation systems. The advent of high speed buses has also led to
a larger demand of the instrumentation space available on aircraft. The requirement to
record all of the cockpit display information increases the requirement for cockpit display
recorders in addition to the data collection systems. The size requirement was determined
from data gathered from the various sites. Each dimension represents the worst case
scenario for all of the aircraft supported. The dimensions of the airborne systems can be
(max):
Height: 6.5 Inches
Depth: 15.5 Inches
Width: 15.5 Inches
Data input flexibility is also important as different aircraft record various types of data.
Common Airborne Instrumentation System (CAIS) compatible systems are being fielded
but there are still legacy systems that produce data for recording. One concept suggested is
to allow an input card in the recorder housing. This will allow for flexibility for the number
and types of input signals to be recorded. Two generic cards have been suggested. One
would process up to eight PCM streams (plus time and voice) and one would allow for
recording of a single stream (plus time and voice). Though the desire of the working group
to have as common of a system as possible, this approach would provide flexibility for
programs that have unique requirements that cannot be met using a generic card. This

would also allow for savings of space in that the input device for the recorder could be
located within the recorder housing.
The use of IRIG standards is an important consideration in developing the requirements for
the system. The IRIG standard selected for the recorder is the 1/2 Inch Digital Cassette (SVHS) Helical Scan Recording Standard found in IRIG 106-96, Chapter 6.16 which is
published by the Range Commanders Council. IRIG standards were developed to provide
for commonality between interested agencies and to foster public domain based technical
standards to ensure commercial competition in the marketplace. The IRIG standard chosen
is currently used by three vendors and equipment using this standard is present in most
flight test centers operated by DOD.
Additionally, this standard was sought by the Navy as the format is also used for
shipboard, submarine, and helicopter activities. The various air based weapons systems
have become more reliant upon each other and with surface and sub-surface systems. Test
scenarios to ensure full weapons system operability are no longer conducted with one
system. Tests often involve several aircraft of different types as well as surface systems.
Many subsystems can be tested during these scenarios within one test plan. Additionally,
most centers have a desire to obtain raw data as soon as possible after the test has been
completed. These factors drive the need for a common data transfer media that can be
duplicated and distributed at the lowest possible cost. This also drives the need for
common post flight playback systems to have the capability to playback standardized
media with a standardized format. This will allow for processing of flight test data at
different test sites without modifications to existing infrastructures at each site to support
unique data formats or media. Use of the IRIG standard ensures a data format that will be
consistent throughout the life cycle of the recorder and will not be subject to proprietary
actions on the part of the manufacturer. IRIG standards have been a successful tool in
provided consistent and stable interfaces for the instrumentation community as a whole.
These standards are recognized and used by commercially and government interests in the
United States and abroad.
Compatibility with existing ground based support systems and the ability for the system to
provide for both airborne and telemetry recording is critical. Instrumentation groups rely
on ground telemetry systems to provide for troubleshooting and verification of
instrumentation systems. To meet these requirements, the system has to be capable of
providing for both airborne recording and ground recording and playback. The ground
systems provide for a secondary source of data in case there is a failure of the airborne
systems. Common systems that can reproduce and duplicate both airborne generated and
ground generated tapes are required. This reduces the need for various kinds of playback
systems for the post flight test analysis systems. This also eases the logistical, training, and
support requirements that would be required if various types of playback systems were

needed. This approach meets the goal of supporting common ground playback systems that
allow for reduced recurring costs.
The most important lesson learned from this effort is the fact that the services can act
together, with a mutual interest, to accomplish a common goal. In the past there has been
reluctance by the services to work together at lower levels, in many cases due to differing
requirements. Funding cuts, combined with joint requirements have caused the services in
this case to work together for a common benefit. This new era rarely provides for funds or
requirements to allow for services to develop items that can be procured commercially, or
that can be provided through modifications to commercial items. Funding decreases were
to a point that the Navy could not continue demonstration funding on its own.
Representatives from the different test sites were able to understand different needs to
agree upon and jointly develop a common performance specification that meets the needs
of all of the services. Given the past history of parochialism and the fact the this system
was not a mandated tri-service development, this is a true leap for all concerned.
CONCLUSION
The benefit of this development is not only a technical success, but a success in developing
and fostering joint services teaming efforts providing for a common solution to meet triservice requirements. The technical goals of the requirement's definition were satisfied.
The next step is to provide for production systems that will meet the requirements at the
lowest possible cost.. These technical considerations, along with industry funded
developments in digital recording technology will ensure that this tri-service effort will
result in the availability of capable and cost effective commercial production recorders
which will support DOD test activities after the turn of the century. A secondary, but no
less important goal of this development is working level tri-service participation leading to
the clear requirements that will allow for production systems. This proves that with proper
communication and coordination, tri-service development efforts can lead to effective cost
efficient systems that can meet the needs of many interests.
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ABSTRACT
This paper describes the two main causes of fading encountered at test ranges. The first
cause of fading results from nulls in the transmit antenna gain pattern. Variations in the
received signal level are a result of changes in the gain pattern as the spatial relationship
between transmitter and receiver change. The second cause of fading is due to multipath
interference. This occurs when multiple copies of the transmitted signal with different
delays arrive at the receiver and are phased relative to each other so that destructive
interference occurs.
KEY WORDS
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INTRODUCTION
Continual variations in received signal levels typically occur in airborne telemetry
applications as illustrated by the signal-to-noise ratio (SNR) versus time plot in Figure 1.
The SNR’s are the average value over each 10 ms interval for part of a missile test flight.
The actual signal level variations would be larger without the averaging. The minor
variations do not cause problems if sufficient link margin is available as it is in this case.
The larger variations are often called “signal drop outs” or fades. The large variations
around a time of 45 seconds resulted in noisy data.

Figure 1. SNR versus time measured during a missile flight.
This example illustrates two features typical of received signal levels: rapid variations
around the average signal level superimposed on slow variations in the average signal
level. The slow variations result from changes in the transmit antenna gain due to changes
in the spatial relationship between the missile and the ground-based tracking station.
The rapid variations are most likely due to destructive interference resulting from the
reception of randomly phased, multiple reflections of the transmitted signal. This
phenomenon is termed multipath interference causing multipath fades. This paper
discusses these two sources of fading as they apply to aeronautical telemetry systems.
FADING DUE TO ANTENNA GAIN PATTERN VARIATIONS
The power received at the ground-based tracking station is a function of the airborne
transmit antenna gain which varies with the aspect angle between the transmit antenna and
receive antennas. The spatial variations of the transmit antenna gain are quantified by an
antenna gain pattern which is a function of the azimuth and elevation angles. An example
of a typical gain pattern common to missile systems is illustrated in Figure 2. The twodimensional data presented are a yaw cut of the three-dimensional pattern. The gain varies
by nearly 20 dB as the azimuth ranges through 360 degrees. The deep nulls occur at the
tail, the nose, and 30 degrees port side of the nose. In these instances, the link carrier-tonoise ratio (CNR) is reduced by approximately 12 dB from the nominal value.
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Figure 2. Antenna pattern (yaw cut).
When the flight path and attitude of the airborne antenna are known, Pedroza [1] explains
how variations in antenna gain pattern should be incorporated in link budget calculations
using aspect angles calculated from the known transmitter and receiver positions. When
the attitude is not known, a statistical approach must be used. The cumulative probability
density function assuming equally likely aspect angles (4B steradians) is often
approximately Rayleigh distributed as illustrated in Figure 3. This information is useful in
predicting per-cent availability levels which are needed in link budgets. For the example
illustrated in Figure 3, the loss due to antenna gain pattern is greater than 19 or 23 dB,
depending on which curve is used, 1 percent of the time. Thus, for 99 percent availability,
19 or 23 dB of link margin would be consumed by variations in antenna gain pattern when
all aspect angles are equally likely. Figure 3 also includes a Rayleigh probability density
curve . The general shape of the Rayleigh curve is the same as the measured data.

Figure 3. Cumulative density antenna patterns.

FADING DUE TO MULTIPATH INTERFERENCE
The signal transmitted by the airborne antenna arrives at the tracking station via many
paths. Most of the time, there is a direct, line-of-site path between the transmitter and
receiver and this is the strongest signal arriving at the tracking station. In addition to this
direct signal, delayed and attenuated versions of the transmitted signal arrive at the
receiver. These signals are the result of reflections of the transmitted signal from the ocean,
ground, mountains, structures near the airborne antenna (such as wings, fuel tanks, etc.), or
structures near the receive antenna. The delays imposed by the reflected paths result in
phase variations in the reflected signals which cause the reflected signal to interfere either
constructively or destructively with the line-of-site signal. When destructive interference
occurs, the resultant signal level is much lower than the direct line-of-site signal and a fade
results.
For aeronautical telemetry applications, it is theorized that multipath interference is most
frequently caused by a dominant specular reflection arriving within the main lobe of the
tracking antenna gain pattern as illustrated in Figure 4 [4]. The effect of antenna gain
pattern on the depth of multipath fading is investigated in [6]. In order for the reflection to
arrive within the main lobe of the receive antenna, the elevation angle must be low (less
than one-half of a beamwidth) which occurs when the airborne transmitter is far away, at a
low altitude, or both. In order for the reflection to cause significant interference, the
reflecting surface at the specular point must have a high coefficient of reflection, Γ, which
is the case for seas (especially calm seas) and flat terrain. Unfortunately, these conditions
are common at test ranges.
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Figure 4. Geometry of multipath interference.
The path length difference (∆d) between the line-of-sight and the reflected paths is a
function of the geometry and is directly related to the heights of the transmitting and
receiving antennas and inversely proportional to the distance between the antennas. The
differential path delay between the line-of-sight signal and the reflected signals is given by
τ =

∆d
c

.

For typical aeronautical telemetry applications, transmitter to receiver separations are large
so that ∆d is small. This leads to differential path delays τ as small as a few nanoseconds.
Several studies have measured some of the characteristics of the aeronautical telemetry
channel [2,3]. Efforts are underway to more accurately measure the characteristics of the
aeronautical telemetry channel.
The impulse response of this channel is
h(t ) = δ (t ) + Γe j ( 2πf 0τ +θ )δ (t − τ )

which has transfer function
| H ( f )|2 = 1 + 2Γ cos(2π ( f − f 0 )τ + θ ) + Γ 2

The transfer function has a null at
f = f0 ±

θ
1
−
2τ 2πτ

as illustrated in Figure 5 for Γ = 0.995, τ = 10ns, and θ = -179 degrees. Since small
changes in the path geometry lead to large variations in the delay τ, the location of the null
sweeps across the spectrum as the transmitter moves. The spectra of telemetry signals
transmitted through this channel are multiplied by the transfer function. When the transfer
function null is located within the signal band, distortion is severe and high bit error rates
at the demodulator output result. This case is illustrated in Figure 6 which shows a
measured PCM/FM spectrum with a multipath null [5].
This type of fading is termed frequency selective fading since different parts of the
spectrum are attenuated differently by the multipath interference. By way of contrast,
frequency non-selective or “flat” fading is characterized by a constant attenuation across
the entire frequency band. Frequency selective fading causes significant distortion which
leads to increased bit error rates at the demodulator output with only modest reductions in
CNR [5].

Figure 5. Computer simulation of multipath null.
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CONCLUSIONS
Signal drop outs caused by fading are an essential component in proper link design. Fades
due to nulls in the transmit antenna gain pattern typically occur across the entire signal
bandwidth and usually lead to frequency non-selective fades. These type of fades are
accompanied by reductions in CNR and are overcome by careful transmit antenna design
or spatial diversity which uses different receiving sites which are located at different aspect
angles relative to the airborne transmitter. Fades due to multipath interference are likely to
affect different parts of the transmitted signal spectrum differently and are thus frequency
selective fades. These fades cause significant signal distortion without large reductions in
the received signal strength. Frequency selective fades are overcome using spatial diversity
(where at least one tracking site does not have a low elevation angle), receive antenna with
extremely narrow beam patterns which attenuate the reflections, or equalization
techniques. Tests should be performed to better characterize the aeronautical telemetry
channel and its effects on various modulation, error correction coding, and equalization
methods.
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ABSTRACT
The RAH-66 Comanche flight test program required a state of the art Airborne Data
Acquisition System consisting of:
1) A modular distributed system that uses a series of software programmable building
blocks capable of signal conditioning all types of sensors.
2) A digital multiplexing system capable of combining various types of digital streams at
high rates including Synchronous and Asynchronous PCM, MIL-STD-1553B, and
RS-422 data streams.
3) A Data Combiner Unit that accepts synchronous PCM data streams from one to eight
sources at 4 MBPS or less and a frame size of up to 8128 words each that outputs
four independent PCM streams at 8 MBPS or less and a frame size of up to 16384
words.
4) A Data System Control Unit that controls the tape recorder, serves as the interface to
the Pilot’s Control Unit and monitors/reports status of the data acquisition system to
the Pilots Control Unit.
5) An Airborne Computer that provides the control and interface to the pilot & copilot
instrumentation displays.
6) A Cockpit Instrumentation Pilot Display System consisting of a Main Unit MultiFunction Display, a Load Factor/Hub Moment Display and a Right Wing Flight
Control Position Display. The Main Unit Multi-Function Display has the capability
to display multiple graphic pages generated by the Airborne Computer.
7) The ability to record high speed avionics buses from the (Mission Equipment Package)
MEP such as MIL-STD-1553B, (High Speed Data Bus) HSDB, (Processor
Interconnect) PI Bus, (Data Flow Network) DFN and PCM utilizing the Ampex
DCRsi-107 Tape Recorder.

KEY WORDS
Airborne Data Acquisition System (ADAS), Remote Multiplexer Units (RMUs), Airborne
Data Acquisition Multiplexer (ADAM), Data Combiner Unit (DCU), Airborne Computer
Unit (ACU), Mission Equipment Package Data Acquisition System (MEPDAS).
INTRODUCTION
The COMANCHE Team, led by Sikorsky Aircraft Corporation and Boeing Helicopters,
was selected to develop the next generation of armed reconnaissance helicopter for the
U.S. Army. Flight testing of the prototype RAH-66 Comanche Helicopter began on
January 4, 1996 at the Sikorsky Aircraft Development Flight Center, West Palm Beach,
Florida. The flight tests have been validating the Mission Equipment Package (MEP), the
digital fly-by-wire control system and various other major avionics subsystems in addition
to the traditional Structural, Handling Qualities, Performance and Power Plant flight
testing.
The small size of the aircraft, limited space for instrumentation, requirements for numerous
measurements and the heavy use of digital flight management/control systems with data
buses that must be recorded, required the use of a new generation, all digital, automated
airborne telemetry and recording system capable of recording high speed PCM data
streams along with an assortment of high speed data buses.
The need to acquire and record data simultaneously from avionic buses and the air vehicle
PCM encoders required a system for multiplexing digital data streams at data rates much
higher than usual for air vehicle flight testing. Continuous recording was required from
SPU (Secondary Power Unit) startup to post flight engine shutdown to provide air vehicle
sub-system monitoring for post flight analysis/trouble shooting and incident recording. It
was required to record each data bus in its entirety wherever practical. The small size and
relative inaccessibility of spaces within the air vehicle drove the use of a small modular
programmable data acquisition system located in available spaces throughout the aircraft.
The lack of space on the air vehicle for a central patch panel required that the system be
capable of simultaneously recording over 1000 installed instrumentation parameters. In
addition hundreds of selected MIL-STD-1553B Bus parameters and asynchronous PCM
data parameters were incorporated in the PCM stream.

AIR VEHICLE DIGITAL DATA ACQUISITION SYSTEM
The Airborne Data Acquisition System (ADAS) provided the capability of recording
various installed parameters depending upon each flight test requirement. A typical
recording system setup might include 500 dynamic measurements (strain gages and
accelerometers) and 400 static measurements (pressures, temperatures and performance or
handling quality measurements). This ADAS capability allows tests related to more than
one test discipline during each flight. The primary objectives of the ADAS are:
1. Provide the means for data acquisition of the measurements.
2. Provide real time telemetry for monitoring and/or processing of selected data.
3. Provide a common format to allow data processing at Sikorsky Aircraft and Boeing
Helicopters.
The Microcom MicroDAS-1000 Data Acquisition System is the heart of the ADAS. This
system takes in signals from installed sensors, voltage signals, selected bus signals and
selected PCM words from the Flight Control Computer PCM streams. Remote Multiplexer
Units (RMUs) are grouped in independent remote data systems called ADAMs (Airborne
Data Acquisition Multiplexer). The RMUs that configure a specific ADAM accept input
signals from various areas of the aircraft, signal condition the signals, provide excitation
and digitize the data into an IRIG (Inter-Range Instrumentation Group) formatted PCM
stream. The PCM outputs generated by each of the 8 ADAMs are wired to a Data
Combiner Unit (DCU). The DCU combines the PCM streams and formats 4 PCM output
streams containing all or a portion of the input data. Two streams are wired to the
MEPDAS for recording on the DCRsi-107 Tape Recorder. One stream is sent to the
Airborne Computer Units (ACUs) and the 4th stream is wired to the two telemetry
transmitters.
All of the recorded data including MIL-STD-1553B, 3 FCC PCM streams, High Speed
Data Bus (HSDB), PI Bus and 2 ADAS PCM streams are routed to the MEPDAS unit for
formatting prior to recording on the DCRsi-107 Tape Recorder.
The L-Band telemetry system consists of two transmitters with dual selectable output
power settings of 5 or 20 watts. Each transmitter has a frequency selector switch for the
entire L-Band and is designed to transmit digital PCM data with a selectable digital
bandpass filter. Each transmitter drives one omni-directional circularly polarized
cylindrical antenna. One antenna is located on the upper surface of the horizontal stabilizer
and the other antenna is located on the bottom section of the forward fuselage. A single 2
Mbit/sec PCM stream is wired to both transmitters. The Ground Based Telemetry Facility
uses frequency diversity to track the best telemetry signal which is used for real time data
processing/display.

Installation
Elements of the ADAS are located throughout the aircraft. This distributed system was
mandated by the limited space for the ADAS components. The use of a distributed system
saves wiring and cable harness weight by locating various subsystems at strategic points in
the aircraft.
Electrical Power
The ADAS components are powered by two main power distribution units and four remote
power distribution units. Each of these units provides 28 volts to various subsystems in the
ADAS. The aircraft 270 VDC power is converted to 28 VDC power by two ACME
Research 270 VDC to 28 VDC 0-110 AMP power converters located in the nose of the
aircraft. Additional voltages (±15 VDC, +5 VDC and 28 VDC) are generated within the
ADAS Remote Multiplexer Units (RMUs). In the event of an inflight emergency, the
entire data acquisition system electrical load can be disconnected from the aircraft
electrical system by one Master Instrumentation Power Switch located in the copilot’s left
side rail.
Transducers
Measurement transducers are installed throughout the aircraft to measure stress, motion,
vibration, displacement, pressures and temperatures. Transducers, except airframe single
active total stress measurements, are laboratory and/or aircraft system calibrated prior to
first flight.
Stress and Load
Steady/vibratory stresses and loads are measured with strain gages installed on aircraft
dynamic components and airframe structures utilizing one, two and four active strain gages
per measurement. The majority of the strain gages used were 1000 ohm gages. The 1000
ohm strain gages were used on composite and titanium and 350 ohm strain gages were
used on aluminum.
Vibrations
Airframe and subsystem component vibration levels are measured with linear
piezoresistive accelerometers (Endevco Model 2262CA-25 & 2262CA-100). Engine and
Gearbox vibrations are measured utilizing Endevco Model 6222SM6 piezoelectric
differential crystal accelerometer.

Servo Accelerometers
The aircraft acceleration at the C.G. (Center of Gravity) is obtained from a high output
servo accelerometers. The vertical acceleration (Load Factor) is obtained from a Systron
Donner Model 4311A-3.5-P97. The lateral and longitudinal acceleration at the CG is
provided by Systron Donner Model 4311A-3.5-P96. The servo accelerometer is
electrically damped, providing a very sharp filtered output at approximately 3 Hz.
Data Boom Parameters
The Data Boom Assembly is mounted on the end of a Sikorsky manufactured Data Boom
that extends forward of the nose of the aircraft in order to clear the rotor downwash effects
of the main rotor system.The Data Boom Assembly (Space Age Control, Model No.
100510-1) contains a pitot/static gimbal vane assembly which permits universal movement
of approximately ±21o. The pitot/static inputs are plumbed to Rosemount airspeed, altitude
and altitude rate transducers located in the nose of the aircraft. In addition resistance
potentiometers are contained on the Data Boom Assembly to measure Aircraft Sideslip
and Angle of Attack. A separate installation for the Rosemount Temperature probe is
located on the Sikorsky manufactured Data Boom.
ESP-64HD Pressure Scanner
The ESP-64HD Pressure Scanners consist of an array of 64 silicon piezoresistive pressure
sensors, one for each pressure port, which are electronically multiplexed at rates up to
20,000 Hz through an integral built-in instrumentation amplifier. The miniature, high
density design permits placement of these scanners in space-limited locations. The
pressure scanners are used to measure air pressures in and around each of the engines and
throughout the aircraft including the IR suppresser, SPU, ECS (Enviromental Control Unit)
and tail tunnel pressures.
Temperatures
Temperature measurements are made with Chromel-Alumel (Type K) thermocouples. A 32
Channel Isothermal Connector manufactured by Hades Corporation (P/N ISOK500A32) is
used to provide a temperature reference junction. These units are small in size and are
placed throughout the aircraft (Left and Right Weapons Bays, Engine Compartments, Left
MEP Bay and the Aft Fuselage in the area directly in front of the Fan Shroud). Imbedded
within the connector are two 500 ohm RTD’s. The RTD is used to provide the temperature
of the connector. This becomes the reference point temperature for each of the 32
thermocouples connected to this isothermal connector. The ground data processing station

uses this Isothermal Connector temperature to adjust and calculate the actual thermocouple
output temperature.
Engine Shaft Torque Measurement System
The Engine Instrumentation Shaft Torque Measurement System consists of a 3 channel
measurement system installed on the Engine to Main Transmission High Speed Drive Shaft
to measure drive shaft torque and temperature.
Wireless Data Corporation was the supplier of this High Speed Shaft Data Acquisition
System. The speed of the shaft and the requirement for long life mandated that a noncontacting (wireless) method be used. To obtain an accurate value for the torque
measurement, the temperature of the shaft must be known, to correct the recorded value to
a true value. Two systems (one per engine) were installed on aircraft #1.
Pressures, Flows, and Proximity
Pressure measurements are made with Druck Model PDCR 330 PSIA, PSIS and PSIG
pressure transducers. For differential pressures greater than 15 PSID, the Model PDCR
Model 340 is used. Fluid flow measurements are made with Flow Technology FT series
turbine flowmeters with magnetic pickups. Various size pickups are used to mate with the
various diameter hydraulic tubing located on the aircraft. Each of the chosen flowmeters
can measure the hydraulic flow from 1 to 10 GPM. The MGB (Main Gear Box) input shaft
alignment is measured with the Bentley Nevada Model 3300 Series Proximity Transducer
System. The vertical and lateral displacement variations about a neutral point are
measured.
ADAS System Configuration Utilizing the MicroDAS-1000 Data Acquisition System
The MicroDAS-1000 and ADAS is a distributed system with various elements located
throughout the aircraft. Every available space has been utilized for ADAS components but
major elements are located in specific areas of the aircraft. These areas include the
Forward Fuselage, Cockpit, Main Rotor Head, Left and Right Weapons Bay, Left MEP
Bay and Aft Fuselage.
Data System Control Unit (DSCU1000-001-02)
The Data System Control Unit (DSCU) functions as the interface between the outside
world and the ADAS by performing all system control functions. The DSCU receives
control commands, from either a GSC (Ground Support Computer) or a PCU (Pilots
Control Unit), through the CONTROL INPUT serial data link, decodes those commands,

reads status inputs and/or generates control outputs, then returns a COMMAND REPLY
word over the CONTROL COMMAND OUTPUT serial data link.
Ground Support Computer (GSC1000-001-02)
The Ground Support Computer (GSC) is a ruggedized portable PC/AT type industrial
computer. It is used to create and edit setup files, issue calibration commands, and monitor
the status of the ADAS.
Pilot’s Control Unit (PCU1000-001-02)
The Pilots Control Unit (PCU) system is composed of a Primary and a Remote Unit.
Except for functions associated with the system power switching, these units are the
interface between the flight crew and the ADAS during flight operations. The primary unit
receives operator inputs through front panel switches and a numerical keypad and provides
system status information to the flight crew through displays that include both conventional
indicator lights and a text character display. The Remote Unit receives operator inputs
through front panel switches and provides status information through conventional
indicator lights.
Remote Multiplexer Unit (RMU1000-001-02)
The Remote Multiplexer Unit is a fully programmable signal conditioning and bus monitor
unit with an IRIG standard PCM output. It is the basic building block of the MicroDAS1000 data acquisition system. The ADAS utilized the following Signal Conditioner
Modules:
Strain Gage Conditioner
Frequency to Digital Converter Conditioner
RTD Conditioner
2 Channel Analog Voltage Conditioner
Accumulator Conditioner
16 Channel Analog Mux Conditioner With Low Gain
Bit Discrete Mux Conditioner
16 Channel Analog Mux Conditioner With High Gain
Rotor Azimuth Conditioner
Pressure/Thermocouple Scanner Module
IRIG PCM Input Module
Integrating Charge Amplifier Conditioner
1553 Bus Monitor Module
Integrating Charge Amplifier Conditioner With RMS To DC Converter
Data Combiner Unit (DCU1000-001)
The Data Combiner Unit (DCU) is a data merger for the 8 PCM data streams from the 8
ADAS ADAMs. It provides 4 independent programmable PCM outputs. All information
can be loaded into the entire system through one connector point at the DCU. The GSC
carries on a one to one conversation with each RMU. The GSC commands each RMU

through the DCU by the RMU unit number. When the GSC asserts a reset command, it
asserts a RESET command to RMU slave 1, then to RMU Slave 2 etc. until all RMU’s
have been addressed.
Airborne Computer Unit (ACU1000-001-02)
The Airborne Computer Unit (ACU) is a PC/AT compatible computer which has been
ruggedized for airborne use. The unit runs the MS-DOS operating system and is capable of
running a full spectrum of PC/AT standard applications. The unit accepts commands from
the Ground Support Computer (GSC), key inputs from the Instrumentation Pilot Display
Unit (PDU) and data from an IRIG Standard PCM data stream. The computer processes
this data and provides this data in graphical format to the PDU in standard VGA monitor
output and a serial data RS-422 stream.
Pilot’s Display Unit (PDU)
The Cockpit Instrumentation Display System (CIDS ) is an integrated multi-function
control and display system. The CIDS consists of three primary assemblies, the Forward
Cockpit Pilot’s Display Unit (PDU), the Rear Cockpit PDU, and the Power Supply Unit
(PSU). The PDU’s interface directly with separate Airborne Computer Units (ACU)
located in the nose of the aircraft. The display format consist of various Alpha-Numeric
displays and three 3 x 4 inch color Active Matrix Crystal Displays (AMLCD).
The Forward Cockpit ACU and PCU are physically and functionally independent of the
Rear Cockpit ACU and PCU. The PDU and its associated ACU permits each pilot to
select different display groups and independently initiate data peak resets. Each ACU
generates the required flight test data to be displayed by the PDU. The pilots select PDU
display formats in-flight to display specific parameters for each test profile. Functionally,
the three main display units of each PDU function as:
1) a Multi-Function Display / Monitor (16 preprogrammed display formats)
2) a RS-422 graphics terminal displaying Hub Moment and Load Factor
3) a RS-422 graphics terminal displaying Flight Control Position
Video Data Acquisition System
The Video System records three video signals (Left and Right Side of Copilots Instrument
Panel and the Pilot’s Instrument Panel). The video cameras are Elmo Model MN401X
Micro Charge Coupled Device Color Cameras. IRIG B time is inserted using a Sekai
Model REI-8380 Vertical Interval Time Code Inserter. The video signals with time code
are recorded on a Teac Model V-83AB-FS 8 mm VCR.

SUMMARY
The Airborne Data Acquisition System (ADAS) provided the capability of recording a
wide variety of installed parameters depending upon each flight test requirement. This
ADAS capability allowed conducting tests related to more than one test discipline during
each flight. The primary objectives of the ADAS were to provide the means for data
acquisition of the measurements, provide real time telemetry for monitoring and/or
processing of selected data during flight and provide a common data acquisition system
format to allow PCM data processing at the Sikorsky Aircraft Development Flight Center
Data Processing Facility and Boeing Helicopter’s Atlas Data Processing Facility.
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ABSTRACT
This paper analyzes the bit error rates (BER) using data recorded during an F-16 test at
Edwards Air Force Base in September, 1996. The effects of multipath fading on BER are
presented. It is shown that significant increases in BER can occur when the received signal
power remains at an acceptable level. Recordings of the received power spectrum during
the test show that these BER increases are caused by frequency selective fades due to
multipath interference. This paper illustrates that in these cases, significant data
degradation can occur without drops in the received signal power.
INTRODUCTION
Multipath interference is a common cause of signal degradation in aeronautical
telemetry. Multipath occurs when multiple copies of a transmitted signal reflect off various
surfaces and recombine at the receive antenna. Having traveled different paths, these
multiple copies have different phases and amplitudes. The phase differences between the
paths vary as the relative positions of transmit and receive stations change with time. This
results in random periods of both constructive and destructive interference. The phase of
the received copies is a function of the dielectric properties of the reflecting media, the
delay imposed by the differential path length, and the wavelength of the electromagnetic
wave front. Since the phase of received copies is a function of frequency, multipath may
cause constructive interference at one frequency and destructive interference at another.
When both frequencies are within the bandwidth of the transmitted signal, part of the
spectrum of the transmitted signal may be attenuated while another may be unaffected.
This phenomenon is called frequency selective fading.

Multipath interference in aeronautical telemetry applications is often modeled by a
single dominant specular reflection [1, 2, 3]. For this model, the impulse response of the
channel is
(1)
with transfer function
(2)
where ' is the relative amplitude of the specular reflection, f0 is the carrier frequency, J is
the delay of the specular reflection relative to the line-of-sight path, and 2 is the phase
induced by the reflecting medium. Figure 1 illustrates the characteristics of the transfer
function. Note the null at 2.3385 GHz. In general, this null is a function of J and 2 which
change in a random fashion as the reflection geometry changes during a test. Thus during
real tests, the channel transfer function displays a null which sweeps through the spectrum
at random intervals. Because the null appears for a short period of time at a particular
frequency the SNR, which is an average of the power across the entire signal bandwidth,
may drop only a few dB.
The effects of frequency selective multipath are difficult to quantify. This paper uses
data collected during F-16 BER tests conducted at Edwards AFB in September, 1996 to
illustrate the effects of frequency selective fading on both the received power and BER.
DATA ANALYSIS
The source of the data used for the analysis was an F-16 BER test conducted at
Edwards AFB in September, 1996. For a complete description of the experiment, see [4].
This test flight involved an F-16 outfitted with a 5 Mbps PCM/FM transmitter with a
carrier frequency of 2.3355 GHz. A pseudo-random bit stream was transmitted which was
used by a link analyzer at the receive site to compute and record the real time BER. In
addition, the spectrum analyzer output was recorded to VHS video tape and the AM and
AGC voltages were also recorded. A number of test flights were conducted — this paper
focuses on the low fly tests since low elevation angle tests are more prone to multipath [5].
Figures 2 and 3 show a 60 second segment of one of the low fly tests which include
five fading events. Fading events occur when the bit error rate exceeds 10-6. The first three
(at approximately 18 seconds, 24 seconds, and 41 seconds) are not accompanied by a
significant drop in the received power which is represented by the plot of the received AM
voltage (Figure 3). The second fade (at 24 seconds) is so severe, synchronization is lost as
indicated by a bit error rate of 1. The last two fades (at approximately 49 seconds) are

accompanied by a 30 dB drop in the received power. This example demonstrates nicely
the characteristic that fading is not always accompanied by a sizeable drop in the received
signal level.
To further examine the fades, the spectrum analyzer output during the first three fade
events are presented in Figures 4 through 6. During the first fade event, the right-hand side
of the spectrum is attenuated approximately 10 dB relative to the left-hand side at the
beginning of the fade event. Next, the attenuation affects the left-hand side of the
spectrum. No sharp null is evident due to spectrum analyzer averaging. The two frames
shown are approximately 0.1 seconds apart. Since the channel transfer function null
sweeps through the spectrum in about this time, the null frequency changes at a rate of 100
MHz/sec.
The received PCM/FM spectrum during second fade event is illustrated in Figure 5.
Again, the spectral attenuation moves from right to left across the frequency band as in the
first fade event. In this case, however, the rate at which the null sweeps across the
spectrum is slower (50 MHz/second) so that three different cases were clearly observable
on the spectrum analyzer output. The interesting difference here is the 10 dB null in the
center of the spectrum as illustrated in the second image in Figure 5. Note that the entire
PCM/FM spectrum is 10 dB lower at this point. Since the sweep rate of the null was
slower, the impact of this fade event on bit error rate was more severe than the first fade
event as evidenced by the loss of synchronization.
The third fade event is illustrated in Figure 6. This event is very similar to the first
event: the affects on bit error rate and received power level are approximately the same.
DISCUSSION AND CONCLUSIONS
We have demonstrated the effect of frequency selective fading on the performance of
PCM/FM systems. In many cases, the increases in bit error rate were not accompanied by
a significant drop in the received signal power. A thorough link analysis of this test was
performed in [4]. Using these data, the predicted bit error rate using the results from [6]
should have never exceeded 10-10 for the slant ranges encountered in the low-fly corridor.
However, bit error rates well in excess of 10-0 were observed. It was shown that these
occurrences corresponded to frequency selective fading observed in the spectrum of the
received PCM/FM system.

There were other places in the data where flat fading (or frequency non-selective
fading) was observed. During these fades, the entire frequency spectrum is attenuated by
the same amount and is accompanied by a significant drop in the received signal power.
These fades are most likely due to nulls in the transmit antenna gain pattern as discussed in
[3, 7].
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Figure 1: Example of T@ansfer Function IH(f)1' Illustrating the Null

Figure 2: Recorded Bit Error Probabilities for a One Minute Window
of the F-16 Low F1 Test.

Figure 3: Recorded AM Output for a One Minute Window of the F-16 Low Fly Test.

Figure 4: Received PCM/FM Spectrum During First Fade Event at 17:34:18

Figure 5: Received PCM/FM Spectrum During Second Fade Event at 17:34:24

Figure 6: Received PCM/FM Spectrum During Third Fade Event at 17:34:41
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