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A MESSAGE FROM THE PRESIDENT OF
THE INTERNATIONAL FOUNDATION FOR TELEMETERING

The Foundation is pleased to present our 34th annual International Telemetering
Conference with the NASA theme: “Telemetry and Future Explorations.” Mr. Larry
Schilling, our General Chair from NASA Dryden Flight Research Center, and Michael
Scardello, our Technical Chair from SPARTA, Inc. have planned an exceptional program
for ITC/USA/98. I would like to thank every member of the 1998 ITC Committee for your
outstanding volunteer contributions this year. We are all looking forward to hearing about
NASA activities at the Kennedy Space Center from Director, Roy D. Bridges, Jr. in the
Opening Session, and the Mars Pathfinder Project from the NASA JPL Project Manager,
Brian Muirhead, at our Keynote Luncheon. Don’t miss our Blue Ribbon Panel chaired by
Jack Seyl, SOMO Deputy Director, which will focus on telemetry use for human
exploration, uattended operations, deep space exploration, and NASA’s transition to
commercial services.
Over the years, ITC earnings have been donated to several universities to assist them in
the development of academic curriculums that emphasize telemetering. All of our
sponsored Universities - New Mexico State, University of Arizona, Brigham Young
University, and University of Missouri - Rolla, are actively including telemetry in their
academic curriculums, as well as ensuring that their students participate in our Student
Paper Contest and the conference itself. This year your contributions will go toward
helping NMSU support the “Citizen Explorer 1” (CX-1) microsatellite development - a
satellite designed and developed by college-level students with the support of industry and
federal laboratories.
The IFT Board of Directors was pleased to elect Mr. James A. Papa to the Board this
year as our Air Force representative. Mr. Papa is currently the Executive Director of the
Air Force Flight Test Center (AFFTC). We all look forward to working with him to
achieve our IFT/ITC goals for the future.

ITC/USA/99 will be held in Las Vegas. In preparation for the new millennium, the theme
for our Air Force year will be: “ Telemetry: Meeting the 21st Century Challenge.” Dean
Bergevin from the Air Force Flight Test Center and James Tedeschi of TYBRIN
Corporation will serve as General and Technical Chairs, respectively. Start planning now
to participate in what promises to be one of our most exciting and informative
conferences ever!
Lawrence R. Shelley
President, IFT

WELCOME TO ITC/USA’98

Lawrence J. Schilling
General Chairman

Michael A. Scardello
Technical Program Chairman

We are pleased to present the 34th annual International Telemetering Conference
(ITC/USA '98) at the Town and Country Resort and Convention Center in San Diego,
California. Telemetering is a critical enabling technology for exploration in space, in the
air, and on the ground. ITC/USA ’98 continues the tradition of providing our community
with a forum for discussing current activities, technological accomplishments, and future
requirements.
Our 1998 theme is "Telemetry and Future Explorations." In keeping with this theme,
ITC/USA ’98 provides a focus on exploration and a look at the challenges facing our
community as we move into the new millennium.
The advance of digital technology is breathtaking, and the accompanying challenges are
unprecedented. The NASA vision to “boldly expand frontiers in air and space,” the
Department of Defense focus on complex joint service weapons systems, and the
explosion in information technology all contribute significantly to the modern telemetering
environment.
Distinguished speakers will inspire and enliven the conference. Join us at the opening
session, blue ribbon panel, and keynote luncheon. The technical program is filled with
excellent presentations on telemetering developments, applications, and future
requirements. The exhibits program continues to grow each year and offers exceptional
opportunities for information exchange. With so many innovative organizations presenting
their ideas, solutions, and products, it would be difficult for anyone not to find several
demonstrations or displays of interest.

This year’s ITC/USA conference is again made possible through the efforts of an allvolunteer staff composed of members from industry, academia, and government. No
substitute exists for talented and hardworking people, who serve because they want to see
an activity succeed. We take this opportunity to gratefully acknowledge the efforts of
these exceptional volunteers who make this conference such a success.

ITC/USA/’98 OPENING SESSION SPEAKER

Mr. Roy D. Bridges, Jr.
Director, Kennedy Space Center
Roy D. Bridges, Jr. became the Director of NASA’s John F. Kennedy Space Center on
March 2, 1997. He is responsible for managing NASA’s processing and launch of the
Space Shuttle vehicle; processing the payloads flown on both the Shuttle and expendable
launch vehicles: and overseeing expendable vehicle launches carrying NASA payloads. He
manages a team of 2,000 civil servants and 14,000 contractors.
Bridges is a retired U.S. Air Force Major General who held many key leadership roles
during his career. Prior to his last USAF assignment at Wright-Patterson Air Force Base
as the Director of Requirements for the Air Force Materiel Command, he was the
Commander, Air Force Flight Test Center, Edwards Air Force Base, CA. He also was
Commander, Eastern Space and Missile Center, Patrick Air Force Base, FL; and
Commander, 6510th Test Wing, Edwards Air Force Base, CA.
As a NASA Astronaut, he piloted the Space Shuttle Challenger on STS-51F in July and
August 1985.
He is a distinguished graduate of the U.S. Air Force Academy, Colorado Springs, CO,
earning a bachelor’s degree in engineering science. He received a master of science degree
in astronautics from Purdue University, IN.
He is the recipient of many awards and honors including recognition as the top graduate
of the Air Force Test Pilot School, recipient of numerous USAF medals, a NASA Space
Flight Medal, and NASA commendations.
Bridges was born in Atlanta, GA and resides in Cocoa Beach. He is married to the former
Benita Louise Allbaugh of Tucson, AZ. They have two adult children.

ITC/USA/’98 KEYNOTE LUNCHEON SPEAKER

Brian Muirhead
Mars Pathfinder Project Manager, JPL
Brian Muirhead has worked on various spacecraft and technology projects since coming
to NASA’s Jet Propulsion Laboratory in 1978. His first job at JPL was building flight
hardware on the Galileo spacecraft now in orbit around Jupiter. He managed the
Advanced Spacecraft Development Group and the Mechanical Systems Integration
Section. He has led three of JPL's recent "faster, better, cheaper" developments: the
Shuttle Imaging Radar (SIR-C) Antenna Mechanical System (which flew on STS 59,
10/1993 and 68, 9/1994); the first Miniature Seeker Technology Integration spacecraft
(MSTI- I) Mechanical Subsystems, developed in 6 months and launched in 1992, and
most recently the Mars Pathfinder flight system which landed successfully on Mars on
July 4, 1997. On Mars Pathfinder he was responsible for the design, development, test and
launch of the entire flight system. Following landing he was appointed the Project Manager
of Mars Pathfinder. In February, 1998 Brian was appointed Manager for the Deep Space
4/Champollion Project to develop a mission to attempt the first ever landing on an active
comet. This mission is a technology demonstration mission with will also analyze the
composition of a comet and potentially return a sample to Earth.
He received his BS in Mechanical Engineering from the University of New Mexico in 1977
and an MS in Aeronautical Engineering from Caltech in 1982. He is a member of American
Institute of Aeronautics and Astronautics and American Society of Mechanical Engineers.
He is the recipient of NASA’s Exceptional Achievement Medal for his work on SIR-C
and the Exceptional Leadership Medal for his work on Mars Pathfinder. He was named
Engineer of the Year for 1997 by Design News Magazine and awarded the 1997 Laureate
for Space by Aviation Week and Space Technology magazine. He is also the co-author of
“The Mars Pathfinder Approach to ‘Faster-Better-Cheaper’”.

BLUE RIBBON PANEL
Mr. Jack W. Seyl, Deputy Director of NASA’s Space
Operations and Management Organization, will chair the 1998
Blue Ribbon Panel. Mr. Seyl currently has the position of
Deputy to the Director of Space Operations who heads a
multi-center NASA Space Operations Management
organization with primary offices at the Johnson Space
Center (JSC), which has been designated the NASA Space
Operations Lead Center. He shares responsibility with the
Director of Space Operations for Agency wide consolidation,
commercialization, and functional management of space and
ground networks, command and control facilities, operations
data processing and planning systems and
telecommunications systems. He works closely with the
NASA Chief Technologists to establish the processes for integration and management of
space communications and operations advanced technology across all of NASA including
coordination of technology activities with the Satellite Communications Industry and other
government Agencies. He manages the development of Agencywide technical standards
and business development policies for the operation and commercialization of the NASA
space operations infrastructure. This includes overseeing systems engineering planning,
analysis, and trade studies of life cycle costs for new systems or commercial services.

Dr. Charles D. Edwards, Acting Manager,
Telecommunications and Mission Operations Technology
Office Telecommunications and Mission Operations
Directorate, Jet Propulsion Laboratory.
Dr. Edwards received his A.B. degree in Physics from
Princeton University in 1979 and his Ph.D. in Physics from
the California Institute of Technology in 1984. Since then he
has worked at NASA’s Jet Propulsion Laboratory, where he
currently serves as the manager of the Telecommunications
and Mission Operations Technology, overseeing a broad
research and technology development program which
supports NASA’s unique capabilities in deep space
communications and mission operations. Prior to joining
TMOD, Dr. Edwards worked in the Tracking Systems and Applications section, where he
carried out research on novel new radio tracking techniques in support of deep space
navigation, planetary science, and radio astronomy.

Mr. Jon Michael Smith, Mr. Smith is the Manager of
Commercialization for the NASA Space Operations
Management Office ad Johnson Space Center in Houston
Texas. His responsibility is to transition routine space
operations for NASA wide space programs from government
provided services to commercially provided services. The
challenges in the commercialization of Space Operations
Services include transitioning telemetry services for NASA's
space and aeronautics programs to the private sector. His
discussion will focus on the need for standardized telemetry
systems for NASA space programs.
Prior to his current assignment, Mr. Smith served NASA as
the manager of the Advanced Communications Technology
Satellite (ACTS) Program. Mr. Smith holds a Bachelor of
Science in Physics from Seattle University and is a graduate of the Advanced Management
Programs at the Federal Management Institute and the Harvard Graduate School of
Business.

Robert R. Meyer, Jr., is Acting Director, Research
Engineering Directorate, at the NASA Dryden Flight Research
Center, Edwards, Calif. He has held the detailed position
since the summer of 1994. Before his most recent detailed
assignments, Meyer was Assistant to the Center Director and
Deputy Chief of the Research Engineering Division. Prior to
that assignment, he served as chief of the Aerodynamics
Branch, Research Engineering Division, since May 1989.
Meyer is also one of two flight engineers assigned to
fly in the SR-71 high-speed flight research program at
Dryden. Capable of flying three times the speed of sound, the
SR-71 is being used to obtain high speed, high altitude data
that can be applied to the design of future civil and military
aircraft, including a future high speed civilian transport. The
other SR-71 flight engineer is his wife, Marta Bohn-Meyer, Deputy Director of Flight
Operations.
Meyer is a 1975 graduate of Purdue University, where he received a bachelor degree in
aeronautics and astronautics engineering. From 1972 to 1975, he was a student in the
cooperative education program involving Purdue and Dryden. Among the projects he
participated in as a student were aerodynamic drag reduction studies on ground vehicles.

Other projects Meyer has been associated with at Dryden include aerodynamic loads tests
on the space shuttle thermal protective tile system, development of a real-time cockpit
trajectory guidance system, and studies of laminar (smooth) air flow involving F-111, F15, and F-14 aircraft. Since the mid 1980s Meyer has been a flight test engineer at Dryden
on flight status and has flown on F-104, F-14, F-4, F-18, and T-38 aircraft in support of
various research projects.
Mr. Peter J. Cerna, is the founder and NASA chair of the
International Space Station (ISS) Command and Telemetry
Team (ICATT) in 1996. ICATT, a joint NASA-Boeing Prime
contractor effort, is responsible for developing and
implementing telemetry format guidelines for the multiple ISS
United States On-orbit Segment S-Band telemetry links,
defining S-Band telemetry format content and developing and
implementing guidelines for the construction and execution of
Mission Control Center - Houston and crew initiated user
commands. Organizations participating in ICATT include
Boeing Prime’s Design Centers, Kennedy Space Center
(KSC), Marshall Space Flight Center (MSFC), Government
Furnished Equipment (GFE) developers and all international
partners (Russia, European Space Agency (ESA), Italy
(Alenia), Canada (SPAR), and Japan (NASDA)).
Previously, Mr. Cerna has served as a certified space shuttle ascent, entry and on-orbit
Environmental, Emergency and Consumable Management (EECOM) Flight Control
Officer in the Mission Control Center - Houston during real-time shuttle operations
beginning in 1983 through 1995.
Mr. Cerna received his Bachelor of Science in Aerospace Engineering in 1983 from
University of Arizona. His Masters of Science in Management and Finance was received
in 1989 from the University of Houston - Clear Lake. He has been a member of the
Johnson Space Center Federal Credit Union (JSCFCU), $240 million full-service financial
institution, Board Of Directors for 11 years, 9 years as their Treasurer.

Robert W. Byington, Robert W. Byington is a Technical Fellow for the Boeing
Company in the Information, Space and Defense Systems
division.
Mr. Byington is the ISS Software Architect and has worked at
Boeing in various missile and spacecraft development projects for
36 years. He moved to Houston in 1993 to support the transition
from Freedom to ISS. Among his responsibilities has been
definition of the control concepts for ISS commanding and
telemetry.
Mr. Steve Watson

Mr. Watson is Senior Principal Engineer with Science Applications
International Corporation at NASA JSC. He is a member of the
board of directors for the Institute for Advanced Interdisciplinary
Research and board of advisors for the Center for NanoSpace
Technologies. Mr. Watson provides technical expertise in the area
of nano, and other, highly advanced space technologies. Primary
responsibilities are to conceive, establish and perform research to
support NASA’s Human Exploration and Development of Space
in developing Space Station, Space Shuttle and Lunar Mars
advanced technology applications. Additional duties include
canvassing and coordination of national technology centers for
technologies which may be utilized in NASA applications.
Mr. Watson is retired from the CIA where he was the Director of
the Space Systems Group within the National Reconnaissance
Office for Research and Development. His primary function as
Director was to conceive, establish and conduct cutting edge
Space Research and Development in support of all subsystems of
several multi-billion dollar National Asset programs.

Ms. Barbara Brown Ms. Brown leads several technology efforts at the Goddard Space
Flight Center in the area of Information Systems, and has been
instrumental in setting the Information System Center's roadmap
for mission autonomy. She has managed development of hardware
and software for systems ranging from a PC/Java-based Desktop
Spacecraft Data Processor, to integration and test equipment for
both the International Space Station and EOS-AM1 programs.

Ms. Brown holds a B.S. in Computer Science from the University of Maryland, and is
currently working on a M.S. in Engineering Management at University College in College
Park, Maryland. She has received been awarded for Excellence in Technology Transfer
from the Federal Laboratory Consortium, and received a Space Act and NASA Group
Achievement Awards.
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ITC/USA ‘98 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
This course is designed for the not so experienced engineer, technician, programmer or
manager. Topics covered 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
This course is designed for the somewhat experienced user. It includes a discussion of
technology covering the entire system including signal conditioner, encoder, radio link,
recorder, preprocessor, computer, workstations, and software. Specific topics include
1553, CCSDS Packet, the Rotary Head Recorder techniques, Open System
Architectures, and Range Communications.
GPS
Instructor: Tom Macdonald, TASC
Four 3-hour Sessions
This is an updated version of the sold-out course offered at ITC/’97. Intended for range
users who desire an overview of GPS with particular application to test and training. Key
GPS technologies are discussed, including recent and planned enhancements. Detailed
presentations of DoD systems using GPS, including test and training range instrumentation
and target control, are presented.

ERROR CONTROL CODING
Instructor: Dr. Michael Rice, BYU
Two 3-hour Sessions
An overview of the basic principles of error control coding including a description of
various codes and the impact on system level design. Topics that will be covered include
block codes, convolutional codes, error control strategies, and impacts of channel coding
on real systems.
INTRODUCTION TO DATA COMPRESSION
Instructor: Dr. Sheila Horan, NMSU
Two 3-hour Sessions
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.
INTRODUCTION TO APPLICATION OF CONVOLUTIONAL CODING
Instructor: Frank Carden
Two 3-hour Sessions
Hamming distance, a two-stage encoder, code vectors, Viterbi decoding algorithm,
detection decisions both hard and soft, coding gains and hardware implementation will be
covered. Examples of the application of convolution coding to both binary PSK and
PCM/FM will be discussed.
OVERVIEW OF TELEMETRY
Instructor: Dr. Jim Means, SRI International
Two 3-hour Sessions
This course provides an introduction to telemetry systems. The course is intended for
professionals with a need for a basic understanding of telemetry systems. The course will
use the Defense Test and Evaluation Professional Institute (DTEPI) CD-ROM on
telemetry and will cover basic theory and applications.
CCSDS TELEMETRY
Instructor: Mr. Mike Williams, Avtec Systems
Two three-hour sessions
This course will address CCSDS telemetry applications. It will also address industry
concerns and available options with an emphasis on proposed NASA data systems
guidelines. Case studies will be presented exploring current CCSDS satellite and ground
system applications, including EOS-AM 1 and LANDSAT-7.

About the International Foundation for Telemetering (IFT)
The International Foundation for Telemetering (IFT) is a nonprofit organization
dedicated to serving the professional and technical interests of the "Telemetering
Community." On May 11, 1964, the IFT was confirmed as a nonprofit corporation in
accordance with the applicable laws of the State of California. Our "Articles of
Incorporation" are on file with the State of California and available from the IFT upon
request.
The basic purpose of the IFT is the promotion and stimulation of technical growth in
telemetering and its allied arts and sciences. This is accomplished through sponsorship of
technical forums, educational activities, and technical publications. The Foundation
endeavors to promote unity in the "Telemetering Community" it serves, as well as ethical
conduct and more effective effort among practicing professionals in the field.
All activities of the IFT are governed by a Board of Directors selected from industry,
science, and government. Board members are elected on the basis of their interest and
recognition in the technical or management aspects of the use or supply of telemetering
equipment and services. All are volunteers who serve with the support of their parent
companies or agencies and receive no financial reward of any nature from the IFT.
The IFT Board meets twice annually--once in conjunction with the annual ITC and,
again, approximately six months from the ITC. The Board functions as a senior executive
body that hears committee and special assignment reports and reviews, adjusts, and
derives new policy as conditions dictate. A major Board function is that of fiscal
management, including the allocation of funds within the scope of the Foundation's legal
purposes.
The IFT sponsors the annual International Telemetering Conference (ITC). Each annual
ITC is initially provided working funds by the IFT. The ITC management, however,
plans and budgets to make each annual conference a self-sustaining financial success.
This includes returning the initial IFT subsidy as well as modest earnings--the source of
funds for IFT activities such as its education support program. The IFT Board of
Directors also sponsors the Telemetering Standards 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. Starting in '95 the Proceedings were also available in CD ROM
format. The '98 Proceedings on CD ROM include the '87 through '98 proceedings.

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

Telemetering Activities at The University of Arizona

Since 1992, the International Foundation for Telemetering and The University of
Arizona have been engaged as partners in an effort to improve the interaction between
engineering education and the telemetering community. This brief description summarizes
the results which have been achieved to date.
Graduate Fellowships in Telemetry
Thanks to a generous endowment by the Foundation, the Department of Electrical
and Computer Engineering is able to offer a graduate fellowship to a new student
interested in the design of telemetering systems. After the first year of support, the
students are funded by appropriate research contracts, thus allowing recruitment of
another new student. Funding is still available to previous fellows for travel to the
International Telemetering Conference, and for limited support of equipment and supplies
relevant to the research efforts.
Two fellowships have been awarded to date (Derek Hutton and Scott Raby) and we
will offer the third in Fall 1998.
ITC Participation
The graduate fellows as well as several faculty and undergraduate students attend
the conference each year. Last year Dean Ernest Smerdon and Professor Larry Schooley
participated in the Blue Ribbon Panel discussion.
Student Paper Competition
A number of student papers are submitted each year. These come primarily from
our senior design projects and from the term projects in the course described below. Next
year we hope to submit a paper from our student satellite project.
Academic Program Enhancements
The Department has modified four existing courses (two undergraduate and two
graduate) to include an overview of telemetering systems, and examples of applying the
course concepts to telemetering system design. These are:
• ECE 431, Introduction to Analog Communication Systems
• ECE 435, Introduction to Digital Communication Systems
• ECE 537, Digital Transmission and Telephony
• ECE 538, Digital Communication Systems

We have also created a new course which is available to both undergraduate and
graduate students: ECE 485/585, Radiowaves and Telemetry. It was first offered in Spring
1996, and the second offering in Spring 1997 was transmitted to remote students at
several industry sites. In the Spring of 1998 it was taught, by invitation, at the University of
Canterbury, Christchurch, New Zealand. One of the features of this course is a team
design competition in lieu of final examination.

The BYU Telemetering Program
BYU IFT Endowment Fund
The BYU IFT Endowment Fund was established in 1997 through contributions
from the International Foundation for Telemetering and the College of Engineering and
Technology at Brigham Young University. The endowment fund generates approximately
$16,000 per year and is used for student stipend support, student tuition support, student
travel, and supplies. These funds are used to supplement existing grants from government
and corporate sources in support of undergraduate and graduate students working on
telemetry related projects.
BYU Telemetering Laboratory
The BYU Telemetering Laboratory is located in Room 424 of the Clyde
Engineering Building on the BYU campus and currently provides space for 5 student work
areas with computers, desks, a common project work area and a small library with past
ITC Proceedings. Current activity includes a project in mobile satellite communications
funded by the Jet Propulsion Laboratory, projects in multipath mitigation and error control
coding for aeronautical telemetry applications funded by ARTM and AFOSR, and a
project in software radio architectures funded by internal sources at present. This past
year 2 graduate and 3 undergraduate students work in the laboratory.
BYU ITC Participation
BYU has been an active participant in the International Telemetering Conference since
1993. At last years conference (1997) 7 papers by BYU authors were presented in the
technical sessions, the short course Error Control Coding was presented by Professor
Michael Rice of BYU and the Dean of the College of Engineering and Technology was a
member of the Blue Ribbon Panel.

Program Activities: New Mexico State University
Stephen Horan
Klipsch School of Electrical and Computer Engineering
I.

Scholarships

The IFT-sponsored scholarship program continues to support students at the
undergraduate and graduate levels at NMSU. The scholarship program awards three
scholarships each year to students in the electrical and computer engineering program and
one scholarship to a student in the computer science program. The four winners of the
scholarship for the 1998-1999 academic year will be announced and presented at the ITC
Conference.
The IFT-sponsored faculty chair in telemetering and telecommunications at NMSU has
begun awarding a scholarship to an entering freshman in engineering who participates at
the state level of the International Science and Engineering Fair.
II.

ITC Participation

New Mexico State University will be represented by a display booth again in the ITC
exhibit area. This booth will highlight our program’s educational and research efforts.
Two of the short courses presented at ITC will be taught by NMSU faculty. Dr. Sheila
Horan will present the data compression class and Dr. Frank Carden will present the
advanced telemetry class.
III.

Student Paper Contest Participation

There are at least three student papers from NMSU scheduled for presentation with the
ITC technical program. Additionally, to assist in the solicitation of papers, a “call for
papers” announcement was sent to each of the NASA Space Grant programs nationwide
and the program directors were asked to bring this to the attention of their faculty.
IV.

Academic Program Enhancement

NMSU continues to strengthen its academic programs with the assistance of the IFT. The
Board of Directors made a grant to NMSU to enhance its academic communications and
telemetry laboratory. This grant was matched by a software donation from Analytical
Graphics and a hardware donation from Terametrix. This equipment will allow students to
work with actual radio signals, satellite telemetry, and tracking of satellites using the
donated equipment and software. The items will be used in the senior-level
communications classes and the graduate-level telemetry class.
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NEW GENERATION COMMAND RECEIVER FOR SATELLITE USING
BENEFITS OF DIGITAL PROCESSING.
G. Della Monica / E. Tonello
(ALCATEL, TOULOUSE, FRANCE)

ABSTRACT
Presentation of Alcatel Espace last studies and developments regarding TT&C receiver
Products for satellite. This document lays on 3 parts:
• a technical point of view showing digital demodulation principles used (base band
recovery, analytical head, PM or FM demodulation) and their related offered
possibilities(digital controlling loop, lock status detection, jammer detection,....)
• a technology/design description
• a synthesis showing performance and results
KEY WORDS
Satellite Command Receiver, Demodulation, Frequency Modulation, Phase Modulation,
Analytical Head, Phase Locked Loop, Frequency Shift Keying, Bi Phase Shift Keying,
Synthesizer
1. INTRODUCTION
Among the Alcatel pilot products, we find without any doubt, TT&C equipments.
One can say that regarding C/ Ku/ Ku+ command receivers, Alcatel is now leader in the
world (more than half of world market).
And Alcatel could not imagine to be absent today.
We will present here what may be the reason of Alcatel success:
• Up to date signal processing techniques (a large study team have been working on
the most modern techniques for several years and we will try here to summarize its
work).
• Design resulting from a long experience allowing high rate production, low cost with
still high performances.

2. TECHNICAL POINT OF VIEW
2.1 GENERAL ARCHITECTURE
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fig 2.1 : receiver block diagram
The architecture of the receiver is classically divided as follows: 2 Local Oscillators and 2
Intermediate Frequencies (IF1 & IF2) allowing a high rejection of unwanted signals.
The receiver is designed with 3 main loops:
• The LO waiting loop (Analog loop)
• The Automatic Frequency Control Loop (AFC) (mixed analog-digital loop)
• The Automatic Gain Control Loop (AGC) (mixed analog-digital loop)
The LO waiting loop stabilizes the first LO in order to lock only on the nominal carrier.
When the CMR is locked on the right carrier, this loop is open to let the AFC loop
operate.
The AFC loop centers the IF signal in the passband SAW filter to get the best results in
demodulation performances and the maximum rejection of parasitic input signals when the
receiver is locked.
The AGC loop is a quadratic loop with typical dynamic range of about 80 dB. Its closed
loop bandwidth allows cancellation of amplitude modulation of input signal.
Either FM or PM demodulation can be performed by a first digital ASIC. The ranging and
the video outputs are processed in the interface PCB, particularly the TC subcarrier can
be FSK or BPSK demodulated within the receiver.

2.2 DEMODULATION PRINCIPLE
2.2.1 Reminder
Input signal (Frequency Modulation case):

s( t ) = A ⋅ cos(ω 0 ⋅ t + ϕ 0 + ∆ω ( t ) ⋅ t )

where ∆ω(t) is the modulation signal (for example a carrier PSK modulated by
information bits)
Input signal (Phase Modulation case):

s( t ) = A ⋅ cos(ω 0 ⋅ t + ϕ 0 + ϕ ( t ))

where ϕ(t) is the modulation signal (for example a carrier PSK modulated by information
bits)
The frequency ω o/2π present at the input of the receiver is RF frequency (around 14 GHz
for example in Ku band).
∆ω(t) or ϕ(t) contains the useful information.

Parasitic signals

14 GHz
(carrier)

Payload

fig 2.2.1.a: RX input spectrum
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In order to determine it, we have first to reduce the input carrier frequency (too high to be
processed directly), this is the aim of RF and IF sections.

10 MHz
(IF)

fig 2.2.1.b: Demo input spectrum

2.2.2 Digital demodulation
Then , when the carrier frequency is translated to IF2, we can process and demodulate the
signal in a digital way.
The first step of the digital demodulation is the « I / Q separation » called by Alcatel:
« Analytical Head ». Its principle is to sample the input signal at a rate proportional to the
carrier frequency.
Let us say that we use for example:

Fsample = 4*IF2 + ε ≈ 40 MHz

We use here a vector representation of the demodulator input signal (the real signal is the
projection on x axis):

A
θ(t)
ω 0 .t
fig 2.2.2.a

In fig 2.2.2.a, ω 0.t represents the carrier: ω 0/2π = IF2
and θ(t) is either ϕo + ϕ(t) (PM case), either ϕo + ∆ω(t).t (FM case) → see § 2.2.1
"Reminder"
We sample now at Fs frequency (Fs ≈ 4.IF2 as example)
The samples are noted S1, S2, etc...
With the ratio Fs ≈ 4.ω 0/2π, we obtain especially 2 sampled series (S1, S5, S9, ...) and (S2,
S6, S10, ...) whose phase is exactly θ(t) and θ(t)+π/2 (see fig 2.2.2.b).
S2, S6, S10, ...
S1, S5, S9, ...

θ (t)+π /2 A
θ (t)

fig 2.2.2.b

ω 0 .t
S3, S7, S11, ...

S4, S8, S12, ...

The projection on x axis (which the real sampled signal) gives: I(t) = A . cos θ(t)
and the projection on x axis (which the real sampled signal) gives: -Q(t)= - A . sin θ(t)
Note that knowing that θ(t) is far more slow than ω 0.t, there is no sampling problem (Fs
>> 2. Fθ.)
Axe Y

By this way, we get rid of ω 0.t, we are now in base band.

fig 2.2.2.c: Analytic head output spectrum

N.B: We have supposed here that Fs is exactly equal to 4.IF2, but if we take into account
the error ε we obtain:
I(t) = A . cos (θ(t) + 2π.ε.t)
Q(t)= A . sin (θ(t) + 2π.ε.t)
We have now to demodulate the signal: for that, we implement the following digital
calculator: Arctan(I/Q)
The result is then: θ(t) + 2π.ε.t + 2kπ , where k∈Ζ
If we succeed in getting rid of the bias frequency ε (thanks to a frequency loop controlling
the local oscillator for example), we obtain:
θ(t) + 2kπ
so we have now: ϕo + ϕ(t) + 2kπ in the PM case, and ϕo + ∆ω(t).t in the FM case.
The following step is now a differentiation:

d (θ (t) + 2 ⋅ k ⋅ π )
dt

The final result is:
∆ω(t) in the FM case, which is the demodulated signal,
d(ϕ(t))/dt in the PM case, in this case the last operation is to integrate this value in order to
finally recover the demodulated value ϕ(t).
2.2.3 Other Functionalities
The digital processing of the IF2 signal allows several functionnalities:
• Input power calculation: useful for Automatic Gain Controlling Loop, easy by
making I2(t)+Q2(t).
• Locking detection: if we add a digital Phase Locked Loop (PLL) on Arctan(I/Q)
output, the lock information of this PLL can indicate if θ(t) is noisy or not, if θ(t) is
noisy, it means that we are not on the nominal signal and the lock status information
remains at 0.
• Jammer detection: we see in §2.2.2 that we obtain : d(θ(t))/dt + ε, if the measurement
is too high, it means that the carrier frequency of the demodulated signal is not at the
nominal value and it is thus an unwanted signal
• Tone Frequency detection: if we add a sharp band digital bandpass filter (centered
on ranging tone: 27 kHz or 100 kHz) on the demodulator output, we can detect the
tone presence thanks to an energy detection.
• Output regulation: in order to regulate the output power of the demodulator (stable
with input S/No or modulation index value), it is easy to implement a digital
Automatic Level Controlling Loop.

2.3 OPTIONS

2.3.1 Synthesizer
The purpose of the frequency synthesizer is to control the RF VCO frequency (see § 5.5)
thanks to a phase locked loop.
The synthesizer VCO frequency Fsynthe is controlled by the programmable digital divider
and is linked to the crystal frequency by the following relation : Fsynthe =
(10P+N)xFqs/NFq
The crystal frequency is 10 MHz and the frequency step of the synthetizer is 10
MHz/NFq.
FREQUENCY SELECTION

CONTROL

:N

From RF VCO
:P

Fqs = 10 MHz
: NFq

: 10/11
To divider
by 16

Fsynthe

Cϕ
ϕ

VCO
synthe

IR Mixer

Loop filter

fig 2.3.1 : synthesizer block diagram
Thanks to this synthesizer we can propose multi-frequencies receivers or frenquency
tunable receiver (tuning at the very end of the program)
2.3.2 BPSK Demodulator
This BPSK demo lays on digital Costas loops able to work even at low S/No.
The demodulator gives NRZ sequence, a synchronous clock and a quality indicator.
Bit rate (up to 4 kHz), subcarrier frequency (up to 16 kHz) and BER threshold are
programmable.
The demodulator can be divided in 4 blocks: input filter, subcarrier recovery, bit clock
recovery and data recovery.

Bit Clock Recovery

Bit clock

NCO

Threshold

Data Integrator

BER

X

NRZ

Subcarrier Recovery

Subcarrier

NCO

IN_SIG

PI/2

Phase Error

CK

fig 2.3.2 : BPSK demodulator block diagram
2.3.3 FSK Demodulator Principles
Threshold
Tone 1

(1)
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Data
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Clock

Tone2

(2)
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Threshold
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fig 2.3.3 : FSK demodulator
Except the two analog sharp bandpass filters everything in our FSK demodulator design is
digital which allows a high level of integration.

3. TECHNOLOGY & INDUSTRIALIZATION
3.1 MODULARITY/INTERCHANGEABILITY
The philosophy of the receiver architecture lays on modularity.
BPSK PM (MMS)
or BPSK FM (MMS)
or video FM (Aero)))
or BPSK FM (Aero)
or FSK (LMAS)
or BPSK dual (SSL)
or BPSK mono (SSL)

Standard
or LMAS
or SSL

20/50V (MMS/AERO)
or
50/100V (LMAS-SSL)

FM
or
PM





C/X
or Ku
or K

C
or X
or Ku
or K

VCO / negatron / multi / mixer / LNA

fig 3.1.a : Modular architecture of the Command receiver
Each of the represented modules is interchangeable. We call every option of these
modules "basic brick" (for example: FSK demo or BPSK demo...).
This philosophy allows us on one hand to re-use most of the modules for any customer
(and produce them in advance) and on the other hand to answer quickly to any request
from any customer.
Example:

fig 3.1.b : Ku+(18 GHz) band FM Command Receiver

3.2 TECHNOLOGY USED
We definitely wanted to be competitive on cost, interchangeability was not the only way of
reseach.
We have to develop very integrated modules allowing minimum tuning.
3.2.1 MMIC
We use MMIC in the RF section: LNA, mixer, LO.

Fig 3.2.1 : Command receiver RF section
3.2.2 Analog & Digital ASIC
We use an analog ASIC for IF section (amplification & second down conversion). (see
fig 3.2.2.a)
Analog ASICs

fig 3.2.2.a

fig 3.2.2.b

We use , Analog to digital converter and digital ASIC for the whole demodulation
processing. (see fig 3.2.2.b showing the digital section of the command receiver)

4. SYNTHESIS / RESULTS
4.1 MAIN TYPICAL PERFORMANCES
We present in the following some of the options that we are able to propose.
We remind that we can propose either FM or PM carrier demodulation, either FSK or
BPSK subcarrier demodulation, either synthesized LO or not (synthesized LO allows
multi selectable frequencies in a 100 MHz bandwidth and tuning at the very end of the
production), either dual frequency (each frequency in any band) or single.
We can supply this kind of equipment to any customer for any today’s platform.
4.1.1 FM receiver
fig 4.1.1.a : (For 18 GHz Rx)
FM-BPSK @ 1000 bps Rx typical BER versus Pin (dBm)

fig 4.1.1.b : FM Rx typical S/No (dB.Hz) versus Pin (dBm)
(FM modulation : 27.7 kHz, ∆f =±400 kHz)
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table 4.1.1.c : TYPICAL FM RECEIVER PERFORMANCES

Frequency range (dual or single)
Input power Dynamic Range
Doppler shift (on RF frequency))
FM Modulation deviation
Subcarrier frequency
Command performances
Ranging performances :
Ranging delay uncertainty
Ranging bandwidth
Power consumption
Weight
Dimensions (Single /dual freq.)
Qualification temp. range

FM BPSK

FM FSK

5.8/7.4 - 12.75/14.5 - 17.3/18.1 GHz
-60 to -112 dBm
up to 450 kHz
∆f ≤ ±400 kHz
for RG: between 2 and 100 kHz
for TC: 8 or 16 kHz
BER<10-5 @ -113 dBm and 1000 b/s
(tone: 27.7 kHz, ∆f = ±400 kHz)
50 dB.Hz @ -112 dBm
<±25 ns at 27777 Hz
between 15 and 200 kHz
7.5 W (12 W for Dual frequency)
<1100 g (1800 for Dual frequency)
225 x 72 x167 mm3 / 260 x 93 x167 mm3
-20 °C/+65 °C

5.8/7.4 - 12.75/14.5 - 17.3/18.1 GHz
-60 to -108 dBm
up to 450 kHz
∆f ≤ ±400 kHz
for RG: between 2 and 100 kHz
for TC: 16, 19, 22 kHz or 35, 43, 50 kHz
BER<10-5 @ -108 dBm and 1000 b/s
(tone: 27.7 kHz, ∆f = ±400 kHz)
59 dB.Hz @ -108 dBm
<±25 ns at 27777 Hz
between 15 and 200 kHz
7.8 W (12 W for Dual frequency)
<1100 grams (1800 for Dual frequency)
225 x 72 x167 mm3 / 260 x 93 x167 mm3
-20 °C/+65 °C

4.1.2 PM Receiver
fig 4.1.2.a : PM-BPSK @ 500 bps Rx typical BER
versus Pin (dBm)

fig 4.1.2.b : PM Rx typical S/No (dB.Hz) versus Pin (dBm)
(PM modulation : 100 kHz, i =1 rad)
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4.2 BACKGROUND
Thanks to the presented techniques and technologies , we managed to propose « on the
shelf equipments » (and « basic bricks ») which allows very short delivery schedule:
around 7 months.
Just regarding the presented generation, we supplied already 50 sets of receivers (more
than 50% of world commercial market)
We have to add to this number the 120 command receivers produced for Globalstar (Low
Earth Orbit satellite constellation) using the same techniques.
4.3 FUTURE
Thanks to our high level of experience regarding command receiver and telemetry
transmitters design and production (more than half of the world today’s market),we are
today to develop Skybridge Constellation TT&C (more than 160 units).
We keep still working on the future units (higher integration, lower costs and schedule, up
to Ka band and new standards ...).
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ALCATEL TELEMETRY TRANSMITTER
AND BEACON TRANSMITTER
(NEW GENERATION)

E. Tonello / G. Della Monica
(ALCATEL, TOULOUSE, FRANCE)

SCOPE
Presentation for ITC 98 of Alcatel Espace last studies and developments regarding
TTC Products This document lays on 3 parts:
• a technical point of view
• a technology/design description
• a synthesis showing main performance and results
KEY WORDS
Telemetry Transmitter, Beacon Transmitter, Modulation, Phase Locked Loop,
Synthesizer
1. INTRODUCTION

Among the Alcatel pilot products, we find without any doubt, TTC equipment.
One can say that regarding C/ Ku/Ku+ TC&R Receivers and Telemetry Ttransmitters
or Beacons Transmitters, Alcatel is now leader in the world.
And Alcatel could not imagine to be absent today.
We will present here what may be the reason of Alcatel success:
• Up to date signal processing techniques (a large study team have been working on
the most modern techniques for several years and we will try here to summarize
its work).
• Design resulting from a long experience allowing high rate production, low cost
with still high performances.

2. TECHNICAL POINT OF VIEW
2.1 TRANSMITTER GENERAL ARCHITECTURE.

Figure 1 shows a standard Ku Band Telemetry Transmitter block diagram
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Figure 1 : Standard Ku band Transmitter Block Diagram
A Telemetry Transmitter can be divided into three main functions.
•Signal generation and amplification up to the specified output level.
•Interfacing with spacecraft, signal processing and carrier modulation.
•Telecommand and telemetries managing.
A Beacon Transmitter usually do not include any carrier modulation, so the dedicated
functions are not implemented within the unit.

2.1.1 SIGNAL GENERATION.

This bloc consist of a C band Dielectric Resonator Voltage Controlled Oscillator with
a very high Quality factor in order to keep modulation index constant with an excellent
phase noise.
The output of the C band DRVCO is locked on a Crystal Oscillator Reference by
means of a Phase Locked Loop in order to meet the frequency stability requirement.
This PLL uses a frequency transposition in order to:
•Minimize Crystal procurement costs and schedule
•Offer to the customer the possibility to generate two different frequencies.
•Offer the possibility of a very late final frequency choice.
It is followed by a Frequency Multiplier (if needed) to reach the nominal output
frequency
Then, Power Amplification achieves the required output level. In order to meet the
output power stability requirement, an Automatic Level Control loop is implemented.
This loop detects the output level and corrects it by varying a Voltage Controlled
Attenuator.
2.1.2 INTERFACE AND CARRIER MODULATION

The interface function is in charge of interfacing with the TC&R Receiver for the
Ranging tones and with the SCU for the TM subcarriers.
The modulation function is basically implemented within the DRVCO by means of a
Varactor Diode coupled to the DR, for classical transmitters but also within the PLL
for very low Ranging tones frequencies .
It also manages the Ranging and Telemetry channels by switching them On or Off,
according to the received telecommands.
2.1.3 TELECOMMAND AND TELEMETRIES MANAGING

This bloc includes
•All the telecommands interfaces.
•The associated telemetries.
•The internal switching interfaces.

2.2. FREQUENCY GENERATION PRINCIPLES.
The basic idea is to generate one frequency among a very large quantity of possible
frequencies while minimizing the number of crystals to purchase, which are usually the
main schedule issue.
The output frequency range is coarsely cut up into 10 MHz (in C band ) or 40 MHz (in
Ku Band) sub bands. From this first coarse cutting up come the main loop crystal
frequencies
Then, every subband is finely cut up into 125 or 500 kHz.
The number of crystals is reduced to 60 instead of about 1000 for a single frequency
generation method.
The synthesizer is composed of a main loop, principally made of analog ASIC and
GaAs MMIC modules, and of a transposition loop made of analog and digital ASICs,
according to the block diagram in Figure 2
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Figure 2 : Frequency Generation Principle
Main Loop architecture.
This loop is composed of an Ovenized Crystal, a PLL analog ASIC, a microwave
frequency divider and two GaAs MMICs.
M and N in the main loop are fixed modulus dividers. As previously explained, the
coarse frequency is mainly set by crystal frequency and harmonic selection in the
Harmonic Mixer of the main loop. A Phase/Frequency Comparator controls this loop.

At power up, the frequency acquisition characteristics of such a comparator, helps the
loop to lock whatever the initial conditions are. The VCO is a low cost GaAs MMIC
associated to a Dielectric Resonator coupled to a microstrip transmission line to form
a C band VCDRO. The Image Rejection Mixer is a low cost GaAs MMIC that
reduces the image mixer product and the LO signals in order to drive the microwave
divider M properly. For MMIC manufacturing reasons, only the IF coupler is made of
discrete capacitors and inductors.
For phase noise purpose, the loop bandwidth is set to about 5 kHz.
For stability reasons, the crystal is mounted in an oven that keeps crystal temperature
constant.
The transposition loop, is mainly build up with an analog and a digital ASIC. The PLL
analog ASIC includes the frequency generation, the loop filter, a 50 MHz Oscillator
and a Variable Modulus Prescaler. The PLL digital ASIC includes two programmable
counters P and Q , a Control Logic that controls the V.M.P. and the counters P and
Q. A digital Phase/Frequency Comparator controls the transposition loop. As for the
main loop, the frequency characteristics of this comparator always locks the loop in
any case.
2.3 MODULATION PRINCIPLE.

The Phase Modulation process takes place in two different places of the frequency
generation circuit. The main modulation input is located at DRVCO side. But as
previously explained, the loop bandwidth being close to 5 kHz for phase noise
reasons, low frequency minor tones are very perturbed by large loop bandwidth. To
bypass this problem a second modulation input is located just after the phase
comparator, according to the block diagram in Figure 3.
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Figure 3: In band and out of band phase modulation principle
This modulation principle allows the use of low cost space qualified parts while
keeping modulation performances and spectral purity
Typical plot of modulation index versus modulation frequency is given in Figure 4 ,
and a plot of typical SSB Phase Noise in Figure 5 .

Transmitter main performances
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Output power range
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Output power stability
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Output frequency stability
Power consumption
Reliability
Weight
Size
Qualif. Temp. range
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<13W
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-20/+65°C
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Figure 4 Modulation index vs frequency
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Figure 5 SSB Phase Noise at 12 GHz

3. TECHNOLOGY & INDUSTRIALIZATION
3.1 MODULARITY/INTERCHANGEABILITY

The philosophy of the Transmitter and architecture lays on modularity The Figure 6
illustrates the transmitter mechanical breakdown, and Figure 7 is a picture of our
regular Telemetry Transmitter.
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single PCB
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Figure 6 : Modular architecture of the Transmitter
This modularity allows us to make a Beacon Transmitter without any other new
development, just by removing from the Interface Board the unnecessary parts.

Figure 7 Ku band PM Transmitter
3.2 TECHNOLOGIES USED

We definitely wanted to be competitive on cost, interchangeability was not the only
way of research.
We have to develop very integrated modules allowing minimum tuning.
For that reason, we developed specific modules as the following :

3.2.1 MMIC

We use MMIC in the RF sections. These GaAs MMICs dies and their specific
microwave packaging up to 18 GHz were designed by ALCATEL ESPACE for
standard TTC and Telecom applications. Typical Ft is about 30 GHz. We especially
take care of packaging because it was an major issue for technical performances and
cost effectiveness. Figure 8 shows the MMIC micropackage arrangement inside the
telemetry transmitter.

Figure 8: MMIC in RF section of the Telemetry Transmitter
3.2.2 ANALOG & DIGITAL ASICS

We use an analog ASIC at frequencies up to 200 MHz and for LO synthesizer, as
shown in Figure 9. These ASICs were developed by ALCATEL ESPACE in space
qualified standard cell gate arrays for general purpose applications. Typical Ft of this
technology is 9 GHz for the faster circuit. The present limitation for frequency
performances is the packaging and the PCB assembly process. Digital ASIC are used
for Synthesizer logic control. These ASICs were designed by ALCATEL ESPACE in
a space qualified technology. These functions are used in ALCATEL ESPACE TT&C
Receivers and Transmitters and also in Telecom products

Figure 9: Telemetry Transmitter Synthesizer ASICs

4. CONCLUSION
4.1 BACKGROUND

Thanks to the presented techniques and technologies , we managed to propose « on
the shelf equipments » (and « basic bricks ») which allows very short delivery
schedule: around 7 months.
Just regarding the presented generation, we supplied already 50 sets of transceivers
(more than 50% of world commercial market)
We have to add to this number the 120 command receivers and 120 telemetry
transmitters produced for Globalstar (Low Earth Orbit satellite constellation) using the
same techniques.
4.2 FUTURE

Thanks to our high level of experience regarding command receiver and telemetry
transmitters design and production (more than half of the world today’s market),we are
today to develop Skybridge Constellation TT&C units (more than 160 units).
We keep still working on the future units (higher integration, lower costs and schedule,
up to Ka band and new standards ...).
5. REFERENCES

A.Blanchard , Technique des boucles d’asservissement de phase, Ecole Supérieure
d’Electricité, 1975
2. F.M Gardner , Phaselock Techniques, John Wiley & Sons, 1966
3. Venceslav F. Kroupa, Frequency Synthesis : Theorie, Design & Applications,
GRIFFIN LONDON
1.

TELECOMMUNICATION SATELLITE TELEMETRY TRACKING AND
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ABSTRACT
This paper gives an overview on Telemetry, Tracking and Command (TTC) sub-system
that are used onboard some telecommunication satellites. Then, a description of the
equipments of such a sub-system is given, together with the main performances.
KEYWORDS
TTC, telecommunication satellites
INTRODUCTION
The operational control of satellites is achieved via a TTC (Telemetry, Tracking and
Command) link. This TTC link (physical layer) is established using the TTC ground
station on one hand and the onboard TTC sub-system on the other hand.
This TTC link has to be established during the different phases of life of the satellite, i.e.:
• during Launch and Early Orbit phases (LEOP): this phase starts with the injection of the
satellite by the launcher and ends when the satellite has reached its nominal position
• when the satellite is on station: this constitutes the nominal phase of life of the satellite,
which is typically 15 years for commercial programmes
• in case of emergency: in that case, the TTC link has to face a possible loss of attitude
of the satellite
• finally during deorbitation: at the end of its operational life, the satellite can be sent to a
« cemetery » orbit
This onboard TTC sub-system is in charge of the following functions:
• the telecommand function, i.e. the reception and demodulation of the telecommand
data. The command information is received through wide coverage antennas during
LEOP and in case of emergency. When the satellite is on-station, a high gain antenna is

preferred in order to minimize requirements on ground station and avoid any interaction
with the satellite payload (minimization of telecommand flux at satellite level)
• the telemetry function, i.e. the modulation and transmission to the ground of the
telemetry information. The same as for telecommand applies for the required coverages
during the different phases of life of the satellite.
• the ranging function, which gives to the ground station the ability to measure the
distance of the satellite: this function is achieved by transmitting to the ground ranging
tones (simultaneously with telemetry data) received on the uplink.
ONBOARD TTC ARCHITECTURE
A typical onboard subsystem architecture is presented hereafter.
• Telecommand: the wide coverage telecommand antennas necessary for telecommand
reception during LEOP and emergency can be located on Earth (+Z) and anti-Earth (-Z)
panels of satellite, which is to be considered as an example of implementation. The
directional antenna necessary for telecommand reception when on station can be either
the payload telecommunication antenna, which is in that case shared with the TTC
subsystem, or a dedicated telecommand antenna. The TTC sub-system provides two
receivers in hot redundancy.
• Telemetry: the wide coverage telemetry antennas necessary for telemetry transmission
during LEOP and emergency can be located, as for the telecommand antennas, on
Earth(+Z) and anti-Earth (-Z) panels of the satellite. During these phases, the use of
TWTs (Travelling Wave Tube) is necessary in order to reach the necessary EIRP: these
TWTs are most of the time those of the satellite payload. The directional antenna
necessary for telemetry transmission when on station can be either the payload
telecommunication antenna, which is in that case shared with the TTC subsystem, or a
dedicated telemetry antenna. The TTC sub-system provides two transmitters in cold
redundancy.
• Ranging: ranging tones are received in the same way as telecommand and transmitted
in the same way as telemetry. Each telecommand receiver delivers two ranging outputs
in order to provide full cross strapping with the telemetry transmitters.
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MAIN REQUIREMENTS
Most of commercial telecommunication satellites have standard requirements for their
Telemetry Tracking & Command (TTC) link:
• Bit rate. Requirements that apply most of the time are:
⇒for telecommand: from 250 b/s up to 2000 b/s
⇒for telemetry: from 500 b/s up to 4800 b/s
• Modulation. The modulations that are taken into account by our sub-system are those
usually implemented in commercial telecommunication satellites:
⇒BPSK/FM (optionally FSK/FM) for the telecommand link with a carrier
frequency deviation of ±400 kHz and a sub-carrier frequency within the
range 5 kHz-20 kHz
⇒BPSK/PM for the telemetry link with a modulation index up to 1.8 radian
and a sub-carrier frequency that can range from 30 kHz up to 80 kHz.
• Carrier frequency. The equipements presented here have been developped in Kuband. The supported frequency bands are:
⇒for telecommand: 12750 MHz-14300 MHz
⇒for telemetry: 10750 MHz-12750 MHz
Nota : other products have been developped in C-band and Ku+ (17.3 GHz - 18.1 GHz),
but are not presented here.
• Polarization. The required polarization depends on the phase of the satellite mission:
⇒ during LEOP, the TTC sub-system has to be compatible with the ground
station network which is used, which can work either in linear or in circular
polarization: the same applies for emergency case.

⇒when on station, the TTC sub-system has to be compatible with linear
polarization in Ku-band.
• On-board coverage. Of course, the wider, the better. Nevertheless, a good
compromise has to be found with respect to mass and cost criteria.
• Ranging. For most programs, ranging tones are within [15 kHz-30 kHz]: nevertheless,
this bandwidth can be extended if required.
DESIGN DESCRIPTION
Telecommand receiver:
The nominal RF input is filtered by a mechanical filter, and then amplified by a low noise
amplifier. Then the signal is down-converted from Ku-band down to the first intermediate
frequency (IF around 140 MHz): this is achieved by a mixer using the local oscillator
frequency.
After amplification, the signal is filtered by a narrow band filter (SAW filter) in order to
remove parasitic signals which are close from the carrier and therefore improve the
selectivity. Then the signal is down-converted to the second intermediate frequency
around 8 MHz. The signal is then digitized, and processed by a digital ASIC that performs
FM (frequency modulation) demodulation. Then the signal, which is now at sub-carrier
level, is BPSK-demodulated by a digital ASIC, which delivers the telecommand signal.
The signal at sub-carrier level is also sent to a digital-to-analog converter which delivers
the ranging tones.
The receiver design has been optimized on the following points:
• Ranging performances at input level near threshold have been improved. The FM
demodulation characteristics are presented hereafter: the curve herebelow represents the
typical S/N0 (dB.Hz) at FM demodulator output versus the receiver input power (in
dBm) for a ranging tone at 27.77 kHz.
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In fact, the ranging tone level at receiver output decreases of typically 4.5 dB for an input
power going from -100 to -109 dBm while noise at this output increases. Two corrective
actions have been adopted:
1. implementation of an automated gain control (AGC) in order to compensate the
ranging tone level decrease: the residual tone level decrease at -109 dBm is -1.5
dB (a residual decrease remains because AGC is performed on signal+noise,
and noise increases as input power decreases). As modulation index of the
ranging tones at telemetry transmitter output is directly proportional to this
ranging tone level, ranging link budgets are improved.
2. minimization of the ranging filter bandwidth at receiver output: the reason why is
that the noise (present at receiver ranging output) which is applied onto the
telemetry transmitter degrades telemetry and ranging link budgets. The signal to
noise ratio for a ranging tone is typically 2.5 dB for an input level of -109 dBm.
• The receiver has been equipped with bi-frequency capability: the receiver is able to
work at two frequencies (maximum distance: 3 MHz), selectable by external
telecommand (frequency synthesis has been implemented in the local oscillator). This
presents two main advantages:
1. this gives to the TTC sub-system jamming avoidance capabilities during the
operational lifetime of the satellite
2. this gives the ability to achieve coordination with other space systems in case
of satellite relocation
Main receiver performances are:
• threshold: -112 dBm (1 kb/s, BER of 10-6)
• input frequency variation : ±350 kHz
• selectivity: -70 dBm spurious accepted at 2 MHz minimum from the carrier
Telemetry transmitter:
The transmitter is mainly constituted by a PLL (phase lock loop) which achieves the phase
modulation of the telemetry and ranging signals: the signal is then passed through a
frequency multiplier (x4) in order to reach the Ku-band. The frequency stability is
achieved with the help of an ovenized crystal. This transmitter has also bi-frequency
capability.
Main transmitter performances are:
• output power: 26 dBm
• frequency stability: 4 ppm
• modulation index: <2 rd peak
Wide coverage antenna
Ku-Band omnidirectional antennas are an assembly consisting of a horn, a septum
polarizer and a double access waveguide: specific antennas are used for Telecommand

and Telemetry, based on the same design which is scaled taking into account the required
frequencies.
The figure hererafter shows the configuration of those antennas:
• The radiating element is a cylindrical horn with external traps and corrugations,
providing required radiated pattern with adequate axial ratio performance.
• The septum polarizer transmits/receives the LHCP (Left Hand Cicular Polarization) and
RHCP (Right Hand Circular Polarization) signals to/from an output circular waveguide
connected to the horn, from/to two semi-circular inputs ports driving two separated
linear polarized signals.
• A double access waveguide is used in order to physically separate the septum polarizer
ports.

The antenna radiation pattern is presented on the figure hereafter.
The main characteristic of this pattern is its very high gain gradient around 90° with a very
low rear gain. This presents two main advantages:
• possibility to install this type of antenna directly on the platform without major
modification of the radiation pattern.
• minimization of multipath effects when summing the pattern of two antennas in opposite
direction.

Planar array antenna
A planar array antenna has been preferred instead of a horn due to its reduced size and
mass. Each antenna is based on the concept of dual stacked patch radiator which consists
of the superposition of two stages monopolarization structure: each antenna is able to
radiate in two orthogonal linear polarizations. Each radiating sub-array comprises 32 unit
radiators.

Main planar array performances are:
• axis gain>22.5 dBi
• polarization discrimination: 33 dB
MAIN SUB-SYSTEM PERFORMANCES
Parameter
Transfer Orbit&Emergency
Antenna coverage
Antenna polarization
Antenna configuration

Performance
• ±75° on earth and anti-earth sides
• Circularly polarized
• +z elements: 1 telemetry, 1 telecommand
-z elements: 1 telemetry, 1 telecommand

Synchronous orbit, normal operation
Antenna polarization
Antenna configuration
Frequency
On station, Transfer orbit and
emergency frequency plan
Flux density
Transfer orbit and emergency

On station
Modulation
Type
Carrier deviation
Baseband modulation
Sub carrier frequency
Bit rate
BER

Linear polarization (Vertical)
Communication receive antenna or dedicated antenna

2 frequencies per receiver selectable by telecommand

-80 dBW/m² min (linear polarization received)
-83 dBW/m² min (circular polarization received)
-100 dBW/m² typical (communication antenna)

FM
±400 kHz
PCM-NRZ-L/BPSK
5-20 kHz
1000 b/s
10-6

Telecommand performances

Parameter
Transfer Orbit&Emergency
Antenna coverage
Antenna polarization
Antenna configuration

Performance
• ±75° on earth and anti-earth sides
• Circularly polarized
• +z elements: 1 telemetry, 1 telecommand
-z elements: 1 telemetry, 1 telecommand

Synchronous orbit, normal operation
Antenna polarization
Antenna configuration

Linear polarization (Horizontal)
Communication transmit antenna

Frequency
On station, Transfer orbit and
emergency frequency plan

2 frequencies per transmitter selectable by
telecommand

Carrier stability
EIRP
Transfer orbit and emergency
(with 50 W TWT)

± 4 ppm (long term)

1 dBW typical (linear polarization)
4 dBW typical (circular polarization)
12 dBW typical

On station
Modulation
Type
Baseband modulation
Sub carrier frequency
Bit rate

PM
PCM-NRZ-L/BPSK
30-80 kHz
500-4800 b/s

Telemetry performances
CONCLUSION
Most of the basic bricks have already been flown successfully onboard several
telecommunication satellites. Improved designs are now under production and will flow
onboard STENTOR, the french technological satellite.

TECHNOLOGY EVOLUTION AND INNOVATION
IN SPACECRAFT COMMUNICATIONS *
Thanos Voudouris
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ABSTRACT
This paper discusses the evolution of the ground satellite communication systems and the
efforts made by the Goddard Space Flight Center's (GSFC) Advanced Architectures and
Automation (AAA) branch, Code 588 to bring satellite scientific data to the user’s
desktop. Primarily, it describes the next generation desktop system, its architecture and
processing capabilities, which provide autonomous high-performance telemetry
acquisition at the lowest possible cost. It also discusses the planning processes and the
applicability of new technologies for communication needs in the next century. The paper
is presented in terms simple for those not very familiar with current space programs to
understand.
KEYWORDS
Desktop Satellite Data Processor, telemetry processing, telemetry acquisition, PC based
telemetry.
INTRODUCTION
The English mathematician Isaac Newton, as a consequence of his work on the theory of
gravitation, had mentioned the theoretical possibility of establishing an artificial satellite
of Earth, in 1687. Only in the early 20th century, however, did the theoretical work of the
Russian Konstantin Tsiolkovsky and the experimental work of the American Robert
Goddard confirm that a satellite might be launched by means of a rocket. The space age
dawned with the launching of Sputnik 1 by the Soviet Union on Oct. 4, 1957. A year later
on October 1, 1958, National Aeronautics and Space Administration (NASA) was born
*
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by a congressional act signed by President Eisenhower. The Vanguard project team and
other employees from the Naval Research Laboratory were transferred to NASA, and this
group became the nucleus of the Goddard Space Flight Center (GSFC). Later, other
NASA facilities were established.
Currently, more than 3,500 satellites orbit the Earth generating an enormous amount of
data. The scientific community and other interested users have easier access to satellite
data either directly from satellites or over the Internet. This access facility is as a result of
the world space agencies' commitment to using Consultative Committee for Space Data
Systems (CCSDS) standards and the availability of direct-broadcast data from Low Earth
Orbit (LEO) spacecrafts. Figure 1 depicts in simplicity the system's context.
System Context

RF
Downlink
Satellite

Science
Data User

3 m Antenna
User
Network
Telemetry Gateway System

Figure 1. Satellite to User system context
The focus is now on migration from expensive and massively integrated ground control
systems to ultra-low cost systems, small enough for a desktop. Through the use of
technological innovations in power computing, Very Large Scale Integration (VLSI)
Application Specific Integrated Circuits (ASIC), and advanced software development
these goals are attainable. These technologies have dramatically increased the speed of
data acquisition and processing.
THE NEED OF INNOVATION
Satellites are designed to serve one of three purposes: space science, applications, or
communications. Their basic operation is to relay signals to tracking station facilities,
mainly through the use of an electronic device called a transponder (transmitting
responder).

The major Earth tracking stations, typically comprised of:
• an antenna about 30m in diameter,
• a receiver cooled to 14 Centigrade in order to reduce its noise, and
• a radio transmitter with a power output in the range of several hundred to several
thousand watts of power to send signals to high orbit satellites.
A large demand is being created for low-cost processing systems. Conditions that have
contributed to this demand include the imminent deployment of the Earth Observing
System (EOS) satellite constellation, the international collaborative efforts at the Russian
Space Station Mir, and the expected launching of hundreds of scientific and commercial
LEO satellites within the next several years.
Modern satellites like the EOS-AM generate enormous amounts of data at an orbital
average of 18 megabits per second (Mbps) and require that over one terabyte (1024
gigabytes) of data per day is collected and processed. The continuously expanding user
base imposes near real time requirements to access this massive amount of scientific data
over the Internet, rather than after days or weeks.
Ground data systems must have the ability to both capture and process the telemetry data
as it is received and distribute the data over a network with lower capacity than the spaceground link. More efficient ground systems must be developed now to provide data
communication from the satellite to the user at a fraction of the cost of traditional
methods.
CURRENT TECHNOLOGICAL DEVELOPMENTS
In response to NASA's demand for high-performance, low-cost telemetry ground
communication systems, the AAA branch has designed and developed a variety of
generic hardware and software processing elements used to capture, process, and
distribute space telemetry data. The main elements in this approach are VLSI ASIC, cardlevel components, and advanced highly integrated, real-time software system
environments.
Technical Summary
To support initiatives for cheaper, faster, better ground telemetry systems, the
development of new VLSI ASIC's will dramatically lower the cost of hardware
components and increase the performance. In the early 1990's, the first generation
hardware cards based on large 9U Virtual Module Eurocard (VME) Buses
(approximately 15x7 inches) processed data at a rate of 20 Mbps. Using a newer VLSI

technology, performance has increased to 150Mbps. Soon performance is expected to
increase to 300Mbps, and eventually up to an astonishing 500 Mbps using the new 0.6 to
0.4 micron CMOS technology components under design.
The size of the hardware form factor (physical size of the hardware) has also been
significantly reduced. As a single chip it integrates most of the functionality contained in
three high-density 9U VME cards. To understand the magnitude of such technological
innovations, imagine a personal computer and a 3-meter antenna replacing many of the
functions traditionally provided by a ground station that usually requires a whole building
for its operations.
DESKTOP SATELLITE DATA PROCESSOR
The Desktop Satellite Data Processor (DSDP) system (also referred to as the Next
Generation Desktop System) is being developed for extremely high performance
processing of telemetry data by utilizing VLSI ASIC’s, parallel architectures, and
pipeline data processing. The objective of the DSDP is to provide advanced low-cost
integrated ground system solutions for the acquisition of data from low-earth orbiting
satellites and delivering this data to users over standard commercial network interfaces
[1].
System Description
Conceptually, the DSDP can serve as a stand-alone telemetry processing system to
support a mission (shown in Figure 2.)
A spacecraft passing over a ground station will constitute a "session." The maximum
session period that can be handled by the DSDP will be a function of the input data rate,
the capacity and configuration of the storage subsystem, the network interface rate, and
the operational scenario being demonstrated. The DSDP will:
•
•
•
•

Receive modulated RF signals from the antenna/downconverter,
Perform all CCSDS AOS services (frame and packet processing),
Provide uplink processes, and
Output processed science and Internet data to a user network (Ethernet, ATM, FDDI,
Internet, others).

•
The DSDP Control Software is being developed in object-oriented design as a generic
software package. A graphical user interface enables the scheduling and control system
operations, monitoring system status, generating system quality and accounting reports,
logging system events, and data distribution.
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Figure 2. The Conceptual Operation
System Architecture
The system architecture is based on the PCI local bus and VLSI ASIC's that perform
frame synchronization, bit transition density decoding, Cyclic Redundancy Code (CRC)
error checking, Reed-Solomon error correction, data unit sorting, packet extraction,
annotation and other service processing. The Host System is a standard PC or workstation
that supports the PCI bus architecture and can process the data at 50Mbps to 150Mbps
sustained rate, depending on its CPU power.
The system architecture (Figure 3) provides a framework to integrate all system elements
necessary to provide project-specific functionality, while allowing for future performance
and functional upgrades. The DSDP consists of three AAA branch developed, custom
designed PCI bus modules, and integrated software running on a PC Windows NT
environment.
The Digital Receiver Card core engine consists of two identical AAA branch specialized
ASIC’s (the high-rate CMOS Digital Receiver Chip). The Digital Receiver Card receives
an IF signal and then performs BPSK or QPSK demodulation, Viterbi decoding, and bit
synchronization. The serial clock and data is then output via a 100K ECL interface to the
Return Link Processor Card.
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Figure 3. System Architecture
The Return Link Processor Card (RLPC) integrates three AAA Branch designed ASIC's
shown in Figure 3. The RLPC receives telemetry clock and data, and then frame
synchronizations occur according to a specified synchronization pattern and strategy.
Reed-Solomon error detection and correction is then optionally performed on the
synchronized frames. Data pieces are extracted from the frames and source packets are
reassembled. Data is then output, via Direct Memory Access (DMA), to the host memory
for storage to 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
the network.

Major Goals
DSDP's major goals are to:
• Prototype and demonstrate autonomous high-performance telemetry acquisition and
data processing.
• Develop the base set of functional reusable components.
• Develop custom hardware and control software portable to any PCI bus architecture.
• Commercialize components via technology transfer.
• Provide data process system performance to 150Mbps with a capability in the near
future to increase to 450Mbps.
APPLICATIONS
These technological innovations are the building blocks that allow for migration from the
bulk and expensive ground station computer systems to very versatile PC-based systems.
Previous data collection and analysis efforts involved the physical transfer of data to a
central site for processing, and analysis was performed on an overnight and multi-day
effort. Moreover, final analysis results are documented in a report published weeks or
months later [3]. Using new technological innovations, the ground station equipment will
be affordable and the data will be accessible to the largest possible user base as
distributed timely (seconds instead of days) over commercial networks and the Internet.
Multiple missions identified in Figure 4 will continue to push downlink data rates up to
300Mbps thus creating opportunities to reduce cost and provide more distributed ground
processing system for specific area research [4].
Technology Infusion Opportunities
Satellite System
Launch Downlink Rate
Multiple
Date
(Mbps)
Ground Stations
Earth Observer 1
1999
105
Possible
GATES (proposed)
1999
150-320
Yes
RADASTAT
2000
105
Yes
EOS AM
1998
150
Yes
ESSP's
2000-2010
?
Yes
ADEOS II
1999
60
Yes
U.S. RADASTAT
2000
105+
Yes

Figure 4 Possible applications

Earth Observation System (EOS)
The EOS constellation of remote sensing satellites in low Earth orbit is a cohesive
national effort to study Earth’s global change [6]. The first of these satellites is scheduled
to be launched this year. Each mission requires a number of CCSDS data systems for
various functions including data acquisition, compatibility testing, spacecraft simulation,
and data quality monitoring and spacecraft control. EOS's direct broadcast technology
will allow distributed ground terminals to receive and process data. End users who stand
to benefit from this capability include:
• Scientists require real-time data to conduct or validate field observations, to plan
correlative campaigns or to observe rapidly changing conditions in the field,
• Meteorological and environmental agencies that require real time atmospheric
analysis, storm and flood status, water temperature and vegetation stress, and
• International partners who require receipt of data from their high volume EOS
instruments at their own analysis centers.
DSDP systems will provide substantial savings in development, test and simulation,
maintenance and operations costs. Aside from producing state-of-the-art telemetry data
acquisition, capture, distribution and analysis for NASA centers, the system will be an
affordable educational tool able to provide regional science centers, institutes, and
universities the capability to examine real-time scientific data.
Advanced Internet Applications
Ambitious plans have been set forth for the next century, to place in orbit constellations
of several hundred LEO satellites for global broadband Internet communications. To that
end, a very large company has already expressed interest in hardware components and
processes implemented in the DSDP.
The aim is to enable high-quality voice, video, and other data communications from
anywhere on Earth [5]. According to the company: "On Day One of service, we will
enable broadband telecommunications access for businesses, schools and individuals
everywhere on the planet." This is the first proposed broadband LEO satellite network
that will compete with fiber terrestrial cable.
Technology Transfer
The advances in chip integration level and design tools discussed earlier will allow even
greater reduction in cost and size while increasing performance. With the technology
transfer program, all these innovations will be expanded even more and transformed to

other technologies. The market size for such innovations has the implications of
expanding exponentially by the turn of the century. In the foreseeable future, every
scientist will have the capability to examine scientific data at real-time at his or her
desktop and Internet access will be ubiquitous.
INNOVATIVE PROCESSES
Innovation is not just a single act of developing a new technique or a system, but rather, it
is a series of actions that form a process. Efforts to exploit these new technologies have
identified the need to develop an innovation process [2]. A process model is depicted in
Figure 5 to help the reader conceptualize the idea of a forward-acting process, which
leads to technological innovation.
At the same time, there are important factors that result in both information feedback and
monetary gains. Feedback is a very important mechanism, which tells us how our
projects are perceived. This helps us to select appropriate new innovative solutions and
necessary products for future space projects.
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Figure 5Processes
Technology innovation process in AAA Branch

Technology Development Strategic Planing
The use of costly, dedicated, mission-specific ground stations is becoming increasingly
difficult to justify. Therefore, the strategy for the past several years has been to focus on
the similarities of functional requirements across programs, rather than differences, using
Open Systems architectures. This new approach promotes cross-mission equipment
standardization and veers away from the traditional paradigms for spacecraft support. A

key part of this approach is the application of high density packaging technology to
integrate high performance, low cost elements that can be replicated for use in many
different space missions. Great savings can result from using common technology to
perform the same functions across missions through the integration and standardization
of equipment.
These strategies are in line with the NASA-wide management plan to design an
innovative observation and data management strategy. Such a strategy would provide
Earth scientists the necessary data to conduct intensive process-oriented research for EOS
Mission to Planet Earth (MTPE) and other scientific missions.
Multi-Mission Support
The individual elements of the Functional Component Architecture were engineered to
anticipate the requirements for a wide variety of spacecraft, including the International
Space Station Alpha, the EOS constellation, and many other missions.
Inter-operability
The adherence to Open System standards is an evident prerequisite for commercial
ground support equipment. Its broad range of performance and functional capabilities are
intended for use throughout a program’s development cycle: testing, integration, and
training through program operation. Testing includes the actual satellite testing during its
development, providing simulation environment for its onboard instruments. This testing
guarantees the satellite’s correct operation of its instruments when in orbit.
CONCLUSION
The quantum level increase in the amount of space mission data retrieval presents
considerable challenges to our analysis methods for technological innovations. This paper
has discussed implemented initiatives and pending initiatives within the GSFC AAA
Branch for improvement of our existing data retrieval and information dissemination
processes. It has introduced products that are engineered to provide cost-effective
solutions to the sophisticated, high performance telemetry processing requirements of
modern space missions. I would like to acknowledge that these technological leaps would
not have been possible without the many talented and resourceful individuals within our
organization who take state-of-the-art technologies of the future and utilize them to solve
today’s problems. I look forward to continued success as we help NASA meet the
challenges of tomorrow in Earth and space exploration.

“NASA is an investment in America's future. As explorers, pioneers, and innovators,
we boldly expand frontiers in air and space to inspire and serve America and to benefit
the quality of life on Earth.”
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TELEMETERY DATA COLLECTION FROM OSCAR SATELLITES
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ABSTRACT
This paper discusses the design, configuration, and operation of a satellite station built for
the Center for Space Telemetering and Telecommunications Laboratory in the Klipsch
School of Electrical and Computer Engineering Engineering at New Mexico State
University (NMSU). This satellite station consists of a computer-controlled antenna
tracking system, 2m/70cm transceiver, satellite tracking software, and a demodulator.
The satellite station receives satellite telemetry, allows for voice communications, and
will be used in future classes. Currently this satellite station is receiving telemetry from
an amateur radio satellite, UoSAT-OSCAR-11. Amateur radio satellites are referred to as
Orbiting Satellites Carrying Amateur Radio (OSCAR) satellites.
KEY WORDS
Satellite ground station, Satellite telemetry, Computer controlled antenna tracking system
INTRODUCTION
OSCAR satellites are designed and used by radio amateur operators to provide a valuable
expansion in amateur radio communications. The first amateur satellite, OSCAR 1, was
launched into space on December 12, 1961. OSCAR 1 consisted of a battery powered
transmitter with a single monopole antenna that transmitted for three weeks until the
batteries were depleted. During this time, the 2m very high frequency (VHF) beacon
transmitter broadcasted in morse code (CW) HI-HI at a frequency related to the internal
temperature of the satellite. Since the advent of OSCAR 1, a nonprofit company, the
radio amateur satellite corporation (AMSAT) has formed to support the amateur satellite
program through design, construction, launching, and operation of these OSCAR
satellites. OSCAR satellites have been allocated the following frequency use in the 2 m
and 70 cm bands (Table 1) by the World Administrative Radio Conference (WARC) [1].
Table 1: Frequency allocation for Amateur Satellites
Band(wavelength) Frequency Range (MHz) Band(frequency)
2m
144.000- 146.000
145 MHz
70 m
435.000- 438.000
435 MHz

Current telemetry formats for OSCAR satellites include: digitized speech, morse-code
(CW), RTTY, 1200 bits per second (bps) Audio-Frequency Shift Keying (AFSK) AX.25
packet, 1200 bps AFSK American National Standard Code for Information Interchange
(ASCII), 1200 bps Phase Shift Keying (PSK) 8 bit packet, 400 bps PSK ASCII, and 9600
bps Frequency Shift Keying (FSK) ASCII. For this project the 1200 bps AFSK ASCII
telemetry format was chosen as the format of telemetry to decode. By choosing to
initially decode telemetry from this satellite, a good foundation for a ground-station could
be developed in order to provide telemetry data collection from other OSCAR satellites.
The UoSAT-OSCAR-11 (UO-11) satellite uses a 1200 bps AFSK ASCII telemetry
format, which can be demodulated using a slightly modified Bell Type 202 modem.
Further discussion about the UO-11 satellite and the ground station will be discussed later
in this paper.
SATELLITE TRACKING
The majority of the OSCAR satellites are in a Low Earth Orbit (LEO), and have
eccentricities very close to 0, where 0 corresponds to a perfectly circular orbit. This
implies that the mean altitude of these satellites remains fairly constant as the satellite
passes from its nearest point to earth (the perigee point) to its farthest point from earth
(the apogee point). The orbital altitudes for the OSCAR satellites range from several
hundred kilometers to a few thousand kilometers above the surface of the earth. Table 2
provides information about UO-11 and its orbit [2].
Table 2: UoSAT-OSCAR-11 Specifications
Name:
Object #:
Launch date:
Period:
Increment:
Orbit:
Altitude:
Dimensions:
Weight:
Telemetry:
Downlinks:

UO-11
14781
March, 1 1984
99 minutes
24.6 degrees west / orbit
Polar LEO
680 km (423 miles) average
58.5 cm (23 in.) x 35.5 cm (14 in.) x 35.5 cm (14 in.)
60 kg (132 lbs.)
1200 baud Frequency Modulated (FM) AFSK
145.825 MHz (2 m)
435.025 MHz (70 cm)
2401.5 MHz (S-Band)

In order to track the satellites from the ground station, the exact location of the satellite
relative to the ground station location needs to be known. The three parameters, needed in
order to track a satellite are: time, azimuth, and elevation. Ground tracking provides a

graphical representation of the satellite’s orbit onto the earth’s surface. From this, the
satellite’s location over geographical regions can be seen and the satellite’s visibility and
contact times can be determined. In order to provide satellite ground tracking, several
computer programs were used throughout the project. These included Satellite Tool Kit
4.0, WinOrbit 3.4, and WiSP’s GroundStation Control. Satellite Tool Kit 4.0 and
WinOrbit 3.4 were used strictly for satellite orbital prediction and display, where the
WiSP package is used currently in the project to provide additional support for
interfacing with the antenna rotor controllers and radio transceiver. A typical orbit for
UO-11, showing its ground track and coverage area, can be seen in Figure 1. The
computer packages used for ground tracking determine the satellite’s position from the
mean orbital elements. These elements contain the following information about the
satellites orbit: inclination angle, eccentricity, right ascension of the ascending node,
argument of perigee, mean anomaly, and the mean motion. The standard format for this
information is given in the North American Air Defense Command (NORAD) 2 line
element format, a similar format used by AMSAT is known as the Keplerian elements.
Updated versions of these elements and more information about this format may be
downloaded from the internet using the following address:
http://www.amsat.org/amsat/keps/menu.html
Figure 1: Ground track showing coverage area of UO-11

The WiSP GroundStation Control program is available for amateur radio use and must be
registered with AMSAT. From the ground track, the coverage area of the satellite can be
seen along with its next orbital period. The bottom of the screen provides the satellite’s
latitude, longitude, height, mean anomaly, and its next pass over the ground station. Also
shown is the azimuth, elevation, and range of the satellite with respect to the ground
station location.

Due to the visibility time of the typical OSCAR satellite in a LEO, the average time the
satellite is visible from the ground station is approximately 15 minutes. Since these
satellites move fairly quickly across the sky, the azimuth and elevation of the satellite
relative to the ground station will change at a high rate. As will be discussed later in this
report, the use of high gain antennas requires that the antennas track the satellite as it
moves across the sky. In order to point the antennas at the satellite, the use of azimuth
and elevation rotors were used and will also be discussed later in this report. Interfacing
the computer tracking program with the antennas requires that the computer tracking
software know where the antennas are pointed, and has the ability to move the antennas
to point at the satellites. The Kansas City Tracker (KCT) provides the proper interface
between the computer tracking software and the antenna rotor controller. The Yaesu G5400B rotor controller provides analog voltage values to show the current position of the
antenna array. The KCT digitizes these values in order to keep track of the position of the
antennas. The KCT also comes with a tuner function that can be used to help compensate
for the Doppler shift due to the high velocities of the satellite. The amount of Doppler
correction needed is calculated from the computer-tracking program. This information is
then sent to the serial port of the transceiver via a shielded two conductor cable. Once a
satellite pass is loaded on the computer-tracking program, the antenna tracking and
Doppler correction is completely automated. This is most useful on LEO digital satellites
where the satellite passes are short and require large amounts of antenna tracking and
frequency tuning. Figure 2 shows the satellite ground station control center.
Figure 2: Satellite ground station control center
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The antenna rotors required for the project had to meet the following qualifications:
ability to move the antennas 360 degrees in the azimuth and 90 degrees in elevation, be
strong enough to handle the antennas during high winds, and have the ability to be
interfaced to a computer. The Yaesu G-5400B azimuth and elevation rotors along with its
controller meet all the above requirements. An external 8 pin DIN control jack provided
on the back of the antenna controller provides the needed analog outputs and inputs
needed for computer control.
The Kansas City Tracker / Tuner (KCT/T) is an 8-bit ISA PC board with its own DB25
port that is used to control the antenna rotor controller and radio transceiver. The KCT/T
interfaces with the WiSP program by using the tracking and Doppler shift information
obtained from WiSP, and provides the proper output controls to the antenna controller
and radio transceiver. Five outputs are provided by the KCT to control the antenna
controllers left/right, up/down, and brake inputs. The KCT DB25 connector is attached to
the Yaesu G-5400B controller via a 8-pin DIN plug
The Kansas City Tuner contains added components on the KCT/T board which are used
to control the radio transceiver to correct for Doppler shift. The amount of Doppler shift
seen from a typical LEO satellite with a beacon frequency on the 2m band is
approximately 3.6 kHz above that of carrier frequency during the beginning of the pass.
At the end of the pass, there will be the same amount of Doppler shift, but this time it will
be lower than the carrier frequency. The DB25 connector on back of the KCT/T board is
interfaced to the CI-V serial interface on the Icom 821-H radio transceiver to provide the
proper control signals to tune the frequency of the transceiver throughout the pass.
RECEIVING ANTENNAS
The use of a directional antenna adds to the complexity of the project in several ways.
These include: a location for mounting such antennas, increased cost, and the acquisition
of required hardware needed in controlling the antennas. With the added complexity of
having to track the satellites with the antenna during the pass, in addition to correcting for
the Doppler-shift, the need for computer automation becomes more apparent. Due to the
nature of satellites, the receiving ground station often uses antennas that are circularly
polarized. As RF waves propagate through the atmosphere, the polarization of the waves
become distorted due to atmospheric effects, such as that of the earth’s magnetic fields.
The desired gain of the antennas for both the 2m and 70 cm bands needed to be around 13
dB. The KLM large OSCAR set consists of a 2m and 70cm crossed Yagi-Uda antennas
providing circular polarization, polarity switches for both antennas, and a fiberglass
cross-boom for mounting the two antennas. Table 3 list the antenna specifications.

Table 3: KLM Antenna Specifications
2M-22C
Bandwidth (spec.) 144-146 MHz
Bandwidth (usable) 144-148 MHz
Polarity
LHCP/RHCP
Gain
13 dBdC
Beamwidth
34 degrees
Feed impedance
50 Ω, unbalanced
Boom length
19’1”

435-40CX
420-440 MHz
410-450 MHz
LHCP/RHCP
15.2 dBdC
25 degrees
50 Ω, unbalanced
14’7.5”

ANTENNA SUPPORT STRUCTURE / CABLE
The roof of the Thomas and Brown Electrical Engineering building at NMSU was
selected for the antenna location. Since the Center for Space Telemetering and
Telecommunications laboratory is located on the third floor, this location provided for
access to the roof. The roof is flat and covered in small roofing rocks. Due to the high
winds seen in southern New Mexico in the spring, careful consideration was given to the
wind load handling capabilities of the antenna structure. The antenna mounting structure
was designed to handle wind velocities up to 86 mph with a safety factor of 200%. Due to
the fact that the roof was covered in rocks, the challenge of not having something
physical to mount the antenna structure became apparent.
A tower that would support the vertical mast for the antennas was purchased from Glenn
Martin Engineering. The legs of the tower are bolted to (4) 2” x 2” x 1/8” x 10’ angle iron
that runs out radially from the base of the tower. Cement blocks placed on top of the
angle iron provided the needed amount of down force required to prevent the antenna
structure from being blown over. A separation kit was installed to the Yaesu G-5400B
rotors that allowed for the separation of the azimuth and elevation components of the
rotor. This provided the advantage of placing the azimuth rotor inside the base of the
tower, and the elevation rotor on top of the vertical mast. This also provided a lower
center of gravity for the antenna structure eliminating 10 pounds from the top of the
structure. A thrust bearing was installed that supports the vertical mast at the top of the
tower. This particular component provides extra support and extends the life of the
azimuth rotor. Figure 3 shows the crossed Yagi-Uda antennas along with its support
structure.

Figure 3: Crossed Yagi-Uda antennas and support structure

DECODING UoSAT-OSCAR-11 TELEMETRY
The UoSAT-OSCAR-11 satellite uses 1200 baud Audio Frequency-Shift Keying (AFSK)
modulation with tones of 1200 and 2400 Hz on its 145.825 MHz beacon for telemetry.
This modulation data type may be demodulated with a slightly modified Hamtronics DE202 demodulator. This demodulator is based on the Exar XR-2211 FSK demodulator /
tone decoder. The modifications were necessary since the demodulator was designed to
operate using tones of 1200 and 2200 Hz. The phase locked loop center frequency was
changed from 1700 Hz to 1800 Hz. Other suitable demodulators include a modified Bell
Type 202 modem, a BAYCOM type modem, or the popular G3RUH demodulator
designed by James Miller [3],[4]. The Bell Type 202 modems require that the data bits be
inverted before sending them to the computer’s RS-232 port. The AFSK demodulator
uses the audio output of the transceiver as its input. The audio output is taken directly
from the detector in order to avoid added distortion from the audio amplifier. Figure 4
shows a received telemetry frame from OU-11 obtained via the ground station.

Figure 4: UoSAT-OSCAR-11 ASCII telemetry frame
UOSAT-2

9804232225040

00257001333202247303441204040005028F06014307039D08034F09027C
10499511308B12000313053414161315584D16183D17431018433D19488C
20497821221222645723000124000625000726085927449C28461929455F
30499731026632275133570234000735225336278837391F38431D39462A
40737741095942628A43055744153745000146000247443048461F494292
50517651117352631353271254668955579B56170557451258388E59452F
60A2A4615FC1624145633350644402651E0C6607E967F00E68000E69000F

The header states the satellite’s name and time which the telemetry frame transmitted.
UoSAT-11 is also known as UoSAT-2 and UoSAT-B since it was the second amateur
satellite built from the University of Surrey. The time stamp 9804232225040 may be
decoded to give the date and time of transmission as:
Date: 04-23-98
Day: 2 = Tuesday
Time: 22:50:40 UTC
Each major frame contains 70 channels of data. The first 59 contain analog data while the
remaining 11 channels contain the reporting of 96 status points. Taking the first line of
telemetry data in Figure 4 we have:
00257001333202247303441204040005028F06014307039D08034F09027C

The above minor frame shows analog channels 00 through 09 in which the channel
numbers are underlined, along with their hex data values which are in bold typeface. The
value following hex data is the checksum. To verify that the hex data value of 257 for
channel 00 was most likely received correctly we will exclusive-OR (XOR) the data
value with 0 hex as illustrated below to verify that the result equals that of the checksum
value, 0 hex.
257 (hex) = 0010 0101 0111 (binary)
0000 XOR 0010 à 0010
0010 XOR 0101 à 0111
0111 XOR 0111 à 0000 = checksum value
The checksum value here of 0 hex is equal to the checksum provided in the telemetry
data for channel 00. The data received for channel 00 was most likely received properly.

Decoding channel 00: Y – directed solar array current
Hex data: 257
Checksum: 0
From Appendix H: I = 1.9(516 – N)mA
I = 1.9(516 – 257)mA = 492.1 mA
Decoding these channels by hand is a good exercise, but the use of programs written to
decode this telemetry is much more time efficient. Programs such as TLM2.EXE by
Craig Underwood of the University of Surrey, and U2TM which is coded in BBC basic,
can be used to decode the ASCII telemetry from UoSAT-11. Currently U2TM is being
used to decode the telemetry. Telemetry decoding programs and further information on
UO-11 can be found at G3CWV amateur radio and satellites home page [5].
CONCLUSIONS
The satellite ground station is currently in full operation. Satellite passes from UO-11
have been successfully received several times per day collecting telemetry on each pass.
The operation of both the station’s software and hardware have been extremely reliable.
Due to the fact that the satellite station is fully automated, collecting telemetry is easily
managed. Although the satellite station is currently gathering telemetry from UO-11, with
the addition of a DSP modem all of the OSCAR satellites could be decoded. With the
DSP modem, demodulation becomes a matter of software rather than physical hardware.
The availability of the AEA 2232 DSP modem manufactured by Timewave Technology
Inc. was delayed due to the company’s backorder time of several months. By mid
summer 1998 a new AEA DSP modem, model number 2232 ZX, is to be released with
increased capabilities. Furthermore, this satellite ground station should not be limited to
that of OSCAR satellites. Any satellite that operates in the 2m or 70 cm frequency band
limits as given in Table 1 may be received.
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ABSTRACT
Airborne instrumentation used during flight tests is being installed and maintained in a
unique way by operational bomber testers from the Air Force’s 53d Wing. The ability of
the flight test community to test on operational aircraft has always been somewhat
curtailed by the need for advanced forms of instrumentation. Operational fighter flight
test squadrons have aircraft assigned to them, which they modify on as needed basis,
much the same as developmental testers. However, bomber operational test units must
use operational aircraft to accomplish their mission as there are no bombers in the Air
Force’s Air Combat Command (ACC) specifically set aside for operational tests. During
test missions, these units borrow aircraft from operational bomb wings, and then return
them to service with the bomb wing after testing is complete. Yet, the requirement for
instrumentation on these test missions is not much different than that of developmental
testers. The weapon system engineer’s typically require Mil-Std-1553, video, telemetry,
and Global Positioning System (GPS) Time-Space-Position-Information airborne
receiver recordings. In addition, this data must be synchronized with an IRIG-B time
code source, and recorded with the same precision as the data gathered during
development test and evaluation (DT&E). As a result, several techniques have been
developed, and instrumentation systems designed for these operational test units to
incorporate instrumentation on operational aircraft.
Several factors hamper the usual modification process in place at bases such as Edwards
AFB and Eglin AFB. Primary among these is the requirement to maintain the aircraft in
an operational configuration, and still meet all of the modification design safety criteria
placed on the design team by the aircraft’s single manager. Secondary to the list of
restrictions is modification time. Aircraft resources are stretched quite thin when one
considers all of the bomb wing’s operational commitments. When they must release an
aircraft for test missions, the testers must insure that schedule impacts are minimal.
Therefore, these systems must install and de-install within one to two days and be
completely portable. Placing holes in existing structures or adding new permanent
structure is unacceptable. In addition, these aircraft must be capable of returning to
combat ready status at any time.

This paper centers on the B-52 bomber, and the active aircraft temporary modifications
under control of the 49th Test Squadron (49 TESTS) at Barksdale AFB in Louisiana. The
B-52 presents unique design challenges all its own, in addition to the general restrictions
already mentioned. This paper will present the options that the 49 TESTS has
successfully used to overcome the aforementioned restrictions, and provide an
appropriate level of specialized instrumentation for its data collection requirements.
KEYWORDS
B-52, airborne instrumentation, operational, bomber, BADAS, BAVRS, ARDS, IRIG-B,
telemetry, OT&E, GPS TSPI, Mil-Std-1553, IOT&E, FOT&E
INTRODUCTION
The 49th Test Squadron (49 TESTS) at Barksdale AFB in Louisiana is home to several
bomber operational test programs. Primary among these are the Nuclear Weapon System
Evaluation Program, the bomber portion of the Air to Ground Weapon System
Evaluation Program, and initial operational test of the Joint Direct Attack Munition and
the Wind Corrected Munitions Dispenser. The squadron is an Air Combat Command
(ACC) unit tasked to support and conduct operational testing from all three Air Force
bombers. The squadron’s main focus is on the B-52 with additional testing being
conducted on the B-1 and B-2. To accomplish its mission, the 49 TESTS must use
operational bombers as there are no test coded bombers in ACC.
The weapon system engineers at the 49 TESTS require much of the same data collected
on test coded aircraft (Mil-Std-1553, video, GPS TSPI, and telemetry). These operational
aircraft must be modified to include specialized instrumentation much the same as any
test coded aircraft would. However, several factors hamper the usual modification
process used at the developmental test centers. Primary among these is the requirement to
maintain the aircraft in an operational configuration, and still meet all of the safety of
flight design criteria established by the aircraft’s single manager. Secondary to the list of
restrictions is modification time. Aircraft resources are stretched quite thin when one
considers all of the bomb wing’s operational commitments. When the bomb wing
releases an aircraft for test missions, the testers must insure that the schedule impact is
minimal. Therefore, these systems must install and de-install within one to two days and
be completely portable. Placing holes in existing structures or adding new permanent
structure is unacceptable. In addition, these aircraft must be capable of returning to
combat ready status at any time.
The 49 TESTS instrumentation flight is responsible for both weapon telemetry payload,
and aircraft instrumentation installation and checkout, while the engineering flight
provides design expertise. This paper centers on the installation and operation of the 49

TESTS airborne instrumentation on the B-52 bomber. The squadron’s current
modifications include Mil-Std-1553 data recording using the Bomber Airborne Data
Acquisition System (BADAS) and video recording using the Bomber Airborne Video
Recording System (BAVRS). The squadron will continue to expand its capabilities by
introducing Global Positioning System (GPS) Time-Space-Position-Information (TSPI)
and airborne telemetry recording later in 1998. All instrumentation is designed and
procured by the 49 TESTS with some additional help from the 412 Test Wing at Edwards
AFB.
OPERATIONAL BOMBER TEST
The 49 TESTS conducts operational test and evaluation of the Air Force’s bomber fleet
from Barksdale AFB. These tests include Follow-On Operational Test and Evaluations
(FOT&Es) of hardware/software modifications, support of Initial Operational Test and
Evaluation (IOT&E) of new hardware/software, Tactics Development and Evaluation
(TD&E) of the B-52, and support of Foreign Materiel Exploitation (FME) testing with
the B-52. Tests are conducted both at Barksdale AFB in Louisiana and Minot AFB in
North Dakota. Therefore, any system must be designed to be easily shipped between
bases.
At the start of each new test program, a lead weapon system engineer is designated to
determine test requirements. From these requirements, a list of required data parameters
is generated. This list of parameters is handed off to the lead instrumentation engineer to
determine instrumentation requirements. Thus far, the squadron’s instrumentation section
has been tasked to record Mil-Std-1553, video displays, and is currently being tasked to
record GPS TSPI and telemetry on the aircraft during flight.
Typically, an aircraft is borrowed from the bomb wing 72 hours prior to the mission.
Within that time, the aircraft must be loaded with the test weapons, instrumented, and
prepared for flight. Typical modification time is 12 hours using three people. With the
addition of the GPS TSPI and telemetry recording, this time is expected to extend to 24
hours using three people.
The B-52 system program office, the B-52’s single manager, establishes safety of flight
criteria for the modification process. The most restrictive of these, the crash loading
criteria, requires any system to withstand a forward and upward G-loading of 16 Gs.
While the B-52’s cockpit may seem full of ample space, this requirement alone
eliminates most structures that could be used as tie-down points. Further, the aircraft’s
readily available electrical connectors do not provide enough current to run most
instrumentation systems. Lastly, crew egress is always a concern. Therefore, a concerted
effort was made to reduce the amount of floor space taken up by our instrumentation
systems to allow crew egress to be completed quickly in case of emergency. With these

criteria in mind, the 49 TESTS engineers began an extensive design effort to produce
Mil-Std-1553 (BADAS) and video (BAVRS) recording capabilities.
BOMBER AIRBORNE DATA ACQUISITION SYSTEM
Proper evaluation of the B-52H weapon system requires the collection of all the Mil-Std1553 avionics bus data. The avionics data is only available from avionics bus recorders
temporarily installed on the aircraft. The Bomber Airborne Data Acquisition System
(BADAS) using a MARS-II data recorder can reliably record all Mil-Std-1553 avionics
bus data. This data contains the basic flight parameters engineers use to evaluate a
weapon system such as navigation parameters. The BADAS is a palletized system
designed to meet the instrumentation requirements of the B-52H test community.
Additional space was left for future expansion of data collection capabilities such as
telemetry recording.
The BADAS pallet is designed to be equipped with one MARS II storage module, one
MARS II electronic module, one power control unit, and one time code generator. The
MARS II data recorder, produced by Metrum-Datatape Inc., is capable of bulk recording
all Mil-Std-1553 avionics data as well as Pulse Code Modulation (PCM) data. The
MARS II electronic module is used to interface with the 1553 bus traffic originating from
the Offensive Avionics System (OAS). The MARS II storage module digitally encodes
the 1553 traffic and records it on a digital linear tape cartridge. Currently, the 49 TESTS
uses the DATUM model 9150 time code generator to produce IRIG-B time. This time is
input to all recording devices. The 49 TESTS is evaluating Datum’s GPS time code
generator model 9390-3000 for future use. This time code generator will take advantage
of a GPS antenna mounted in the B-52’s sextant port to provide GPS quality time code in
an IRIG-B format. The new time code generator will mount in the existing bracket using
a modified plate configuration.
Four different mounting brackets attach the system to the aircraft (see figure 1). These
brackets interface with existing aircraft structure, thus no holes are drilled or structures
created. The power control box and time code generator mount on the bunk rails. The
MARS-II components mount on the floor adjacent to the bunk with attachments to the
side of the bunk. This mounting scheme provides easy access for the operator and a
significant margin of safety for the crew in a crash environment. BADAS installation,
maintenance and operation is accomplished by 49 TESTS personnel, thus reducing the
impact on aircrew and maintenance personnel. All of the controls are easily accessible to
any member of the aircrew, and the main power switch is guarded to prevent inadvertent
operation. Currently, operation of the system requires the operator to be in the crew bunk
area. However, a new addition to the design will permit the operator to remain seated in
the gunner’s seat for all operations except tape changes.

All of the units could not be placed on the bunk due to the crash loading design criteria.
Installation of the floor mounts and associated equipment (MARS II storage and
electronic modules) requires the panels on the front side of the bunk to be removed and
the clamping mounts to be attached to the structures under the bunk. Equipment placed
on the bunk (time code generator and power control) is clamped to the bunk rails.
Avionics bus connections from the MARS II electronic module are routed to the lower
crew area through an existing hole in the floor on the starboard side of the aircraft,
forward of the Electronic Warfare Officer's (EWO) seat. All connections to the OAS
1553 buses are made to couplers in the lower crew area. All cabling is maintained in the
crew bunk area except for the bus connection cables. These cables are run across the floor
of the upper deck of the B-52 under a kick plate, which attaches to existing ditching
hammock mounts.
Power for the BADAS originates from the Electronic Counter Measures nose test circuit
breaker located on the left load central circuit breaker panel positioned above the bunk. A
12 gauge wire is routed from the breaker through an existing hole at the bottom of the
circuit breaker panel to a pilot instrumentation power switch located next to the aircraft
commander, and then to the J1 connector of the power control module mounted on the
bunk. The pilot instrumentation power switch provides an emergency “kill” switch for
the aircraft commander, allowing isolation of the BADAS from the aircraft’s systems.
The pilot instrumentation power switch is mounted to the left of the aircraft commander
using existing zeus fasteners. This circuit provides 25 amps of current at 28 volts DC and
15 amps of current at 115 VAC / 400 Hz. The BADAS draws a maximum of 9 amps of
DC current. Once power is applied to the power control box, this module serves as the
distribution box for all instrumentation systems. The control box provides a visual
indication of power application for master power and each instrumentation system. The
control module also provides discrete control of the MARS II recorder and indication of
some faults via the J3 and J5 connections. The MARS-II also provides an RS-232 control
option. By using a laptop computer and a program provided by Metrum-Datatape, the
operator can monitor the status of the MARS unit without affecting the record function.
A picture of the BADAS installed on a B-52 is shown in Figure 1.

Figure 1
BADAS in the B-52
BOMBER AIRBORNE VIDEO RECORDING SYSTEM
Proper evaluation of the B-52 weapon system requires the collection of several video
signals, which are normally displayed to the aircrew during flight. The Airborne Video
Tape Recorder (AVTR) system currently used on the B-52 (Time Compliance Technical
Order 1B-52-2392) records only one of the four available video sources (Terrain
Avoidance (TA), Multi-Function Display (MFD), Electro-Optical Viewing System
(EVS), and AGM-142) on a half-hour ¾ inch tape. The TA video contains a display for
the pilot to monitor during TA operations. The MFD video displays aircraft parameters to
the navigators. The EVS video displays low light television and forward looking infrared
video to the navigators. The AGM-142 video displays the real-time seeker video from the
AGM-142 standoff missile. During special test flights, two or three video sources must
be recorded for accurate data collection. A current T-2 aircraft modification allows the 49
TESTS to install a second AVTR and a specialized dual remote control unit to capture
two video signals. This method of recording has several shortcomings, including
installation time and a limited recording time per tape. The Bomber Airborne Video

Recording System (BAVRS) provides a three video signal recording capability on the B52 using existing hardware and a specially configured triple deck recorder manufactured
by TEAC America Inc.
The BAVRS is installed in the current mounting for the AVTR, next to the navigator's
position. This procedure removes and replaces the AVTR with the TEAC triple deck.
With the triple deck mounted in this position, the navigator is able to operate the discrete
controls for the BAVRS and change tapes without unstrapping from his/her seat. The
TEAC Triple Deck Recorder (TEAC part number V83AB-F973), which uses a Merlin
Scan Converter internal to the unit, is a form, fit, and functional replacement of the
AVTR currently used on the B-52. The Merlin scan converter allows the B-52’s 875 scan
line RS-343 video format to be converted to 525 scan line RS-170 video. Once recorded
on, the videotapes can be taken to any 8mm videocassette recorder and viewed.
Additionally, TEAC has produced a video time insertion chip, internal to the recorder,
which places an IRIG-B time stamp on the video. This option is currently being evaluated
by the 49 TESTS. A new remote control unit (RCU) to control the video source input to
the recorder was fabricated by the 412 TW at Edwards AFB. This unit allows the
navigator to select any three video sources for recording on the triple deck. Control is
provided by a TEAC remote control hand held unit (TEAC part number VS83-F)
attached to the triple deck via a RS-422 interface. The power control box mentioned in
the BADAS section is used to deliver power to all the units.

Figure 2
Existing AVTR Mounting

The BAVRS was designed to meet our present video recording requirements. This design
was intended to provide an easily accepted mounting scheme for the BAVRS without the
need for extensive construction. The mounting is rated to hold the TEAC triple deck as it
is lighter than the original AVTR. The TEAC triple deck has been fit-checked in a B-52
and exactly fits in the same mounts as the AVTR. Therefore, no modification is required
to the mounting scheme. The only new construction required is cabling. Alternatively,
should requirements dictate, the triple deck can be mounted to the side of the bunk or to a
specially designed pallet placed behind the EWO’s. Both mounts take advantage of
existing hardware and are quick modifications to the plane.
The BAVRS draws a maximum of 2.5 amps of DC current from the power control box
mentioned in the BADAS section. Power is then routed through a 22 gauge wire to the
TEAC triple deck from the J12 connector on the power control box through the opening
on the starboard side of the aircraft forward of the EWO’s seat, and into the J3 connector
of the TEAC triple deck. Control of the TEAC triple deck will be accomplished using the
VS83-F TEAC remote control unit. This unit, connected to J2 of the triple deck provides
such controls as record, stop, and rewind for the operator. It is mounted using existing
zeus fasteners either downstairs near the navigator, or upstairs at the gunner station for
the flight test engineer.
The RCU is installed by removing the existing aircraft RCU, which only provides one
channel of video. Video signals are routed to the RCU using existing aircraft cables.
Audio signals and IRIG-B time is routed directly to the triple deck’s J-1 connector.

Figure 3
TEAC Triple deck

THE FUTURE
The 49 TESTS requirements for GPS TSPI and telemetry recording on board the B-52
have yet to be addressed with an approved aircraft T-2 modification. The fact finding
process has been concluded and preliminary designs are complete. The system will
leverage off existing structures and electrical connections.
The GPS TSPI requirement is to be fulfilled by the Range Application Joint Program
Office’s (RAJPO) Advance Range Data System (ARDS). The full rate production plate
version of this system will mount on the front of the bunk similar to the MARS-II
modules in a stacking fashion. The GPS antenna used for the time code generator will be
split to provide GPS signals to both the ARDS and the GPS time code generator. The
ARDS datalink will be transmitted through a second antenna mounted on the underside
of the aircraft in place of one of the aircraft’s electronic counter measures antennas. This
routing requires a transmission line to be run through a bulkhead penetration point. This
system provides differential GPS accuracies with an on-board recording and status
monitoring capability. Power is provided by the power control box.
The telemetry requirement is being filled by L3Com’s CAR-810 receiver and ABS-400
Bit synchronizer. These modules will be mounted to the exterior of the power control box
providing receipt of both L and S-Band telemetry in-flight. The bit synchronizer also
provides a PCM decommutation function allowing the signal to be recorded on the
MARS-II recorder. Power will be provided by the power control box. Separate L and Sband antennas will be used to receive the telemetry.

CONCLUSION
Airborne instrumentation used during flight tests is being installed and maintained in a
unique way by operational bomber testers from the Air Force’s 53d Wing. The ability of
the flight test community to test on operational aircraft has always been somewhat
curtailed by the need for advanced forms of instrumentation. Operational fighter flight
test squadrons have aircraft assigned to them, which they modify on an as needed basis,
much the same as developmental testers. However, bomber operational test units must
use operational aircraft to accomplish their mission as there are no test coded bombers in
ACC. During test mission, these units borrow aircraft from operational bomb wings and
return them to service with the bomb wing after testing is complete. Yet, the requirement
for instrumentation on these test missions is not much different than that of
developmental testers. The weapon system engineer’s typically require Mil-Std-1553,
video, and telemetry, and GPS TSPI airborne receiver recording. In addition, this data
must be synchronized with an IRIG-B time code source, and recorded with the same
precision as the data gathered during development test and evaluation (DT&E).

To address this need, the 49 TESTS designed two modifications. The BADAS serves as
the squadron’s Mil-Std-1553 data collection tool, while the BAVRS fills the squadron’s
need for video data collection. Future plans call for the addition of GPS TSPI and
telemetry recording. Combined, these capabilities are being used on a daily basis by the
49 TESTS to meet the challenge of operational bomber testing now and in the future.
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ABSTRACT
Instrumenting the operational B-2 Strategic Bomber presents some unique problems. For
example, the requirement to remain operational dictates that the aircraft must retain its
stealth characteristics. This means traditional antennas cannot simply be attached to the
airframe. A solution to this problem is an antenna designed with stealth, or Low
Observable (LO), attributes. Stealth is not an absolute; it is relative. Therefore, antenna
design becomes a balancing act between the LO relativity, antenna directivity, and
antenna gain. Weapons testing is an additional concern, where instrumented ordinances
transmit data that must be monitored real-time prior to launch. Stealth vehicles must carry
weapons internally, restricting the Radio Frequency (RF) transmission of telemetered
data from the weapon. With the development of future stealthy conveyances, such as the
F-22, Joint Strike Fighter (JSF), ground, and ocean-going craft, these concerns will
become even more prevalent.
KEY WORDS
Stealth, B-2, Operational Testing, Low Observable Antenna, and Weapons Testing.
INTRODUCTION
The United States Congress has mandated that major Air Force weapon system
procurements like the B-2, be independently tested in operation. To this end, the Air
Force Operational Test and Evaluation Center (AFOTEC) was formed. The B-2 Test
Team (Detachment 8 of the 79th Test and Evaluation Group, part of the 53rd Test Wing
headquartered at Eglin Air Force Base, Florida) was chartered by AFOTEC to perform
operational testing of the Spirit B-2 Stealth Bomber. The Test Team is stationed with the
509th Bomb Wing (operators and maintainers of the B-2) at Whiteman Air Force Base,
Missouri.

The original B-2 test concept called for operational testing of selected airframes. Due to
the complexity of the system and the limit of 20 production aircraft, down from the
inceptive 132, almost all aircraft are now being modified, by Time Compliance Technical
Order (TCTO), to accommodate operational instrumentation systems.
One of the primary requirements of testing an operational weapon system is that it must
remain operational while instrumented. In other words, it must retain all design integrity
to remain capable for war. For example, dual-redundant buses cannot be routed in the
same harness assembly, since this would cause susceptibility to a single failure point.
Additionally, any modification made to the aircraft must be temporary. The aircraft must
be returned to its production configuration when testing is complete. So, performing
permanent alterations on the weapons system (i.e. drilling holes) is prohibited unless a
TCTO (a permanent and very costly post-production modification procedure) is
accomplished. Finally, in the event of an emergency, a temporary instrumentation
modification must have a “Master Power” switch, for a crewmember to turn off all power
to the temporary equipment.
There are several issues to consider when temporarily modifying a stealth vehicle for
operational tests. Many are the same concerns with any operational vehicle. For instance,
hardware mounting location, cable routing through pressurized bulkheads, aircraft system
integration, and power interfacing. With a stealth vehicle, there is the additional concern
of stealth itself. The term stealth, in the context of this paper, is concerned with the Radar
Cross Section (RCS) of the aircraft. To maintain operational readiness, changing RCS
must be minimized as much as practical, if not completely eliminated. Any modification
to the exterior of the vehicle affects RCS to some degree. There are several methods to
reduce RCS.
B-2 OPERATIONAL TESTS AND CONSIDERATIONS
Currently, there are three temporary test rack systems for B-2 operational tests. All three
mount inside the crew compartment of the bomber. They are constantly evolving to
support new tests; provide more accurate data; and reduce the impact of installation,
maintenance, operational interference, and removal. The three existing systems are (1)
Airborne Instrumentation System (AIS), (2) Range Instrumentation System (RIS), and (3)
Weapons Re-radiation System (WRS). Each of these systems has been designed and
enhanced to decrease impact to the B-2’s LO stealth characteristics and LO maintenance.
Airborne Instrumentation System. The B-2 Bomber is a fly-by-wire aircraft; therefore,
all the control and monitoring functions are electronic signals. These signals are
transferred between the aircrew, Line Replaceable Units (LRU), aircraft systems, and
back to the crew via several dual-redundant MIL-STD-1553B buses.

The AIS was designed to “tap” into and record these buses thereby giving engineers a
vast amount of data for analysis. The AIS (see block diagram) consists of two subsystems, a Data Acquisition Recording System (DARS) and a crew compartment
video/audio capture system. The DARS taps into six of the dual-redundant MIL-STD1553B buses and records them in bulk onto an Ampex Model 107 Digital Cartridge
Recording System Incremental (DCRSi). DARS also has a Global Positioning System
(GPS) receiver for Time Space Position Indicator (TSPI) that is recorded on the DCRSi.
A Teac Hi-8 triple-deck video recorder captures video through up to three miniature
cameras and captures audio from the crew communication system. Finally, AIS has a
time code generator for IRIG B time tagging both the DCRSi and video/audio tapes. This
time tagging allows precise correlation between the two mediums during post-mission
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analysis. After post-processing the data tapes, analysts can accurately scrutinize the
different aircraft systems’ performance. The Control Display Unit, Control Display
Panel, and Video Control Panel mount in the console of the jet giving the crew access to
system operation and instrumentation equipment status. A “Master Power” shut-off (not
shown in the diagram) is also installed in the crew compartment.
One way of reducing RCS on the B-2 is the smooth curvature of the exterior surface on
the aircraft. The original GPS antenna for AIS protruded from the B-2, seriously
influencing the aircraft’s LO characteristics. The antenna required over 60 hours of LO
maintenance to restore the bomber to operational status after a test mission. This problem

was overcome by using a splitter to tap into the transmission line of the aircraft’s existing
production GPS antenna thus eliminating RCS impact and LO maintenance.
Range Instrumentation System. RIS is used during missions that measure the
“stealthiness” of the aircraft. This type of mission requires real-time monitoring by a
ground station as well as a way of tracking the precise position of the aircraft. This
system is re-programmable and therefore very versatile. It is currently used for a variety
of mission profiles.
The RIS (see block diagram) has a Multiple Data Bus Monitor (MDBM) that is
programmed to extract selective data words from up to four dual-redundant MIL-STD1553B buses. These extracted words are modulated and telemetered on an S-Band carrier.
This provides a real-time performance analysis of systems’ statuses. For backup
purposes, the extracted words are also recorded on a Multi-Application Record/reproduce
System (MARS II) digital cassette tape recorder onboard the aircraft for post-mission
analysis. To aid in locating the exact position of the aircraft by the ground station, the
RIS also has a C-Band transponder. The ground station has an interrosponder to
interrogate the aircraft by transmitting a unique series of “pings”. The transponder
responds by answering with its own unique series. A C-Band antenna is installed on the
lower front of the aircraft. For near omni-directional purposes, the C-Band signal is split
and also sent to an antenna on the upper aft part of the aircraft. The Control Display
Panel, mounted in the console gives the crew access to system operation and
instrumentation equipment status. A “Master Power” shut-off (not shown in the diagram)
is also installed in the crew compartment.
For telemetry S-Band transmission and C-Band transceiving, antennas had to be
developed to reduce RCS impact. Consequently, conformal antennas, to retain the smooth
curvature of the bomber’s surface were designed. Obviously, antenna directivity is
adversely effected by this solution.
Another method which reduces RCS on the B-2 is to cover the exterior of the aircraft
with a LO material which absorbs the electro-magnetic energy of radar. Unfortunately,
telemetry and other transmissions are also comprised of electro-magnetic energy and
their power is subsequently reduced. The solution to this problem requires a compromise
between LO and antenna gain. For instance, the LO S-band antennas installed on the B-2
have an average gain of between –8db and –15db whereas a normal telemetry antenna
would have between 0db and –8db. Regrettably, security issues preclude the discussion
on many of the aspects of LO technology including LO material composition, detailed
antenna design, and even emission pattern specifications.
Since reducing structural and LO maintenance on the aircraft when installing and
removing antennas is a primary concern, a specially modified Crew Entry Door (CED)
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and Defensive Management System (DMS) door is used. The modified CED and DMS
door has antennas permanently mounted. The theoretical result is a relatively simple
process of exchanging the production CED and DMS door with the modified CED and
DMS door on the aircraft scheduled to fly a test mission. In reality, however, the fastest a
CED has been changed with a crew of four technicians is twenty-one hours, at best, and
has taken as many as six people, including an engineer, 68 hours. The process requires
extensive adjustment procedures and specially designed tools to properly rig the door for
flight. In retrospect, permanently mounted antennas on every aircraft would have been
much more cost-effective. In fact, TCTO designs for permanently mounted antennas on
all operational B-2 bombers are now being investigated.
Weapons Re-radiation System. WRS was developed to help Sandia Laboratories certify
the integration of the B-83 nuclear weapon with the B-2 Strategic Bomber. Since its
development, however, it has also been used for testing other weapon systems, like the B61-11 deep-penetration nuclear weapon. Therefore, it is anticipated that weapon systems
now under development will also use a form of the WRS in the near future. One of these
new weapons that will require the WRS is the Joint StandOff Weapon (JSOW). The
WRS will have to be reconfigured for the each weapon system because of different
telemetry parameters. For safety and mission objectives, these ordinances require a realtime pre-launch status.
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The WRS (see block diagram) has antennas mounted in the weapons bay of the B-2 to
collect the telemetered signals from up to four individually instrumented weapons. These
signals are routed through a bulkhead to four receivers and bit synchronizers on the WRS
rack and then recorded on a MARS II for post-processing. The crew is able to select for
retransmission one of the four frequencies with a rotary coaxial switch to be retransmitted for real-time analysis. The selected frequency is modulated and routed to an
S-Band antenna on the modified CED for transmission. The WRS, like the RIS, has CBand capabilities. The Control Display Panel, mounted in the console gives the crew
access to system operation and instrumentation equipment status. Again, a “Master
Power” shut-off (not shown in the diagram) is installed in the crew compartment.
A significant consideration that concerns weapons re-radiation within a weapons bay is
multi-path. The instrumentation on the weapon systems tested so far on the B-2 have a bit
rate of only 500 kilobits. This is low enough as not to cause a problem with multi-path.
However, as the bit-rate of the data being transmitted increases, it will most likely
become more susceptible to multi-path problems.
CONCLUSION
The current operational tests of the B-2 are projected to continue for the life cycle of the
aircraft. Many more tests are also being developed for future incorporation, which will
require increased instrumentation modifications. Notwithstanding, the point of this paper

is to raise awareness among the test community in regard to the telemetry considerations
related to testing current and future operational stealth vehicles. These issues should be
considered early in the planning phase of new programs to minimize the impact of
installing telemetry packages aboard an operational test vehicle. For instance, surely the
F-22 and JSF will participate in such programs as Weapon System Evaluation Program
(WSEP) which involves firing instrumented air-to-air missiles at remotely piloted drones.
These instrumented missiles must be tracked and status checked by ground stations
and/or airborne telemetry platforms, such as the E-9, prior to launch. Since the F-22 and
JSF will carry their ordinances inside weapons bays, a re-radiation system will have to be
developed. Prevailing WSEP scenarios involve firing between three and eight hundred
missiles annually by fighter units from around the world. An awesome obstacle for the
managers of programs such as this is the constant modifying and de-modifying of the
participating aircraft, often a couple dozen a week. If requirements for introducing such
telemetry systems are not incorporated into the production of these new aircraft, very
costly TCTOs will undoubtedly result.
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ABSTRACT
The design and testing of an optical fiber telemetry link for use in rugged environments is
described. Several potential applications for this cost effective telemetry link built from
readily available components are given. The results of testing the simple telemetry link
for vibrations up to 20g and temperatures up to 1500 C are reported.
KEY WORDS
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INTRODUCTION
Environmental conditions sometimes complicate the implementation of telemetry. For
example, the presence of large amounts of electromagnetic interference can hinder
transmission by RF and microwave signals or unshielded wire cables. Where difficult
environmental conditions hinder the use of more traditional telemetry; optical fiber cable
can sometimes be used. Crossley et al. report on an optical fiber telemetry system for use
in rugged environments [1].
An example of such an application is in the field of coiled-tubing earth drilling. While
drilling a well, sensitive devices can measure physical and geological parameters and
transmit the data to the operators on the surface. This measurement-while-drilling process
can help the operators drill more efficiently. However, because of the high temperature,
high shock and vibration levels, and electromagnetic interference, communication by
means of RF, microwave or wire/cable connections is difficult. The method used
currently for subsurface telemetry is the mud/air pulse [2]. While this method works well,
it is limited to data rates less than 10 bits per second. Certain applications, like drill bit
steering, require much higher data rates. A novel optical fiber telemetry link for use in
measurement-while-drilling has been developed using modulated fiber Bragg gratings
downhole. The telemetry system survived at temperatures up to 1500 C and survived
drilling, reaming, and rotating in a test well [3]. While the subsurface telemetry system is

quite promising, it allows only one way communication, from measurement device to
surface. An inexpensive telemetry system allowing two-way communication would have
an application in this area.
Another area where optical fiber telemetry links have been used is in undersea
measurement and communication. Several hybrid cables containing electrical and optical
fiber cables have already been developed for use as telemetry links for ROVs [4]. A
cheaper optical fiber telemetry link without electrical cables might find an application as
a link between a subsurface measurement device and a receiving station.
The goal of this work was to develop a simple, cost-effective optical fiber telemetry link
built with readily available components for use in rugged environments. The essential
components to such a link are the receiver, the optical fiber cable, and the transmitter.
The three components were tested for operability at elevated temperatures up to 1500 C
and under vibration levels near 20g.
DESIGN CONSIDERATIONS
OPTICAL FIBER
The optical fiber portion of the telemetry link must meet certain requirements to function
in a rugged environment. A complete set of requirements depends on the desired
application for such a link, but several requirements are applicable for most potential
applications: vibration and shock survivability, immersion survivability, and operability
at elevated temperatures.
Temperature effects can seriously influence optical fibers. For conventional plastic
optical fibers, such as those made from polymethyl methacrylate (PMMA), temperatures
much above 1100 C cause changes in the polymers chemical structure that lead to
increased attenuation. Certain plastic optical fibers have been developed for long-term
use at temperatures above 1000 C, but these fibers sacrifice transparency, resulting in
increased attenuation [5]. Silica optical fibers can withstand much higher temperatures
but commonly used buffer, coating, and jacketing materials begin to fail at temperatures
above 1500 C, decreasing the fiber’s resistance to other environmental factors. Specially
designed optical fiber cables for use in rugged environments can withstand temperatures
above 3500 C, but are relatively expensive.
To keep the design cost effective, only those commercially available fibers capable of
temperatures up to 1500 C were considered for the design. The 1500 C temperature limit
also coincides with the availability of electronic components able to operate at this
temperature and for potential uses for such a system (automotive, aerospace, well
drilling) [6].

The survivability of an optical fiber in high shock/vibration environments or applications
depends mostly on the jacketing and protection materials used to cover the fiber core and
cladding. Carbon coatings and metal armor/strength members can help protect an optical
fiber from damage. However, these methods of protection are relatively expensive and
were not considered for use in this design. The buffer material chosen must provide
sufficient protection against impact, abrasion, and shock at temperatures up to 1500 C and
be commercially available.
The type of environment surrounding the optical fiber can greatly affect the performance
of the fiber. Certain coatings permit the migration of H2 into the core resulting in
increased attenuation [7]. Chemicals can destroy the jacketing and buffer materials,
decreasing the amount of protection for the core, which can lead to microbending and
increased attenuation.
One final consideration for the optical fiber deals with the core size of the fiber. A large
multimode core size decreases the required coupling tolerances, making it easier to
couple light into and out of the fiber. The relative ease of coupling light into multimode
fiber makes it attractive for field applications. The larger silica multimode fibers usually
cost less due less strict tolerances in manufacturing. Although the larger cores are
attractive for field applications, the data rate is limited by intermodal dispersion.
ELECTRONICS
For simple multimode point-to-point telemetry links light emitting diodes (LEDs) serve
as optical sources and photodiodes serve as optical detectors. LEDs and photodiodes that
can operate at elevated temperatures are readily available from commercial suppliers.
Other electronic components are required for signal generation and processing. Due to
the increasing number of designs that must operate at elevated temperatures, passive
elements like capacitors and active elements like operational amplifiers with operating
temperatures up to 1500 C are commercially available.
Proper shielding and housing of the electronics portion of the telemetry link can prevent
damage from shock and immersion.
TESTING
Potential link components were first tested individually for operability at elevated
temperatures up to 1500 C. Components with superior elevated temperature performance
were selected and a prototype link fabricated. The prototype was then subjected to forced
sinusoidal vibration excitation below 3g and broadband vibration excitation up to 20g.

TEMPERATURE TESTING
Figure 1 below depicts the setup used in testing the operation of the prototype telemetry
link at 1500 C over a period of several hours. The same setup was used to test the
individual link components with only the component under test inside the oven.
The modulator/driver circuit produced a 131 Hz periodic pulse wave that was coupled to
the LED under test inside the oven by high temperature wire. The LED was coupled to
the optical fiber using standard ST connectors. The other end of the fiber was coupled to
the detector. The detected electrical signal was coupled out of the oven by high
temperature wire. The signal was captured by the oscilloscope and displayed. Using a
GPIB connection, the oscilloscope signal was sent to a computer running a LabView VI
(program) that recorded and stored the signal. The signal from the telemetry link was
recorded once every hour while the link was at 1500 C. A thermocouple connected to a
multimeter displayed the actual temperature in the oven.
The recorded output signal from the telemetry link at 1500 C was compared to the initial
output signal recorded at room temperature. The hourly-recorded signals were analyzed
for distortion of the waveforms and decreased amplitudes. Decreases in signal amplitude
were expected since the LEDs and photodiodes were operating at elevated temperatures
[8]. The amplitude loss can be corrected by post amplification methods. However, a
distorted waveform may irreversibly corrupt the data.
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Figure1 - Diagram of temperature testing system
For the LED portion of the transmitter link an AlGaAs LED operating at 850 nm worked
well. It exhibited a 15 % relative decrease in signal amplitude and no distortion of the
waveform occurred at 1500 C. For the detector part of the link, a silicon PIN photodiode
worked well up to 1500 C. Although temperature effects caused a relative decrease in

signal amplitude of about 85 %, no waveform distortion occurred. Both the LED and PIN
photodiode tested were housed in a standard TO – 18 cans mounted inside ST connector
receptacles which helped ease coupling to the optical fiber.
Of the optical fibers that underwent temperature testing, none exhibited increased
attenuation above 5 % due to elevated temperatures. Therefore, other considerations were
used to select a fiber type for further vibration testing. A plastic clad silica (PCS)
multimode fiber preformed well during temperature tests. With a core size of 200
microns and a numerical aperture of 0.40, light was easily coupled into and out of the
fiber. A cladding of silicone and buffer of Tefzel help protect the fiber from abrasion and
damage. The PCS fiber was also very inexpensive and has minimum bend radius between
4 and 13 mm. While other fibers had higher temperature limits or stronger buffers, they
usually proved more expensive or less flexible. Figure 2 compares the signal from the
prototype link, consisting of the AlGaAs LED, the Si PIN photodiode and the PCS
optical fiber, at room temperature to the output signal after seven hours at 1500 C. The
main difference between the two is the decrease in signal amplitude. No waveform
distortion occurred at the low frequency data rate used in the test.

Figure 2 - Comparison of telemetry link output signal at room temperature and output
after 7 hours at 1500 C

VIBRATION TESTING
The vibration portion of testing of the prototype link consisted of two parts: a sinusoidal
forced vibration at moderate excitation levels and a broadband vibration excitation at
relatively high g levels. The sinusoidal vibration test (10 Hz to 2 kHz) was used to
identify any harmful effects caused by particular frequencies of vibration. The high g
level test was used to simulate vibration in an actual operating environment.
To subject the link components to sinusoidal vibration, the components, along with a PZ
accelerometer, were mounted inside a small stainless steel cylindrical container and
secured to the armature of a 98 N shaker. A 131 Hz periodic pulse wave was applied to
the LED connected to approximately 6 meters of optical fiber inside the container. The
resultant signal from the detector inside the container was connected to an oscilloscope
and displayed. A swept sine test was then performed on the link at a rate of one octave
per minute from 10 Hz to 2 kHz and at g levels ranging from 3g to 0.75g. A LabView VI
(program) recorded the signal from the oscilloscope and determined if any problems with
the signal occurred during the sweep. Figure 3 below shows the setup for the forced
sinusoidal vibration testing.
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Figure 3 – Diagram of swept sine test
No detrimental effects due to the repeated sinusoidal vibration testing were evident. The
signal remained at the same amplitude and was undistorted, leading to the conclusion that
forced vibration of the link components within the swept frequency range had no effect.
To test the link components under broadband vibration levels, the link components and
an accelerometer were mounted inside a one gallon paint can and secured to a paint can
shaker. The LED and photodiode were secured to the bottom of the can while the fiber
was loosely coiled inside. After connecting the accelerometer output to a spectral
analyzer, displays of the vibration levels of the paint can shaker were captured during
operation. The prototype link was shaken for 40 minutes. By comparing the link’s output
electrical signal from the detector before and after the vibration testing, the influence of

the testing on the link was easily determined. A diagram of the test setup is shown below
(Figure 4).

Paint Can
Shaker w/
Link
accelerometer cable
Signal
Conditioner/
Power
Supply

Spectrum
Analyzer

Figure 4 - Diagram of broadband vibration test
After subjecting the link to 40 minutes of broadband vibration ranging from 6 to 20g, a
comparison of the link’s performance before and after the test indicated that the link
components were not damaged by the test. Figure 5 shows the signal from the link before
and after the testing being essentially the same.

Figure 5 – Comparison of telemetry link signal output before and after broadband vibration testing

The telemetry link’s excellent performance under forced vibration and relatively high g
levels indicates that it should function well under similar environmental conditions in
actual applications.
CONCLUSION
The design of an inexpensive, simple optical fiber telemetry link for use in rugged
environments has been presented. Potential applications for such a link were discussed.
Considerations governing the design: elevated temperature operation, vibration/shock
survivability, and immersion survivability, and descriptions of the testing procedures
used for component selection and evaluation were presented. The results of the
temperature testing and vibration testing indicate that properly housed AlGaAs LEDs,
silicon PIN photodiodes, and PCS optical fiber would work well for a simple,
inexpensive optical fiber telemetry link.
Further testing of the telemetry link will consist of simultaneous temperature and
vibration testing and analysis of component lifetimes.
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ABSTRACT
This paper presents a narrowband channel model appropriate for modeling multipath
interference in aeronautical telemetry applications. This model uses a simplified version of
Bello’s aeronautical fading channel model [1] with the following three parameters: the
specular to direct power ratio ', the direct to diffuse power ratio 6 and the relative
Doppler shift of the specular component. Data taken from Patuxent River NAWC,
Edwards AFB and White Sands Missile Range demonstrate that the model is a reasonably
accurate statistical representation of the envelope (and power) fluctuations observed in the
data. The model works well for those cases where a dominate line-of-sight signal
component exists, as well as for those cases where the power in the specular reflections is
on the order of the power in the line-of-sight component.
INTRODUCTION
Multipath interference causes power fluctuations and signal dropouts or fades in
aeronautical telemetry [9], [3]. Error control coding can increase reliability, but first the
signal fading characteristics of the channel need to be understood. The aeronautical
telemetry channel can be represented using a simplified version of the three component
model proposed by Bello [1]. Using the Bello model the received signal y(t) is represented
by
(1)
(2)

where s0(t) = exp{jBhbnt/Tb} is the complex baseband representation of the PCM/FM
signal (h is the modulation index which is usually set to 0.7 times the bit time,
bn , {!1,+1} is the information bit, and Tb is the bit time). The line-of-sight component is
a result of the direct line-of-sight propagation (with amplitude A) between the transmitter
and the receiver. The specular reflection component models the attenuated and delayed
version of the line-of-sight component that often occurs due to reflection (from the
ground, mountain, sea surface, or wing) or the path difference between the feeds to two
transmit antennas on the airborne platform. This component has magnitude B, average
time delay Jsp and average Doppler shift )Tsp. The diffuse component consists of all
other low level multipath reflections which is modeled as a single random component >(t)
with average delay Jdiff and average Doppler shift )Tdiff. Bello models this component as a
complex zero mean Gaussian random process with variance Fd2. This expression has been
normalized so that the direct component has no time or frequency shift. This
normalization is appropriate if a frequency tracker is used at the receiver to track the
carrier frequency of the direct component and if only the relative time delay between the
direct ray and the specular and diffuse components is of interest.
Nelson [7] identified Bello’s model to be appropriate for describing fading on
aeronautical telemetry channels at military test ranges, and evaluated the performance of
PCM/FM over this channel as a function of
(3)
(4)
and the relative Doppler shift of the specular component. These parameters can be
determined from an accurate statistical model. This paper discusses fade statistics,
parameter estimation, and results and conclusions.
FADE STATISTICS
Envelope data derived from AGC and AM signals measured at Edwards Air Force Base,
White Sands Missile Range and Patuxent River NAWC were used to test how well the
Bello model represents the fading statistics of real aeronautical telemetry channels. The
data collection and signal processing are described in Appendix A.
Fade predictions can be made from the cumulative distribution of the envelope
variations. The probability density function and cumulative distribution of the received
PCM/FM envelope using the Bello channel model are a function of ', 6 , and the Doppler
shifts. The only available channel sounding data are the AGC and AM signals from which
the signal envelope can be reconstructed. Since envelope data provides no information on

the phase and delay, these parameters are grouped into a phase term which is assumed
uniformly distributed on [!B,B] thereby producing a simplified version of Bello’s model
which is a function only of ' and 6 (or equivalently, of A, B, and Fd2). These parameters
are estimated from histograms of the received envelope derived from AGC and AM data
by finding the values of A, B, and Fd2 which make the theoretic probability density function
and the histogram match the best.
The envelope of y(t) is given by
(5)
where Nc(t) and Ns(t) are the real and imaginary (i.e. quadrature) components of >(t) and
(6)
is the phase shift between the line-of-sight component and the specular reflection. At any
time instant t', the envelope y(t') = R is a Rice random variable with probability density
funcion
(7)
Since the envelope data available provide no phase information, the phase 2(t') is
assumed uniformly distributed on [!B,B] and the density function (7) is treated as a
conditional density function PR(r*2(t')). The total probability theorem [8] is used to derive
the envelope probability density function which depends only on A, B, and Fd2:
(8)
(9)
where 2 = 2(t').
PARAMETER ESTIMATION
To find the best values of A, B, and Fd2 to model the data measured at test ranges, a
histogram of the envelope of each run is produced and compared with the theoretic
probability density function (9) for a given set of parameters A, B, and Fd2. The set of

parameters for which (9) and the histogram most closely match are the parameters we use
to model the channel for that run.
The data histogram is created by partitioning the envelope voltages samples
vi, i = 1,2...n into into N bins of equal width Vmax/N, ranging from 0 to Vmax according to
(10)

(11)
The value for each bin of the histogram is determined by the relative frequency that
samples fall into the respective bin range, determined by
(12)

where n is the total number of samples, and nk is the number of samples that fall within the
range Pk of a given bin, according to
(13)
Let PR (r; A, B, Fd2) be the theoretical density function given by (9). Closeness of fit is
measured by the squared error which is the square of the difference between hk and the
area under PR (r; A, B, Fd2) in the range Pk. The goal is to find the set of parameters
_ _
_
A, B, and Fd2 that minimize the total squared error between the model and the histogram:
(14)

The Doppler shift is determined from the power spectral density of the envelope. The
power spectral density is obtained by squaring the signal envelope voltage, Equation (5)
to get

(15)
The autocorrelation of the signal envelope is then computed by
(16)
(17)
and the power spectral density of the envelope squared is then the Fourier Transform of
Equation (17)
(18)
The largest nonzero frequency component in the power spectral density gives an estimate
of the relative Doppler shift )T.
_ _
_
The minimizing set of A, B, and Fd2 from Equation (14) results in a pdf curve that
matches the histogram points from the observed signal envelope data, with the squared
error as an indication how well they match. Typical parameters for the channel can be
found from Equations (3) and (4). An example of the probability density function and
cumulative density function for a particular data set can be seen in Figure(l).
RESULTS AND CONCLUSIONS
Typical results for various data runs can be seen in Table(l). ' varies from 0 to 1 as
expected, and 6 ranges from !48 to 25 dB, with typical values between 10 and 20 dB.
The Doppler shift varies from 0 Hz to 1.45 Hz. There seems to be no correlation between
any of the parameters and the ability of the model to predict the parameters of the channel
as evidenced by the squared error. The high values of squared error for the data from Pax
River are due to assumptions in the calculation of the RF voltage envelope (see Appendix
A). The narrow band channel model model presented in this paper seems to accurately
model signal envelopes under varied circumstances, including both environments with a
dominant line-of-sight signal component as well as environments where the power in the
specular reflections is on the order of the power in the line-of-sight component.

Table 1: Power Ratios for Best Fit Parameters

Location

Data
Segment Polarization

'

6
(dB)

Doppler
(Hz)

SQ ERR
x10-5

Edwards

1

LHCP

0.0270

13.72

0.45

12.784

Edwards

1

RHCP

0.0280

14.86

0.45

38.770

Edwards

2

LHCP

0.3541

13-13

1.37

7.051

Edwards

2

RHCP

0.1535

14.99

1.37

13.210

Edwards

3

LHCP

1.0000

11.97

1.07

15.949

Edwards

3

RHCP

0.6548

13.59

1.07

25.539

Edwards

4

LHCP

0.6591

11.56

1.45

10.615

Edwards

4

RHCP

0.5987

11.60

1.45

9.681

Edwards

5

LHCP

0.7592

9.44

1.07

35.633

Edwards

5

RHCP

0.5630

11.54

1.07

14.745

Edwards

6

LHCP

2.5E-7

16.83

0.00

12.441

Edwards

6

RHCP

64E-6

17.90

0.00

47.171

White Sands

1

LHCP

9.7E-5

24.42

0.53

56.017

White Sands

2

LHCP

1.0000

-48.2

0.00

29.999

White Sands

3

LHCP

2.3E-6

12.02

0.23

32.010

White Sands

4

LHCP

0.0112

22.21

0.27

3.3127

Pax River

1

LHCP

0.3969

9.08

0.53

140

Pax River

2

LHCP

0.1423

10.46

0.38

500

Pax River

2

RHCP

0.9818

7.64

0.38

440

Pax River

3

RHCP

0.1637

14-66

0.61

190

Pax River

4

LHCP

1.6E-9

11.32

0.92

310

Pax River

4

RHCP

0.0235

12.75

0.92

190

APPENDIX A: DATA COLLECTION AND ENVELOPE CALCULATION
Brigham Young University’s Data Acquisition System (DAS) sampled Automatic Gain
Control (AGC) voltages at Edwards AFB and White Sands Missile Range using a sample
rate of 50,000 Hz then filtered it to 10,000 Hz, and sampled AGC voltages at Pax River
NAWS using of sample rate of 20,000 Hz. The data from Edwards AFB was recorded
from the telemetry of a B2 bomber in December 1995 with carrier frequency 2.225 GHz,
data rate 1.2 Mbps, IF bandwidth 1.5 MHz and AGC time constants set at 1ms. The
telemetry data from White Sands had carrier frequency 2.2345 GHz, data rate 352 kbps,
IF bandwidth 750 kHz and AGC time constants set at 1ms. The data from Pax River was
sampled from the telemetry of Super Hornet and E5 Hornet test flights over the ocean,
with carrier frequency 2.3455 MHz and IF bandwidth 15 Mhz.
The AGC voltages from Edwards and White Sands were supplemented by AM
envelope levels, increasing the accuracy of RF envelope reconstruction. Dye [2] and Hill
[4] showed that each sample of the RF envelope can be reconstructed using the equation

(19)
where K1 and K2 are receiver constants, ea and eg are the digitized AGC and AM voltages,
and C is a gain constant determined by the receiver. While this gain constant will affect
absolute power levels, it will not affect power level ratios, so it need only be constant for
the data used in a particular analysis run.
If the AGC voltage is assumed to track the signal level perfectly, the AM envelope is
not needed in the calculation of the RF signal envelope [5]. Since the AM levels were not
recorded at Pax River, this assumption was made, and the RF envelope was
reconstructed according to
(20)
where the Signal to Noise Ratio (SNR) was calulated using a linear point-slope equation
and the receiver constants. This resulted in a loss of accuracy, but some satisfactory
results were still obtained.

REFERENCES
[1] P. A. Bello. Aeronautical channel characterization. IEEE Trans. Commun,
COM-21:658-662, May 1973.
[2] Ricky G. Dye Signal Strength Analysis of Angle Modulated Data in the Presence of
Multipath Fading. Master’s thesis, Brigham Young University, 1996.
[3] Michael Rice and Daniel Friend. Antenna gain pattern effects on multipath
interference in aeronautical telemetering. In Proceedings of the International
Telemetering Conference, volume 33, October 1997.
[4] E. R. Hill. Time Domain Analysis of an Automatic Gain Control Weighted Diversity
Combining System, Technical Publication TP-73-47. Naval Missile Center, Point
Mugu, CA, December 1973.
[5] E. R. Hill. Techniques and Circuits for Implementing Predetection Diversity
Combiners, Technical Publication TP-78-20. Pacific Missile Test Center, Point
Mugu, CA, September 1978.
[6] B. W. Lindgren. Statistical Decision Theory. McMillan, New York, 1976.
[7] N. Tom Nelson. Performance analysis of PCM/FM in the presence of multipath
fading. Master’s thesis, Brigham Young University, 1995.
[8] Athanasios Papoulis. Probability, Random Variables, and Stochastic Processes.
McGraw-Hill, Inc., third edition, 1991.
[9] Michael Rice and Gene Law. Aeronautical telemetry fading sources. In Proceedings
of the International Telemetering Conference, volume 33, October 1997.
[10] Seymour Stein. Fading channel issues in system engineering. IEEE Journ. Select.
Areas Comm., SAC-5(2):68-89, February 1987.

Figure 1: Envelope voltage, probability density function, histogram and cumulative density
function for Edwards run 5, LHCP with '=0.7592 and 6=9.76 dB, with total squared
error=35.633 @ 10-5.
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ABSTRACT
Optical trackers are often used at the Air Force Flight Test Center (AFFTC) and at other
Department of Defense (DoD) ranges to collect video and trajectory data for real-time
display and postflight processing. When optical trackers are used in remote areas,
pointing data from radar is utilized to enable the trackers to initially acquire targets. To
enable the trackers to use radar-pointing data, offsets to true north must first be known.
This offset is taken into account given the current position of the optical tracker. During
postflight processing, when determining the trajectory of the target, the offsets are also
taken into account to produce an accurate trajectory solution. Current methods of
determining offsets to true north are time consuming and involve a lot of guesswork.
Typically, a map and a known landmark are used to determine the offsets to true north.
Another method is to look for the North Star (Polaris) and input an estimated offset. This
paper will describe an inexpensive, stand-alone system that utilizes the Global
Positioning System (GPS) to determine these offsets. This device may be modified and
integrated with other systems that may need to point accurately. For example, a gun
barrel on a tank may need to point accurately to within a degree. This device may also be
used to accurately position telemetry antennas.
KEYWORDS
True north offset, self-orienting, inexpensive stand-alone unit, GPS, telemetry.
INTRODUCTION
Today’s ever expanding mission requirements continuously stretch the capabilities of
Test Range support systems. One of the ways they do this is by requiring a larger
geographical area to test new and existing weapon systems. As the test area gets larger,
Range support systems must adapt and expand their coverage to document these test
events. Typically, this means moving these Range support systems to remote
geographical areas. For clarity, Range support systems are assets required to support
missions locally at the AFFTC and at remote geographical areas. The most common

Range asset used to support the testing of weapon systems is the optical tracker. An
optical tracker consists of a tracking mount, infrared and color cameras, fixed focal
length and zoom lenses, communication equipment and other equipment required to
support the collection of visual data for real-time and postflight evaluation.
To support a mission, an optical tracker must first acquire the target and then optically
track the target until the end of the mission. To acquire a target, the tracker operator
would visually acquire the target and engage the optical tracker. The operator’s task
would then be to keep the target centered in the tracking scope (See Figure 1).
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Acquisition Data
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Figure 1 - Operational Scenario
Acquisition of targets can also be done with assistance from a tracking radar. Data
coming from radar is commonly referred to as ‘acquisition data.’ Acquisition data can be
used to point the optical tracker in the direction of the target. The intent is to use the
acquisition data to point the optical tracker close enough so that the target is acquired
visually by the operator or is within the field of view of the tracking camera. When a
target is visually lost while tracking, acquisition data is used to easily reacquire the target.
To use acquisition data, every time an optical tracker pedestal is moved, the new position
will have to be surveyed. Using a GPS receiver can easily do this. This information is
entered into a device called a Site Interface Unit (SIU) which translates and rotates the
acquisition data based on the optical tracker’s location.
Since acquisition data is referenced to true north, optical trackers need to be oriented to
true north as well. Referencing to true north allows the optical tracker to point to the
target by translating and rotating acquisition data based on the optical tracker's location.
Overall, the utilization of acquisition data requires that the location of the optical tracker
and the true north offset be known. With these two pieces of information, acquisition data
can be used to acquire targets.

CHALLENGE
The current challenge with using acquisition data is knowing what the true north offset is
(see Figure 2). Typically, the true north offset is determined using a map and a known
landmark. This, however, becomes difficult when the optical tracker is moved to remote
geographical locations where there are no known landmarks. Solutions may already exist.
However, our operators continue to struggle with setting up optical trackers. Current
methods used to determine the offset to true north are time consuming and inaccurate.

OFFSET TO
TRUE NORTH
TRACKER
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OPTICAL CENTER
OF MOBILE OPTICAL
TRACKER

Figure 2 - True North Determination
CURRENT METHODS
The methods used are different depending on the system used. For manual optical
trackers, a map and a known landmark are used to obtain the offset. If well known
landmarks are not available, the North Star (Polaris) is used to estimate the offset. This is
time consuming since operators would have to wait until Polaris is visible. If it happened
to be a cloudy night then finding Polaris would also be next to impossible.
PROPOSED METHOD
The method proposed would need to eliminate time-consuming steps and simplify the
process of determining the true north offset. It would also be advantageous to the optical
tracker operator if determining the location of the tracker, and its offset to true north,
were done using an inexpensive portable unit.
The optical tracker operators would prefer a unit that is integrated into the tracking mount
since this simplifies the whole setup process. However, due to budget constraints, an
inexpensive portable unit will suffice. The portable unit should be a handheld device that

is lightweight and rugged. The unit should also be accurate enough to allow targets to be
acquired within the field-of-view of the optical tracker’s acquisition camera.
POSSIBLE METHODS
Magnetic Compass
This device points to magnetic north. To determine true north, the location of the optical
tracker must be known and then looked up on the map to determine the deviation from
magnetic north to true north. This type of compass is also available in a more
sophisticated electronic unit. These direct sensing compasses are frequently claimed to be
far superior to ‘old fashioned’ fluid compasses. In fact, electronic compasses have been
in use for over 70 years and their limitations are well known to compass experts. They
are in common use today, mainly because they are less expensive to manufacture than the
conventional fluid-filled compass with its floated card, magnets, pivots, jewels, and
sealing system.
Flux Gate Compass
The flux gate consists of a field sensor, usually an inductor, mounted to a gimbaled
platform that is intended to sense the horizontal component of the earth's magnetic field.
A few electronic compass manufacturers fill their compass sensor with heavy oil to
dampen the gimbal action and minimize vertical field errors. Others resort to electronic
damping or more sophisticated signal processing but the end result is roughly the same.
This type of compass typically will not work in high temperature environments. Also,
similar to the magnetic compass, this device is sensitive to surrounding magnetic objects.
Gyrocompass
This is a navigational device in which the interaction of a gyroscope’s angular
momentum with the force produced by the earth’s rotation maintains a north-south
orientation of the gyroscopic spin axis, thereby providing a stable directional reference.
Unfortunately, the cost of the gyrocompass precludes its use and the units are usually
bulky.
Global Positioning System
This type of system is readily available from several commercial vendors but is more
expensive and is less available if one looks for units that are rugged or have a wide
temperature range.
REQUIRED SYSTEM DESIGN
The device required needs to be handheld to make it easy to carry. It has to be rugged
since it will be in desert environments where temperatures are typically over 100 degrees
Fahrenheit. This unit will be exposed to blowing sand and might be dropped occasionally

by its operators. This unit may also be used by the coast and will be exposed to air with a
high salt content. This unit may also be subjected to cold temperatures around 0 degrees
Fahrenheit. It would be beneficial to have an inexpensive unit that is easy to use to
accommodate optical tracker operators with diverse backgrounds.
OPERATIONAL SCENARIO
An optical tracker will be moved to a remote site and will be used to collect the video
data of a target. A GPS receiver is used to survey the optical tracking mount and the
coordinates are entered into the SIU. The true north offset is determined and entered into
the SIU as well. The SIU can now translate and rotate acquisition data based on the new
location.
Another scenario would be for a remote satellite communications terminal. The user sets
up a satellite communications terminal at a remote site and needs to accurately point the
antenna to a satellite. This device may be a modified version of the Self-Orienting and
Locating Unit to allow the user to position the antenna.
POSSIBLE GPS-BASED CONFIGURATIONS
After numerous discussions with GPS experts, it was suggested that a handheld GPS
receiver with the ability to take waypoints might provide a solution to the challenges
described above. The Rockwell Precision Lightweight GPS Receiver (PLGR) has the
capability to do this. The PLGR is a five-channel differential GPS receiver that weighs
less than 3 pounds, has built-in or remote antenna capability and uses RS-232 and RS422 data ports.
A good unit that was investigated is the Trimble Advanced Navigation Sensor (TANS)
Vector GPS Attitude System. The TANS Vector System is a four-antenna sensor that
provides three-axis orientation (pitch, roll, and azimuth) of an object, as well as threedimensional position, velocity, and time. The system requires no attitude or position
initialization, tracks up to six satellites, and its hardware, display data, and record
solutions may be controlled and calibrated with its own PC-based program. This TANS
Vector System is technically capable of providing the desired information. However, the
cost of the unit prevents this solution from being a viable one since the requirements call
for a low cost system.
ViaSat, Inc. proposed a solution (See Figure 3) where a system would be integrated into
an automated tracking receiver. This unit is accurate to approximately 1/2 degree, and
also determines attitude (tilt). The system speed is determined by GPS acquisition time,
which is approximately 2 to 5 minutes. The GPS and compass are rugged, commercial
off-the-shelf, original equipment manufacturer components with a cost of approximately
$1,000 in parts. To integrate with a controller and display (and/or serial I/O to SIU)
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Figure 3 - ViaSat Solution
would result in a unit roughly $2,000 in total cost, depending on the volume or quantity
ordered. The International Geomagnetic Reference Field (IGRF) model is a description of
the magnetic declination based on latitude/longitude data.
Another possible configuration is a unit similar to SRI International’s Deployable Forceon-Force Instrumented Range System (DFIRST). DFIRST is being utilized by the United
States Army to determine gun barrel orientation on the M1A1 tank. This device is a GPS
receiver equipped with two antennas one meter apart. The relative positions of the two
antennas are obtained and a vector is derived.
From this vector, true north can be determined. This device needs to be interfaced to a
laptop or a handheld computer for display purposes. The GPS receiver is a Course
Acquisition (C/A) code receiver making the unit inexpensive. It is expected that the cost
of this configuration would be anywhere between $1,000 to $2,000.

EXPERIMENTS CONDUCTED
An experiment was conducted using the PLGR GPS receiver. Two waypoints along the
same vector were measured 30 feet from each other. However, it was soon discovered
that based on the accuracy of this particular PLGR, the two waypoints needed to be at
least 2,000 feet from each other just to stay outside each waypoint's margin of error. An
alternate technique to consider, assuming costs will continue to decline in the future,
would be to have two technicians simultaneously obtain waypoint measurements. This
could be done through bore sighting methods to obtain the required distance along the
same vector. The key is to have each technician hold a GPS receiver in one hand while
holding a radio in the other hand. This way both technicians can communicate with each
other in order to take measurements simultaneously.
CONCLUSIONS AND RECOMMENDATIONS
Clearly, current methods of determining offsets to true north are unacceptably time
consuming, inefficient, and involve a lot of guesswork. This paper offers several
alternatives in quickly determining offsets to true north. This system should be an
affordable handheld device that can be placed on top of a tracking mount to quickly
obtain the desired data. In the long term, it is recommended to look into integrating this
unit onto the optical tracker trailer and for the unit to perhaps have a leveling capability
as well.
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ABSTRACT
This paper describes a highly integrated and low cost GPS Translator/Telemetry system
for use on missile platforms – the Digital GPS Translator (DGT), a component part of the
Translated GPS Range System (TGRS). The DGT provides translated GPS tracking
capability combined with transmission of telemetry at rates of up to 10 Mbps with
optional encoding and/or encryption. This integrated approach to GPS tracking and
telemetry results in a significant reduction in hardware size and cost compared to a
segregated approach. The TGRS includes a ground-processing unit that provides real
time processing of both the GPS and telemetry portions of the DGT transmission.
KEY WORDS
Digital GPS Translator (DGT), GPS Translator Processor (GTP), Translated GPS Range
System (TGRS)
INTRODUCTION
With shrinking DoD budgets, it is increasingly important for the test instrumentation flown
on missiles to be both highly integrated and low in cost. The TGRS program is a TriService development managed by the US Air Force at Eglin AFB, FL, intended to provide
an integrated, low cost system suitable for use on numerous missile test programs. The
cost savings to the missile test program is achieved not only through the low cost of the
DGT itself, but also through its small size, light weight, and low power consumption, all of
which indirectly reduce program costs.
The system consists of two major components – the missile-borne DGT and the groundbased processor referred to as the GPS Translator Processor (GTP). A block diagram of
the system is shown in Figure 1.
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Figure 1. TGRS Block Diagram
The translated GPS concept has been in use for many years[1]. Previous GPS translators
have been “analog” – essentially a bent-pipe that relayed the GPS signals to a ground
station for processing. A drawback to this approach is that the analog GPS signal could
not be encrypted preventing its use in some applications. A “digital” GPS translator down
converts and samples the GPS signals generating a digital bit stream that can be
encrypted. The bit stream is then modulated onto an S-Band carrier for re-transmission to
the ground station. A digital GPS signal bit stream in the DGT introduced the possibility
of commutating external digital data (e.g., vehicle telemetry) into the transmission.
DGT CAPABILITIES
The DGT is designed to provide sufficient flexibility to meet the requirements of most
missile platforms. A functional block diagram of the DGT is shown in Figure 2. A number
of the operating parameters of the DGT are selectable at the time of manufacture. These
include:
§ GPS reception bandwidth and sample rate – One of four settings of 1.6, 3.2, 6.4,
and 16 MHz with a corresponding sample rates of 4, 8, 16, and 40 Mbps
respectively (C/A-code to full bandwidth P/Y-code). This allows the user to trade
GPS signal fidelity with S-band spectrum usage and downlink margin.
§ GPS L2 may be received and overlaid on L1 (or not)

§ Telemetry bit rate – One of four settings of 1, 2, 4, or 10 Mbps (or none)
§ Data encoding – Rate ½, k=7 convolutional encoding (or bypass)
§ Data encryption – to DoD Secret using a NSA approved encryption device (or
omit)
§ Antenna commutation control for applications using multiple discrete GPS
antennas.
The maximum output bit rate supportable by the DGT is 40 Mbps. The DGT can be
configured in any combination of GPS sample rate, telemetry data rate, and data encoding
that does not exceed 40 Mbps – more than 200 different configurations.
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Figure 2. DGT Block Diagram

In addition, the DGT S-band transmitter carrier frequency can be set in the field. It is
settable from 2202 MHz to 2388 MHz in 1 MHz steps thus allowing each application to
best match its existing frequency plan. The DGT S-Band transmitter output is five watts.
This output power level provides adequate link margin for most range applications[2]. For
those applications requiring greater output power, an optional Power Booster Unit (PBU),
that amplifies the DGT output up to 15 watts, is available.
The DGT provides this capability in a 12.5 cubic inch package (4.17 x 3.45 x 0.85 inches)
weighing 15 ounces. The DGT unit is shown in Figure 3. Total combined equipment
volume for the DGT and the optional PBU is 22.5 cubic inches.

Power Connector
Telemetry & Crypto-Key
Interface Connectors

S-Band Output

Dimensions:
4.17 x 3.45 x 0.85 inches

L-Band Input

L-Band Input

Figure 3. The DGT Unit

GPS/Telemetry Data Formatting
An Application Specific Integrated Circuit (ASIC) is provided within the DGT to accept
both externally provided telemetry data and quadrature-sampled GPS data (@40 Mbps in
a 16 MHz bandwidth) and format the data into frames for subsequent modulation and
transmission. The Formatter ASIC also provides digital filtering and decimation of the
complex sampled GPS signal if a reduced GPS sample rate/bandwidth is selected (16
Mbps/6.4 MHz, 8 Mbps/3.2 MHz, or 4 Mbps/1.6 MHz). As shown in Figure 4, the
telemetry data is grouped and placed between 32 bit grouped sectors of GPS data. The
length of the telemetry data groups depends on the GPS bandwidth and telemetry rate
chosen. When the DGT is configured for GPS operation only (no external telemetry), the
size of the telemetry data groups is zero. The combined data stream is re-clocked at a rate
equal to the sum of the telemetry bit rate and the GPS bit rate. To facilitate separation of
the GPS and telemetry data, a Frame Synchronization Word (FSW) is periodically
overwritten onto the GPS data as shown in Figure 4. This process introduces a negligible
increase in the GPS bit-error-rate and has no affect on telemetry bit-error-rate.

The combined GPS/Telemetry data format uses a fixed GPS transmission block of 32
bits. The FSW overwrites the GPS data every 128th 32-bit block. As can be seen in
Figure 4, the FSW is actually 28 bits long, however three of the extra four bits are
optionally used to report information about the antenna commutation switch state and the
status of crypto-key storage in non-volatile memory. The fourth bit is reserved. All
combinations of GPS sample rates and telemetry clock rates result in an integer number of
telemetry bits to be grouped between the 32-bit GPS blocks.
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Figure 4. GPS/Telemetry Data Format

Modulation
The DGT employs Offset Quadra-Phase Shift Key (OQPSK) modulation. A special class
of pre-modulation filtering is used that results in a modulated signal known as FeherQPSK (FQPSK)[3]. This sub-class of QPSK modulation is constant envelope in nature,
thus allowing a high efficiency Class-C power amplifier to be used without significant
spectral re-growth. Although more complex QPSK implementations can provide greater
bandwidth efficiency, the FQPSK approach employed on the DGT provides significant
savings in terms of power consumption, size, and cost, while still providing a very
respectable bandwidth efficiency of approximately 1.1 bits/s/Hz.
GROUND PROCESSING SYSTEM
The heart of the ground processing for the DGT is the GPS Translator Processor (GTP)
unit. A block diagram of the unit is shown in Figure 5. An existing range S-Band telemetry
antenna is typically available to recover the S-Band from the DGT. The GTP accepts the
polarization diverse S-band signals (Right Hand & Left Hand or Horizontal & Vertical)

from a multicoupler at the antenna preamplifier output. The GTP provides optimal ratio
(SNR) diversity combining of the cross-polarized inputs.
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Figure 5. GTP Block Diagram

The GTP has two separate RFDC processes for the two polarized antenna signal inputs.
The baseband signals are routed to a digital signal recorder (RAID) that provides a record
of the recovered signal for post-mission processing. The baseband signals are then
applied to a dual demodulator. The soft decision outputs of the demodulators are
weighted and optimally (SNR) combined. The convolutional decoder and decryptor
follow the demodulator/combiner. These processes may be bypassed for a DGT without
the corresponding process.
Finally, the GPS and telemetry components of the bit stream are segregated (deformatted) and re-clocked to their original rates. The GPS component is applied to a real
time GPS tracker/Kalman filter while the telemetry data and recovered clock are provided
as system outputs. The telemetry output is a replication of the telemetry bit stream applied
to the telemetry input of the DGT on the vehicle.
SYSTEM PERFORMANCE
Because the TGRS is designed for use on a variety of missile platforms it must meet the
most stringent requirements of each. The TGRS specification was developed through
discussions with numerous potential users, for use on missiles ranging from the Advanced
Medium Range Air to Air Missile (AMRAAM) to exo-atmospheric Inter-continental
Ballistic Missiles (ICBMs). On some of the missiles, requirements such as size, weight,
and power consumption are paramount. For others, these requirements are often not
nearly as important. Instead, requirements such as the operational shock and vibration
environment, maximum vehicle velocity (i.e., Doppler) and/or vehicle dynamics are more
problematic. For nearly every user, the test range is concerned with bandwidth efficiency

and the GPS Time to First Fix (TTFF). The TGRS has been designed to meet the
combined worst case requirements of numerous different missile platforms.
One issue in the design of the ground station demodulation was S-band carrier acquisition.
The demodulator carrier-tracking loop must be quite narrow to achieve the necessary
SNR to support low BER demodulation. The carrier frequency uncertainty due to
Doppler is approximately 1000 times the bandwidth of the carrier loop. To aid the
acquisition of the loop, the ground-based demodulator performs a carrier reconstruction
to recover the suppressed carrier and then accurately measures the frequency of the
carrier using a Fast Fourier Transform (FFT). This carrier frequency measurement takes
place on the demodulator polarization channels 20 times per second and is used to preposition the carrier loop center frequency such that the S-band signal is acquired and
subsequently tracked.
Table 1 below contains a summary of the key performance characteristics of the TGRS.
Table 1. Summary of TGRS Performance Characteristics.
CHARACTERISTIC
Power Consumption
Maximum Vehicle Velocity
Maximum Acceleration/Jerk
Time to first Fix (TTFF)
Positional Accuracy (real-time)
GPS Update Rate
GPS Data Latency
Telemetry System Data Latency

PERFORMANCE
DGT maximum power consumption is 50 Watts
10,000 m/s
75 G’s and 75 G’s/sec until maximum acceleration value is reached
5 seconds maximum, 3 seconds typical
10 to 30 feet (RMS) depending on system GPS configuration
1, 10, or 20 Hz (mission selectable)
≤ 50 milliseconds @ 20 Hz Update Rate
≤ 5 milliseconds maximum (depends on GPS & Telemetry rates)

CONCLUSION
The TGRS provides an integrated and cost effective system for both highly accurate GPS
missile tracking and telemetry transmission of missile data. The missile-borne DGT
hardware design is highly integrated and thus provides a low cost solution for use on an
expendable missile platform. The system provides TTFF, data latency, and measurement
accuracy suitable for Range Safety purposes, provides for optional encryption to
SECRET classification at data rates up to 40 Mbps. The TGRS system provides all of
this in a small and power efficient airborne package.
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ABSTRACT
GPS signal fixed dwell and variable dwell time sequential search algorithms are compared
with probability of false alarm and detection and searching rate. An adaptive search
algorithm is proposed according to different work modes and interference or jam
circumstance, which has effectively improved signal acquiring speed and reliability.
Mathematical simulation shows its correction and feasible.
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GPS, false alarm probability, detection probability, search rate, algorithm
INTRODUCTION
Sequential search techniques are by far the most commonly used to achieve the initial
coarse synchronization for low input carrier-to-noise density ratio environments, which
GPS signal has undergone. Because of uncertainly of PRN code phase delay and Doppler
frequency shift, GPS receivers must perform a two-dimensional sequential search process
for GPS signals. The mean acquisition time is crucial for determining code loop
parameters and search algorithms. This paper compares the performances of fixed dwell
time and variable dwell time search algorithms by analyzing signal detection probability,
false alarm probability and search rate. According to different work mode and interference
an adaptive signal search algorithm is proposed to effectively improve signal acquiring
speed and reliability. It is implemented in GPS digital acquire system base on GPS
correlator.
GPS SIGNAL SEARCH SCHEME
In GPS receiver, signal acquisition digital system is composite of correlator, envelopee
detector and search control scheme. The correlator includes PRN code generator, carrier
DCO, mixers and integrate-and-dump filters. The receiver adjusts local PRN code phase
(range dimension, associated with the replica code) and Doppler shift estimation (line-ofsight velocity dimension, associated with the replica carrier) to produce matching in-phase

and quadra-phase signals to correlate with the incoming signal. As the sample rate of
correlator is as fast as enough, assuming that the code delay and Doppler shift are
constant over the k th correlation interval, the output of the integrate-and-dump
filter I ( k ), Q( k ) are function of time-variable carrier phase, code correlation error and
Doppler shift estimation error. The input of the envelope detector can be expressed as
S( k) = I 2 ( k ) + Q 2 ( k) .
Call each range search increment as a code bin ( d code chip) and each velocity search
increment as a Doppler bin ( F Hz), the each code bin and Doppler bin make up a search
cell. Assuming the maximum Doppler shift is Fmax (as times of Doppler bin), and the code
length is D (GPS C/A code has 1023 chips), then the number of search cell Y can be
given by:
Y=

D 2 Fmax
⋅
⋅ η.
d
F

(1)

Where η is Doppler shift search reliability coefficient. Doppler shift can be positive or
negative, so the search scope doubled. Without precise estimation of Fmax , Doppler shift
variance is used to substituted for Fmax , η takes as 1~3 (as η =3, the reliability is close to
1). Set signal detection threshold as Vt , compare S ( k ) with Vt in algorithm, then signal
detection can be accepted or denied. Signal search process can be expressed that local
signal generator adjusts code phase and Doppler shift estimation and makes the replica
signal aligned to a certain search cell. If signal is successfully detected out, then search
process stops and code tracking starts; otherwise, if signal is denied, search process
makes code phase advance a code bin and continues until all code scope are searched. If
signal is still not detected out, it makes Doppler shift estimation advance to the next
Doppler bin, the above process repeats until the signal search succeeds. Considering the
direction of Doppler shift, signal search marches on the two sides of the initial cell
alternately.
PERFORMANCE OF SEARCH ALGORITHMS
Search algorithm is the heart of search strategy. Two powerful sequential search detectors
are analyzed and compared in this paper: the fixed dwell algorithms (signal dwell, M out of
N dwell and 1+M/N dwell) and the variable dwell algorithms (with different initial count
value). The algorithms have been explained in [1] [2][3], Here just get some ideals over
them.
Single dwell algorithms compare envelope of search cell S ( k ) with threshold Vt ,
if S ( k ) ≥ Vt , signal acquisition succeeds, otherwise the signal is denied and search advances
to the next cell.

It is known that I ( k ), Q( k ) can be assumed as Gaussian random distribution, the envelope
S ( k ) is a Ricean distribution [4]. Assuming probability density function (PDF) for noise
with no signal present is pn ( z ) and PDF for noise with signal present is p s ( z) , which is
defined by:
 z
 z 2 + A 2   zA 
I  
 2 exp −

2σ 2  0  σ 2 
p s ( z ) = σ
0


for

z≥0

(2)

otherwise

Where z = random variable, σ =RMS noise power, A =RMS signal amplitude and
 zA 
I 0  2  = modified Bessel function of zero order. When signal is not present A = 0 , p s ( z)
σ 

becomes to pn ( z ) . Equation (2) can be expressed in terms of the predetection signal-tonoise, s n (dimensionless), then get:
ps ( z) =

 z2
z
exp
−s
−
σ2
 2σ 2

  2s
n I 0 
  σ

n



(3)

A2
(power ratio), S N = 10 lg s n
2σ 2
(predetection signal-to-noise in dB) = C N 0 + 10 lg T , T = predetection integration time in
second and C N 0 =carrier-to-noise power ratio in dB. Signal detection probability and

Where s n =predetection signal-to-noise ratio =

false alarm probability are determined as follows:
∞

Pd = ∫ ps ( z )dz

(4)

Vt

∞

Pfa =

∫ p ( z )dz = exp(− V
n

2
t

2σ 2 )

(5)

Vt

Rearrange equation (5) yields the threshold in terms of the desired single trial probability
of false alarm and measured 1-sigma noise power:
Vt = σ − 2 ln Pfa
(6)
Take σ = 1 (normalized), threshold Vt can be determined by desired Pfa . Using this result,
the single trial probability of detection Pd is computed for the expected C N 0 and dwell
time T.
M N Search lgorithm takes N envelopes and compares them to the threshold for each
cell. If M or more of them exceeds the threshold, the signal is declared present. If not, the

signal is declared absent and the process advances to the next search cell. These are
treated as Bernoulli trials and the number of envelopes, n , which exceed the threshold has
a Binomial distribution. The overall probability of false alarm and detection in N trials is:
N

PFA 1 =

∑C

n= M

n
N

(

n
Pfa 1 − Pfa

)

N −n

(7)

N

PD 1 =

∑C

n= M

n
N

Pd (1 − Pd )

N −n

n

(8)

1 + M N Search algorithm is combination of the above two. First, make a single trial, if
S ( k ) < Vt signal absent is declared and the search advances to the next search cell; if
S ( k ) ≥ Vt , the M N search algorithm is adopted for further trial. In this time, probability of

false alarm and detection are:
PFA 2 = Pfa ⋅ PFA1

(9)
(10)

PD 2 = Pd ⋅ PD 1

1 0

0

1
P ro b . o f d e te c tio n

P r o b . o f fa l s e

a l a rm

If single trial false alarm probability is desired as Pfa =16%, σ = 1 (normalized), then
Vt = 1.914. From equation (4)(5)(7)(8)(9)(10), probabilities of false alarm and detection
can be calculated out. Figure 1 shows the results correspond to different s n
(predetection signal-to-noise ratio). “A” is for single trial algorithm, “B”is for M N
algorithm ( M = 7, N = 8 ), “C”is for 1 + M N algorithm. “C” is for a kind of variable time
dwell, which is explained later.
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Fig.1 performance of fixed time dwell algorithm
When code search bin and predetection integration time is determined, search rate Rs is
inversely proportional to mean dwell times N E of each search cell, that is R = d N E T . In
single dwell algorithm, N E = 1 while in M N algorithm, N E = N . The cost of its smaller
false alarm probability is decreasing search rate, which is not good for mean acquisition
time. As to 1+ M N algorithm, because most cell includes only noise, and average time of
dismissing those cells is close to 1, so the total mean dwell time is a little greater than 1,
and its search rate has been improved as false alarm decresed. However, this also
decrease signal detection probability, which has little effects in high signal-to-noise ratio
circumstance but deteriorates signal detection performance in low signal-to-noise ratio
circumstance.
Tong, P.S has proposed variable time dwell search algorithm [5]. It Firstly, it initialize
up/down counter L to B and compare signal envelope with threshold. If S ( k ) ≥ Vt , the L
counter increase 1, otherwise the L counter decrease 1, when L gets to zero, the signal

absent is declared, and when L gets to C (which is set as certain value), the signal present
is declared. Tong has give its false alarm probability and detection probability as
following:
PFA 3

[(1 − P ) P ]
=
[(1 − P ) P ]
fa

−1

fa

C + B −1

fa

PD 3

B

fa

[(1 − P ) P ]
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[(1 − P ) P ]
d

(11)
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d
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Where Pfa , Pd are false alarm probability and detection probability of single trial , also
take Pfa = 0.16 as example to compare performance of the algorithm when B, C have
different values. Their probabilities are shown in figure 2,3.
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In figure 2, “A”is for B = 1, C = 2 ; “B”“C”“D”are situations for B = 1, C = 4 ,6,8 . Because
most search cells contain only noise, mean dwell time of dismissing those cells is close
to 1, their search rate is similar to 1 + M N algorithm. From figure 1, when C = 8 , false
alarm probabilities of 1 + M N and B = 1, C = 8 have 10 −6 magnitude, but the latter has
better detection performance when signal-to-noise ratio is low. In figure 2, with C
increases, false alarm performance improved while detection performance improve a little
but search rate decrease. When signal- to-noise ratio is high, C = 8 can get nice
performance.
In figure 3, “A” is for B = 1, C = 2 ;“B” is for B = 1, C = 8 ;“C” and “D” are for B = 1, C = 4,8 .
It is seen the latter two have nearly same probability curves. “B”“C”“D”all have 10 −6
magnitude false alarm probability, when signal-to-noise ratio is low, variable time dwell
algorithm with B = 2 get better detection performance. It is known from algorithm
scheme that the improvement is obtained with cost of decreasing search rate.
AN ADAPTIVE SEARCH ALGORITHM AND ITS IMPLEMENTATION
Based on above analysis and comparison, it is known that fixed time dwell algorithms
and variable time dwell algorithms have different performance, even variable time dwell
techniques, things also change with different initial values ( B, C ). In fact, the three
indexes of false alarm probability, detection probability and search rate are contradictory,
algorithm should trade off between them.
However, the signal power reaching receiver antenna is definite. When external
interference (multipath effects, intentional/non-intentional in/out band interference) are
not taken into consideration, channel noise, circuit implementation loss and spread
spectrum gain can be counted out, therefore the despreaded signal-to-noise ratio should
be expected in a reasonable range. In other worlds, from the despreaded signal-to-noise
ratio input signal-to-nose can be derived and information about external interference is
obtained. When some satellite signal was acquired and tracked, ambient noise and
interference can be estimated by calculating equivalent carrier-to-noise ratio [6]:
j s
1
1
=
+
[c n0 ]eq c n0 P ⋅ f c

Where [ c n0 ]eq = 10

[ C N 0 ]eq
10

, c n0 = 10

(13)

C N0
10

, C N 0 = carrier-to-noise ratio with no interference

present (in dB), [ C N 0 ]eq = equivalent carrier-to-noise ratio with interference or jam
present (in dB), j s = interference-to-signal ratio, P = adjust coefficient which is 1 for
narrow band and 2 for wide band interference, f c = code rate. c n0 is defined in ICDGPS-200, and [ c n0 ]eq can be counted out by tracked satellite, then from equation (13),
j s is estimated.

From above, an adaptive signal search algorithm is proposed according to different work
modes and interference condition. It means when receiver works in initial acquiring and
no satellite or interference information get (blind searching), (1 + M N ) algorithm is
adopted for fast searching. As soon as a satellite is acquired and tracked, external
interference information is derived from despreaded signal-to-noise ratio of the tracked
satellite. Algorithm (1 + M N ) or variable dwell algorithm ( B = 1, C = 8 ) is adopted for
high signal-to-noise ratio condition (with low false alarm probability, high detection
probability and fast search rate), while variable algorithm ( B = 2, C = 4) is adopted for low
signal-to-noise ratio condition which has lower search rate for ensure signal detection
performance.
In experiment, functions of PRN code generation, carrier DCO, and integrate-and-dump
filtering are implemented by 12 channel parallel correlator supported by microcomputer,
while envelope and search control scheme are implemented by software.
The input signal of correlator is down-converted digital IF GPS signal, PRN code
length D = 1023 , code rate is 1.023 MHz , search code bin is d = 0.25 chip, and correlation
interval is T = 1ms . Doppler shift bin is F = 500 Hz . Code DCO and carrier DCO can be
precisely set by software, and make signal search march on time and frequency domains
at same time. Doppler shift scope is determined by maximum velocity of receiver V1
(when is in direction of satellite-to-receiver, the worst), satellite Doppler shift ( V2 , relative
to stationary user) and crystal oscillator frequency bias Fc :
fL
⋅ (V1 + V2 ) + Fc
c
Where f L = 157542
.
GHz ( L1 carrier), c = speed of light.
Fmax =

(14)

The output signal amplitude of integrate-and-dump filter decreases as code phase error
and Doppler shift estimation error increases. Code phase error is linear and carrier error
is function of sin( x ) x . When acquiring signal, code phase increment and Doppler shift
increment step amount should be taken into consideration in order to avoid slip over the
real signal. Noise variance is determined by AGC in RF front and correlator
performance. Signal threshold is determined by requirement of false alarm probability,
detection probability and search rate as well as step error caused by code bin and
Doppler bin.

CONCLUSION
From above analysis and comparison, the adaptive algorithm can choose appropriate
algorithm according to receiver work mode and interference or jam circumstance
information fed back by some tracked satellites, and therefore improve mean signal
search speed and reliability. Mathematically simulation shows its correction and feasible.
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ABSTRACT
With the rapid development of intelligent transport system in the world during the past
few years, it promotes some navigation & location technology to a wide application
especially in the car application. This paper firstly introduces some kinds of navigation &
location systems and then analyzes the advantage and disadvantage of each system. On
the basis of integrating every system and considering the high accuracy which can be
achieved by adopting the technology based on DGPS (Differential Global Position
System) at present, vehicle navigation & location system based on DGPS/INS/GIS
integrated technology is put forward. The propound of this system shortens the distance
between academic plan and real application greatly, and it provides a high accuracy and
high reliability navigation & location system for traffic department and some car
manufacturing Inc. In addition, this system is also provided with a friendly interface that
makes it very easy to the manipulator or the user. The emphasis of this paper is put on the
hardware and software of this system through introducing the system performance, the
system component and the system software, and the characteristic of each module that
makes up the whole system. The propound of the vehicle navigation & location system
based on DGPS/INS/GIS integrated technology is a new attempt for development of
intelligent transport system in our country, it will be sure to accelerate the process of our
intelligent transport system.
KEY WORDS
Intelligent transport system GPS INS GIS DGPS Integrated technology

INTRODUCTION
As a milestone in the history of car industry, intelligent transport system can utilize
roadway facilities effectively, and cut down traffic trap, and is very convenient to
centralized management, dispatch, and also can provide with enough information such as
traffic, service, security, entertainment and so on for the chauffeur. Intelligent transport
system research has obtained great success in the developed country, but in our country it
is at the beginning.
Navigation & Location system is the most important part in the intelligent transport
system. There are several kinds of systems based on different technology in the world:
(1) GPS system only. (2) GPS/INS integrated system. (3) GPS/GIS integrated system. (4)
INS/GIS integrated system. (5) Radio-beacon System. The GPS is a satellite-based
navigation and positioning system developed by the U.S. Department of Defense. It
provides 24h,global high-accuracy service to military and civilian users at all altitudes.
Civilian users will have access to the Standard Position Service (SPS), which will provide
about 100m horizontal accuracy with SA (Selective Availability). But on some conditions
such as going through tunnel or on the side of high buildings, the number of practically
visible satellites that GPS receiver can track is less than 4, which makes the GPS system
failure. INS (Inertial Navigation System) mainly uses Gyro and accelerometer to
calculate direction and distance, it is an autonomous navigation system, but the
disadvantage of this system is that it is a short-term accuracy system, so it cannot work
on the long-term condition. GIS (Geographic Information System) as a new technology
based on the computer science and geography science, mainly studys and analyzes
geography or geographical data by which can provide the services of management and
decision. Digital Map Matching is the mainly part of GIS application. The Radio-beacon
System mainly uses radio beacon from different position to inform the user where he is.
We have developed navigation system based on GPS/GIS, but its weak is that its
positioning accuracy is badly degraded in certain areas where trees and buildings may
sometimes make it impossible to receive GPS signals. The navigation system based on
GPS/INS can be free of obstructions, but its interface between the user and machine is
very poor compared with the GPS/GIS integrated system. High accuracy is especially
required in the vehicle navigation & location system, and the SPS will not be adequate
for this application. The more demanding applications which require accuracy about 10m
or better can be served by DGPS technology, because the DGPS reduces the impact of
pseudorange error component and is effective against errors introduced by the ionosphere
and SA (The SA is the largest SPS error component and is introduced by the U.S.
Department of Defense for national security reasons) [1]. On the basis of considering
advantage and disadvantage of each system concerns above, we propound the vehicle
navigation & location system based on DGPS/INS/GIS integrated technology.

SYSTEM PERFORMANCE
By adopting DGPS/INS/GIS integrated technology, the DGPS can make sure the
positioning accuracy is less then 10m or better. With the INS we can solve the problem of
obstructions blocking the GPS signals. With the digital map matching and adopting
Kalman Filter Technology to deal with data [2], the ultimately accuracy can be reached to
about 5~8m. In addition, the system has the following functions:
• Real-time displaying position and redisplaying history tracks.
• Information inquiring.
• The best way selecting and self-navigation ability.
• Displaying and inquiring the status of GPS satellites.
• Applying to be inspected & controlled and giving an alarm ability.
• Expansion ability to build network and to inquire information of the other car through
the network.
• Map editing, zooming, multi-layer displaying and automatic region switch function.
• Accepting new information and storage.
SYSTEM COMPOSING
The whole system can be divided into four modules. (1) Navigation and Location
module. (2) Map and Information inquiring with database module. (3) Communication
and Information processing module. (4) Controlling and Displaying module. Figure 1
shows the relation among the four parts
Controlling and Displaying

Communication and information processing

Navigation and Location

Map and geographic information inquiring

Figure 1 system module relation
In these four parts, the main function of the navigation and location module is to give the
present position by processing the DGPS/INS integrated signal. The accuracy and
reliability of the system depends on this module. Figure 2 shows the principle frame of
this module. The single chip micro-controller is used to process the data from the gyro,
the accelerometer and the DGPS, and the final output data is longitude, latitude, time,
velocity etc.

Taximeter

DGPS receiver

Single chip microcontroller
system

Gyro

Data output

Figure 2 DGPS/INS integrated principle frame
There are several options to integrate the GPS and INS sensor [3][4]. The first integration
option, also the simplest from an implementation viewpoint, is resetting the INS-derived
position and velocity with GPS-derived position and velocity. The second option, called
the cascaded integration scheme and sometimes referred to as loose coupling, uses GPSderived position and velocity (output of GPS Kalman filter) as measurements in an INS
Kalman filter, hence the name "cascaded"(a Kalman filter followed by a Kalman filter)
integration approach. The third integration option, called the full integration scheme or
the tight GPS/INS integration, combines the GPS and INS measurements in an integrated
Kalman filter. The GPS/INS Kalman filter estimates the errors in vehicle position,
velocity along with inertial measurement unit instrument errors, such as gyro bias,
accelerometer bias, and scale factor. The third option, shown in figure 3 , is the approach
pursued in this DGPS/INS/GIS integrated system. This option provides the best
navifation accuracy and does not suffer from the stability concern of the cascaded filter
approach.
Gyros
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INS Correction

GPS Correction
DGPS Receiver

GPS Navigation Algorithm

Figure 3 tight GPS/INS scheme
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The map and information inquired module is designed to display map and mark the
position with color point on the map, and to connect each point with smoothing curve.
The curve is the track. This module also has to construct a database to provide
information including department, school and university, factories, commercial service,
hospital and so on, which the user want to inquire about. The communication and
information processing module mainly receive DGPS data and other kinds of data such as
voice, alarm or information data transmitted from other vehicles. The communication
mode can be private frequency ( 200MHz or 430MHz) communication, trunking
communication or GSM communication system. We have developed data transmitting
systems based on private frequency communication and trunking communication, and the
data transmitting system based on the GSM communication system is on the way.
Through networks in this module, the vehicle inspected & controlled and different car
information inquired function comes into available. Figure 4 shows this module frame.
The controlling and displaying module mainly processes the data from the module
previous presenting, and receives data from tele-controller to finish some operations, and
displays map and information with LCD. This module is the most important part of the
whole system
Now, we present the details of each part.
• Control part: Embedded computer system PC/104 construction. This selection makes
this system both a navigation system and computer system.
• Display part: TFT type LCD, 320 × 256 distinguish ability, 256 color
• Memory device: HDD+PCMCIA
• Navigation and location device: GPS_OEM board, MOTOROLA production ,U.S.A
Gyro, KODEN production, Japan
805 Single chip microcomputer system

Digital Map
Displaying Device

GPS OEM

Interface
Control
Module

UHF

MODEM

Transmitter-receiver
Voice Communication

Figure 4 Communication and Information processing module
SYSTEM SOFTWARE
The functions of DGPS/INS/GIS navigation & location system software are:
• Receive locating data from the DGPS/INS part through serial port
• positioning data match with map and display with LCD
• Process the command code from the tele-controller, map zoom and information
inquiring
• Memorize and manage history track, redisplay history track
• Set and manage navigation tracks, present navigation information related with the
different areas
• Select the best roadway between two different positions
• Manage network and communication protocol
• Apply to master station to be inspected and controlled , information storage and
transmitting
• GPS/INS integrated Kalman filter algorithm to improve position accuracy
Figure 5 shows the construction of the system software:
Including:
Operation system: MICROSOFT WINDOWS 95
Designing program language: MICROSOFT VISUAL C++
MICROSOFT VISUAL BASIC
FRANKLIN C51, MASM
Digital map system software: MAPINFO PROCESSIONAL

Navigation & Location system software

Application software

Computer system software

Digital map system software

Designing program language

Operational system

Communication protocol

Information storage and inquired

and map matching

The best roadway selecting

Data

Data collecting and processing

Figure 5 the navigation & location system software construction
CONCLUSION
In this paper we have described vehicle navigation & location system based on
DGPS/INS/GIS integrated technology. We have shown that with advanced technology of
DGPS , INS, GIS map matching, network communication and data proprocessing, its
extreme accuracy, digital map operation easily, relation information that can be inquired,
network and communication available etc., this DGPS/INS/GIS integrated system gives
the user a very convenience, safety, overall operation system. This system has been
successfully applied to traffic management in some areas and several banks also adopt
this system to manage and inspect vehicles which may be used to transport important
things such as money. This system availability has been testified from the practical
applications.
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ABSTRACT
Remote, high speed, high explosive wave front monitoring requires very high bandwidth
telemetry to allow transmission of diagnostic data before the explosion destroys the
sensor system itself. The main motivation for this study is that no known existing
implementation of this sort has been applied to realistic weapons environments. These
facts have prompted the research and gathering of data that can be used to extrapolate
towards finding the best modulation method for this application. In addition to research
of similar existing analysis and testing operations, data was recently captured from a Joint
Test Assembly (JTA) Air Launched Cruise Missile (ALCM) flight.
KEY WORDS
QAM, RF characterization, modulation, wide bandwidth, multipath.
INTRODUCTION

Questions have arisen concerning the validity of using high-speed quadrature amplitude
modulation (QAM), in conjunction with the High Explosive Radio Telemetry (HERT)
project, to transmit explosive wave front propagation information. This data acquisition
requirement obviously necessitates transmission of a very complex data set in an
extremely short amount of time. If signal-to-noise requirements are traded off for a higher
number of bits/Hz, significant bandwidth reduction can be achieved. Investigations are
underway to learn how to best modulate the signal and to determine realistic noise levels
for QAM modulation. To help answer some of these questions about the radio frequency
(RF) noise and the associated multi-path problems, data was recently gathered from an
actual ALCM test flight at Dugway Proving Grounds. Some of this data has been
analyzed to help determine the best transmitter and receiver configuration.

REQUIREMENTS
HERT data rate requirements are such that 64 channels of high resolution timing
information, with each channel consisting of 14 bits of time data and a channel
identification (ID) along with a checksum, need to be transmitted in less than 20
microseconds. To accomplish this task requires a data rate of approximately 100
Megabits per second. In order to keep all spectral transmission signals within the
Telemetry band, with frequency nulls at the standard telemetry frequencies, the
transmission spectrum is being shaped to have a minus 35 dB bandwidth of
approximately 60 MHz. The linear phase filter characteristic results in an overall 3 dB
transmission bandwidth of less than 25 MHz. In order to best meet system requirements,
a polar 16 QAM modulation format has been selected. This method provides nearly
optimal tradeoffs between bandwidth, signal to noise ratio, and other channel
requirements for the particular application. An additional major advantage of 16 QAM,
over binary modulation, is the lower symbol rate, which puts less burden on the processor
as far as computation and control speed is concerned. In addition, QAM multi-path
delays will be a smaller portion of the symbol time vs. binary or qaudra-phase
modulation. It is important to minimize constellation distortion due to the fact that an
adaptive reverse equalizer channel is not available. Another driving factor, for the use of
a polar constellation configuration, is the fact that the transmitter must to be operated as
close to compression as possible in order to maximize power efficiency. Also, differential
encoding is desirable in the event that coherent detection is impossible due to loss of
preamble or rapid phase variations. All of this has lead to the decision to use a two-level
polar QAM format with differential phase encoding of the data.
DUGWAY DATA
As mentioned, questions have arisen concerning the RF signal quality from a moving
ALCM, in light of channel distortion and noise characteristics of the signal path, for the
possibility of using high-speed QAM telemetry. In order to help understand and answer
these concerns, a test was set up to capture data from a JTA ALCM flight conducted on
March 31, 1998 at Dugway Proving Grounds with a wide band receiver. Data was
captured at approximately one-minute intervals over the 4-hour flight of the missile. The
acquisition range was from 5 miles away to over 80 miles. This data was gathered
through a custom built receiver that was connected after the tracking station preamplifier.
The tracking station used was MOTAAS, which stands for MObile Telemetry Autotrack
Acquisition System. This system has been built into a very nice mobile semi-trailer with
capability of right-hand circular or left-hand circular polarization, and it autotracks in
both elevation and azimuth by using a 1-meter dish antenna. The acquired data can be
recorded in MOTAAS and/or sent to the range Mission Control Center (MCC) via an onboard microwave transmission (M/W) system. The semi-trailer contains the TM system,
the M/W system, record system, video system, communication system, Global

Positioning System (GPS) timing system, test equipment, and the autotrack antenna
system. In addition, facilities are provided to allow two operators an extended stay at
remote locations.
To meet our requirements, a custom receiver was connected to one of the RF
multicoupler output ports. This receiver consisted of a front-end RF filter with a
bandwidth of approximately 100 MHz. Receiver automatic gain control (AGC)
bandwidth was about 100 Hz. After amplifying the signal, and down conversion to 75
MHz, it was digitized at one Giga sample per second. This data was then stored on a
removable disk for later analysis. In all, approximately 250 Megabytes of data was
gathered from this particular ALCM flight.
DATA ANALYSIS
The captured standard telemetry data consisted of 112 kilobits per second biphase
modulation. The basic approach of analysis was to coherently demodulate the data to
produce phase and amplitude information. Since, biphase modulation is a constant
amplitude type of modulation, flat fading effects, faster than the AGC control bandwidth,
can be directly observed in the amplitude response. Next, the phase information was high
pass filtered, with a fairly high order finite impulse response (FIR) filter, set to a cutoff
frequency of 2 MHz to effectively remove the low speed telemetry phase information.
Thus, the resulting phase and amplitude information consisted of only wide band noise of
the RF channel itself. Additionally, the root-mean-square (RMS) signal level was
measured and then the low bandwidth telemetry signal was narrow-band-FIR-filtered to
remove the unwanted telemetry signal. Subsequently, by comparing the pre-filtered RMS
level with the filtered level, the approximate signal-to-noise ratio was determined. An
instructive analysis technique was to re-modulate this channel signal with a simulated
QAM modulation by adding the real noise channel to the ideal noiseless channel. Then,
demodulation and a comparison of bit error rates was informative, by way of comparison
with theoretical, as is shown in Figure 1.
Due to the large amount of data to be processed, 50 segments were randomly chosen to
allow for easier data manipulation. When the signal amplitude, as indicated by the AGC
level, is compared with missile distance from the receiving antenna, the data clearly
shows a trend for more amplitude variation at smaller distances and with an upper limit
approaching theoretical values. As the missile moved farther away, the maximum signal
strength was reduced, but a large amount of signal variability remained as shown in
Figure 2. For consistency, the computed signal-to-noise level was compared with the rms
phase variation. The result, as shown in Figure 3, is nearly a straight line, which is
theoretically expected. A higher signal to noise level should result in more phase
variation. This can be correlated with the QAM method to determine how much phase
variation, and thus what signal-to-noise level is actually allowable for reasonably

accurate polar QAM signal recovery. From the data, it does appear that approximately 15
to 16 dB signal-to-noise ratio is required for this modulation implementation where the
phase states are separated by 45 degrees at each amplitude level. Figure 4 shows the
relationship between AGC signal strength and computed signal to noise level. It is
interesting to note that signal strength and signal-to-noise ratios are not exactly linearly
related. This definitely implies that there are other probable noise source mechanisms
involved, in addition to thermal noise. Speculation is that multi-path contributes to this
effect as well as other possible error influences.
A final study was made to look at all of the data segments in order to determine how
many were affected by relatively fast flat fading effects. This is possible, since biphase
modulation consists of a constant amplitude RF signal. Variations in this amplitude level
are very likely due to flat fading. Of the 293 segments investigated, it was found that 5.5
percent display signal amplitude fluctuations that is indicative of flat fading faster than
the AGC bandwidth. Additionally, most fading effects were from signals at greater
distances from the receiver. The main conclusion is that the fading becomes quite
minimal at shorter distances from the receiving antenna.
CONCLUSION
Some channel characteristics of actual ALCM flight data have been examined. The
results appear to be nearly as expected for a gaussian white noise channel. In actuality,
with a real QAM modulation, it can be expected that there will be even more degradation
due to additional effects that can not be determined from the standard low speed
modulation used on the ALCM flight. One of these effects is frequency selective fading,
which requires modulation at or near the actual symbol rate in order to be directly
observed. However, the general magnitude of noise, and some flat fading characteristics,
has been determined and signal- to-noise and recovery margins are now better known,
with overall trends that can be used to help determine crucial high speed modulation
implementation.
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Figure 1. ALCM QAM remodulated bit error rates vs. theoretical.

Figure 2. Signal strength vs. distance.

Figure 3. RMS phase deviation vs. computed signal to noise ratio.

Figure 4. Signal-to-noise ratio vs. signal strength.
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ABSTRACT
High explosive radio telemetry (HERT) is a project that is being developed jointly by Los
Alamos National Laboratory and AlliedSignal FM&T. The ultimate goal is to develop a
small, modular telemetry system capable of high-speed detection of explosive events,
with an accuracy on the order of 10 nanoseconds. The reliable telemetry of this data,
from a high-speed missile trajectory, is a very challenging opportunity. All captured data
must be transmitted in less than 20 microseconds of time duration. This requires a high
bits/Hertz microwave telemetry modulation code to insure transmission of the data within
the limited time interval available.
KEY WORDS
Quadrature amplitude modulation (QAM), radio frequency (RF) modulation, bandwidth,
bit error rate (BER).
INTRODUCTION
The available time for sending explosive wavefront timing information is such that 64
channels of information must be transmitted at an equivalent transmission rate of
approximately 100 Megabits per second. For this application, a polar differentialphase/absolute-amplitude 16 QAM modulation technique has been chosen. Use of QAM
allows for a lower symbol rate than would be required with BPSK or QPSK. Other
advantages are that QAM data compression makes it easier to maintain the frequency
spectrum within the telemetry band. The polar format makes it easier to minimize
constellation distortion, and thus maximize efficiency, when operating near amplifier
compression. Finally, differential encoding is desirable in the event that coherent

detection is impossible due to loss of preamble synchronization or frequency variations in
the signal. A Xilinx field programmable gate array (FPGA), with sophisticated logic
programming, is used to control the system. Inphase (I) and quadrature (Q) modulation
method is used, allowing for a significant amount of system flexibility.
HARDWARE CONFIGURATION

64 Optical Inputs

Sixty-four optical signal inputs are connected into the package, by way of fiber optics, to
allow interfacing from the time of arrival signal detectors to the multi-chip module. This
module contains the optical to electrical converters and the FPGA. Each detected signal is
monitored by the FPGA, which determines time delay between events. The information is
then placed into memory and is simultaneously polled and formatted for output. The
output format, from the FPGA, is in the form of eight bits of I and eight bits of Q data.
The I and Q data is then converted to a set of analog signals. These two base band signals
are filtered by 15 MHz, 5th order, linear phase, low pass equi-ripple filters. This output is
then applied to the modulation inputs of an RF Microdevices 2422 vector modulator
integrated circuit. A very accurate Sawtek developed RF source, operating at 2,229.5
MHz, is connected to the RF input port of the modulator. The modulated output signal is
then amplified and buffered to the module’s output port. A block diagram of this setup is
shown in Figure 1. Details of the optical interface are beyond the scope of this paper. Of
particular interest are details concerning the logic design and modulation formats.
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Figure 1. Block Diagram of HERT Module.
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FPGA LOGIC
Most of the computational work is accomplished by the use of a XILINX 4036XL FPGA
clocked at 100 Megahertz (MHz). This device is the equivalent of approximately 36,000
gates and provides a flip-flop rich environment along with wide-edge decoders, abundant
routing resources, and high performance random access memory (RAM). The
programmed logic consists of event timers, an input polling machine, a poll FIFO, an
output multiplexer and checksum generator, differential encoding, and an output FIFO.
Each channel uses a 14 bit counter clocked at 100 MHz. When a channel signal goes low,
all of the counters start running. When another channel signal goes low, it’s respective
counter stops running. As a result the very first event triggered indicates a zero time on
the counter and all other event time values are relative to this first event.
The polling machine continuously scans the 64 channels looking for new events. The
time and channel number, of each event, is sent to the poll first-in-first-out (FIFO)
registers once a new event is found. A mask is then set to avoid placing this information
into the poll FIFO again.
The heart of the poll FIFO is a 64x20 bit RAM implemented to hold the time and channel
number data. This FIFO is designed to pack the RAM with time and channel data, but to
never empty. The FIFO also uses two read data pointer counters. One counter, which has
higher priority, allows reading the most recent data that has been stored. The secondary
counter allows for repeating data during long dwell times or when all data has been
written into the FIFO and sent out at least once.
The checksum block adds a simple 4-bit checksum using the time and channel number
data. The multiplexer divides up the time, channel, and checksum data into 4-bit slices to
be differentially encoded symbols.
The 4-bit time and channel data slices are then differentially encoded using a unique
algorithm developed by AlliedSignal FM&T. This produces a gray encoded differential
polar QAM format that will be discussed later in this paper.
Finally, the 8-bit I and Q values, from the differential QAM generator, are stored in the
output FIFO and sent at a 25 MHz symbol rate. The output FIFO is also pre-loaded with a
three word real time correlator trigger data that is used to reliably trigger the recording
device at the ground station.

RF MODULATION
While programmable, the initial HERT RF modulation is a two amplitude level 16 QAM
differential-phase/absolute-amplitude polar format. Setting the number of states to 16 is
convenient for reasonably high bit to symbol packing density. A higher number of QAM
modulation states would mean that more signal-to-noise ratio is required for reliable
signal recovery.
Polar QAM format appears to offer significant advantages over rectangular QAM for this
application. The polar format is less sensitive to constellation distortion due to amplifier
compression. Furthermore, the polar format allows phase to be directly differentially
encoded. With phase differentially encoded, loss of a coherent carrier is less catastrophic,
since the data can still be non-coherently recovered.
For the HERT implementation, all data is encoded into differential phase transitions and
absolute amplitudes. The particular method used has two amplitude levels with 8 phases
at each level. All states are uniformly and uniquely separated in phase by multiples of
22.5 degrees. Two amplitude levels are superior to three for this differential method since
the effective “reference” for each symbol is the previous symbol, and the average
amplitude for this effective “reference” is greater for the two amplitude level case. This
means the signal to noise for the “reference” is greater with two amplitude levels.
For each symbol, the amplitude can be compared to the amplitude of the previous
symbol. If the ratio is within a certain band, the present symbol amplitude is an outer
circle amplitude value and the previous symbol is an inner circle amplitude value. These
values can be incorporated into a running weighted average for tracking and
compensation of scaling and compression. The gray coded differential-phase/absoluteamplitude constellation state assignments are shown in Figure 2.
PERFORMANCE
This modulation scheme has been extensively simulated under various conditions. The
Eb/No vs. BER simulation results for various modulation methods is shown in Table 1.
Significant points concerning this chart are summarized as follows:
The results shown for the non-coherent differential-phase/absolute-amplitude 16QAM is
for non-optimal decision state assignment regions, just “closest to” in the differentialphase/absolute-amplitude “quasi” IQ constellation. The Eb/No at BER=1E-4 for coherent
differential-phase/absolute-amplitude 16QAM is 1.58 dB worse than the absolute version
of that constellation and 2.54 dB worse than conventional absolute rectangular 16QAM.
Of course, a total absolute scheme, not just coherent, would require some special code
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Figure 2. Differential phase and absolute amplitude QAM symbol number assignments.

word to resolve the discrete angle ambiguity and if for some reason the carrier cannot be
coherently recovered the data could not then be recovered non-coherently, as is possible
with the differentially encoded phase case.
The non-coherent differential-phase/absolute-amplitude 16QAM BER vs. Eb/No is 0.7dB
worse at BER=1E-4 (less with more optimal decision regions) than non-coherent 8DPSK,
but with the data rate of conventional 16QAM, while still retaining both continuous phase
and amplitude referencing.
For differential-phase/absolute-amplitude 16QAM, comparing the coherent to the noncoherent result shows about a 0.6dB improvement in required Eb/No at a BER=1E-4 for
the coherent differential versus non-coherent differential demodulation (Eb/No=14.7 dB
vs. 15.3 dB) with a two symbol window. The improvement is about 1dB at higher BERs.
Increasing the window size for coherent differential demodulation would provide a
greater improvement over non-coherent differential demodulation.

Modulation

Eb/No at BER=1E-4

Non-coherent differentialphase/absolute 16QAM

15.34

Coherent differentialphase/absolute 16QAM

14.68

Absolute coherent 2-amplitude
polar 16QAM

13.10

Absolute coherent rectangular

12.14

Non-coherent differential 8DPSK

14.62

Absolute coherent

11.66

Table 1. Eb/No vs. BER simulation

CONCLUSION
In conjunction with AlliedSignal FM&T, a small, modular data acquisition, high speed
measurement, and fast telemetry unit has been developed using state-of-the art
miniaturization techniques and innovative RF modulation methods. Complex,
miniaturized, optical channels have been integrated along with fast analog interfaces,
sophisticated real time processing, a high order logic design, state-of-the-art RF
integration and filtering, all brought together into one low power module. This new
module size is on the order of the typical standard JTA telemetry modulator/transmitter
unit by itself and has less than 5 watts of power consumption. Overall, significant
progress has been made towards our future understanding of flight dynamics of explosive
systems.
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ABSTRACT
This paper overviews the High Explosive Radio Telemetry (HERT) system, under codevelopment by Los Alamos National Laboratories and AlliedSignal Federal
Manufacturing & Technologies. This telemetry system is designed to measure the initial
performance of an explosive package under flight environment conditions, transmitting
data from up to 64 sensors. It features high speed, accurate time resolution (10 ns) and
has the ability to complete transmission of data before the system is destroyed by the
explosion. In order to affect the resources and performance of a flight delivery vehicle as
little as possible, the system is designed such that physical size, power requirements, and
antenna demands are as small as possible.
KEY WORDS
High Explosive Telemetry, Explosive Time of Arrival Sensors, High Data Rate
Transmission, Quadulature Amplitude Modulation Transmission, QAM
INTRODUCTION
The High Explosive Radio Telemetry (HERT) is a telemetry system that measures the
initial performance of an explosive package in flight. The key period of interest during the
explosive event occurs during the first 100 microseconds. This requires a telemetry
system with accurate, fast time resolution (10 nanoseconds), and the ability to get the data
transmitted before the system is destroyed. The telemetry system is being designed to
affect the resources of the delivery vehicle as little as possible by minimizing the size and
power requirements. In order to simplify the design and fabrication, no attempt is made to
measure anything beyond event time of arrival at a specific sensor, relative to another

sensor. Because the measurements are taking place in an environment of induced
electromagnetic interference, fiber-optic isolation is utilized between the sensors and the
telemetry package.
BACKGROUND
The High Explosive Radio Telemetry (HERT) project was initiated to determine the
practicality of a system to measure performance of a weapon’s high explosive material in
a flight environment. Traditionally, under flight test conditions, test results of an explosion
event were determined from review of remote instrumentation data and high speed
photography. Flight test data could not be collected to verify “burn” performance during
the critical first microseconds of the detonation. Instead, such measurements were ground
based, with the device under test extensively modified to introduce sensors and to protect
the test system from damage by the explosion being monitored. At best, the ground based
tests were performed under simulated flight test conditions.
To instrument an explosion during flight, development of some form of a wireless data
transmission link was required, and modification of the explosive needed to be minimized
to preserve flight characteristics and to maintain a realistic or "high-fidelity" model of the
actual weapon. The problem of making sub-microsecond measurements and transmitting
them before the explosion destroyed the system was obvious.
The plans for the development of HERT from an experimental concept to a flight-capable
system consisted of feasibility, acceptability, and developmental stages. The feasibility
stage was to determine if the problems associated with this task could be overcome by
existing techniques and technology. The acceptability stage was to determine if the
accuracy and limited number of channels in such a system are adequate to make a
practical decision on the explosive system performance. The developmental stage is where
the system is tested and hardened to meet the rigors of the flight environment, and is
eventually operated in actual flight. To date, the HERT project team has successfully
completed the feasibility stage, and is progressing through the acceptability and
development stages.
TECHNICAL APPROACH
The basic concept of HERT simply is to collect and transmit data about metal housing
deformation during the initial stages of detonation of high explosive (HE). During this
phase of a few microseconds, the explosion can be considered a “burn” which generates
and applies pressure to deform a metal housing. Sensors are positioned a few millimeters
away from the metal. As the metal deforms and moves, each sensor is used to detect
physical arrival of a point on the metal. The sensors detect arrival as event data, which is

then collected, encoded with timing information, and transmitted through free space. The
transmitted data is received by a ground station for post explosion analysis.
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FIGURE 1
Figure 1 shows the simplified block design of the HERT flight system. The system
concept employs sensors designed to create light pulses upon contact with the explosively
deformed metal plate or housing. The light from each sensor is channeled through fiber
optic cable to the HERT module, which is to be located within the flight vehicle at such a
distance as to ensure survivability during the first 100 microseconds of the detonation. In
the HERT module an optical detector circuit converts the light pulse to an electrical signal,
which is conditioned and then input to a XILINX™ field programmable gate array. The
gate array encodes the detected event along with a time stamp. This data is then formatted
and transmitted by an RF System operated at S-Band, utilizing digital encoding and
Quadrature Amplitude Modulation (QAM).

TESTS AND RESULTS
A series of test sequences, termed HERT 1, 2, 3, and 4, have been utilized in the
“feasibility” and “acceptability” phases of the HERT project. The HERT 1 and HERT 2
test sequences were performed in 1995 and 1996 with analog pulse encoding and X band
transmission of data, experimenting with various types of shock sensors. HERT 3, also in
1996, was the first test performed on the initial QAM system design, capable of collecting
and transmitting data from eight sensor channels. These tests were “planar” tests, where
flat disks of high explosive were detonated at stationary ground sites. HERT 1, 2, and 3
test results have convinced us that the concept is feasible. Air to ground transmission tests
of the system have been successfully conducted with Sandia Labs in New Mexico, using
their ground station, which duplicates the actual receiving stations in the field, and RF path
characterization studies have been performed at Dugway Proving Grounds.
The second stage, acceptability, consists of testing configurations with the best
technology available. The purpose is to determine if the actual data obtained is useful for
weapons designers in certification of high explosive system performance. The
acceptability stage is broken into two parts, additional “planar” tests and then
“representative geometry” tests. To date, all explosive tests have been planar.
Representative geometry tests are being scheduled to be performed in 1999. Four planar
test shots under the HERT 3 sequence plus two additional planar test shots under a
HERT 4 sequence in July 1997 have been successfully conducted. The HERT 4 sequence
utilized a 32 channel, digital QAM design. Additional test shots in this sequence are being
performed in July 1998 to test self-check features for inclusion in the system. All test
results to date have been highly positive, have advanced the project forward in the
acceptability stage, and have served to guide development of the system. Once the
representative geometry tests are successfully completed, flight environment tests and
actual flight tests are to be scheduled.
DEVELOPMENT
The development stage of the HERT project has progressed in conjunction with the
feasibility and acceptability stages. The HERT MK1 design (Figure 2) was completed and
fielded for HERT 4 test sequences which started July 1997. The basic module of this
design included electrical filters, signal conditioning, XILINX™ encoding, a 16 QAM
modulator, and 50 mW output power in a box measuring 2.5” x 2.5” x 1.25”. The module
was designed for 32 input channels of electrical bi-level signals with 17 ns timing
resolution. The HERT MK1 encoded and transmitted the data at a 67 mega-bit/second
data rate. Conversion of light signals from fiber optic cables was accomplished external to
the MK1 module in four 8 channel converter boxes. These converter boxes facilitated
easy connection to the fiber optics that carried signals from the sensors, and were

preferable for use in performing experimental ground tests and in evaluations of various
types of light emitting sensors. The external converter boxes were too unwieldy for any
proposed use under flight test conditions. These are being replaced in the next system
design by an internal optical to electrical conversion scheme.
HERT MK1 MODULE

LOGIC SECTION

RF SECTION

FIGURE 2
The HERT MK2 module is now under design with a first unit delivery target of October
1998. Design goals for this module include 64 channels, 10 ns timing resolution, and a 100
mega-bit/second data rate. This module will contain internal optical to electrical
conversion, along with filtering, signal conditioning amplifiers, XILINX™ Field
Programmable Gate Array, differential QAM modulator, and a separable RF power
amplifier of 10 Watts at S-Band. A miniature 64 optical signal input connector is being
designed into the package, targeted to occupy a maximum volume of 8 cubic inches.
Sensor development for the HERT progressed as test sequences were performed and
various sensors were evaluated. These included direct contact pin sensors that discharge
current through light emitting diodes, triboluminescence devices, piezoelectric crystals
driving light emitting diodes, fluorescing air gaps at the end of fiber optics cables, and
even bare fiber ends. Direct contact pins provided the most consistent results, and are
being incorporated into the system design as individual pin sensor modules. A secondary
consideration in using direct contact pins is the capability to perform self-check
sequences to the HERT system by sequencing emulated contact shorts at the pin circuits.
Mechanical design for accurate positioning of HERT pin sensors has been sufficient for
planar testing activity, but will become a greater challenge when addressing representative
geometry testing, and eventually flight testing. Measurement accuracy of the system is
critically dependent upon precisely locating the initial position of the sensors, and on
support structures to hold the position of those sensors during rugged flight

environments. Materials and preliminary designs for support structures are being evaluated
at the present time.
CONCLUSION
It is feasible to acquire performance data during the initial stages of a high explosion in
flight. A small lightweight high explosive flight test telemetry system, designed to transmit
a limited number of channels of data before being destroyed, is undergoing continued
development. Additional ground testing and flight environment testing, along with an
additional design iteration, the HERT MK3, is planned before a transmitting system is
employed on an actual flight test.
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ABSTRACT
The available space for the mounting of antennas on missiles and airborne targets is very
limited. The vehicle integrator is constantly striving for smaller antenna apertures while
requiring increased performance. Microstrip antennas with moderate dielectric loading
have been successfully utilized in the past to meet these requirements. With the advent of
high dielectric substrate materials, the designer now has the option of further reducing the
size of the antenna while preserving the most desirable performance attributes. An example
of the size reduction achievable with the new substrate materials is presented along with
performance characteristics.
KEY WORDS
Microstrip, antenna, aperture, substrate, dielectric.
INTRODUCTION
Currently a blade antenna is being used on target drones for Miss Distance Indicator
(MDI) applications. It provides omni-directional radiation coverage that is undesirable in
some applications. Radar pulses returned from the ocean surface cause the noise floor of
the receiver to rise. This increase in the noise floor masks the intended signal rendering the
MDI system inoperable. A directional antenna that prevents radiation to the surface will
prevent this problem. A circular microstrip antenna was designed for the DSQ-50 program
to replace the blade antenna. The microstrip antenna confines the radiation to the upper
hemisphere reducing surface reflections. A similar antenna was required for the DSQ-37
program. The frequency of operation is lower however, requiring a larger aperture. It was
a requirement that the antenna be enclosed in the same size housing. This paper will
discuss a method of reducing the aperture of the DSQ-37 antenna through the utilization
of high dielectric substrate materials.

DESIGN CRITERIA
Element Dimension
A half wavelength (λ/2) circular microstrip antenna was selected for the design. This
geometry was selected to meet the aerodynamic requirements of the target drone. The
microstrip geometry provides for a very low profile antenna with excellent radiation
characteristics. The design equation for the half wavelength circular disk antenna is given
below [1]:
k
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where:
k=

8.794
f r εr

a = element radius (cm)
h = substrate thickness (cm)
ε r = relative dielectric constant of the substrate
fr = operating frequency (GHz).
A commonly used material for microstrip antennas is RT/Duroid 5870 (ε r = 2.32). This
material has been used extensively in the past for many designs with excellent results. For
a given dielectric constant of ε r = 2.32, a substrate thickness (h) of 0.508 cm., and an
operating frequency (fr) of 1.775 GHz, the radius can be shown to be:
a = 3.00 cm.
The radiating aperture of the existing housing is 5.30 cm. A microstrip element designed
with the above parameters would be 6.00 cm in diameter, exceeding the aperture size. An
antenna with ε r = 2.32 would exceed the aperture size by 0.70 cm.
A decrease in size of the antenna element can be realized by increasing the dielectric
constant (ε r) of the substrate as shown in the equation (1-1). A high dielectric material,
RT/Duroid 6006 (ε r = 6.15), was selected to decrease the element size. Using the same
design parameters as above, the element radius can be shown to be:
a = 1.96 cm.

This radius results in an element that will fit within the given housing aperture. This
diameter microstrip antenna satisfies the requirement to maintain the same size housing.
Bandwidth
An additional consideration for the use of higher dielectric substrate materials is the
decrease in bandwidth. For a given frequency and substrate thickness, as ε r increases
there is a associated decrease in bandwidth as shown in the following equations [2].
BW % =

s −1
x 100
QT s

where:
BW = bandwidth
QT = total quality factor
s = 2 (for a desired VSWR of 2:1)
QR =

c εr
4 fr h

where:
QR = quality factor associated with radiation resistance
c = speed of light (cm/sec)
for low copper and dielectric losses
QT ≅ QR

For the ε r = 6.15 material, the bandwidth can be shown to be 3.4%. For the ε r = 2.32
material, the bandwidth is calculated to be 5.6%. It can be seen that there has been a
reduction in bandwidth due to the increase in dielectric constant. This is a serious
consideration in the use of high dielectric material for wide bandwidth applications.
Design Comparisons
Air(Vacuum) and RT/Duroid 6010 (ε r = 10.2) were not considered in the original design,
but are included in Table 1 for comparison purposes along with the previously considered
materials. This table is based on the design parameters: fr = 1.775 GHz and h = 0.508 cm
and is a comparison of the electrical properties for different dielectric materials.

Table 1
Air

RT/Duroid 5870 RT/Duroid 6006 RT/Duroid 6010

Diel. Const. (ε r)

1.00

2.32

6.15

10.20

Element rad. (a)

4.36 cm

3.00 cm

1.96 cm

1.50 cm

Return Loss*

9.54 dB

9.54 dB

9.54 dB

9.54 dB

% Bandwidth

8.5 %

5.6 %

3.4 %

2.6 %

*This value for return loss is equivalent to a VSWR of 2:1 used in equation (1-2).
MEASURED RESULTS

Return Loss (dB)

An antenna was designed using the RT/Duroid 6006 (ε r = 6.15) material, along with the
design parameters of fr = 1.775 GHz and h = 0.508 cm. The radius of the circular
microstrip antenna was derived in the previous section (a = 1.96 cm). Figure 1 is a plot of
the return loss versus frequency for the antenna. From the graph, it can be seen that the
bandwidth is 55 MHz. This corresponds to a 3.1% bandwidth. From Table 1, the
theoretical bandwidth of 3.4% is in close agreement with the measured result.
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The antenna patterns in Figures 2 & 3 are E & H plane radiation plots. The antenna had a
maximum gain of 5.6 dBi with very broad coverage, decreasing to a minimum of –6.3 dBi
over ±90°.
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CONCLUSIONS
The use of high dielectric substrate material to decrease the physical size of an antenna has
been discussed. It has been shown that the aperture size for a given frequency can be
reduced though the use of high dielectric constant materials. The reduction in aperture size
has been found to come at the expense of decreased bandwidth. The other desirable
properties of microstrip antennas are maintained, making this a useful alternative for
limited aperture size applications. The miniaturization has been a great aid in integrating
various antennas onto airborne vehicles.
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ABSTRACT
This paper describes the technology on transmitting a single super fast waveform signal
in real-time and introduces the general situation of the telemetry transmitter in vehicle.
The equipment is a FM system in view of RF frequency, it is a pulse system in view of
RF power. This equipment can transfer not only super fast waveform signals but also
slowly varying conventional telemetry signals. The design is very novel. It is a multiusage telemetry transmitter in vehicle.
KEYWORDS
Telemeter, FM (Frequency Modulation), Pulse, Transmitter, and Super fast waveform
signal.
INTRODUCTION
In some radio telemeter of flight objects, a special and very important telemetry signal,
except for slowly varying conventional telemetry signals, is often met. The signal is
called super fast waveform signal. There is distinct difference between this super fast
waveform signal and slowly varying conventional telemetry signals. This super fast
waveform signal is always a single pulse that lasts several micro-seconds, its information
is realized on the waveform; for example, the forward edge of the pulse, the width of the
pulse and the concavity at the top of the pulse.
It is very difficult to measure this kind of waveform signal because the signal is singular
and quick. There are two ways to measure this super fast waveform signal, preprocessing and transmission in real-time. Pre-processing is that the narrow pulse
waveform signal is transmitted in the conventional channel after it is sampled and coded.
In fact, the super fast waveform signal is slowed and then is transmitted to the ground.
Having enough time for this transmission is the prerequisite in the method. But in most of
cases, we do not have enough time, therefore, transmission in real-time is necessary.

CHOOSING THE SYSTEM OF TRANSMITTING THE
SUPER FAST WAVEFORM SIGNAL IN REAL-TIME
Whether the super fast waveform signal is transferred in an AM system or in a FM
system, there are difficulties. If an AM system is adopted to complete the transmission of
the super fast waveform signal, the power of the transmitter should be direct proportion
to the square of the amplitude of the signal which is measured. That is say, when the
amplitude is changed, there should be a certain varying range of the transmit power. If
the maximum amplitude is five times the minimum amplitude, the relevant transmit
power ratio should be twenty-five, thus the transmit power of the largest signal is 800W.
However, the transmit power of the smallest signal is only 32W. It is clear that the
transmit power should be raised in the transmission system if the super fast waveform
signal is transmitted in an AM system. Otherwise the power margin or the transmission
quality of the small amplitude can not be guaranteed .On the other hand, we need a high
power linear amplifier whose power dynamic range is large in an AM system. But this is
very difficult to realize in engineering.
If a FM system is used to transmit the super fast waveform signal, the problem of the
large linear dynamic range does not exist. The transmit power is always regular in the
continuous wave FM system transmitter no matter what happens to the amplitude of the
super fast waveform signal. In this case, it is not necessary that transmit power is linear.
But, in a FM system, there is an other problem that the transmit power should be
relatively large because of the wide frequency band of the super fast waveform signal and
the bad transmission condition, which brings difficulty in researching the transmitter.
There is no power margin if the power can not be increased, so the transmission quality
can not be guaranteed. On the other hand, the time that the super fast waveform signal
lasts is very short, and the utilization ratio of transmit power is very low. This causes this
design of a telemetry system to be unreasonable.
There is a good transmission system called FM-AM mixed system that combines an AM
system with a FM system. It overcomes not only the problem of large dynamic range and
large power linearity in an AM system but also the problem of the small power margin
and the low power utilization ratio in a FM system.
THE DESIGN SCHEME TO TRANSMIT THE SUPER
FAST WAVEFORM SIGNAL IN REAL-TIME
The slowly varying conventional telemetry signal must be given consideration in the
telemeter to transmit the super fast waveform signal in real-time. It is necessary to mark
the super fast waveform signal in order to distinguish the super fast waveform signal and
the slowly varying conventional telemetry signal. This mark is also called the address

code of the super fast waveform signal. Thus, the two signals can be distinguished when
they are received and demodulated.
In the engineering application, the appearance of the super fast waveform signal is
controlled by the trigger signal that comes from the control system. There is an accurate
time interval between the two signals. We can produce a series of code pulse by use of
the time interval and look at the code pulse as the address code of the super fast
waveform signal .The time relation between them is displayed in figure 1.

Figure 1. The time relation between super fast
Waveform signal and address code
Frame of transmitter to transmit super fast waveform signal is displayed in figure 2.
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Figure 2. FM-AM Transmitter Block Diagram
When we need to transmit the super fast waveform signal, at first, the trigger signal
sparks the address-code generator to generate a special address code that then is sent to
the multi-function modulator. The continuous wave that is outputted from the oscillator is
cut into RF pulses in the multi-function modulation. These pulses pass through the power
amplifier and then are sent out. The super fast waveform signal that is measured will then

appear. The signal is sent not only into the multi-function modulator to produce a
modulation pulse that opens the output channel, but also into the FM oscillator to be
modulated. The microwave switching control pulse that comes from the multi-function
modulator and the super fast waveform signal that is added to the FM Oscillator are
synchronized. The signal that comes from microwave switching is a RF pulse that has
FM information, its frequency changes with the change of the super fast waveform
signal. Transmission progress of the super fast signal is shown in figure 3.

Figure 3. Transmission progress of super fast waveform signal
(A.B.C.D.E.F.G: in figure 3 shows the corresponding waveform in figure.2)
From the operation progress described above, we can easily found that this equipment is
not only a FM system transmitter but also a pulse system transmitter. It is different from
the common pulse system transmitter. In a common pulse system transmitter, its RF
frequency is regular during the pulse, but the frequency of this equipment change with
the waveform of the signal measured. That is saying, the RF frequency deviation
embodies the waveform of the signal measured. This equipment is different from the
common FM system transmitter. In a common FM system transmitter, its output power is
regular, the output power does not change whether the signal measured exists or not.
Only when the signal measured emerges, does equipment output power. So it is a FM
system transmitter in view of the frequency, and it can be called a pulse system
transmitter in view of the power.
CONCLUSION
We designed the transmitter from the angle of transmitting super a fast signal in real-time
.In fact, it can also transmit slowly - varying conventional telemetry signals. The
conventional telemetry signal which is acquired in the data acquisition set is sent into a
multi-function modulator , the multi-function modulator generates a modulation pulse

that has regular width and amplitude, and the continuous wave that is generated in the
Oscillator ( frequency doesn’t need to be modulated ) is cut into RF pulses by the
microwave switching that is controlled by the modulation pulse, after these RF pulses
pass through power amplifier, they are transmitted to the ground receiving station. In fact,
this is a common pulse system transmitter. A multi-function modulator controls the timelogic relation between the conventional telemetry signal and the super fast waveform
signal. This equipment is generally situated in the conventional Telemeter State. When
the super fast waveform signal is sent out, the multi-function modulator cut off the
transmission of the conventional telemeter signal automatically. After the super fast
waveform signal is sent out, the multi-function modulator returns to the conventional
Telemeter State automatically.
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ABSTRACT
Three-channel monopulse tracking receiver systems are commonly used for high
performance tracking of satellites, missiles, or aircraft to maximize the reception of data.
Typically, the receiver in such systems are custom designed for their end purpose. This
results in a high cost to cover the development, service, and support of a highly
specialized piece of equipment.
This paper covers the requirements and performance of a 3-channel monopulse tracking
receiver assembled from commercial-off-the-shelf (COTS) equipment. Such a system
provides an option for designing or upgrading tracking stations with the lower cost, larger
support base, and greater system configuration choices that are available with COTS
equipment.
KEY WORDS
Three-channel monopulse, monopulse tracking system, monopulse receiver, Commercialoff-the-Shelf, telemetry tracking systems
INTRODUCTION
Monopulse tracking systems are commonly used for tracking moving signal sources
where the signal strength requires a narrow beamwidth antenna. In monopulse tracking
systems, tracking error signals are generated that are used to control the position of the
antenna.
Monopulse systems are typically classified as either one, two, or three-channel in
configuration depending upon the number of complete receiver channels involved.
Generally, three RF channels are involved: -Azimuth, -Elevation, and Sum.

The highest performance in tracking accuracy and signal reception is achieved by use of a
3-channel monopulse system which allows each receiver channel to be optimized for either
data or error signal reception. Accordingly, three-channel systems are used for the most
demanding applications, such as tracking satellites or deep-space probes, and used to
control the largest types of high-gain dish antennas with very narrow beam angles.
The usual systems approach to building a three channel monopulse tracking system
involves designing the receiver from scratch to obtain the required characteristics. A threechannel monopulse system was assembled from Commercial Off The Shelf receivers at
Microdyne as a proof-of-concept exercise for a customer. The performance of this
COTS system matches or exceeds that of the specialized receiver equipment currently
installed at many tracking systems today.
OVERVIEW OF 3-CHANNEL MONOPULSE TRACKING SYSTEM
A 3-channel monopulse system depends upon the phase difference of signals from the
antenna to create an error signal used to position the antenna. A 3-channel monopulse
system differs from 2-channel or single channel monopulse systems in which the data and
error signals are multiplexed through one or two receivers to reduce system cost.

Figure 1: MONOPULSE ANTENNA FEEDS
In Figure 1 a block diagram for a monopulse system using a four-horn parabolic dish
antenna is shown. The phase difference between several signals in the antenna are summed
and differenced to produce a “Sum channel” for data, “Azimuth channel” for controlling

position on one antenna axis, and a “Elevation channel” for controlling position on the
other antenna axis. The azimuth and elevation channels are generally referred to as the
“error” channels since they are not used for data. Individual horn feeds are positioned on
a single focal point of a tracking dish antenna.

Figure 2: THREE CHANNEL MONOPULSE RECEIVING SYSTEM
In Figure 2, a block diagram for the receivers in each channel are shown. The Sum
channel is used as a phase reference for the error channels. The output after phase
comparison is a DC voltage proportional to the antenna position error. When a signal
source lies along the axis of the antenna, the signal phase will be equal on all antenna feeds
and the error output will be zero.
There are several methods of adjusting the phase in a monopulse system. In Figure 2
phase shifters are shown on the second LO oscillator. Since phase detection is referenced
against the Sum channel, there is no need to place a phase shifter in the second LO to the
Sum channel.
In Figure 3, the gain relationship between the Sum and Error channels in a monopulse
system is shown. The Error channels are the difference of signals on adjacent antenna
feeds resulting in a signal that exhibits a null of 20 to 30 dB when the antenna is tracking.
Notice also from Figure 3 that the error signal increases greatly when slightly off-axis.
For excellent tracking accuracy while tracking a weak signal, the ability of the error
receivers to operate at very low signal levels is important. To compensate for the low error

channel signals it is a common practice in monopulse systems to select a narrow IF for
the error receivers. This imposes additional problems in the system in keeping phase in the
sum and error receivers constant with changes in signal level.

Figure 3: MONOPULSE GAIN Vs DIRECTION
In an actual tracking system, the antenna may have outputs for two polarizations of the
incoming signal so the signal could be tracked regardless of the signal polarization. In
such a “dual” 3-channel monopulse system there would be two sum channels, two
azimuth channels, and two elevation channels. A data combiner would be used between
the two sum channels and pre-detection signal combiners would be used between each of
the error channels.
REQUIREMENTS OF A MONOPULSE RECEIVER
As indicated in Figure 2, there are several parallel receiver paths in a 3-channel monopulse
receiver system. In order to properly detect and compare the signals in the system for the
purpose of creating proper tracking signals, there are several requirements placed on the
COTS receivers used. The overall system accuracy is directly dependent upon how well
the receivers meet these criteria:
I. THE SAME LO SOURCE(S) MUST BE USED FOR ALL RECEIVERS AT
A GIVEN IF CONVERSION STAGE.
In order to maintain proper phase relationship between each channel, the same LO source
must be used. This is shown in Figure 2. The typical telemetry receiver contains it’s own
LO sources for RF and IF conversion at each IF stage. In order to use a COTS receiver
for a monopulse system, the internal LO source(s) must be disabled, and a LO source(s)
for all receivers must be amplified and distributed to each receiver. Without this, minor
frequency variations between sources will make phase detection meaningless.

II. PHASE DELAY THROUGH THE IFs USED MUST MATCH BETWEEN
EACH RECEIVER OVER THE AGC RANGE.
As AGC varies the phase delay through the receiver must not change. To track a signal
source accurately as the source signal varies in strength, the phase delay of the IF and
receiver as a whole must be constant with changes in AGC.
In three-channel monopulse systems, the AGC for the error receivers is generated by the
Sum receiver and distributed to the error receivers. The signal level of the error channels is
generally 20 to 30 dB below the signal level of the sum channel because of the method by
which the error signals are differenced between antenna elements as indicated in Figure 3.
III. GAIN THROUGH THE IF FILTERS MUST MATCH BETWEEN EACH
RECEIVER AT A GIVEN AGC LEVEL.
Matching gain verses AGC and matching gain helps to insure phase matching. This is an
important requirement for dual polarization systems where there will be a total of six
channels - two sum and two for each error. This insures equal pre-detection combining
action and smooth transition between receivers if the polarization is changing. This insures
that all phase delays, which are affected by AGC , are as close as possible between
receivers.
IV.A METHOD OF ADJUSTING PHASE DELAY MUST BE PROVIDED FOR
EACH RECEIVER.
A standard telemetry receiver does not have a method of phase adjustment. In a
monopulse application, phase adjustment is required for several reasons:
1. Antenna RF cable length between to the receivers will vary in phase length.
When the antenna is on-axis with the signal, there may be some residual phase
error.
2. As the system input frequency is varied, phase errors will vary.
3. Most systems have selectable IF filters. Phase error will vary as IF filters are
switched.
4. As system demodulation format is changed (i.e. FM to PM or QPSK), the
internal source for the demodulation VCXO will change slightly in phase.
If the system is to used fixed to a single antenna at a single receive frequency, the method
of phase adjustment can consist of a manual mechanical calibration adjustment - i.e. a
selected length of coax or telescoping coaxial phase adjustment. In situations where the
receiver may be switched between different antennas or used on different frequencies, a
electrical means of adjustment can be used.

V. A METHOD OF ADJUSTING ERROR SIGNAL GAIN IS NEEDED
Once the receiver is phase calibrated, the output of the phase sensitive detector must be
scaled to fit the requirements of the antenna position/servo control system. This is simply
a matter of a gain adjustable DC stage for the error voltage. For a system used with
different antennas or at different input frequencies, a automatic means of adjusting the gain
to preset levels is desirable.
MODIFYING A COMMERCIAL TELEMETRY RECEIVER
Any commercial telemetry receiver that is to configured into a monopulse system will need
some modification. SMT electronics are not easy to modify unless the receiver is
modularized on a higher function-block level. Some telemetry receivers available are of
modular construction.
Microdyne developed a “dual” three-channel monopulse system by modifying existing
products to demonstrate proof-of-concept. To build this system, six Microdyne 700
series receivers and one 1620 combiner were used. Modifications consisted of :
1. Using only one Synthesizer LO module and one Reference Oscillator module
located in one of the SUM receivers, and adding cables to the other receivers to
allow for external LO .
2. Routing AGC out of the Sum receivers for distribution to the error receivers
which had their AGC modules removed.
3. Adding a phase adjust module to each receiver for phase adjustment of the
second LO.
4. Modifying internal software to allow for one master receiver which controlled the
other receivers and combiner from it’s front panel via the standard RS-422 port.
5. Building a “Tracking Demodulator” chassis in which the LO signals are
amplified and distributed to the other receivers, and to house the phase sensitive
detectors and distribution for the DC error signals.
The tracking demodulator chassis and phase modules were the only completely
specialized items required for this system. 90% of all receiver and combiner modules were
completely unmodified from their COTS configuration. Modified modules consisted of
standard COTS modules with no more than simple modifications. Most of the
development consisted of software changes.
The system was installed at a facility where it is used to track polar orbiting satellites with
one of two dish antennas. The system replaced a specialized monopulse receiver system
designed in the early 1970’s. Age, advancing technology, lack of unique spare parts, and
need for specialized troubleshooting skills made support for the older system difficult -

especially since the system was uniquely and specifically designed as a three channel
monopulse receiver.
Use of COTS equipment made support of the system much easier not only because it
represented new equipment, but also since spare parts, troubleshooting, and customer
support were identical with other telemetry receivers in use for other purposes.
Contracting for the development of a custom three-channel monopulse receiver system
could have been triple the cost of a COTS system for the NRE alone.
SYSTEM PERFORMANCE
After system development, gain and phase stability were tested on the bench to verify the
system design. A signal generator was used through a signal splitter network. An
attenuator was used before the error channels to approximate the lower signal level of a
monopulse system.
The information in Table 1 represents the absolute maximum phase variation for the
system with different IF filters selected measured between the output of the Sum channels
to the outputs of the Error channels. Data was taken for the system operating in a
combined and non-combined modes of operation. Over an input signal dynamic range of
50 dBm, the system gain error was within +/- 0.5 dBm and phase error within +/- 5
degrees. Sum and Error receivers used the same IF filter bandwidths for this test.
IF FILTER
BANDWIDTH
30 kHz
100 kHz
2.4 MHz
3.3 MHz

COMBINED
X ERROR
dBm
deg
0.7
0.6
0.9
0.7

2.0
1.0
0.0
0.0

SINGLE CHANNEL
X CH1
X CH2
DBm
deg
dBm
deg
0.5
0.7
0.5
0.9

2.0
2.0
1.0
2.0

0.1
0.5
0.3
0.9

5.0
6.0
3.0
1.0

COMBINED
Y ERROR
dBm
deg
0.8
0.6
0.2
0.8

5.0
6.0
4.0
2.0

SINGLE CHANNEL
Y CH1
Y CH2
dBm
deg
dBm
deg
1.0
0.6
0.4
1.2

3.0
1.0
4.0
1.0

0.6
0.2
0.6
0.3

9.0
9.0
6.0
6.0

TABLE 1: PHASE AND GAIN MAXIMUM VARIATION FROM -80 dBm TO -30 dBm OF INPUT SIGNAL

In most monopulse system, the alignment and matching of the IF filters is the critical to
good phase and gain tracking. The IF filters used for this test were randomly selected
COTS units taken directly from production without any additional calibration or any filter
matching. Filter matching and system calibration with a network analyzer could reduce
remaining phase errors.
In actual operation, the COTS system has been tested against the older specialized system
which it is replacing and has demonstrated performance that is equal or better in noise,
phase accuracy, BER performance, and phase stability and resulting antenna tracking
accuracy.
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DESIGN AND UPGRADE OF A COTS RECEIVER/COMBINER
SYSTEM TO MEET
NASA’S LEO-T PERFORMANCE REQUIREMENTS

William M. Lennox
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Ocala, Florida USA

ABSTRACT
The new NASA LEO-T (Low-Earth Orbite Ground Systems) satellite systems requires a
wide range of data rates including extra wide-band requirements with near theoretical
performance standards.
This paper describes new design implementations incorporated into a COTS (Commercial
Off-The-Shelf) Telemetry Receiver and Combiner System redesigned to meet the new
wide band data requirements for NASA’s LEO-T satellite down link telemetry data
requirement. The paper will also provide performance data showing system performance
for the high data rates.
INTRODUCTION
NASA is developing a series of satellites for the Mission to Planet Earth using LEO
satellites. This program has resulted in the requirement for the LEO-T. The LEO-T
program requirement is for small autonomous turnkey satellite ground terminals. These
terminals must be completely automated and operate autonomously without operators.
The telemetry receivers and combiners for this system must be highly reliable and function
in a total remote control mode. In addition, they must support many of the LEO satellites
with a wide variety of data handling requirements including data rates to 8.0Mbps.
These new data requirements were imposed in addition to the normal data requirements
needed for general purpose satellite telemetry data and tracking capabilities. Requirements
for COTS were also imposed. Excerpts of some of the specifications are shown below.

• Demodulation: FM, PM, BPSK, QPSK, with data rates from 100 bps to
8.0 Mbps.
• Configuration: Dual channel polarity receivers with Optimal Ratio Pre-D
Combiner.
• Lock Threshold: PM -12 dB C/N, BPSK 0dB C/N, QPSK +4dB
C/N.
• Remote Control: Front Panel and Total Remote Control using IEEE-488 and
RS-232C.
• Bit Error Rate Performance: The system shall have a BER versus Eb/No
that is within 1.5 dB of theoretical.
SYSTEM DESCRIPTION
The Telemetry Receiver/ Combiner System is composed of two 700-MR Receivers
equipped with multimode demodulators for the dual polarization requirement, and a 1620PC Combiner also equipped with a multimode demodulator for the Optimal Ratio
Combining requirement. In addition the 1620-PC was equipped with a 1600-PSK BPSK
subcarrier discriminator for subcarriers up to 5.0 MHz.
A block diagram of the system is shown as Figure 1.
DESIGN REQUIRMENTS
The primary design task was to provide a very reliable telemetry receiver/ combiner
system. The requirement for COTS provides proven design and reliability to the design
task. However, the increased data rate and theoretical performance requirements
demanded considerable design refinements to the multimode demodulator and the transfer
bandwidth of both the receiver and combiner.
DESIGN CONSIDERATIONS
The primary design requirements were the extremely wide data bandwidth requirements of
100Bps to 8.0Mbps and the theoretical performance requirements for FM, PM, BPSK,
and QPSK demodulation.
The specification called for IF bandwidths of 0.5, 1.0, 3.3, 6.0, 12.0, and 20.0 MHz, with
the ability to field change to narrower IF bandwidths to support the lower data rate
requirements.

The low data rates specified normally dictate an IF center frequency of 20 MHz or less,
and data rates of greater than 6.0Mbps dictate an IF center frequency of 70 MHz or
higher.
Designing a telemetry receiver with a 70 MHz IF center frequency for low data rates is
unrealistic for narrow IF bandwidth design; also, demodulator performance with very
narrow bandwidths with a 70 MHz IF center frequency degrades ultimate S/N
performance reducing the possibility of meeting the theoretical performance required. In
addition the COTS and reliability requirement tended to dictate a design using standard
COTS telemetry receivers and combiners.
DESIGN CHALLANGES
Using the standard COTS receivers and combiner as a starting point the following major
design implementation was required to meet the performance goals of the specification.
• Design a 20.0 MHz bandwidth IF with a 20 MHz center frequency with a 60/3 dB
shape factor of less than 4:1.
• Redesign the 758-D Digital Multimode Demodulator to handle data rates in excess
of 8.0Mbps with near theoretical performance.
• Redesign the 1600-PSK Subcarrier Demodulator to tune from 25 kHz to 5.0 MHz
with tunable loop bandwidth from 30 Hz to 300 Hz, for data bandwidths from
100 Hz to 1.0 MHz.
• Increase the transfer bandwidth of the 1620-PC Combiner from 15 MHz to greater
than 20 MHz with theoretical combiner performance for data rates in excess of
8.0 Mbps.
DESIGN IMPLEMENTATION
20 MHz IF Bandwidth Design
It was anticipated that the major design problem would be the 20 MHz bandwidth IF with
a 20 MHz center frequency. Designing an IF with bandwidth equal to center frequency
with a 60/3 dB shape factor of 4:1 has always been thought to be impractical with existing
technology. However, with these requirements, a design was undertaken with excellent
results. The design effort yielded an IF design with a 3 dB bandwidth of slightly greater
than 20 MHz, with a 20 MHz center frequency, and a 60/3 dB shape factor of less than
4:1. In addition, the group delay was less than 15 nanoseconds over the 80% bandwidth.
A plot of the design with frequency response and group delay is shown as Figure 2.

Redesign of the 758-D Digital Multimode Demodulator
The initial design of the 758-D Demodulator did not accommodate data rates in excess of
5.0 Mbps due to internal filter designs and amplifier limitations. In addition the unit is a
digital demodulator using a 20 MHz clock which imposes Nyquist limitations to the
maximum bandwidth.
The redesigned demodulator has redesigned internal filters along with modifications to the
phase shift networks and increased amplifier bandwidth capabilities. Nyquist limitations
concerns were not encountered with the data rates in excess of 8.0 Mbps. The redesigned
demodulator produced the desired results necessary for the system to meet the theoretical
performance requirements.
1600-PSK Subcarrier Demodulator Redesign
The standard 1600-PSK demodulator was redesigned to tune to subcarrier frequencies up
to 5.0 MHz. The data bandwidth was extended to 1.0 Mbps with filter redesigns. In
addition the internal software was rewritten to provide tuning of the loop bandwidth from
10 Hz to 300 Hz with 10 Hz steps. This redesign effort yielded a COTS product meeting
the LE0-T requirements.
1620-PC Telemetry Combiner Redesign
The standard 1620-PC Diversity Combiner was redesigned to increase its transfer
bandwidth from 15 MHz to greater than 20 MHz. The 1620-PC uses a 20 MHz center
frequency so the difficulties were similar to the IF design. In addition the combiner circuit
was required to combine two signal at 20 MHz with a 20 MHz bandwidth. Design
consideration includes increasing all internal filter bandwidths to greater than 20 MHz and
redesigning the combiner circuitry, in particular the phase shift networks to work over this
extremely wide bandwidth. The redesign effort yielded a COTS product that met the
LEO-T specification.
DESIGN RESULTS
The primary design results are shown in the bit error rate plots shown as Figures 3
through Figures 11.

CONCLUSION
The primary design specification was for high data rate performance with the 1.5dB
theoretical performance for the system. Note the BER plots Figures 3 through 7show the
system performance for 8.0 Mbps for BPSK, PM, QPSK, and FM. Note that the
combined improvement is very close to 3 dB and the plot meets the 1.5 dB design goal
and meets the specification.
Additional data was taken on data rates exceeding the specification for PCM-FM. These
plots are shown as Figures 8 through 11. Note the new design has yielded COTS
equipment that has usable PCM-FM performance in excess of 15 Mbps. BER plots for
PCM-FM are plotted against C/N ratio in the 20 MHz IF bandwidth. A BPSK theoretical
line is shown on these curves to provide a referenced line for each PCM-FM graph.
Also using COTS equipment guaranteed standard performance at traditional and lower
data rates. The system performed near theoretical with much lower data rates. In addition
the system met the demanding lock thresholds for all demodulation formats and data rates.
The design effort to meet the demanding LEO-T specifications was successfully
completed. The design effort provided the customer with proven reliable COTS
equipment that successfully met all the delivery specifications.
AGC
RF IN

700-MR Receiver

Video Out
758-D

Sub-Carrier
Data

IF

AGC
Video Out

1620-PC
Combiner

RF IN

700-MR Receiver

1600-PSK

Video Out

758-D
758-D

IF

Figure 1 – BLOCK DIAGRAM RECEIVER/COMBINER LEO-T CONFIGURATION

Figure 2

Figure 3

Figure 4

Figure 5

Figure 6

Figure 7

Figure 8

Figure 9

Figure 10

Figure 11
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ABSTRACT
Today’s increased satellite usage has placed an increased demand for high performance
low cost satellite TT&C receiver systems. Many of the receiver systems being installed
are using VME or PC platforms to provide streamlined computer based installations. This
paper will describe the design and performance of a VME/PC based satellite TT&C
receiver. The paper will provide a block level description of a 70 MHz receiver which
uses a PM/FM digital demodulator. The paper will also provide performance data for a
PM/BPSK sub-carrier satellite application.
INTRODUCTION
Many telemetry applications today have the requirements to be small and portable. This
has been aided by the continual miniaturization of modern electronic components. The
advent of the personal computer and the single board computer in chassis environments,
such as VME and VXI platforms, has seen a natural migration to telemetry systems. For
several years many components used in telemetry systems have been available for use in
personal computers, VME and VXI environments. Although some manufacturers have
made telemetry receivers, they have placed limits on the user which compromised
performance of the telemetry system. Microdyne recognized this and developed a
telemetry receiver that would adhere to the space and portability requirement but would
not limit the functionality of the telemetry system or compromise the performance.
An area which can greatly benefit from the use of card based telemetry receivers are the
satellite TT&C industry. Often these systems require multiple receivers to perform the
standard maintenance of the satellite system. Additionally, the increased usage of polar
orbiting low-Earth-orbit (LEO) satellites demands multiple TT&C sites. The use of card-

based systems, such as VME or PC, greatly reduces the cost to implement multiple
ground stations.
Most TT&C applications require a receiver capable of demodulating a PM modulated
carrier with a BPSK sub-carrier. The input frequency is typically 70 MHz. The primary
function of the TT&C receiver is to provide ranging information and to demodulate
satellite status information. This limit application allows the receiver to be design for a
limited narrow band application with IF bandwidths less than 2 MHz and video
bandwidths less than 500 kHz.
DESIGN IMPLEMENTATION
The Microdyne Satellite TT&C Receiver design was split into three parts. All RF related
functions are performed in a shielded box to isolate it from noise sources in the
environment. In addition, the RF module is further compartmentalized for isolation
between receiver modules. The output of the RF module is a 5 MHz IF signal, which is
routed to an isolated PM/FM digital demodulator. A 5 MHz IF frequency was chosen so
that IF filters could be designed using LC techniques to reduce cost and production lead
times. The PM/FM demodulator is an arc-tangent demodulator, which will be discussed
later in the paper. The output of the digital demodulator is routed to the printed circuit
board for the receiver. The printed circuit board provides all unit control, video
processing and pre-demodulator down converting. Figure 1 shows an assembly outline
for the Microdyne Telemetry Receiver.

Figure 1 - VMR-2070 TT&C Receiver

The discussion of the telemetry receiver RF module will be based on the on the block
diagram, Figure 2.

Figure 2 - VMR-2070 Block Diagram
The RF signal is routed through an isolator Filter to provide channel rejection. The signal
is then routed to the first mixer for the first down conversion. The first mix is a low side
mix with a 230 MHz first local oscillator. The output of the first mixer is routed to a SAW
filter with a center frequency of 165 MHz and a bandwidth of 4.5 MHz. This provides
image rejection. The signal is then routed to the second mixer for the second down
conversion. The second mix is with a 165 MHz second local oscillator. The second local
oscillator can be placed into VCO mode, which allows the PM demodulator to tune the
VCO. The effects of switching power supply noise on the synthesizers are reduced by
double and triple regulation of the input power. The second IF frequency is centered at
5 MHz this allow the use of standard LC filters. The second IF filters are 10 pole lumped
element Gaussian Filters. In order to preserve space, Microdyne uses precision 1%
components for the IF Filters. The design of the receiver provides 4 IF filters selectable
from 100 kHz to 3.5 Mhz. The IF Filter module also provides automatic/manual gain and
AGC Time Constants functions for the receiver. The IF Filter gain circuitry provides 50
dB of gain and 5 AGC Time Constants. The output of the second IF Filter is then routed
to the demodulator.
A block diagram for the PM/FM digital demodulator is shown in Figure 3. The 5 MHz IF
is buffered and routed to two 8 bit Analog-to-Digital (A/D) converters. The A/D
converters are clocked by 5 MHz clocks that are 90 degrees out of phase. This provides
a Sine and Cosine sample of the IF. The outputs of the A/D converters are routed to an

arc tangent look up table. The output of the look up table will be the instantaneous phase
error relative to the 5 MHz reference clock. The phase error is then routed to a fieldprogrammable-gate-array (FPGA). The FPGA selects the demodulation mode of the
receiver. If PM mode is selected, the phase error is passed through to the video Digital-toAnalog (D/A) converter. If FM mode is selected the instantaneous phase error is
accumulated and gated out to provide a frequency output which is routed to the D/A
converter. The output of the D/A converter is routed to a buffer amplifier and routed to
the printed circuit board’s video input. A signal is also routed to a second order loop
filter. The loop filter has selectable bandwidths of 100, 300 and 1000 Hz. The output of
the loop filter is routed to the RF brick as the APC output. This output is used to tune the
second local oscillator, in PM mode, for phase locking.

Figure 3 - PM/FM Digital Demodulator
The discussion of the video/control board will be based on the block diagram, Figure 4.

Figure 4 VMR-2070 Video/Control Block Diagram
The demodulated video signal is routed to the video processing circuitry. This provides
tuning and deviation meters for the telemetry receiver. In addition, AC or DC video
coupling is performed in this module. The signal is then routed to the video filter module.
The receiver provides 4 active video filters and a video filter bypass. The signal is then
routed to a video amplifier that provides 63 dB of video level adjustments. The signal is
then routed to the front panel as a video output signal. AGC linearization is also done on
the video/control board. The AGC signal is routed from the RF module to the
video/control board. The AGC voltage is digitized via a 12-bit Analog-to-Digital (A/D)
converter. The output of the A/D converter is routed to the linearization circuitry, which
contains logic and a linearization look up table. The output of the linearization circuitry is
routed to a 12-bit Digital-to-Analog (D/A) converter. The output of the D/A converter is
summed with the output of an offset D/A converter. The offset D/A converter provides
AGC zeroing functions. The summed output is routed to the front panel as the linear
AGC output. The output is scaled for a 20 dB/volt output which can be used for a
weighting signal for a telemetry combiner or as an indication of received signal strength.
Figure 5 is a plot of typical linear AGC output.

Figure 5 Typical Linear AGC Output
The bus interface is also contained on the video/control board. Receiver control is
independent of the bus interface and remains the same for any control environment. The
receiver has an embedded signal chip microcontroller which allows all circuitry to remain
the same with only the bus interface changing. The control bus is routed to interface
circuitry, which provides data decoding. The output of the bus interface is routed to a
dual port RAM. This functions as a “mailbox” to pass control and status information
between the receiver and the control bus. The microprocessor places status data into the
RAM. When control information is written to the RAM an interrupt is generated to signal
the microprocessor that new control data is available. The microprocessor then reads the
data and configures the associated receiver module. Status information for the receiver is
obtained by reading the status A/D converter. Status is available for the AGC level, Video
level, Tuning Meter, Deviation Meter and Receiver Lock.
PERFORMANCE
Microdyne card level receivers provide superior performance in what is typically a bad
environment for receiver products. Typical noise figures for the VMR-2000 product line
are 12 dB. The real test for any receiver product is the Bit-Error-Rate (BER) test. This will
predict how well the receiver will work with a given signal. Figure 6 shows typical BER
performance. This BER data was taken with a 2047 pseudo random data pattern
PM/BPSK sub-carrier with the carrier modulated with 1 radian. The sub-carrier was
32 kHz BPSK modulated with a 2 kBps 2047 pseudo random data. The VMR-2070 had a
125 kHz IF filter, 50 kHz video filter and was using a 100 Hz loop bandwidth. The data
shown is the BER of the sub-carrier channel through the entire receive system. The subcarrier demodulator had an implementation loss of approximately 1.5 dB. This data shows
that the TT&C receiver had an implementation loss of approximately 1.5 dB. During the
test the VMR-2070 locked at a 46 dB/Hz noise density which is equivalent to a -10 C/N.

Data was taken for the 3 dB after which the errors in a 10-6 measurement went to zero.
Data was not taken beyond this window because of the low data rate.

Figure 6 - VMR-2070 Sub-carrier BER
APPLICATION
The typical applications for card level telemetry products are in portable telemetry
systems. In this environment the telemetry receiver can be placed in the same chassis as
the bit sync and decomutation equipment. This combined with the available computer
cards for PC; VXI and VME bus systems provide an excellent base for a small portable
telemetry system. These systems often times can be carried and deployed with minimal
manpower. The card level products are also excellent choices for small flight line test
systems used for pre-mission verification of telemetry transmission systems.
CONCLUSION
Microdyne has been successful in developing a line of card level TT&C receivers for use
in small portable telemetry systems without degrading system performance. The telemetry
receivers provide tuning steps of 100 kHz, four IF Filters, four Video Filters and a digital
demodulator with PM/FM capabilities. The receivers make these features available in a
VME chassis by occupying two 6U slots or in an AT personal computer by occupying
two AT slots. The effects of the harsh environment of the VME or PC chassis have been
reduced with the use of shielding and regulation of the card level power inputs. This
makes these receivers ideal for multiple TT&C receiving sites.
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ABSTRACT
This paper discusses modifications made to a commercial-off-the-shelf (COTS) signal
generator that aids acquisition of low earth orbit (LEO) satellites. The modification
compensates for the Doppler Frequency offset that commonly affects acquisition of LEO
satellites. This allows the user to use a COTS signal generator for the uplink exciter. User
programmable features have been added to the signal generator, which compensates for
the Doppler Shift.
INTRODUCTION
Today’s communication systems are continuing to look for ways to increase the amount
of information distributed to users. The advent of personal communication systems has
opened up several new methods of obtaining data in the telemetry industry. Many of
these advances have been in the use of satellite communications. The use of satellites for
telemetry applications is on the increase with many of these applications using polar
orbiting satellites. Unlike geosynchronous satellites (GEO) which remain in a fixed
location, polar orbiting satellites revolve around the Earth’s axis. There are two types of
polar orbiting satellites Mid-Earth Orbit (MEO) and Low-Earth Orbit (LEO). The LEO
satellites can be further divided into two kinds known as: big LEO and little LEO. The
differences between these satellites are shown in Table 1i.

Table 1 - Specifications of Four Satellites used in Mobile Communications
Satellite
Type
GEO
MEO
Little LEO
Big Leo

Altitude of
Satellite in km
35,000
5000 -10,000
500 – 1500
500 – 1500

Uplink Power
Required
High
Medium
Small
Small

Band of
Operation
1.6 – 2.5 GHz
1.6 – 2.5 GHz
150 MHz
1.6 – 2.5 GHz

Life Span
15 years
10 years
5 years
5 years

The advantage of the LEO satellites is the lower power required to communicate with the
satellite. This allows the use of a lower cost terminal. NASA has recently been installing
several Low Earth Orbit Terminals (LEO-T) which will increase in use over the next
decade.ii In addition, several commercial Big LEO systems are currently being deployed
such as, Aries, Globalstar and Iridium. There are also several Little LEO systems such as
Orbcomm and Starsye. The disadvantage of the LEO satellites is that these satellites
complete one orbit around the Earth in 114 minutes.iii This greatly increases the amount
of Doppler Shift that the ground terminal will experience. The Doppler Shift experienced
in LEO satellites can exceed 210 kHz. This creates a problem for many telemetry
receivers, which typically only have an acquisition loop capable of correcting 250 kHz of
Doppler. Without some intervention, much of the LEO satellite pass would be loss.
Another critical requirement of LEO satellites is tracking the position of the satellite. This
can be done using a variety of techniques. Many of these techniques are based on the
measurement of the delay of a known transmitted signal. Figure 1 shows a simplified
block diagram for measuring delay of a signal.iv Often the LEO satellite will frequency
shift the received signal and rebroadcast it to the ground station. This is often referred to
as a “bent pipe” configuration. A simplified block diagram of a “bent pipe” configuration
is shown in Figure 2.
Satellite systems using a “Bent Pipe” configuration determine the range of the satellite by
measuring the time and phase difference of a known transmitted signal. It is important to
be able to make these measurements as quickly as possible. By looking at Figure 2, you
can see that the satellite-transmitted frequency depends on the received frequency. Using
this information, an exciter frequency change will change the satellite transmit frequency
and will effectively cancel the Doppler Shift that the ground station receivers experience.
This allows the ground station receivers to sweep a smaller range and therefore acquire
the satellite signal faster.

LEO
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Transmit Site

Time/Phase Measurement

Figure 1 - Phase/Delay Measurement Configuration
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Figure 2 - "Bent Pipe" Satellite Transmitter
Using this information, Microdyne has developed software algorithms for its COTS
signal generator model TSS-2000.

A COTS SIGNAL GENERATOR
The Microdyne TSS-2000 was designed to meet the requirements for complete telemetry
simulation. The simulator employs a combination of digital and RF design techniques to
provide the simulation capabilities needed for telemetry receive systems. A review of the
block diagram, Appendix 1, will highlight the various features required for system
simulation.
The Digital Waveform Generator serves as the digital modulation source. It is a high-speed
discrete digital system clocked at 150 MHz. By using a digital source, the simulator can
easily support multiple modulation formats such as AM, FM and PM. By adding a limited
amount of RAM, it can also provide PCM simulation and support PCM/FM & BPSK
applications. In addition, a pseudo-random number generator has been included which
provides compatibility with industry standard Bit Error Rate Test Sets. The Digital
Waveform Generator also includes a Modulated Numerically Controlled Oscillator
(MNCO) which allows the simulator to provide small tuning increments, less than 1 Hz,
and further serves as a device to provide Doppler shift simulation. A block diagram of the
Digital Waveform Generator is included as Figure 3.

Figure 3 - Block Diagram for Digital Waveform Generator

The modulator is a vector modulator. This approach was used because it is easily
configured for multiple modulation formats. This design also allows the simulator to
perform wideband data simulation with data rates up to 20 Mbits. The simulator also
provides external inputs to support custom user modulation formats; including PAM/FM,
FM/FM subcarriers, SGLS subcarriers and IRIG tones for command destruct.
The simulator RF path is based on a three-synthesizer conversion process. This allows the
simulator to provide a wide range of output frequencies. Currently the design provides RF
tuning from 10 MHz to 600 MHz and from 1400 MHz to 2500 MHz. This allows the
simulator to cover the standard telemetry bands, such as P, L & S bands. It also allows it to
cover the command destruct bands. Furthermore, because it provides RF outputs as low as
10 MHz, it can be used as an IF source. Finally because all of the local oscillators are
synthesized, the simulator can provide sweep capabilities.
Fade simulation is accomplished by the Automatic Level Control (ALC) circuitry. It
contains dynamic attenuators that are controlled by digitally generated analog fading
signals. By generating the fading control signals digitally, the fade depth, rate and phase can
be accurately controlled reducing the need for additional external equipment. The simulator
includes a power splitter and ALC circuitry to produce two RF outputs. This allows the
simulator to test receiver/combiner systems.
The two RF output channels are then routed through high power RF amplifiers and digitally
controlled attenuators. This allows the RF output power to be varied from -130 to +20 dBm.
This will allow the simulator to be used for boresite applications.
All of the features of the simulator are remote controllable by IEEE-488, RS-232 and RS422 interfaces. Because the simulator allows complete remote control of all configuration
parameters, the user has the capability to create highly sophisticated simulation scenarios
that will verify complete system performance.
MODIFICATION FOR SATELLITE ACQUISITION
In order to improve the acquisition of LEO satellites, Microdyne developed software
algorithms, which compensates for the Doppler Shift experienced. The Doppler Shift for
the LEO satellites can be approximated using known equations. Using these equations,
the user can estimate the amount of Doppler Shift. The algorithm in the TSS-2000 allows
the user to specify the initial Doppler Shift Frequency Offset.
During TSS-2000 Satellite Acquisition, the center frequency of the TSS-2000 is offset by
the user programmed Doppler Offset. To further aid in acquisition the output of the TSS2000 is swept over a user programmable frequency window. This increases the
probability of the ground terminal receivers locking and will maximize the amount of

satellite reception. Figure 4 shows the output spectrum of the TSS-2000. The TSS-2000
will continue to sweep around the Doppler Offset Frequency until the ground terminal
receivers lock. Once the ground station receivers locks, the TSS-2000 is commanded to
leave satellite acquisition mode. At this point, the TSS-2000 will stop sweeping at the
current frequency. However, stopping at this point would be premature.
Vr
Fc = Original Center Frequency
Estimated Doppler Shift

Fd = Fc - Esitmated Doppler Shift
Fh = Acquisition Sweep Upper Limit
Fl = Acquisition Sweep Lower Limit
Vr = Decay Rate and Direction

Fl

Fd
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Figure 4 - TSS-2000 Output Spectrum during Satellite Acquisition
Doppler Shifting will continue to occur over the entire pass of the LEO satellite. If we
only manipulate the transmitter frequency during acquisition, we will only succeed in
delaying our initial problem. The continued Doppler Shift will eventually caused the
receivers to unlock at some other point during the satellite pass because of the limited
tracking range of the receivers. Therefore, another feature of the TSS-2000 Satellite
Acquisition algorithm is a programmable frequency decay. This allows the user to
specify a decay rate for the output frequency of the TSS-2000. This causes the output
frequency to change at a rate similar to the expected Doppler Rate change. The output
frequency decay will continue until the original center frequency is reached. At this point,
the TSS-2000 Satellite Acquisition algorithm is complete.
CONCLUSION
The use of a Microdyne TSS-2000 with the optional Satellite Acquisition algorithm will
improve the probability of the ground terminal receivers locking and will offset the
effects of Doppler Shift experienced by LEO satellite systems. These enhancements will
maximize the amount of usable satellite time for each pass of a LEO satellite. The
algorithm will also aid in determining the range of the LEO satellite.

TSS-2000
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Appendix 1 – TSS-2000 Block Diagram
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ABSTRACT
This paper will discuss the design and performance of a multi-mode receiver. The
receiver is designed to operate in standard VME and PC environments and will support
data rates up to 20 Mbps. The paper will discuss new digital demodulation techniques
that support PCM-FM, PCM-PM, FM, PM, BPSK, QPSK and O-QPSK modulation. This
new demodulator also includes a built in bit sync with soft decision outputs. This paper
will provide an overview on digital filtering used in the second IF filter which provides
dynamic changing of the IF bandwidth.
INTRODUCTION

Many changes in today’s telemetry environment have affected the use of standard range
telemetry receivers. The most prevalent change is the increased data rate requirement for
new telemetry missions. The increased data rate demand is requiring new modulation
formats. However, legacy projects using low data rate methods will still have to be
supported by range operation. Combine this with the decreasing spectrum issues and you
have many issues to address. Most of these issues focus on the need to have a telemetry
receiver that can be used for both high data rates (20 Mbps) and low data rates (10 kbps)
applications. In addition the telemetry receiver will have to support multiple
demodulation modes.
In the past designing a receiver that would support high and low data rates was difficult.
Techniques used for high data rates required 70 MHz second IF Center Frequencies and
Local Oscillators capable of tuning large ranges. These items made it difficult to build
narrow filters and demodulators that would perform over many octaves of frequencies.
Likewise, narrow band receivers used 20 MHz IF Center Frequencies which would not
support wide IF filters. Today these challenges can be solved using digital sampling and
filtering techniques.

The need for multi-mode demodulation can be solved using many of the digital
techniques available through the advancement of function specific DSP technology.
Demodulation mode can be controlled by on the fly programming of complex digital
semiconductors. This enables demodulator design that can easily be re-configured and
optimized for different modulation formats and rates.
DESIGN IMPLEMENTATION
The receiver design makes use of the latest digital signal processing IC’s to facilitate a
wide range of intended applications. This approach has merit in that it yields a “soft”
radio that can be easily re-configured for changing applications. A block diagram of the
receiver is shown below in Figure 1.
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Figure 1 - Receiver Block Diagram

Input Sampling and Anti-Aliasing Filters
The input signal is centered at 70MHz and may be up to 20 MHz wide. The A/D
converter has a 10-bit resolution. Wideband signals are sampled at 90 MHz while
narrowband signals are sampled at 45 MHz. The distinction between wideband and
narrowband is drawn from the partitioning of Digital Signal Processing (DSP)
components and analog filters required for such a large range of signal bandwidths. There
is some flexibility as to where the crossover occurs. As will be shown, the widebandprocessing path is able to cover a range of bandwidths from 75 kHz to 20MHz. The
narrowband-processing path is able to process signal bandwidths up to approximately 1
MHz and can easily handle the narrowest signal bandwidth of 10 kHz.

Alias Profile for 90 MHz Sampling

The sampling of the high bandwidth signals at 90 MHz creates replica’s of the signal at
multiples of the Nyquist (half the sampling) frequency as shown in Figure 2. The input
signal is shown crosshatched. Any signals or noise below 45 MHz will alias back into the
processing spectrum above 45 MHz. An analog anti-aliasing filter must be used to
prevent these aliased components from interfering with the signal of interest.
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Figure 2 - Sampled Spectra and anti-aliasing filter for 90 MHz sampling

Design of the anti-aliasing filter is a compromise between minimizing group delay
distortion (non-flat group delay) in the band of interest and controlling aliasing. Aliased
components should be attenuated by 60 dB in the band of interest (50 to 90 MHz) in
order to put them below the theoretical dynamic range of the 10-bit A/D (assuming equal
spectral density). Signal components between 45 and 60 MHz will alias into the range
between 30 and 45 MHz and therefore will not interfere with the band of interest. Signal
components at 60 MHz and below will alias into the band of interest and therefore should
be attenuated by at least 60 dB.
DSP Section
A block diagram of the DSP section is shown in Figure 3. The path through the Halfband
Filter is for the wideband signals. The path through the Programmable Downconvertor is
for the narrowband signals.
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Figure 3 - DSP Section

WIDEBAND SIGNAL PROCESSING
The wideband path uses the Halfband Filter to perform the digital down conversion to a
complex lowpass signal. The Halfband Filter also provides a filter which allows the
sample rate to be decimated to half the input sample rate or 45 MHz. The quadrature
demux logic externally de-multiplexes the two quadrature samples from the A/D and
provides them to the Halfband Filter at the 45MHz rate.
The Halfband Filter shifts the spectrum by – Fs/4 (–22.5 MHz), which centers the signal
just to the left of 0 Hz as shown in Figure 4. The Halfband Filter then provides real and
imaginary components at the decimated sample rate of 45 MHz at the outputs. The
Halfband filter removes the images created by decimation. Note that the bandwidth of the
Halfband filter allows roughly 10 MHz of frequency uncertainty in either direction for
the widest signal of interest.
WIDEBAND CARRIER DEMODULATION

Wideband carrier demodulation is performed by the Digital Quadrature Tuner (DQT) and
the Digital Costas Loop (DCL). These function specific DSPs form a digital version of
the traditional second local oscillator/Costas loop phase coherent demodulator. The DQT
is a digital equivalent of a tunable second local oscillator. The DCL receives a digital
error word form the DCL and adjust the frequency of a numerical controller oscillator
(NCO). This allows the demodulator to form a phase coherent carrier-tracking loop. This
will be used for all phase coherent modulation formats such as PSK, BPSK and QPSK.
For non-coherent application the DQT can be configured to a fixed frequency.
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Figure 4 - Down Conversion by Halfband Filter

The Digital Costas Loop contains all the functional blocks of a traditional analog Costas
loop. The quadrature signals are routed to quadrature mixers for carrier tracking. The
output of the mix operation can be routed to programmable root raised cosine (RRC)
filter for optimal performance. Integrate and dump filters are also available. The outputs
of the matched filters are routed to symbol tracking devices. This allows the demodulator
to include a single channel variable bit synchronizer with soft decision outputs. The final
output of the DCL provides both polar output and frequency discriminator outputs. This
will allow the demodulator to be configured for many modulation formats including FSK,
FM, PSK, PM, BPSK, QPSK and O-QPSK.
WIDEBAND FILTERING
Dual FIR Filters follow the DQT. These filters operate on the complex lowpass output of
the DQT providing the equivalent of selectable IF filtering in conventional receivers.
This design will use these filters in the single FIR mode allowing for 16 tap symmetric
FIR filters at the maximum (non-decimated) output sample rate.
The maximum signal bandwidth required is 20 MHz, which implies 10 MHz lowpass
filters for the complex lowpass signal. A 15-tap FIR filter with a 7.5 MHz cutoff
designed using the Blackman window is shown in Figure 5. Also shown is a 15 tap filter
with a 3.5 MHz cutoff intended to show a reasonable limit for the 15 tap filters while
retaining at least a 4:1, 3 dB to 60 dB, shape factor as is specified for the product.
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Figure 5 - Filter Response for the 15 tap Blackman FIR Filter

More filter taps are needed to satisfy the shape factor requirement at lower cutoffs. This
may be accomplished in the Dual FIR Filter by decimating the output and re-using the
multipliers multiple times. Decimation by 16 is possible which yields a maximum 256 tap
filter.
In order to show the transition between filters; Figure 6 shows a 3.5 MHz cutoff filter
implemented with a 31 tap FIR. The decimation by 2 required to compute 31 taps creates
a new Nyquist frequency at 11.25 MHz (note the change of scale on the frequency axis
between Figure 5 and Figure 6). In other words, the act of decimation will create a mirror
image of the spectrum about 11.25 MHz. The 3.5 MHz filter is down 60 dB by 8 MHz
which gives 3.25 MHz of room before the new Nyquist frequency and 6.5 MHz before
the mirror image spectrum. Figure 6 also shows a 31 tap filter with a 1.3 MHz cutoff
which is the lowest cutoff satisfying the shape factor requirement.
INTERPOLATION FILTERS

The dual FIR filter blocks shown after the output MUX in Figure 3 are used as
interpolation (anti-imaging) filters for both the wideband and narrowband processing
path. These interpolation filters allow a consistent output rate sample rate to be
maintained at the output D/A Converters (DACs) over a wide range of decimation which,
in turn, minimizes the number of analog interpolation filters required at the output of the
DACs. For the wideband processing path, the signals will be up-sampled to 45 MHz to
allow a single analog interpolation filter to be used over the entire wideband range. The
widest bandwidth signal required at the output is a 20 Mbps NRZ PCM signal where
roughly 95% of the signal
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Figure 6 - Filter Response for the 31 tap Blackman FIR Filter

energy occurs below 20 MHz. Therefore, the analog interpolation filter should
have its 3 dB cutoff at 20 MHz. The first sampling image will be centered at 45 MHz and
have significant energy to 25 MHz (20 MHz below) for the 20 Mbps NRZ signal. The 20
MHz, 7 pole elliptical filter module has a stopband that is 50 dB down and a transition
band of roughly 7 MHz. Most of the energy in the image would be attenuated by at least
60 dB.
NARROWBAND SIGNAL PATH
Narrowband signal processing will be performed in the Programmable Downconverter.
This functional specific device includes many of the features described early in this paper
such as, Digital Costas Loops, FIR Filters, Digital Tuners and matched filters. The
programmable downconverter will be sampled at 45 MHz and will enable signal
processing under 1.5 Mbps. This will augment to performance of the wideband system.
When required to process narrow band signal, the demodulator will switch to this path.
This will decrease the sampling rate by a factor of 2 and improve the sensitivity of the
demodulator. Using this technique will allow processing signals as low as 10 kbps
without changing receiver front end products.
PERFORMANCE
At the time of this writing, testing of this product is just beginning. Simulation and early
performance estimate indicate that bit error rate (BER) performance will be within 1 dB
of theoretical for both narrowband (10 kbps) and wideband (20 Mbps) applications. Full

test data will be provided at the presentation of this paper or can be obtain by contacting
the author.
CONCLUSION
The Microdyne ATR-2700 Multi-Mode Demodulator through the use of functional
specific DSPs provides a robust solution for applications requiring both narrowband and
wideband data applications. The use of digital techniques in filter and Costas loops
allows the demodulator to be used for legacy product testing as well as testing of the
latest state of the art testing. These digital techniques allow the user to procure a single
receiver for wideband and narrowband applications.
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ABSTRACT
Conventional phased arrays nominally sum the signals received by the elements prior to
detection. By multiplying rather than summing signals received from pairs of elements, i.e.,
interferometer pairs, a set of Spatial Frequencies (SFs) is obtained. Obtaining the SFs
requires employment of a multiple local oscillator technique. When summed, these spatial
frequencies produce a single lobed (voltage) radiation pattern which, when passed through
a biased detector, removes all sidelobes from the response at a small loss of desired signal
power.
KEYWORDS
Phased Arrays, Interferometers, Spatial Frequencies, Phase Measurements, and Signal
Processing.
INTRODUCTION
Sidelobes are a natural phenomena associated with all collimating apertures. Interference
with a desired signal or false alarms can result from unwanted signals entering a system
through it’s Sidelobes (SLs). Interference has been reduced by using various techniques,
to include reducing the SL levels relative to the main beam. A little used signal processing
technique is employed in this paper to eliminate all SL response while losing very little
useful signal power. Elimination of SL response in phased array systems can be realized
by employing multiple Local Oscillators (LOs) in conjunction with signal processing, as
developed in References 1 and 2. This signal processing technique requires measurement
and summing quantities from several interferometer pairs that contain the phase
differences generated by a signal. This output is similar to the response to a signal by a

fully filled array of elements, even though the subject array may be thinly populated with
elements (a thinned array).
THEORY
Signals from each antenna element of an array are translated using two LOs, which are
either above or below the signal frequency, to produce synchronously related Intermediate
Frequencies (IFs), IFA and IFB. Cross-correlating the IFA signal from one element with the
IFB signal from another produces an upper sideband at the sum frequency of IFA + IFB
and a lower sideband at the difference of IFA - IFB. The lower sideband represents a
sampled SF for that interferometer pair; conversely, the negative SF for that pair is derived
by cross-correlating IFB from the first element with IFA from the second element. Thus
there are two functions available from each interferometer pair, one the negative of the
other. The lower sideband in each case from the first cross-correlators is required in order
to obtain both positive and negative functions. Subsequent correlations can make use of
either upper or lower sidebands. SFs have the following form:


A1cos w IF t + nπ

SF =

1

Do

sin θ

λ

(1)

Where:
SF = number of 360° phase cycles occurring within -90° < θ < 90°, i.e., cycles
per π radians
n
= number of half wavelength spacings between elements, 0, ±1, ±2,...
Do = basic element spacing (nominally 0.5 λ)
D = n Do
λ = Wavelength
D = spatial frequency argument
λ
θ = spatial angle measured from a normal to the array
D
nπ o sin θ = phase difference between elements
λ

Any change in D λ or θ results in a change of phase in (1).
All modulation accompanying the received signal has been removed in the process of
deriving (1). The incoming modulation can be recovered by employing LOs with
frequencies above and below the signal frequency, resulting in:
M=

A2 cos[wIF t + 2φ(t)]
2

(2)

Where:
φ(t)=

The received signal modulation

The SF argument is missing in (2). Expressions containing both SF and the modulation
when desired are obtained by multiplying (1) and (2):

[A2 cos(w IF t + 2φ(t))]



Do

A1 cos w IF 1 t + nπ λ sin θ 

2



D
= Acos  wIF 3 t + nπ o sin θ + 2φ(t ) + ...


λ

(3)

Where:

w IF = w IF + w IF
3

1

2

Thus, for each interferometer pair in the array, a sampled SF at IF with modulation is
measured.
SFs not actually measured, can be approximated by cross-correlating the various sampled
SFs in (3). These derived SFs represent, with careful selection of sampling element
spacings, a fully filled array of elements, i.e., when summed, a single main beam with no
unwanted grating lobes but with the usual sidelobes is generated.

D


D

A cos wIF3 t + n1 π o sinθ + 2φ (t ) ⋅ A cos w IF3t − n 2 π o sinθ + 2φ (t )




λ
λ

D

= A 0 cos w IF4 t + (n 1 − n2)π o sin θ + 4φ (t ) + ...


λ

Where:

w IF

4

(4)

= 2w IF3

For example, an array of three elements with spacings of 2 λ/2 and 3λ/2 will produce
sampled SFs representing spacings of 2λ/2, 3λ/2 and 5λ/2. Since the sampled SFs are at
IF3, they can be cross-correlated again, producing a series of derived SFs at IF4 = 2IF3.
These derived SFs represent, in many cases, non-existing interferometer pairs as shown in
Table 1.

Table 1. Element Spacings for Sampled and Derived SFs
Baselines for Sampled Baselines for Derived
SFs @ IF3
SFs @ IF4
0
λ/2
2 λ/2
2 λ/2
3 λ/2
3 λ/2
4 λ/2
5 λ/2
5 λ/2
6 λ/2
7 λ/2
8 λ/2
10 λ/2

A contiguous set of SFs from zero through the eighth, and intermittent SFs through the
tenth, can be derived at IF4. Both positive and negative values of the phases are available.
The eight contiguous SFs represent a fully filled linear array of 17 elements with element
spacings of λ/2.
Synchronously detecting the derived SFs with a signal that is in-phase with the SFs
produces a series of real SFs at baseband:
A
D
D
SF BB = A cos w IF 4 t ± nπ o sin θ + 4φ(t ) cos w IF 4 t = ± cos nπ o sin θ + 4φ(t ) + ...




2
λ
λ

(5)

Equation (5) differs from (4) in that changes in D/λ or θ produce changes in amplitude,
giving a different value of voltage for each SF for any given |θ|>0.
Summing the set of real SFs at baseband:
S=

N

N
A
 Do

π
θ
+
φ
=
φ
cos
n
sin
4
(
t
)
A
cos
4
(
t
)
[
]
∑ 2  λ
∑ cos nπ Dλo sin θ

n =− N
N =1

(6)

The zero harmonic is reserved for biasing.
Figure 1 is a plot of (6) for N=8 SFs when no modulation is present. The system output
differs from conventional sum patterns in one important aspect; the sum of the SFs has a

voltage output which is positive for the main beam and even numbered SLs while negative
for all odd numbered SLs. SL response can be eliminated by passing this summed signal
through a biased detector that is biased to the level of the highest even SL, as shown in
Figure 1. Automatic biasing can be provided by the zero harmonic, which has no variation
in amplitude or phase with change in θ, but does vary in amplitude with signal level. Loss
of useful signal power due to biasing is estimated at 2-3%.
Figure 2 is a plot of (6) for N=8 SFs when modulation is present. In this case, there are
both positive and negative voltage excursions of the main beam and all sidelobes. A diode
biased positively to the level of the first SL level will pass only the positive excursions of
the main beam while a second SL biased negatively will pass only the negative excursions
of the main beam. Because biasing is at a higher level, loss of useful signal power when
modulation is present will be somewhat higher than when no modulation is present.
CONCLUSION
Multiple phase related LOs are employed in a signal processing scheme to measure spatial
frequencies. A summation of a set of spatial frequencies produces a voltage sensitive
output which is linearly detected to eliminate all sidelobe response.
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ABSTRACT
Incidental Frequency Modulation (IFM) products in telemetry transmitters can be a
significant cause of bit errors in received Pulse Code Modulation/Frequency Modulation
(PCM/FM) telemetry data. Range Commanders Council (RCC) and other documents give
little or no guidance as to acceptable levels of IFM for telemetry applications. The
expected higher vibration levels of future high velocity missile systems means that IFM
levels are likely to be higher than previously encountered.
This paper presents measured data on Bit Error Rate (BER) versus IFM levels at given
Signal to Noise Ratios (SNR’s) for PCM/FM telemetry systems. The information
presented can be utilized with BER versus SNR plots in the Telemetry Applications
Handbook, RCC Document 119, to determine the additional link margin required to
minimize IFM effects on telemetry data quality.
KEY WORDS
Incidental Frequency Modulation (IFM), Bit Error Rate (BER), PCM/FM, Telemetry.
INTRODUCTION
The requirement for several new missile telemetry systems to operate in high vibration
environments leads to a need to define acceptable IFM levels for given BER performance
in order to determine realistic requirements for telemetry (TM) components affected by
IFM, for example transmitters. Such information may also be utilized to reduce the costs
associated with their procurement.
IFM components are generated in nonlinear devices utilized in TM transmission systems.
The energy in frequencies other than the desired TM signal causes distortion which affects
receiver and bit sync performance and results in increased BER.
High vibration levels can cause additional frequency components to be generated in some
electronic components increasing the energy in the IFM and further degrading the TM

system BER. The TM electronic components susceptibility to IFM increases during
vibration and is often dependent upon the components mounting and orientation relative to
the axis of highest vibration. Therefore, optimum design which considers component
placement, orientation and mounting for a specific TM system can reduce IFM effects.
However, TM systems with high vibration levels are likely to suffer in BER regardless of
best design practices.
Previous rule(s) of thumb indicated that a peak IFM level of 5% of the peak deviation
would yield acceptable BER’s. However, no measured data is available to support this
assertion or indicate the degradation of BER performance for given levels of IFM.
TEST RESULTS
Measurements were made in the TM lab at the Naval Air Warfare Center Weapons
Division, Pt. Mugu, using common TM hardware, for example receivers and bit
synchronizers. Measurements were taken with no IFM and at peak IFM levels of 5, 10 and
20% of peak deviation. The frequency of the IFM was set at 30, 300 and 3000 Hz and the
bit rate was 2.5 Mega-Bits Per Second (MBPS). The data presented is for a receiver
intermediate frequency (IF) bandwidth (BW) set to twice the bit rate, however, some
preliminary data was also taken at IF BW’s approximately equal to the bit rate. It is hoped
that more detailed data for other IF BW’s can be presented in the future.
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Figure 1:

IFM Test Setup

The test setup utilized is shown in Figure 1. The BER test set was used to generate data at
2.5 MBPS and determine the BER of the received data. The Low Pass Filter (LPF) was a
4 pole butterworth at a BW of 0.7 times the bit rate. The function generator sinewave
output, (at 30, 300 and 3000 Hz) was set at an amplitude required to generate IFM at a

level of 5, 10 and 20% of the peak deviation and was summed with the PCM data source.
The signal generator radio frequency (RF) output, (at S-Band) and the deviation from the
summed data source was set such that the PCM data’s peak deviation was 0.35 times the
bit rate.
Figures 2, 3 and 4 present the effect of various IFM frequencies at fixed peak IFM levels
of 5, 10 and 20%. The IFM frequency is set to 30, 300 and 3000 Hz and the BER with no
IFM is also plotted as a reference. The figures illustrate that lower frequency IFM has little
or no effect on BER performance. This agrees with previous observations that higher
frequency vibration will result in increased BER’s.
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Figure 2: BER’s for IFM at 5% of Peak Deviation
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Figure 3:

BER’s for IFM at 10% of Peak Deviation

1.00E-02

1.00E-03
No IFM
30Hz
300Hz
3000Hz
1.00E-04

1.00E-05
8.30

9.00

10.10

10.95

SNR

Figure 4: BER’s for IFM at 20% of Peak Deviation
Figures 5, 6 and 7 present the effect of varying IFM peak levels for fixed IFM
frequencies. The IFM peak levels are set to 0, 5, 10 and 20% of the PCM data’s peak
deviation. The data shows that for lower frequency IFM, even IFM amplitudes of 20% of
peak deviation have little or no effect on the BER.
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IFM Frequency Component at 30 Hz
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Figure 6:

IFM Frequency Component at 300 Hz
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Figure 7:

IFM Frequency Component at 3000 Hz

The data illustrates that, with the receiver IF bandwidth set to twice the bit rate, IFM will
have only a marginal effect on the BER. However, high frequency IFM components at
high peak levels will have a substantial effect on the BER.
The data also illustrates that for a given system which has high IFM levels due to high
vibration the BER could be reduced to that without IFM by increasing the SNR by a given
amount. For example, in Figure 7, the BER with IFM at 20% and a frequency of IFM at
3000 Hz would be equal to that without IFM if the SNR is increased by approximately 1.5
dB.
The data previously presented is for a receiver IF BW of twice the bit rate. If the receiver
IF BW is decreased to a value equal to the bit rate the IFM will have a greater effect on the
BER due to effects of the receiver’s filter which are not apparent when the IF BW is much
greater than the bit rate.
Preliminary data was taken at an IF BW approximately equal to the bit rate for a fixed
SNR, (see Figure 8). The IFM frequency for these tests was set to 25, 250, and 2500 Hz
and the bit rate was 2.5 MBPS. The data indicates that a substantial increase in BER only
occurs for high frequency IFM with peak levels greater than 10% of the peak deviation.
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IF Filter Bandwidth at 96% of Bit Rate

Data was also taken with an IF BW at 120% of the bit rate and a fixed SNR, (see Figure
9). The IFM frequency for these tests was set to 20, 200, and 2000 Hz and the bit rate
was 2.0 MBPS. The data again appears to indicate that a substantial increase in BER only
occurs for high frequency IFM with peak levels greater than 10% of the peak deviation.
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IF Filter Bandwidth at 120% of Bit Rate

CONCLUSION
The data presented supports the previous rule(s) of thumb that IFM at a peak deviation of
5% of the bit rate will have a minimal effect on TM system BER. The data demonstrates
that in many cases much higher levels of IFM are allowable if the frequency of the IFM is
low and the receiver’s IF filter is wide enough. The major consideration in accessing BER
performance in a high IFM environment is the frequency of the IFM component. It is
apparent from the data that high frequency IFM is most detrimental to a system’s BER
performance.
In the end, it is up to the system designer to evaluate expected IFM frequency
components, and vibration levels and determine an acceptable value of peak IFM.
Hopefully, a future paper will be presented which evaluates additional IF BW’s and also
looks at the performance of various bit synchronizers in a high IFM environment. This
information would be helpful in giving additional guidance to system designers.
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ABSTRACT
In any satellite communication, the Doppler shift associated with the satellite’s position
and velocity must be calculated in order to determine the carrier frequency. If the satellite
state vector is unknown then some estimate must be formed of the Doppler-shifted carrier
frequency. One elementary technique is to examine the signal spectrum and base the
estimate on the dominant spectral component. If, however, the carrier is spread (as in
most satellite communications) this technique may fail unless the chip rate-to-data rate
ratio (processing gain) associated with the carrier is small. In this case, there may be
enough spectral energy to allow peak detection against a noise background.
In this paper, we present a method to estimate the frequency (without knowledge of the
Doppler shift) of a spread-spectrum carrier assuming a small processing gain and binaryphase shift keying (BPSK) modulation. Our method relies on a simple, averaged discrete
Fourier transform along with peak detection. We provide simulation results indicating the
accuracy of this method. In addition, we will describe an all-digital hardware design
based around a Motorola DSP56303 and high-speed A/D which implements this
technique in real-time. The hardware design is to be used in NMSU’s implementation of
NASA’s demand assignment, multiple access (DAMA) service.
KEY WORDS
Frequency estimation, Doppler shifted carrier recovery, fast fourier transform, spread
spectrum.
1. INTRODUCTION
The purpose of this work is to provide a means by which a spread-spectrum, binary-phase
shift keying (BPSK) carrier, having undergone an unknown Doppler shift, can be quickly
and accurately estimated. The system described herein is to be utilized to implement New

Mexico State University’s (NMSU) proposed demand assignment, multiple access
(DAMA) service on the existing Tracking and Data Relay Satellite System (TDRSS) [1].
Currently, the ground station receiver (GSR) can perform demodulation given the
Doppler shift to within ±3 kHz. As the proposed DAMA carrier has been shown to have a
theoretical shift of ±64 kHz and the state vector of the satellite is not known a priori, it is
required to provide the GSR with a locking signal that meets the ±3 kHz requirement [1].
This accuracy requirement can be met provided that the processing gain, defined as the
ratio of chip rate to data rate (phase changes per bit), of the signal is low enough to
exhibit a distinguishable spectral peak above the noise floor [2]. The proposed DAMA
service will employ a spread spectrum (SS) communication scheme with such a low
processing gain. As the processing gain increases, so does the bandwidth of the mainlobe
of the carrier, while the magnitude of the mainlobe is suppressed. In typical SS
applications this property is desired, however in the case of the DAMA project it presents
the fundamental problem we would like to address, namely, how and under what
conditions may we estimate the carrier against the noise floor.
One solution to this problem is to calculate and search for the largest averaged spectral
component from which we may base an estimate of the carrier frequency. To this end, we
employ an averaged Hamming windowed Fast Fourier Transform (FFT) to generate
magnitude-squared data. We can then search the periodogram to detect the peak, from
which we generate a locking signal. Averaging is used to increase the accuracy of the
estimation by diminishing the effect of noise and other MA users – we would like to
avoid basing the estimation on a single iteration of the FFT. Thus, we base our carrier
estimation on the averaged periodogram [3]
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The use of the Hamming window suppresses sidelobes by 40 dB to prevent estimation
error; the noisy environment could otherwise produce an unacceptable estimation error
by picking out a sidelobe coupled with additional spectral energy instead of the mainlobe
[4]. Finally the FFT is used since it is computationally efficient. Simulation results in
Section 2 verify accuracy and justify this method.
The method described above is implemented in digital hardware using an 80MHz
Motorola DSP56303EVM (303EVM) evaluation board and a Burr Brown ADS7810/19C

12 bit 800kHz analog-to-digital converter (ADS7810). The 303EVM contains a codec
which will be used to generate the locking signal to the GSR. As it is an audio band
codec operating at 32kHz, the locking signal generated will require additional hardware
to frequency multiply it up to an equivalent 800kHz sampling rate. The DAMA signal is
to have a mainlobe bandwidth of 200kHz and will be bandpass filtered and frequency
shifted to baseband. With a theoretical maximum Doppler shift of ±64kHz, the frequency
estimation will occur over a 328 kHz range [5]. The ADS7810 was chosen since it
operates at a sample frequency of 800kHz, covering a 400kHz range, and is a commonly
available, inexpensive part.
2. BACKGROUND THEORY AND SIMULATION RESULTS
We now provide simulation results to verify the accuracy and tolerance of the
periodogram method described above. The simulations were run under the following
parameters:
•
•
•
•
•
•
•

Carrier Frequency, fc = 164kHz
Doppler Shift = 32kHz
Data Rate = 1Kbps
Chip Rate = 10Kbps
Processing Gain = 10
Number of FFT iterations = 8
Length of FFT = 512 points

The carrier frequency of 164kHz chosen is typical of a DAMA signal and a Doppler shift
of 32kHz was chosen arbitrarily though within the ±64kHz range. Additionally, we have
chosen to perform eight iterations with which to average and have implemented a length
512 FFT. The FFT bin width is as shown in (2-1).
f s 800kHz
=
= 1.563kHz (2 - 1)
L
512
where f s = sampling rate
∆f =

∆f = FFT bin width
L = FFT length

The results of the simulation are shown in Fig. 1 where we plot the proportion of
frequency estimates within the ±3kHz range versus a signal-to-noise ratio (SNR) range of
–10 dB to 4 dB for a SS BPSK carrier. In the range of our simulation we demonstrate
accuracy ranging from 0.86 to 0.91.

3. SOFTWARE AND HARDWARE DESCRIPTION
We now consider implementation of the real-time algorithm developed to perform the
carrier estimation. The 303EVM utilizes a dual data memory (X, Y) architecture. The
memory scheme that we run under provides 2kB program memory, 3kB X memory, and
3kB Y memory. The algorithm’s memory usage is described below:
•
•
•
•

682 bytes of program memory.
2048 bytes of L memory (concatenation of X and Y).
540 bytes of X memory.
512 bytes of Y memory.

There is an additional 32kbytes-memory off-chip that is not used. We make use of lookup tables (precalculated values stored in memory) to keep computational overhead to a
minimum. To further reduce computational complexity, we pre-scale the Hamming
window coefficients by 1/P, where P is the number of iterations that we will perform. We
can then simply add the magnitude-squared data of our FFT through each iteration to
average. Upon completion of the final FFT, we begin a sequential search through the
frequency bins to determine the largest magnitude-squared component. Since the input is
real, the DFT is conjugate symmetric. Thus we need only search the first 256 points of
the FFT. The functional flowchart for the algorithm is shown in Fig. 2 below.
The computational cost of the algorithm is now considered. Of relevance is only the time
to locking tone generation, indeed, the buffering of samples is not even computationally
expensive as the processor is simply waiting for the next sample to be taken. As such,
initialization and locking tone generation is not considered. Only the time from sample
buffer full to tone generation is relevant to computational cost discussion. The cost
analysis is provided in Table 1.
Table 1: Computational Costs
Subroutine
Window and Scale
FFT [5]
Average FFT (squared data)

# of Instructions
512
4105
512

Time
6.4 µs
51.313 µs
6.4 µs
x iterations (8)

Total Time
6.4 µs
57.713 µs
64.113 µs
0.5129 ms

The 303EVM, produced by Motorola, is an advanced DSP specific processor that
operates at 80 million instructions per second. With the advanced pipelining architecture,
instructions are executed in one clock cycle [6]. This part is extremely versatile and low
cost. In addition, as discussed above, a part capable of higher sampling rates was required
for the A/D conversion. The part chosen was a ADS7810 which has a sampling rate of
800kHz. An interface board was required in order to address the BB into the memory

map of the 303. The input to the processor then is sampled at 800kHz and the output
utilizes the 32kHz audio codec that is on board. The locking signal is required to be
frequency shifted by a multiple of 25.
4. CONCLUSIONS
This paper has shown one method to accurately find a spread-spectrum, binary-phase
shift keying modulated carrier that has undergone an unknown Doppler shift provided
that it has a low processing gain. We have implemented the method using low-cost DSPbased hardware for real-time operation.
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FIGURE ONE: ESTIMATION ACCURACY OVER SNR RANGE (10000 estimates per SNR)
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FIGURE TWO: FUNCTIONAL FLOWCHART OF CARRIER ESTIMATION ALGORITHM
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ABSTRACT
To help students learn the principles of microwave engineering and electromagnetic theory,
labs were developed in which the students built a rail-synthetic aperture radar(SAR) and a
Doppler radar. These labs gave the students practical experience in the paper design,
simulation, construction, testing, and debugging of RF circuits. This paper includes a
description of the design, physical construction, the basic operation, and the results from
these projects.
KEY WORDS
Doppler Radar, Synthetic Aperture Radar, microstrip, and student project.
INTRODUCTION
A 3 GHz Doppler radar was developed for students in the junior level electromagnetic theory
class. The end product of the Doppler radar was motion measurement. A more ambitious
project was designed for the senior level microwave engineering class: a 5 GHz rail SAR
system. The rail-SAR is a radar which is conveyed along a track to use the instrument's
motion to form a synthetic aperture. A track was constructed on the top of the engineering
building. The rail-SAR produces an image of the scanned area.
These lab projects were designed for students who had limited time to devote to making
these systems work. A backup system was developed to insure all systems could be made
operational by the end of the school semester. This backup was developed for the rail-SAR
only; the Doppler radar was robust enough that the backup wasn't needed.
For both projects, the design was first simulated in software using EESof or Momentum.
After computer simulation the individual circuits were constructed for testing. Testing and
debugging provided the knowledge that individual circuits would satisfactorily operate in a
combined circuit. Once all the pieces were individually tested, the final project was
assembled.

3 GHz DOPPLER RADAR
The Doppler radar included a 3 GHz oscillator, a transmitter, a receiver, mixer, and
amplifiers. The Doppler radar schematic is shown in figure 1. The 3 GHz carrier was
generated by a custom oscillator. The 10 dBm signal from the oscillator was split by a power
splitter into two equal power signals. One of these signals was amplified and transmitted
through a patch antenna. The other signal was used as the local oscillator(LO) of the mixer.
The 3 GHz carrier was mixed with the received signal to obtain the Doppler shifted
frequency, Fd. An oscilloscope was used to measure Fd at baseband. The line-of-sight
velocity of the object V,could be calculated using, V=Fd/2, where is the free space
wavelength. Amplifiers were used in the circuit to improve signal to noise ratio(SNR).

FIGURE 1 - The Block diagram of the Doppler radar circuit. The output is at
baseband, ranging from 20 Hz to 2 kHz.
5 GHz RAIL-SAR
The rail-SAR generated a 5GHz carrier, mixed with a linear frequency modulated(LFM)
chirp, filtered out the upper sideband, transmitted and received the signal, and mixed the
received signal to baseband. A block diagram of the rail-SAR is shown in figure 2. In-phase
and quadrature filtering were used to get the real and imaginary parts from the received
signal. An arbitrary waveform generator created the LFM 20-100 MHZ chirp. Data was
recorded using a digital oscilloscope and processed on a workstation using Matlab.

FIGURE 2 - Block diagram of the rail-SAR circuit. The outputs of the
rail-SAR, in-phase and quadrature, are recorded by a digital oscilloscope. The
data is then processed on a workstation using Matlab.
DESIGN
Hewlett Packard's EESof CAD program was used to simulate and layout the designs for the
two projects. Full wave analysis software, Momentum, was used to simulate the bandpass
filter and the patch antenna. Libra was used to simulate all the other microstrip components
including power splitters, branch line coupler, 50 lines, the oscillator, and the matching
networks. All of the custom components were simulated before construction.
The two most notable custom components were the bandpass filter and the patch antenna. A
procedure for designing a coupled line filter was compiled from several books on microwave
design [1,2]. After the filter was simulated using Momentum, the parameters were adjusted
to optimize the performance for the system. Figure 3 shows the measured filter frequency
response for the bandpass filter.
The microstrip patch antenna was designed using techniques in [3,4]. Since the Doppler
radar operated at a single frequency, it was fairly easy to construct a single patch antenna
that would satisfy the bandwidth requirements. The antenna was built and measured. This
value was then used to tune the oscillator to the desired frequency to achieve optimum
performance.

FIGURE 3 - Filter response for the rail-SAR bandpass filter.
The filter was used to remove the upper sideband.
The antenna design for the Doppler radar was much simpler than the rail-SAR antenna. The
rail-SAR required a narrow beamwidth antenna with a broad bandwidth. Narrow beamwidth
was achieved by designing an eight by one array of patches. This gave a narrow azimuth and
broad range beamwidth. In order to get a broader frequency bandwidth from the antenna,
several design schemes were attempted including quarter wave stub matching and regular
stub matching. The overall result was a 200 MHz bandwidth antenna. At 5 GHz, the
oscillator design did not have enough tunability to guarantee the antenna would be operating
at its resonant frequency. A backup procedure was developed to insure all the students had
an operable SAR in the allotted time of the school semester. The backup plan for the
microstrip patch antenna was to use a standard gain horn. This plan guaranteed a match on
the output and input and also provided a broadband antenna.
PHYSICAL CONSTRUCTION
After EESof was used to layout the microstrip board, the boards were milled using an LPKF
91s milling machine. The milling machine used bits designed specifically for RF system
construction. After milling the desired microstrip traces, extra copper was removed by hand.
The end result of this process was a board with all the microstrip lines and the footprint areas
for mounting surface mount(SM) components.
SM components were easily attached to the microstrip substrate using SM equipment: solder
applicator, solder pencil, and a convection oven. First, the solder applicator was used to
apply solder paste in all areas in which a SM component would be attached to microstrip.
After the paste was applied, inexpensive MiniCircuits SM components were placed on the
solder paste on the microstrip. A convection oven was then used to heat the combination
through a temperature profile which would cause the solder paste to reflow and result in a
solid solder connection.

RESULTS
Results from the Doppler radar were quite positive. The design for the circuits was very
robust. After testing and debugging, all the students radars worked. The result of the Doppler
radar was Fd which was measured using a digital oscilloscope. This value for Fd was used to
compute the velocity. The return signal amplitude was dependent on how well the system
was designed and optimized and the distance from the moving object to the radar.
The rail-SAR was difficult for students to implement in a single semester. Several of the
backup components were used as a result. The backup pieces which were used were the
horn for the microstrip patch antenna and an HP signal generator in place of the oscillator.
Since the oscillator was the backbone for the entire circuit, it was ensured that the oscillator
was a signal at the right frequency and power. All other components were used as designed
by the students. Any other component which did not operate properly reduced the SNR of
the radar data.

FIGURE 4 - Range compressed image using Matlab to process the SAR data. The range
resolution was determined to be .75m. The image was taken looking from the top of a
building towards other buildings.
For rail-SAR signal processing, a 500 megasample per second oscilloscope digitized the
signal. Matlab was used to process the raw data into an image. Since this class was not a
signal processing class the basic processing code was given to the students. First, the received
signals from in-phase and quadrature were combined as real and imaginary components. For

range compression the LFM chirp was autocorrelated with the return signal. Range
compression is shown in figure 4. All students succeeded in performing range compression
on their data. Next, an azimuth chirp was computed using the parameters of pulse repetition
frequency, the speed of the radar on the rail, and the antenna azimuth beamwidth. This chirp
was autocorrelated with the range compressed values to give the final image. An azimuth
compressed image can be seen in figure 5.

FIGURE 5 - Azimuth compression for the SAR image. A comparison with figure 4 shows
the best example of range compression is seen at about 50 meters.
CONCLUSION
Students gained hands-on experience in design, simulation, construction, and debugging of
the RF circuits in the Doppler radar and rail-SAR. The operation of these circuits depended
on their complexity. The Doppler radar was a relatively simple, robust circuit. As a result, all
of the students in the class built an operational radar. The rail-SAR was more complex and
required more time spent in testing, debugging, and insuring the circuit would get optimal
performance. The labs were effective in teaching students RF system principles. Future
research possibilities include the development of these systems on coplanar waveguide and
also in separate modules.
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NEXT GENERATION DIGITAL BEAMFORMING ARRAY
OPTIMIZED BY NEURAL NETWORK BEAMFORMING
TECHNIQUES
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ABSTRACT
The next generation Digital Beamforming Array (DBFA) requires techniques beyond the
existing adaptive processing and optimization approaches. By utilizing neural network
processing and genetic algorithms that mimic complicated natural processes, such as the
brain and natural selection, new and superior Antenna Arrays can be designed.
The use of Neural Networks and Genetic Algorithms combined with the existing
techniques for DBFAs can yield the ultimate in “real-time,” “smart” antenna performance.
Cost is significantly reduced by; allowing large manufacturing tolerances, the use of
inexpensive components, and correcting by neural network techniques.
This paper describes the technology and proposes a practical application of the technique
to design a DBFA to track and transmit/receive telemetry from a shipboard vertically
launched medium range missile.
KEY WORDS
Antenna, Array, Beam, Beamforming, Digital, Telemetry, Tracking, Neural Networks,
Genetic Algorithms.
INTRODUCTION
The concept of performing signal processing digitally in an array, rather than in an analog
manner as in the phased array and multiple-beam antenna, began in the late 1970s. The
necessary monolithic components (necessary for small low cost receiving systems) and
computer capabilities (mainly speed and memory) were not yet available but were
anticipated. With the continuing swift advances in monolithic technology and computer
capabilities, the Government, Universities and Industry expended considerable research
efforts on investigating DBFA technology.

The major efforts on DBFAs were performed in the 80s. Toward the end of the 80s
budgets were being slashed and most of the efforts were greatly reduced. At that time it
appeared that the computer technology would not be advanced enough for practical
DBFAs until about the beginning of the next century. The accelerated advances in
computer speed and memory could not have been anticipated. By the mid 90s it was
evident that the computer technology would be in place before the end of this century.
DBFAs were still not practical for telemetry because of the extremely high cost of nonrecurring engineering (NRE) on the monolithic components. In addition the monolithic
components were only reasonable in cost in quantities in the tens of thousands.
In the telemetry area the next generation DBFAs are practical today because of the thriving
wireless telecommunications market in the TCS band. Because of this, high- performance,
low-cost RF chips are now available at frequencies very close to the telemetry S-band
frequency range. Using this technology, complete S-band receiving systems can be
designed with a production cost of less than $300.00.
Southhall (1-3), El Zooghby (4-5), and others have shown that low-cost phased arrays are
practical by the use of neural networks and genetic algorithms. The results to date on
phased arrays are astounding — especially when one considers that the only practical
variable parameter is phase. The phase shifters are only three bits. Even with this
restriction, near optimum phased arrays can be built for unprecedented low costs.
In the DBFA one can control amplitude and phase using 8 bits in each parameter.
Astonishing capabilities are now achievable. Low cost DBFAs with optimum performance
are now realizable.
It should be noted that these new “smart” adaptive array antennas can perform
beamforming and angle of arrival tasks in “real time” once the neural network has first
been trained “off-line.”
DIGITAL BEAMFORMING ARRAY CONCEPT
Digital Beam Forming is the method of forming an antenna beam digitally rather than in an
analog fashion. A typical block diagram is shown in Figure 1. Signals received by each
element are individually converted to "I" (in-phase) and "Q" (quadrature-phase) signals at
an IF frequency. We currently propose this IF frequency to be 5.6 MHz since it is
compatible with a 5.6 Mbit telemetry data rate. These analog signals are synchronously
sampled and converted to 12-bit binary numbers. The converted digital signals contain all
of the amplitude and phase information of the original signals, and can be amplitude and
phase modified by the software in a digital computer to form the antenna beams desired.
In digital beam forming, the high-cost and complicated analog components, such as

attenuators and phase shifters, which are used to form an analog antenna beam network in
phased arrays, are not required. This fact reduces the cost, increases the reliability and
facilitates the implementation of the system.
NEURAL NETWORK-BASED DBFAs
Neural networks are a computing paradigm that involves several simple processing
elements that can communicate with each other — originally developed to mimic the
action of neurons in a human brain. Data are processed and passed on through
communications channels called “connections.” These connections form a massively
parallel network used to perform tasks that would otherwise be very difficult. Each
connection is assigned a numerical weight that is modified through training to meet the
particular task, such as adaptive-array beamforming. Given a set of sensor outputs, the
neural networks can distinguish accurately the different angles of arrival (AOA) and,
therefore, differentiate between the beams. Beam formation could also be done with this
precise level of spatial separation, and so allow more signals to come from the same
antenna.
The particular type of neural network recommended for angle of arrival estimation and
beamforming is the Radial-Basis Function Network (RBFN), shown in Figure 2.
Information is passed through the input layer (DBFA) into a hidden layer of nodes, where
it is processed. The preprocessing includes, among other things, the breaking up of the
complex sensor values into real components, as well as the normalization of the input
information through removing the initial phase of the sensor information and division by
the norm of the input vector.
The number of hidden nodes depends on the complexity of the system involved and the
amount of information to be processed, such as the number and type of elements that
form the array, the polarizations involved, operational frequencies, number of targets to be
tracked, data rates, etc. A weighted sum of the inputs is passed through a transfer function
to the output nodes. The transfer functions in the hidden layer of a RBFN are Gaussian
functions and, because these functions are determined by their center point and radius (the
variance of the Gaussian), the units of the hidden layer are referred to as “radial units.”
After the appropriate network is created, the network is trained, off-line, using a series of
sensor patterns created by known AOA and beamforming data that cover as many
possible “real-life” scenarios as possible. Once the network is trained off-line, it can then
“generalize” other cases in real time. That means, given a certain desired beam or null
steering, the neural network can determine the appropriate excitation coefficients of the
DBFA element that will yield the desired pattern. This ease of generalization is another of

the RBFN features that make this type of network desirable for the application at hand. In
Figure 1, a computer network will be a radial basis function neural network.
For illustration purposes the neural network-based method was applied to a 2-D array of
isotropic elements. In Figure 3, an 8 x 8 array is used to track 10 different users, with ∆θ
= 10° (angular separation between consecutive desired signals) at φ = 30°. The adapted
pattern obtained from an RBFN with 150 nodes in the hidden layer is compared with the
optimum Wiener solution (6). The network successfully tracked the desired signals and
placed nulls in the direction of the interfering users. Finally, an array of 10 x 10 elements
was simulated to track 19 signals consisting of nine desired users and 10 interferences.
Figure 4 shows the adapted pattern as the network tracked all targets. The number of
input/output pairs used in the training set for the two-dimensional arrays was 181.
The use of an RBFN and Generic Algorithms on a DBFA will be referred to as an
Adaptive DBFA (ADBFA).
SHIPBOARD REQUIREMENT
To show an example of the Next Generation ADBFA we will choose an application of
tracking and transmitting/receiving a medium range (100 miles) vertically launched
shipboard missile with a wrap-around antenna. Typical parameters are as follows:
Frequency
2.2 to 2.4 GHz
Polarization
Any Polarization
EIRP
2 Watts
Elevation angle
0 to 8 degrees
Pre-detection noise bandwidth 5.6 MHz
Minimum C/N ratio
13 dB
Range
0 to 100 miles
Since a shipboard tracking system must be mounted on a mast, lightweight and minimum
wind resistance are two of the most important factors that must be considered. For shortrange missile tracking, a simple lightweight (and low-gain), single-axis-gimbaled array does
an adequate job for the lowest cost. To track a longer-range missile one needs
considerably more gain. With the increase in gain, elevation tracking (as well as azimuth
tracking), is usually required. Since most requirements require 360-degrees of coverage,
mast mounting is usually always desired. Therefore size, weight, and wind resistance are
of paramount importance.
The ADBFA technology affords the lightest possible weight of any system achievable
with today’s technology. The elements described are printed-circuit dipoles in a circular

waveguide (or cup). To achieve ultra lightweight, the cup can be made out of graphite
composites; there is ample experience with this approach to attest to its viability. The
weight of the entire element will be less than two ounces (not including a bandpass filter
and preamplifier). With the bandpass filter and preamplifier, each element will still only
weigh on the order of one-half pound. The entire array would have an absolute minimum
wind resistance per aperture size.
To achieve an extremely low cost system it is proposed to use a lightweight azimuth-only
rotator to rotate the ADBFA. Azimuth-only can be used because multipath nulls are
eliminated in an ADBFA. Figure 5 shows the proposed ADBFA. Figure 1 is a block
diagram of the ADBFA. The Azimuth tracking array utilizes 3 by 10 elements. The top and
bottom elements are non active and loaded with a 50-ohm load. The non-active elements
eliminate the requirement to compensate for mutual coupling and parasitic effects at the
end elements. To computer compensate would narrow the frequency bandwidth of the
array.
The three elements on the top of the array are aimed at zenith and are used for tracking
during vertical launch. These elements have the same cup diameter as the other elements
except that the cup is fiberglass, which allows for a broader beam width. Gain is not
required for the vertical launch since the missile is so close. The center top element is used
for the telemetry data to and from the missile. The two outer elements are used to
determine the angular information to aim the array in azimuth until the vertically launched
missile’s signal is low enough to be received by the three by ten array.
In order to keep the cost as low as possible no attempt is made to provide accurate
positional data. Other means are usually available on the ship to provide accurate
positional data when required.
Each group of three active elements is combined using 3-dB power dividers so that the
center element receives twice the power of each of the outer elements. This gives a beam
width of approximately 27 degrees and sidelobe levels of about 19 dB in azimuth. When
the missile is low enough to be first received by the three by ten array it is still in close and
only one row of three elements would be activated. This allows only the amount of gain
necessary to yield a required C/N ratio with adequate margin. Azimuth tracking
information is derived for the rotator by the use of a step-track algorithm. Since the
azimuth beamwidth is very broad (approximately 27 degrees) the azimuth speed and
acceleration of the rotator can be minimized.
As the missile increases its distance from the ship additional elements will be activated
always keeping approximately the same C/N ratio. Only when the missile is at maximum

range will all the elements be used. By keeping the C/N ratio relatively constant the system
dynamic range problem is eliminated.
The system is extremely lightweight since each element of the array, including the bandpass filters and power dividers, is less than half a pound. The azimuth rotator has a very
low maximum velocity since, when the missile is in close, the beamwidth is broad enough
so that accurate pointing is not required. As the missile distance from the ship increases
the dynamics of the missile with respect to the ship decrease. Since automatic tracking is
not used the servo constants can be kept extremely low. Because of this a very light
weight rotator can be used. If a graphite-composite rotator is used the weight of the entire
tracking system could be held to about 40 lbs.
Another advantage of the DBFA is polarization matching. The block diagram of figure 1
shows only one polarization per element for clarity. Each element of the array consists of
a pair of nested orthogonal printed circuit dipoles. Each receiver module is a dual receiver.
Almost all polarizations are realized for different aspect angles of a wrap-around antenna.
A conventional tracking system would employ a very expensive polarization diversity
combiner with a polarization-matching loss of at least 0.2 dB. The Adaptive DBFA can
match polarization to with in at least 0.001 dB at no cost (polarization is matched in the
computer). This is a 0.2 dB increase in gain.
A conventional two-axis tracker must autotrack (step tracking could not be used because
or the rapid change in elevation caused by multipath). This will introduce a tracking loss
(crossover level plus tracking network, cables etc.) of about 0.3 dB which is not required
for the ADBFA.
COMPARISON OF AN ADBFA & A CONVENTIONAL TRACKER
The ADBFA described eliminates a smooth-water null, which is on the order of 17 dB. To
be conservative on our comparison we will assume a 15-dB null. The ADBFA adds the
reflected and direct signal so that they are always in phase. For smooth water the reflected
and direct signal are equal in amplitude. This is then a 6-dB increase in gain. This is a 21dB advantage over a reflector system. Again to be conservative we will only use 18 dB for
our null enhancement over a reflector antenna.
In the described system the ADBFA has a gain of about 20 dB. Allowing a 0.2-dB
advantage for polarization matching, 0.3 dB for autotracking loss, and 18 dB for null
enhancement; a reflector antenna would have to have a gain of 38.5 dB to have the same
range as the ADBFA. This would require a reflector with a diameter of approximately 17feet.

Murphy’s law states that failures (preamplifier, filter, cable, etc.) will always happen right
before an important mission. With conventional systems this often causes mission
abortion. The Adaptive DBFA can be almost optimized, even when several elements are
degraded, by the application of the RBFN on a real-time basis.
CONCLUSIONS
The ultimate in adaptability is achieved by combining Digital Beamforming Techniques
and Neural Network Technology. The ADBFA will outperform any other sophisticated
tracking system, and at a lower system cost. For the shipboard missile tracking
application the ADBFA has the following advantages:
• LIGHTEST WEIGHT POSSIBLE / PERFORMANCE
• LOWEST COST / PERFORMANCE
• COST LOWERED SIGNIFIGENTLY BY ALLOWING LARGE
MANUFACTURING TOLERANCES AND CORRECTING BY GENETIC
TECHNIQUES
• OPTIMUM PERFORMANCE WITH DEGRADED ELEMENT
• BEAM ADAPTIVELY CONTROLLED FOR CONSTANT G/T
• 12-BIT IMPLEMENTATION
• PHASE CORRECTED TO A FEW SECONDS OF ARC
• AMPLITUDE CORRECTED TO A HUNDREDTH OF A dB
• 41 BY 11 INCH ARRAY OUTPERFORMS 17 FT REFLECTOR
• SIMULTANEOUS TRACKING OF MULTIPLE TARGETS
• NULL STEERING
• MULTIPATH CANCELLATION
• COMPLETELY OPTIMUM POLARIZATION DIVERSITY
• TECHNIQUE ALLOWS CHANGING DESIGN TO ACCOMMODATE ANY
MISSION REQUIREMENT WITH MINIMUM NRE
LINK ANALYSIS
The multipath plot of Figure 6 shows the effect on transmission of reflections from a
relatively smooth ocean. The plot is in the form of a coverage diagram in that it shows the
decreases and increases in effective range due to multipath. The assumptions are a free
space range of 100 miles, receive antenna height on the ship is 40 feet above the water,
and the antenna has a beam width of 27 degrees, the peak of which is pointed at the
source. The plot shows several significant nulls between 0 and 2 degrees elevation angle.
The deepest null reduces the operating range to about 25 miles from about 178 miles

without multipath (17 dB). In the ADBFA the data will be processed in the computer so
that the maximum lobes are increased 6 dB over smooth water.
The Link Analysis for the 10-element ADBFA and for the assumed shipboard missile
tracking application is shown in the Table of Appendix A and shows that; for a missile
range of 100 statute miles, a missile effective-isotropic radiated power (EIRP) of two
watts (+33 dBm), and a C/N ratio of 30 dB, the link margin is approximately 5.58 dB.
This indicates that the Described ADBFA could track and transmit/receive data from the
missile to 190 miles.
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APPENDIX A – LINK CALCULATIONS
TELEMETRY LINK ANALYSIS FOR 3X8 CUPPED DIPOLE ARRAY
Input Parameters
Frequency
2.200 GHz
Source Transmitter Power
2.00 Watts
Loss: Transmitter to Antenna
0.00 dB
Source Antenna Gain
0.00 dBi
Range
100.00 Miles
Elevation Angle
8.00 Degrees
Polarization Mismatch Loss
0.00 dB
Tracking (Pointing Error) Loss
0.00 dB
Atmospheric Attenuation
-1.12 dB
Receive System G/T
-2.83 dB/Kelvin
Pre-Detection Noise Bandwidth
5.6 MHz
Carrier-to-Noise Ratio Calculation
Source Transmitter Power
33.01 dBm
Loss from Transmitter to Antenna
0.00 dB
Source Antenna Gain
0.00 dBi
Source EIRP
33.01 dBm
Space Loss
-143.43 dB
Atmospheric Attenuation
-1.12 dB
Power Received by Isotropic Antenna
-111.54 dBm
Polarization Mismatch Loss
0.00 dB
Tracking (Pointing Error) Loss
0.00 dB
Receive System G/T
-2.83 dB/Kelvin
Boltzmann’s Constant
198.6 dBm/Hz-Kelvin
Pre-Detection Bandwidth
-63.98 dB/Hz
Carrier-to-Noise Ratio
20.25 dB
Required Carrier-to-Noise Ratio
-13.00 dB
Margin
5.58 dB
Free Space Range
190.00 Miles

Fig. 1 Adaptive Digital Beamforming Array

Fig.5 Physical layout of Adaptive Beamforming Array
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ABSTRACT
As renewal interest in building vehicles based on hypersonic technologies begin to
emerge again, test ranges anticipating in supporting flight research of these vehicles will
face a set of engineering problems. Most fundamentals of these will be to track and
gather error free telemetry from the vehicles in flight. The first series of vehicles will
likely be reduced-scale models that restrict the locations and geometric shapes of the
telemetry antennas. High kinetic heating will further limit antenna design and
construction. Consequently, antennas radiation patterns will be sub-optimal, showing
lower gains and detrimental nulls. A mobile system designed to address the technical
issues above will be described. The use of antenna arrays, spatial diversity and a hybrid
tracking system using optical and electronic techniques to obtain error free telemetry in
the present of multipath will be presented. System tests results will also be presented.
KEY WORDS
Hybrid tracking system, spatial diversity, multipath, reconstruction of loss data, frame
counter, optical aid, GPS based radiosonde.
INTRODUCTION
Telemetry from a small hypervelocity vehicle presents two major problems. The tracking
system may have quantified to have adequate gain and high angular acceleration relative
to the mutating RF target detection rate, yet in the present of multipath raise the question
whether it can track over the entire flight course. This is especially an open question
during the initial, high g acceleration phase. The existence of multipath creates another
variable virtually impossible to quantify and therefore solved (1).

There are numerous solutions or approaches may be pursued. For example, one can build
an intelligent tracking computer which, given the expected flight path, can accurately
track the vehicle with programmed capability to response to possible anomalous
deviations and minimize the bit error rate.
The solution that we have chosen to overcome the potential difficulties during the initial
high g phase is a hybrid optically aided manual track, which relinquishes control to
conventional auto track as soon as the target is out of the multipath region.
MOBILE RANGE SYSTEM
The mobile range system is comprised of a telemetry tracking van integrated with realtime mission control and a C-band radar. The telemetry tracking is augmented with 3
remotely operated telemetry relay stations. Their function is to acquire the telemetry,
translate and retransmit it back to the telemetry tracking van. This not only provides
redundancy, but also spatial diversity, a key to recovery lost data resulted from target
rotation and antenna nulls. Since the subsystems are conventional range equipment, we
will only describe the augmentations relevant to the acquisition and processing of
telemetry from hypervelocity vehicles.
Telemetry Tracking
Most commercial available tracking systems have input ports to allow external devices to
take control of the system and accept pointing vectors. A microcontroller based optical
pointing device was built for this purpose. The microcontroller perform parallax
correction, initial manual control, and send pointing vectors to the tracking system.
Manual tracking is used when multipath is present. An operator operating the optical
tracker can be seen in Figure 1.
Radar
Figure 2 shows the radar tracking system. The radar data is encoded as PCM data stream
and is sent to the telemetry data processing system located in the telemetry van. GPS
based radiosonde measurement of upper air profiles of pressure, temperature, humidity,
wind speed and direction are also encoded in the data stream also. The upper air
soundings are used to calculate aeronautical parameters of the test vehicles along the
flight paths and for range safety operation.
Remote Telemetry Relay Stations
Figure 3 shows the remote stations. The antennas are mounted on a 15-foot high antenna
mast. The top antenna provides the serial computer link for remote operation. The middle

is a helical antenna for relaying the PCM in L-ban back to the telemetry tracking van for
real-time processing. The bottom Yagi antenna is for the S-band downlink. At the base is
the RF electronics, bit synchronizers, computer, and batteries. The deployment of the
three stations is shown in Figure 4.
RECONSTRUCTION OF LOSS DATA
Telemetry acquired by the mobile tracking system is first examined for missing frames
first. Then the time when the frames are lost and the frame numbers are logged. A search
of the corresponding frames acquired by remote station 1, 2, and 3 is performed in that
order. The first occurrence of a good frame is used to replace the missing one in the data
stream of the mobile tracking system and the search is ended. The processed is repeated
until all the missing frames are found and replaced. Currently, the software to reconstruct
loss frame run in a Unix workstation. In the future the software will run in the telemetry
acquisition equipment in real-time.
SYSTEM SIMULATION AND TESTING
A small instrumentation package was built to provide a PCM data source. A
microcontroller gather data from three accelerometers, a pressure transducer, and clock
out a PCM stream through the serial port. The PCM frame was consisted of 16 8-bit
words. The microcontroller was programmed to clock out the bit at 500,000 bits per
second producing a frame rate of 15,625 frames per second. The microcontroller also
embedded in the data stream a 16-bit code used for frame synchronization, a 16-bit frame
counter for frame identification. The rest of the words were filled with static bit patterns
for data link error analysis. The data system also included a C-band radar transponder for
testing the radar tracking.
Two patch antennas were used for the transmission of the S-band telemetry and transmit
the return pulses of the C-band radar transponder.
To determine tracking system has the required slew rates to track high velocity vehicles,
the instrumentation package was mounted on a pod of an F-18 and various flight paths
were flow against the tracking system. The ratio of the transmit power to the distance to
the tracker was picked so that the F-18 simulated a vehicle traveling at Mach 5,
transmitting at 5 watts, at a distance of 5 miles from the tracking system. The slew rates,
in the case here, were about 15 degree per second in elevation and azimuth.
The 4 PCM data streams were recorded on disk and screened for missing frames and bit
error in the PCM words. No error or missing frames was found in the region of interest.

CONCLUSION
A conventional telemetry tracking system augmented with an optical tracking aid and an
array of telemetry relay stations to provide spatial diversity can be used to acquire
research quality data from a hypersonic vehicles in flight.
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Figure 1 – Optical Tracker

Figure 2 – Radar Tracking System

Figure 3 – Remote Stations

Figure 4 – Deployment of Three Stations
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ABSTRACT
There is an acquisition management challenge to a program which has a limited market.
One approach which can improve competition is the utilization of commercial
technology. This utilization helps reduce unit cost and system obsolescence. The
Hardened Subminiature Telemetry and Sensor System (HSTSS) has experienced the
affects of a limited market and the need to utilize commercial technology. HSTSS plans
to use partnering because the expertise is spread across the industry, and technology
integration is required to fabricate an instrumentation system that would meet tri-service
test requirements. There are many challenges facing the Program Manager; which create
high program risk when proper acquisition procedures are not followed. HSTSS is this
type of project. This paper will essentially discuss the acquisition strategy as it has
evolved as well as the technical strategy. These strategies have been influenced by
Government acquisition streamlining , available commercial technology and the
programs limited production requirements. This is what the Government’s Project
Managers are facing in these times of shrinking budgets and downsizing. The importance
of the services working together, and sharing funds and technology to accomplish more
with less is discussed in this paper. It is essential that government and industry work
together as partners to reach the program’s goals. This paper proposes a program strategy
based on our experience as to what is needed to incorporate partnering and commercial
technology to successfully complete your program.
KEY WORDS
Commercial Technology, Partnering, Limited Market
INTRODUCTION
The challenge is that we need systems developed that will allow the Government to test
weapons systems that are being delivered to the field. Quantities to be tested are usually
limited in number because of cost, so the market is not sufficient for industry to commit
their limited resources. When you look at some of the technology areas, particularly for
the HSTSS program, it becomes obvious that we can not compete with the commercial

market in terms of quantities required. Batteries are supplied to meet consumer demands
and if the Government needs a special battery it is not profitable for the manufacturer to
modify his production line or the battery configuration to accommodate the
comparatively small numbers the Government might buy. The transmitter is another
example where the Government can not compete with the cell phone and pager
commercial market. The automobile industry uses accelerometers for air bag deployment
in large quantities. This same sensor has been qualified by the Government to 30,000 g’s
and is priced commercially at $50. There are many more areas of commercial technology
that the HSTSS team has been investigating so that we can have the lowest cost
expendable instrumentation system available. Thus, the HSTSS program will be
maximizing the use of commercial technology.
BACKGROUND
The HSTSS project was started in 1992. This project started off as an Office of the
Secretary of Defense (OSD) sponsored Test Technology Development and
Demonstration (TTD&D) program. It has successfully transitioned into an OSD Joint
Improvement (JIM) program. HSTSS is required to be a low cost, microminiature, high g
(100,000 g’s), modular instrumentation system. HSTSS instrumentation is to be used on
projectiles and small missiles which will allow measurements to be made on board during
flight testing. Data is to be collected from launch to impact. The limiting factors in the
design of HSTSS instrumentation are the package size and the high-g environment.
Because the size and shape of the space available for instrumentation varies, the triservice users wanted a modular/component design so that each user could repackage the
system to meet their particular needs, especially the volume constraints. During flight,
accurate data can not be collected with present systems. During the early phase of
HSTSS, it was determined that the hardest components to shrink would be the battery.
After much market research, it was decided that most battery manufacturers were not
interested because in test instrumentation there was a limited market. One company was
willing to work with U S Army Research Laboratories (ARL), Weapons and Materials
Research Directorate and through this effort, we now have a battery that withstands
100,000 g’s and can be configured to the subminiature package (less than a cubic inch)
without taking up all the space. From the experience of the Integrated Product Team
(IPT) on other instrumentation development programs, it was validated that HSTSS
should be developed as a modular/component system. The modular/component design is
a building block design so systems can be adapted to the different configurations. This
way we could develop individual technology and allow HSTSS to be geometrically
flexible and be easily adaptable to future advanced technology. The modular/component
design makes HSTSS more adaptable to meet the different configurations needed by the
three services. The next paragraph describes the environment and packaging limitations
that HSTSS modules/components will have to meet.

HIGH-G TELEMETRY SYSTEMS
The HSTSS modules/components consist of the power source, transmitter chip sets, data
acquisition chipsets, antenna and a combination of sensors. The sensors considered by
HSTSS program are g-switch, accelerometers, gyros, global positioning system and
pressure. It is obvious that the telemetry system, supporting electronics and power supply
must be able to withstand the shock of the launch environment. The environment for the
sensor systems must essentially be dual in nature. Some must only survive the
launch/boost environment and then make a measurement during the “ballistic” portion of
the flight, while other sensors must make a measurement during the launch/boost phase.
This requires instruments and data acquisition systems of dual range with a sufficiently
broad accuracy. When instrumenting a free-flight system, the inclusion of the telemetry
system must preserve the mass, moments of inertial and center of gravity (M/MOI/CG) of
the object under test. This puts major restrictions on the form and shape of the
components and modules that comprise the telemetry system, primarily the transmitter,
power supply and supporting electronics. Considering the breadth of the technology
involved in the different modules/components required for HSTSS, the team decided on
the following acquisition strategy.
ACQUISITION STRATEGY
The original strategy for HSTSS was to have a contractor as the integrator, this strategy
was for a prime contractor to have subcontractors developing the individual technologies
and then the prime contractor would integrate the components into an instrumentation
system. The HSTSS Team started with the strategy to award two independent EMD
contracts for two separate systems. The first system was for the lower g twelve cubic
inches while the second system was for the higher g less than one cubic inches. The
contracts were to be integration contracts with a prime contractor integrating the
independent subcontractor technology. It was believed that the first technology was off
the shelf and a system could be made with very little development. The key to this
system would be the integration. The second system was expected to be a development
contract because the technology was not advanced enough. An RFP for the first EMD
contract was released after market surveys and a presolicitation conference indicated
there was a high interest and from these responses the HSTSS team expected
competition. The team held a preproposal conference and the participation still indicated
that there was sufficient competition. When the proposals were submitted, we were
disappointed because there was only one offeror. After the team evaluated the proposal,
it was decided that in the best interests of the Government the present RFP should be
cancelled and a new acquisition strategy proposed. The main reasons given for the lack
of competition when contractors were questioned, was the low quantities to be
purchased in the future and the lack of prime contractors available to integrate the
subcontractors technologies. It was decided by the team that HSTSS should be

developed as modules/components integrated by the Government until the program is far
enough along that it would be reasonable to award an overall integration contract. This is
the strategy that HSTSS tri-service integrated product team is supporting. A contract for
a Data Acquisition Chipset (DAC) was the first RFP that the team decided to release.
Other releases will be for a pressure transducer and GPS/IMU. At the time of this
writing we have experienced the success of our decision to go modular/component. We
have competition for the DAC.
PROGRAM MANAGEMENT
With the ever increasing sophistication of munitions and small missiles, flight tests are
expected to reduce development costs. However, in the case of small or relatively
inexpensive systems, flight tests are often not made due to anticipated or presumed high
cost of measurement systems. Although, special high-g telemetry systems exist (a
telemetry system is defined as the complete measuring, transmitting and receiving
apparatus for indicating or recording at a distance the value of a quantity), their usage is
not as common as in larger, more expensive, non-high-g systems. Additionally, the role
and impact of simulation requires accurate and realistic flight measurements as input. The
HSTSS program has been jointly sponsored by the Department of Defense and the Army
to develop and demonstrate a new generation of high-g telemetry technologies and to
make these products available to the test community (Ref 1). Additionally, the
Commercial Technology Insertion Program (CTIP) being sponsored by the Office of
Naval Research is funding demonstration efforts that are focused on
microelectromechanical (MEMS) sensors and devices. The acquisition strategy is
obviously driven by the need for inexpensive, microminiature and high-g instrumentation
modules/components. If instrumentation is to be inexpensive it needs to come from
commercial technology. If program costs are to be reduced we need to leverage other
programs and work the three services as a super integrated product team. Managing
programs to develop test and evaluation instrumentation is a challenge today because the
Government does not buy sufficient quantities to control the market. This is an important
reason the Government can not duplicate effort and why the three services have to work
together so we leverage the quantities and combine them into one market. This still does
not create a market as large as the commercial market, but it will help. We still need to
utilize commercial technology. A company will not invest resources in a program that
does not have a future market place to make them sufficient profits. It is the commercial
technology that controls the market place and is highly profitable because of the
quantities required. Automobiles, cell phones and computers are a few examples where
the volume purchases are high and the profits are also high. There are two paths we can
take to be able to work with industry and make it profitable for them. First, we can take
existing commercial technology and adapt it to our needs or we can develop something to
meet our needs and show industry that there can be a commercial market for that
technology. In our case the Transmitter manufacturer is adapting his cell phone

technology to meet our needs because he feels when our product is developed he can use
this same technology for other commercial applications. HSTSS can only be a success if
commercial technology is considered in the modules/components being developed under
this program. The critical aspect of HSTSS is that the instrumentation is not recoverable
and therefore the cost must be kept at a minimum. The following are examples of how
leveraging and commercial technology has helped advance the HSTSS program.
UTILIZING COMMERCIAL TECHNOLOGY
As was stated in an earlier paragraph the power source was our first concern during the
TTD&D phase of this program. A fundamental difficulty in any free flight measurement
system is the source of power. Typically, Nickel Cadmium (NiCad) or thermal batteries
(in case of large power requirements) are used. Often, however, batteries for high-g
telemetry systems are not different than the batteries that are available in drug stores.
There are primary and secondary (expendable and rechargeable) technologies that have
various cylindrical form factors from buttons to standard AAA through C cells.
Nominally, 1.5 volt levels are available except for the usual rectangular 9 volt cells.
Packing options related to batteries severely challenge the M/MOI/CG problem.
HSTSS has developed and is testing several power cell technologies for high-g use. Solid
polymer electrolyte, lithium-ion power cells from Ultralife Batteries (UK) have been
under evaluation (Ref 2). The solid-state polymer batteries (nominal 4 V) are
rechargeable, lightweight, physically configurable, and environmentally friendly. Cells
can be made to almost any user shape or configuration. They can be layered together and
connected in parallel and/or series to provide a complete battery system. Ultralife is under
contract to modify its commercial cells for the gun-launched environment. Single-cell
configurations have survived shock accelerations of more than 110,000 g’s and
centrifugal tests at 300 rev/sec, yielding radial accelerations of 24,000 g’s. Research,
sponsored by the Defense Advanced Research Projects Agency (DARPA), is currently
being performed to increase the energy density and temperature performance of the cells.
HSTSS is partnered with DARPA and continues to leverage their research. Primary
power cells, available from Ultralife Batteries (US), offer similar form factor
characteristics with even higher energy density and are currently being evaluated for
high-g applications (Ref 3). The advent of solid polymer chemistries and new packaging
technologies should substantially relieve the M/MOI/CG problem with respect to power
sources.
Multiple solutions to the data transmission problem are being studied. Technical,
operational and fiscal factors each contribute to the resolution of this issue. Existing
range infrastructure and frequency allocations must support the use of existing telemetry
ground stations. The high-g and small size requirements may not meet all existing
compatibility requirements (frequency stability, etc.), but low power and short

transmission times will most likely allow for practical use through “exemptions”.
Previous work has investigated promising alternatives (Ref 4,5).
The portable communications industry is rapidly developing new devices and products.
Wireless communication systems, local area networks, cellular phones and mobile links
are common at frequencies not permitted on test ranges. However, existing commercial
communication technologies have promise for application at L and S-band frequencies
(approximately 1.5 and 2.2 GHz). Preliminary evaluations indicate these technologies can
be made compatible with the standards of frequency allocation, stability and bandwidth.
Link budgets and analyses have been completed in this preliminary survey. HSTSS has
awarded a contract to provide the community with a new family of miniature, high-g, low
cost transmitter components and modules.
CONCLUSION
HSTSS has to be a low cost flexible instrumentation system. The way to make that
happen is to have an acquisition strategy, as we have done in HSTSS, to leverage other
programs and make full use of commercial technology. The battery technology that was
developed for HSTSS is now being used in lap top computers. This allows the
manufacturer to expand the market which eventually reduces the unit cost and gives the
manufacturer a reason to keep the battery line producing. On the other side, HSTSS has
looked at the automobile industry to find an air bag sensor which is a commercial
accelerometer. This accelerometer has been tested up to 30,000 g’s. The cost is less than
$50. In order to be able to find this technology we must be looking. It has been a total
team effort and it has required leveraging other programs and sharing with programs
working the same or similar issues. The way to have a successful instrumentation
development in today’s arena requires leveraging, Integrated product teams, partnering
and commercial technology.
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ABSTRACT
Although PCM/TDM framed data is one of the most prevalent formats handled by flight
test ranges, it is often required to acquire and process other types. Examples of such nonstandard data types are radar position information and meteorological data from both
ground based and radiosonde systems. To facilitate the process and management of such
non-standard data types, a micro-processor based system was developed to acquire and
transform them into a standard PCM/TDM data frame. This obviated the expense of
developing additional special software and hardware to handle such non-standard data
types.
KEY WORDS
Pulse-Code Modulation (PCM), Time-Division Multiplexing (TDM), microprocessor,
radiosonde, synchronous, asynchronous, Intra-Range Instrumentation Group (IRIG), 420mA industrial current loop, American Standard Communication Information Interface

(ASCII), Non-Return to Zero Level (NRZL), meteorology, PCM data distribution system
(PCMDDS).
INTRODUCTION
A microprocessor based system was developed to merge spherical coordinates from
monopulse radar, ground based five-parameter meteorology, and eleven-parameter
radiosonde meteorology into a PCM/TDM frame.
System programmability is an essential feature to handle data with different time/format
characteristics such as synchronous IRIG (Phase II) PCM/TDM, 4-20mA industrial
current loop, or asynchronous ASCII burst data as well as to provide of acquisition of
future data types. A disciplined oscillator synchronized with GPS time is used as the
system timing reference thereby providing microsecond time accuracy in acquiring data.
The resulting data frames can then be easily processed, and treated as if they were TDM
framed data.
PCM Data Distribution System (PCMDDS)
Salient specifications for the existing PCM frame include NRZL format, a 10msec frame
duration, thirty-two 32-bit words, GPS derived time in each frame, and GPS derived
synchronization of internal timing. One word is occupied by the frame synchronization
pattern, another with a frame counter and two more contain the frame time tag leaving 28
open for additional data. All data words are arranged MSB first, LSB justified with leading
unused bits cleared. Once each output frame, the PCM system issues a broadcast (over
wires) interrogation pulse to solicit data input from each of the sources which must
respond, within a 470nsec window, with up to 32 bits of 128kbaud NRZL information and
synchronous clock. Each data source possesses it’s own internal timing reference, usually
a quartz crystal, hence, the event is synchronized only by the interrogation pulse with
crystal accuracy and frequency selection adequately addressing any remaining timing
constraints.
Radar Data
Radar data is embedded within an IRIG (Phase II) frame consisting of 240 bits at 2400
baud yielding a frame duration of 100msec. The desired data here consists of the spherical
coordinates Range (RG), Elevation (EL), Azimuth (AZ), and a 3-bit Track Flag (TF).
Each of the RG, EL and AZ words are 24 bits in length, occur twice per frame, and are
oriented LSB first with all bits specified. The three TF bits occur only once per frame and
contain the tracking status of the radar system, such as off-target, skin-track or beacon-

track modes. Frame synchronization is a 7-bit pattern which alternates with its
complement every frame.

Figure 1
Data Source / PCMDDS Signals

Figure 2
PCMDDS Output Frame Structure
Ground Meteorology
Meteorology at the radar site is another important project factor. A system of commonly
used 4-20mA current loop sensors is used to provide wind velocity, wind direction,
barometric pressure, ambient temperature and relative humidity. Thus, the analog
information is digitized and formatted to the PCMDDS input specifications.
Measurements are made at the PCMDDS interrogation pulse timing.
Meteorology Aloft
Meteorological measurements aloft are obtained using a radiosonde system. Atmospheric
pressure, ambient temperature and relative humidity (PTU) are measured directly at the
sonde. Sonde position relative to the ground station is calculated using differential GPS
techniques, thus wind direction and velocity are derived. This calculation also yields
north/south and east/west positions, AGL altitude, ascent rate and slant range of the sonde
with respect to the ground station. In addition, all data is tagged with elapsed time from
balloon launch. The eleven parameters are available from the ground station computer as a
burst of 9600 baud ASCII encoded characters occurring once every five seconds after
launch. Hence, it is necessary to acquire the string, capture and store the characters of
interest on-the-fly.

Radar To PCMDDS Interface
Microprocessor application easily solves the problems associated with synchronizing to
the IRIG frame, decommutating and storing the appropriate bits, and responding to the
PCMDDS interrogation signal with three separate NRZL data outputs, one for the track
flags and RG data, one for AZ data, and one for EL data, and a synchronous clock
output.
The synchronous clock accompanying the IRIG PCM input provides bit synchronization.
Frame synchronization is achieved by examining the IRIG stream on a bit-by-bit basis for
one of the two frame synchronization patterns. Once the correct pattern has been detected
the reference pattern (the pattern to which the input is compared) is complemented in
anticipation of the next frame. Locations of the desired data within the IRIG frame, of
course, are known so clock edge counting is used to arrive at the appropriate places to
initiate data or frame synchronization pattern decommutation. Frame synchronization
continues with pattern verification in each frame, else the program reverts to examining
bits looking for the correct pattern. Data bits are sequentially stripped from the IRIG
frame and mapped into internal RAM in such a way that during the PCMDDS
interrogation response, three separate PCM

Figure 3
IRIG Phase II Frame Structure

Figure 4
IRIG Range, Azimuth and Elevation
Bit Mapping in Internal RAM
streams and a synchronous clock may be generated as output. This mapping is shown in
Figure 4. Blank bit areas are set to zero and all bits marked as Cxx are set to one. This
arrangement simplifies the simultaneous output of the four serial streams, Range, Azimuth,
Elevation and the synchronous clock to an input-output port on the microprocessor.
When a byte is written to the port the clock is a one. Half way through the output bit
period, the clock bit is complemented. The crystal frequency is adjusted so that an even
number of instruction cycles occur per bit period in order to generate a 50 percent duty
cycle clock. Nibble swapping permits the remaining four bits of the byte to be output. The
process is repeated until thirty-two clock pulses have been generated and all data is
output.
Although the radar and PCMDDS have a GPS derived time reference, there are no
guarantees with regard to phase relationships. Timing analysis of data structures involved,
however, shows that adequate time exists within the input clock period (the IRIG

synchronous clock) of 416.667usec to respond to a PCMDDS interrogation which usually
requires only 270nsec maximum including any internal data source delays. Therefore, all
of the 240 IRIG bits are serviced thus maintaining input frame synchronization without
interference from a PCMDDS interrogation response.
Ground Meteorology To PCMDDS Interface
Once again, it’s a microprocessor that is used to solve the problem of interfacing two
dissimilar data systems. This time, however, the microprocessor is used only for timing
purposes storing no data prior to a PCMDDS interrogation. Each current loop signal is
digitized to twelve bits using a serial A/D. A/D programming and clocking is developed
under firmware control in the microprocessor as a response to the PCMDDS interrogation
signal. Clocking occurs in such a way to generate the required 128kbaud output and three
separate 32-bit NRZL words directly from the A/Ds using a dual multiplexer, gate and
three clocked registers. Sample time is very short in the A/Ds resulting in no significant
delay. Sample charge leakage within the A/Ds is also
The serial A/Ds require programming, hence the first six falling edges of clocks generated
by the microprocessor are used internally by the A/Ds after which any clocks are used to
perform digital conversion of the sampled analog signal and simultaneously extract the
serial bits MSB first. So, each A/D has nineteen clocks applied to complete a conversion.
By judiciously controlling the timing of the clocks to the A/Ds and multiplexing the serial
outputs, data is concatenated as shown in Figure 5.
Radiosonde System To PCMDDS Interface
Radiosonde system information from the ground based computer consists of eleven
ASCII encoded parameters appearing as a character string burst, at 9600 baud, once
every five seconds after balloon launch. This string is received by a microprocessor
programmed to accommodate 9600 baud, decommutate the string and store the data in
internal RAM. This input circuit is initialized by detecting the lengthy time period between
string occurrences (5sec). Another microprocessor is used to generate the required NRZL
PCM output in response to the PCMDDS interrogation signal. This ‘output’
microprocessor handshakes with the ‘input’ stage receiving, reformatting and storing the
data in internal RAM. As with the RADAR/PCMDDS interface, the bits are mapped into
RAM to facilitate making multiple PCM outputs and a synchronous clock adhering to the
PCMDDS requirements. The data of interest consists only of numbers 0 through 9 and
two special characters, ‘\’, and ‘-‘. These are ‘no data’, and negative sign and are
represented in hex as ‘F’ and ‘D’, respectively. Any ASCII spaces (20h) are taken to be
zeros. The total number of characters is less than four bits so all pertinent information can
be represented by hexadecimal notation without ambiguity. This technique requires less

than half the RAM volume of the original string making much more effective use of
PCMDDS frame allowing multiple parameters to share space in the 32-bit words as was
done with the ground meteorology information. Table 1 illustrates the PCM format used
based on the nature of the project requirements.

Figure 5
Timing Diagram for Ground Meteorology / PCMDDS Interface

Elapsed time
Barometric Pressure

6 bits: minutes and seconds
16 bits: 4 characters, 0.1hPa resolution

MM:SS
PPP.P

Temperature
Relative humidity

6 bits: 4 characters, 0.1oC resolution
12 bits: 3 characters, 0.1% resolution

sTT.T
UU.U

Wind direction
Wind velocity

12 bits: 3 characters, 1oaz resolution
12 bits: 3 characters, 0.1m/s resolution

DDD
VV.V

Sonde height
Ascent rate

16 bits: 4 characters, 1m resolution (MSL)
6 bits: 4 characters, 0.1m/s resolution

HHHH
sAA.A

Slant Range

28 bits: 7 characters, 0.1m resolution

RRRRR.R

North/South position

28 bits: 7 characters, 0.1m resolution

sNNNNN.N

East/West position

28 bits: 7 characters, 0.1m resolution

sEEEEE.E

Table 1
Radiosonde Data Association, Resolution and Implied Structure
(s = sign)
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Figure 6
Radiosonde PCM Data Structure

Barometric pressure, in hPa (millibars), is abbreviated eliminating the thousands place
since the expected data will range from a maximum 1040.0 hPa (0 feet MSL) down to 100
hPa (about 50,000 feet MSL). Hence, a zero in the hundred's place implies a pressure at
or over 1000 hPa. Parameter range limits are shown in Table 2, below.
1.
2.
3.
4.
5.
6.
7.
8.
9.
10.

Elapsed time
Barometric pressure
Temperature
Relative humidity
Wind direction
Wind velocity
Sonde height
Ascent rate
Slant range
North/South position

11. East/West position

59 minutes, 59 seconds
100.0 to 1099.9 hPa
-99.9 to 999.9 oC
0.0 to 99.9 %
000 to 359 azimuth degrees
00.0 to 99.9 meters / second
0000 to 9999 meters
-99.9 to 999.9 meters / second
000000.0 to 999999.9 meters
-99999.9 to 999999.9 meters
values = North, - values = South)
-99999.9 to 999999.9 meters
values = East, - values = West)
Table 2
Radiosonde Data Limits

Needless to say, the extremes in the parameter ranges given in Table 2 above reflect data
content capability and may not be attainable in reality. That is, I doubt if a Slant Range of
1,000,000 meters is attainable. Tables 1 and 2 are clarified by Figure 6 in which the exact
PCM data structure is displayed down to the bit level with the weighting shown.
CONCLUSION
The development of a programmable capability to acquire, and accurately handle
dissimilar, asynchronous data streams into a TDM frame provides a method of handling
non-standard data types in the same fashion as telemetry PCM/TDM flight test data. This
permits use of standard PCM/TDM software/hardware methods to accurately process all
data thereby avoiding the need to develop ad-hoc methods to handle non-standard data
types.
Since the system is programmable and uses a disciplined oscillator synchronized with
GPS time as a reference, a wide range of dissimilar data types such as synchronous IRIG
(Phase II) PCM/TDM, 4-20mA industrial current loop, and asynchronous ASCII burst
data can be merged into a PCM frame with microsecond accuracy.
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ABSTRACT
The Joint Advanced Missile Instrumentation (JAMI) Program, a multi-year CTEIP effort,
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 end-game vector scoring in a low-cost, modular package that will
allow world-wide test and training, thereby 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, as well as state-of-the-art telemetry. JAMI will also
address the feasibility of a solid state programmable safe-and-arm device. The effort will
include a Test Technology Development and Demonstration (TTD&D) risk reduction
phase which will validate tri-service requirements, provide a technology demonstration,
and assess the applicability of advanced antenna technology. This paper discusses the
progress of the program during the TTD&D phase including preliminary testing of GPS
receivers and conformal GPS antennas.

INTRODUCTION
For test and training applications, small missiles must be instrumented to provide four
range functions: telemetry, TSPI, flight termination and end-game scoring. There is a need
for the JAMI effort because:
• There is no airborne instrumentation package that supports all four range
functions
• The instrumentation that does exist is range specific
• JAMI will provide a cost-effective solution to TSPI and end-game scoring by
utilizing GPS technology and existing infrastructure
Advancements in GPS technology, e.g., improved receivers, coupled inertial measurement
units (IMUs), kinematic processing and small translators, can overcome these current
deficiencies, providing a single instrumentation package and a test & training capability not
limited to specific ranges.
JAMI will have applicability to tri-Service small missile programs. For example, JAMI has
support from the HARM, JSOW, Standard Missile and ESSM program offices, as well as
missile target development programs. JAMI components will enhance interoperability by
reducing the need for unique range infrastructure systems. JAMI will rely on common
range telemetry equipment for data transfer from the missile to the ground. GPS based
TSPI will reduce and in many cases eliminate the requirement for ground based radar.
For the reasons presented, OSD chose to initiate JAMI as a CTEIP project in FY97. As a
part of this effort, OSD has also provided TTD&D funding earmarked for mitigation of
the risks associated with the development of JAMI components.
BACKGROUND
There are a host of participant types in a typical test or training scenario, though many
such scenarios involve a shooter aircraft, a missile and a target drone. OSD-sponsored
programs are providing GPS-based TSPI for each of these platforms.
GPS technology is a rapidly changing field. A year ago, the prevailing thought was that
GPS receivers, especially low-cost, commercial models, could not track through high
dynamic missile flight environments. It was assumed that GPS translators would be
required in high g environments. The Translated GPS Ranging System (TGRS) Program
was funded by OSD to provide a digital translator for such applications.

OSD has also funded the Hardened Sub-miniature Telemetry Sensor Systems (HSTSS)
Program to develop miniaturized, hardened telemetry components. The HSTSS Program
not only investigated the utility of very small GPS receivers for projectile applications, but
also evaluated the effects of adding a low cost IMU sensor set to the design in a tightly
coupled configuration. The results of the co-variance analysis showed that the GPS
receiver accuracy could be very high in a dynamic missile flight environment.
JAMI, building on the accomplishments of TGRS and HSTSS, 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 United States to provide GPS-based instrumentation for shooters, missiles
and targets which would be flown on their Arctic range. This range is shared by many
foreign countries. Equipment developed by the Range Applications Joint Program Office
(RAJPO) is being considered for the shooter and target instrumentation. JAMI
components could be used to meet the missile instrumentation needs.
APPROACH
The two-year TTD&D portion of the JAMI Program is addressing several key areas of
technical concern:
• Assessing the end-game scoring performance and implementation issues
associated with alternative GPS-based processing algorithms to ascertain the
feasibility of using GPS for end-game scoring
• Assessing and evaluating the performance of existing GPS receivers in high
dynamic environments
• Assessing the performance of alternative multi-band conformal antenna design
approaches to derive a JAMI baseline
• Evaluating the environmental qualification requirements for possible common flight
termination system hardware
Following completion of these TTD&D efforts, the JAMI main-line CTEIP program will
initiate several component developments, and one or more missile integration
demonstrations. Based on the results of the TTD&D effort, development specifications
will be prepared and contractors selected for primary system components such as the
programmable S & A, the TSPI GPS tracking receiver and the end game scoring engine.
This portion of the JAMI program is scheduled to last for five years with funding
beginning in FY98.
The JAMI main-line CTEIP program will concentrate on the development of pre-qualified
telemetry, 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 pre-qualified 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 information on JAMI qualified hardware, qualification test
reports, telemetry system design tools such as range TM link calculations, and
programmable component programming interfaces.
TTD&D PROGRESS
End-game Scoring Accuracy - Translators have been shown to provide the required
accuracy to support missile tracking through the use of differential processing. Using Pcode translators, accuracies on the order of 2-4 feet are considered achievable. In order to
avoid unnecessary duplication of effort, JAMI personnel have monitored the efforts of the
TGRS translator investigations, and continue to work in synergism with the TGRS
Program. The projected accuracies of the TGRS system are being compared with other
analysis techniques.
In addition to cooperating with the TGRS development effort, JAMI personnel have also
been monitoring a receiver study initiated by the HSTSS Program. A covariance analysis
was conducted to determine the potential tracking accuracy of a tightly coupled receiver
with an associated suite of low cost sensors. These sensors included rate, acceleration
and yaw devices. Results indicated the potential for a receiver to obtain high tracking
accuracies during a high dynamic, small missile flight. Although the missile flight time was
short (on the order of 10 seconds), the analysis showed promise. Longer missile flights
are planned to provide additional information.
JAMI TTD&D funding was allocated for the review of existing algorithms which have
been developed to evaluate end-game scoring. Development of new and improved
analysis software was also initiated. Newly developed end-game scoring software included
fast ambiguity determination, to be used for smoothing the GPS solution and limiting
multipath effects. Additional work included the development of perfect double difference
determination techniques.
GPS Receiver Analysis - During the TTD&D phase, the achievable accuracy of existing
GPS technology is being investigated. GPS vendors have been surveyed, and promising
off-the-shelf hardware has been tested. The first testing actually conducted under JAMI
funding involved piggy-backing a commercial GPS receiver on a supersonic sled tract test
at the Supersonic Naval Ordnance Research Track (SNORT) at the Naval Air Warfare
Center Weapons Division, China Lake. The testing conditions, descriptions of the

equipment used, and the results of the three tests conducted were reported in the 1997
ITC proceedings.1 These tests demonstrated the potential of using standalone GPS
receivers on small, high-dynamic missiles to provide TSPI. The commercial receivers
tested were able to track with good accuracy through accelerations approaching 25 Gs
along a straight (single-axis) track. Critical successes of this effort included the
development of test criteria for evaluation of GPS receivers, and the screening of several
commercial receivers (thereby establishing their performance capabilities, and providing
data for future testing).
The Vandal target program participated in the SNORT testing, screening GPS receiver
hardware for use on Vandal shots. After evaluating the results of the SNORT tests, they
decided to include a GPS receiver on a Vandal test shot conducted in December 1997.
The receiver in the Vandal test tracked at least four satellites during the entire flight. The
resultant GPS data agreed very well with the radar tracking information. The results of the
sled track tests and the Vandal flight led to a request by the Sidewinder Program to
integrate a GPS receiver into an AN/DKT-80 telemeter for a planned missile launch against
an MQM-107 subscale target, also equipped with a similar GPS receiver. The Sidewinder
test, planned for August 1998, will utilize an Ashtech G-12 receiver packaged to fit into an
unused card slot in the telemeter. The telemeter will be powered to allow GPS acquisition
prior to launch.
Receiver initial acquisition time has been defined as a critical performance element for
many telemetry applications where acquisition prior to launch is not possible, such as with
canister-launched weapons. The JAMI Program has initiated a study to:
•
•
•
•

develop acquisition criteria
evaluate industry methods for dealing with acquisition time
evaluate methods of reducing acquisition time
investigate a method for transferring initial conditions to the receiver prior to
launch

Antenna Design - The third major area of emphasis during TTD&D was the development
of an antenna system to support all of the JAMI instrumentation functions. The proposed
concept requires the development of a tri-band antenna, i.e, receive-only UHF, receiveonly GPS, and transmit-only S-band. In addition, the antenna must be of conformal
design, mounted over a limited area of the missile surface. It must also 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.

Several initiatives are underway to support the development of GPS antennas for small
missiles, and to evaluate the associated risks. A GPS-only antenna was designed and
fabricated to fit a 2.75-inch diameter rocket. This design has undergone spherical pattern
testing in an anechoic chamber, and is scheduled to be tested in late 1998 during the
launch of a 2.75-inch rocket.
Another effort underway is the development of a 5-inch conformal antenna system,
accommodating both GPS and S-band telemetry, to be tested on a Sidewinder missile late
in FY98. This dual-band antenna is designed to fit into the existing S-band antenna slot of
an AN/DKT-80 telemeter. A photograph of an early prototype of this antenna is presented
as Figure 1.

FIGURE 1. 5-Inch Dual Band Antenna
Flight Termination System - Another area identified for investigation during TTD&D was
the utilization of a dual-redundant, miniaturized, programmable Safe and Arm (S & A)
device designed specifically for Range Safety considerations. The JAMI program is
investigating ongoing initiatives in miniature, redundant S & A technology, such as the
proof of concept model shown in Figure 2. This prototype S & A, developed by the Fuze
Development Division at NAWCWD, China Lake, fits within a 10 cubic inch enclosure.

FIGURE 2. Miniature S & A Concept Model
Three flight termination related efforts were pursued in FY98. The first was the
development of a worst case environmental database to identify the environmental
qualification requirements for future weapons system development efforts, since a
universal (one size fits all) S & A would require qualification to levels high enough to
envelope all potential applications. This survey compared the environmental requirements
of over 20 different platforms, including everything from transportation shock to humidity,
corrosive atmosphere, and buffet vibration. The results were compiled in an Excel
workbook with references to platform specific requirements documents. While most
platforms did not exceed the standard military operating temperature or humidity/altitude
extremes, random vibration levels were very high. The requirements collected in the survey
were used in the preparation of the JAMI requirements document and flight termination
system specification.
The second flight termination effort was the generation of a draft specification for the S &
A development. This document will lead to a sources sought procurement action, and
eventually to a main-line CTEIP program component development contract. The draft
specification has been reviewed by a wide cross-section of technical experts, including
range safety and fuze/safe and arm development organizations.
JAMI support for an Air Force development effort known as the Generic Flight
Termination System (GFTS) is the third FTS&A area pursued in FY98. The GFTS
program also developed an environmental database of qualification requirements. Using
these requirements, a specification was generated, leading to the design of a
programmable flight termination system controller, similar to the concept envisioned for
use by the JAMI program. The GFTS system includes the following components:

antenna, combiner/splitter, flight termination receiver, programmable controller, safe and
arm device, battery, detonation cord, cabling and cutter. Environmental qualification
testing was conducted in FY98 at the Army’s facilities at Redstone Arsenal.
SUMMARY
GPS technology offers the means to develop instrumentation for small missile test and
training applications. The Joint Advanced Missile Instrumentation (JAMI) Program,
building on prior GPS development efforts, will provide an integrated low-cost package
that will support small missile testing anywhere in the world. JAMI will provide
components to support all four range functions: telemetry, TSPI, flight termination and
end-game scoring.
To mitigate the risks associated with development of the JAMI components, Test
Technology Development and Demonstration (TTD&D) efforts have been conducted.
GPS receivers and antenna systems have been evaluated, existing hardware and related
ongoing initiatives have been screened, and requirements have been generated to support
component development efforts planned for the main-line JAMI CTEIP Program.
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ABSTRACT
FAA is currently evaluating DGPS based CAT III Landing Systems for use as the next
generation commercial aviation landing system standard. Any technique to validate such a
DGPS based system must have at least equivalent accuracy. A laser position tracking
system coupled with a high performance real-time computational capability was developed
providing real-time analysis of performance. This real-time performance measurement
system was key in enabling the quick completion of a large number of test approach and
landings needed to achieve statistically accurate results.
KEYWORDS
Laser tracker, CAT III autolanding, DGPS, Data Acquisition, and Data Processing
INTRODUCTION
The FAA has been evaluating DGPS Landing guidance systems as the next generation
alternative to the Instrument Landing System. Aircraft guidance requirements for CAT III
auto-landing as specified by FAA advisory for autolanding present the most critical
challenge to guidance systems. In October of 1994 a Stanford University DGPS system
was flown on an United Airlines 737 aircraft and its performance was compared to
Measures of Success as specified in the FAA CAT III Level 2 Flight Test plan. For these
tests it was necessary to have position measurements to be used as the truth data for
evaluation of the new guidance concept.

A laser tracker was selected as the means of determining position because of its accuracy
and immunity to multi-path effects. Real time graphics display of CAT III limits of
operation were a key factor in providing the program a quick assessment of the equipment
validity and test results. Data for 100 approaches were completed within a week to allow
the user to quickly derive a statistical data base to evaluate the test results.
Flight Test
The United Airlines 737 Aircraft was equipped with a DGPS guidance system that
provided the quidance to make 3 degree glidepath autolandings. The support requirement
was to provide precision position data to be used as the truth data in the evaluation of the
guidance system. The aircraft made the approaches following a race track pattern to the
active runway as shown in Figure 1. The data requirement was to track the aircraft on
final at 5 nm on glideslope intercept to touchdown. Primary requirements were to
determine how well the aircraft stayed on the glidepath and measure the touchdown
dispersion.
Laser tracker
The tracking system at the NASA Flight Facility in the California Central Valley consisted
of a Nike Hercules monopulse X-band radar combined with a Laser tracker. For this
evaluation test only the laser tracker was used and was augmented with wide angle video
for acquisition and visual tracking.
A retroreflector was mounted on the aircraft for tracking and defined a specific track point
on the aircraft to which measurements could be referenced.
The accuracy of the laser tracker based on static surveyed calibration points is 1 ft (1
sigma) in range and 0.2 mr(1 sigma) in azimuth and elevation. These values are based on
taking 500 data samples from each calibration target when the system is in the autotrack
mode.
To validate the tracking performance during the duration of the flight test period track data
of a surveyed target located in the same direction as approach path of the aircraft was
taken at the end of each approach as the aircraft was on its return leg to begin the next
approach. This data was then used to correct any deviations that might occur during the
test period .

Data Acquisition and Processing:
The data acquisition and processing configuration is shown in Figure 2.
Aircraft laser position, Irig A time, and weather information were combined into a single
pcm stream at a 100 samples/second data rate for each approach and landing of the
United Airlines 737. Performance was measured by the degree of conformance to flight
path specified by the FAA CAT III Level 2 Flight Test plan. Real-time evaluation of each
test was completed prior to initiation of the next test run to optimally complete the
required testing. A multiple cpu (Sparc risc, Motorola 68040) parallel-computing engine
was used providing concurrent, multi-task processing to acquire, format, and transform
from tracker polar coordinates to xyz runway coordinates. Use of parallel processing
enabled a low cost, scalable computing power which assured maintaining real-time
currency with the 100-samples/second flow of data as well as functioning as a data server.
For the CAT IIIA autoland evaluation a special graphic display was generated . This
display showed the location of the aircraft relative to the prescribed vertical and horizontal
path and the associated acceptable limits of operation. The touchdown dispersion
specified by the FAA AC 20-57A of +/- 27 ft lateral and 1500 ft longitudinal was also
graphically presented. The limits of aircraft position relative to the prescribed path must
be met for at least 95% of the time under specific wind direction and magnitude so these
weather parameters were displayed with the track data. The user could instantly determine
the quality of the approach and assess the state of the quidance system. With the graphic
display analysis it was possible for the user to foresee a trend as the number of
approaches accumulated that the guidance system was successful . The large number of
approaches (100 +) were necessary to ensure a statistically significant results.
Summary:
The laser tracker measurement of aircraft position for the DGPS program and multiple
cpu processing capability made a significant contribution in the successful evaluation of
the CAT III autolanding guidance system. The laser track data was accurately presented
and provided the user with the data acquisition and display system needed to effectively
run the program. Over 100 data runs were completed in a 3.5 days.
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ABSTRACT
In this paper, it is introduced that a C-Band mobile telemetry system designed for the
satellite telemetry task. It can provide a wide range of bit rate and different code type and
frame format which is completely set up by user in advance, to meet the requirements
needs in different satellites. The PCM-PSK-PM signal and the PPM-MFSK-PM signal can
be received and demodulated at the same time. Single channel monopulse technique is
employed for automatic tracking. Angle calibration and angle tracking are performed in
this system. Real-time data processing, displaying, testing of bit error rate and post-flight
analyses is performed by PC type computer. All key components of the system may be
programmed.
KEY WORDS
Telemetry, PC Telemetry Station, C-Band, Autotracking, Mobile telemetry system, BPSK,
MFSK
INTRODUCTION
With the help of a satellite telemetry system, the C-Band mobile telemetry system is
designed for the satellite telemetering task when the satellite is put into orbit and when the
satellite is in the second firing. It provides the capability to handle two telemetry downlink
carriers which has PSK subcarrier and FSK subcarrier. System verification and calibration
can be performed manually or automatically. It is fully equipped to provide data
acquisition, receiving and recording, and relaying. As an automatic tracking mobile ground
station, single channel monopulse technique is employed It can also provide a flexible
frame format to meet the requirements needed in different satellites.. Mobility is achieved
by installing the system into a fully mobile, self-contained vehicle suitable for transport,
setup, installation, and operation in the field. It is designed to be self sufficient and
requiring only two personal to sufficiency permit it to safari anywhere in the world.

SYSTEM ARCHITECTURE
There is a telemetry mobile van which contains electronic equipment and a self propelled
van which contains a set of antenna and feed. All the electronic equipment and associated
equipment for system diagnostic such as spectrum analyzer, oscilloscope, etc is installed
in the racks or consoles inside the shelter. The mover is a 4×4 truck with a 157 KW diesel
engine, rear air suspension, 100 gallon fuel tank, and an automatic five transmission. It
carries a 35 KVA generator to power the pedestal and equipment inside the shelter The
shelter is 5 meters long and is mounted permanently on the mover’s extended support
frame. There is a finished interior, electrical and lighting provisions, installed equipment
racks, and air conditioning inside the shelter. The system is divided into the following
parts on function:
Antenna & tracking system includes 2.5 meters parabolic antenna, feed, LNA, pedestal,
antenna control unit, etc. It is a dual axis automatic tracking system and has a tracking
threshold of -131 dBm with a 500 MHz bandwidth. The tracking acceleration and velocity
are 0-10 deg/sec2 and 0-15 deg/sec respectively. The tracking accuracy of the system is
up to 0.1°.
Receiving system includes dual channel down converter & frequency synchronizer unit,
PM diversity receiver & combiner, tracking receiver, etc. It performs receiving and
demodulating of RF telemetry signal.
Telemetry terminal includes telemetry PC computer, PSK demodulator, 4FSK
demodulator, laser printer, time code generator & translator, etc. It performs receiving and
demodulating of subcarrier and baseband telemetry signal.
Checking & calibration subsystem includes signal simulator, beacon transmitter,
calibration telescope, video camera, TV control unit, video monitor, video recorder, etc. It
performs checking and calibration of the system.
The pedestal is an azimuth over elevation, digitally controlled, servo driven system. Seals
and surface coatings are specified to protect the pedestal from sand, dust, rust and salty
air. The antenna feed is a single channel monopulse type. The feed is mounted on 2.5
meters solid dish. Wind resistance was a concern with this type of antenna, but stowing,
breaking, and drive motor systems are specified to withstand the winds. The pedestal and
antenna are mounted on a trailer for independent handling. Additionally, maintenance can
be performed on the pedestal and antenna system without disabling the rest of the mobile
system. A video camera on the antenna provides limited visual data recording capability.

DATA FLOW
The system block diagram is illustrated in Figure. When the PM telemetering signal is
radiated by the satellite, the 2.5 meters parabolic antenna aligns to the object with the help
of the autotracking equipment. The downlink RHCP and LHCP signal are routed through
the antenna feed at the same time. Then three channels monopulse signal forms and the
complex signal comparing telemetering signal and tracking angular error signal then forms
to the receiving system. All RF related functions are performed in a shielded box to isolate
is from noise sources in the environment.
The RHCP and LHCP complex signal are amplified by very low-noise amplifier (LNA)
which installed in the feed. The RF signal is then routed to a dual channel down converter
& frequency synchronizer unit through 20 meters low-loss cable for the first and second
down conversion. There, custom ceramic filters are made for the first and second mixers.
This provided superior out-of-band rejection while using minimal space. The incoming
frequency is seclectable to any frequency with in a resolution of 1 kHz in the band of 3.7
to 4.2 GHz. The down converter assembly outputs directly the second frequency signal
which is 70 MHz. Two different carrier frequency signals are handle individual while two
sets of frequency synchronizer are installed.
The 70 MHz IF signal is routed to the PM receiver and combiner. At first, the signal is
routed to the receiver for the third down conversion. The third IF is 10.7 MHz. The
combiner receives the third IF output, AGC signals from two receivers. The IF outputs
from both receivers are routed to level control circuitry to ensure that the IF outputs are
combined at the same level. This signal is summed with the AGC signal from the receivers
to generate the weighting signal for each channel of the combiner. The two linear IFs are
then phase locked to each other. The signals have to be phase locked when summing the
two channels. Out-of-phase channels would cancel the data and decrease the SNR. The
phase locked IFs are then combined by the channel summers using the weighting signals
to determine the amount of each channel to combine.
The final design of the receiver provides 3 IF filters selectively. The IF filter also provides
automatic gain control and AGC Time Constants functions for the receiver. The IF filters
gain circuitry provides 65 dB of gain and 3 AGC Time Constants. The output of the third
IF filters is then routed to the PM demodulator. The PM demodulators a quadrature style
demod which provides wide demodulation capabilities while being less susceptible to
environmental noise. The demodulated video signal is then routed to the video processing
circuitry. This provides tuning and deviation meters for the telemetry receiver. In addition,
AC or DC video coupling is performed in this module. The signal is then routed to the
video filter module. The receiver provides 2 active video low pass filters for the output of

the PCM-PSK signal and a video narrow-band filter for the PPM-FSK signal. AGC
linearization is also done here.
On one hand, the combined third IF signal is routed to phase discriminator for the output
of the telemetering group signal. On the other hand, it is routed to angle error demodulator
to acquire error signal of azimuth and elevation for autotracking.
There are two telemetering computer which one is a single-stream system for processing
and displaying the PSK and 4FSK data. The telemetering computers draw on a library of
existing modules for high-performance data acquisition. During data acquisition, the
computer acquired raw data for all the other sections. Bit synchronizers, frame
synchronizers, subframe synchronizers, IRIG time reader are used to acquire and lock
onto any telemetry stream. At first, the subcarrier signal is demodulated. The baseband
signal is then amplified and translated to a standard TTL volt level signal, from which the
bit synchronizer employs an all-digital Phase-Locked Loop to extract bit clock signal and
a digital in-phase integrate and dump circuits followed by a threshold hard decision to
recover the desired bits. Utilizing the recovered data and the related in-phase clock, it can
perform the function s of frame pattern detecting, establishing of frame synchronization
and word synchronization and data stream decommutating. All the parameter including
subcarrier frequency, code rate, code pattern, frame structure, three-state protection and
division thresholds in various states can be set by the computer.
The computers also archive data to and play back data from the target storage device.
Some industry-standard storage device is acceptable include hard disk and removable
media. The computer performs necessary real-time data processing. Processing
capabilities include preprogrammed algorithms, engineering math equations, creation of
derived parameters, engineering unit conversion, scaling, lookup tables, and bit extraction.
The data source can be from the telemeteing frond end or file archived. Laser printer
produces hard copies for further analysis. Displays update CRTs with real-time,
processed, and archived data. System also includes a 9600 baud modem for data relaying.
A signal simulator is designed to meet the requirements for complete telemetry simulation.
The simulator employs a combination of digital and RF design techniques to provide the
simulation capabilities needed for telemetry receive systems. Because the simulator has an
internal pseudo-random number generator and a PCM data simulator, the user can now
perform bit error rate (BER) testing through the complete downlink.

CONCLUSION
The prototype has been accomplished, and the test to overall system has been done. The
results show that the design of system is reasonable and its performance is satisfiable. The
system reliability, flexibility and simplicity, and transmission accuracy of the data were
significantly improved by the application of microprocessors. This system will be
certainly put into practice.
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MINIATURE PENETRATOR (MINPEN)
ACCELERATION RECORDER
DEVELOPMENT AND TEST

R. J. Franco
M. R. Platzbecker
Telemetry Technology Development Department, 2664
Sandia National Laboratories
Albuquerque, NM

ABSTRACT
The Telemetry Technology Development Department at Sandia National Laboratories
actively develops and tests acceleration recorders for penetrating weapons. This new
acceleration recorder (MinPen) utilizes a microprocessor-based architecture for
operational flexibility while maintaining electronics and packaging techniques developed
over years of penetrator testing. MinPen has been demonstrated to function in shock
environments up to 20,000 Gs. The MinPen instrumentation development has resulted in a
rugged, versatile, miniature acceleration recorder and is a valuable tool for penetrator
testing in a wide range of applications.
INTRODUCTION
The primary goal of the MinPen development was to modernize and miniaturize the
acceleration recorder technologies used in penetration testing for a variety of applications.
The interest in instrumenting small penetrators or minimizing installation concerns in larger
weapon assemblies drives a continuing desire for miniaturization. In very high-g
applications it becomes all the more valuable to keep size and weight down to insure
electronics survival (Figure 1). The major goals of the MinPen acceleration recorder
development are listed below.
(1) Minimize size and weight of the three channel acceleration recorder.
(2) Utilize micro-controller architecture for operational flexibility.
(3) Analyze component loads to verify survival to 30,000 Gs.
(4) Demonstrate acceleration recording capability to 20,000 Gs in gun testing.

Electronics
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Figure 1: Photograph of MinPen Acceleration Recorder
The engineering approach used for the MinPen development was to build on the
successes of previous high-g acceleration recorders developed in our laboratory over the
years. The harsh environments involved at impact and in penetration testing justify a
cautious, incremental development philosophy. Selection of electronic devices and
associated package styles is subject to careful observance of the High Shock Electronics
Design Guide developed over years of field test experience. These guidelines spell out
preferred integrated circuit, and discrete component package styles for use in high-g
electronics designs. The MinPen development is based on circuit designs used in previous
acceleration recorders allowing the use of electronics devices which had been proven
reliable. The MinPen design builds on technologies and field test experience used in DOE
nuclear weapon development programs, DoD munitions and penetrator testing.
ACCELERATION RECORDER DESIGN
RECORDER SPECIFICATIONS
Penetrator designs must deliver high fidelity data for model validation and component
characterization studies in harsh test environments. The operating requirements and
specifications for MinPen are provided in Tables 1-3.

Accelerometer Channels:
Number of Channels:

Three acceleration

Lowpass Filter (all transducers)

5-pole, Bessel

Measurement Bandwidth (3dB)

DC to 3,000 Hz

Sampling Rate (all transducers)

12,000 sam/sec/chan

Full Scale Range

± 35,000 Gs

Accelerometer Model:

Endevco 7270A-60K

Monitor Channels:
Housekeeping Channels

4 voltage channels

Lowpass Filter

None

Sampling Rate

3,000 samples/sec/channel

Digitizer Section:
Data Resolution

12 bits (17.09 Gs/cnt)

Memory Capacity

32,768 samples (16 bits wide)

Data Window:

Pre-Trigger: 170 msec (min)
Post-Trigger: 340 msec (min)
Total:
683 msec

A/D Input Range

0 to 4.096V

Storage Algorithm

Circular Buffer Operation
Pre/Post Trigger Setting
Programmable

Table 1: Data Acquisition Specifications for MinPen

Input Power Voltage

+13V to +15V

Operating Current

100 ma

Operating Power

1.5 Watts

Primary Power Source

0.5 Farad Capattery
(Evans # RES160504)

Standby Battery

LTC-7PN (two series)

Standby Current

0.5 ma

Data Retention Life

60 days
Table 2: Power Requirements

Operational Shock

axial: 30,000 Gs @ 1 msec
lateral: 30,000 Gs @ 1 msec

Operational Temperature

0°C to +70°C

Storage Temperature

-40°C to +80°C

Accelerometer Mounting Configurations

Two Interchangeable Mounts:
1. Three axial mounted gauges
2. Three gauges mounted in a triaxial
configuration

Acceleration Recorder Weight

1.10 lbs.

Acceleration Recorder Materials

Headers and Accelerometer Mount:
Aluminum 7075-T7351
Potting Material: Hysol RE2039 &
HD3561 – Unfilled Epoxy

Acceleration Recorder Dimensions

Assembled Package: ∅ 2.00” x 5.096”
Electronics Pack: ∅ 2.00” x 1.866”
Battery Pack: ∅ 2.00” x 2.300”
Accelerometer Mount: ∅ 2.00” x .910”

Table 3: Environmental Requirements & Mechanical

ELECTRONICS DESIGN
The MinPen acceleration recorder is designed to digitize high speed transient event data
generated in impact and penetration testing. A block diagram of the MinPen recorder is
provided in Figure 2. The three major elements of any high-g instrumentation system are
the power supply, transducers, and recorder electronics. The power supply is particularly
vexing in high-g applications because the internal construction of batteries and high energy
capacitors limits their survival in these environments.
The MinPen power supply is based on a Capattery, which is an 0.5 Farad capacitor
developed for nuclear weapon applications. Their internal construction is rugged and has
been demonstrated in high shock environments. The use of a capacitor to power the
recorder introduces a testing dilemma. Since the capacitor can only power the recorder
for about 1 second, it must be charged continually until launch time. Primary battery cells
don’t suffer from this limitation, but they are not rugged enough in construction for this
type of application. In order to keep the Capattery charged prior to launch, an external
power source is required. We can either supply power remotely or with 9 volt batteries
embedded inside the penetrator case. Also, a data retention battery is required to keep the
static RAM powered until the data is recovered. The Eagle Picher #LTC-7PN, which has
been proven to survive very well in similar environments, will power the static RAM.
The transducers utilized in MinPen (or any instrumentation system) limits the quality of the
data it produces. The Endevco 7270A accelerometer was chosen for several key reasons.
First, they have high mounted resonance, offering the best opportunity to collect wide
bandwidth data without exciting transducer resonance. Second, they are rugged and have
been proven to survive in extreme shock environments. Third, since they are piezoresistive, their frequency response extends to DC. This is particularly important in
penetration tests with very long trajectories in soft soil or water. Fourth, they are small and
lightweight.
The MinPen electronics implement a simple, stored data transient event recorder. The
recorder is armed before launch and digitizes and stores data in a circular static RAM
buffer waiting for the acceleration event to occur. Upon sensing the acceleration event, the
recorder continues to digitize and store data for another 340 msec. It then powers down
into data retention mode. Since the full memory is not over written after the trigger, at least
170 msec of pre-trigger data is retained in RAM as well. The data is retained in RAM until
the recorder is recovered and the event data is transferred into a lap top computer. The
data retention current for the recorder is low and allows recovery of the data even months
later. Since the electronics design is based on an 87C51 micro-controller, many of the
record parameters are software programmable, allowing for flexibility in deployment and
data recording needs.
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Figure 2: MinPen Block Diagram
MECHANICAL DESIGN AND ANALYSIS
The mechanical packaging, design and analysis of the MinPen acceleration recorder is
based on experience with high-G instrumentation systems. Knowledge gained from past
history was extremely valuable in the design of the MinPen acceleration recorder. MinPen
was designed to measure penetrator deceleration to 30,000 Gs as compared to previous
maximum levels of 10,000 Gs. Don Longcope, Sandia National Laboratories, developed
2-D and 3-D models of the acceleration package for both launch and impact conditions.
His results indicate a safety factor of over 2.5 for the high impact epoxy encapsulant
surrounding the electronic components. His analysis showed the stress in the encapsulant
could be reduced significantly by reducing the gap around the instrumentation package
and the penetrator.
Refer to Figure 3 for a detailed look at the MinPen acceleration recorder. The mechanical
design followed the guidelines outlined in the High Shock Electronics Design Guide
developed by department 2664, Sandia National Laboratories. Our approach was to
design a small, lightweight, rugged and highly reconfigurable system. The recorder is
comprised of three subsystems; the Electronics module, the Battery module and the

Accelerometer mount. The Battery module contains the Lithium keep-alive batteries, which
are limited life components and must be replaced periodically. The Accelerometer mount
can be designed to meet any customer needs. Currently we have 2 designs; a triaxial
mount with 3 gauges mounted in a triaxial configuration and an axial mount with all three
gauges configured to record axial loading. All interconnections between modules are
accomplished using ITT Cannon Micro-D (MDM) connectors.

External MDM Connector
Electronics Top Header
Encapsulant

Digital Circuit Board
A/D Circuit Board
Signal Conditioning Circuit Board

Nylon Spacer
MDM Connectors

Electronics Bottom Header
Battery Top Header
Battery Spacing Pin

Capattery
Encapsulant
MDM Connectors

Battery Bottom Header

Accelerometer Mount
(Axial configuration shown)
Accelerometer location

Figure 3: Cross-section of MinPen Acceleration Recorder
MECHANICAL ASSEMBLY AND PROCESSES
ELECTRONICS MODULE
The three circuit boards are coated with a Polysulfide rubber sealing compound to protect
surface mount components during the encapsulation curing process. The circuit boards
are stacked together using nylon spacers and temporary attached to aluminum
headerplates. All internal wiring is completed and secured prior to encapsulation. Circuit
board to circuit board connections are by way of slide wires which interconnect all three
boards. The potting mold is sprayed with a release agent to assist with the removal of
MinPen after the curing period. The recorder is slid into the potting mold, the epoxy resin
(Table 3) is poured into the electronics module through two holes located in the top
headerplate, and lastly the assembly is placed in a vacuum for approximately 30 minutes to
remove air trapped inside assembly. After a 24 hour cure period, the assembly is removed
from the mold and screws holding the circuit boards together are removed.

BATTERY MODULE
The top and bottom headerplates are pinned together to control final module thickness.
The Capattery and Lithium keep-alive batteries are bonded into a phenolic (G10) saddle
and attached to the bottom headerplate. All internal wiring is completed and secured prior
encapsulation. The Battery module is potting using the same process described for the
electronics module.
ACCELEROMETER MOUNT
A thin layer of 5–minute epoxy is applied to the underside of the accelerometers before
installation. The accelerometers are attached and screws are torqued between 6-10 in lbs.
Accelerometer wires are routed and secured in channels cut in aluminum housing using a
flowable Silicon Rubber (3140 RTV, Dow Corning). Connector wiring is completed and
secured to circuit board using same process for accelerometer wiring.
PENETRATION TEST APPLICATIONS
PENETRATION FIELD TEST SETUP
The MinPen acceleration recorder is designed to operate with minimal support equipment
in remote test areas. Only a small interface box and laptop computer are required to
initialize the recorder for the test or to download and plot the data after the unit is
recovered. The micro-controller serial port in MinPen allows for computer control and
data recovery using one full duplex RS-232 interface. The MinPen control functions are
implemented on the laptop with a Windows based screen interface that allows user
friendly interaction with the recorder. Graphical display and data reduction are available in
the field with data plots available minutes after recovery of the recorder. All of the
equipment is battery powered and can easily be operated from the back of a minivan.
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Figure 4: MinPen secured inside Penetrator

PENETRATOR ASSEMBLY PROCESSES
A generous amount of grease (Molykote 55, Dow Corning) is applied to the outside and
front surface of the acceleration recorder prior to installation into penetrator. This grease
fills the small gap between the acceleration recorder outside diameter and the penetrator’s
inside diameter and also acts as a high frequency mechanical filter. The assembly is
installed in the front end of the penetrator as shown in Figure 4. The package is
compression loaded into the penetrator case at 3000 lbs. A steel locking ring is threading
into the penetrator and secured onto the aft face of the acceleration recorder. The
compression load is removed from the recorder and the package is secured and ready.
Four 9 volt Lithium batteries are installed into the aft battery housing and secured using a
steel locking ring. Wires from the acceleration recorder are spliced with the aft batteries to
power MinPen prior to launch. A large threaded ring is installed providing a barrier from
the high pressure gun blast.
PENETRATION TEST DATA
The MinPen acceleration recorder was tested in a series of high velocity concrete
penetration tests (Midscale 1, 2 and 3). The impact conditions for a representative test
(Midscale 2) are described in Table 4. The photographs in Figure 5 show the concrete
target before and after the penetration test of Midscale 2.
Impact Velocity (Measured by gun)

3425 ft/sec

Impact Velocity (Recorded by MinPen)

3320 ft/sec

Impact Angle

90° (head on)

Penetrator Weight

79 lbs.

Concrete Target

18 feet thick (5500 psi)

Penetration Depth

15 feet

Peak Axial Acceleration (Recorded)

20,000 Gs

Table 4: Penetration Test Parameters in Midscale #2

Figure 5: Target Setup (Before and After)
In spite of the extreme environment in this test, MinPen accurately recorded the launch
and penetration events. MinPen continued to be fully functional in following tests in the
series. With over 3000 ft/sec velocities, the penetrator case can bend and deform,
requiring the acceleration recorder to be cut out. A data plot of the axial acceleration data
from Midscale 2 is provided in Figure 6. This data recording has been carefully analyzed
by the penetration test engineers and verified to represent a very high quality time history
of this severe event. Our integration cross check with measured impact velocity (Table 4)
offers an independent verification of the signal calibration and provides very good
agreement in this and other MinPen test applications.
Midscale 2 - Socorro, Powder Gun - 09/11/97
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Figure 6: Midscale #2 Axial Acceleration Record

CONCLUSION
The MinPen acceleration recorder was developed to instrument a wide range of
penetration and impact tests in extreme environments. This development was carried out
with careful attention to lessons learned in past years. Only the most rugged electronic and
mechanical components were used, and assembly techniques are closely controlled.
Stress analysis of each mechanical sub assembly was performed at the maximum
anticipated impact loads, providing confidence in the survival of the mechanical
packaging. MinPen has successfully recorded numerous penetration tests and is currently
being used on several ongoing test programs. MinPen will be a critically important tool for
future penetration testing at Sandia National Laboratories and continues to live up to high
expectations.

Sandia is a multiprogram laboratory operated by Sandia Corporation, a Lockheed Martin
Company, for the United States Department of Energy under Contract DE-AC0494AL85000.

A NEW GENERATION OF DATA RECORDERS
BASED ON DLT TECHNOLOGY
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ABSTRACT
As the performance of inexpensive commercial off-the-shelf (COTS) data storage devices
continues to increase, the temptation to use them as the basis for data capture products
for military and industrial applications becomes ever more compelling. For example, the
Digital Linear Tape (DLT) format now offers a 270 Gigabits per cassette capacity at a
sustained transfer rate of 40 Mbits/s – performance which would have cost tens or even
hundreds of thousands of dollars per system just a few years ago. But to transplant such a
device from its benign office habitat into a data capture product which will function
reliably and consistently in a wide range of field and platform environments is an
engineering task fully as difficult and complex as designing an environmentally robust
recorder from scratch. This paper discusses the problems which typically have to be
overcome; environmental protection, reliability, data integrity, power supplies, software
issues, control and data interfacing, etc., citing practical examples of analog and digital
DLT-based data recorders which are now entering service for telemetry, intelligence
gathering, anti-submarine warfare and related applications
KEY WORDS
Data recording, capture, storage, Digital Linear Tape, DLT, SCSI, S-VHS, HDB3, B6ZS,
CEPT.
INTRODUCTION
For many years, designers of low and medium-capacity data recorders have frequently
incorporated proprietary ‘off-the-shelf’ tape drives into their products as a means of
reducing development time and unit cost. The S-VHS format, for example, is widely
accepted as an excellent medium for many general purpose data recording applications.
But now manufacturers are turning to newer recording formats to satisfy user demands for
higher data rates and bandwidths in compact packages, greater storage per cassette and –
most important – a more ‘plug-and-play’ approach to computer interfacing. The longterm availability of professional grade S-VHS mechanisms and spares must also be
considered.

Figure 1. Proprietary DLT Peripheral.
In 1997 Avalon Electronics Ltd conducted a thorough review of the available alternatives,
drawing on more than 15 years experience in the design and manufacture of BETA, VHS
and S-VHS based data recorders for government and industrial applications. Eventually
DLT was selected for several important reasons. The format has been in service for more
than six years and is widely used and supported throughout the computer world. It
exhibits a clear technology migration path – originally at 12 Mbits/sec, now at 40
Mbits/sec and with further advances anticipated in the future. The media is rated for more
than half a million passes and 20 years of archival storage. Drives and media are freely
available from a number of sources (Figures 1 & 2) and, based on the company’s own inhouse testing, great confidence can be placed on the long-term robustness and reliability
of the mechanisms themselves.
There are advantages too from the system designer’s standpoint. Storage capacity is
outstanding – 280 Gigabits in a cassette about half the size of a typical S-VHS cassette.
The drive can be specified with an integral SCSI interface. Unlike rotary recorders, the
multi-track linear format offers a true ‘read-after-write’ capability including the ability to
rewrite a bad block, virtually eliminating the possibility of recorded errors. Its high speed
searching is a valuable feature for operational data recording and analysis applications,
while the buffered input/output capability readily supports fixed rate, variable rate and
‘burst’ data transfer modes. The in-built directory structure also offers the ability to
include file management features not normally found in data recorders.

ENGINEERING FOR RELIABILITY
Experience has taught us that the task of creating a reliable recording system around a
transport designed originally for another application is fully as difficult and as complex as
designing an environmentally robust recorder from scratch. In the case of adapting a
computer peripheral, the problems fall into the following general categories:

Figure 2. DLT Drive Mechanism.
In the computer room, archival devices such as DLT drives are used almost exclusively in
a ‘write-only’ mode. With luck they seldom if ever have to replay data and only then if the
primary source should fail. Even then, there may yet be alternative sources. Conversely,
the data recorder will typically be the primary and perhaps only means of storage at the
point of acquisition. Scientific or tactical data not properly recorded may be expensive or
even impossible to recreate. The modes of data transfer also differ significantly. The
computer drive controls the flow of data using ‘handshaking’ routines with which it can
start and stop the process as required. The data recorder on the other hand generally has
little or no control over the data flow and must capture whatever appears at its input – and
for as long as necessary.
Overall data integrity is an aspect which is often overlooked when personal computers
(PCs) or their peripherals are adapted for field use. Some simplistic attempts to wrap
unsophisticated data capture electronics around this type of device have resulted in
spectacular failure in the rough and tumble of an operational environment. It is unlikely that
the basic DLT drive itself will produce errors, but the data recorder user needs error-free

performance from input to output. There are many applications today, involving encrypted
data for example, where a single bit error can render the entire data set useless. System
control (both internal and external) will invariably require additional software and firmware.
Since users have come to expect the same ‘plug-and-play’ functionality they get from say
a new printer, it is essential that all new software be structured, implemented and tested in
a thoroughly professional and rigorous manner. Among the many differences, one
similarity between peripherals and their data recording cousins is that both must be
developed to appeal to the broadest possible marketplace (although the relative
production volumes will no doubt vary greatly). In the latter case, this means designing for
‘worst case’ environments. Baseline parameters for Avalon recorders typically include:
operating temperature range from 0 to 50°C, humidities to 80% and the ability to
withstand (as a minimum) the levels of shock and vibration commensurate with hard
mounting in military transport aircraft. Operation to full US MIL-STD specifications with
suitable external mechanical isolation is also a primary requirement as is the ability to
accept a wide range of less than ideal power sources.
Other critical areas affecting reliability include: the correct choice of construction
methods, materials, connectors and wiring, careful attention to electro-magnetic
compatibility, the provision of adequate mechanical and thermal isolation and appropriate
strategies for heat dissipation.
For a new product to be truly successful, it is also important that it should be easy to
integrate and use while at the same time addressing both current and future operational
requirements. Figure 3 shows the classical digital data recording model. The source sends
the recorder a data stream, the recorder is started and the data is recorded. Sometime
later, the recording is replayed into some form of analyser – typically a computer. The
data may be serial or parallel, one stream or several, but the model is essential the same.
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Figure 3. Classical Data Recording Model.
Traditional data recorders are notoriously difficult to integrate into a computer controlled
environment. For this reason, the concept of ‘handshaking’ was developed to
accommodate situations in which the computer is unable to process an uncontrolled

continuous data stream. This was often a somewhat crude ON/OFF affair rather than the
elegant interactive techniques found in the computer world. A further refinement to some
traditional data recorders has been the addition of the ‘data-on-demand’ output clock
provided by the computer, but in many projects this recorder/computer interface (often
mission specific) has been a significant element of the overall cost – as much as 50% in
some notable cases.
The use of a DLT drive with its built-in SCSI bus enables this problem to be solved in a
very elegant way (Figure 4). Put simply, the proprietary DLT drive together with its
read/write electronics and SCSI bus form the heart of the data collection system. A high
speed PCI Pentium processor with SCSI interface connects to the drive while a data
interface communicates with the outside world. The Pentium converts the incoming data
into a SCSI bit stream which is recorded on the DLT drive in its native format. The
system architecture is such that a range of single and multi-channel, interfaces (analog
and/or digital) are possible. In this way, the computer compatibility problem is solved, not
at the reproducer/computer interface, but right at the initial data collection stage. By
recording data in SCSI format, the unit is as easy to integrate and use as any other SCSI
compatible device. The analysis computer connects directly to the unit’s own external
SCSI port while data can still be output in its original form (analog or digital) via the data
interface if required.
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Figure 4. DLT Recorder Architecture.
In practical terms, the original peripheral (Figure 1) is stripped of all unwanted subassemblies and the resulting ‘bare-bones’ drive is anti-vibration mounted into a closed
compartment at the top front of the recorder case (Figure 5). To reduce size and weight
the drop-down loading door doubles as an integral control and display panel. The
electronic modules are mounted in a separate compartment to the rear, the exact function
of the recorder being determined by which modules are installed and activated. Finally, a
fan is mounted to the central bulkhead to draw cooling air in through the rear of the unit,
across the electronics modules and over a Peltier device fitted to the base of the tape drive
compartment before being exhausted via a front panel mounted grill located below the
control panel. A proprietary high grade, line tolerant power supply is used.
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Figure 5. DLT Physical Layout.
A large input/output buffer (part of the data interface) is used to decouple the fast
start/stop tape drive from ‘real world’ continuous (or discontinuous) data rates during
recording while allowing the analysis device to transfer data at its optimum rate during
replay. The entire complex interaction is controlled by the Pentium and is completely
transparent to the user. A powerful input-to-output error detection and correction strategy
is used which, in effect, wraps around the DLT drives native error correction system. The
12 or 40 Megabit/sec maximum transfer rate is carefully selected to take full advantage of
the drive’s inherent ‘read-after-write’ (detection) and ‘rewrite’ (correction) capability,
ensuring that data finally recorded to tape is virtually certain to be error free.
All new software is written and tested using a highly structured approach at all stages.
Control programs are contained in non-volatile RAM and can be updated or modified via
the unit’s standard RS-232 port. A modem can be fitted within the recorder for remote
control, interrogation or fault finding using a simple communications package such as
Microsoft® ‘Terminal’. Avalon places software revisions on-line for users to download.
Building on nearly 1 million hours of actual field experience with BETA, VHS and S-VHS
based products, further important strategies are employed to maximize overall system
reliability. All unnecessary packaging and sub-assemblies are discarded. All plastic and
other components constructed from materials not permitted aboard aircraft or submarines
are replaced with compliant equivalents. The tape drive is isolated both physically and
thermally, and fitted with its own Peltier temperature control system, in order to protect
the system’s weakest link – the tape itself. The layout is structured to include a simple, yet
very positive heat dissipation system while all connectors, cable runs, clamps, hardware
and other components are carefully selected for their reliability in a worst case operational
scenario.
TYPICAL CHARACTERISTICS
The first data recorders to use DLT technology are now entering service. A brief overview
of their capabilities may give a useful idea of what is already possible using the DLT
approach.

Telecommunications Recorders
For example, 12 and 40 Mbits/sec (nominal) recorders designed for high rate
telecommunications applications (Figure 6) offers the following performance:
12 Mbit/sec Mainframe: >5 hours of 1 x E2 (8.448 Mbits/sec), HDB3 encoded (CEPT 2)
>5 hours of 4 x E1 (2.048 Mbits/sec), HDB3 (CEPT 1)
>7 hours of 1 x T2 (6.321 Mbits/sec), B6ZS (DS2)
>7 hours of 4 x T1 (1.544 Mbits/sec). B8ZS (DS1)
>20 hours of 1 x E1 (2.048 Mbits/sec), HDB3 (CEPT 1)
>28 hours of 1 x T1 (1.544 Mbits/sec). B8ZS (DS1)
40 Mbit/sec Mainframe: >2 hours of 1 x E3 (34.368 Mbits/sec), HDB3 (CEPT3)
>2 hours of 16 x E1 (2.048 Mbits/sec), HDB3 (CEPT 1)
>36 hours of 1 x E1 (2.048 Mbits/sec), HDB3 (CEPT 1)

Figure 6. Communications Recorder
The input-to-output error rate is better than 1 x 10-14 while the system’s Mean Time
Between Failures (MTBF) is better than 12,500 hours. Since the input/output interface is
modular, considerable flexibility exists in the type and number of data channels which can
be recorded. In addition, a two-channel interceptor can be built into each system with
which any two time slots from any tributary can be monitored and output in analog or
digital form. Optional CCITT compatible multiplexers can also be used independently to
multiplex and demultiplex signals from one standard to another.

Digital/Analog Data Recorders
DLT-based recorders also exist for conventional digital and analog data acquisition
applications (Figure 7). Again, taking advantage of the modular approach to input/output
data interfacing, considerable flexibility exists in terms of the number and types of data
which can be used for recording. Both the 12 and 40 Mbit/sec variants house up to six
data modules which can be selected and operated in any combination via the unit’s front
panel, provided the maximum aggregate data rate is not exceeded. Analog data is digitized
with either 8 or 16 bit sampling and analog and digital modules can be used in parallel.
Typical performance of combined digital/analog systems:
Recording Duration

>1.9 hours at 40 Mbits/sec
>3.5 hours at 12 Mbits/sec

Digital Modules:

1 ch. I/O, up to 40 Mbits/sec
4 ch. I/O, 0.05 to 8 Mbits/sec (asynchronous)
8 ch. I/O, 0 to 9600 baud (asynchronous)
8 ch. I/O, 0 to 5 Mbits/sec (synchronous)

Analog modules:

4 ch. I/O, 1xDC-2 MHz / 2xDC-1 MHz / 4xDC-500 kHz

(8 bit resolution)

8 ch. Input-only, DC-40 kHz
8 ch. Output-only, DC-40 kHz

Analog modules:

4 ch. I/O, 1xDC-1 MHz / 2xDC-500 kHz / 4xDC-250 kHz

(16 bit resolution)

8 ch. Input-only, DC-40 kHz
8 ch. Output-only, DC-40 kHz

When the recorder is waiting in ‘stand-by’ mode, the buffer holds a minimum of 9
seconds of data (longer for lower data rates) so that when the RECORD command is
given this ‘pre-event’ data is automatically captured to tape.

Figure 7. Digital/Analog Recorder
SUMMARY
The introduction of DLT-based technology has yielded a number of important
opportunities for users of compact, rugged data recorders:
•

2 hour recording duration at 40 Mbits/sec.

•

280 Gigabits/cassette.

•

Direct computer connectivity via SCSI without special interfaces.

•

Outstanding input/output flexibility.

•

Inherently robust construction.

•

Long term availability of inexpensive products, spares and consumables.

A NEW GENERATION OF RECORDING TECHNOLOGY
THE SOLID STATE RECORDER

Peter Jensen
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ABSTRACT
The Test & Evaluation community is starting to migrate toward solid state recording. This
paper outlines some of the important areas that are new to solid state recording as well as
examining some of the issues involved in moving to a direct recording methodology.
Some of the parameters used to choose a solid state memory architecture are included. A
matrix to compare various methods of data recording, such as solid state and magnetic
tape recording, will be discussed. These various methods will be evaluated using the
following parameters: Ruggedness (Shock, Vibration, Temperature), Capacity, and
Reliability (Error Correction). A short discussion of data formats with an emphasis on
efficiency and usability is included.
KEYWORDS
Solid State Recorder, Tape, FLASH memory, FlashDisk, Mil-Std-1553, PCM, File
Formats
INTRODUCTION
Merlin Engineering Works recently evaluated several different approaches for data
recording before deciding on producing a Solid State Recorder for the test and evaluation
community. This paper will attempt to quantify some of the areas of interest when looking
at a new way to record data. Some old assumptions of the way data is recorded will be
examined so that data is recorded in the most efficient way possible. Aspects of a solid
state recorder design will be discussed so as to compare and contrast with other
recording technologies. File formats and PC compatibility are important issues to a solid
state recorder approach. Also, the construction of the solid state recorder will be
discussed and important aspects of this design considered. Finally, one approach to
designing a solid state recorder will be shown as an example of this new generation of
recording technologies.

SOLID STATE TECHNOLOGY VERSUS TAPE
The advantages and disadvantages of various recording methods need to be considered
when designing a new data recorder. Factors like Ruggedness (Shock, Vibration, and
Temperature), Capacity, and Reliability (Error Correction) need to be considered. All of
the preceding factors are important in the design of a recording system. They can lead to
different choices in the recording media, error correction scheme and recorder
characteristics. In telemetry, data reliability is put at a premium, lost data can be very
costly. A recorder must be able to withstand the shock, vibration, and temperature
associated with recording onboard telemetry data while preserving data integrity.
Environmental stresses are often of major concern in the telemetry data acquisition market.
The affect of vibration, shock, temperature, and humidity should be minimized. Humidity
is an important factor in recording and reproducing data on a tape recorder. As the
humidity changes tape stretches or shrinks causing tracking problems for the tape
recorder. Extremes in temperature can also cause similar tape problems. Shrinkage from
aging and dropouts from media flaws are two other well-known tape environmental
problems.
A tape-based system inherently suffers from the limitations of a mechanical system and
the environmental limitations of the tape. Mechanical systems suffer from wear and are
subject to the affects of vibration, shock, and temperature. Great care must be taken in the
design of mechanical systems and any required isolation from the environment.
Additionally, mechanical systems require routine maintenance schedules and this cost is
usually not considered when purchasing a recorder. In a perfect world, a recorder would
work forever and never need repair. However, this is not a perfect world.
Because of the environmental and mechanical limitations of tape based systems, Error
correction coding (ECC) is used to compensate for errors in the recording media. ECC
has come far in the last few years in compensating for these errors, but even the best ECC
cannot correct for all media errors. ECC adds overhead to data recording that lowers the
data rate or recording capacity to some degree.
But for all the problems with tape it has one huge advantage. It provides a cost effective
archival media for storing data. In a laboratory environment, the cost of tape recording
systems is unbeatable. Magnetic tape is still a very cost-effective recording media.
A solid state approach to data recording is much less affected by environmental factors
than a mechanical tape system. A solid state recorder uses only electronic parts for data
storage; there are no mechanical and vibration isolation systems. Solid state memory has,
until recently, been either technologically or cost prohibitive. In the past the power

requirements of a solid state approach could be quite high. Until recently the most viable
options for a solid state recorder were to use either DRAM (Dynamic Random Access
Memory) or SRAM (Static Random Access Memory). DRAM and SRAM are volatile
devices and require a battery backup to provide a continuous power source, as well as,
requiring significant amounts of power during operation. The new FLASH memory
technology is providing a viable solution to these past problems. FLASH memories are
nonvolatile devices. The power used to “remember” data is now non-existent. When
power is removed from the device, the data stored in the FLASH memory remains; no
battery backup system is required.
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FLASH memory density is continuing to increase, driven by the technological
advancement of the commercial market. As memory die sizes drop, the cost of memory
has decreased rapidly while the amount of data that can be stored on the memory has
increased. PCMCIA modules made by companies such as SanDisk, Hitachi, Fujitsu, and
AMD for the portable PC market are now becoming widely available. These PCMCIA
modules allow us to utilize the economies of scale of the commercial personal computer
industry. The one problem that solid state recorders have not overcome is the cost of the

archival media. Using solid state memory as the archival media is still cost prohibitive, and
likely to remain that way for some time.
The obvious solution for recording telemetry data is to use a dual system. The advantages
of both tape systems and solid state systems can be used to create a near ideal recording
system. A solid state recording system can be used to gather onboard data in severe
environmental conditions. The data can be downloaded to a PC and then backed up on a
commercial tape backup system. This gives the advantage of the robustness of the solid
state data acquisition with the archival advantages of tape systems.
FLASH MEMORY ARCHITECTURE
Once we have decided to design a solid state recording system, we must first chose a
memory architecture for the system. The memory architecture is an important factor to
consider, because many other design considerations are dependent on this basic system
building block. We must decide if the design will incorporate discrete IC’s (Integrated
Circuits) or use off-the-shelf memory modules. Merlin Engineering examined this issue in
some detail before choosing their system architecture.
Use of discrete devices allows a great deal of design flexibility. Storage word size can be
adjusted to optimize for data rate and data block size. Memory can be configured in many
different ways, and circuit card size can be greatly varied. However, additional design
features like error detection and correction have to be built into the assembly so that bad
memory devices can be identified and replaced or repaired should they fail during
operation. Also, the choice of a discrete device ties the design closely to the
characteristics of the device and also sometimes to a specific manufacturer.
Memory modules have a fixed mechanical size, capacity, and architecture, but they often
have other features that make them very desirable. One of the more interesting memory
modules is the PCMCIA FlashDisk card. These PCMCIA cards are available from many
manufacturers, but interest can be focused immediately on SanDisk, due to the size of the
modules they offer, and their position as a market leader. SanDisk offers modules in
capacities of 2 Megabytes to 350 Megabytes. Larger modules are expected in the near
future from SanDisk and other manufacturers.
These FlashDisk modules contain error correction, redundant memory for replacement of
bad memory locations, and additional features for managing the Flash memory. The
FlashDisk does a read after write to confirm that data has been written correctly. In the
rare case that there is an error, the FlashDisk can replace this bad cell or even an entire
sector and put the missing data into a good cell or sector. In addition to these very
impressive defect management capabilities the FlashDisk contains ECC coding to correct

for any remaining errors that could normally take place. All of these features are
transparent to the user and are performed internally in the module, without any user
intervention.
The SanDisk FlashDisk cards are designed to work in portable computer PCMCIA slots
and emulate disk drives for storing data. The FlashDisk’s use an industry standard ATA
command set for communicating with the PC operating system software. As FLASH
memory sizes increase, the ATA command set will support the increased size and allow
the communication protocol to remain the same among modules. This avoids the problem
of constantly having to redesign the recorder to upgrade for larger memory device sizes.
In addition the ATA command set removes the recorder from dependence on the details
of erasing and programming flash memory depending on the specific architecture of the
FLASH memory devices. Unlike a tape recorder, when denser recording media becomes
available an ATA-based solid state recorder can be upgraded by the user in the field in
minutes. Also, the ATA-base solid state recorder retains backward compatibility to old
media as well as the forward compatibility to the new media.
The FlashDisk’s features of defect and error management, ATA command set, endurance,
dynamic power minimization, and ruggedness make it a very good selection for use in a
Solid State Recorder.
RECORD TIME AND CAPACITY
The simple question “How long does it record for?” seems like it should have a very
straight simple answer, but it does not when it comes to a fixed capacity recorder, the
answer is, “It depends”. The obvious capacity divided by data rate is not enough to
typically answer this question, we must determine the actual recorded data rate. The actual
recorded data rate is sometimes very different from the input data rate.
Recorders with a fixed capacity or data rate, buffer the input data to accommodate their
recording rate on the media. These recorders have a fixed capacity. The capacity does not
change dependent on the data rate. In order to find out what an approximate record length
for your recorder is, you must divide the capacity by the input data rate.
Record Time = Capacity / Data Rate
However, if a more exact number is needed then you most correct for the overhead in the
system. The overhead is the additional non-data information added to a recording for
various reasons.
Record Time = Capacity / Data Rate (1+overhead)

Unfortunately the overhead is often not a fixed number but depends on the user’s data
format. For example, with PCM data, the word size can have a strong impact on the
overhead rate. Words are often recorded in 8 bit bytes, so that a word size of 9 bits might
be recorded as 2 bytes or 16 bits. This would give an overhead of (16 – 9)/16 = 43.5 %.
With PCM data of 15 bits per word the overhead due to the word size would become (1615)/16 = 6%. If recording Mil-Std-1553 data, words with up to 20 bits per word we use a
3 byte or 24 bit recording word size. In this case there would be (24-20)/24 = 16.7%
overhead due to the word size. From the formula above, it can be seen that these different
overheads cause a very different recording time.
There would also be some additional overhead for data identification, time tagging, and
error correction. Typically, an overall overhead runs from 5% to 60 %. Obviously, there is
then a real need to keep the overhead of the recorder as low as possible to maximize the
record length.
DATA SOURCES
A solid state recorder should be able to record several different types of data onboard a
typical aircraft or vehicle under test. Standard data formats like PCM, Mil-Std-1553,
Analog Voice, RS-232/422 asynchronous data, and IRIG serial time should be supported.
In addition, it would be desirable to support an event mark scheme. Each of the data
sources should be recorded in a format that is compatible with a computer analysis
system. These formats should be similar enough to each other that once an end user is
familiar with one format he can use any of the formats with only some small modifications.
Data collected from a Mil-Std-1553 data bus should be selectable by the particular RT
(Remote Terminal) and SA (sub-address) or to record all of the bus traffic on the data
bus. Selectively recording RT’s and SA’s allows some filtering of the data to preserve
bandwidth and recording time. The PCM interface should allow multiple channels to be
recorded and be flexible in the format of the data input to the interface. RS-232/422
interfaces should be provided to allow the ability to record GPS information or any other
informational asynchronous serial data stream. The recording of GPS position information
combined with the recording of the inertial guidance information from the Mil-Std-1553
data bus provides a unique opportunity for recreating the position data of a flight with
great accuracy. An analog voice channel should be provided to record relevant audio
sources. This allows for the finding of the occasional “Oh-Oh” event and correlating it
easily with the telemetry data sources. All of these different data sources must be timetagged so that the data can be compared between channels and sources.

DOWNLOADING DATA
Once data has been stored in a solid state recorder, it must be retrieved from the recorder
for analysis and dissemination. Data can be downloaded into a computer in a number of
different ways from a tape recorder. By replaying the original data streams, they can be
captured using a bit synchronizer and a demultiplexer to sample the data at a fixed rate.
This process converts the data to a format that can be read by a computer system. This is
an effective way to process data, but it has the unfortunate capability of hiding data or
producing data that is not always present in the original system. Gaps in data are often
“hidden” from the user during this process. An alternative method is transfer the raw data
directly into a computer, bypassing the pre-processing, for analysis. However, this
alternative requires some thought as to how the data will be transferred to the computer.
Several obvious methods of transferring data into a computer are though Parallel, RS-232,
GPIB, or SCSI ports. Parallel ports are sometimes used because they are very common,
but their transfer rate is limited. Serial RS-232 ports cannot be used because they have an
extremely limited transfer rate. GPIB ports are commonly used in laboratory environments
for test, but they are not used very commonly in the telemetry community. However,
SCSI ports have the highest data transfer rates of these choices and they are fairly
common. SCSI ports have become the preferable selection for transferring moderate
amounts of data to computer systems for processing. They are commonly used to
connect to external storage devices, scanners, and printers. In this case, the SCSI port
appears to be a good choice to transfer the data from a solid state recorder to a computer
for analysis. However, the data in the recorder must now be in a format that is readable by
a computer analysis system.
FILE FORMATS AND PC COMPATIBILITY
Typically the file formats that are used for data analysis are far removed from the actual
data collection format. This is usually the results of the low overhead, simple to implement
requirements of the data collection format versus the need for a computer compatible
format for analysis. Standards, like IRIG 106, are not really computer friendly. Their bitoriented structure is not directly usable by computers for plotting or analyzing data. Data
analysis software use a word oriented data format with words spread over integer values
of bytes. For example, Mil-Std-1553 words are typically organized over three bytes; PCM
words are typically organized over 1 or 2 bytes. Each word is organized into a data
structure so that it can be identified. In PCM data this structure is usually the frame
format. In Mil-Std-1553 data, the structure is the message format. Each word position in
the structure is significant, indicating which variable’s value is being reported. Ideally a file
format should be efficient (low overhead), computer compatible, simple to implement,

have the ability to be expanded in the future, and of course reliable. Unfortunately, there is
no such file format. Each requirement causes compromises with the others.
Data analysis software is usually used to plot values or print out the data values of each
different variable in the telemetry data. The variable value can usually be printed as an
instantaneous value or plotted as a value over time. Most software packages allow the
plotting of data on a scaled axis. That is, the raw data value can be scaled and offset to
translate the raw data to engineering units. It is also normal to be able to view the data in
an unprocessed format so that any problems with the data can be examined before
processing. A modern data recorder must provide utilities for easily viewing the data on at
least a PC.
Also, once data is in a computer compatible format it can be translated into other
compatible formats to allow export of the data to other systems. Emphasis should be
placed on the conservation of information. Ideally, any format should contain all the
information that is present in the original data and this should be preserved throughout the
translation process.
One side affect of the computer compatible data format is that some processing must
occur in the recorder to store the data in a compatible format. It is possible to generate
data in such a way as to make it hard to recover from a glitch like a power interruption.
The recovery time from a power interruption should be minimal. The recording system
should not have to go back over the entire recording to a header to know were the end of
the recording is or to know where to continue the recording. Long fast forward and
rewind sequences must be avoided. Systems that require up to 10 minutes recovering
from a power glitch are unacceptable. The recorder in an onboard data acquisition system
should recover quickly on reconnection of the power. The possibility of power glitches
should be considered carefully when designing or choosing a modern recording system.
CONSTRUCTION
The construction and packaging of a new data recorder is often an overlooked item. Of
course a recorder should be rugged and it should minimize the affects of temperature,
humidity, vibration, shock and EMI (Electro-Magnetic-Interference), while providing a
compact lightweight package for the recorder. Temperature is of particular concern in a
solid state recorder. The excess heat generated by the electronics must be carefully
considered and a method for the transfer of this energy to the outside of the electronic
enclosure must be integral to the design of any electronic enclosure. As semiconductor
devices are getting smaller and faster, the transfer of heat from these devices to the
enclosure is growing more important.

One interesting way to transfer excess heat to the outside of an enclosure is through the
use of heat transfer plates. The plate sits on the top of an IC (Integrated Circuit) and has a
mechanism (heat conductive foam or silicone) to transfer the heat from the IC to the plate.
The plate is then used to conduct the heat to the enclosure wall. The enclosure may be
mounted on another “cold” surface to conduct the heat away from the enclosure. Or air
conduction of the heat through convection may be relied on in the outside environment.
An additional feature of the heat plate is that it can provide structural support to a PCB
(printed circuit board). The heat transfer plate avoids the use of mechanical fans to move
air and heat out of a particular assembly and allows the unit to be a sealed unit.
Printed circuit boards should be designed to minimize EMI and allow for thermal
expansion and contraction of the PCB and its components. Components on the PCB
should be mounted in such a way as to minimize the affects of vibration. EMI can be
further minimized by using appropriate EMI filtering on signals going in or out of the
recorder. The use of direct PCB mounted connectors allows EMI filtering on the PCB to
be very repeatable and reduces the assembly cost associated with wire harnesses. All of
these factors must be considered when designing an enclosure and electronics.
ONE SOLUTION
A new generation of solid state recorders is on the horizon. Features to make the new
recorders as robust and rugged as possible should be stressed. This new generation of
recorders will be used to acquire data onboard vehicles for later direct entry into computer
systems. The ability to handle multiple data sources and to correlate them to a time source
will be an inherent capability of solid state recorders. Error correction and device error
management will be important to the quality of these recorders. One such implementation
of a solid state recorder is the ME-1000 Solid State Recorder from Merlin Engineering. It
contains nine (9) PCMCIA FlashDisks and accepts a variety of data sources, including
PCM, Mil-Std-1553 data busses, RS-232/422, IRIG Time, Event Marks and Voice. The
ME-1000 is designed using the latest construction techniques to minimize the affects of
EMI and to transfer heat out of the electronic package as efficiently as possible. The data
formats used to store data are consistent and written in such a way as to be easily
transferred to a computer system. Software for quick look data processing is included
with the recorder. The Merlin ME-1000 is among the first of the next generation of Solid
State Recorders.
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ABSTRACT
The times that we live in offers the most advanced pace of technology development ever
known to the world, and it is getting faster. A large part of commercial computer
technology development is based on increased size and decreased cost of memory
devices, from which the instrumentation community can derive great benefit through the
development of solid state systems. The procurement cost of new solid state systems
utilizing increased memory capability makes the temptation to move to this technology
unavoidable. There are, however, some issues that need to be discussed which go beyond
procurement costs and involve operational and life cycle considerations.
KEYWORDS
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INTRODUCTION
Tape systems have been the primary, and in most cases, only means of capturing various
forms of data for over 30 years. Through the years, capturing of parameters has been
accomplished with analog longitudinal systems, which developed over time to the extent
possible given the limitations of physics. Digital recorders then came along to meet
requirements for ever increasing data rates and capacity requirements. These increasing
data rate requirements have been generated by current and future avionics and test

systems, whether they are ground, air, space, or other applications, and are expected to
continue to grow. The next logical evolution of recording technology is in the area of
memory-based recording, or solid state, systems. Solid state systems are projected to
offer increased performance at a lower acquisition cost as compared to traditional tape
based systems. Solid state systems can provide benefits for both data and video
collection and, at a minimum, will no doubt allow recording of high-speed burst data at a
lower cost than is available now. They will also challenge the operational community to
consider the effects of the employment of such systems. People responsible for collecting
data are and should be joyful of these developments. People in the data processing end of
the business need to be careful that they are not overwhelmed by the amount of work that
may be generated with solid state recorders. People responsible for both data collection
and reproduction need to be careful and make sure that systems being used in their
organization make sense for their applications from a technical, financial, and operational
viewpoint. All engineers and technicians in government and commercial sectors like new
technology and implementation of that technology for useful products. At the same time,
there has not been a community who has been more long-suffering for new technology as
the instrumentation recording community, but these feelings do not always mean that the
best solution for the requirement is the newest solution for the requirement. The remaining
portions of this paper will explore considerations relating to the implementation of solid
state recorders.
BODY
The decision process to use solid state based systems as opposed to tape based systems
must consider the following technical questions:
What is the recurring cost to archive the data?
How many storage modules or tapes will be required over the life of the system?
What is useful life of the system and how long will it be supported?
What commercial standards are the systems based upon?
How does the system record many data sources?
Will the test environment allow the system to function?
What is the risk of tape failure as compared to solid state unit failure?
What is the acquisition costs for the target recording systems?

What is the acquisition cost for the target playback/reproduce systems?
The answers to the above will provide necessary data needed by decision makers to
answer the three broad based questions which the final decision (for any program or
project) should always be based on:
Of the options that meet the basic system requirements:
What is the life cycle costs for each of the systems?
What is the risk of non-performance for each of the systems?
Do higher priced systems offer additional features that justify the additional cost?
A major consideration of larger programs is the recurring costs for operation over the life
of a system. A program such as the F/A-18 at China Lake requires a significant amount of
flight test activity. This to both support new software development as well as integration
and testing of new and improved weapon systems. The F/A-18 A/B and C/D generates a
nominal file size of 3.4 Gbytes per flight test event. The F/A-18 E/F, which is a benchmark
for future data collection requirements in the flight test community, generates file sizes of
9.3 Gbytes of data for avionics data alone per flight test event, not including weapons
system and radar data. The F/A-18 program at China Lake generates an average of 100
flight tests a month. The data generated from these flights needs to be archived for two or
three years. When considering solid state recorders for an application such as the F/A-18
program at China Lake, recurring costs for transferring data from solid state memory
modules to mass storage devices must be considered. This process does not have to be
considered when using tape-based systems, as the tape itself becomes the mass storage
media. With solid state recording, an additional recurring cost will be incurred in the form
of labor to transfer data to a mass storage device and to provide for mass storage media.
An additional acquisition cost will be incurred to provide for additional mass storage
systems that will not be required if tape is used. Though these costs may be minimal on a
per flight basis, over the life of a system they may be significant. In the case of F/A-18 at
China Lake, additional storage requirements (if solid state recorders were used) will start
at 800 Gbytes a month and end up at over 1,200 Gbytes per month. The increase is due to
the percentage of E/F flights increasing and the percentage of C/D flights decreasing over
time. The design to criteria for the minimum total capacity of the mass storage system will
be at least 43 Terabytes. There is an obvious tradeoff to benefits of a solid state data
collection system when compared to cost and effort required to transfer and store data on
a mass storage system. Solid state systems will no doubt be a great advance and benefit
to the data collection community but these benefits may be at the expense of increased
post data collection costs incurred by the data processing community.

Another issue is one of the number of storage modules that will have to be purchased as
compared to the number of tapes that will have to be purchased over the life of the
program. The number of tapes is a trivial figure to determine as it is simply based on the
number of test events that will occur. The number of storage modules that will be required
is more complex. The number of storage modules will be based on the number of test
events that will occur within a certain time frame, how long before the test event is the
module required to be in place, and how the module will be used once the test event is
completed. Obviously, it will not be required to have a module installed in every recorder
at all times as it will only have to be installed prior to the test activity. The number of
modules is also dependent on the amount of time required to perform whatever
processing is necessary after the test event. The most expeditious approach will be to
dump the memory module onto disk and distribute the raw data as required. Other options
will be to keep the module and give it to the analysts as required with some cutoff time for
clearing and recirculation. It will be inconceivable to use the modules themselves as a
mass storage device due to storage cost per Mbyte of storage. It is likely that there will
always be more efficient means of mass storage than memory modules. In addition to the
above, costs for replacements must also be considered.
The development of memory has gone at such a pace that parts for solid state systems
that are two-three years old may be difficult to obtain. There will already be a sunk cost in
solid state acquisition as well as unit installation, so new memory modules will have to be
purchased if an inoperable one cannot be repaired. These units will be available from the
original supplier and that supplier is aware of the law of supply and demand, so memory
module costs will no doubt be based somewhat on the replacement cost for the entire
system. Memory modules for a specific solid state system will no doubt only be available
from the original supplier as they will have patent rights on the interface between the solid
state recorder and memory module. This issue is not meant to be negative, but to
acknowledge the forces of capitalism, which exist in our society. So the issue is not only
how many memory modules will be required with the initial acquisition, but also how long
will those modules last and how many additional modules will have to be purchased over
the life of the system.
Another issue is what is useful life of the system and how long will it be supported?
Memory development is and will continue to advance at an almost overwhelming pace.
Memory development has proceeded and will continue to proceed at a very fast pace.
There are many companies involved in developing this new technology and they may offer
very low cost solutions. Will these companies be in business in two or three years? If they
are acquired by other companies will parts and support be available for the installed base?
Though this can be said for any company, there are only a limited number of tape
technologies that are in use at this time, which represent the culmination of the technology.

A previous example of the point is the beginnings of the mass storage industry. Many
companies had their own technology and were eager to sell it. In fact, there were many
companies offering many solutions. Over time, several technologies emerged as market
preferences based on product acquisition cost, recurring cost, cost per Mbyte of storage,
and backwards compatibility. The same will no doubt happen in the solid state recorder
business but that will take time.
Additionally, related to the issue of the useful life of the recorders, are the issues of
installation and checkout costs related to replacing recording systems and integrating them
into aircraft and other test beds. Given the decreased cost of technology in general, it is
now often the case that the installation and checkout costs involved in recorder
replacement and integration often exceed the acquisition price of the procured system.
This is a cost that is often overlooked when considering new systems, but as budgets
decrease and requirements increase, the cost of replacing and integrating a recording
system into the target test vehicle must be considered in the overall decision making
process.
Another issue is one of how different signal paths will be recorded on a recorder. Solid
state recorders to date do not allow more than one or two signal paths to the recorder.
The technology to record several or many will need to be developed as part of the unit or
a multiplexer will have to be used. As most tape recorders come with a multiplexer a solid
state recorder that is being used for space advantages may not provide the required
solution if a separate multiplexer needs to be included. Additionally, the added cost of a
multiplexer will make solid state recording less attractive. In fact, a multiplexer without a
recorder often is not much less than an integrated recorder/mux.
Concerning recorder failures, it is a fair assessment to say that the tape technology has
matured as much as it is going to given physics and the basics of the technology being
used. This technology has evolved to the point where failures are very rare and these
systems have proven themselves in the flight test environment. Though solid state systems
do not have any moving parts that are the risk in tape systems, the technology is new and
does not have a history of operation in a test environment. Therefore, it is premature to
say that solid state recorders will have increased reliability at this point. They are unproved
at this time but it is probable that they will be at least as reliable, if not more so, than the
tape systems in use today given time and development.
Solid state recorders have been successfully used for applications which have low bit
rates, low capacity requirements, and/or which are used for special purposes for which a
tape based system would not be feasible. Examples of these are in the systems that are
used to collect a limited amount of data from aircraft used for operation testing and the

differential GPS systems, known as the Advanced Range Data System (ARDS) which is
used by various ranges within the United States.
One way which solid state recording technology is and can continue to have an effect on
tape systems is through buffers that are used on most digital recorders. There could be
great benefit derived from hybrid systems, which use solid state technology to record data
and then use tape to store data on the test platform during or soon after the test. This
prospect is an interesting one, which will allow basic development of memory based
technology at a pace and in an environment that will ensure operability and reliability.
There are several contracts that have been issued for development of solid state
technology. Data from United States Government Small Business Innovative Research
(SBIR) contracts are available to industry for further research and integration possibilities
of memory technology into tape systems. The hybrid approach may allow for
development of solid state technology to be built upon the maturity of tape technology.
The two technologies, in concert, will no doubt eventually provide for a solution, which
may eventually cause the use of tape to disappear, but only after solutions for operational
constraints that currently exist for some programs have been eliminated.
After all of the technical issues have been addressed and the requirements defined, the
only remaining question is the acquisition costs for the recording and playback/reproduce
systems. There are many solutions at various costs for every requirement, but at least the
issue needs to be addressed in the initial stages to ensure that the systems being
considered can be procured given budget allocations. After all of the issues have been
addressed, due consideration can be given to all of the options and the appropriate choice
can be made for that application.
CONCLUSION
The issues addressed in this paper are not meant to imply that solid state recorders do not
have a future or that they cannot meet test requirement. Solid state recorders do and will
have a place in the future of testing, whether it be ground, flight, or for space applications.
These issues are meant to bring to the forefront items that need to be addressed when
deciding which technology to use. These decisions are based on the fact that the
instrumentation community has something it has never had when it comes to a recording
medium, a true choice.
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ABSTRACT
A novel concept using the cockpit voice recorder (CVR) as a structural vibration
recording device, to aid in structural health monitoring of commercial and military aircraft,
is outlined. The unused cables in the CVR wiring harness act as “latent transducers” that
respond to structural vibrations, generating vibration signals, which the CVR records.
Postprocessing of such data can provide clues to problem areas or changes in the
signature of the aircraft. The standards which the CVR must meet to qualify as a
instrumentation-quality recorder are discussed and the steps required to assure
compliance are outlined.
KEY WORDS
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acoustics, IRIG Standards
INTRODUCTION
The maintenance monitoring and structural integrity of airplanes has attracted greater
attention as the average age of both military and commercial aircraft has increased. Thus,
concerns about structural soundness and finding economical methods to diagnose
structural problems have increased.
Although the first documented problem with structural integrity is said to have occurred in
1903 when the Wright brothers suffered a cracked wooden propeller, for many years the
rapid evolution of new aircraft designs and the quick obsolescence of older designs meant
there was not a premium on aircraft longevity. An aircraft was usually retired long before
its design lifetime was reached. 1 More recently, tight budgets and profit margins have
resulted in aircraft being used beyond their initial prescribed lifetimes. Concern about
preserving safety with increased airframe hours, and the maintenance and inspection hours
required to do so, is a major emphasis in today's aviation community. If an existing
aircraft instrumentation system can be extended to function as a structural health

monitoring aid, further savings in both equipment cost and time can be gained. The rotary
wing community has already recognized this and is implementing health and usage
monitoring systems (HUMS). 2,3 HUMS are adapting flight data recorders to monitor for
adverse vibration or other pending failure indications. The military is developing hardware
systems to analyze the recorded signals from the flight data recorders using commercial
off-the-shelf (COTS) technology. Reuse of existing data recording assets which currently
are found in many aircraft, such as cockpit voice recorders (CVRs), would be an
extension of this philosophy.
STRUCTURAL MONITORING
Recent advances in aircraft crash investigation techniques have shown that the CVR or the
flight data recorder (FDR) could fulfill an added role of aircraft structural health
monitoring. 4 Modeling and prediction of various failure modes of an airframe design are
possible, making signature identification more focused. 5 The acoustic spikes in the time
series of Figure 1 are attributed to a broken engine mounting from an aircraft CVR track
and were recorded long before the aircraft crashed. Study of failure reports that detail part
failure over the aircraft lifetime can provide insight as to which failure-prone parts should
be modeled and monitored. Structural modeling of those parts and their impact on the
overall structural response can provide predicted acoustic responses prior to failure.
The predicted acoustic response can then be used to focus the analysis of the CVR data.
In the crash case study of Reference 4, after expected failure acoustic frequencies were
identified for the suspected failing structures, the surviving cockpit voice recording was
examined for appearance of those acoustic signatures on the three microphone-equipped
channels. FM modulation characteristic of whirl flutter vibration was found on a warning
horn tone recorded on the cockpit area microphone (CAM) channel as shown in Figure 2.
In addition to the three microphone-equipped channels, this standard analog CVR, like
those on many commercial aircraft today, had a fourth channel that had been provided for
the voice of a flight engineer. The standard instrumentation recorder analysis technique of
magnetic image development of the tape, using Edivue or Magnesee magnetic powder in a
solvent, revealed that all four tracks contained recorded signals. At the end of the
recording, a high amplitude signal was found on all four channels as the CVR shut down
upon loss of dc power. This occurred in spite of having only three microphones
connected to the recorder!
The existence of recorded signals on the tape track which was not connected to a
microphone raised the question of whether the fourth track recorded signals throughout
the flight, without the background noise of cockpit microphones. Further study of this
fourth, under-recorded track, revealed significant structural acoustics information, even
landing gear touch-down sounds, clearly audible on enhanced replay of the master tape.

Examination of aircraft wiring practices for use of CVRs, FDRs, and other applications
revealed unused wires that are often pulled in harnesses to facilitate later wire repair or the
installation of additional instrumentation. This discovery led to speculation that signals
reached the fourth track through a process called latent transduction in the existing unused
microphone cable connected to the recorder. Aircraft structural vibrations produced
voltages on this cable by means of the frictional process of the insulation sliding on the
wire, known as the triboelectric effect. 6 The triboelectric effect between wire and
insulation is shown in Figure 3.
Detailed searches for other sources such as coupled electrical fields were conducted prior
to reaching the conclusion that the recorded signals were due to triboelectric effect. The
voltages from this latent transduction were related to identifiable engine and structure
vibration, such as the wheels hitting the runway. Later laboratory testing on an aircraft
using ground vibration tests (GVT) confirmed that various types of aircraft wiring readily
transduce vibration by means of the triboelectric effect and thus act as microphones. 7,8
For example, in Figure 4, the vibration signal obtained with a pair of wires taped to the
airframe of an aircraft with its engine running is shown. Several tonals below 625 Hz
appear to be related to blade passage rate. The other prominent line in Figure 4 shifts in
frequency with aircraft engine rpm.
In contrast with the vibration acoustic signals, recorded electromagnetic interference
events, if they show up as (demodulated) spikes at all, will have a much sharper, singular
oscillation and can be readily distinguished from true vibration-related events. For
example, an electromagnetic signal has been studied using triboelectric wiring pickup from
an electronic aircraft-type strobe light placed next to the wiring. 7 The signal amplitude
from a strobe falls off quickly with increasing distance from the wire and is clearly
distinguished from acoustic spikes of vibration sources. The case study discussed in
Reference 4 also explored the possible existence of electromagnetic spikes on the CVR
recording from demodulated radar “hits,” but none could be correlated with the known
radar time lines during the recorded flight time.
The analysis for the crash case study also showed two sources of vibration were recorded
by the CVR before catastrophic failure: the CAM channel contributed major evidence of
whirl flutter failure, while the fourth track contained triboelectric acoustic spike signatures
at the frequency predicted by the acoustic model of a broken engine mount. If this much
evidence of impending failure was being recorded before a crash, then a periodic
inspection of CVR tapes might have revealed changes from a reference recording
signature of the aircraft taken under new and normal operation conditions.

RECORDER CONSIDERATIONS
Can a recorder that was originally envisioned as recording only voices during flight be
relied upon to produce instrumentation-recorder-quality information? The mechanical and
thermal construction of these recorders is enhanced to survive crash forces and any fire
and heat, aiding in reliable functioning and quality recording during turbulent flight or in the
event of a crash. This rugged design contributes to the recorder's instrumentation quality
performance.
In Reference 4, standard telemetry lab methods were used with the CVR master tape and
copies as specified by the standards of the Inter Range Instrumentation Group (IRIG). 9
These aerospace test-range standards for recorder checkout and calibration were used to
calibrate the data from latent transduction. An instrumentation recorder must be checked
for at least: 1) speed accuracy and stability, 2) frequency and amplitude response, and 3)
tape saturation and distortion. Only then can the recorded data be interpreted accurately.
Outside influences on the tape speed, which appear as an FM modulation of stable
recorded tones, are known as flutter. To use structural signal analysis, the recorder
mounting and tape path should be designed so that flutter is low and can be measured to
IRIG standards. Even if a known motor speed flutter exists, it can be minimized in the
data analysis using a fast Fourier transform (FFT) acoustic analyzer. In addition to the
FFT, time series and waterfall type spectrum displays add to the utility of such an
instrument when used to analyze an aircraft recorder tape. Structural signal analysis can
proceed using calibration techniques taken from the IRIG standards. Let us consider the
three calibration issues listed above and how to measure them to IRIG standards using the
recorded CVR signals and standard test tapes.
I. SPEED SPECIFICATION:
The CVR has a tachometer-based, constant speed motor reference control. Thus, speed
can be inferred by measuring known frequencies recorded anywhere on the tape. It is
possible that outside-induced motor flutter can exist from crash forces, or from
turbulence. But the CVR is shock mounted on vibration mounts which typically attenuate
flutter band frequencies by at least 20 dB, or a reduction of 10 times in terms of voltage.
This attenuation has proved sufficient to isolate the motor speed from outside forces in
accident studies. Thus, constant speed recording of constant frequencies is virtually
assured.
II. AMPLITUDE AND FREQUENCY ISSUES:
Much of the information that is useful for failure prediction in machinery monitoring
comes from fundamental and harmonic frequency behavior of rotating components such
as bearings. Absolute amplitude is not as important as relative changes in amplitude and
harmonics compared to past historical records. The analog CVR can record to over 10
kHz at its 1 and 7/8 ips tape speed. In the case study, 4 the CVR recorded the
fundamental revolutions per minute (RPM) and harmonics of turbines and associated gear

boxes. These spectral features were particularly clear on the latent transduction track as
there is no cockpit acoustical noise to mask lines. A quite adequate relative amplitude
calibration of each CVR channel can be provided, as in IRIG practice, by industrystandard audio amplitude and frequencies test tapes. 10 In the Reference 4 case study,
these tones were used to verify the playback equipment amplitude calibration, provide a
relative reference amplitude for the master tape, and provide standard frequencies for
comparison to vibration frequencies.
Occasionally during analysis, tape oxide or lubricant deposits can reduce the signal
amplitude recorded on a particular channel if the lubricant or oxide is deposited over the
channel path on the tape. The reason for the signal amplitude reduction can be readily
determined through measurements made using an optical microscope to locate the spot of
extra thickness on the tape. Wallace’s formula for the amplitude reduction caused by
debris on the tape states that the voltage amplitude loss, in decibels, is equal to 55 times
the thickness of the debris, divided by the wavelength () of the signal frequency. 11 If
the amplitude reduction follows this formula, it is caused by oxide or lubricant deposits,
rather than another mechanism.
III. TAPE SATURATION AND DISTORTION DETERMINATION:
In the sudden shutdown of a dc-powered CVR, there are also excellent test signals
provided by the erase head and record head shutdown signatures that reach the saturation
magnetization of the tape, and are, by definition, the highest amplitude that can be
recorded in the magnetic medium. For use as an absolute maximum amplitude
measurement reference, these transients must not be clipped in copies of the master tape,
which will be used as working copies in analysis. The shutdown transients are one source
of a saturation test for the third point of the calibration considerations. Normal shutdown
of the recorder may not produce transient saturation, depending on the particular recorder
design and power method. Distortion of any recorded signal can be compared to tape
recorder standards defining harmonic distortion levels for second and third harmonics.
Many higher harmonics appearing in the spectrum indicate saturation of recorded data
signals and can be used as a saturation test as well. If excessive distortion or saturation is
detected on recorded data signals, the signals may be used for fundamental frequency
analysis but cannot be used reliably for amplitude analysis.
The analog CVR in performance resembles an IRIG intermediate band instrumentation
recorder, having fixed azimuth heads for its endless loop cassette. Thus, azimuth effects
are controlled by the recorder design and the short, closed-loop tape path. Welldocumented IRIG instrumentation tape recordings should include a pre- or post-amble
sequence of frequency and amplitude calibration signals used for azimuth checks and
amplifier equalization over the frequency band. The CVR does not itself provide such a
calibration sequence, but in normal operations of flight, it usually records very good
signals for frequency calibration use. These signals are of several forms, including any
nondirectional beacon (NDB) or VHF omnidirectional range (VOR) identification signals,

which have Morse Code tones that record periodically on the recorder radio channel. The
Morse Code identification (ID) tones are very accurate and are periodically calibrated by
the Federal Aviation Administration (FAA).
Other sources of frequency calibration signals, for comparison to vibration signature
frequencies, are the various warning horns that are recorded by the cockpit area
microphone (CAM) channel. The warning horns are recorded when the aircraft leaves an
altitude or approaches landing, and the pilot is reminded by audible warnings to lower the
landing gear or perform other critical tasks. These tones are sounded in stable, repeated
sequences and have been used in the case studies cited.
Real-time spectral analysis with acoustic FFT analyzers can be used on the CVR tape
signals to verify the various calibration tones and, thereby the speed accuracy of the
individual recorder, since the recorded tone will differ from the expected frequency if
there is any speed error in the recording. The FFT analyzer also can yield a measurement
of any recorder flutter on these same tones. Flutter appears as high amplitude sidebands
about a single tone. Any change in flutter would appear as an increase in the upper and
lower sideband amplitudes about a given tone, with certain sideband threshold amplitudes
representing acceptable flutter levels. Large sideband levels indicate unacceptable flutter
levels and may be useful in parts failure identification.
Using FFT real-time analysis, the frequency of a specific warning horn early in a tape and
its frequency during a later warning during which vibration is being experienced can be
measured and compared. Vibration will modulate the tone in both amplitude and
frequency. Modulation and harmonic analysis, with the study of the slope of harmonic
amplitude decay, dramatically shows up as vibration modulation of otherwise steady
tones. The vibration modulation will produce modulation peaks spaced by the frequency
of the vibration.
The continuous playback of a CVR tape into a type of real-time spectrum analyzer
waterfall display, such as a color spectragram, gives a dynamic picture of a flight, and of
the changing of power train RPM and airframe vibration with airplane speed and
maneuvers. Many other methods of analysis of the data are available, but are beyond the
scope of this paper and will be presented in other publications.
UTILIZING STRUCTURAL VIBRATION RECORDINGS
The cockpit voice recorder, then, can be certified by the methods of the IRIG recorder
standards to function as a special purpose telemetry recorder of aircraft structural
information on both conventional microphone channels and those unused channels whose
wiring can support triboelectric effects. A quick look at such a tape is most easily
accomplished with a color spectragram from a real-time FFT acoustic analyzer, but time
series data and frequency spectra can also be used to better understand vibration-induced

signals that have been recorded during flight. These signals can be compared to the
vibration data history for that particular airframe as recorded in previous flights to identify
potential parts failures. The data can also be compared to acoustic models of known
failure-prone components. It is the coupling of the recorded information available from
each flight with computerized real-time spectrum analyzers and structural failure modeling
that may offer a superior acoustics-based methodology for structural vibration monitoring.
CVRs of the analog type will be used for some time in many existing commuter and shorthaul aircraft such as the Boeing 737. Over 40,000 CVRs made by just one manufacturer,
L3 Flight Recorders (formerly Fairchild), have been installed, and most are still in
service.12 The commuter fleet, which needs better maintenance monitoring, is primarily
equipped with such recorders. The methods discussed here are also applicable to the
newer digital recorders and the new combined voice and flight data recorders. Such
recorders are found on all larger aircraft and increasingly on military aircraft, especially of
the rotary wing type.2,3
CONCLUSION
Today, when significant emphasis is being placed on using commercial off-the-shelf
(COTS) technology on government and other projects, it seems prudent to explore the
capabilities of existing equipment as well for use with computerized spectrum
measurement for in situ maintenance monitoring tasks. Unlike new COTS technology,
CVRs and FDRs are in place and operating today. Using the methods outlined in this
paper, the CVR can be calibrated by standard instrumentation recorder techniques.
Coupled with a proactive study of repair history to predict what signatures might be
recorded and should be tracked, the CVR/FDR offers a continuing and efficient way to
monitor aircraft structural health.
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BANDWIDTH DRIVEN TELEMETRY
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ABSTRACT
“The radio frequency spectrum is a limited natural resource; therefore,
efficient use of available spectrum is mandatory.”
IRIG Standard 106-96 [4]
As the availability of the frequency spectrum decreases and demands for bandwidth from
users increases, the telemetry community will have to find ways to use spectrum
efficiently. This paper is an overview of the major areas of research that promise potential
increases in the efficient use of the telemetry spectrum. The discussion is summarized in a
matrix that compares potential gains with overall costs for each research area using relative
values of high, medium, and low.
INTRODUCTION
The telemetry community is recognizing that available frequency spectrum is a scarce
resource. Two major contributions to this growing awareness are: an increase in demand;
and recent reductions in allocation of frequencies due to government auctions. As an
illustration of the approaching crunch, consider a scenario that is being discussed within
the Flight Test Community – that of a 'network in the sky.' This concept is simply the
extension of networking technology to include aircraft as nodes in the network –
connected by telemetry links. Now consider the abundance of 100 Mb per second
networks and the fact that these are rapidly becoming too slow for many applications.
Finally, consider that, with current technologies and operational constraints, there does not
exist 100 Mb of bandwidth for use in flight test telemetry. (Roughly speaking, 210 MHz at
about 3 hertz per bit gives about 70 Mb.) Admittedly, ground-based networks are different
than this 'network in the sky' concept, but even if telemetry bandwidth requirements are,
say, 5 to 10 years behind ground-based networks, then 100 Mb telemetry requirements are
only 5 to 10 years away.

Some other concerns about this crunch are bit error rates and an increase in the number of
channels in use simultaneously. Reducing the bit error rate is accomplished either by
increasing power – usually by increasing spectrum used for the same bandwidth – or
introducing error correction techniques – which add bits. As an example of the increased
channel usage, an Advanced Range Telemetry (ARTM) survey [1][2] found up to 28
channels being used simultaneously on the same test range. Before going into specific
technologies that show promise to alleviate the coming crunch, let us overview some
aspects of how we currently use spectrum.
Basically, there are two modes of communicating information: synchronous and
asynchronous. In the flight test telemetering domain, these roughly correspond to methods
like pulse code modulation (PCM), which is synchronous in nature, and packetized
telemetry, an asynchronous method. The PCM typically consists of a continuous stream
of bits encoded as analog signals in codes like NRZ-L, or BI-Φ. One knows the
information content of the stream by counting bits from a starting, or synchronization, bit
pattern which reoccurs cyclically. Packetized telemetry, on the other hand, may also be
encoded as analog bits using the same codes, but is sent in bursts, as needed, rather than
in a continuous stream of bits containing a cyclic list of data items. Packets contain
sufficient extra bits to identify the specific information they carry plus the associated data
bits.
There is currently talk of the basic PCM telemetry stream going away to be replaced by
packetized, networked telemetry. This raises a fundamental question of whether data flow
will be an ‘open pipe’ (i.e., a continuous, synchronized, cyclic flow of bits) or packetized
(i.e., information collected, put into little packets and sent in bursts). The authors contend
that there are in fact different applications requiring these very different communication
methods.
If telemetry is being used to monitor safety of flight, then there is some question of
whether any delay in receipt of the information from the test vehicle is acceptable. Because
the packetizing process typically implies buffering the incoming information, packetized
telemetry experiences delays and may be inherently unsuited for time-critical applications.
Other applications unsuited to packetized telemetry can be characterized by a requirement
for periodic samples. This requirement exists for tests where frequency domain analysis
of the test data is required, for example during structural 'flutter' tests, or during flying
qualities testing where flight control laws are typically analyzed for frequency response.
In addition to these applications, if there is an increase in demand for data, like there
would be in a packetized system during a typical flight test maneuver, the behavior of the
telemetering system under 'surge' conditions becomes a concern. As workload increases,

the amount of inefficiency inherent in a packetized network structure becomes an issue.
Most studies show that contention-based network protocols like ethernet, for example,
require about 40 percent of their bandwidth for overhead processing. That is, only about
60 percent of the bits using the available spectrum carry the information critical to the
application. Other protocols may be somewhat more efficient, but the very nature of
packetization increases overhead so that the efficiency of any network employing packets
is asymptotically bound to about 60 percent.
On the other hand, there are many applications where communication with test vehicles
does not have the real-time constraints or periodic sampling requirements. For these
aperiodic, nonreal-time, nonsafety critical data, packetized telemetry may in fact, afford a
viable solution.
For purposes of discussion within the context of this paper, the technologies addressed
may apply to either model of telemetry: open pipe, packetized telemetry, or both.
Similarly, the technologies discussed may improve spectrum efficiency usage of a single
frequency or multiple frequencies.
The rest of this paper overviews various technologies related to increasing spectrum
usage. This overview is summarized in a matrix comparing potential improvements to
associated costs. Since this paper is an overview, the discussions of the technologies are
brief and concentrate on providing justification for the entries in the matrix. The columns
in the matrix include amount of research (theory, hardware, and algorithms), amount of reinstrumentation (onboard and ground), and recurring costs.
In order to make these types of judgements about a particular technology or research area,
it is first necessary to consider what is meant by the efficient use of the spectrum. A first
level metric is simply how many bits per hertz can be transmitted. But, just because a bit is
transmitted and received does not mean it carries useful information. The second level
metric is how much information can be transmitted per hertz. However, just because a bit
is translated into a recognized piece of information, does not mean it is useful to analyzing
the data for a particular test. Even further, not all bits carry the same amount of
information. For example, if a word of data carries the accumulation of many raw samples
(e.g. average, maximum, minimum, or some more complicated derivation) it, in some
sense, carries more information than any of the raw data bits. But this leads into a third
level metric involving requirements for data. Are the raw samples needed? Or is an average
adequate? Finally, since some telemetering applications use more than one channel at a
time, efficiency needs to be measured over all channels in use. So, as our measure of
bandwidth efficiency, we choose the amount of required data that can be sent over the
entire available spectrum.

REQUIREMENTS ANALYSIS
Exactly what needs to be telemetered? The answer to this question is not easily obtained.
Even the most basic question of what measurements are truly required for a given test is
not always straight forward and, without extensive analysis, there are probably many
nonessential measurands that are added to the requirements list ‘just in case.’ Similarly,
the sample rate for a given measurand is probably not rigorously analyzed to the last hertz.
And other, more subtle questions are rarely even considered. What accuracy is needed in
a telemetered sample? If the strip chart scale is in 100s, is it necessary to transmit tenths?
Or, how much data can be viewed? How many measurands changing at what rate can
someone monitor when looking at strip charts or displays in a control room?
All of these questions are related to the basic issue of requirements. Without bandwidth
shortages there is not much need to do extensive analysis on exactly what is required in a
telemetry stream. Since bandwidth is only starting to be a scarce resource for flight
testers, sample rate analysis is not currently extensive; neither is a careful evaluation of
precisely what measurements are needed. If this type of requirements analysis is required
to be done to ensure efficient spectrum usage, support tools will have to be developed.
Some theory exists about how to determine appropriate sample rates, but there are a lot of
unknowns requiring research. For example, questions like, “Is there any software that is
based on this theory?” or “What theory exits about what is needed to test certain aircraft
(or other test vehicle) characteristics?” and others require answers.
As will be seen later in the matrix, the benefits of several of the technologies discussed in
this paper can only be realized if better requirements analysis is done. In fact, better
requirements analysis may ultimately be where the most benefit can be derived. However,
since there has always been more than sufficient spectrum in the past, there has never been
a reason for this level of analysis. It is certainly not part of the current mode of operation.
Thus, this benefit will only be obtained through a cultural change—always the most
difficult change to accomplish.
DYNAMIC MEASURAND SPECIFICATION
Wouldn’t it be nice if the set of measurands being telemetered could be changed as
needed during the flight? This dynamic specification of measurands takes on at least three
aspects: predefined measurand sets either associated with different tests or for viewing
different aspects of a given test; on-the-fly measurand requests that are determined during
a test; and requests for measurands to be played back from a previous part of the test. If
all of these things could be done, test engineers would have a level of flexibility unknown
of today; a flexibility that would probably increase the effectiveness of flights by making it
much easier for testers to get what they need, when they need it, during the flight.

There are several things that need to be in place to implement this flexibility. An upload
telemetry link to be able to tell the test vehicle of the changing measurand set. (This is an
excellent example of an asynchronous link.) The ability to automatically generate and
switch data cycle map (DCM) formats (see below) in real time must exist. The ability to
playback data will probably require solid-state recorders on the aircraft. And, permeating
all of this, a method for automated verification of data collection, format validity, and
proper coordination between transmitting and receiving systems must be in place. The last
is important as much from a user acceptance and confidence point of view, as from a real
need to validate a dynamically changing software system.
It might appear that this technology eases the necessity of up front requirements. If you
can change what measurands are being sent dynamically, maybe you don’t need to be
quite as careful about identifying what measurands are needed prior to the flight. However,
safety measurands need to be well identified so that they don’t get overridden in the haste
to see something else. Sample rates still need to be established prior to test. Parameter
sets for particular tests still need to be identified carefully so something isn’t forgotten by
trying to establish them off the cuff. In general, a lack of careful requirements analysis
prior to a test will lead to the same inefficiencies currently in place. Finally, the process of
determining a new set of measurands in the control room will take time – something that is
often critical during an actual test.
DYNAMIC SPECTRUM ALLOCATION
Although real-time monitoring uses an open pipe telemetry, the requirement for
information is not necessarily continuous through an entire test and there are other
communications going on besides the test monitoring. Thus, dedicating frequencies for
the entire planned length of test potentially leaves spectrum unused for long periods of
time. It is conceivable that a centralized controller could dynamically allocate the timing,
content, frequencies, and power of all test-related transmissions. Potentially, ‘dynamic’
means fractions of seconds. The obvious analogy is that of a network controller; a central
system allocating the spectrum in some systematic manner. However, a normal network is
working over a single cable so that the allocation is in some sense one dimensional – only
one system can broadcast at a time. In contrast, the telemetry environment is at least three
dimensional. Not only can more than one system broadcast at a time using different
frequencies, but they can broadcast at different powers and in different directions. This
leads to a much more complicated decision process. There are other complications as
well. The requirements must be determined dynamically, in real time. Each system
participating must be able to communicate its on-demand, changing requirements to the
controller. One final complication is that the controller must communicate its allocations to
all involved parties.

The use of this technique has potential for a high increase in efficiency since it attempts to
avoid any down time in any frequency. The corresponding costs are also high in that
neither the algorithms nor the hardware for doing this currently exist, nor does the
expertise to analyze test requirements on-the-fly.
DATA CYCLE MAP (DCM) DESIGN
A DCM (often thought of as a PCM matrix) contains the description of the bits in a
telemetered bit stream. The DCM design has been shown to be very difficult [3] and a
study [2] has shown that DCM designs tend to be inefficient in practice. Better DCM
designs lead directly to better use of telemetry spectrum. In order to achieve better
designs, it is necessary to overcome the inherent difficulty in the design problem. This
requires better theoretical understanding of the underlying structure of DCMs and the
development of automated DCM generators. In addition to this theoretical research, bit
rate agile hardware must be developed and put in place before potentially more efficient
designs can be implemented. That is, hardware is required that will support any bit rate
that a DCM designer comes up with based only on test requirements, otherwise significant
bandwidth is wasted due to arbitrarily filling-up the DCM bits in order to accommodate a
limited choice of frequencies. Projects at Edwards AFB, California, are pursuing theory
and automation. Vendors are beginning to produce bit rate agile hardware. Thus, these
benefits are likely to be achieved in the near future.
However, it must be remembered that the efficiency of DCMs is partially dependent on the
accuracy of the input requirements. Thus, full realization of efficient DCMs will come only
with complete requirements analysis.
DIRECTIONAL ANTENNAS
One of the difficulties with using many channels is that of interference. The use of
directional transmission can reduce interference by providing a single signal path from
transmitter to the receiving antenna. Since radar arrays that control the shape and direction
of their beams are fairly common, it seems likely that this technology could be modified
for telemetry use. Thus, implementing some modified phased array approach to
telemetering may require little more than changing antennas and associated software on
test vehicles. However, unless very narrow beams can be maintained, the benefits can only
be derived by geographically separating test vehicles and receiving antennas. That is, it is
most likely to eliminate interference between test ranges, say China Lake, California, and
Edwards AFB, California,, rather than on a single range.

DATA COMPRESSION
There are several types of data compression. The first to come to mind is a dynamic
version of a Zip™ like compression. That is, a compression method that only looks at the
bits without any knowledge of what they stand for, and compresses the data on the fly.
Unfortunately, because of the dynamic nature of the algorithm employed, expected
compression ratios are very low. A second type of compression is differential
compression. Instead of transmitting all bits in a data word, only transmit the low-order
bits that change. Thus, instead of transmitting 10 bits, perhaps only 4 are sent. This has
potential, but requires the airborne system to recall the last value sent in order to compute
the differentials. It also requires some dynamic way of communicating between airborne
and ground systems what DCM bits, in which words, pertain to what samples. Finally, the
synchronization lock between transmitter and receiver must be maintained, or a differential
update could be lost, throwing off all future values as interpreted in the test control room.
A third type of compression uses onboard pre-processing of the data. Instead of
transmitting all raw samples collected, process the raw data into useful results and only
transmit the results. This method, however, is highly dependent of correct analysis of test
requirements and may be quite sensitive to loss of one or more sample inputs due to
sensor or instrumentation system failure. It is not clear, for example, how someone
monitoring a transmitted average of several inputs might distinguish loss of one of the
input signals from a normal drop in the average.
All of these techniques have several difficulties. First, compression of any type takes
processing time. This introduces delays into the transmitted data. Second, even with
lossless compression techniques, the reconstruction of the original data is dependent on
receiving all the bits correctly. Bit error rates in telemetry tend to be on the high side and
complete dropouts when no bits are detected at all are not uncommon. While the loss of a
single bit in uncompressed data most likely will simply cause a spike for a single
measurand, the loss of a single bit in compressed data most likely will cause complete loss
of data until the next syncronization point. The solution to this potential data loss difficulty
is to do forward error correction. But forward error correction techniques depend on
adding bits that could significantly offset any gains from compression.
Again, as with previous techniques, the benefits in bandwidth efficiency from using data
compression techniques are highly dependent on effective telemetry requirements analysis.
Depending on the requirements, any one or all of these compression methods may be
acceptable.

MODULATION ALGORITHMS
When thinking of bandwidth increases, changing the modulation technique is perhaps the
first to come to mind. How are bits encoded in the spectrum – PCM, frequency
modulation (FM), multiplexed? There has been quite a bit written about the subject.
However, this direction of exploration is starting to have a problem similar to the 2010
problem. That is, if current miniaturization of memory storage trends continue, by the year
2010 memory will have to be stored at the rate of 1 bit per molecule, atom, or electron.
Similarly, one can ask if it is possible to transmit more than 1 bit per wavelength.
Technology isn’t quite at this point yet, but it’s getting close. It seems that the amount of
bandwidth to be gained through better modulation suffers diminishing returns in terms of
the cost of research necessary to make those gains. Some potential exceptions to this are
spread spectrum techniques since they tradeoff power in a single frequency for low power
in many frequencies. Unfortunately, in their current incarnation, they have limited range
and thus, limited value in flight test. Although, these techniques may be useful with test
vehicles that do not travel large distances, or for telemetry between nonmoving platforms.
MATRIX SUMMARY
The entries in this matrix are based on the authors’ experience and discussions with
colleagues. They are certainly up for debate and, to a great extent, the purpose of this
paper is to instigate this debate. The entries are in terms relative to the other technologies
for the given category.
The potential increase in bandwidth is based on increasing the amount of required data
over the entire available spectrum. As such, techniques that concentrate on requirements
and provide benefits over more than one channel have been given higher entries than those
that improve the efficiency of a single channel.
The research column tries to capture a combination of the difficulty of the problem and
how much theory exists regarding the problem. The lower the amount of current
theoretical underpinnings the higher the risk for a technique.
The re-instrumentation column tries to capture whether systems (hardware and software)
on the test vehicle or ground station will have to be replaced, developed, or whether they
exist and can be purchased.
The combination of research and re-instrumentation is representative of one time costs.
The recurring costs are mostly affected by their dependency on requirements analysis.
That is, once a system is developed and put in place, the recurring costs are normal
maintenance costs. However, accurate requirements analysis is not likely to be automated

in the near future so that if the efficiency increase is dependent on accurate requirements,
the recurring costs include the effort for this analysis.
Item
Requirements Analysis
Dynamic Measurand Specification
Dynamic Spectrum Allocation
DCM Design
Directional Antennae
Compression
Modulation

Bandwidth Increase
Potential
High
High
High
Med
Med
Low
Low

Research

Re-Instrument

Recurring Costs

Med
Low
High
Med
Med
Med
Med

Low
Med
High
Low
High
Low
Med

High
Med
Med
Low
Low
Low
Low

CONCLUSIONS
Whether it is called a cultural change, or a paradigm shift, or some other phrase because
you’re tired of these, dramatic change is required. Efficient use of bandwidth has not been
a requirement—but it is now. This requirement affects every aspect of the flight test
telemetry process. Every technology discussed above deemed to provide significant
efficiency increases, represents a significant shift in the way business is done. Some of
these will not be too difficult to implement because they are hardware based, and once the
hardware is built and tested people will accept and use it.
However, the one area that has the most potential for efficiency increase is also the most
difficult to implement – better requirements analysis. This is due to a couple of reasons.
First, automating requirements analysis is a difficult problem. This means that it will
continue to require ongoing human effort. Second, as any software engineer can tell you,
getting accurate, unambiguous requirements from the user is also a very difficult problem.
The reference here to software is intentional. From a telemetry point of view, measurand
lists and sample rates are the requirements for a piece of software. They are what are used
to program the telemetry systems for a particular test. Asking for efficient use of spectrum
is equivalent to asking for an efficient program to be developed every time a test is done.
This is analogous to asking for efficient software requirements for a sequence of hundreds
of related, but different programs to be delivered as quickly as two or three a day. Getting
people to provide this is truly going to require a dramatic and very difficult change in the
way people think about flight test requirements.
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AN EFFICIENCY STUDY OF TELEMETRY DATA CYCLE MAPS

Charles H. Jones, Ph.D.
412th TW/TSDI
Edwards AFB, CA 93524

ABSTRACT
Data cycle maps (DCM) describe the cyclic mapping of telemetered data. The efficiency
of a DCM thus directly effects the efficiency of the use of the telemetry spectrum. The
availability of this spectrum is decreasing while the demand is increasing. Certainly one of
the first things to be done in trying to alleviate this bandwidth crunch is to make sure that
all bits in a telemetry stream are useful and required. This paper provides results of a study
on what types of bits there are in a DCM and how the bits were allocated in DCMs
actually used at Edwards AFB, California.
INTRODUCTION
As part of the Air Force Flight Test Center (AFFTC) Onboard Processing (OBP) and
Advanced Range Telemetry (ARTM) [1] projects, a study [3] was done to determine the
efficiency of DCMs1 in use. Specifically, this study addressed the following question:
What percentage of bits in a DCM carry information required to support a test mission?
As is becoming well known in the telemetry community, the spectrum available for use in
telemetry is decreasing while at the same time the demand is increasing. Considering this, it
seems reasonable to make sure that the spectrum available is used efficiently. Since DCMs
define how bits are used, efficient DCMs increase the overall efficiency of spectrum
usage. This study takes a first step towards efficient DCM design by analyzing what types
of bits are in a DCM, what percentage of bits carry information, and what percentage of
bits are traceable to test requirements.
An important point that comes out of this study is the distinction between information bits
and required bits. Just because a bit is transmitted and can be translated into a useful
piece of information, does not mean that it is actually information that is required. The
distinction here is subtler than just sending a measurement that is of no use. For example,
1

DCMs are often called PCM matrixes or PCM formats. The use of DCM is more generic since such an animal does not have
to be pulse code modulated when sent or recorded.

sample rates tend to grow during the DCM design process. This leads to over sampling.
A prime culprit of this is the power-of-2 rule, which will be discussed below.
The ARTM study referenced above analyzes more than the efficiency of DCMs. This
paper summarizes the DCM efficiency portion of that study. It does so by providing a list
of bit types, the main breakdown of bits in a DCM, a brief discussion of methodology,
some discussion of the DCM design method at Edwards AFB and the significance of the
power-of-2 rule.
BIT CATEGORIES
To answer the question regarding what percentage of bits sent are required is not as
straightforward as it may seem - especially if we focus on the word required. The existing
methods used for developing DCMs do not focus on meeting – and only meeting – a
minimum requirement. Instead, as long as the minimum test mission requirements are met,
there is little concern as to how much over sampling is done or how many extra
parameters are sent. Until recently, this has been a more than adequate approach. It is only
in the context of increasing mission requirements and decreasing spectrum availability that
meeting – or even establishing – minimum requirements has become an issue.
The bits in a telemetry stream can be broken up into the following categories. Due to the
time constraints and the availability of data, information for all categories was not
generated. In contrast to many such lists, there is an attempt here to be exhaustive in
categorizing these bits in the hope of identifying all possible ways of reducing bit usage.
Any other categories the reader can supply are of interest to the author.
1. Bits Required
a)

Overhead: These are words such as frame and subframe synchs, time stamps,
airplane identification, etc. In the sense that synchs and other overhead
information are confidence factors, some of this data may not be strictly
required but is traditionally considered so. Overhead was determined to be
about 0.05 percent of the formats and will not be discussed or presented further.

b) Parameter Data: These data are the true meat of the format. These bits carry the
information needed by the analysis as stated in some requirements document
(often a Test Point Requirement [TPR]). There is some interest in the amount of
MIL-STD 1553 data transmitted in a DCM so the study makes a distinction
between MIL-STD 1553 parameters and non - MIL-STD 1553 parameters.

2. Bits Not Used
a) Word Fill: When an instrumentation system sample uses less bits than the word
length of the telemetry system, the extra bits in the word are filled. Thus, if a data
word is 8 bits long and has to fit into a 10 bit word, then 2 bits are wasted.
b) Sent Not Defined: If you do not fill up the whole DCM with defined samples,
then there are words which carry no information.
c) Bit Rate Fill: Most existing DCM formatters and decommutators only allow the
use of a small number of bit rates – usually based on powers or factors of 2 of a
given clock speed. Thus, if the requirements go 1 bit over one of these bit rates,
the bit rate used may have to double. This would leave almost half the DCM
unused.
d) Corrupted Words: This covers the cases where a sensor is not working
properly, the calibration data is not correct, or the transmission corrupts the
data.
3. Bits Sent But Not Required
a) Power-of-2 Fill: An easy way to fit samples into a DCM is to change all required
sample rates to a power of 2. For example, if you are given a sample rate of 5, it
is upped to 8. However, this increase is based on a per major frame construction
so that the increase is generally worse than just implementing the power-of-2 rule
since the increase is also based on the number of major frames per second. A
sample rate requirement is usually given in samples per second, say, 25 samples
per second. A DCM has many frames per second, say, 20 frames per second.
Thus, the minimum samples per second that can be sent is 20 - one per frame.
But the number of samples per frame has to follow the power-of-2 rule so that
the number of samples per second sent has to be of the form F 2 N , where F is
the number of frames per second. Thus, our requirement of 25 samples per
second is upped to 40 samples per second.
b) Other Sample Rate Increases: Even if the power-of-2 rule is not being strictly
enforced, it is possible you may change the sample rate because it needs to be
periodic but does not fit into any of the slots available in the format. There may
be other reasons for sample rate changes also.
c) Just-in-Case Parameters: Since changing a DCM is nontrivial, it is not unheard of
for parameters to be added ‘just in case’ they are needed.

d) Leftover Parameters: A DCM is developed over the course of a test project.
That is, an initial DCM is laid in place with the overhead parameters and an initial
sampling of parameters that will almost always be used. As the project
progresses, more parameters are added as they are needed. It is not necessarily
the case that parameters will be removed once they are in place even if they are
no longer needed.
e) Unneeded Accuracy: If a person is on the ground looking at a strip chart that
has hash marks of 1,000 units, is it necessary to send data that has an accuracy
of 0.001 unit? Probably not. This is a judgment call, but there are times when the
data sent is over accurate.
f) Unneeded Bus Data Information: When telemetering bus data, it is not always
necessary to send every bit of every message. For example, if you have multiple
buses but only one bus has altitude on it, is it necessary to send the bus number
as long as it is known that that word is altitude? Sometimes, this extra data is
sent.
g) Improper Sample Rate Requirement: There are techniques available for
determining the wavelength of most physical phenomena. Such an analysis
would lead to a minimum sample rate requirement for a particular parameter.
Historically, the amount of time and effort needed to perform this analysis has
rarely been warranted. Thus, most stated sample rate requirements probably
exceed the minimum required by the physics of the phenomena being measured.
4. Bits Required But Not Sent
This is not strictly part of the ‘data in the telemetry stream’, but should be mentioned
in the context of this analysis.
a) Reduced Sample Rate: If you are running out of room in a telemetry stream, it
may be necessary to reduce the sample rate of some parameters. It is also
possible that the sample rate is reduced because the parameter can not be
sampled at the required rate.
b) Not Sent At All: In the worst case, a parameter is not sent even though it is
required because there is not enough room in the telemetry stream.

5. Miscellaneous Categories
a)

Forward Error Correction Bits: This is an interesting category in that any bits
you introduce for error correction are questionably ‘required’. Similarly, the
number of bits you introduce for this varies depending on the correction
technique used. None of the formats in this study used error correction.

b)

Compression: If the main concern is reduction of number of bits sent, then
compression needs to be discussed. However, this is outside the scope of this
study.
RESULT SUMMARY

The bottom line is that, over all formats studied, about 56 percent of the bits were
information bits. That is, on average, for every 100 bits sent 44 of them carried no
information. However, about 20 percent of the DCM is a result of using the power-of-2
rule. Thus, less than 36 percent of the DCM is required data. Considering all the other
types of unrequired data listed above, the actual percent of bits in a telemetry stream
representing required data is perhaps as low as 15 to 20 percent.
Figure 1 shows the breakdown for some of the categories described above.
Usage of Bits in a Telemetry Stream

Sent Not Defined
28%

MIL-STD 1553
14%
Non-1553
Parameters
22%

Word Fill
16%

Power of 2 Fill
20%

Figure 1 - Bit Usage Summary
Word fill was estimated by comparing the number of bits used by each parameter versus
the word size of the format. Due to the way the estimate was made, the estimate is, if
anything, higher than actual.

MIL-STD 1553 was determined by assuming any parameter using exactly 16 bits was a
bus parameter. Since this is a necessary but not sufficient criterion, this estimate may be
high. The percentage was also adjusted due to the power-of-2 estimate.
The Power-of-2 Fill was estimated by looking at the test point requirements for one of the
aircraft. The stated requirement for each parameter was adjusted up according to the F 2 N
requirement where F = 25 . An average increase was then calculated. On average, the
amount of data sent for a parameter due to the power-of-2 rule was estimated to be about
36.6 percent. This percentage was applied to the amount of bits used in order to get 20
percent of the total DCM wasted as shown in Figure 1.
The Sent Not Defined value was determined by reconstructing the formats bit by bit and
counting the bits which were not used and subtracting the word fill estimate.
The non-MIL-STD 1553 parameters estimate is the remainder after all of the other
estimates were made.
METHODOLOGY
The data was derived from the Aircraft Information Management System (AIMS)
database. This database maintains historical descriptions of DCMs and, during operation,
is the database that is used to setup the decommutation systems. Software was written to
reconstruct the formats on a bit-by-bit basis. A total of 1,903 formats were studied. Of
these, 1,747 were from a cargo transport project, 154 were from a fighter project, and 2
were from another cargo transport project. An extensive discussion of the methodology
can be found in [3].
CAUTIONS REGARDING THE DCM EFFICIENCY RESULTS
The results should not be generalized to other projects or organizations. Although the
results are fairly consistent over two significantly different projects – a cargo transport and
a fighter – one must always be careful of generalizing statistical results. This is especially
true when no extensive statistical analysis has been performed. There has been no attempt
here to model the bit usage distribution or to do anything beyond simple averaging.
The power-of-2 rule estimates were taken from a single project. Even further, they were
done solely based on requirements and not by directly relating the requirements to the
rates actually used.

The MIL-STD-1553 estimates were made using a necessary but not sufficient condition.
Thus, the estimate may be high.
There are many bit categories listed above that were not analyzed in this study.
The current method used to develop DCMs is not efficiency conscious. That is, there was
no conscious attempt to make the DCMs efficient. This is discussed more in the following
section.
THE DCM DEVELOPMENT PROCESS AT EDWARDS
When a project starts up at Edwards AFB, a frequency spectrum (or set of spectrums) is
usually allocated based on projected requirements. Although these are not set in stone and
may change, keeping to these allocations simplifies long term scheduling of frequency
resources. This up front allocation of spectrum leads directly to a maximum bit rate that
can be used. This, in turn, generally determines the size of the DCM. Note: this is done
before any specific test is even planned. Thus, the bandwidth is seldom, if ever,
determined based on a specific test’s requirements.
As the project progresses, parameters are identified for inclusion in the telemetry stream.
These parameters are added as needed and the DCM tends to grow over time. That is,
although new parameters will be added, it is seldom that parameters are removed – even if
they are no longer required. The main reason for removing parameters is if the DCM
actually gets full and new required parameters will not fit, or if a major phase of testing is
completed and a new phase started.
The main point here is that DCM development is not efficiency driven. But, then again,
there hasn’t been any reason to be so. Thus, the DCMs being developed would probably
be more efficient if the people developing them had a requirement to make them so. In
terms of this study, this means that the reported percentage of bits used in a DCM is, in
some sense, artificially low.
CHANGING SAMPLE RATE REQUIREMENTS
Figure 2 takes a quick look at the underlying sample rate requirements that feed into a
DCM design. Given a certain physical measurement, it does not seem that the number of
samples per second needed to capture its frequency should change. However, Figure 2,
developed from one of the projects sample rate specifications over the life of the project,
shows the specified sample rate does change. Specifically, this chart maps the number of
parameters against the number of different sample rates it was stated as requiring. In the

extreme case, a parameter had 12 different sample rates defined as its required rate.
The conclusion here, is that sample rate analysis could be better, or at least more
consistent.
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Figure 2 - Sample Rate Requirements
SIGNIFICANCE OF THE POWER-OF-2 RULE
The power-of-2 rule is pervasive in the DCM design community. The author has yet to
have a DCM designer say they do not use a variant of this rule. In contrast, some people,
when seeing the results of this study, have expressed surprise since their DCMs carry
nearly 100 percent information bits. This may very well be true since other applications
(for example missiles) have different requirements and environments from an aircraft
project at Edwards AFB. However, consider the power-of-2 rule – which these people
have said they use. This study showed about 36 percent waste per measurand as a
consequence of the power-of-2 rule. This is roughly consistent with the 37.5 percent
wasted when changing a rate of 5 to 8 or a rate of 10 to 16 – common scenarios.
Assuming these numbers are correct, even if a DCM carries 100 percent information
bits, if the design used the power-of-2 rule, the DCM is probably less than 65 percent
efficient.

CONCLUSIONS
This study shows that in practice DCM designs are less than optimal. A major reason for
this is simply that optimal DCMs have not been a requirement. This is rapidly changing
although a cultural change is needed before DCM designers are truly driven by efficiency.
Another reason for DCMs being less than optimal is that DCM design is difficult [4]. This
is a prime reason for the use of the power-of-2 rule. That is, this rule simplifies DCM
design significantly. Overcoming the difficulty of design requires further research into the
structure of DCMs and the development of automated DCM design tools. Both of these
are being pursued through projects at Edwards AFB. This study indicates that, if these
obstacles are overcome, better DCM design and better sample rate requirements analysis
could lead to a 2 to 5 fold increase in telemetry spectrum efficiency.
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ABSTRACT
Reduction in available radio frequency (RF) spectrum for use in aircraft testing has
steadily increased the probability of interference. The increase in users and required
bandwidth generates requirements for increased monitoring and active management of the
RF spectrum. The detection of background RF emissions and monitoring of authorized
users will be used by future range test engineers to make decisions on when and where to
conduct test missions to minimize the probability of interference. The detection of
authorized users exceeding their allotted RF spectrum as well as unknown emitters should
include: the general geographic area of potential interference, and times of transmission.
This paper outlines the development of a complete system for wide-band RF monitoring
to identify and locate active emissions. The RF surveillance system proposed must be
inexpensive, easy to maintain, support large area coverage, and monitor wide bandwidths
at long range. The system should contain software for emitter identification, which will
determine where the current background and authorized RF transmissions occur and how
they might effect authorized transmissions, and specialized software to alert spectrum
managers of potential interference scenarios in real time based upon the daily schedule.
KEY WORDS
Spectrum Reallocation, Automated RF Monitoring, RF Detection, RF Tracking,
Spectrum Management
INTRODUCTION
A combination of increases in the quantity of data required for testing aircraft and the
reduction in the available RF spectrum for use in ground to air testing has increased the
probability of interference between users. Currently, telemetry transmission for aircraft,
missile, and uninhabited aerial vehicle (UAV) tests uses the L-band (1,435-1,535 MHz)
and upper S-band (2,200-2,300 MHz, 2,310-2,390 MHz). Spectrum available for test and

evaluation use is decreasing due to the frequency reallocation by the U. S. Congress for
civilian use. A system is currently in place to schedule spectrum that is assigned to test
facilities. Its purpose is to try to reduce interference between users. The Western Area
Frequency Coordinator, located at Pt. Mugu, California, continually manages the assigned
spectrum using schedules and basic deconfliction software along with prioritization. This
system, however, can only react to the requirements and conflicts by the known users on
the schedule. The system cannot react to known users exceeding assigned limits or
unknown users. A system to schedule the requirements and avoid conflict is necessary.
Figure 1 shows the use of available telemetry spectrum at Edwards AFB, California,
through the year 2005. It is clear that spectrum management advances are necessary in
scheduling and use to accomplish future test requirements.
Spectrum Availability
Available (MHz)
300

250

200

150

100

50

0
All (Current)

Manned (Current)

Warc 93 (2000)

BBA-97 (2000)

Manned Spectrum Including Unmanned

Figure 1: Current and projected future use of RF spectrum for test and evaluation at
Edwards AFB, CA. Spectrum needs increase with advanced avionics systems data
requirements at the same time as the available spectrum for test and evaluation
decreases due to U.S. Congress reallocation.
The expanding use of the frequency spectrum and increasing bandwidths within a
decreasing frequency band is driving a need for an increase in monitoring of the usable RF
spectrum. It is becoming apparent that the detection of ‘on the air’ spectrum use will
become a requirement for spectrum managers to maintain an interference-free
environment. Currently program spectrum use is scheduled via an elaborate intrarange
deconfliction system. This deconfliction process can be very difficult to accomplish
without an accurate picture of the frequencies available for use, and the potential
interference that currently exists, authorized or otherwise. In the near future, advanced
avionics systems tests will be accessing common and ever shrinking spectrum. Test

ranges in the Western Test Range are located in common geographical areas, increasing
the potential for conflict. Information gathered by spectrum monitoring systems will be
required by spectrum management and range test engineers to support decisions on when
and where to perform test missions to minimize these conflicts.
DISCUSSION
Since 1992, the frequency spectrum in the United States and the world has gone through
many changes. Driven by advances in electronics and computers, today’s technological
revolution is demanding access to larger amounts of spectral real estate than were ever
previously available to the general public. In the past 5 years the federal government has
turned 305 MHz of frequency spectrum over to the Federal Communications Commission
(FCC) for auction to support these new ideas and technology. Of the spectrum
reallocated, 205 MHz of this spectrum has been below 3 GHz and of that 126 MHz or 61
percent (Figure 1) are currently used in direct support of the test community. This is being
done due to the fact that the spectrum used in test support does not meet the requirements
necessary to be excluded for consideration of reallocation. In fact quite the opposite is
true, spectrum used for test support is ideal for reallocation. The established band
selection criteria and the current trend in spectrum reallocation sends a clear message to
the test community. That is, without tactical significance or national security utilization we
can expect future spectrum reallocation efforts to look to the test community to supply the
spectrum.
The telemetry bands are not the only part of the frequency spectrum reallocated that has a
major impact on the test community. The reallocation of the bands between 1,385 to 1,435
MHz have rendered the advanced range data link (ARDs/RAJPO) almost useless. This
data link is used in flight test for precision time space position information (TSPI) that is
unavailable by any other means. Accurate TSPI is critical to all flight tests and is the
fundamental premise upon which these flights are based. The remaining 35 MHz of
spectrum available in the tuning range is heavily utilized which makes the availability of
additional channels for system expansion virtually nonexistent. Estimates for moving the
link are in the range of $25M to $40M, but there is no suitable portion of the frequency
spectrum available to move the link into. An attempt has been made to preserve the link
for 10 years around the 23 ranges that currently use this device. Unfortunately, these
protected sites are only protected for an 80 to 160 Km radius around the center point of
the test ranges. Even the 160-Km radius is barely sufficient to operate the link for 8
minutes at 600 knots and does not account for the 400-Km line of sight distance if
operated at 30,000 feet AGL. Although the effort to preserve the link at the current 23
operating locations is greatly appreciated, these restrictions are going to be difficult if not
impossible to operationally manage.

Spectrum reallocation was not over on 1 January 1998 when the final report for the current
reallocation effort was due. The apparent success of the FCC’s recent license auctions
and the nearly $8B in fees that have been collected will surely spawn further forays into
government territory for additional spectral real estate. In addition to the perceived
success of the FCC auctions, the Consumer Electronics Manufacturers Association
(CEMA) is still attempting to push wireless communications services (WCS) and digital
audio radio services (DARS) into the heart of L-band (1,452 to 1,492 MHz). Working in
their favor, several other countries have launched satellites to provide DARS services in Lband. Congress and the FCC have authorized AsiaStar and AfriStar satellites (as part of
the WorldSpace system) because the antenna coverage area does not pose a threat to
telemetry in the United States. Closer to home, CaribStar satellite will definitely affect flight
test telemetry. Their applications have been blocked due to the high potential for
interference, but we cannot expect to hold off the entire world forever. If the current trend
in band continues, in the next round of spectrum reallocation the test community can
expect to lose additional spectrum.
If the test community expects to survive these reallocation efforts, comprehensive
monitoring of the RF spectrum will be required. Monitoring will be needed to ensure
efficient use of the spectrum resources and to determine potential interference scenarios.
The reduction of usable spectrum for testing, increasing bandwidth demand of advanced
avionics systems (telemetry data and video streams exceeding 5 Mb/sec), schedule
changes and delays, and the large geographical area used for advanced aircraft testing all
contribute to the difficulty of managing the available frequency spectrum. Frequency
managers and range schedulers currently rely on multiple databases, software programs,
and personal experience to adequately deconflict program spectrum requirements to
minimize interference.
Flight testing of advanced avionics and electronic warfare (EW) systems requires
spectrum characterization. This spectral identification takes two forms: to monitor the
planned mission emissions to perform an independent conformation of test events; and to
monitor unplanned emissions that may corrupt the test scenario. The identification of
known and unknown signals is necessary to understand the operation of modern avionics
systems. Modern systems are ‘smart’ in that they can independently react to the spectrum
environment making traditional test methods obsolete. Test of these new smart systems
will require comprehensive characterization of the environment in which they are tested so
that the test engineer can understand why the system reacted to the environmental stimulus
in a particular manner.
The ability to deconflict and monitor emitters in real time also relies on a database that has
to be complete, easily accessible, and up to date on emitter types and characterizations.
Emitter databases often contain obsolete waveform parametrics and emitters can drift

from operational specifications, limiting identification. Multiple emitters may overlap and
require additional processing for identification. Increasing amounts of test missions of
advanced avionics systems like the X-33 do not remain at one base but cross multiple
bases and areas of commercial activity. The RF spectrum data collected by the
surveillance system must be immediately available, in near real time, to identify areas where
data may be potentially lost due to interference. Therefore, an intelligent system must be in
place to use the data in near real time to identify emitters, their location and power, and
any possible frequency interference scenarios.
Some of the ranges currently have systems designed to monitor the RF environment to
resolve interference and monitor EW test and training scenarios. The RF
location/detection systems are currently used to characterize the RF environment for
testing and are sometimes used in combination with emission simulators. The RF
location/detection systems are also used in EW for location and jamming of enemy RF
emitters. A variety of equipment currently being used and evaluated could form the basis
of a future surveillance system. A brief description of these current technologies is
contained below.
Current RF Surveillance Systems
The Mobile Threat Evaluation System (MOTES) [1] is an RF receiving system used on
the range at Edwards AFB designed to measure signal characteristics during EW tests and
exercises. The MOTES is capable of collecting measurements in the 0.1 GHz to 18.0 GHz
range and identifying emitter signal parameters. Information can be provided in real-time
and postanalysis with recording of all instruments aboard the MOTES system. The
Multiple Threat Emitter Simulator (MUTES), along with the MOTES, is used to enhance
the threat scenarios at Edwards AFB. Table 1 lists the MUTES/MOTES capabilities.
Condor Systems (San Jose, California) produces a line of equipment developed for the
Advanced Carry-On Electronic ELINT/ESM System (ACES) [2]. The ACES is a fully
automated ELINT/ESM system which combines long range signal detection, high
probability of intercept, fine grain parameter measurement and complex signal handling in
both the microwave and (optionally) the millimeter frequency range.

Table 1: The Multiple Threat Emitter Simulator (MUTES) was designed to simulate
a variety of radar signals, and the Mobile Threat Evaluation System (MOTES) is a
radio frequency receiving system designed to measure signal characteristics during
electronic warfare tests.
MUTES/MOTES CAPABILITIES
MOTES

MUTES

IFF Tracking aided assisted by Optics
Collects 0.1 - 18.0 GHz Signals
Measures frequency modulation
characteristics
Measures velocity countermeasure
characteristics
Measures signal power, bandwidth
center frequency
Measures amplitude modulation
characteristics
Measures pulse modulation and scan
characteristics
Mobile

IFF Tracking assisted by optics
120 Signals Preprogrammed
Simulates SAM, AAA, EW, TA,
and AI systems
Simulates 10 preprogrammed
threat families
Five simultaneous signals
Modifiable signal parameters
NOTES:
1. SAM – Surface To Air
Missile
2. AAA – Anti Aircraft
Artillery

The ACES system provides the capability to conduct a RF spectrum search scenario,
collect waveform parametrics, resolve these parametrics against a user defined emitter
library, and report active emitter transmissions to the operator. Signals not resolved by the
emitter library generate a generic Active Emitter Report (AER). Multiple receivers are
capable of performing a Time Difference of Arrival (TDoA) to geo-locate the transmitter.
Signals captured by a directional antenna can be resolved to determine a Line of Bearing
(LoB) to the contact. With both emitter identification and position, an effective tool for
managing RF spectrum is available. The ACES system specifications include 0.5 to 18
GHz (optional to 40 GHz) coverage; 500 MHz of instantaneous bandwidth; programmable
emitter library containing up to 4,000 emitter modes (optionally to 10,000).
Hardware/Algorithms/Database used for Emitter Characterization
Currently there are several databases available for use in the characterization of emitters.
The databases in use are incomplete, inadequate, and are not connected. Currently there
are several groups collecting data to try to develop a more complete database. This is an
ongoing effort.
Current Data Tools for RF Spectrum Management
There are several spectrum management tools available for maintaining and updating
Spectrum Management records.

Joint Spectrum Management Software (JSMSWIN Jay Sims for Windows). Used by the
Army and Air Force, this software is a comprehensive set of tools for the base level
frequency manager to maintain his/her frequency database, perform basic link analysis,
interference analysis, and engineering analysis. It is written and maintained by the Joint
Spectrum Center in Annapolis, MD., and is available for free to any government spectrum
manager. The database is updated via the Government Master File (GMF CD) by
extracting pertinent data and uploading into the JSMSWIN on a monthly basis.
The Automated Spectrum Planning, Engineering, Coordination, and Tracking System
(ASPECTS). is used by the Navy and is basically the Navy version of the JSMSWIN
product except that it has predefined frequency requirements for every Navy ship. This
feature makes it relatively easy for a Navy spectrum manager to buildup the
communications requirements for his area.
Spectrum 21. The follow on to JSMSWIN, it is 80 percent identical to JSMSWIN. The
major difference is in its maximum database size, structure and network capabilities.
Spectrum 21's database is much more robust and can handle a much larger database. It
also uses a SIPR net (classified internet) connection to maintain database updates.
The Joint Terrain Analysis Program (JTAP). A propagation analysis tool developed by
SENTEL Corporation, using the Terrain Integrated Rough Earth Model (TIREM)
developed by the National Telecommunications and Information Administration. JTAP is
used to predict radio coverage in a geographic area using DTED data from the National
Imagery and Mapping Agency (NIMA).
RF Systems Research and Development
The detection, locating, and monitoring of planned and unplanned emitters is valuable
information for frequency managers, flight test engineers, command and control systems,
and for other military purposes. The emitters must be characterized effectively and in realtime situations to provide useful information. Most emitter and area RF characterization
occurs after the test is completed. Software (complete databases) and hardware solutions
need to be combined to adequately characterize the test or battlefield environment. A
specially developed software system must be realized to alert spectrum managers of
potential interference scenarios in real time based upon the daily schedule. The system
should also be able to access a database of past scheduling as well as a current daily
schedule of authorized users for information collection. The proposed system needs to
compare the database with current use and identify authorized emitters, any unknown
emitters, and potential interference scenarios using intelligent computation and processing
in real time.

SOLUTION
To ensure that the spectrum remaining for access to government users is properly and
fully used it will be necessary to maintain strict control of those signals allowed operations
in a given area. In order to maintain this control it will be necessary to continuously
monitor or ‘police’ the spectrum to guarantee that programs do not cause interference to
each other. Monitoring of the spectrum can be a very complex and nearly impossible task.
For this requirement we will only monitor the three telemetry bands (L, S, and upper Sbands) for center frequency, signal bandwidth, and time of occurrence. With this data it
will be a simple task to check scheduled mission data and ensure that programs are
operating within their assigned operating parameters (i.e., time, frequency, signal
bandwidth).
There are basically two different types of collection systems that are capable of providing
the required data for this purpose. The first is a receiver-based system, and the second is
a spectrum analyzer-based system. Receiver-based systems provide fast scanning with
high probability of intercept for highly dynamic signal environments. They provide
excellent amplitude, frequency, and time of intercept, but do not measure bandwidth
easily. Spectrum analyzers measure frequency, bandwidth, and time of intercept very well,
but are slow which decreases the probability of intercept dramatically. For the purposes
of monitoring the telemetry spectrum where the environment changes very predictably and
slowly, a spectrum analyzer-based system will work more than adequately.
Proposed System
For our system, we have chosen to use a Hewlett Packard model 8566B spectrum
analyzer. The computer code necessary to make the system operate will work with little or
no modification o n other Hewlett Packard analyzers. With the spectrum analyzer we will
use a TECOM 1 to 4 GHz omni directional antenna, K&L preselector filter, and a MITEQ
AFS-44 pre-amplifier to complete the system. This basic system with the addition of a
GPIB capable computer will have more than enough capability to monitor and record the
activity in the telemetry bands. The system configuration is shown in Figure 2.
The collection technique for this system will be to digitize spectrum analyzer trace data
and read it into the computer where it will be processed for signal identification. The
spectrum analyzer output data is a 1,000-point data array, which corresponds to received
amplitude vs. frequency data that is displayed on the analyzer screen. Program goals will
be to gather 50 data points for every 1 MHz of spectrum or 5,000 data points for L-band
(1,435 to 1,535 MHz). The data from individual 1,000-point sweeps (20 MHz of spectrum
per sweep) will be concatenated into one large array and processed as a whole. The trace
array will be processed by simply examining each individual data point for power levels
above a predetermined threshold. When the data exceeds this threshold (signal start) a

Figure 2: Proposed RF Detection System
counter will be started to count the number of data points until the signal drops below the
threshold (signal stop). Once the number of data points have been counted the signal
bandwidth (Bandwidth MHz = Number of data points * .02) can be measured. Center
frequency can be determined by halving the bandwidth and adding it to the signal start
assuming the signal is symmetrical. Additional frequency accuracy should not be required
as telemetry transmitters always tune in increments of 500 KHz (except satellites and space
vehicles). This coarse frequency measurement technique should yield results better than
100 KHz depending on the radiated signal bandwidth. Time will be added to an intercept
from the computer system clock prior to writing the data to the signal’s data file. This data
file will be written out as ASCII text as frequency, bandwidth, and time of intercept to
enable it to be read by most any windows-based processing tool such as Excel, or
Access.
This configuration will yield a noise figure of 10 dB and should have a detection range of
4.6 Km for a 99 percent (-25 dBc) bandwidth measurement. This was found using the
following equations:

PtGtGrLtλ2
R =
( 4π ) 2 Pr
2

Pr = KTBrTsTb

Br
Bt

Pt = Transmitter Power (5w)
Gt = Transmit antenna gain (0 dBil)
Lt = Transmitter cable / splitter losses (3 dB)
Gr = Gain of the receive antenna in direction
of the desired transmitter (0 dBic)
K = 1.38X10-23 W/Hz/oK
T = 273o K
R = Distance to desired transmitter in meters
λ = Wavelength in meters
Bt = Transmitted signal bandwidth in Hz
(typically 1 MHz)
Br = Receiving system bandwidth (100 KHz)
Ts = Signal Threshold above noise (10 dB)
Tb = Threshold for bandwidth measurement (25 dB)

Sweeping, digitizing, reading, and processing the five traces necessary to characterize Lband should take less than 20 seconds to complete. This, combined with the other two
bands (S-band 2,200 to 2,300 MHz, and upper S-band 2,310 to 2,390 MHz), should allow
all three bands to be sampled once a minute, which is more than adequate for this
requirement.

Proposed System Cost
The total cost of the detection system hardware will be less than $100,000 per system.
The software support for frequency deconfliction is under development. One proposed
system will probably be sufficient for Edwards AFB to track aircraft spectrum usage and
interference. The system will be setup for monitoring at the end of the flight line to easily
gather data from every aircraft in use.
CONCLUSIONS
In the face of ever decreasing spectrum availability and increasing demands for data
quantity and quality from the aircraft T&E community, spectrum management is presented
with the goal to achieve more with less. To maximize the probability of achieving this goal,
the need for actively managing spectrum use is necessary. Integrated and automated
systems to schedule and monitor spectrum facilitate the proactive management of this
valuable resource. Identifying and eliminating spectrum conflicts early in the T&E process
reduces the cost and frustration of our customers. Future development should focus on
computer software for the control of all the system components to facilitate near real-time
data use, the development of an inclusive database of known emitters, and component
cost. Increasing the distance of detection should also be addressed. As more users
require spectrum, continued research into spectrally efficient modulation techniques and
demand assignment multiple access-based systems become more important.
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ABSTRACT
FQPSK is the abbreviation for Feher Quadrature Phase Shift Keying (FQPSK)
patented systems [1]. Digcom, Inc. licensed FQPSK products demonstrated significant
spectral saving and RF power efficient robust BER performance advantages. These bit
rate agile modems and Non Linearly Amplified (NLA) transceivers, DSP and hardware
implementations, and in some instances “software-radios” (20kb/s to more than100Mb/s)
and RF frequency agile (from 150MHz to more than 40GHz) developments and systems
have recently been demonstrated and deployed. The spectral efficiency, i.e., data
throughput capability of the 1st generation of FQPSK, as demonstrated in initial Advanced
Range Telemetry (ARTM) flight tests, approximately doubles while 2nd generation
“FQPSK-2” systems have the potential to quadruple the spectral efficiency of operational
PCM/FM telemetry systems and be backward compatible with the 1st generation of
FQPSK technologies. It is also demonstrated that the spectral efficiency advantage of
FQPSK over that of NLA power efficient GMSK, OQPSK and QPSK modulated
transceivers is in the 50% to 300% range and that the potential spectral efficiency
advantage of FQPSK-2 over GMSK [1] is in the 200% to 500% range.
Based on extensive multi-year studies of alternative solutions for spectral and RF
power efficient, robust BER performance systems, several commercial US and
international organizations, AIAA, CCSDS, NASA, ESA, CCSDS and various programs
of the US Department of Defense (DoD) concluded that FQPSK offers the most
spectrally efficient high performance-high speed proven technology solutions and
recommended FQPSK standardization for several data links. Initial DoD-ARTM Program
Office Air-to-Ground L-band and S-band jet airborne telemetry Test and Evaluation
(T&E) data, obtained during the summer of 1998 are briefly highlighted. These include
simultaneosly tested FQPSK and PCM/FM. In these tests the following ARTM objectives
have been demonstrated: (a) FQPSK approximately doubles the spectral efficiency of
*

Significant parts of the material in this publication are based on publications,
inventions and patents of K. Feher et al. And rights remain with K. Feher – Digcom
[1].

currently operational PCM/FM; (b) The Data Link Performance of these two systems is
comparable. The American Institute of Aeronautics and Astronautics (AIAA) draft
modulation standard recommended to the DoD, NASA and CCSDS, was approved by
the AIAA [23]. The AIAA standard recommends “that FQPSK modulation be
immediately adopted as the interim increment–1 standard.”
KEY WORDS
FQPSK -

Feher Quadrature Phase Shift Keying patented systems [References 1 and 2]

GMSK -

Gaussian Minimum Shift Keying - Feher’s patented cross-correlated quadrature
GMSK implementations [References 1 and 2] are highlighted in this publication.
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-

1. FQPSK Offers a Proven Technology Solution for Robust Performance
Increased Data Rate in Decreased Available Spectrum
The most important - efficient high performance communications requirements include:
• spectral efficiency (e.g.,out-of-band Integrated Adjacent Channel (ACI) spectrum @
−70dB)
• robust BER = f(Eb /N0)
• Non-Linearly Amplified (NLA), i.e., fully saturated or C-class transceivers
In this paper NLA spectrally efficient Feher patented FQPSK [1] transceiver
developments having significant advantages over linearly amplified modulated and over
other NLA systems are highlighted. References, including [1-23], present technical
information and other relevant data related to FQPSK. Performance charts demonstrate
that RF power efficient FQPSK systems double (200%) the spectral efficiency over that
of compatible OQPSK, GMSK systems (having a comparable simple hardware and
software - DSP implementations) and that FQPSK is more than 400% spectrally efficient
than filtered NRZ-BPSK, MSK or NLA conventional QPSK [2]. The spectral efficiency
(data throughput capability in an authorized RF spectral band of FQPSK) is double that
of the currently-operational PCM/FM telemetry systems. It is also demonstrated that
FQPSK operates over the PCM/FM installed base infrastructure, including entire receivers
and down-converter IF stages.

In an AIAA - January, 1998 announcement it is stated that approaches for new
standards should consider only proven techniques and should meet the following
performance guidelines:
(1) capable of operation at bit rates of 1Mb/s and above while achieving; (2) high RF
spectral efficiency using;
(3) non-linearly amplified (e.g., fully saturated) RF devices without additional IF or RF
filters, and
(4) displaying robust bit error rate performance without coding.
The FQPSK technologies meet and exceed the aforementioned AIAA-stipulated
requirements and, as of the Summer of 1998, FQPSK [1] has been recommended by the
AIAA for standardization by the DoD, by NASA and by the international CCSDS[22] for
DoD-NASA–CCSDS applications and other “dual-use” spectrally and RF power efficient
standards [15-23].
For dual-use commercial and defense technologies and products for U.S. and
international applications, FQPSK spectral saving and bit rate & RF frequency agile digital
radio transceivers demonstrate better BER performance than compatible GMSK, MSK,
OQPSK and QPSK, PCM/FM.
2. Increased Data Rate Requirements in Reduced Spectral Environments
An Illustrative Example: The 17Mb/s bit rate filtered QPSK [2], fully saturated or C-class
RF power efficient 0.5Watt to 100 Watt RF transmitter operated between 150 MHz and
5.7GHz or other RF bands exhibits a significant spectral restoration. Linearly operated
high power RF amplifiers are too expensive or too large, have unacceptably large gain and
power variations and/or are not available for low dc voltage/low power, e.g., 3V dc
battery operation. For these reasons C-class fully saturated cost/power efficient smaller
NLA transceivers have to be implemented. The NLA spectral efficiency improvement
attained by FQPSK over filtered QPSK in the critical −40dBr to −70dBr range is more
than 300% and over filtered OQPSK more than 200% [2;8;13; 14;15]. The Adjacent
Channel Interference (ACI) results, −65dBr, demonstrate the approximately 2:1 FQPSK
(and 4:1 of FQPSK-2) data packing advantage over GMSK (matched 4th order Gaussian
receive filtered GMSK [1;14;15].

Fig. 1 Experimental hardware results indicate that FQPSK has the potential of doubling
(200%) the data throughput, i.e. spectral efficiency of operational PCM/FM telemetry
systems [1-23]. FQPSK 6x13 Mb/s bit rate, instead of 3x13 Mb/s with PCM/FM, would
be attainable in the authorized 90 MHz S-band.

Fig. 2 BEP (Bit Error Probability)- measured performance of a 17 Mchip/second Spread
Spectrum FQPSK, manufactured under Feher’s patents by Lockheed Martin and by L-3
Communications Inc. demonstrate the outstanding BEP=f (Eb/No) performance of spread
spectrum FQPSK. Application has been in the FCC-15 ISM bands and other commercial
WLL RF systems-data links.

Fig. 3 Integrated ACI (Adjacent Channel Interference) computer-generated results of
FQPSK (Curves 1 and 3) and GMSK Feher patented [1] NLA systems with simple
receive FQPSK filters and for GMSK 4th order Gaussian filters (curve 4) and JPL/NASA
optimized more advanced/complex filters (Curve 2). These computer-generated results
based on [14; 15] have been practically confirmed by experimental hardware results by E.
Law [3].

Fig. 4 Spectra of FQPSK [1; 3; 5] and PCM/FM [3; 4; 5;11] measured results at 17 Mb/s
rate, NLA, in L and S Bands, downconverted to 70 MHz illustrate the potential doubling
of the data transmission rate of operational systems with FQPSK.

COTS products: Coherent QPSK based systems, such as OQPSK and interoperable
and compatible FQPSK have been used and manufactured in large volumes in the USA
and globally at higher than 1Mb/s rates – to several 100Mb/s. GMSK has only lower
speed coherent/high performance (e.g., 270.833kb/s GSM) COTS products.
FQPSK performance advantages over that of GMSK include:
BEP robustness (approx. 1-2dB) FQPSK advantage over GMSK @ BEP=10−2 to 10−4
range
FQPSK spectral efficiency advantage 25% to 100% range if Nonlinearly Amplified
(NLA)
FQPSK-2 spectral efficiency advantage over GMSK 200% to 500%
Simpler Product, e.g. FQPSK has 4th order Tx-Rx filters versus 100-plus taps GMSK
Smaller size - less dc power requirement - as 4 sample/symbol versus 8 sample
Considerably lower cost implementation for above 1Mb/s rate
FQPSK high speed (1Mb/s, 3Mb/s and 17Mb/s to 40Mb/s) hardware products COTS
have been demonstrated - while high speed GMSK is much more complex; still in R&D
4. Recent Background INFORMATION Highlights:
n
n

n

n

DoD’s RDT&E Spectrum Requirements Working Groups (WG), based on previous
CBD solicitations, considered several spectral efficient modulation proposals.
AIAA NASA/JPL, DoD, industry and university extensive multiyear studies found that
FQPSK is the most spectrally efficient robust BEP performance RF power efficient
COTS modulation.
The availability of Feher patented FQPSK and GMSK licensing and technology
transfer on equal-opportunity, non-discriminatory fair market value basis for dual-use
commercial and military applications has been announced [1].
AIAA-approved recommendation to DoD, NASA and CCSDS to standardize on
FQPSK [23].

Fig. 5 FQPSK spectral efficiency advantages over other NLA transeivers

Fig. 6 Standardized/Specified FQPSK parameters of DoD's FIRST [7]

5. Exemplary Achievements of FQPSK-GMSK Licensees
Some of the achievements attained by members of the International FQPSK
Consortium [1], cooperating organizations and licensees are highlighted in this Section.
Lockheed Martin (Salt Lake City, UT) designed units and (renamed L-3
Communications, Inc.) later manufactured products of Feher patented FQPSK-GMSK
demonstrated, at 17Mb/s “clear mode” and 34Mchips/s spread spectrum mode, very
close performance to theoretical optimum performance. L-3 Communications, Inc.Conic, San Diego, CA, has demonstrated excellent FQPSK modulation BER
performance and more than 2:1 data rate increase in several authorized RF bands through
Conic’s power efficient NLA 5Watt RF power “CRI-400 series” standard radio systems.
Interstate Electronics Corporation (IEC), Anaheim, CA, is developing a NLA bit rate
agile medium/high data rate, miniaturized power/spectral efficient FQPSK system for the
U.S. Department of Defense (DoD). Another major DoD contractor investigated, tested
and evaluated FQPSK over more than 60Watt 1.7GHz NLA RF amplifiers and confirmed
the spectral savings advantages of FQPSK.
EIP Microwave, Inc., Milpitas, CA, is first in the world to demonstrate excellent
performance, up to 40GHz, with their FQPSK-GMSK licensed prototype instrumentation
products.
Digcom, Inc., El Macero, California demonstrated 1Mb/s rate FQPSK over 1.4GHz
400Watt, and 17Mb/s over 2.2GHz and 2.4GHz and 8GHz transceivers to DoD, NASA
and commercial organizations and also provided in-depth technology transfer training
courses, consulting services and licensed FQPSK-GMSK to several commercial
organizations active in cable and wireless systems and to defense contractors.
Digcom, Inc. has active FQPSK-GMSK Feher patented and related technologytechnical co-operative development agreements with the US Navy Pt. Mugu and China
Lake-CRADA), with JPL/NASA, Pasadena and an SBIR with the US Air Force,
Edwards AFB, CA. AYDIN Telemetry demonstrated to DoD, NASA and to
commercial customers in the USA and in Europe FQPSK high power NLA transmittersreceivers, including high speed bit rate agile demodulators and bit synchronizers. RF
Networks, Inc., Phoenix, AZ developed and has already delivered GSM standardized
rate 270kb/s, 1Mb/s, 3Mb/s and other FQPSK-GMSK RF frequency agile (in increments
of 5kHz RF) products to commercial and to government (DoD) and NASA customers.
The first aeronautical telemetry ARTM flight tests used RF Network, Inc. modems. The
FQPSK commercial cable, wireless and telemetry high performance-cost efficient
products, manufactured by Lockheed Martin, and more recently by L-3
Communications, Inc. and by RF Networks, have been used by numerous US and

International commercial organizations and also demonstrated to and tested by the
US Navy, US Air Force, US Army and NASA/JPL. Five years of extensive research by
NASA/JPL [14-20] and ESA on efficient modulation methods for telemetry and space
communications concluded that for US and global CCSDS systems FQPSK is the most
spectrally efficient robust BER technology. In DoD’s “FIRST” draft standard and for
several TELEMETRY applications FQPSK is the most spectrally efficient solution. For
the HIPERLAN European/Global TDMA-FDMA standard, WLL and WCDMA FQPSK
could significantly increase the data rate and data throughput.
Microdyne Communications Technologies Inc., Ocala, Florida, telemetry RF to IF
receivers have been used in numerous laboratory and in ARTM air to ground jet flight
tests. During the May 98 DoD-FIRST meeting, one of the presentations by Mr. Tony
Cirineo of the US Navy at Pt. Mugu, CA contained a description of preliminary Tests and
Evaluations of Microdyne’s demodulators used for FQPSK signal demodulation. These
tests, (performed under a CRADA between DIGCOM and NAWCWPNS) demonstrated
robust FQPSK performance-BEP with Microdyne demodulators.
6. FQPSK Used in AIAA-NASA-DoD Specifications
Following the CBD announced critical community review of FQPSK and GMSK and
of other proposed alternative technologies, FQPSK, the most spectral efficient solution
and robust BER performance high bit rate hardware and software proven technology with
COTS (Commercially Off-The-Shelf) available products has been specified for the AIAANASA-DoD standardization project [20-23].
7. ARTM Air-to-Ground Flight Tests of FQPSK at Edwards AFB, CA
The Advanced Range Telemetry (ARTM) tri-service Program Office, an Office of
Undersecretary of Defense CTEIP funded program (of the US Air Force, US Army and
US Navy) developed an extensive Test and Evaluation (T&E) facility for new generations
of telemetry systems. During the Summer of 1998, initial aeronautical simultaneous jet
aircraft air to ground flight tests of FQPSK and PCM/FM have been undertaken at the US
Air Force , Edwards AFB [11;17;21]. The predominant objective of these flight tests has
been to compare the performance of FQPSK and PCM/FM modulation methods and
transceivers using the aeronautical telemetry environment with PCM/FM as the baseline.
Bit Error Probability (BEP) performance and total link availability assessment has been
undertaken by the ARTM team.

Fig. 7 Standardized/Specified FQPSK parameters of the AIAA recommendation for US
Department of Defense (DoD), NASA and the International CCSDS [20; 23]

Fig. 8 NASA-JPL: FQPSK modem and 8.4 GHz NLA transceiver block diagram, used
for FQPSK tests and evaluations of 17 Mb/s Lockheed Martin designed and
manufactured & L-3 Communications Inc. manufactured FQPSK-GMSK Feher patented
systems and of 1 Mb/s rate RF Networks, Inc. FQPSK systems and BEP results [14; 22]

Fig. 9 ARTM Program's Airborne Telemetry Demonstration System and Ground Station
Telemetry Equipment used for FQPSK and PCM/FM flight tests in the L-band and Sband, with transmit power of about 10 Watt & flight distances of about 300 km [21]

During the Advanced Range Telemetry (ARTM) scheduled Conference Session at the
International Telemetering Conference, ITC-’98 in San Diego, October 98, further details
and test results will be presented by members of the ARTM team. Illustrative sample BEP
and datalink performance results measured in the L-Band (approx. 10 Watt RF power at
1480.5MHz & 1485.5MHz and in the S-band indicate that the data link and BEP
performance of the FQPSK is very similar to that of the baseline PCM/FM system.
Similar conclusions have been reached for a large class of “Flight Decks” that is, different
flight trajectories. T&E flights have been performed for the initial set of FQPSK and
PCM/FM comparisons for distances of up to 300km at low altitudes of only 150 meters
above ground level, medium altitudes of about 4,000 meters above ground, and of 10km
and higher altitudes ( for “supersonic flight corridors”). In the initial set of measurements
the airborne transmit antennas were omnidirectional “blade” and “button” antennas located
on the belly of the jet aircraft.
The primary objective of the flight tests for TIER-1 of the ARTM Program has been to
Test and Evaluate comparable datalink availability and BEP performance of the FQPSK
and of the PCM/FM systems. The spectral efficiency advantage of FQPSK (of
approximately 2:1 of FQPSK) has also been demonstrated to the respective Spectral
Managers. It is significant to note that in Line-of-Sight (LOS) environments, even at
distances of about 300km, error-free intervals of 20 minutes or longer have been recorded
on both systems, i.e., for LOS environments there was no noticeable “error-floor.” For
example, in one of the 20 minute measurement intervals at a 1Mb/s rate, 1,200 seconds x
1Mb/s = 1.2 x 109 bits were transmitted with a 20-minute average BEP of less than
BEP=10−9. While the aircraft was maneuvering, selective fade – NLOS (Non-Line-ofSight) induced burst errors have been observed on both systems.
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ABSTRACT
A new constant envelope modulation scheme for OQPSK, called FQPSK-O, is
presented. This modulation technique is an extension of the Feher Quadrature Shift
Keying (FQPSK) patented technologies, see Ref[l]. This scheme uses cubic spline
interpolation to generate very smooth baseband waveforms in order to increase the
spectral and power efficiency. Being a constant envelope modulation, FQPSK-O can
operate with class C power amplifier without spectrum regrowth. We achieve a more
compact spectrum with comparable bit error rate performance. For example, the spectrum
of FQPSK-O is 25% narrower than that of GMSK with BTb=0.3 and FQPSK-1 with
hardlimiter [2] at -40 dB attenuation point. For coherent demodulation under AWGN
channel, FQPSK-O has almost the same BER performance as FQPSK-1 with hardlimiter.
Both of them are better than GMSK with BTb=0.3 for BER < 10-4. In Rayleigh fading
channel, FQPSK-O outperforms GMSK with BTb=0.3 by 2 dB. FQPSK-O is an excellent
scheme for wireless and satellite communications which require high spectral and power
efficiency.
KEY WORDS
Modulation, FQPSK Feher’s quadrature phase shift keying, OQPSK, non-linear
amplification, and bandwidth efficiency.

1. Introduction
Constant envelope modulation techniques such as MSK, GMSK, and digital FM can
be non-linearly amplified without spectral regeneration. This is particularly important for
portable phones where battery power supply is limited. Modulation techniques can
improve the efficiency of wireless system significantly, with impact on cost, size, power
and spectral efficiency, data transmission, throughput speed, and capacity. The proper
combination of modulation and RF amplification technologies can further improve the
power and spectral efficiency of communication system.
OQPSK has been widely used for digital modulation. For example, GMSK with
BTb=0.3 has been adopted by GSM standard. GMSK with coherent demodulator can be
viewed as an OQPSK-type of signal [2]. FQPSK is another well-known OQPSK-type
modulation with good spectral and power efficiency. In this paper, we compare the
performance of FQPSK-O with that of GMSK with BTb=0.3 and FQPSK-1 in detail.
Further information on this subject can be found in [5].
An architecture and algorithm for constant envelope modulation with good spectral and
power efficiency, named FQPSK-O, is presented. Being a constant envelope modulation,
FQPSK-O can operate with class C power amplifier without spectrum regrowth. A
compact spectrum is achieved by applying the cubic spline interpolation to generate
OQPSK-type signals.
In section 2, the transmitter architecture is described. The block diagram and phase
mapping algorithm are discussed. We compare the phase trellis and I/Q channel baseband
waveforms of FQPSK- I and FQPSK-O. The power spectrum of FQPSK-O is obtained
by simulation and hardware experiment.
In section 3, the BER performance is obtained by simulation. It shows that FQPSK-O
is more power efficient than that of GMSK with BTb=0.3 for BER < 10-4 in AWGN
channel. In Rayleigh fading environment, FQPSK-O outperforms GMSK with BTb=0.3 by
2 dB.
We conclude in section 4 that the spectral and power efficient FQPSK-O is an
excellent scheme for wireless and satellite communications.

2. Transmitter
2.1 Simulation model
The architecture of the FQPSK-O modulation is shown in Fig. 1. The input binary data
bits with duration Tb are mapped into four possible phase angles. This phase mapping
algorithm is the same as that of OQPSK. Therefore, FQPSK-O is compatible with the
existing OQPSK coherent demodulators. In each symbol duration, two phase values are
generated. This sequence of phase values 2k are interpolated to achieve smooth phase
transitions. The number of the interpolated values per symbol is choosen large enough, in
order to have an acceptably small aliasing error and thus simplify the low-pass filter
design. The sine and the cosine values of the interpolated phase 2ki are obtained by table
lookup, where 2ki is the i-th interpolated phase value of the k-th symbol. These are the
InSphase and Quadrature (I/Q) baseband signals, which are used to modulate the carrier.
By summing these two modulated signals, we have a constant envelope signal which can
be non-linearly amplified without spectral regeneration.

Fig.1 Block diagram of the transmitter of FQPSK-O system.
In this paper, we use cubic spline interpolation [3]. Other interpolation methods such
as linear interpolation, cubic interpolation, cubic smoothing spline, and spline with tension
[4] have also been considered in [5].
In the actual implemetation of the transmitter, Iki = COS(2ki ) and Qki = sin(2ki ) are
converted to analog signals and then fed to low pass filters to remove higher frequency
components. The analog I/Q baseband signals are modulated with the carrier, added
together and amplified. Due to its constant envelope, FQPSK-O can be amplified with
fully non-linear (saturated, C-class or hard-limited) power amplifier without spectral
regrowth. Since we are using cubic spline interpolation, the phase is defined by a thirdorder polynomial of time within each symbol duration. By taking the derivative of the
phase with respect to time, we obtain the frequency as a second-order polynomial of time.
Hence, we could implement FQPSK-O as a frequency modulation using a voltagecontrolled oscillator.

In the simulation, we use baseband equivalent model. The I/Q baseband signals are
passed through the channel model. The receiver BPF is replaced by its equivalent LPF.
The I/Q channel eye diagram and phase trellis are plotted in Fig.2. The corresponding
diagram for FQPSK-1 with hard-limiter [2] are plotted in the right column of Fig.2 for
comparison. Note that the waveforms of FQPSK-O have more variations than that of
FQPSK-1. As a result, the side-lobe of the FQPSK-O spectrum is narrower than that of
FQPSK-1 and GMSK with BTb=0.3 (Fig.3). The PSD of FQPSK-O has the same mainlobe as that of FQPSK- I with hardlimiter till -27 dB attenuation. After -27 dB point, the
PSD of FQPSK-O is better than that of FQPSK- 1 with hardlimiter where it starts to
regrow. Moreover, the PSD of FQPSK-O is better than that of GMSK with BTb=0.3 till
S70 dB attenuation. For example, FQPSK-O is 25% better than GMSK with BTb=0.3 and
FQPSK-1 with hardlimiter at -40 dB attenuation point.
The ratio of out-of-band power to total power are plotted in Fig.4. The horizontal axis
of Fig.4 is the channel spacing normalized by bit rate. Based on the definition of the 99%
in-band-power, FQPSK-O has a spectral efficiency of 1.3 b/s/Hz, while GMSK with
BTb=0.3 has a spectral efficiency of 1.1 b/s/Hz.

Fig.2 I/Q channel eye diagram and phase trellis: (A) FQPSK-O (B) FQPSK-1 with
hardlimiter

Fig.3 PSD of FQPSK-0, FQPSK- I with hardlimiter and GMSK BTb=0.3.

Fig.4 Out-of-B and Power vs. Normalized Channel Spacing plot.
3. BER performance
The BER performance of the coherent demodulation of FQPSK-O, FQPSK-1 and
GMSK with BTb=0.3 in AWGN channel are obtained by computer simulations as shown
in Fig.5. The receiver BPF for FQPSK-O is a Butterworth 4th order filter with BiTb=0.55.
For GMSK with BTb=0.3 and FQPSK-1, a Butterworth 4th order BPF with BiTb=0.6 is
employed. Fig. 6 shows the eye diagram for the receiver.

Note that the eye openings are asymmetrical due to the non-constant group delay of the
receiver BPR FQPSK-O is about 0.2 dB worse than FQPSK-1 with hardlimiter. Both
FQPSK-O and FQPSK-1 outperform GMSK with BTb=0.3 for Eb/No < 10-4. Similar
results of comparing FQPSK-1 and GMSK are given in [6].

Fig.5 BER performance of coherent demodulation of FQPSK-O, FQPSK-1 (hardlimiter),
GMSK with BTb=0.3 and ideal QPSK with AWGN.

Fig.6 Eye diagram of the coherently demodulated FQPSK-O signals. Only in-phase
channel is shown. The bit rate is 7.27k b/s. The receiver LPF is a Butterworth 4th order
LPF with cut-off frequency at 2.0k Hz, which corresponds to a normalized IF bandwidth
of BiTb=0.55.

The BER performance of the coherent detection of FQPSK-O in slow Rayleigh fading
channel is depicted in Fig.7. Here, we assume perfect Carrier Recovery (CR) and Symbol
Time Recovery (STR). To obtain this result, we use the same set of receiver BPF as in
the AWGN case. The normalized Doppler frequency is fDTb= 1.65 x 10-3 , that
corresponds to a 40 Hz Doppler and a data rate of 24.3K b/s. A Butterworth 4th order
receiver BPF with BiTb=0.55 is employed for FQPSK-O. Ideal Gaussian BPF with
BiTb=0.6 is used for GMSK with BTb=0.3. Comparing with coherent detection of
GMSK with BTb=0.3, FQPSK-O is 2 dB better under the same BER requirements.

Fig.7 BER performance of FQPSK-O and GMSK with BTb=0.3 as a function of Eb/No
in Rayleigh fading channel. FQPSK-O outperforms GMSK by 2 dB.
4. Conclusion
A new modulation scheme for OQPSK using cubic spline interpolation is presented. It
increases the spectral and power efficiency. Being a constant envelope modulation,
FQPSK-O can be operated with class C power amplifier without spectrum regrowth.
FQPSK-O has a narrower spectrum than that of GMSK with BTb=0.3 till 70 dB
attenuation. Especially, it has 20% - 30% better spectral efficieny than that of GMSK with
BTb=0.3 from 40 dB to 70 dB attenuation. FQPSK-O is more power efficient than that of
GMSK BTb=0.3 for BER < 10-4 in AWGN channel. In Rayleigh fading, FQPSK-O
outperforms GMSK BTb=0.3 by 2 dB. Thus, FQPSK-O is an excellent scheme for
wireless and satellite communications which require high spectral and power efficiency.
5. Acknowledgments
This research has been supported by the State of California under MICRO grant
#96S192 and the Air Force under grant AFOSR-F49620-98-1-0097.

6. References
[1] K. Feher et a;: US Patents 4,567,602;4,339,724;4,44,565;5,491,457;5,784,402 and
Canadian Patents: 1,211,517;1,130,871;1,265,851 and post-patent improvements,
including Digicom’s proprietary ‘know-how’ and other US and international patent
pending/in applications-in-process. These have been licensed on an equal-opportunity,
non discriminatory fair market value basis for “dual-use”commercial and military
FQPSK-GMSK use, developments and other use and applications to large, medium
size and small corporations and organizations in the USA and Internationally by
Digicom, Inc. For FQPSK consortium, FQPSK-GMSK licensing and technology
transfer information write to: FQPSK Consortium-Digicom, Inc., 44685 Country Club
Drive; El Macero, CA 95618; USA; Tel.530-753-0738; Fax 530-753-1788.
[2] K. Feher, Wireless Digital Communications: Modulation and Spread-Spectrum
Applications, Prentice Hall, 1995
[3] C. de Boor, A Practical Guide to Splines, Applied Mathematical Science, Vol. 27.
Springer-Verlag, 1978
[4] A. K. Cline, “Scalar- and Planar- Valued Curve Fitting Using Splines Under Tension”,
Communications of the A CM, Apr. 1974, Vol. 17, No. 4
[5] T. F. Lee, “Spectral and Power Efficient Modulation Schemes for Digital
Communications”, Ph.D. dissertation, University of California, Davis, 1997.
[6] P. S. K. Leung and K. Feher, “A Superior Modulation Technique for Mobile and
Personal Communications”, IEEE Trans. on Broadcasting, Vol. 39, No.2, pp.288-294,
June 1993.

FQPSK-L: An Improved Constant Envelope Modulation
Scheme for QPSK
Tong-Fu Lee and Shih-Ho Wang
Dept. of Electrical and Computer Engineering
University of California
Davis, CA 95616
Chia-Liang Liu
Computer and Communication Research Laboratories
Industrial Technology Research Institute
Taiwan, ROC
Liu Bao
Tianjin University
School of Management
Tianjin, PR China

ABSTRACT
A new constant envelope modulation scheme and architecture for QPSK by cubic
spline interpolation methods which increase spectral efficiency and power efficiency,
named FQPSK-L, is presented. This modulation technique is an extension of the Feher
Quadrature Shift Keying (FQPSK) patented technologies, see Ref [1]. Being a constant
envelope modulation, FQPSK-L can operate with class C power amplifier without
spectrum regrowth. We achieve a more compact spectrum with comparable bit error rate
performance. For example, FQPSK-L is about 20% more spectral efficient than GMSK
BTb=0.3 from 40 to 70 dB attenuation point. Moreover, FQPSK-L intrinsically has spikes
at fc ± 0.5fb, fc ± 1.0fb, fc ± 1.5fb, ... which are useful for carrier recovery, symbol time
recovery and fading compensation. In Rayleigh fading channel, FQPSK-L outperform
GMSK BTb=0.3 by 0.8 dB. FQPSK-L is an excellent scheme for wireless and satellite
communications which require high spectral and power efficiency.
KEY WORDS
Modulation, Feher’s quadrature phase shift keying, QPSK, non-linear amplification,
bandwidth efficiency.

1. Introduction
Constant envelope modulation techniques such as MSK, GMSK, and digital FM can
be nonlinearly amplified without spectral regeneration. This is particularly important for
portable phones where battery power supply is limited. Modulation techniques can
improve the efficiency of wireless system significantly, with impact on cost, size, power
and spectral efficiency, data transmission, throughput speed, and capacity. The proper
combination of modulation and RF amplification technologies can improve the power and
spectral efficiency of communication systems.

QPSK has been widely used as digital modulation scheme. For example, IEEE802.11
Wireless Local Area Network (WLAN) Direct Sequence Spread Spectrum (DSSS)
adopts DQPSK as one of its modulation scheme.

An architecture and algorithm for constant envelope modulation scheme with good
spectral and power efficiency, named FQPSK-L, is presented. Being a constant envelope
modulation, FQPSK-L can operate with class C power amplifier without spectrum
regrowth. A compact spectrum is achieved by applying the cubic spline interpolation
method to QPSK type signals. Due to its non-offset scheme, a significant advantage of
FQPSK-L is that the non-coherent differential (or discriminator) demodulation scheme is
possible in addition to coherent demodulation.
In section 2, the transmitter architecture is described. The block diagram and phase
mapping algorithm are discussed. The spectral properties of FQPSK-L is obtained by
simulation.

In section 3, we compare the BER performance of FQPSK-L and GMSK BTb=0.3. In
Rayleigh fading, FQPSK-L outperforms GMSK BTb=0.3 by 0.8 dB.
We conclude in section 4 that the spectrally and power efficient FQPSK-L is an
excellent scheme for wireless and satellite communications.
2. Transmitter
2.1 Simulation model
The block diagram of FQPSK-L modulation architecture is shown in Fig. 1. The input
binary data with bit duration Tb are two-to-four level converted and mapped into phase

angle. There are only four possible phases, ±45E, ±135E, for FQPSK-L. The phase shift
for FQPSK-L are one of 0E, ±90E, ± 180E. To get a narrower spectrum, we have to
reduce the possible phase change. So, the sign of the 180E phase change depends on its
previous sign of phase shift. If the previous phase shift is -90E, then the current 180E
phase shift should be -180E instead of +180E. Once the unwrapped phases are gotten, we
can apply the interpolation methods to get smooth phase transition waveforms. The
smoothed phase 2ki are sent into the cosine and sine functions, respectively, where 2ki
stands for the i-th sample of the k-th symbol. These give the In-phase/Quadrature (I/Q)
baseband signals which are used to modulate the carrier. After summing the I and Q
signals, we have constant envelope signals which can be non-linearly amplified without
spectral regeneration.

Fig.1 Block diagram of the transmitter of FQPSK-L system.
We use cubic spline interpolation method [3] in this paper. Other interpolation methods
such as linear interpolation, cubic interpolation, cubic smoothing spline, and spline with
tension [4] have been considered in [5].
In an actual transmitter, Iki/Qki are D-to-A converted to analog signal and then followed
by Low-Pass Filter (LPF) to remove higher frequency components. The analog I/Q
baseband signals are modulated with the carrier and amplified by a power amplifier.
Because of being constant envelope, FQPSK-L can be operated with fully non-linear
(saturated, C-class or hard-limited) power amplifier without spectral regrowth. For cubic
spline interpolation, the phase curves are third order polynomials in each symbol duration.
By taking the derivatives of these polynomials, one can implement the equivalent FM
system using VCO (Voltage-Controlled-Oscillator).
In the simulation, we use baseband equivalent model. The I/Q baseband signals are
passed through the channel model. The receiver BPF is replaced by its equivalent LPF.
The natural cubic spline method is used in this paper.
The I/Q channel eye diagram and phase trellis of FQPSK-L are plotted in Fig.2. The
power spectrum density (PSD) of FQPSK-L and GMSK BTb=0.3 generated by

simulation are shown in Fig.3. Note thatFQPSK-L has spikes at fc ± 0.5fb, fc ± 1.0fb, fc ±
1.5fb, ... which are useful for carrier recovery, symbol time recovery and fading
compensation. The significant spectral property is that FQPSK-L is 20% to 25% more
efficient than that of GMSK BTb=0.3 from 40 to 70 dB attenuation range. To verify the
spikes in the spectrum of FQPSK-L, we can change the length of the input data, which is
a Pseudo Random Binary Sequence (PRBS) in the simulation. The longer the sequence in
time domain, the finer the resolution in the frequency domain. For example, by doubling
the input length of the PRBS, the spikes in frequency domain increase by 3 dB over the
continuous components. We use 2048 as the input data length in Fig.3.
The ratio of the out-of-band power to the total power are plotted in Fig.4. Based on
the definition of the 99% in-band-power, FQPSK-L with the cubic spline interpolation has
the spectral efficiency of 1.2 b/s/Hz, while GMSK BTb=0.3 has the spectral efficiency of
1.1 b/s/Hz. The FQPSK-1 [2] is also plotted in Fig.4 for comparison.

Fig.2 I/Q channel baseband waveforms and phase trellis of FQPSK-L

Fig.3 Power Spectrum Density of FQPSK-L (solid) and GMSK BTb=0.3 (dotted)

Fig.4 Out-of-Band Power vs. Normalized Channel Spacing plot for FQPSK-L, FQPSK- I
with hardlimiter and GMSK BTb=0.3.
3. BER performance
The BER performance of coherent demodulation of FQPSK-L, FQPSK-1 [2] and
GMSK BTb=0.3 in AWGN channel are obtained by computer simulations and the results
are compared in Fig.5. The horizontal axis is Eb/No in dB scale, where Eb is the bit energy
and No is the normalized noise power (power in 1 Hz bandwidth width). The vertical axis
is the bit error rate. Butterworth 4th order receiver BPF with BiTb=0.6 is employed for
FQPSK-L and Gaussian BPF with BiTb=0.6 is employed for GMSK BTb=0.3. The eye
diagram for FQPSK-L in receiver is shown in Fig.6. The bit rate used in this experiment is
7.27k b/s. The receiver BPF is Butterworth 4th order with 2.2 k Hz bandwidth which
corresponds to a normalized bandwidth with BiTb=0.6. Note that the eye openings are
asymmetrical due to the non-constant group delay of the receiver BPF.
The BER performance for coherent detection of FQPSK-L in slow Rayleigh fading
channel is depicted in Fig.7. Here, we assume perfect Carrier Recovery (CR) and Symbol
Time Recovery (STR). To obtain this result, we use the same set of receiver BPF as in
the AWGN case. The normalized Doppler frequency is fDTb= 1.65 x 10-3 that
corresponds to a 40 Hz Doppler and a data rate 24.3K b/s. The Butterworth 4th order
receiver BPF with BiTb=0.6 is employed for FQPSK-L. Ideal Gaussian BPF with
BiTb=0.6 is employed for GMSK BTb=0.3. Comparing with coherent detection of
GMSK with BTb=0.3, FQPSK-L is 0.8 dB better under the same BER requirements.

Fig.5 BER performance of coherent FQPSK-L (solid), GMSK BTb=0.3 (dashed), and
ideal QPSK dotted .

Fig.6 Receiver eye diagram of FQPSK-L

Fig.7 BER performance of FQPSK-L and GMSK BTb=0.3 as function of Eb/No in
Rayleigh fading channel. FQPSK-L outperforms GMSK by 0.8 dB.

4. Conclusion
New constant envelope modulation schemes and architectures for QPSK by cubic
spline interpolation methods which increase spectral efficiency and power efficiency are
presented. Being a constant envelope modulation, FQPSK-L can be operated in class C
power amplifier without spectrum regrowth. FQPSK-L has a narrower spectrum than that
of GMSK with BTb=0.3 till 73 dB attenuation. Especially, it is 20% to 30% more
spectrally efficient than that of GMSK with BTb=0.3 from 40 dB to 70 dB attenuation. In
Rayleigh fading, FQPSK-L even has better performance than that of GMSK BTb=0.3.
Another significant advantage of FQPSK-L is that it can use coherent, non-coherent
differential and discriminator demodulation. Discrete spectral components in FPQSK-L
can be used for carrier recovery, symbol time recovery, and slow fading compensation.
Thus, FQPSK-L is an excellent scheme for wireless and satellite communications which
require high spectral and power efficiency.
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X-33 TELEMETRY BEST SOURCE SELECTION, PROCESSING,
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ABSTRACT
The X-33 program requires the use of multiple telemetry ground stations to provide
continuous coverage of the launch, ascent, re-entry and approach phases for flights from
Edwards AFB, California, to landings at Dugway Proving Grounds, Utah, and Malmstrom
AFB, Montana. This paper will discuss the X-33 telemetry requirements and design,
including information on the fixed and mobile telemetry systems, automated best source
selection system, processing/display support for range safety officers (RSO) and range
engineers, and comparison of real-time data with simulated data using the Dynamic
Ground Station Analysis model. Due to the use of multiple ground stations and short
duration flights, the goal throughout the X-33 missions is to automatically provide the best
telemetry source for critical vehicle performance monitoring. The X-33 program was
initiated by National Aeronautics and Space Administration (NASA) Cooperative
Agreement No. NCC8-115 with Lockheed Martin Skunk Works (LMSW).
KEY WORDS
X-33, Telemetry, Best Source Selection, Telemetry Data Processing and Display,
Dynamic Ground Station Analysis
INTRODUCTION
Multiple telemetry ground stations are required to provide continuous coverage of the
flight test of the autonomous single-stage-to-orbit X-33, a scaled version of next
generation reusable launch vehicle (RLV). A combination of fixed and mobile telemetry
systems will be used to track the X-33 vehicle from launch at Edwards AFB (EAFB),
California, to wheels stop for landings at Dugway Proving Grounds (DPG), Utah, and
Malmstrom AFB (MAFB), Montana. See Figure 1 for the overall telemetry data flow for
the MAFB missions. An innovative best source selection system will be utilized to
automatically determine the best source based on the frame synchronization status of the
incoming telemetry streams from the multiple ground stations. These systems will be used

to select the best source at the landing sites and at NASA Dryden Flight Research Center
(DFRC) at EAFB to determine the overall best source between the launch site,
intermediate sites, and landing site sources. The best source at the landing sites will be
decommutated to display critical flight safety parameters for the RSOs. The overall best
source will be sent to the LMSW’s Operational Control Center (OCC) at EAFB for
performance monitoring by X-33 program personnel and for monitoring of critical flight
safety parameters by the primary RSO. The real-time telemetry data (received signal
strength) from each of the primary ground stations will also be compared during each
mission with simulation data generated using the dynamic ground station analysis (DGSA)
software model. An overall assessment of the accuracy of the model will occur after each
mission, and will provide the means to assess any re-entry plasma attenuation.
FIXED AND MOBILE TELEMETRY SYSTEMS
A combination of fixed and mobile telemetry systems are required to support the
continuous coverage of the X-33 flights. The systems selected have to be capable of
receiving a 1.44 mega bits per second (Mbps) pulse code modulation (PCM)/frequency
modulation (FM) signal in the S-band frequency range while maintaining a bit error rate
(BER) of 1x10-6 with a 6 dB margin. This margin is above the 13.1 dB signal-to-noise ratio
required to meet the BER. The encoding format of the data is randomized non return to
zero-level (RNRZ-L), and the polarization of the X-33 transmitting antenna is right hand
circularly polarized (RHCP). All the systems selected have the capability of
simultaneously receiving left hand circularly polarized (LHCP) and RHCP signals and will
use polarization diversity combining to match the polarization of the incoming signal which
can change relative to the ground stations as the X-33 vehicle maneuvers. Polarization
diversity combining can also help combat the effects of fading caused by plasma and
multipath. The only exception is the Air Force Space and Missile Center’s (AFSMC)
Detachment 2 (DET2) 23-foot telemetry tracker, which only receives RHCP signals. This
will not present a problem due to the high gain of this system compared to the other
systems.
The type of coverage is dependent upon where the systems are located. Single telemetry
coverage is required at the launch site, NASA DFRC, and intermediate sites. Redundant
telemetry coverage is required for landings at DPG and MAFB. The primary systems are
required to provide coverage out to 235 nautical miles. This slant range figure was
determined using a minimum 2-degree look angle with the vehicle at 100,000 feet. The
redundant systems need to cover at least the vehicle terminal area energy management
(TAEM) maneuver (approximately 25 nautical miles out). This is to ensure that critical
telemetry parameters such as landing gear status and vehicle global positioning system
(GPS)/inertial navigation system (INS) position information for landing are still obtained in
the event of the failure of one of the systems.

The data from the telemetry systems will be routed to different locations. The telemetry
data from the single coverage systems will interface with the communication network
shown in Figure1 to send the data to DFRC’s Range Operations Center (ROC). The
telemetry best source at the sites where there are redundant telemetry tracking sources will
interface with the communication network to send the data to the X-33 Mobile Operational
Control Center (MOCC) and the ROC. The telemetry data from the single coverage sites
and the best source from the redundant tracking sites will be recorded at the ROC. The
local best source will be recorded at the landing sites. The overall range best source will
be recorded at the ROC, and it is critical that the real-time best source is relayed to the
OCC. The OCC at EAFB is the primary monitoring location by X-33 program personnel
for all phases of the X-33 missions. The overall range best source will also be sent to all
the downrange sites to allow the RSOs to look at telemetry data before the X-33 gets
within range of the systems at their particular location.
All the telemetry assets required to support the X-33 missions were not available at EAFB.
Additional assets were made available through the creation of the ExTended Test Range
Alliance (EXTRA) described in a companion International Telemetering Conference (ITC)
98 paper titled, The X-33 Extended Flight Test Range (Reference 4). The telemetry
assets which will be used are listed below, and distribution of the assets to support X-33
landings at MAFB is shown in Figure 1.
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Figure 1 X-33 Telemetry Support for MAFB Flights

AFFTC Shadow Mountain 8-Foot System
DFRC Triplex 23-Foot System
DFRC-9 30-Foot System
DFRC Mobile Operations Facility (MOF)
6-Foot System
AF Space and Missile Center (AFSMC) DET2
23-Foot System from Kirtland AFB, New Mexico
Wallops Flight Facility (WFF) 18-Foot System
from Wallops Island, Virginia

Launch Site Coverage
Primary Coverage after Launch
Primary Coverage for DPG Landings and
Overflight Support for MAFB Missions
Redundant Coverage for DPG and MAFB
Landings
Overflight Support at Mountain Home AFB,
Idaho, for MAFB Missions
Primary Coverage for MAFB Landings

Table 1 is a summary of the systems that will be used to support the X-33 missions:

Diameter (ft)
G/T (dB/K)**
Polarization
Fixed or
Mobile
Link Margin
Above
Required 6 dB
Margin

TABLE 1 TELEMETRY SYSTEMS PARAMETERS
AFFTC
DFRC
DFRC-9*
MOF
WFF-18
Shadow
Triplex @
@ DPG
@ DPG &
@ MAFB
Mountain @
EAFB
MAFB
Launch Site
8
23
30
6
18
3.3
19
20
4
14.6
RHCP/
RHCP/
RHCP/
RHCP/
RHCP/
LHCP
LHCP
LHCP
LHCP
LHCP
Fixed
Fixed
Fixed
Mobile
Mobile
N/A

3.9 @
235 NM

4.9 @
235 NM

8.4 @
25 NM

-0.5 @
235 NM

AFSMC
DET2
@ Mountain
Home AFB
23
21.5
RHCP
Mobile
6.4 @
235 NM

61 NM max
range at 6 dB

* The DFRC-9 system will be located to DPG for the duration of the X-33 program.
** G/T (G over T) is a figure of merit for the antenna/front end that takes into account
both the geometric gain of the antenna and the equivalent noise temperature for the front
end measured in decibels per degrees Kelvin.
BEST SOURCE SELECTION
The best source selection system is a critical part of the X-33 telemetry support system.
The system will ensure that the best information possible on vehicle performance is
provided to X-33 program personnel and RSOs. The innovative system will be used to
automatically determine the best source based upon the frame synchronization status of
the incoming data between the landing site sources for the DPG and MAFB missions. Due
to the short duration of the missions, it is required that the best source be determined
automatically for quick response and minimal user intervention. It is required that a best
source selector system be used at the landing sites to determine the best source between

the primary and redundant systems and to mitigate data latency concerns. The time delay
to send the data from the two landing site telemetry systems to the ROC for best source
selection, and to send the best source back to the landing site over the Data Comm
network was unacceptable. It is more efficient and cost effective to use an on-site best
source selector. The overall best source determination will be made by a system that will
be located in the ROC at DFRC. The ROC system will need to select from three inputs
for the DPG missions and from five inputs for the MAFB missions shown in Figure 2.
The best source determined at the ROC will also be sent downrange to allow the RSOs to
monitor the X-33 performance before it gets within the coverage area of the telemetry
ground stations at their location.
The configuration of the Avtec Systems, Inc. Programmable Telemetry Processor (PTP)
(Reference 5) that will be used as the best source selector system is as follows:
o PC-based rackmount Pentium Pro 200 MHz CPU
o Windows NT Operating System
o Peripheral Component Interface (PCI) and Industry Standard Architecture (ISA)
Input/Output (I/O) Busses
o Receive up to six inputs using PCI Monarch Frame Synchronizer cards
o Transistor-Transistor-Logic (TTL) or RS-422 I/O
o ISA Synchronized Time Code Generator card
o Redundant power supply
o Serial Input, Serial Output, Best Source Select (BSS) Software Modules
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Figure 2 Telemetry Data Flow in the ROC for MAFB Flights

The PTP acquires telemetry data streams using serial data and clock signals from a bit
synchronizer, and a frame synchronizer card. The bit synchronizer will also be used to
derandomize the telemetry data before it is input into the PTP. The Monarch card
performs frame synchronization using an adaptive strategy, serial-to-parallel conversion,
and time tagging. The frames will be time tagged with Inter-Range Instrumentation Group
(IRIG)-B timing via the synchronized time code generator card. The frame synchronizer
card outputs frame data to the PCI bus. Synchronous TTL I/O will be used for the X-33
program. The TTL data and clock signals out of the PTP will be used to interface with a
PC-based decommutation system, Data Comm Interface, and digital recorder.
The frame synchronization method consists of four states: SEARCH, CHECK, LOCK,
and FLYWHEEL. The frame sync card will look for a valid 32-bit frame sync pattern
during the SEARCH state. The board will enter the CHECK state if N programmable
number (up to 7) of check frames are programmed. The LOCK state is entered when N
consecutive valid check frames are received. If no check frames are programmed, the
board will enter the LOCK state when a valid frame sync pattern is received. The board
will return to the SEARCH state if an invalid frame sync pattern is received during the
CHECK state. The LOCK state is maintained if consecutive valid frame sync patterns are
received. The board will advance from the LOCK state to the FLYWHEEL or SEARCH
state based upon the number of flywheel frames that are programmed. The number of M
flywheel frames are programmable from 0 to 7 frames. If no flywheel frames are
programmed, the board will go from the LOCK state to SEARCH state when an invalid
frame sync pattern is received. The board will go from the LOCK state to the
FLYWHEEL state when an invalid frame sync pattern is received if flywheel frames are
programmed. If M consecutive invalid frame sync patterns are received during the
FLYWHEEL state, the board returns to the SEARCH state. The board advances back to
the LOCK state from the FLYWHEEL state when a valid frame sync pattern is received.
This will ensure that the LOCK state is maintained even in the presence of random bit
errors.
The Monarch supports a frame sync bit slip window from 0 to + 3 bit periods wide. If a
bit slip occurs and a valid sync pattern is received within the programmed window, it will
adjust the bit count to accommodate the bit slip. The X-33 frame sync pattern will be the
32-bit pattern shown in Appendix C of the IRIG 106-96 Telemetry Standards document
(Reference 6).
The BSS module in the ROC PTP for the X-33 application will accept five data stream
inputs shown in Figure 2 for the MAFB missions and output the ‘best’ stream. The
module maintains a count of the number of good frames (valid frame sync code) received
on each input port and uses the frame counts to select the best stream according to the

input that passes the highest number of good frames to the module. The module will only
receive good frames. The frame counts are zeroed each time a best source is selected.
The following settings are available for setup of the BSS module:
Error Threshold -

Sample Millisecs –

Manual Override –
Allow Switch During Sample –

Fixed Priority –

Rotational Priority -

Use Triggered Sample Period –

Defines frame count value for switching from one
stream to another. For example: If the error
threshold is set for 10, then the best source will
switch to another stream if the current stream
exceeds 10 frame sync errors.
Defines sample period in millisecs (1,000 to
10,000) to count number of frames received from
each stream.
Allows user to manually select output stream.
As soon as error threshold is reached, the BSS
select module will switch streams instead of at end
of sample period.
Starts checking from stream 1 or lowest numbered
stream available to check for ‘good’ streams. For
example: If the current best source is stream 3, and
the error threshold is reached, the system will go
back to stream 1 or lowest available to check for
‘good’ streams.
If Fixed Priority is not selected, the system starts
checking from the current stream to check for
‘good’ streams. For example: If the current stream
3 exceeds error threshold, the system will start
checking at stream 4.
When enabled, it synchronizes Sample Period timer
to first detected error.

Extensive testing will be conducted to determine the optimum settings/configuration for
the frame synchronization boards and BSS module. The number of check frames and
flywheel frames to be used with the frame sync boards needs to be determined. The
impacts on the best source selection of different time delays between the remote sites and
the ROC system need to be analyzed. The entire X-33 Extended Flight Test Range will be
simulated to help model the conditions under which the systems will be utilized. For the
X-33 application, the system will most likely be setup to select the best source on a
rotational basis because the best source will move to the downrange systems as the X-33
vehicle progresses along its flight path. If the inputs for the MAFB flights are numbered
from 1 to 5 starting with the launch site source and ending with the landing site source, it

would not be acceptable to go back and check number 1 if the current source is number
4. It is preferable to check number 5 first if number 4 exceeds the error threshold rather
than going back to check at number 1. An input can also be disabled so that it is not
checked when looking for the best source. For example: The input corresponding to the
Shadow Mountain tracker can be disabled after the X-33 is out of its tracking range, and
the Triplex tracker has a solid lock on the telemetry signal. The system can be used in the
manual override mode to select the best source if the occasion arises.
TELEMETRY DATA PROCESSING AND DISPLAY
The telemetry best source needs to be processed to display parameters for RSOs and X33 range engineers. The requirements for monitoring by LMSW personnel are not covered
in this paper. The X-33 Range is only responsible for providing the raw telemetry best
source to the OCC. The processing & display systems are the following: Veda Series
3000 PC-based system running Windows NT for RSO support; AFFTC developed Test
Evaluation Command and Control System (TECCS) Instantaneous Impact Prediction
(IIP) system for RSO support; and a ROC Telemetry and Radar Processing System
(TRAPS) for X-33 Range engineering support. The processing and display requirements
for each of the systems are described below.
The X-33 RSOs located at the OCC (primary RSO location), intermediate, and landing
sites (backup RSO location) are required to monitor the performance of the X-33 vehicle
and subsystems to ensure that public safety is maintained. The telemetry data at the
various sites will be decommutated by the Veda system to display critical vehicle system
parameters for the RSOs such as vehicle Mach number, vehicle altitude, vehicle attitude,
vehicle angle of attack, voltage and current monitoring of each flight termination system
(FTS) battery, FTS battery temperature, etc. The RSOs at the landing sites will have the
ability to look at the best source sent from the ROC or the local best source via an A/B
data switch as shown in Figure 3.
The vehicle GPS/INS data that is decommutated will also be output over Ethernet at a 10hertz rate to the TECCS network shown in figure 4. The display of telemetry data on the
TECCS systems is a unique development. The present TECCS situational
awareness/mission control systems only display position data of airborne systems from
Federal Aviation Administration (FAA) and instrumentation radars. The GPS/INS
decommutated data will be repackaged into the TECCS message format to output over
Ethernet. Tied to the network are two (primary and backup) TECCS IIP systems that will
take in the GPS/INS data and also instrumentation and FAA radar data via the TECCS
Data Receive Unit (DRU)
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for redundancy so that the RSOs can monitor the position of the vehicle throughout the
missions. The GPS/INS data could also be used for slaving data for the other X-33
ground systems. The IIP systems are required to do calculations to display the following:
o Display nonlifting (post-FTS) IIP for intact vehicle
o Display footprint for post break-up debris field
o Display background data including destruct limits, population centers, airspace
boundaries,
glideslope, and runway alignment
o Use GPS/INS and instrumentation radar data for vehicle position information
Positive knowledge of X-33 vehicle position throughout ascent and powered
flight. Range Safety also needs information on the X-33 position during
transition, descent, and approach phases. (AFFTC RSRD [Reference 3])

FAA Radar Data
TECCS Data
Receive Unit
(DRU)

Tracking Radar Data

10 Mbps Ethernet TECCS Network
TM Best
Source

RSO TM Decom/
Display

GPS/INS Data
TECCS IIP
System

Figure 4 Telemetry Data to TECCS Network

TECCS IIP
System

The X-33 range ground systems engineers will also monitor telemetry parameters in the
ROC to help verify that the X-33 ground systems and some of the vehicle systems are
operating correctly. A ROC TRAPS will be used to process and display the required
information. Uplink, downlink, GPS, and FTS range engineers will be located in the ROC
to monitor the following types of parameters:
o Automatic Gain Control (AGC) voltages for the FTS command receiver decoders
o Uplink L-Band Receiver AGC voltages
o GPS receiver status (Have DGPS corrections been received?)
o GPS/INS data for vehicle position
o Vehicle telemetry status including primary versus backup system activations
o Vehicle S-band telemetry transmitter forward power, temperature, current, reflected
power
o Frame sync status of data from the various ground stations
DYNAMIC GROUND STATION ANALYSIS
The Dynamic Ground Station Analysis (DGSA) model developed by NASA Goddard
Space Flight Center in Greenbelt, Maryland will be used to generate simulated data that
will be compared with real-time data during the X-33 missions. Detailed information on the
DGSA model is included in the ITC 98 paper titled, X-33 Integrated Test Facility,
Extended Range Simulation (Reference 7). The AGC voltages from the LHCP and
RHCP primary telemetry receivers at the various locations will be sent over the X-33 Data
Comm network to allow monitoring by a TRAPS in the ROC as shown in Figure 2. The
AGCs are an indication of the received signal strength from the X-33 vehicle. The DGSA
model will calculate predicted received signal strength values based upon parameters such
as frequency, antenna gain, space loss, plasma effects, vehicle trajectory, etc. A display
similar to Figure 5 will be generated in the ROC to show the predicted signal strength
values versus the real-time AGC voltage values converted to dB scale. These values will
be recorded for later analysis to define how the model compared with actual real-time
data.
CONCLUSION
The X-33 range telemetry requirements, design, and implementation have been described
in detail. The requirement for continuous coverage of the X-33 vehicle from launch to
wheels stop at landing will be met by a combination of fixed and mobile systems from a
variety of organizations. The best source selector system will be used to automatically
determine the best source so that the best information is used for vehicle performance
monitoring by RSO, LMSW, and X-33 Range personnel. Extensive testing on the best
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source selector system will occur to determine the optimum settings for real-time support.
The X-33 telemetry stream will be decommutated to display parameters for the RSOs and
range engineers, as well as provide information in the unique TECCS message format to
calculate IIP plots to help ensure that public safety is maintained. Finally, real-time
telemetry data will be compared with data generated using the DGSA model to define how
accurate the data can be predicted using a software model.
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ABSTRACT
Communications support for the X-33 requires addressing several unique challenges to
meet program and range safety requirements. As an avenue to minimize costs, the
program has reduced requirements to the communications system, which lowered the cost
of networking the extended range. Cost trade-offs showed that by lowering the telemetry
data rate from 2 Megabits per second to 1.440 Megabits per second that significant cost
avoidance could be realized. Also, by adopting standard telecommunications data rate for
the uplink data stream, an efficient and integrated solution for the extended range
communications could be supported.
Meeting the program requirements as well as range safety requirements for this effort are
critical to the success of the program. This paper describes some of the important
requirements driving the design of the extended range communications support and the
design of the system to meet those requirements.
KEYWORDS
Extended Range, Communications, Range Safety, Flight termination, uplink, telemetry,
Differential Global Positioning System (DGPS).
INTRODUCTION
The Extended Test Range Alliance (ExTRA), a unique Government/Industry team of
personnel and range assets is responsible for the range support of the X-33 Single Stage
to Orbit (SSTO) technology demonstrator. A critical piece of the ExTRA support is the
data communications. The synthesis of the data communication network design is a
product of requirements inputs by Lockheed Martin Skunk Works (LMSW), Range
Safety, and Range Operations.

As with any program, the definition of requirements has been iterative. Requirements are
baselined, a trade study is performed, alternatives are presented, and then the baseline is
updated to reflect the best alternative from the trade study. This systems engineering
approach has been applied to several specific areas in support of the X-33. This paper
reviews three of the trade studies that drove the program to certain choices for the
telemetry, uplink, and Flight Termination System (FTS) activation designs.
REQUIREMENTS
The communications requirements for supporting the X-33 range operations are
numerous. The following list contains the subsystems that must be supported:
•
•
•
•
•
•
•
•

Telemetry
Radar/Acquisition Data
Voice
Uplink/DGPS corrections and DGPS integrity checking
FTS Activation
Computer network (Program and range)
Weather
Status monitoring and control

In addition, one of the more important requirements from range safety is to have two
independent sources of tracking data. One innovation on this program is the acceptance
of vehicle Global Positioning System/Inertial Navigation System (GPS/INS) data from the
vehicle as one of the sources. To meet the independence requirement, the telemetry data
path and the radar data path must not rely on the same communications paths from any of
the remote sites to the Range Safety Officer (RSO) console.
Range safety has developed an operational plan to locate the primary RSO at the
Operational Control Center (OCC) with alternate RSOs at each of the tracking sites. The
FTS transmitters will be turned on sequentially as the vehicle passes through the assigned
airspace. As each site is activated, the primary RSO at the OCC must communicate with
each site without any interaction on behalf of the RSO. As part of this program, new RSO
panels were developed to allow the RSO operational concept to be fully addressed.
The LMSW operational concept requires that the Mobile Operational Control Center
(MOCC) at the landing site serve as a backup to the OCC in case of catastrophic failure.
Requirements for the MOCC are to receive and process telemetry and accept Differential
Global Positioning System (DGPS) corrections from the range and produce an
independent uplink data stream.
Each uplink site has the capability to select the OCC or the MOCC as the source.

TELEMETRY EVOLUTION
The first iteration of requirements was for a 2 megabit per second (Mbps) telemetry data
stream to be downlinked to every tracking site and communicated back to Edwards for
processing and display in the OCC. Several alternatives were considered to meet this
requirement. These alternatives included inverse multiplexing, DS-3 smart multiplexers,
Asynchronous Transfer Mode (ATM), satellite communications, and lowering the data
rate for transmission over a single T1 (1.544 Mbps).
Inverse Multiplexing
Inverse multiplexing allows a large data stream to be transmitted over multiple smaller data
streams and properly reconstructed at the far end. For instance, the 2 megabit data stream
would be transmitted over two T1s at a much lower cost than a single DS-3. After
significant investigation, it was determined that inverse multiplexing techniques were not
mature enough to support the transmission of telemetry. Inverse multiplexing offers
tremendous promise for future programs, but when the trade study was performed, the
risks were too high to recommend this as a solution.
DS-3 smart multiplexers
Multiplexers that operate at DS-3 rates (44.736 Mbps) are a tried and true solution for
transmitting telemetry around ranges. However, the cost of leasing DS-3s between the
launch, overflight, and landing sites would run well over $100,000 per month. Out of that
DS-3, only 2 Mbps would be used in each direction providing for less than 5% bandwidth
utilization. The cost of end equipment, depending on vendor choice ranges from $60,000$240,000 for full duplex capability.
Asynchronous Transfer Mode
ATM is a cell switching technology that provides for bandwidth and cost efficiency by
using an inherent statistical multiplexing approach to data communications. ATM was
seriously considered, but like inverse multiplexing the service offerings and the ability to
support telemetry data was not mature enough to choose this option. The risks of
pursuing the technology versus the aggressive development and flight schedule of the X33 were too high to choose this option.
Satellite Systems
Satellite systems are often used for moving telemetry. Satellites allow for the use of the
right amount of bandwidth at the appropriate times. Considerations for a satellite solution
include:
• Cost of obtaining ground stations at each of the sites
• Buying or leasing

• Integration and test of the entire range system
• Full-time bandwidth or bandwidth-on-demand
• Bandwidth-on-demand scheduling conflicts
• Data latencies
It was determined that range safety data latency requirements prohibited the use of
satellites for the X-33 program.
Lowering Telemetry Bandwidth
Lowering the telemetry data rate so a single T1 can transport the data provides the lowest
cost and the lowest risk to the program from an extended range perspective. The end
equipment is inexpensive relative to the other solutions at about $15,000 per link. The
commercial leasing costs of each T1 is between $2500 - $5000 per month per site. So at a
fraction of the cost of any of the other solutions, full duplex telemetry links could be
established with low risk. The data rate was lowered to 1.448 Mbps and subsequently to
1.440 Mbps at the discretion of the instrumentation engineers.
The decision to lower the data rate on a test program of this magnitude is nearly unheard
of. Too many times have programs decided on a data rate and then had to suffer the
consequences of not being able to afford their first choice of flight profiles because of
communication costs.
UPLINK
The uplink data rate requirement was baselined at 8 kilobits per second (kbps). With
regard to telecommunications, 8 kbps is a non-standard data rate. It is possible to
transport an 8 kbps signal through either proprietary solutions or by over sampling and
sacrificing bandwidth to carry the non-standard data rate. The alternative to either
proprietary solutions or over sampling is to change the data rate. It was recommended that
the data rate be changed from 8 kbps to 9.6 kbps, a standard telecommunications data
rate.
The impact to this change was the hardware on the vehicle. The modem on the vehicle had
already been chosen and investigation was required to determine whether or not it could
support the 9.6 kbps stream. As other difficulties were discovered with that piece of
hardware, the second-generation unit on the vehicle allowed the data rate to change
without impact.
FTS NETWORK
The FTS command and control network provides for a primary RSO at the OCC to
control a network of Command Transmitter Systems (CTS) over the entire extended
range. A single panel is available to the RSO to provide command and status of up to five

CTS. Each remote site is manned with a RSO with a panel capable of controlling their
own CTS in case the primary RSO cannot control the downrange CTSs. Each panel is
programmed with the FTS tones for a particular mission and can be changed to support
other tone configurations. The panel controls each of the downrange CTSs with the
following commands:
•
•
•
•

Carrier On/Off
Monitor Tone On/Off
Arm Tone On/Off
Destruct Tone On/Off

Each panel is capable of displaying the active tones at each site. The handover from one
CTS to another is performed manually with voice calls. To avoid inter-modulation effects,
only one CTS can transmit at a time. Coordination of the handover ensures that the first
CTS is turned off prior to the second system being activated. The primary RSO panel has
a dedicated connection to each of the remote panels to provide for the centralized control
capability.
EXTENDED RANGE COMMUNICATION SYSTEM DESIGN
The design of the communications system accounts for all of the known requirements and
provides for some expansion to incorporate new and changed requirements. As shown in
Figure 1 and Figure 2, two networks support the X-33 range: the telemetry data network
and the range data network. The telemetry data network only transports telemetry
communications. The range data network transports all other data including:
•
•
•
•
•
•
•

Radar/Acquisition Data
Voice
DGPS/Uplink/DGPS integrity checking
FTS Activation
Network (Program and range)
Weather
Status monitoring and control

The telemetry and range data networks must be independent to meet range safety
requirements for redundant vehicle position information. At Edwards the telemetry
network will go out the western side of the base up to Utah, while the range data network
will be routed out a telephone exchange on the eastern side of the Edwards range. Access
into Hill AFB may be more difficult to remove all single points of failure and is still being

investigated. Communications between Hill and the ExTRA site at Dugway Proving
Grounds will be independent for the telemetry and mobile radar system.
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The telemetry network is composed of point to point connections between each of the
tracking sites and the Range Operations Center (ROC) located at Dryden Flight Research
Center (DFRC). Within the ROC, a best source selector will choose the best telemetry
stream to send to the OCC and down range to the RSOs for display of range safety
parameters and GPS/INS data. When landing at Michael Army Airfield (MAAF) at
Dugway, only one leased line T1 will carry telemetry. Figure 2 shows the architecture for
the rnage communications for the flights to Malmstrom AFB. Three leased lines for
telemetry will be used for flights to Malmstrom AFB; one from Hill AFB, one from
Mountain Home AFB in Idaho, and one from Malmstrom AFB in Montana.
The range data network is a T1 circuit that originates at Dryden and terminates at the
ExTRA site at Dugway for the short flights (Figure 1). For the longer flights, the T1
originates at Dryden, passes through Hill AFB where another T1 extends the network to
Mountain Home AFB, where another extends the network to Malmstrom AFB from
termination (Figure 2). At each of the overflight sites, data is terminated as necessary for
the local range resources and broadcast farther downrange. For instance, Figure 3 shows
the communications for the DGPS and Uplink for the long range flights to Malmstrom
AFB. The DGPS correction messages, which are essential for the X-33 autonomous
landing capability, originate at the ExTRA site at Malmstrom. The DGPS corrections are
broadcast to the MOCC and the OCC. To get from the ExTRA site to the OCC, the data
must pass through each of the other range tracking sites before arriving at the OCC. At the
OCC and MOCC, the DGPS is merged as required into the uplink data stream. This
uplink data stream must be available at all times at all uplink transmitters in the extended
range system. Notice that at the ROC (Dryden), the uplink is transmitted to a local
interface and broadcast downrange to the next range site at UTTR.
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One of the trade studies to support the range data network was the decision of which
multiplexer to use. The first decision was what types of approach to use, smart
multiplexers with multiple T1s and cross-connect and drop and insert capability or dumb
multiplexers that support point-to-point communications only. After reviewing the amount
of data to be passed and some of the functionality that was required, smart multiplexers
were chosen. Given the short schedule of the X-33, it was imperative that the units chosen
have all of the required capabilities without further development and procurement.
Minimum requirements for the smart multiplexers include:
• At least 8 T1s interface
• Support DS0-B protocol sub-rate multiplexing of low speed data
• Support non-blocking switching from any T1 channel to any other T1 and to
any low speed port
• Support voice compression
• Support broadcast of data from one T1 channel to multiple channels/ports
Results of the market survey yielded ADC Telecommunication’s ICX-2000 as the best
choice for supporting this effort.

CONCLUSION
Innovative techniques in the design of the X-33 range communications facilitate a highly
reliable low cost system that meets all of the program and range safety requirements. The
X-33 program considered the cost of moving telemetry from the receiver sites to the
engineers for real-time support as an integral part of their program rather than driving the
communications to meet a somewhat arbitrary data rate. By strategically selecting a data
rate, several hundred thousand dollars will be saved over the life of the short test program.
This is a paradigm shift; previously, either very high costs were incurred or the flight test
profiles were changed to avoid the need of expensive long haul commercial
communications support.
However, some of the trade studies initiated for this program are continuing for other
projects to serve the research and test and evaluation communities. Several of the
technologies, ATM and inverse multiplexing are maturing and are expected to be available
in the near future. These technologies will provide for an economical solution to linking
existing test ranges, to temporary mobile test sites, and even virtual and constructive test
facilities.
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ABSTRACT
Development of an extended test range, with range instrumentation providing continuous
vehicle communications, is required to flight-test the X-33, a scaled version of a reusable
launch vehicle. The extended test range provides vehicle communications coverage from
California to landing at Montana or Utah. This paper provides an overview of the
approaches used to meet X-33 program requirements, including using multiple ground
stations, and methods to reduce problems caused by reentry plasma radio frequency
blackout. The advances used to develop the extended test range show other hypersonic
and access-to-space programs can benefit from the development of the extended test
range.
KEY WORDS
X-33, Reusable Launch Vehicle, Extended test range, Radio frequency communications,
Reentry plasma blackout.

NOMENCLATURE
AFB
AFFFC
CFD
DET2
DGSA
DoD
ExTRA
FTS
GPS/INS
MOF
NASA
RIR
TTR
UHF
U. S.
UTTR
WFF

Air Force Base
Air Force Flight Test Center
computational fluid dynamics
Detachment 2, deployables of the Space and Missiles Systems Center
Dynamic Ground Station Analysis
Department of Defense
Extended Test Range Alliance
flight termination system
global positioning system/inertial navigation system
Mobile Operations Facility
National Aeronautics and Space Administration
Range Instrumentation Radar
Tonopah Test Range
ultrahigh frequency
United States
Utah Test and Training Range
Wallops Flight Facility
INTRODUCTION

On July 1, 1996, the National Aeronautics and Space Administration (NASA) signed a
cooperative agreement, number NCC8-115, with Lockheed Martin Skunk Works
(Palmdale, California) to develop and flight-test the autonomous X-33 vehicle, a scaled
version of the next-generation single-stage-to-orbit reusable launch vehicle. This
cooperative agreement approach gives Lockheed Martin primary responsibility for the
X-33 program. When additional government help was required, Lockheed Martin
“subcontracted” to NASA centers and the United States (U. S.) Department of Defense
(DoD) for specific work. Through this mechanism, NASA Dryden Flight Research Center
(Edwards, California) became responsible for the extended test range.
This paper describes the management approach to accomplishing the X-33 objectives,
mainly the formation of the Extended Test Range Alliance (ExTRA), a unique team of
government and industry personnel and range assets established to resolve design issues
and accomplish the X-33 extended test range and support other programs as required.
Extended test range requirements, derived from range safety and the X-33 program, are
also detailed.
The range safety requirements were the most challenging to define and meet. The X-33
vehicle is an autonomous vehicle that launches like a rocket, reenters the atmosphere, and

lands horizontally like an aircraft. Historically, rockets have been launched over the oceans
to allow failed rockets to be destroyed using explosive devices. The X-33 vehicle will fly
over scarcely populated areas and use remote lakebeds for emergency landings.
Numerous range requirements come from the X-33 program for interface definitions with
the vehicle communication subsystems and the need for multiple ground stations to
provide continuous coverage of the flight. Another area that can affect communications
coverage, the reentry plasma shield that causes a “blackout” of radio frequency signals
such as range safety commands, will also be discussed. A cooperative team of experts
from across the country has analyzed and modeled the blackout problem.
ESTABLISHING THE EXTENDED TEST RANGE ALLIANCE
The X-33 vehicle behaves like a vertical launch vehicle for the first few minutes of flight,
then becomes a reentry vehicle, and finally lands like an aircraft. Developing a team with
expertise in all three areas was essential. Soon after the X-33 cooperative agreement was
signed, NASA Dryden began gathering the expertise to accomplish the extended test
range effort, including using other agencies and contractors. A recent agreement to share
capabilities between the U. S. Air Force Flight Test Center (AFFTC) at Edwards Air
Force Base (AFB) (California) and NASA Dryden led to the use of AFFTC range
engineers. The AFFTC engineers have considerable expertise in telemetry systems, range
safety systems, and data communications. With this agreement, the ExTRA first began.
Unfortunately, the ExTRA still lacked launch vehicle and reentry expertise. To cover the
launch vehicle arena, the team identified and assigned a chief engineer from the NASA
Goddard Space Flight Center (Greenbelt, Maryland) Wallops Flight Facility (WFF)
(Wallops Island, Virginia). The WFF is experienced in launch support of suborbital
sounding rockets and orbital launch vehicles, and NASA Goddard is providing support
of reentry analysis and data communication network services. The ExTRA team (fig. 1)
was now ready to build the X-33 extended flight test range in order to perform the range
tracking and command and telemetry data acquisition for the X-33 program.
X-33 EXTENDED TEST RANGE REQUIREMENTS
The X-33 range requirements originate from numerous program documents and
government organizations, such as the Range Commanders Council. Figure 2 shows the
flow of program requirements that determined the range requirements. These documents
cover topics such as range safety, ground support system automation and information,
vehicle-to-ground radio frequency interfaces, vehicle flight test plans, operational
television plans, operational intercom plans, meteorological plans, site operations plans,
flight assurance plans, “launch commit” criteria, flight rules, and more (refs. 1-3).

Figure 1. The extended test range alliance for the X-33 program.

Figure 2. Requirements flow down.
The X-33 vehicle presents unique tracking requirements because of the need to
continuously track the vehicle from California to Montana through the atmospheric reentry
flight profile (fig. 3). The vehicle will reach a maximum altitude of 300,000 ft and fly at
speeds approaching Mach 15. In order to provide the ground tracking coverage, the range
team identified sites at the AFFTC, the U. S. Army Dugway Proving Grounds at the U. S.
Air Force Utah Test and Training Range (UTTR) (Utah), Mountain Home AFB (Idaho),
and Malmstrom AFB (Montana). As is evident by the number of sites, a diverse range
network is being implemented to successfully meet the program requirements.
The primary high-level requirement that the range is to meet comes from Lockheed Martin
proprietary documents: “The X-33 operations and support shall provide the capability to
uplink commands and receive downlink telemetry data during vehicle test and flight
operations.”* To ensure the requirement is met, the range is implementing a system that
*

Lockheed Martin Skunk Works, “X-33 Systems Requirements Document,” 604D007
(Revision), Sept. 1966.

will provide complete command uplink and telemetry coverage from launch through wheel
stop for all test and flight operations. Range systems will be placed at strategic locations
throughout the flightpath of the vehicle to allow overlapping coverage with a maximum
range of 235 nmi for each site. The range system will include a communications link from
the range operations center (detailed by Karla Shy and Cynthia Norman in the report “The
X-33 Range Operations Control Center”) at NASA Dryden to all launch, overflight, and
landing sites for uplink commands and downlink telemetry data.
Several high-level requirements originate from the AFFTC Range Safety Requirements
Document, (ref. 1):
...all reasonable precautions shall be taken to minimize these risks with
respect to life, health, and property.
All range critical systems shall be designed to ensure that no single point of failure,
including software, will deny the capability to monitor and terminate, or result in the
inadvertent termination, of the X-33 vehicle.
The overall tracking systems shall be robust, highly fault tolerant, allow for catastrophic
failure in a single system without loss of tracking data, and provide for graceful
degradation of the system under multiple component failures.
The extended range has arranged for the use of numerous mobile and fixed systems from
other ranges throughout the country. Table 1 shows the systems to be used in flights to
the Dugway Proving Grounds. Systems, antenna type, and antenna diameter that will
provide coverage at the launch site and during downrange flight and landing are given.
Table 2 shows the same information for flights to Malmstrom AFB and describes
overflight sites. These systems have proven reliability, and the flight termination systems
(FTSes)are fully redundant. The range systems chosen are currently used to support
NASA, DoD, and commercial suborbital and orbital programs.

Figure 3. Range coverage circles.
Table 1. Ground systems and sites for Dugway Proving Grounds flights.
System

Coverage
Edwards AFB

UTTR

Radar

Transponder test set (LSC)
NASA Dryden RIR no. 1; 16 ft (FC)

WFF system (L)

Telemetry

AFFTC 8 ft (LSC)
NASA Dryden triplex; 23 ft (FC)

NASA Dryden 30 ft
(L)MOF no. 1; 6 ft (L)

Uplink

Omni antenna (LSC)
NASA Dryden triplex; 23 ft (FC)

NASA Dryden 30 ft (L)
MOF no. 1; 6 ft (L)

NASA Dryden directional antenna; 15 ft (FC)

WFF FTS no. 1 (L)

FTS
Key: FC
L
LSC

Flight coverage
Landing
Launch site coverage

Table 2. Ground systems and sites for Malmstrom AFB flights.
System

Coverage
Edwards AFB
Transponder test set (LSC)

Radar

FTS
Key: FC
L
LSC
O

Malmstrom AFB

UTTR TPQ-39 (O)

TTR mobile
(O)

WFF system (L)

NASA Dryden
30 ft (O)

DET2; 23 ft
(O)

WFF 18 ft (L)

NASA Dryden triplex;
23 ft (FC)
Omni antenna (LSC)

Uplink

Mountain
Home AFB

NASA Dryden RIR
no. 1; 16 ft (FC)
AFFTC 8 ft (LSC)

Telemetry

UTTR

MOF no. 1; 6 ft (L)
NASA Dryden
30 ft (O)

DET2; 23 ft
(O)

NASA Dryden triplex;
23 ft (FC)
NASA Dryden directional
antenna; 15 ft (FC)

WFF 10 ft (L)
MOF no. 1; 6 ft (L)

UTTR system (O)

WFF FTS
no. 2 (O)

WFF FTS no. 1 (L)

Flight coverage
Landing
Launch site coverage
Overflight

The range has implemented a fully independent communications path for the two sources
of tracking data used by the range safety officer. The two sources are the global
positioning system/inertial navigation system (GPS/INS) data and radar tracking data. A
range safety officer will be at each tracking site to provide local assessment of vehicle
safety in the event of a range-wide communications failure. The range systems will also be
positioned to allow for spatial diversity to facilitate an additional means of redundancy
throughout the range. Completely redundant systems will be used at launch and landing
sites to meet the single-system catastrophic failure requirement. The sites will also include
redundant power sources that allow for instantaneous switchover and graceful
degradation, as required.
Continuous Coverage and Public Safety
An experimental flight test vehicle flying over populated land areas is an important range
safety concern. Maximizing the flight vehicle tracking coverage is an important aspect of
minimizing flight safety risks. Public safety is the top priority for the X-33 program, and
the range systems are designed with this task in mind. Steps taken to minimize the risk to

public safety include redundant ground hardware subsystems within each tracking and
command system, completely redundant tracking and command antennas at the launch
and landing tracking sites, and geographically located tracking sites that allow for ideal
overlap of coverage with other sites (fig. 3).
Independent Data Communication Paths
In addition to having overlapping coverage and redundant tracking systems, the range data
communications network was designed to allow for independent paths of critical vehicle
position data. These critical vehicle position data are being generated by two sources: the
ground radar systems tracking the X-33 vehicle; and the GPS/INS data that are embedded
in the telemetry downlink. These two sources of vehicle position data are independently
routed to the range safety officers throughout the range. The report “Extended Range
Communications Support for the X-33” by Brian Eslinger and Reynaldo Garza describes
the redundant data communications network in detail.
Approach and Results of the Reentry Plasma Blackout Analysis
Because of a lack of new reentry vehicle designs, little work had been performed on
evaluating reentry plasma blackout of radio frequencies since the early days of the Space
Shuttle program. Fortunately, NASA Goddard and the NASA Langley Research Center
(Hampton, Virginia) had personnel able to perform such analysis. Because
communications with the X-33 vehicle for monitoring and control are essential to the
success of the flight test program, understanding the level of attenuation and the
associated time period for loss of signal is critical.
The approach to the plasma analysis was to first look at Space Shuttle flight data and use
the data as a truth model against the analysis techniques. Figure 4 shows an overview of
the approach used. First, old Shuttle computational fluid dynamics (CFD) data were
recovered, and the resultant CFD data were used in the NASA Goddard and NASA
Langley attenuation calculations. The results of the models were then compared to the
small amount of Space Shuttle flight data available from the tracking ground stations.
Initial NASA Goddard analysis resulted in lower attenuation levels than flight and was
adjusted to match. The NASA Langley analysis techniques generally resulted in larger
attenuation levels than flight. These data established a “bracket of results” defining bestand worst-case conditions for the attenuation levels.
The results of the two different analysis methods were most evident in the L-band case.
The NASA Langley results indicated a maximum attenuation of 114 dB; NASA Goddard
results indicated a value of 10 dB. Range safety requires that worst-case results be used
when making program decisions.

Figure 4. Approach to X-33 plasma analysis.
Both analysis methods provide an attenuation level perpendicular to the vehicle antenna.
Because the communication signal vector is usually at an acute angle and continuously
changing, a model that includes angular dependencies is required. Using ray tracing
methods through the plasma field, NASA Goddard developed an algorithm to calculate
attenuation as a function of altitude and communication vector angles. Figure 5 shows a
command signal penetrating the dense plasma at the vehicle nose, having a high
attenuation level, and a signal penetrating through a thinner plasma region at the rear of the
vehicle. The NASA Goddard and NASA Langley normal attenuation values were adjusted
using the function for the communication vector angles.

Figure 5. Communication vectors and plasma.
Both plasma models were integrated into an existing Dynamic Ground Station Analysis
(DGSA) program developed at NASA Goddard. The program previously included all
attenuation factors affecting vehicle communication, except plasma. Some of the factors
included were frequency, polarization, path loss (distance), transmitter and receiver
characteristics, and physical location of the ground stations. The DGSA program uses
vehicle trajectory and attitude data, and provides signal attenuation for all frequencies and
from all ground stations. The blackout time period was then calculated for each signal
path.

Figure 6 shows the blackout time period for the NASA Goddard and NASA Langley
attenuation values. The range safety signal in the ultrahigh frequency (UHF) frequency
band is completely lost for 74 sec in both cases. The command uplink signal in the
L-band range is completely attenuated for 30 sec, but only when using the NASA Langley
attenuation model. A program decision was made to use the L-band communication to
provide flight termination capability, thereby shortening the command blackout time from
the UHF FTS (see the discussion below). The telemetry S-band signal is completely
attenuated at all ground stations for 6 sec when using the NASA Langley values.

Figure 6. Blackout periods.
Independent L-Band Flight Termination Capability
As described earlier, when the X-33 vehicle reenters Earth atmosphere, the vehicle will
encounter extreme plasma heating conditions. During these periods of extreme heating,
radio frequency attenuation levels will increase dramatically. To minimize the time period
of radio frequency blackout, high-gain antennas are required. The current flight profiles
define the maximum blackout period to be over the Dugway Proving Grounds and the
Mountain Home AFB, tracking sites. Placing systems with higher gain antennas at these

locations will minimize the radio frequency blackout period. In addition, because of the
drastic blackout occurring at UHF frequencies for flight termination, the program
proposed a design that would allow the L-band command uplink path to the vehicle to be
used as a range safety flight termination medium.
X-33 EXTENDED TEST RANGE ADVANCES
Historically, NASA Dryden and the DoD have used flight corridors from California to
Utah for missile testing, and in the 1960’s, the X-15 vehicle flew from Northern Utah to
Edwards AFB. Yet, the X-33 program poses new challenges because of the vehicle and
range safety requirements of an autonomous vehicle. Continuous coverage of the vehicle
from launch to landing requires the use of multiple range sites. This concept is not new,
but the manner of implementation will ensure that the data are reliably transmitted and
received by the customer.
The telemetry stream downlinked from the vehicle will be received by multiple telemetry
antennas to ensure the continuous coverage. These multiple streams will be processed by
a programmable telemetry processor to automatically select the best telemetry source.
Darryl Burkes discusses the approach taken to ensure that the correct stream is chosen in
the report, “X-33 Telemetry Best Source Selection, Processing, Display, and Simulation
Model Comparison.”
Advances in analysis methods were required to determine placement of antenna systems
in locations that would ensure required coverage of the vehicle during flight. A software
package from NASA Goddard, the DGSA software, was improved using the
comprehensive plasma model to provide information. Given the vehicle trajectory and the
location of antenna systems, link margins can be calculated to ensure coverage. Ashley
Sharma discusses DGSA and the range simulation in the report, “X-33 Integrated Test
Facility, Extended Range Simulation.”
Another advance is the use of various NASA and DoD mobile and fixed range systems.
Telemetry, radar, uplink, flight termination, and differential GPSes from different
organizations were evaluated to determine if the systems could meet X-33 requirements. In
addition to meeting technical requirements, system availability and cost were also factors
used in selecting the systems. Because these systems have different missions and use
different data formats, their integration is challenging. The challenge was met by having an
integration period allowing identification of potential problems at Edwards AFB before
deploying the systems to remote sites.

CONCLUSION
The range requirements to safely perform flight test of the X-33 vehicle over the western
United States have been presented. The formation of a unique alliance of national experts
to meet the challenges of the X-33 range include United States Department of Defense and
NASA personnel and assets. The technical challenges of the X-33 range were
accomplished using advanced communication and range system designs, as well as
complex plasma blackout analysis methods, previously undeveloped.
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X-33 INTEGRATED TEST FACILITY EXTENDED
RANGE SIMULATION
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ABSTRACT
In support of the X-33 single-stage-to-orbit program, NASA Dryden Flight Research
Center was selected to provide continuous range communications of the X-33 vehicle
from launch at Edwards Air Force Base, California, through landing at Malmstrom Air
Force Base, Montana, or at Michael Army Air Field, Utah. An extensive real-time range
simulation capability is being developed to ensure successful communications with the
autonomous X-33 vehicle. This paper provides an overview of the various levels of
simulation, integration, and test being developed to support the X-33 extended range
subsystems. These subsystems include the flight termination system, L-band command
uplink subsystem, and S-band telemetry downlink subsystem.
KEY WORDS
X-33 Experimental Aircraft, Integration and Test Facility, Range Simulation, Dynamic
Ground Station Analysis, Plasma Attenuation, Link Margin
NOMENCLATURE
dB
dBm
DES
DFRC
DGPS
DGSA
EIRP
ER
FTS
GPIB
IF

Decibel
Decibel-milliwatt
Data Enhancement System
Dryden Flight Research Center
Differential Global Positioning System
Dynamic Ground Station Analysis
Effective Isotropic Radiated Power
Earth Research
Flight Termination System
General Purpose Interface Bus
Intermediate Frequency

IIP
ITF
LMCMS
NASA
NRZ-L
OCC
PCM
PTP
RCO
RCVR
RF
RS
RSO
Rx
TTL
Tx
VDA
VHM
VMC

Instantaneous Impact Prediction
Integration and Test Facility
Launch and Mission Control Monitoring System
National Aeronautical and Space Administration
Non-return to Zero-Level
Operations Control Center
Pulse Code Modulation
Programmable Telemetry Processor
Range Control Officer
Receiver
Radio Frequency
Radio Standard
Range Safety Officer
Receive
Transitor-Transitor Logic
Transmit
Video Distribution Amplifier
Vehicle Health Monitor
Vehicle Mission Computer
INTRODUCTION

The X-33 advanced technology demonstrator launch vehicle is a 50-percent scaled model
of the reusable launch vehicle proposed by Lockheed Martin Skunk Works, Palmdale,
California. The vehicle will autonomously follow a suborbital flight profile, reenter the
atmosphere, and descend for a horizontal landing. When flying an autonomous vehicle at
hypersonic speeds and over populated areas, minimizing the risk to public safety is
imperative. This reduction in risk can only be achieved with an acceptable degree of
confidence by validating the reliability and accuracy of the radar tracking system,
telemetered downlink, uplink and flight termination systems (FTS) at every stage of the
mission. The X-33 project range requirement for mission safety and success from the time
of launch through landing could not be accomplished using the existing resources
available at NASA Dryden Flight Research Center (DFRC), Edwards, California. The
DFRC was challenged to develop an extended range capability that could track and
communicate with the vehicle beyond the airspace at Edwards Air Force Base (EAFB),
California, out to either the landing site in Michael Army Airfield, Utah, or in Malstrom Air
Force Base, Montana. The technical approach used to address this challenge will be
comprised of systematically developing the range system in six incremental phases of
integration and test, beginning at the Integration and Test Facility (ITF) at NASA DFRC
and ending with a complete end-to-end check of all range systems in situ. This paper
describes the simulation models developed during the first phase of integration.

Integration of these models to mission hardware during the subsequent phases is also
discussed. Use of trade names or names of manufacturers in this document does not
constitute an official endorsement of such products or manufacturers, either expressed or
implied, by the National Aeronautics and Space Administration.
X-33 EXTENDED RANGE SIMULATION OVERVIEW
All flight and mission critical vehicle subsystem components, such as the vehicle health
monitor, mission computers, flight controls, and traffic on the 1553 bus, are modeled in
software to provide an initial assessment of the expected performance of that system.
Because the range system will be the sole communications link between the Operations
Control Center (OCC) and the vehicle, this system is also deemed mission critical. As
such, failure of any component that could affect communication links may endanger the
mission and compromise public safety, which is completely unacceptable. It became
abundantly clear that as a first step toward the integration and test of the range system, a
simulation of the entire range system needed to be developed to provide an initial
evaluation.
Figure 1 shows the extended range coverage area. Each circle provides radar coverage for
an approximate area of 235 nautical miles.

Figure 1. Extended range coverage area,

Range Simulation
The purpose of the range simulation is to compute the total radio frequency (RF) link
margins at each stage of the flight trajectory and to provide intermediate data, such as
plasma attenuation, space loss, and ground-to-vehicle and vehicle-to-ground look angles.
The simulation has the flexibility of performing both real-time hardware-in-the-loop (HIL)
or stand alone operations. It also has the freedom to vary link parameters to optimize the
analysis. A specification for bit error rate for digital communications determines the
required signal-to-noise ratio to accurately reproduce the transmitted data. A pad or
margin above this required signal-to-noise ratio is then used to ensure that a good RF link
is maintained between the vehicle and the OCC at all times. In the same manner, a margin
above the required signal-to-noise ratio for analog transmission is also specified.
The simulation model determines the vehicle position and attitude and passes this data on
to the radar model at an update rate of once every 20 seconds. The Dynamic Ground
Station Analysis (DGSA) tool will receive the same data along with supplementary vehicle
information at an update rate of once every second. As the vehicle approaches the range
tracking limits of the ground radar site, responsibility to track the vehicle is handed over to
the next radar site. Handovers between ground sites for the FTS and uplink systems are
accomplished by setting maximum attenuation levels for the current site and after a
1-second delay, setting DGSA calculated attenuations for the new site. This test mimics in
software, the delays involved in powering down one ground transmitter while bringing up
another. It also assists in optimizating ground site handovers during the actual mission.
The DGSA model, which is at the heart of the range simulation system, performs a
timepoint-by-timepoint dynamic link margin analysis for spacecraft-to-ground and
ground-to-spacecraft RF links. The three links supported are the flight termination,
command uplink, and telemetry downlink. A simulation model of the X-33 vehicle for a
preprogrammed flight trajectory provides the vehicle position coordinates and look angles
in azimuth and elevation for every point in space for a delta time of 1 second. A separate
antenna radiation pattern computes the gain of the electromagnetic field, in magnitude and
phase, for all 360E of azimuth angles and spanning 180E in elevation. This computation is
accomplished by the phasor addition of the electromagnetic fields emanating from the top
and bottom antennas. The link margins for the ground-to-vehicle path are defined as the
difference between the calculated signal-to-noise ratio in the intermediate frequency (IF)
bandwidth to the required IF signal-to-noise ratio. For example,
Linkmargin = IFcalcsnr ! Ifreqsnr

(1)

The required link margins for the uplink and flight termination systems are 3 and 12 dB,
respectively. A figure of merit used to determine the actual power received at the vehicle,

correcting for thermal noise, is a ratio of the antenna gain (G) divided by thermal noise
(T). The Effective Isotropic Radiation Power (EIRP) can be determined by subtracting
any passive losses between the transmitter and antenna from the transmitted power.
Antenna gain and pointing loss associated with boresite antenna gain must also be taken
into account.
EIRP = Pt ! Lpass ! Lpoint + Ggnd

(2)

where Pt is the power transmitted by the ground antenna; Lpass are passive losses in the
cable and through connectors; Lpoint is the pointing loss associated with directing the
antenna; and Ggnd is the gain of the antenna taking into account the effective area, aperture
efficiency, and wavelength.
Losses or attenuation factors that arise during the transmission of an electromagnetic
wave through the atmosphere are referred to as channel losses. These losses can be
comprised of free space, atmospheric, rain, polarization, and plasma losses. The power
incident at the vehicle antenna is the cumulative channel loss subtracted from the EIRP.
Prec = EIRP ! Latmos ! Lrain ! Lpol ! Lplasma ! Lspace

(3)

where Prec is the power received at the vehicle antenna; and Latmos are atmospheric losses,
which in the absence of any condensation or dust particles is caused by oxygen and water
vapor in the atmosphere. Attenuation because of rain, Lrain, and polarization loss, Lpol, are
assumed to be negligible at this frequency. By far, the greatest uncertainty as far as
channel losses are concerned arises from the predictions for the attenuation of
electromagnetic waves due to the effects of plasma, Lplasma, during reentry. Plasma
analysis is still in the evolutionary stage and is being conducted by NASA Goddard Space
Flight Center, Greenbelt, Maryland. At this point, however, all indications are that affects
at ultrahigh frequencies (UHF) will be for a minimal amount of time. Reference 1 provides
further details regarding X-33 plasma analysis. The free space dispersion loss, Lspace, is
based on the slant range to the vehicle and assumes clear sky conditions.
The vehicle G/T is arrived at by subtracting the passive losses, Lpass/veh, between the
vehicle antenna to the uplink receiver from the gain of the antenna, Gveh. The system noise
density, Nsys, corrected for thermal noise by way of Boltzman constant K is also taken
into consideration.
G/T = Gveh ! Lpass/veh !(Nsys ! K)

(4)

With the signal-to-noise ratio in the intermediate frequency bandwidth, IFbw, the calculated
signal-to-noise ratio, IFsnrcalc, is given by
Ifsnrcalc = Prec + G/T ! 10*log10(lFbw)

(5)

DYNAMIC GROUND STATION ANALYSIS
Figure 2 shows a typical output from DGSA for the command uplink during a simulated
flight to Malmstrom AFB. Note the short periods where the limiting margin drops to zero
that occur at time 2:24 and approximately 5 minutes into the flight. These periods imply
that there is a complete blackout of the RF signal. Further investigation into these periods
reveals that the primary cause of attenuation is an anomaly in the plasma attenuation
calculations. This anomaly will be corrected in the next update to the algorithm.

Figure 2. Dynamic Ground Station Analysis output.
Radar Model
The radar model is accessed by DGSA once each second to determine which ground site
is tracking the vehicle. Geodetic coordinates for latitude, longitude, and spheroid height of
the vehicle during its trajectory are received from the X-33 flight simulation program.

Radar data from all of the ground sites are sent to the Data Enhancement System (DES) in
position information-processing system format, where the nominal trajectory is adjusted
to match the current tracking data. The radar simulation program computes the geometric
look angles in azimuth and elevation from up to 10 radar sites to the target vehicle. When
the range value at any one of these radar sites drops below 235 nautical miles, a range flag
is set for that radar. Similarly, when the elevation value rises above 2.5E, an elevation flag
is set. With both flags set, the vehicle is within the program-specified tracking limits, and
an on track flag is set for that particular radar. Because more than one radar may be on the
target at the same time, the radar on track and shortest range to the target is selected as
prime and a selection flag is set. The DES then sends best source-adjusted radar data to
all of the ground sites.
Integration Phases
Phase 1 of range integration is based entirely on executing all software models to simulate
the flight parameters and to verify that the RF links are within the budgets allocated. This
simulation reduces the risk of damage to any hardware during the later phases and will
require the implementation of range software to model vehicle antenna radiation patterns.
The radar model will provide range to the vehicle for radar tracking purposes along with
azimuth and elevation angles. Simulations using the DGSA model are then run for a
complete link analysis of each of the three systems. The DGSA model includes the ability
to modify some of the ground station parameters, such as antenna gains, aperture, and
polarization, providing the flexibility of running what if scenarios for a better
understanding of how significant the affect of these parameters are on the overall analysis.
Phase 2 will provide the ability to simulate range system operations using actual flight
hardware. This operation is accomplished by connecting X-33 flight hardware for the
telemetry, uplink, and flight termination systems and by integrating them with the software
simulation developed in phase 1. During this time, the DGSA tool controls the power
levels at the telemetry, FTS, and uplink receivers based on its internal computations. This
tool also performs handoffs to the prescribed ground sites, depending on the vehicle
location.
In phase 3, once the RF transmission is validated through a hard link, the next step is to
duplicate the same tests by transmitting through space for a more realistic determination
of the levels and affects of any electromagnetic interference that may exist. Vehicle
antennas are connected to the ITF to transmit and receive from the Aeronautical Test
Facility 1 and the DFRC FTS. Figure 3 shows how these systems will be interconnected
during this phase.

Figure 3. Phase 3 flight hardware and local range.
Phase 4 will bring all the range systems to be deployed at the remote sites to DFRC for an
initial system checkout. The primary goal is to ensure that the systems to be located at
each remote site are integrated together and can transfer data from system to system
before deployment.
Phase 5 will deploy the range systems to support a flight to Malmstrom AFB. The remote
systems checked out during phase 4 will be deployed to Mountain Home, Idaho, for over
flight and to Malmstrom AFB for landing. The ER-2 flight testbed will be used to check
the functionality of the communication systems onboard and the communication links to
all of the ground systems.
Phase 6 will deploy range systems to support a flight to Dugway Proving Ground, Utah.
Once again, the ER-2 flight testbed will be used to validate the entire range systems
operation with each of the ground stations. Communication links between the ground
station and the vehicle during the flight will be verified, and a better assessment can be
made of the site handovers and where they occur.
Integration Test Facility Range Simulation Hardware
Although both top and bottom communication antennas on the vehicle are used for
simultaneous RF transmission and reception, only one transmitter will be active at any
time. For the purpose of integration in the laboratory only, the top antenna has been
designated to the S-band transmit path. The transmitter outputs 10 watts or 40 dBm of

average power, which for redundancy is divided equally between the two ports at the
hybrid coupler. Figure 4 shows the vehicle communications subsystem architecture which
includes the RF combiner unit.

Figure 4. Communications subsystem architecture.
Figure 5 shows an example to illustrate the hardware interconnections for the S-band
transmit section. After attenuating the transmitted signal by 60 dB, it is separated into three
paths that lead into telemetry receivers resembling three simulated ground sites. Each site
is distinguished by the RF power input to the receivers, which in turn controls the
attenuation level settings computed by DGSA. The amount of attenuation must be
sufficient to completely swamp out all the RF power in order to simulate a complete
dropout. At the same time, care must be taken not to saturate the receivers. A
programmable telemetry processor takes in derandomized non-return-to-zero-level
(NRZ-L) telemetry data from the three pseudosites and determines which of the three
contain the most coherent data to be passed on to the Launch and Mission Control
Monitoring System (LMCMS). A secondary output from the best source selector is fed
into the Range Safety Officer’s (RSO) station, where data are decommutated. In addition,
the telemetered vehicle parameters are displayed on one of the RSO monitors.*

*

See Darryl Burkes’ paper titled “X-33 Telemetry Best Source Selection, Processing, Display,
and Simulation Model Comparison,” (also available in these proceedings). This paper provides a
detailed discussion of the best source selection and decommutated telemetry display.

Figure 5. X-33 Integration and Test Facility S-band simulation hardware design.
The bottom antenna port is terminated with a 50-ohm load for the transmit path. This port
also connects to receivers and the vehicle mission computer for the uplink path. The
uplink data stream is packaged inside the telemetry and range interface processor where
the secondary L-band flight termination command and differential GPS corrections are
interlaced with the uplink command. Once again, the DGSA model computes the signal
power levels expected at the vehicle taking into consideration the position of the vehicle
and all the channel losses. A signal generator output power level is then attenuated to this
computed value. In addition, the command uplink data stream is frequency modulated
onto the uplink carrier. The flight termination command is initiated from the master control
panel at the RSO station or from the remote control panel at one of the ground sites. The
termination command is then relayed to the LMCMS for secondary L-band transmission.
The termination command in the form of open and ground discretes are then tone
encoded. As with the command uplink channel, the DGSA model computes the signal
power levels expected at the vehicle, taking into consideration the position of the vehicle
and the channel losses. A signal generator output power level is then attenuated to this
computed value, and the flight termination tones are frequency modulated onto its carrier.
The second output from the RF splitter is used to monitor the received RF termination
command along with its decoded tones for confirmation that the tones were correctly sent
and received.

Range Safety Officer’s Station
The RSO station located in the ITF will be the first of five RSO stations built for the X-33
program. This station will be used to provide training for range control and range safety
personnel. The RSO station consists of a stand-alone processing system that displays
radar and telemetry data on an instantaneous impact prediction (IIP) system that will be
used for the evaluation of X-33 flights. The station includes a system to decommutate the
telemetry data, to display critical vehicle parameters, and to output global positioning
system (GPS) as well as inertial navigation system (INS) parameters over ethernet to the
IIP systems. The IIP system calculates the debris pattern for the vehicle, based upon its
location and trajectory. These results will be used to determine suitable locations for a
safe flight termination. The RSO station also includes the Test and Evaluation Command
and Control System which is used by the Range Control Officer to display Federal
Aviation Administration data.
CONCLUSION
The X-33 range requirements to provide continuous communications between the vehicle
and ground stations will be verified by using an innovative approach to provide real-time
simulations, analysis, and tests. The risk to public safety will have been greatly reduced by
this analysis, along with results obtained from the flight testbed missions. The extended
range will support X-33 flights with a great confidence of mission success.
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Selling Telemetry Data Over the Internet
Using SET
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ABSTRACT
Over the past two years the design and implementation of secure Internet based data
sharing tools which could enable geographically remote contractor teams to access flight
and test telemetry data securely over the Internet were presented [1] [2]. Key technologies
facilitating these capabilities were the Hypertext Transfer (HTTP) protocol , the Secure
Sockets Layer (SSL) protocol, and the Secure Multipurpose Internet Mail Extension
(S/MIME) specification . This year we discuss utilizing the Secure Electronic Transaction
(SET) specification in tandem with HTTP, SSL, and S/MIME to deploy a system for
securely selling telemetry data over the Internet.
KEYWORDS
electronic commerce, secure data sharing, S/MIME, MIME, SSL, HTTP, SET

INTRODUCTION
The Secure Electronic Transaction (SET) protocol [3], jointly developed by MasterCard
and Visa, enables credit card transactions to be securely carried out over the Internet. The
protocol provides for confidentially of cardholder information (e.g. credit card number,
etc.), ensures payment integrity, and authenticates both merchants and cardholders. After
reviewing SET and the SET paradigm of cardholder, merchant, acquirer interactions, an
architecture will be discussed incorporating SSL, S/MIME, SET, and HTTP technologies
in an electronic commerce system that can make telemetry data available for purchase over
the Internet.
SECURITY USING SSL
Thousands of items each day are purchased on the Internet using credit cards. Typically
these transactions are secured using SSL [4]. SSL is a point to point transport level
protocol which utilizes dual asymmetric key cryptography and symmetric key

cryptography (see Appendix 1) to both encrypt and authenticate messages. The message
content can be any type of data including text, numeric or binary. Since the data that can
be secured is arbitrary, systems employing SSL technology are under strict export
control.
SET
The SET protocol was designed to only deal with credit card transactions. It's sole
purpose is to secure credit card numbers, and purchase information, thereby facilitating a
smooth, yet secure transaction path between cardholder (customer), merchant, and
acquirer (An Acquirer is the financial institution that provides payment card authorization
and payments to the merchant). While SET employs the same type of cryptographic
technologies used in SSL, it is not export restricted because of the very limited types of
data which may be encrypted.
THE ADVANTAGES OF SET
There are two primary advantages to using SET. First, the protocol can prevent a
merchant from gaining access to the cusomer's credit card number In the Internet
environment, the cardholder typically knows very little about the merchant. To prevent the
merchant from obtaining the customer's credit card number, the protocol can encrypt the
customer's card number so that it can only be decrypted by the acquirer. The merchant
will pass on the encrypted credit card number to the acquirer during the authorization
process. . The merchant does not need to know the customer's credit card number; only
that the acquirer is prepared to release funds on behalf of the card holder for the amount
of the purchase.
The other major advantage of SET is that the protocol already mirrors the standard
business data flows in place between card holders, merchants and acquiring institutions
used in the "non cyber" world. In this model, a person obtains a credit card through a
financial institution. Next a person uses the card at a store. The card is swiped through a
Veriphone (TM) terminal which is connected to the merchant's acquirer. The acquirer
gives the merchant an authorization number indicating that the acquirer will pay the
merchant the amount of the purchase, when requested. Finally, the merchant submits the
bill to the acquirer in order to get paid. The amount paid to the merchant by the acquirer
appears on the customer's credit card bill (the bill, originating from the cardholder’s
financial institution) in the next billing cycle. The implication is that no "out of band"
processing is required to complete a cardholder/merchant SET transaction (e.g. merchant
taking a credit card number delivered to a web site, manually entering it in a veriphone
terminal, waiting for the response, etc.).

SET IN ACTION
In the cyber SET model the cardholder, merchant and acquirer entities interact over the
Internet using special transactions that comprise the SET protocol. The SET transaction
types for each entity are shown in Figure 1,
Cardholder
Purchase request
Inquiry

Merchant
Authorization request
Purchase response
Capture request
Authorization reverse request
Capture reverse request
Credit request
Credit reverse request

Acquirer
Authorization response
Capture response
Authorization reverse resp.
Capture reverse response
Credit response
Credit reverse response

Figure 1. The SET transactions.
Typical SET interaction is as follows. A customer uses a web browser to view products
at a merchant's site. The customer selects the item(s)to be purchased; then utilizes his
SET "wallet" software to make a purchase request to the merchant. This request is
delivered to the merchant. The merchant takes the purchase request, validates it,
formulates an authorization request (passing on amoung other things the encrypted credit
card number of the card holder it can’t read) and delivers the authorization request to the
acquirer. The acquirer processes the request and interfaces to legacy financial systems to
initiate the authorization process. The result of the authorization is sent back to the
merchant in the authorization response message. After receiving the authorization
response, the merchant can formulate a purchase response to the card holder. After
actually shipping the product to the customer, the merchant can initiate a capture request
to have the funds he previously authorized deposited into his bank account. Again, the
acquirer will process the capture request message, and actually carry out funds transfer
action by interfacing to legacy financial systems. It should be noted that all transactions
are encrypted and digitally signed to ensure privacy between entities. The legacy
interactions may not as they take place on non public networks,
Other transactions are also possible between the merchant and acquirer (e.g. authorization
reverse, if say, items purchased cannot be delivered, etc.) They will not be described here;
however, the transaction names shown in Figure 1 clearly conveys the action carried out.

HOW IT WORKS
Typically SET messages are delivered to entities by making TCP/IP socket connections
to client/server computers connected to the Internet. Entities can be assured messages are
coming from legitimate entities by reviewing the X509 certificates (see Appendix 1)
enclosed in the SET transaction. In the SET paradigm, merchants and acquirer's must
utilize X509 certificates signed by a SET Certificate Authority. While the cardholder
doesn't have to have a certificate, he is encouraged to get one to enhance the level of
security that may be used for the transaction he wishes to initiate.
AN INTERNET BASED TELEMETRY PROCUREMENT SYSTEM
The system will typically have six elements; telemetry decoding software, telemetry postprocessing software, data transport and conversion software, SSL based web server or
S/MIME [5] server, SET merchant software, and firewall software. The secure SSL server
or S/MIME server will be used as the point of presence on the Internet for the company
selling the telemetry data. If, the company chooses a web presence; they may choose to
use COTS software to set up a "store front" describing the data they are selling. It should
be noted that the store front software will likely require the data to be in particular formats
(e.g. images in .gif format, etc). Thus, it will be the data transport software's responsibility
to appropriately convert the telemetry data (after it is decoded and or post-processed) and
move it to a location where the web store-front software can gain access to it.

SSL or S/MIME
Server

Firewall

Telemetry Decoder

Data Transport

Post Processing

and Conversion

Software

SET Merchant
Software

Figure 2. Architecture of a simple Internet telemetry procurement system.
If the company chooses to have an e-mail presence (utilizing the S/MIME protocol for
security) the COTS or custom software managing the e-mail interaction will again expect
data to be in particular formats that the data transport software will have to manage. The

SET merchant software will have to be installed and integrated with the back end of the
storefront web software (or e-mail management software) to coordinate order and pricing
information. In addition a SET acquirer entity will have to be chosen by the company
selling the telemetry data so authorizations, and captures can be processed. Finally, the
entire system should be placed behind a firewall to insure the software and d at is not
vulnerable to "hacker"attack.
MANAGING THE PROTOCOLS
The secure SSL web server and secure S/MIME web server are used to guarantee the
telemetry data product is not compromised during transit. The company selling telemetry
data is assuming the customer will have access to SSL enabled web clients and/or
S/MIME e-mail clients. This is a conservative assumption as both the Netscape Navigator
(TM) and Microsoft Internet Explorer (TM) clients accommodate both SSL and S/MIME.
Unfortunately, neither product supports SET at this time. Thus, the company selling the
telemetry data will need to offer a plug in for the customer's client so the SET protocol
can be used to communicate credit card sales information to the merchant.
It should be pointed out the S/MIME and SSL clients/servers require X509 certificates to
be exchanged so clients and servers can be positively identified. Unfortunately, the format
of these certificates is somewhat different than the X509 certificates utilized for
SET transactions. Thus, generally the clients will be expected to manage two sets of X509
certificates; one to support SSL and S/MIME interactions; the other to manage their SET
interactions.
CONCLUSION
The SET protocol is one of the final pieces of the Internet commerce puzzle. The
protocol will facilitate streamlined and secure credit card transactions over the Internet
while also encouraging more vendors to go on line with products to sell. A unique
application for SET will be the buying and selling of telemetry data. SET merchant
software is easily integrated into SSL or S/MIME based "storefront" systems; implying
that those companies already utilizing SSL or S/MIME based servers to securely share
telemetry data, may be closer than they think to setting up on-line telemetry data sales
centers.

Appendix 1
Cryptography and X509 Certificates
The science of cryptography [6] 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 [7]). 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 [8] 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 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 [9]
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.
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MULTI-USER SATELLITE TRACKING NETWORK SCHEDULING
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ABSTRACT
The recent proliferation of Low Earth Orbiting (LEO) science, earth resources, and global
communication satellites requires a significant number of ground stations for support. A
network of satellite tracking ground stations with the ability to support multiple users and
communicate with multiple satellites requires a robust scheduling and conflict resolution
system. This paper describes an automated scheduling implementation for managing such
a commercial, multi-user, multiple satellite, ground station network.
KEY WORDS
Automated scheduling, satellite communications
INTRODUCTION
The number of active satellites in orbit around the Earth is expected to increase
significantly over the next few years. How will the thousands of satellites be managed?
Efficient management requires sophisticated tools able to handle not only the daily
functionality required of normal operations, but robustness in the face of difficult-topredict anomalies introduced when dealing with complex systems in the real world.
Universal Space Network (USN) is assembling a global network of ground
communication stations to facilitate satellite communications and manage the upcoming
surge in orbiting satellites. Space Network links a substantial number of distributed
communication resources to provide Earth-to-satellite links for customers anywhere
around the globe.
SPACE NETWORK
The Universal Space Network architecture is shown below in Figure 1. The system is
composed of a set of Remote Ground Stations (RGSs) located at strategic sites on the
Earth's surface. All of the RGSs are connected via standard wide area network

connections to a supervisory controller termed the Network Management Center (NMC).
Customers use a common Netscape or Internet Explorer browser running on a personal
computer (PC) to connect into Space Network to easily communicate with their satellites
from anywhere.

• SpaceNet supports
multiple customers
• Provides time shared
access
• Supports X- and S-

Data to and

band frequencies

from satellites

Customer Sites

Data
Transport
Network

TCP/IP protocol over
commercial lines

Remote Ground Stations

Located in:
Hawaii, Pennsylvania,
Fairbanks, Alaska

Network Management Center

• Network supervisor
• Health Monitoring
• Satellite Pass Monitoring
• Pass Scheduling

Figure 1- Space Network Architecture
The Remote Ground Stations receive supervisory commands from the Network
Management Center that direct communications with satellites and perform general RGS
housekeeping tasks. Equipment at an RGS is configured by the RGS local control
computer prior to a satellite pass to support the required satellite communications.
Each of the ground stations has equipment to support communications with different
kinds of satellites. To support a specific satellite pass, the RF (radio frequency) receivers,
bit synchronizers, telemetry data processors, signal generators, RF antenna, and other
equipment is configured in advance of the satellite pass to provide the communications
required by the user.
Space Network is designed to communicate with large numbers of satellites in Low Earth
Orbit (LEO). Satellites in LEO typically orbit the Earth about once every 100 minutes.
Most of the LEO satellites are in polar orbits to enable them to have regular visibility to the
entire Earth's surface.
By virtue of a polar LEO satellite passing over the poles of the Earth on every orbit,
communications access to such a satellite is provided about 14 times per day from a

ground station located near one of the poles. Ground station locations at lower latitudes
(further from the poles) have less frequent access to polar LEO satellites. Equitorial
stations typically see a polar LEO satellite pass only 4 times per day, each pass with the
ground station typically lasting about 10 minutes.
A key feature of the Space Network system is that users schedule their satellite
communications with the Space Network ground stations from anywhere in the world
through an Internet type network link into the NMC. All Space Network operations are
performed in response to these user-scheduled satellite passes (see Figure 2). Automation
built into the Space Network system eliminates and manual effort to support normal
customer communications with satellites. All that is required at the user's site is a standard
computer with a browser.

USER

User-selected
satellite pass times

NMC

Supervisory
commands
from NMC

RGSs

Satellite 014
01/01 /2000

User views available satellite passes
and selects desired times

Network Management Center reserves
RGS equipment and provides tasks to
RGS to perform the satellite pass

Remote Ground Station configures and
controls equipment to perform satellite
communication pass

Figure 2- Users Directly Control the Scheduling of Satellite Passes
Figure 3 shows the major software components of the NMC. The diagram shows which
software is licensed and which has been custom-developed.
At the heart of the NMC is a resource scheduler (top center of diagram) that provides
each user with a view of their own satellite passes and the ability to select from the
available pass times. Users interact with the system directly using a web browser user
interface (top left). The interface employs downloaded Java applets running on the user's
computer to process display graphics, handle user interactions, and transfer information
to and from the NMC.
The Station Manager (lower left in diagram) is the collection of custom 'glue' code that
autonomously manages the NMC. General NMC housekeeping functions such as
providing accurate Coordinated Universal Time (UTC) to all NMC processes and logging
of messages are not detailed in the diagram.

The box labelled 'Other User Interfaces & User Data Processing' (middle left of diagram)
handles user connections for real-time coupling of the user into Space Network during the
user's passes. This supports direct connectivity between and user and satellite for realtime telecommanding and access to satellite data. However, the user is not required to
connect to the system during passes, since Space Network can send telecommands and
collect downloaded data autonomously through predefined pass interactions.

Figure 3- NMC Software Components
Figure 4 shows the system's web page interface for viewing and scheduling passes. The
interface displays the user's satellite pass times over selected ground stations, as well as
the availability of the ground station equipment to support displayed passes.
All user satellite passes over an RGS are displayed to the user. However, passes for
which communication resources are not available are clearly flagged to the user as
unavailable, minimizing resource scheduling conflicts.

From this displayed information, the user selects the pass they wish to reserve for their
satellite communications and this information is provided to the automated scheduler. The
scheduler determines what resources are required and reserves those resources for the
time periods needed to support the user-selected pass.

Figure 4- Scheduling User Interface
Satellite tracking information is computed from the satellite orbit (ephemerous) data, and
this information is provided to the RGS along with the RGS equipment configurations.
The RGS at this point has all the information it needs to carry out the user requested
satellite communication pass. No one other than the user is directly involved in the pass
scheduling, resource allocation, and pass communication process.
A central database (see right-center of Figure 3) stores all Space Network configuration
information, including user-scheduled passes. Information about satellite communication
configurations and installed RGS equipment is also stored in the database. Once a user's
satellite communication specifications have been captured in the database, the scheduler
has the ability to determine which RGSs have the equipment available to support a user's

satellite pass. A user's satellite communication specifications are typically entered into the
database and verified well in advance of satellite launch.
The scheduler handles generic type schedule objects such as tasks, resources, timing
specifications, and interdependencies. For each different user, a 'pass template' of tasks
and resources needed to communicate with the user's satellite is stored in the database.
Figure 5 shows an example of a pass template for a particular satellite user. When the user
selects a pass, each of the resource objects specified in the user's pass template is
mapped to an available Space Network resource such as a bit sync or RF transmitter and
each task in the template is assigned an actual UTC time.
Schedule Time

Task

Resource

<PassStart - 10:00>

Allocate
Allocate
Allocate
Allocate

Antenna
Receiver
BitSync
TelemProcessor

Equipment is allocated to a specific pass
ten minutes prior to when the satellite
becomes visible to the ground station.

<PassStart - 5:00>

Configure
Configure
Configure
Configure

Antenna
<SatTrackFile>
BitSync
Receiver
TelemProcessor

The allocated equipment is then provided
with the appropriate database-stored
parameters specific to the customer's
satellite communications. A pass specific
file is provided to the Antenna controller.

<PassStart - 2:00>

Start
Start

Antenna
TelemProcessor

The Antenna and TelemProcessor require
Start commands after loading their
configurations.

Comment
Comment

Pass starts at <PassStart>
Pass ends at <PassEnd>

Comment text is used to annotate the
exact start and end times of the satellite
pass in the file.

Release
Release
Release
Release

Antenna
Receiver
BitSync
TelemProcessor

The equipment is released two minutes
after the satellite passes out of sight.

<PassEnd + 2:00>

Pass Files

NOTE- Bolded information is author's comments and not part of the file format.

Figure 5- User Satellite Pass Communications Template
RGS equipment resources are typically scheduled for configuration in advance of the pass
start time, with release of the same equipment scheduled after the end of the pass. The setup and release timing offsets from the start and end times are specified in the pass
template and are assigned actual UTC times once an actual pass's start and end times are
known.

Space Network's resource scheduling engine incorporates sophisticated optimizing
algorithms for solving complex scheduling problems. The more highly constrained a
request, generally the easier it is to resolve due to the need to search a smaller solution
space. By allowing the user to select only passes that can be supported by resources, the
scheduler is presented with highly constrained requests that are easy for the scheduler to
solve. However, as additional fault detection and schedule prioritization capability is
added to Space Network, the scheduler is expected to play a more significant and
sophisticated role in quickly reworking schedules when components fail and in extracting
more efficiency out of the system's resources under heavy loads. Having a capable,
configurable, object oriented scheduler integrated into the architecture facilitates evolving
Space Network into an even more capable system.
CURRENT SPACE NETWORK STATUS
Space Network's first user-requested pass in a system prototype configuration was
conducted in August of 1997, using a standard desktop PC browser and an NMC located
in Newport Beach, California. The Internet was used to couple the NMC to an RGS in
Horsham, Pennsylvania. The satellite pass was performed on schedule, and the RGS
received a strong satellite signal throughout the pass.
Since that time, additional RGSs have been added in Alaska and Hawaii, new sites are in
developed, and many new features have been added to the system, including the
processing of telecommands to satellites and a distributed object-oriented database.
CONCLUSION
A distributed ground system that supports communications between a number of different
users and a large number of LEO satellites can be managed to a high degree by using
automated resource scheduling. Each customer is provided a customer-specific view of
the available passes for their own satellite, enabling simple and direct customer control of
the satellite communication resources.
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ABSTRACT
We need to begin to define what the future of point-to-point telemetry will be in the new
world of wireless communications, increasing bandwidth requirements, the integration of
test and training, and modeling and simulation (M&S) interacting with open air ranges.
The Advanced Range Telemetry Program will introduce several new technologies to the
telemetry community over the next several years, how will we use and build on them for
the future? What kind of architecture will we need to be able to interact with the M&S and
Training communities? How do we create that architecture and to what use would it be put
by a test program?
The answer, we believe, is to build the equivalent of a network in the sky. An extension of
the Internet, in simplistic terms. The system under test (SUT), or the systems in training
would become nodes of a large interactive network. Instead of the SUT being treated as
something outside the sphere of control for the range, the SUTs onboard instrumentation
systems would become an integral part of the greater range complex. This paper will
address what the architecture of a real-time telemetry network might look like and how it
could be implemented within the telemetry community.
Keywords
Instrumentation, Telemetry, Real-Time, Network, Wireless LAN

Introduction
Airborne instrumentation is utilized to collect and transmit the data necessary for the safe
and efficient conduct of test and training missions. Development programs require
airborne instrumentation during many phases of air vehicle testing (Aerodynamic Flutter
Analysis, Structural Loads, Performance and Flying Qualities, Engine Integration, etc.)
for the safe conduct of the mission to prevent aircraft damage or loss. As the complexity
of modeling and simulation increase, the complexity of airborne data systems required to
verify and validate simulations and models will increase also. While the advent of
increased modeling and simulation will decrease the number of open air missions, it will
also increase the complexity and data collection requirements of open air missions. This
increase will drive airborne instrumentation to increase data rates and very large digital data
streams. The telemetry system throughput requirements of future data systems will exceed
system capabilities and available spectrum very soon.
Available Spectrum, Addressing a Problem
The bandwidth required to support such large digital data streams will severely tax the
already limited spectral resources. As accelerated flight test programs (where real-time
data determines the next mission) become the norm, the requirements for increased realtime data will push the limits of existing telemetry (TM) capabilities.
The instrumentation bit rate
PCM TM Link Requirements Over Time
requirements (Figure 1) of planned
future weapon system acquisition
programs will exceed existing range
telemetry capabilities within 4 to 5
years. Telemetry links will become
Bit Rate (Kbps)
the bottleneck in the transfer of realtime data. This situation presents the
Year
test and evaluation community with a
challenge to work telemetry smarter.
Figure 1 Link Requirements
Methods to increase the access to
data but decrease the spectral occupancy of that data are getting a lot of attention in the
test communities.
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One smarter method is to adopt methods to access and transmit only the data needed
during the time needed. In some aircraft cases, this could reduce the transmitted data by
up to 75%. This method leads to the equivalent of a network in the sky, an extension of
the LAN or Internet, in simplistic terms. The system under test (SUT), or the systems in
training, would become nodes of a large interactive network. Instead of the SUT working
independently with dedicated fixed data formats, the SUT’s onboard instrumentation

systems would become an integral part of a greater range complex utilizing common
channels to link the airborne instrumentation system to ground display systems.
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Figure 2 Two-Way Communications Link for Airborne Instrumentation
The largest change to the instrumentation paradigm will be the effort to reduce the
transmitted data while increasing the access to real-time data. They seem to be somewhat
opposing goals, but possibly achievable if you look toward a two-way linked network
paradigm. The application of new network-based technologies in the flight test and training
arenas will have a profound affect on airborne instrumentation and real-time data systems.
By providing a data link between the ground and the air vehicle, a more flexible and
adaptable telemetry system can be delivered. This link can be used to request different
data sets, adjust transmit frequency and system bit rate to optimize spectrum utilization,
and to upload new software.
The prime benefit is to reduce the size of the transmitted data set. Two-way
communication telemetry linkage is a concept to reduce the amount of data to be
transmitted by using data selection and processing techniques. Data selection included
various methods used to select the data to be transmitted based on data values, event
triggers, and real-time requests. Processing methods can range from basic engineering
unit conversion to calculations, manipulations, and regressions. These techniques will
reduce the data required to be transmitted and allow the capability to schedule more users
or high bit rates in the existing and future telemetry bands. In order to apply these
techniques, an active command and control link (see Figure 2) must be established.

While this is not a new concept, it is one that has not been widely used in airborne
instrumentation. It has some critical implementation problems. The two-way link requires
an additional up-link channel. As noted earlier, spectrum is a limited asset and is not freely
available in the bandwidths necessary for this link. Also, a two-way link requires
additional instrumentation (receivers, antennas, etc.) to be installed on the airborne
platform (a difficult effort on an asset with very limited real estate). The potential for error
is also increased as the transmission format is not fixed and validated before each flight
but created in real-time. The possibility of losing data due to “processor glitches” may be
too risky for test and training programs.
The End Target, A Network
By applying a modified token ring (or other) network many of these problems can be
addressed. In this architecture, the test vehicle would be a node on a much larger network
tied into other test vehicles and one or several ground stations. As the “token” is passed
between nodes, those nodes use the ring to communicate to the ground station or other
aircraft/facilities.

Test/Training
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Figure 3 Real-Time Telemetry Network Operational Scenario
Test vehicles would in effect log on to the range. Each SUT would be a node on a larger
range-wide network. This wireless network would be able to link open air range sensors
(radar’s, emitters, jammers, scoring systems), SUTs (aircraft, missiles, ground vehicles,
ships), and modeling and simulation facilities (hardware-in-the-loop, installed system test
facilities, various labs and chambers) with a common mission control facility. Test
engineers in the mission control facility would have the capability of retrieving data from
various sensors on the net and combining them into a data display. The mission control
facility would be the network server resulting in the merging of modeling and simulation
and open air ranges missions.

The Real-Time Telemetry Network Concept
A proposal to explore this concept is a program called Real-Time Telemetry Network
(RTTN). The RTTN is a concept developed as a technological follow-on to the ARTM
program. While ARTM is improving point-to-point telemetry techniques, RTTN would
implement a network approach toward real-time data acquisition and transmission. The
goal of the RTTN project is to provide a suite of standard data handling protocols which
make a SUT appear to be just another network “node”. The RTTN is being proposed as
a candidate for the Central Test and Evaluation Investment Program under the Director,
Test, Systems Engineering, and Evaluation (DTSE&E), Under Secretary for Defense
Acquisition and Technology (USD[A&T]) U.S. Department of Defense.
While this real-time network concept is not new (NASA has been doing satellite downlinks
over a network many years), the implementation with emerging airborne instrumentation
concepts is new. New ideas based on network communication and data packets are
under consideration within the DoD range community. Several of these ideas would
implement a capability within onboard instrumentation that could be exploited by this
network. Programs like the Next Generation Bus (NexGenBus), Joint Data Acquisition
Control System/Joint Data Acquisition Network, Space Communications Protocol
Standards (SCPS), and the Advanced Range Telemetry, and the Foundation 2010
programs will lay the foundation for RTTN implementation.
Implementation Concepts
The concept of RTTN is to maximize the use of the available telemetry spectrum by
avoiding the channel scheduling inefficiencies inherent in point-to-point telemetry systems.
By the inclusion of multiple users on a single (or multiple) wide-band network, the
bandwidth commonly used for channel separation and scheduling inefficiencies will be
reduced. In this scenario, onboard data systems could be dynamically controlled and
allocated bandwidth to fit rapidly changing real-time data requirements. This is a capability
that is not economically feasible with point-to-point telemetry systems. Two candidate
concepts come immediately to mind. Others may warrant study also. These two
candidates are RTTN-Bus and RTTN-Internet.
RTTN-Bus
A communication protocol based on an existing communication structure could merge the
instrumentation data system with the telemetry transmission system. Adopting a modified
digital, command/response, time division multiplexing techniques, like Mil-Std-1553 or
IEEE 488, could provide both inter-vehicular communication and intra-vehicular flows. In
Mil-Std 1553 terminology, the aircraft would be a remote unit (RT), the range mission
control center a bus controller (BC). The data bus system would function
asynchronously in a command /response mode and transmission would occur in a halfduplex manner. Sole control of information transmission on the bus would reside with the

telemetry (bus) controller, which would initiate all transmissions. The information flow on
the data bus would be comprised of messages formed by various types of words
(command, data, status, etc.). In the bus structure, a single message is the transmission of
a command word, status word, and data words. Using Mil-Std-1553 again as an example,
these message structures are shown in Figure 4. For the case of a aircraft-to-aircraft (RT
to RT) transmission, the message would include the command words, the status words,
and data words.
In another potential bus-based structure, the data words could be formatted as data
packets as detailed in the Consultative Committee on Space Data System (CCSDS)
recommendations. A packet structure will present one of the most critical challenges in
data acquisition. Characteristics such as time correlation, simultaneous sampling,
probability of lost data, become challenges.
The system controller in the mission control center would be the key part of the telemetry
data bus system. The functions of the controller, in addition to the issuance of
commands, would include the constant monitoring of the data bus and the traffic on the
bus. This would include parity checking, terminal non-response time-out, etc. The system
controller would provide the network management. A transmission referee to decide who
says what when.
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Figure 4 Mil-Std-1553 Message Structure
RTTN-Internet
This RTTN-I concept would implement a real-time adaptive and robust telemetry network
using commercial protocols (TCP/IP), multiple channel wireless links, phased array
antennas, and commercial relay packages. This would include a file handling protocol to
optimized the up-linking of commands and the downlink of telemetry data. Protocols

based on the Internet File Transfer Protocol has shown utility in space communication
(reference the Space Communication Protocol Specification, or SCPS, use by NASA). A
retransmission control protocol would provide reliable end-to-end delivery of command
and telemetry messages between ground controllers, labs, and the system under test over
a network with unpredictable dropouts. Extensions to transmission protocols (like the
Internet Transmission Control Protocol) could address link reliability problems, such as
those experienced by the aeronautical telemetry communities.
Signal encryption and/or a network-based data protection system could provide end-toend data security. Derivatives of the networked-based Secure Data Network in
combination with telemetry encryption would need to be investigated.
To accommodate high dynamic data, a very wide-band network capability needs to be
realized. Various concepts available would necessitate a trade-off analysis of the various
systems available. Various network-based communication techniques are being used
successfully in commercial services, but the radio frequency propagation environments,
latency constraints and acquisition time constraints in many applications (low earth orbit
satellites versus ground radio links) differ substantially from traditional point-to-point
aircraft and missile telemetry.
Recommendations
The telemetry community needs to define what the future of airborne instrumentation will
be in the new world of limited spectrum availability, the integration of test and training, and
modeling and simulation interacting with open air ranges. Various new programs within
the DoD will introduce several new technologies to the telemetry and airborne
instrumentation communities over the next several years. How will the telemetry user
interface these capabilities with real-time communications and build on them for the
future? What kind of architecture will be needed to be able to interact with the M&S and
training communities?
The answer may be to develop RTTN, the equivalent of a network in the sky. The SUT,
or the systems in test/or training, would become a node of a large interactive network.
Instead of the SUT being treated as something outside the sphere of control for the range,
the SUTs onboard instrumentation systems would become an integral part of the greater
range complex.
The RTTN program would investigate and seek to answer these needs if endorsed by the
telemetry communities and funded by the Central Test and Evaluation Investment
Program.
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ABSTRACT
Current changes in the way that large flight test systems are utilized have affected the
industry’s methodology in both the early design phases and in the implementation of nextgeneration hardware and software. The reduction of available RF spectrum, the
implementation of packet telemetry methods and systems, and a desire to implement
commercial-off-the-shelf (COTS) hardware are only some of the considerations that
telemetry systems integrators and product houses have to face.
This paper describes how test methodology changes affect current large systems design at
both government test ranges and at airframe/missile manufacturer test facilities. In
addition, consideration is given to the area of increased processing power as it affects
hardware and software design, the leveraging of such current and future
telecommunications technology as network switch technology and compression, cross
utilization, standardized technology, and the movement toward platform-independent
software.
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INTRODUCTION
Changes in the utilization of real-time telemetry processing systems installed into flight test
ground stations have forced a multitude of changes in the way that systems designers
think and plan for both upgrades and ground-up installations, including:
• System usage for more than just real-time processing
• High amounts of varied users

• Integration of test and training
• Linking of distributed simulations
• Reduced testing times
In addition, today’s current systems designer needs to wear many more hats. Expertise is
required in such varied areas as network design and management, hardware-independent
graphical user interfaces, integrated radio frequency equipment into COTS processors,
and rotary head and digital recording techniques to name a few.
This paper defines these changes, how and why they came about, and the effects they
have on current and future systems design.
HISTORY
Telemetry in the United States began to evolve as a technology for research during World
War II. The use of radio telemetry in aviation development began as an outgrowth of the
need to understand aeroelastic flutter problems in high-performance jets. Systems used in
those days were either AM or FM or some variation (i.e., AM/AM AM/FM, FM/AM,
FM/FM). All that a ground station required was a discriminator and a radio.
Eventually, progress was made and Time Division Multiplexing (first in the form of Pulse
Amplitude Modulation (PAM) was found to be a much more optimal technology for data
gathering purposes. This approach also evolved into PAM/PDM and brought forward the
first decommutators. As time moved forward and more data points were required, Pulse
Code Modulation (PCM) was born. At this point, ground stations as we would know
them began. RF receivers, bit synchronizers, and decommutators began to appear. Now
that there was a substantial quantity of data to be acquired, such problems as archiving,
displaying, and processing data came to the forefront of the ground station systems
designer’s mind. Tape recorders and computers began to appear, and with them —
software.
With the advent of “high-level” languages to assist in simplifying programmers’ tasks, the
first requirements for data sharing became evident. Real-time operating systems were the
rage, and people who had mini-computers thought that they had it made. Yet, as always,
increasing data requirements soon made these systems obsolete.
Soon, another factor started a revolution in telemetry ground station processing systems
— UNIX. Many people believed that a UNIX-based system could never be used to
replace the true interrupt-driven real-time operating systems. But as time has shown, with
the proper design parameters in place and a substantial increase in processing power, nonreal-time operating systems can be used to operate telemetry ground stations.

There has long been a trend to consolidate processing power downwards. What was once
a room full of racks was converted to a rack full of boxes, with rack functionality moved
to a single box. Those boxes were then redesigned into individual cards to fit within a
single box. Today, distributed processing and open systems architecture are the norm. No
longer can a single unit fill the needs of the larger ground telemetry processing centers.
Industry and government standards rule the day.
The general flow for new systems design has been:
•
•
•
•

Increasing complexity of test vehicles
Increases in data requirements
Fundamental changes in technology
New program starts
TRENDS

The Effect of Increasing Data Rates on Future Systems Design
As has practically always been the case, the large increase in the required amount of
telemetry data to be processed has been, and will continue to be, the deciding factor in
either upgrading or entirely replacing a telemetry ground station. Currently, this trend is
mainly driven by the integration of testing on-board computers and high bandwidth
frequency data.
In conjunction with the growing rate of telemetered test data and the reduced availability of
L- and S-Band spectrum in the United States, many considerations have to be accounted
for in next-generation systems design. At the least, large test range systems will have to
have much more functionality than they currently do to be able to reduce new telemetry
schemes while providing support for the next generation of testing.
The reduction in new aircraft programs will provide no relief to the test community, as
funding moves toward the testing of weapons systems to support current and legacy
aircraft. These "next-generation" weapons typically have highly complex sensors,
collecting large amounts of data that will require new methods of acquisition and
processing:
•
•
•
•

15 - 20 Mb for aircraft flight testing (telemetered)
80 – 120 Mb for aircraft flight testing (on-board recorded)
20 – 35 Mb for advanced missile flight testing (telemetered)
250 Mb for space payload data

The Effect of Computational and Processing Power on Future Systems Design
Computational power is growing logarithmically. The same computers that fill our aircraft
and missiles with ever-expanding intelligence and data acquisition systems will also fill our
telemetry ground stations. These increases in computational speed need to be considered
in the design phase of any future system.
The U.S. Department of Defense (DoD) is predicting that by the year 2000, a 10-terraflop
processor will be achievable. By 2003, that number will go to 100 terraflops. Granted,
these numbers are for large system configurations located in places like Sandia National
Laboratories and NSWCDD Dahlgren, and not in the flight test centers of the current
MTRFB. However, these same increases can be extrapolated from existing systems, and
therefore so can the data rates expected of test vehicles.
These kinds of processing predictions will raise some obvious questions for the systems
designer:
• How much expansion can the current system achieve?
• Will the system be of an open architecture design that will allow for technology
enhancements as they become available?
• What amount of expansion capability should be specified in the preliminary design?
When determining what types of hardware should be specified in a distributed processing
system for flight test, the use of commercial standard processors will ensure much better
life cycle costs. In addition, there will be a larger selection of available hardware,
decreased downtime, an easier transition to new technology, and the ability to adapt to
changing requirements without having to redesign or provide for expensive and complex
custom engineering in-house.
The Effect of Network Technology on Future Systems Design
The ability to propagate data faster once it has reached the ground station is also a
consideration. The future ground station will not always reside in one room. A tendency to
provide real-time data to users located remotely from the traditional mission control center
is already occurring. Sharing of data and processes across inter-service and company
boundaries through such high-speed networks as ATM, 100BaseT, and fibre channel is
becoming a reality. Data schemes need to be easily integrated into these local area
networks (LANs) and wide area networks (WANs). Data migration paths of the future will
be based on current network standards to assist in the reduction of costly interface
requirements and custom software and hardware.

Higher reliance on test data shared through networks with hardware-independent software
packages and formats such as Java, High-Level Architecture (HLA), and other objectoriented languages will assist in the decision of the future telemetry systems designer to
consider new implementations of telemetry schemes like packet telemetry.
Since the volume of data being acquired is increasing, corresponding network pipelines
will have to increase to accommodate the flow. The following types of technologies have
to be considered when defining system architecture:
•
•
•
•
•

Network structure
Data rates (allowing for 100% growth)
Digital switch requirements
Cost
Types of data (video, voice, raw telemetry)

The Effect of Object-Oriented Languages on Future Systems Design
The trend toward merging modeling and simulation (M&S) data with real-time telemetry in
both the military and commercial test communities is real and ongoing. One of the greatest
challenges the systems designer will face in the coming decade will be deciding on how to
accommodate interfacing these two traditionally diverse data hardware and software sets.
In the M&S community, software engineers tend to think of their simulations as a group
of codes generally defined as objects. They generate software that defines these objects
based on standards. There are generally two standards associated with object-oriented
languages that are recognized today: Common Object Request Broker Architecture
(CORBA) and High-Level Architecture (HLA), with the latter being defined by the DoD.
Telemetry systems designers need to be aware of these new middleware standards and
attempt to leave certain "hooks" in their overall systems design to allow for future
compatibility with simulation data. HLA allows for entity-based, real-time, distributed,
decentralized, message-based interaction of simulations. The nature of current distributed
telemetry systems allows for an easier interface to these types of languages as they already
have the network capabilities and message-based data propagation applications software
integral to them.
The Effect of Standards on Future Systems Design
Systems designers have long used standards to assist in the development process. In large
systems design, where a multitude of equipment and applications are linked together to

form a heterogeneous network of interfaces and processes, standards ensure an easier
integration of COTS equipment.
Since one of the primary considerations of the current telemetry systems designer should
be to achieve a system architecture that is both open and flexible, the use of standards
should be one of the prime driving forces. Using standards allows the integration effort to
be achieved within a common framework of hardware and software. The ability to change
out components within the defined framework achieves both cost-savings and reduced
development times. Since telemetry system manufacturers tend to design toward future
standards, adherence to COTS and government standards should provide a more reliable
growth path and allow for expansion to occur within the system based on future
requirements.
Industry and DoD standards have been beneficial to the overall design of current telemetry
systems. Military specifications, the Inter-Range Instrumentation Group (IRIG), the
Institute of Electrical and Electronics Engineers (IEEE), the Instrument Society of America
(ISA), and the American National Standards Institute (ANSI) are the pre-eminent
standards associations to which the telemetry systems designer will have to adhere, with
military and IRIG standards having the most applicability.
It is important to choose standards that will both fit with the systems designer’s customer
requirements/needs (i.e.; the flight test ranges and engineering departments within their
own organizations) and still ensure enough flexibility to have support from commercial
vendors. It should be noted that poorly supported standards may preclude access to offthe-shelf components, therefore driving up cost and severely limiting selection.
As with all cutting-edge technology, systems designers may sometimes find that current
standards are insufficient to satisfying customer requirements. This tends to create a
dilemma of in-house design versus commercial procurement of hardware/software with an
additional amount of non-recurring engineering (NRE). If the systems designer is working
with a large commercial vendor, then early communication of high-level requirements can
often prevent starting down an unsupportable path.
The following objectives should be addressed when choosing standards for systems
design:
•
•
•
•

Ensure that the fewest amount of interfaces possible are defined
Maximize the use of off-the-shelf components
Adhere to potential customer requirements
Measure cost benefits versus risks

The Effects of Linking Distributed or Non-Distributed Simulations to Real-Time
Telemetry on Future Systems Design
In the large government test ranges, such as Edwards AFB, Eglin AFB, and Paxtuxent
River NATC, the linking of distributed simulations and live real-time telemetry is an
ongoing effort. The GWEF, CCF, and PRIMES facilities at Eglin AFB are prime
examples of locations where systems that have been independent for many years have
come together to define and provide dedicated architectures and processes for the sharing
of real-time and simulated data.
Reasons to strive for such compatibility include, but are not limited to:
•
•
•
•

Reducing open-air test costs
Continuing repeatability
More efficient use of manpower/labor
Improving simulation fidelity

The overall objective is to be able to provide data to the CCF that closely resembles realtime telemetry. Integrated data includes Time Space Position Indicated (TSPI), serial
PCM, and 2- and 3-dimensional display data. This variety makes for a large integration
effort. Ignoring the technical risks associated with poor telemetry data quality and legacy
hardware and software, this Eglin example aptly demonstrates an ongoing trend in the
military flight test community.
Similar systems are starting to be designed in the commercial flight test arena. The linking
of "iron bird" hardware and man-in-the-loop (MITL) simulations with real-time test data
will become more commonplace over the decade. Reduced test costs, improved pilot
training tools, and shared processing resources will only be some of the benefits realized.
Future telemetry systems designers need to address several areas to prepare for the
eventual "integration" of simulated data with their telemetry ground stations. They must:
• Provide alternate high-speed network switch capabilities for future integration and
growth
• Consider co-locating simulations facilities with flight test facilities to reduce facility
infrastructure and manpower
• Attempt to share data through established middleware standards such as HLA or
CORBA
• Reduce life-cycle costs by only using established industry leaders and defined
common standards

• Attempt to share common graphical display and visualization tools, therefore reducing
duplicated software design and maintenance
• Leverage hardware-independent graphical user interfaces (GUIs) to the largest extent
possible with current technologies such as Java and HTML
The Effect of Video on Future Systems Design
Today’s weapons and advanced avionics used for instrumented landings have integrated
sensors built into their design. These sensors, whether infrared, radar, laser, video, or
thermal, typically generate large amounts of asynchronous data. In many instances, this
data was previously telemetered as a secondary RF link. The necessary reduction in size
for both performance and cost reasons has often in turn necessitated the reduction to a
single telemetry stream. A single stream reduces the need for secondary antennas and
receivers at the ground processing stations.
Many current flight test requirements mandate the ability to acquire, telemeter, and archive
high-speed video data. These signals are typically transformed into digital streams at the
sensor or immediately after, before introduction into the telemetry system. Large
asynchronous data streams like video and sensor data do lend themselves to packet-type
telemetry applications, as partial data losses can be acceptable for some types of
applications. Examples include such instances as telemetered heads up display (HUD)
information used for test and training purposes, or camera information that is backed up
by on-board instrumentation. Further implementation of video compression can improve
bandwidth efficiency and reduce data loss.
Multiple techniques, such as Joint Photographic Experts Group (JPEG), Motion Picture
Experts Group (MPEG), Fractal, and Wavelet types, reside in the digital domain and
could be employed as bandwidth-limiting methods. Since these are already in use for
many commercial applications, induction into packet-type telemetry schemes can be
accomplished in many cases with COTS solutions.
The Effect of Platform-Independent Software on Future Systems Design
As distributed processing becomes the norm for systems design, display packages that
can leverage hardware-independent methods to provide both analysis and processing
tools will come to the fore. The use of the World Wide Web as a method to review flight
data will become more commonplace. System developers will begin to look for methods
to broadcast data from telemetry processors over networks to give remote users access to
either real-time or at least near real-time data.

The Effect of Increasing Spectral Efficiency on Future Systems Design
Current programs are underway to help develop the simulation tools necessary to analyze
the performance of advanced bandwidth modulation techniques. This knowledge is
necessary to help understand effects such as Doppler profiles, delay spreads, multi-path
intensity, and so on. Along with the trend to reduce bandwidth via improved modulation,
technology to pack data into the serial RF pipeline will be continually developed and
improved. The trend in the telemetry product industry will be to tightly couple these radio
frequency needs directly into the front end and processing systems. While the ability to
reduce the size and therefore cost of RF equipment is gaining great strides by leveraging
current telecommunications technology, the greatest benefits can be achieved by
integration at the box level.
Other techniques, such as data compression, will start to find their way into telemetry
ground stations. Sorting out such issues as compression loss and whether to place
compression equipment up or downstream of encryption equipment will have to occur via
industry and government testing. Regardless, ensuring adequate processing power to
handle compression requirements as they happen will only occur if the systems designer
has the foresight to plan ahead.
Last but not least, as data cycle map/format optimization techniques become available, the
trend will be toward filling in the more efficiently packed frame, rather than reducing the
spectral occupancy of the user's allocated bandwidth.
The Effect of Increasing Recording Technology on Future Systems Design
The change from the traditional analog recording methods of the past for testing has been
swift. The current trend toward digital recording methods and a movement from
longitudinal to rotary head recorders continues. As test requirements and therefore data
rates increase, so do subsequent design parameters. Current recorder types and schemes
include:
•
•
•
•
•
•
•
•

Rotary head VLDS
VHS
8mm cassette
Optical disk
Streaming tape
Exobyte
WB Group II (analog)
DCRsi (proprietary)

It is important for the telemetry systems designer to adequately understand data
requirements up front to provide not only sufficient storage medium and archiving rates,
but also to address such other factors as cost, future growth, multiplexer requirements,
long-term maintenance, and life cycle costs.
Ensuring that future systems have adequate commercial standard outputs, such as Ultra
SCSI, FDDI, Ethernet, and ATM, will allow for a greater variety of products from which
to choose. Determining whether to use raw or processed EU, or a combination of both
will help to define recorder type just as much as data rates and media cost. Will there be a
requirement to control recorders remotely? How will data be time correlated and what is
the frequency response? Are there inherent latencies in the chosen archiving methods? Will
there have to be compatibility with on-board recorders? What types of post-test access
methods will be required for playback?
The trend is definitely toward smaller, faster, and more inexpensive options. Commercial
technologies developed from medical and satellite imaging will continue to assist recorder
manufacturers with IR&D plans. The desire to provide direct computer access through
data mining techniques and the spread of packet telemetry as an alternate to analog data
archiving will also change the way we look at recorders in the future.
The Effect of Command and Control Systems on Future Systems Design
One futuristic scenario that will lend itself well to the development of future telemetry
ground stations will be the adaptation of real-time command and control links. In this
scenario, command and control software such as return link and forward link from the
satellite community will be integrated into the flight tester's mission control facility.
Flexibility and instantaneous adaptable telemetry bandwidths will become commonplace.
The transmission of only what is needed by the ground processing system will decrease
data rates and therefore improve spectral efficiency. The adjustment of not only what is
transmitted, but also such issues as bit rates and transmit frequencies could be handled.
Next-generation airborne processors could improve this dynamic data selection. The
retransmission of bad data packets cannot be accomplished without these command and
control links and therefore the quality of data necessary to conduct the vast majority of
flight tests cannot be achieved without the integration of this infrastructure.
Implementation of the existing CCSDS 700 Advanced Orbiting System (AOS) processing
types or even the 100/200 Telecommand type would ease this transition for the flight
tester, as these are already supportable at various test facilities and have commercial-offthe-shelf hardware and software solutions available today.

The Effect of Packet Telemetry Methods on Future Systems Design
With the trend in the scientific and space communities toward packet telemetry schemes,
the systems designer should make some provisions to ensure adequate processing power
and sufficient network bandwidth for the propagation of packet-type data.
Benefits of packet-type telemetry for flight testing include:
•
•
•
•
•
•
•
•

More efficient use of limited bandwidth
Separation of application-dependent layers from transport protocols
The ability to leverage commercial-off-the-shelf (COTS) technology
Treatment of systems as nodes on a network
The integration of simulated data with real-time data
The integration of telemetered data into the virtual realm
The integration of telemetered data into training exercises
The ability to move non-standard communications protocols and techniques through a
standard interface
• Reduced costs
Drawbacks of packet-type telemetry for flight testing include:
•
•
•
•
•

Data timing reconstruction
Data latency
Overhead requirements
Data losses with single direction transmission systems
Sensors sampling at the same data rates (should attempt some sort of packet
commonality to reduce latency)
• Data losses
It is important for the designer to address the previous issues and attempt to provide for
the ability to grow into packet-type schemes when they become more standardized in the
flight test community. Working with established telemetry system manufacturers will
reduce the amount of R&D spent in-house and provide a lower risk scenario for future
systems expansion.

CONCLUSION
Many factors affect the design of new telemetry systems. Factors that will lead the
systems designer toward the successful next-generation system include:
• Using commercial and military standards while ensuring the fewest differing interfaces
possible
• Maximizing the use of commercial-off-the-shelf components
• Scaling for twice the highest data rates
• Standardizing on single network solutions, which provides for alternate unique
requirements such as video, voice, and raw data
• Providing hooks for future object-oriented languages that will assist in integrating
simulation and training data streams and sources
• Co-locating ground stations with other computer facilities to reduce infrastructure
• Sharing common graphical display tools and displays, preferably using platformindependent architectures like Java and HLA
• Planning for the future integration of spectrally efficient RF schemes and format
optimization techniques
• Attempting to reduce analog recording requirements by pushing for all-digital
acquisitions and recorders
• Ensuring adequate growth potential for command and control links and bi-directional
communication with articles under test
• Providing for the processing of packet telemetry methods
Hopefully, these preparations will allow systems designers to reduce the risk in their nextgeneration systems while maintaining adequate growth potential and an adequate price
versus performance return on investment.
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ABSTRACT
The advent of adaptive computers built from re-programmable logic devices presents a
potential solution for meeting the data processing requirements of the new era of Earth
monitoring satellites to be launched by the National Aeronautics and Space Administration
(NASA) Earth Science Enterprise project. The Earth Observing System (EOS) AM-1
spacecraft, the first satellite of this new era, will produce in only six months as much data as
NASA has collected to this date. As a consequence, the Earth Science Data and Information
System (ESDIS) project is building high performance and highly costly parallel processing
systems to address the real-time data production requirements. Together with the high
performance front-end ingest and level 0 processing microcircuits developed in-house at the
Goddard Space Flight Center’s (GSFC) Data Systems Technology Division (DSTD),
adaptive computers present a possible alternative to traditional CPU-based systems to
increase the performance while reducing the cost of satellite telemetry processing systems.
The Adaptive Scientific Data Processing (ASDP) project has been investigating the use of
adaptive computers in the implementation of space borne scientific data processing systems.
An order of magnitude processing speed acceleration over high-end workstations has been
demonstrated for both level 1 and level 3 algorithms. This paper discusses the use of
adaptive computing in satellite telemetry processing systems, level 1 and beyond. Primarily, it
describes the efforts and presents the results of two prototypes developed by the ASDP
project. The limitations of the current state of the technology are discussed and the expected
improvements to facilitate the adoption of adaptive computers are presented. Finally, future
work of the ASDP project is discussed.
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THE EOS PROCESSING PROBLEM
Beginning with the EOS era of satellites, NASA’s data processing requirements will
significantly increase. Current NASA-supported data holdings total about 125,000 Gigabytes
[1]. Table 1 displays the average daily data volume for the EOS AM-1 spacecraft [3], which
is scheduled for launch in 1999, along with the average processing load required to generate
this data. The EOS AM-1 spacecraft will produce more than 900 Gigabytes of data daily and
require over 11,400 million floating-point operations per second (Mflops) of computing
power. Therefore, in less than 6 months, the volume of EOS AM-1 spacecraft data will
surpass all previous NASA data holdings.
To solve this problem, the Earth Science Data and Information System (ESDIS) project is
creating several Distributed Active Archive Centers (DAACs) around the country to process
and archive the data. Each DAAC uses numerous powerful workstations operating
simultaneously on different data sets. By using these parallel-processing techniques, the
DAACs are able to manage the vast amounts of data.
Level
1A
1B
2
3
4
Total:

Average Daily Data
Volume (Gbytes)
254.735
349.4
245.514
68.417
0.230
918.3

Average Processing
Load (Mflops)
99.922
2704.212
5628.791
3051.828
.050
11484.803

Table 1. Average Daily Data Volume and Processing Load for the EOS AM-1
Spacecraft [3]
THE EOS SCIENCE DATA FLOW
Figure 1 illustrates the flow of science data for a typical satellite. Data from each
instrument is encoded into packets and frames and transmitted to Earth. At the ground
station, level 0 processing is performed for the entire spacecraft data stream. Higher
levels of processing are then performed for each instrument as required.

The Earth Observing System (EOS) project defines the various levels of telemetry
processing in the following manner [2]:
Level 0 - Reconstructed, unprocessed instrument payload data at full resolution; any
and all communications artifacts, e.g., synchronization frames, communications
headers, duplicate data removed.
Level 1A - Reconstructed, unprocessed instrument data at full resolution, timereferenced, and annotated with ancillary information, including radiometric and
geometric calibration coefficients and georeferencing parameters, e.g., platform
ephemeris, computed and appended but not applied to the Level 0 data.
Level 1B - Level 1A data that have been processed to sensor units (not all instruments
will have a Level 1B equivalent).
Level 2 - Derived geophysical variables at the same resolution and location as the
Level 1 source data.
Level 3 - Variables mapped on uniform space-time grid scales, usually with some
completeness and consistency.
Level 4 - Model output or results from analyses of lower level data, e.g., variables
derived from multiple measurements.

Figure 1. Typical Satellite Data Flow

THE ASDP PROJECT MISSION
The Adaptive Scientific Data Processing project is part of the Microelectronics and
Signal Processing branch at NASA-Goddard Space Flight Center, Greenbelt,
Maryland. Funded by ESDIS, ASDP is a research and development project aimed at
investigating adaptive computing technology and its application to satellite telemetry
processing. A primary goal of the ASDP project is to develop low cost, high
performance processing solutions to help meet NASA’s growing computing needs.

In the early 1990's, the Goddard Space Flight Center's Microelectronics Systems
Branch (Code 521) started the utilization of Very Large Scale Integration (VLSI)
Application Specific Integrated Circuits (ASIC) to accelerate and reduce the cost of
Level 0 satellite telemetry data processing. Currently, the Desktop Satellite Data
Processing (DSDP) system is being developed to provide low-cost integrated ground
system solutions from the antenna to the network. Due to the fact that level 1
processing is instrument dependent, an acceleration approach utilizing ASICs is not
feasible. The advent of field-programmable gate array (FPGA) based computing
provides processing performance close to ASIC levels while maintaining much of the
programmability of traditional microprocessor based systems. As a result, the
incorporation of adaptive computers to the DSDP is a natural path for the acceleration
of science data processing (levels 1 to 4). Over the past two years, the ASDP team has
completed two demonstrations of adaptive computing technology applied to the field
of telemetry processing. The first, a multispectral image classification algorithm for a
current generation satellite, Landsat-2, classifies as a level 3 process. The second is a
level 1, instrument calibration for a new EOS generation satellite.

MULTISPECTRAL IMAGE CLASSIFICATION
The Multispectral image classification algorythm processes each pixel of an image to
determine which type of terrain is being represented (i.e. water, forest, urban, etc.). The
algorithm used was developed by Chettri, et al ([4], [5]) and is based on Probabilistic
Neural Networks (PNN). The algorithm takes each image pixel, represented by a
vector, and compares the pixel against sets of training vectors, called weights, which
are known to belong to certain classes (water, forest, urban, etc.). For each class, the
PNN calculation derives a value indicating the probability that the pixel belongs to that
particular class. After all classes are processed, the class with the highest probability is
the class to which the pixel most likely belongs. This calculation is represented by
equation 1 [5].
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Equation 1. PNN Calculation

k = number of classes

Figure 2 displays the board used to implement the PNN calculation, the G900
Spectrum System board from Giga Operations Corporation. The board shown in
Figure 2 has four modules installed, each of which contains 2 FPGA devices. The
PNN algorithm was small enough to be implemented on a single module (2 Xilinx
XC4013 FPGA’s). To increase the performance of the system, two modules were
configured with the PNN algorithm, which operated on separate pixels in parallel.

Figure 2. Giga Operations G900 Spectrum System Board

Figure 3 represents the data flow for the PNN algorithm. The host processor is
responsible for reading in the image and downloading the FPGA configuration files and
image pixels to the adaptive coprocessor. After processing, data is returned to the host
and the results are displayed. Refer to the ASDP- Fall 1996 Report [6] for further
information regarding the implementation of the PNN algorithm.

Figure 3. Data Flow for PNN Calculation Implementation

The results obtained for the multispectral image classification algorithm are listed in
Table 2. Results for the adaptive coprocessor are shown using both 1 and 2 modules.
The version using the FPGA coprocessor board is significantly faster than the
software only version. Using 2 FPGA modules hosted in an inexpensive Pentium PC,
the FPGA version provides more than 8 times faster performance than a 200 MHz
DEC Alpha machine (1 min, 26 sec. vs. 12 min). Higher performance can be achieved
through the utilization of up to 16 FPGA modules.
System
VLB Pentium PC 100 MHz
+1 FPGA Coprocessor module @ 16 MHz
+2 FPGA Coprocessor module @ 16 MHz
PCI Pentium PC 166 MHz
+1 FPGA Coprocessor module @ 16 MHz
+2 FPGA Coprocessor module @ 16 MHz
1 Processor DEC ALPHA 200 MHz

Time to calculate a 512x512 image
34 min 3 sec
3 min 40 sec
2 min 30 sec
17 min 02 sec
2 min 34 sec
1min 26 sec
12 min

x Acceleration
1
9.29
13.62
1
6.64
11.88
-

Table 2. Multispectral Image Classification Results
MODIS REFLECTIVE CALIBRATION
The Moderate Resolution Imaging Spectroradiometer (MODIS) instrument is one of
the five instruments on board the EOS AM-1 spacecraft. As shown in Table 3, more
than ½ of the 918 Gigabytes of data generated daily by the EOS AM-1 spacecraft
(Table 2) will come from the MODIS instrument.
Level
1A
1B
2
3
4
TOTAL:

Average Daily Data
Volume (Gbytes)
115.099
193.6
161.859
66.312
0.230
537.1

Average Processing Load
(Mflops)
99.917
1339.854
1293.981
3005.218
.050
5739.02

Table 3. Average Daily Data Volume and Processing Load for the MODIS
Instrument [3]
The MODIS processing will consume nearly ½ of the 11484 Mflops of computing
resources required to generate this data. Figure 3 describes the data flow for MODIS
Level 1B telemetry processing. After extensive analysis of the L1A-to-L1B software, it
was determined that the reflective calibration block was the most computationally

intensive portion of the L1A-to-L1B algorithm and therefore the most likely to benefit
from hardware acceleration. For more details on the reflective calibration algorithm
refer to the “Algorithm Theoretical Basis Document” for the MODIS instrument [7].

Figure 3. MODIS Level 1B Data Flow

Figure 4 displays the Wildforce board from Annapolis Micro Systems, which was
used to implement the MODIS reflective calibration. The Wildforce was chosen
because it is PCI compatible, contained sufficient FPGA resources for the application
and was available with drivers for a Silicon Graphics workstation. The host platform
was a Silicon Graphics Origin 200 workstation with a 180 MHz R10000 RISC
microprocessor and 128 Mbytes of RAM. This platform was chosen because the
workstations in the DAAC use identical processor and memory configurations. This
provides a benchmark to evaluate the impact of inserting adaptive computing into the
DAAC environment.

Figure 4. Annapolis Micro Systems Wildforce Board

To implement the reflective calibration algorithm, the design was partitioned among the
available devices and implemented and tested in an incremental fashion. For further
details on the MODIS reflective calibration algorithm and our implementation, refer to
the ASDP – Fall 1997 Report [8].

The results from the MODIS reflective calibration demonstration are displayed in Table
4. The software version, the software that will be running in the DAAC, took 16.51
seconds to complete the reflective calibration function; while the FPGA version only
took 1.78 seconds. This demonstrated a performance increase 9 times greater than the
software only version.
Reflective Calibration Implementation Method
Software Only
FPGA Coprocessor Card
X Acceleration

Time (seconds)
16.51
1.78
9.28

Table 4. MODIS Reflective Calibration Results
STATE OF ADAPTIVE COMPUTING TECHNOLOGY
The field of adaptive computing is in its infancy. The technology began with the
creation of SRAM-based FPGA devices by Xilinx, Inc. in 1985. These devices can be
reconfigured to perform a different function without removing the device from a circuit
card or removing power from the system. Since then, FPGA device architectures have
continuously improved. Today, devices are available containing more than 100,000
logic gates, which operate above 80 MHz. As semiconductor fabrication techniques
continue to improve, larger and faster FPGAs will become available.
The most common use for FPGA devices is to prototype Application Specific
Integrated Circuits (ASICs), and in embedded systems having low volume
requirements. Adaptive computing is considered a small segment of the FPGA market,
which hardly represents an income to device manufacturers. However, adaptive
computing is seen as the market segment with the most potential for growth and the
most potential of establishing FPGAs as mainstream computing elements. Applications
developed using adaptive computing have demonstrated several orders of magnitude
acceleration over microprocessor based solutions.
The development of adaptive computing applications requires designers who have an
in-depth knowledge of both the hardware and software. Algorithms must be thoroughly
analyzed to determine their fitness for hardware implementation. The algorithms must
then be partitioned between hardware and software. Once the hardware portion of the
algorithm is determined, the adaptive coprocessor must be selected. The hardware
design must be partitioned among the available FPGA devices on the board. Care must
be taken to insure that all necessary data can be passed between FPGA devices, and
that all input parameters required by each FPGA can be input to the board. If the
FPGA board contains insufficient resources for the design, additional boards can be

added or the limited FPGA resources can be repeatedly reconfigured to implement
successive pipelined processing stages, in a process known as run-time
reconfiguration, a technique that increases the complexity of the design. Reconfiguring
an FPGA device requires several milliseconds, so run-time reconfiguration can greatly
impact performance. Also, the board must have sufficient memory to store all data
between configurations, or bandwidth limitations between the host and FPGA board
will eliminate any performance gains.
A characteristic of current adaptive computers is insufficient bandwidth between the
host processor and the FPGA board, which is usually the limiting factor in application
acceleration. As a consequence, applications performing a large amount of
computation on a small amount of data will derive the greatest benefit from adaptive
computing, whereas I/O intensive applications will derive lesser benefit.
To allow adaptive computing to move into the realm of mainstream computing, more
advanced tools, which simplify the design process, will be required. Ideally, a tool that
allows the specification of all system parameters using a high-level graphical interface
would be available. This tool would provide the means for a scientist to enter the
specification or description of the physics of the application under development. A
computer engineer would then utilize the same tool to automatically partition the
algorithm between the host and the adaptive coprocessor and implement the design.
Improvements in the architecture of FPGA devices are also required to facilitate the
widespread adoption of adaptive computing. Devices should fully support partial
reconfiguration at the bit level. Device configuration time should be reduced to the
microseconds range, allowing easier and more efficient run-time reconfiguration.
Finally, FPGA architectures providing forward compatibility, to allow for easy system
upgrades, should become commercially available.
The sole justification for the utilization of adaptive computing today is the capability to
attain orders of magnitude performance gains over microprocessor based systems.
The major hurdle to overcome in the process of realizing such potential is the
difficulties involved in the application development. Several studies are being
supported by the Defense Advanced Research Projects Agency’s (DARPA) Adaptive
Computing Systems study to address these technology limitations [9]. The ASDP
group is collaborating with such efforts by providing an interface between the research
community and the application challenges under question at NASA.

FUTURE WORK
The ASDP team is currently working on the level 1 processing stage of a direct
broadcast receiving system for the MODIS instrument, the Adaptive Level One
Accelerator (ALOA). The goal of this project is to achieve near real-time performance
using adaptive computing technology. This work is an expansion of the previous work
on MODIS reflective calibration to do the entire MODIS level 1 processing.
Another possible area for future work concerns the use of adaptive computing
technology onboard a spacecraft. A radiation hard FPGA is currently being developed
by Honeywell, Inc. under a contract with the Goddard Space Flight Center, which is
expected to be available before the turn of the century. This device will make possible
an adaptive computer capable of being flown in space. This would allow level 1 and
higher processing to be done directly on the spacecraft, which in turn would reduce the
cost of ground systems, allowing data to be transmitted directly to the end user.
CONCLUSION
This paper discussed NASA’s growing need for increased data processing
capabilities. The two prototypes of the ASDP project were described. These
prototypes have demonstrated an order of magnitude performance increase over
traditional computing methods. The current state of adaptive computing technology
was discussed, along with the future work of the ASDP project.
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ABSTRACT
This paper was prepared as part of the team design competition for a graduate level
course given at the University of Canterbury, in Christchurch, New Zealand. It presents a
high level design of a bobsled data acquisition system which is intended to aid athletes and
coaches in achieving the maximum benefit from their time at the bobsled track. The
system will measure every applicable aspect of the bobsled’s performance down the
track, and provide real time and near real time feedback for the athletes and the coach.
This system implements an inertial navigation and position system, monitors wind speed,
measures the drivers steering input and effort, measures individual pushing effort in the
critical start stage of the run, and provides cue signals to the runners when to mount the
sled.
A robust packet format and error correction in conjunction with a E2ROM backup system
ensure data integrity. The data is transmitted utilising a GMSK signalling scheme,
operating at a frequency of 400MHz. A space conserving patch antenna is mounted on the
bobsled and a leaky wave antenna placed alongside the track for the transmission system.
A link budget and the error performance of the transmission system are analysed. A
graphical front end at the coach’s base station provides real time data display and
analysis.
KEY WORDS
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INTRODUCTION
The sport of Bobsled racing originated in Switzerland, when an Englishman connected
two toboggans together in tandem with a flexible coupling between, allowing primitive
steering to be used. It involves a team of two or four athletes piloting a sled down a 1200

to 1500 meter ice coated track, reaching speeds of up to 130 kilometers per hour. Once
out of the start area the run becomes a test of the drivers skill in negotiating turns, and
choosing the best “line” down the track.
This paper describes the design of a telemetering package for a competition bobsled,
which will capture real time data about the state of various sled parameters as it speeds
down the track. This information will be down-loaded in real time via a radio link, to a
computer near the course. This will mean that performance can be analysed on the spot. It
is foreseen that this information can aid the bobsled team in several ways, including
optimizing performance during the critical starting phase, increasing the benefits of time on
the track to enhance training, aiding coaches in assessing team performance and acting as
a tool to enhance bobsled simulators. An important goal of the project was to design a
telemetering system that would allow the practical achievement of the above goals, and
that can be fitted to any bobsled and used at any bobsled track.
SYSTEM CONTROL
The bobsled system controller manages all aspects of the telepack’s operation. It is
responsible for sampling the data from each sensor, assembling the data into packets and
then sending them back to the ground station. It also stores all packets generated during a
bobsled run into on-board memory as a precaution in case of radio link failure. Each
packet has a unique identifier so only erroneous packets need be retransmitted.
Commands from the ground station are also received and processed by the system
controller.
The system consists of a MC68302 integrated multiprotocol microprocessor with 512K of
RAM, 128K of FLASH ROM, a real time clock and two RS232 ports for communicating
with the radio modem and pitch/roll/yaw module. The data acquisition system consists of
two 8 channel 12 bit A/D converters. An on board voltage reference is used for
calibration. Data acquisition is locked to the 70Hz interrupts generated by the
pitch/roll/yaw module.
It was decided to adopt a packet format for the telemetry data because in this mode
information is only transmitted when it is generated. A packet format is also more
compatible with modern data communications systems. [1]. Telemetry packets are
assembled in software before being forwarded to the transceiver for transmission over the
radio link. Figure 1. Shows the telemetry packet format.
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Figure 1. Bobsled Telemetry Packet Format
A simple fixed length packet format is used for commands. It is important that commands
reach the bobsled during its run. For this reason the command field is duplicated three
times in the command packet. If the CRC indicates that there are data errors in the
command packet then a majority decision will be taken on the three commands. If no
majority exists then the command will not be executed, and the bobsled will ignore any
command packets which do not have its own bobsled identifier. Figure 2. shows the
command packet format.
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Figure 2. Bobsled Command Packet Format
SENSORS
Steering Angle and Force Measurement For analysing the behaviour of the sled and
driver, the steering angle and the steering force are to be measured. For the steering angle
this means the angle of the front blades in reference to the sled. The driver of the sled can
adjust this angle. The steering angle is a major part in the sled performance. Too much
steering will slow the sled down; on the other hand it is very important to keep the sled in
the ideal line. The Absolute-Encoder CE-65-S from the company TR Electronic was
selected for sensing steering angle.
Instead of measuring the steering force it was decided to measure the steering torque in
the turning point. This is a measure for the torque between the blades and the steering bar,
which is operated by the driver via two strings. It is clear that this torque is a sum of the
forces introduced by the driver and the blades. Even though this torque can be measured,
it is difficult to tell what the source of it is. It could be either the driver pulling the steering
strings or the blades being pushed aside (mostly it is going to be a mixture of both).
Nevertheless this tells us about the link between driver and blades. Together with the

information of the rotary position of the blades from the encoder this will provide valuable
information for analysing the drivers performance.
To choose the right measuring device for this application, the maximum possible torque
that would occur in a race must be known. It is very difficult to estimate a this value. The
maximum force the driver could introduce into the handle depends on the blades turning
friction. Therefore a device was selected that has a wide range and can be ordered with
different ratings. This is the general-purpose reaction type shaft torque sensor from the
company Transducer Techniques. This device can be ordered with a maximum torque
rating from 70 Nm up to 1350 Nm.
Wind Speed Wind speed needs to be detected for its impact on the bobsled when it
running on the track. A constant temperature difference anemometer was selected for this
project. This unit operates on the principle that as the wind speed increases, increased
current flow is needed to maintain the heated wire at a given temperature. (This system
was used on the Viking landers on Mars.)
This kind of transducer has two sensor elements, one of which is heated electrically,
which are housed in two plastic foam ellipsoids on a single shaft. The heated sensor
contains three heated coils. Temperature and heat loss is measured on the middle one.
This provides a better frequency response. The eccentricity of the ellipsoids and the
length of the heating coils are optimised to give the smallest possible variation in
directional sensitivity. The controlled electrical heating maintains a constant temperature
difference, independent of the ambient temperature, between the two sensors.
This kind of transducer is able to respond to very rapid fluctuations in velocity. It also has
a small probe which causes only insignificant interference to the original wind speed. A
TSI Air Velocity Transducer was used to satisfy the project requirements.
According to our requirements, the air velocity transducer must have a range from 2 m/s
to 30 m/s, to include any possible wind speed which the bobsled may meet. Furthermore,
the transducer should have a resolution of 0.01 m/s
Push Force At the start, of a run the bobsledders push the sled off in a quick explosive
motion, and leap in as it gains momentum. The whole pushing procedure lasts no more
than 5 seconds. The start is the most critical time of the race. A explosive start can result
in fast finish times. Therefore it is very important to record the push force applied by each
team member.
Three people push the push bars located on the side of the sled and the fourth person
pushes from the back, using two hands to push on both sides of the sled. Hence five

force sensors are needed to detect the push force of the team. A strain gauge was required
which must have a range from 10lbs to 500lbs, to include any possible push force
encountered. The transducer should have a resolution of 0.5lbs. The strain gauge load cell
model 13 from SENSOTEC LVDTS was chosen because it has a fairly linear behaviour
over a range of 5lbs to 1000lbs. There will be one sensor mounted at each of the three
push bars and two at each push point on the back of the bobsled.
Pitch, roll and yaw sensor The requirements for the pitch, roll and yaw sensor include the
ability to operate in a harsh, temperature extreme environment. The bobsled can generally
move in any direction in the horizontal plane (yaw = ±180°), can roll up high onto the
banking of the track in sharp high speed turns (roll = ±90°), but has a limited pitching
movement due to the maximum slope of the mountain (pitch = ±40°). The sensors will be
subjected to sub-zero temperatures (-20°C - 0°C), and must be weather resistant. A high
sampling rate is required as well as accuracy and repeatability.
The 3DM by MicroStrain is a solid state device that offers a wide, accurate
measurement range, is robust and compact, while able to be sampled at a high rate.
Compared to gyroscope based devices and inclinometers, the 3DM offered 3 axes of
rotation and an extremely wide angle range in a single package.
The 3DM measures pitch and roll using DC accelerometers which act like an inclinometer,
measuring the device’s orientation with respect to the Earth’s gravitational field vector.
Magnetometers act like a compass and measure the Earth’s magnetic field vector. The
pitch and roll information is used perform a coordinate transform onto the magnetic field
vector, providing yaw information. We can operate this device at a higher sampling rate by
operating it in the raw data mode, which outputs the measurements from the
accelerometers and magnetometers which can be post-processed to calculate the pitch,
roll and yaw angles.
Power Supply The voltage and power requirements of all the devices on the bobsled
require the use of two Datel XPB series DC-DC converters and two National
Semiconductor’s low drop out voltage regulators in forming the power supply unit. This
will be supplied by a lead acid battery which will give a battery life of 2 hours between
charges.
The Enclosure A weather resistant (IP65), shielded enclosure and cables are used to
ensure our telemetry system receives no interference from noise and stray RF signals.

THE RADIO TRANSMISSION SYSTEM
The radio transmission system provides the link between the bobsled and the base station.
The bobsled is travelling at high speed and the measurements must be sampled at a high
frequency to reduce the loss of information. The radio link also requires a low bit error
rate to reduce the amount of coding and complexity of decoder.
The block diagram of the radio transmission system is shown in
Figure 3.
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Figure 3: Block diagram of radio transmission system.
Signal transmission is via a pair of GMSK radio modem operating at 9600bps. A patch
antenna is chosen for the bobsled, while the base station will use a high frequency twisted
pair cable (leaky wave antenna). The orientation of the antennas is illustrated in Figure 5.
Since the bobsled track is made of concrete the twisted pair cable can be permanently
mounted on the back of the track and an interface provided to connected to the base
station equipment.
From Figure 4 the maximum distance between the antennas is estimated to be a maximum
of 5 meters. This will ensure high signal to noise ratio since most energy transmitted will
be detected within close proximity of both antennas.

Leaky wave
antenna

Antenna
radiation
Patch
antenna

Bobsled
Sled track

Figure 4. Antenna Orientation
The operating frequency of the antennas was chosen as follows:

Base station
Bobsled

Transmit
UHF 440.5MHz
UHF 465.5MHz

Receive
UHF 465.5MHz
UHF 440.5MHz

Both the transmitting and receiving frequencies are allocated for telemetry usage [10] and
conform to international standards [5].
The leaky wave antenna is a long wire antenna that acts as a transmitter or receiver. As
illustrated in Figure 4 use of a leaky wave antenna allows a simpler structure for the radio
link. It allows low power and localised transmission.
The radiated power for the antennas will be at 100mW. A high frequency twisted pair wire
will be laid along the back of the bobsled track with low noise amplifiers boosting the
signal strength at every 500m. The nominal attenuation for high frequency twisted pair
cables are rated at approximately 19dB/500m for an operating frequency of 400MHz [6].
Low noise amplifiers that amplify signals over a narrow frequency range will be used to
increase signal strength at every 500m.
The parameters for the leaky wave antenna are as follows:
Radiated power: 100mW (rated)
Gain, Gd: 1.64dB
Power Gain, Gp : 1.64dB
EIRP: -8.4dB

The patch antenna will be used on the bobsled for both transmission and reception of
signals from the leaky wave antenna. It is low profile and rugged, which is well suited for a
bobsled race environment. Since the leaky wave antennas are within close proximity to the
patch antenna, the link can be realised with relatively low transmission power.
The patch antenna parameters were calculated as follows:
Physical size (L×W×h): 5cm × 12cm × 6.5cm
Efficiency: 99.99%
Gain: 16.4dB
EIRP: 7dB
Input impedance: 300Ω
Radiated power: 118mW
Polarisation: Linear
The transmission system will use GMSK (Gaussian Minimum Shift Keying) as the digital
modulation scheme. GMSK is a constant envelope modulation method that allows a
compact spectrum by introducing a premodulation Gaussian filter. This is to ensure that
the system will conform to the IRIG power emission standard [3]. This system will use
the frequency detection (FD) method for GMSK since it is more immune to frequency
drift and fading [4].
The radio transmission system will be built using off the shelf products to reduce the
design overhead. The Wood and Douglas RQX450 intelligent radio modem uses GMSK
modulation with a maximum data rate of 9600bps. It allows carrier frequencies between
400-500MHz. Coupled with an appropriate transceiver (the Wood and Douglas TCV450
UHF Telemetry Transceiver), this device forms the core of the transmission system [9].
By matching the antennas to the transceiver and providing an appropriate power to meet
the required radiation level, the transmission system can be built with relatively low design
overhead.
The modem will be operating at its maximum transmission rate, 9600bps. This requires a
maximum frequency band of 25KHz, which is well within the separation specified for the
carrier frequencies [9]. For 25KHz-frequency separation, the TCV450 transceiver has a
maximum frequency deviation of 3KHz. The required bandwidth for each
transmission/reception carrier can be calculated using equation (A-1) in [3]:
Bn = 3.86∆f + 0.27fb
= 14KHz

LINK BUDGET CALCULATION
The proposed bit error rate (BER) for the radio link is 10-8, using GMSK modulation. The
ratio Eb/No is threrefor required to be 19dB.
Space loss, which is almost negligible, is estimated to be about 1 dB to simplify
calculations. The null to null bandwidth per bit for MSK signal is 1.18fb, where fb is the
data bit rate. So the required carrier to noise ratio C/N can be calculated as follows.

C Eb f b
=
= 19(1.18) = 22.4dB
N No B
This is ratio is greater than the minimum required for GMSK signals since it is smoother,
due to premodulation filtering, and thus requires less bandwidth. Hence, for transmission
from the patch antenna to the leaky wave antenna
C EIRP
=
G p = 7 − 1 + 16 .4 = 22 .5dB
N
Ls
By the reciprocity theorem [7], the link from the leaky wave antenna should also satisfy
the link budget.
The calculated C/N is clearly larger than the required C/N for a MSK modulated signal.
This shows that the link is feasible for a GMSK modulated signal since it would require a
smaller C/N.
DATA ANALYSIS
The data stream is received and saved to the Base Station computer (running Windows
NT) hard disk in the packet format. The packets are decoded and checked, and any errors
are noted for later requests to resend. Each output is then converted back to the
corresponding physical value, (eg force, velocity, temperature) and this data is also saved
to hard disk.
The position and attitude of the bobsled at any given time are derived from the outputs
from the on board accelerometers. By twice integrating the output values of these sensors,
a continually updated position can be determined. In order to check for errors, known
start and finish points will be used on the track to calibrate the system.

The data are analysed by the command routines to check for command parameters. The
main command routine affected by changing data is the “all aboard” signal for the bobsled
crew, sent at the end of the start run via a lamp at each crew station.
The status of the on-board system, including battery and memory conditions is also
monitored, with unusual events triggering alarms.
Not all of the data recorded has any real significance in real time. Therefore, only a portion
of the telemetry is actually shown to the operator as the bobsled is running. This
information will be displayed in a windows based, mouse operated environment.
Graphical displays will be used in conjunction with numerical ones, and where possible
the data will be displayed along with a reference point. For example, the speed of the run
could be shown along with the speed from the last run. As well as displaying the telemetry
to the operator, this real time system will serve as the link to the telemetry package.
The bobsled track itself is entered into the system as an AutoCAD drawing, with an
attached coordinate system originating at the start calibration marks. In this way, any
position developed by analysis of the sensors can be directly used to reference a point on
the AutoCAD model of the track.
The “path” of time stamped coordinates can then be used to generate a run using
AutoCAD. This representation could be a trace of the path taken by the bobsled with
relevant properties of the sled such as attitude, wind speed etc, tagged to each set of
coordinates that make up the path. The trace would be in the form of an overlay on the 3D model of the track.
By developing a fully rendered animation showing the real path of the bobsled, a run can
be re-raced again and again. The path data and associated sled properties can be exported
from AutoCAD into a package called 3DstudioMax where a “video” of the run can be
generated for later analysis or use in a simulator.
CONCLUSION
The proposed telemetry system allows the performance of a bobsled and its crew to be
recorded and analysed. In addition to the basic real-time data analysis, more specialised
methods can be used to enhance the value of the telemetry. The system is made from
mainly off-the-shelf components.

Given the highly competitive nature of Olympic level sports, and the great effort that goes
into perfecting the art of the bobsled, including aircraft engineering expertise and special
simulators, the “wired” bobsled could be a valuable asset in the development path to
competition.
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Abstract
Designed for unattended 24 hours-a-day operation in automatic system environments, the
3801 TT&C Digital Processor Unit is the key communication unit for ground stations
operating spacecraft, from integration to positioning phase and in-orbit operation.
Its architecture and technology concept combine high performance, compactness and
modularity.
The 3801 TT&C Digital Processor Unit supports multiple formats in a single stand-alone
chassis, and incorporates extensive interfacing and functional provisions to maximize
effectiveness, reliability and dependability.
It supports a number of configurations for satellite control applications and performs :*
• Telemetry IF demodulation and transmission of data to a high-level
communication interface, with time tagging and display of decommutated parameters,
• Command generation, with FSK or PSK and FM or PM modulation at 70 MHz,
• Ranging measurements and calibration using ESA, INTELSAT and major
standards (tones and codes).
In addition, the 3801 TT&C Digital Processor supports a Synchronous Command
Generator for spinning satellite in a single stand-alone chassis and includes :
• FM signal discrimination, for satellite spin reference information coming from the
Telemetry Reception channel,
• Synchronization Controller for providing the reference « top » for the
transmission of the synchronous tones,
• Tones Generation of frequency tones towards the PM/FM Modulator.

Keywords
Spinning Satellite, FM Signal, TT&C Processor
INTRODUCTION
For 3 decades, Enertec has supplied state-of-art data acquisition and recording systems to
the Aeronautical and Space sectors. From this extensive experience, Enertec satisfies the
most stringent requirements. With our in-depth knowledge of ground applications, signal
processing and data acquisition, combined with the know-how of the magnetic recorders
activity, we have the ability to deliver optimized solutions to our customers.
3801 TT&C DIGITAL PROCESSOR UNIT
The 3801 TT&C Digital Processor Unit integrates TELEMETRY, COMMAND,
RANGING and TEST functions in a single 7 U rackmount chassis as shown in Figure 1 :
3801 TT&C Digital Processor Chassis.

Figure 1 : 3801 TT&C Digital Processor Chassis
The base of the 3801 TT&C Digital Processor Unit is composed of :
•
•
•
•
•

7 Units high VME chassis including power supply and ventilation fans,
Central Processing Unit (VME board) :
Time Code Reader (VME board) :
Clock distribution module,
Front panel keyboard and flat LCD display.

The Telemetry, Command and Ranging functions are digitally processed on the DSP
boards :
• one DSP board for Telemetry processing of each telemetry channel,
• one DSP board for Command processing of each Command channel; Ranging
processing is performed on the Command # 1 channel DSP board.
Each DSP board is carrying one to four TMS320C40 DSP modules, and each module
can be a one-DSP module or a two-DSP module.
The Interface boards are supported by daughter boards (e.g. HDLC) or standard VME
boards (e.g. X25 or FDDI).
Standard VME boards (CPU, Time Code Reader, DSP boards), Analog input/output
modules and digital input/output boards are plugged in the chassis via the front panel
access as shown in Figure 2 : 3801 TT&C Architecture.
VME boards

Power
supply (x2)

Cooling
fans

Analogue modules
Chassis

Mother board
(VME bus)

Figure 2 : 3801 TT&C Architecture
As all the I/O interfaces are grouped on the rear panel, the interconnection to the other
sub-systems is fast and convenient.
Product Configuration
The 3801 TT&C Digital Processor unit is modular in nature and supports a number of
configurations to best meet the application-specific operational requirements. This
modularity is indicated in Figure 3 : Internal Architecture of the 3801 TT&C.
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Figure 3 : Internal Architecture of the 3801 TT&C
TT&C Processing
The 3801 TT&C Digital Processor unit can process :
• 1, 2 or 3 Telemetry channels
• 1 or 2 Command channels
• 1 Ranging function, using either Telemetry as downlink channel and Command # 1 as
uplink channel.
Optionally, Ranging downlink channel can use a separate dedicated Telemetry
channel
For each Telemetry channel, downlink interfaces can be either Baseband 70 MHz IF or
direct PSK inputs (3 software-selectable inputs), by selection of I/O modules.
For each Command channel, uplink interfaces can be either Baseband 70 MHz IF or
direct PSK/FSK outputs (4 software-selectable inputs), by selection of I/O modules.

Data & Control interfaces
Modularity also applies to data and control interfaces : the basic interface is Ethernet, and
the following additional interfaces can optionally be supported :
• additional Ethernet : the additional Ethernet port is supported by an additional I/O
module on the main CPU VME board,
• X25 : the X25 interface can be supported simply by adding a standard VME X25
board and a software module,
• HDLC : the HDLC interface can be supported simply by adding an additional I/O
module on the main CPU VME board and a software module,
• FDDI : the FDDI interface can be supported simply by adding a standard VME
FDDI board, one or two I/O modules and a software module,
• RS-232C : the RS-232C interface can be supported simply by adding an additional
I/O module on the main CPU VME board,
• IEEE-488 : the IEEE-488 interface can be supported simply by adding an additional
I/O module on the main CPU VME board and a software module.
Time & Frequency reference
A GPS-locked Time Generator and frequency reference, in the form of an additional VME
board, can optionally be provided.
SYNCHRONOUS COMMAND GENERATOR
By simply adding a FM discriminator board and a Synchronization Controller (SC) and
Tones Generator (TG) firmware, the 3801 TT&C Digital Processor becomes a
Synchronous Command Generator in a single stand-alone chassis.
The basic configuration supporting the Synchronous Command Generator functionality is
shown in Figure 5.
Key features
The SC receives the satellite spin reference signal from the Telemetry channel. It generates
a synchronization signal « zero degree mark » towards the TG. This signal provides the
reference « top » for the transmission of the synchronous tones. This signal is
synchronous with the satellite spin reference coming from the FM demodulator or the
PCM channel, depending of the selected synchronization mode.
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Figure 4 : Internal Architecture of the 3801 TT&C with SCG.
The TG is integrated inside the Command Transmission channel and takes place between
the Telemetry Reception channel and the PM/FM modulator. It receives from the
Telemetry Reception channel the satellite spin reference information either from the FM
discriminator board or the PCM channel. It generates frequency tones towards the
PM/FM Modulator
The main function of the SCG is to format and transmit frequency tone pulses for:
• clear and execute sequences,
• decoder addresses,
• command numbers,
required to control a spinning satellite such as the HS376 from Hughes.
The generated frequency tones modulates a 70 MHz carrier (FM modulation).

The SCG can work :
a) in standard mode,
b) in Pseudo-Earth mode.
Standard mode
In the Normal mode, the transmission sequence is the following :
• transmission of the clear sequence only,
• transmission of the clear sequence followed by the decoder address and the
command number,
• transmission of the execute sequence in one of the following two modes :
a.1) non synchronous mode,
a.2) synchronous mode.
Non synchronous mode
The execute sequences are transmitted as soon as an execute transmission order has been
received by the SCG. Different execute timing modes are programmable and can be
selected.
Synchronous mode
The execute sequences are transmitted in a synchronous manner with the satellite spin
reference information provided by the real time Telemetry Channel, as soon as the execute
transmission order has been received by the SCG.
Different synchronous execute timing modes are programmable and can be selected.
Pseudo-Earth mode
The SCG can be switched in Pseudo-Earth mode. In this case, a pseudo-earth tone pulse
at a specific frequency is transmitted synchronously with the satellite spin reference. The
pulse width and delay from the spin reference are programmable.
As soon as the clear, command or execute order is received by the SCG, the
corresponding tone sequence is generated just after the pseudo-earth pulse.
INTERFACES
Monitoring & Control
The SCG can be monitored and controlled either in manual mode, from the front panel of
the 3801 TT&C processor as indicated in the picture hereafter, or by a remote computer
through an RS232 interface using the protocol of the Satellite Control Center.

Physical Interfaces
All the physical interfaces are provided on the rear panel of the 3801 chassis. These
interfaces provide all the necessary Input/Output signals to interface the SCG to the other
subsystems :
Signal
70 MHz Output
70 MHz Input
Coded time Input (IRIG time)
Station Reference Clock Input (5/10 MHz)
Attitude Sensor Signal output ASS
2.7 kHz FM modulated ASS output
PCM Frame Telemetry Output
PCM Bits Telemetry Output
PCM Bits Telemetry Input
RS232 for the Maintenance link
RS232 for the Local Command
Elementary FM demodulated signals
Ethernet Interface
Conclusion
By integrating the SCG functionality in a stand-alone chassis, Enertec responds to the
increasing requirement of having Baseband Units more and more compact and cost
effective. In order to go further and provide the best solution to his customers, Enertec is
developing a new generation of Baseband Units which will be the state-of-the-art in terms
of compactness, cost and performances. This new product has all the functionalities
previously described, and more, integrated in a 3U high chassis.
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ABSTRACT
Researchers at the National Wind Technology Center have identified a need to acquire
data on the rotor of an operating wind turbine at precisely the same time as other data is
acquired on the ground or a non-rotating part of the wind turbine. The researchers will
analyze that combined data with statistical and correlation techniques to clearly establish
phase information and loading paths and insights into the structural loading of wind
turbines. A data acquisition unit has been developed to acquire the data from the rotating
system at precise universal times specified by the user. The unit utilizes commercial data
acquisition hardware, spread-spectrum radio modems, and a Global Positioning System
receiver; and a custom-built programmable logic device. A prototype of the system is now
operational, and initial field deployment is anticipated this summer.
KEY WORDS
Time synchronization, data acquisition, remote systems
INTRODUCTION
Wind-energy researchers at the National Wind Technology Center (NWTC), representing
Sandia National Laboratories (SNL) and the National Renewable Energy Laboratory
(NREL), are developing a better understanding of the environment in which a wind turbine
operates. Until quite recently, like other wind-energy researchers around the world, they
have been content to record long-term summary data (averages, minimums, maximums,
cycle counting, etc.) from wind turbines, supplemented with representative ten-minute
duration time-series data. The assumption underlying this mode of data acquisition is that
this information is sufficient to define the wind-generated turbine loads and the turbine
*
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response. Continuing problems with premature turbine failures and measurements of loads
far in excess of predictions have forced reexamination of that assumption. Obviously,
some of the significant but infrequent events that drive turbine fatigue lifetimes have been
and continue to be missed with traditional data acquisition techniques. We need to gather
continuous long-term time-series data so we can capture and analyze those very infrequent
events. How long should these time series be? We don’t know, but researchers in Europe1
have found that ten minutes is not long enough. In addition, numerous new turbines
require the use of small, lightweight data acquisition systems to obtain truly accurate data.
Recent advances in electronics enable us to now assemble a cost-effective, real-time,
small, lightweight data acquisition system, capable of acquiring continuous time-series
data over periods of days or weeks, something which would have been extremely
expensive, if not impossible, just a few years ago.
This system is the next evolutionary step in the ongoing NWTC effort to provide a
consistent set of hardware and software that is specifically designed for use in a wind
turbine environment. The primary objective continues to be the development of a data
system that is easy to use, accurate, and operates reliably in a wind-turbine environment,
thereby decreasing the time and effort required to instrument a field experiment, collect
data, validate that data, and do preliminary data analysis.
WIND TURBINE DATA ACQUISITION SYSTEM
A complete wind-turbine data acquisition system will contain several data acquisition
systems (DAS), as shown in Figure 1. A normal system configuration will utilize at least
one rotor-based DAS unit (RBU), at least one ground-based DAS unit (GBU) and one
ground-based computer unit (GBCU). The RBU will be mounted on the rotor, rotating
with and in close proximity to the blade- and main shaft-mounted strain gauges and other
sensors and indicators. The GBU would be any data acquisition unit that doesn’t mount
on the rotor--it could be mounted in the nacelle, on the turbine tower, or on the
meteorological tower. All units will be located close to the sensors and indicators from
which they are acquiring data, in order to minimize contamination of the data by electrical
noise picked up by analog signal wires. The GBCU will control the operation of the data
acquisition systems and display, store, and post-process the data. Since the RBU is
mounted on the turbine rotor and thus must meet the toughest operating requirements in
terms of small size, light weight, robust, immunity to vibration and rotation, etc., it is the
first unit we have developed. Four distinct subsystems are combined to perform the
function of the RBU: the data acquisition subsystem (DAS), the data communication
subsystem (DCS), the time synchronization subsystem (TSS), and the programmable
logic device subsystem (PLDS).

Additional information on the RBU, including system requirements, hardware
components, and early integration work, may be found in the papers by Berg, Robertson,
Rumsey, Kelley, McKenna, and Gass2 and Berg, Robertson, and Ortiz.3 A summary of
each of the components of the RBU is given below.
Data Acquisition Subsystem (DAS)
The RBU utilizes a commercially available data acquisition system known as the
MicroPro,TM‡ marketed by Nicolet Instrument Technologies4 of Madison, Wisconsin. The
MicroPro is a small, rugged, modular, lightweight data acquisition system with a relatively
low power consumption that is designed for remote operation in harsh environments--its
operational temperature range is from -40° to +85° C (-40° to +185° F), and it will
withstand 100g shock loads. The unit utilizes nominal 12 VDC power (input power must
be between 9 and 36 VDC), and power consumption can range from 5 to 20 watts,
depending on the numbers and types of data channels being sampled. A six-slot MicroPro
is shown in Figure 2.

Figure 1. Schematic of Typical Wind Turbine Data Acquisition System
Data is acquired simultaneously from all channels utilizing a separate 12-bit analog-todigital converter on each channel, and the acquisition time can be precisely specified by an
externally supplied synchronization pulse. The data encoder module in the mainframe
controls the MicroPro and outputs the acquired digital information in a pulse-codemodulated (PCM) serial data stream. The PCM stream can be transmitted to the data
acquisition computer over an RS-422 cable, a fiber optic link, or a telemetry link, in any of
a large number of PCM formats.
‡

Company names and specific product information given throughout this paper are given for information only and do not imply
endorsement by SNL or NREL.

The MicroPro is programmable from a remote computer--the data channel selection, data
sampling rates, filter cut-off frequencies, channel gains and offsets, bridge excitation
voltages, and PCM format can be set on a ground-based computer and that information
transferred via telemetry or cable to the RBU at any time.
Data Communications Subsystem (DCS)
Data must be transferred from the RBU to the computer concurrent with data acquisition
to enable us to acquire data continuously over a period of hours, days, or weeks.
Although we may be able to utilize wires and slip rings to effect this transfer on some
turbines, many of the turbines on which this system will be used will not be equipped with
slip rings and telemetry will be required. We have utilized conventional, single frequency,
telemetry systems to transmit data off an operating wind turbine in the past, but we had to
resort to a diversity combiner/receiver arrangement in that application in order to
overcome the severe multi-path environment created by the many rotating blades in the
surrounding wind farm. That was a very expensive, complicated means of
communication, and we do not wish to utilize it for this data system. For this application,
we don’t need a high-power telemetry system, as we only need to transmit the data a few
hundred yards. The system we’ve selected for initial application is a low-cost,
commercially available, frequency-hopping, spread-spectrum radio modem. These units
from Digital Wireless Corporation5 operate in the 2.4 Ghz band and achieve data rates up
to 115 kbps. A transparent error correction feature automatically requests a retransmission of any data that is not received properly. The modems can operate in either
asynchronous or synchronous modes, enabling us to perform all the communication
functions with a single set of modems. The asynchronous mode is required for
programming the DAS and the PLDS, monitoring the GPS receiver status, and other
tasks, while the synchronous mode is required for transferring the PCM data.
Highly robust transfer of the PCM data to the ground computer is essential for our
application--the long-duration data records are required for detailed analysis, and loss of
data during transmission will invalidate those analyses. Initial testing of the DCS on an
operating wind turbine revealed that the error detection/retransmission capabilities of the
modems are essential to achieving reliable data transfer at higher rotational speeds and
higher data transfer speeds.
Timing Synchronization Subsystem (TSS)
In order to obtain the precise time sequence and phase information needed to understand
the turbine load and response phasing, the loading sequences, and the load paths of the
turbine, data must be simultaneously acquired by the RBU and the GBUs. The length of

the long-duration time-series tests may well run into several days, and over that entire time
period we need to maintain very accurate synchronization between the RBU and GBUs.
The DAS units that we are using feature simultaneous acquisition on all channels, and the
data acquisition may be initiated by external clock, so the time synchronization problem
becomes a problem of maintaining synchronous clocks on the units. If all units are
connected by cable, this is not a problem, for we can slave all units to the same clock. If,
however, the RBU communications are via telemetry, it becomes a problem, for telemetry
is not adequate for maintaining time synchronization, due to the time delay inherent in that
process. Independent clocks are clearly inadequate, as the drift of even a highly accurate,
temperature-stabilized clock is on the order of one part per million. This corresponds to a
drift of as much as 86ms per day per clock, for a drift of up to 172 ms per day between
two clocks. This is nearly one-fifth of a second! At sample rates of 10 Hz or higher, two
independent systems could be out of synchronization by more than one sample interval at
the end of a single day. This is unacceptable for most applications.
This cumulative clock drift can be eliminated if the data acquisition clocks in the systems
are continually resynchronized. The device that is used to accomplish this synchronization
must be small, rugged, and capable of running on battery power. We have been unable to
locate a commercial product that will accomplish this task, so we have developed our
own.

Figure 2. Six-Slot MicroPro Data Acquisition
System

Figure 3. Rockwell Jupiter
 GPS Receiver
Card

The Global Positioning Satellite (GPS) system is ideally suited for this type of application.
GPS receivers not only determine their location very accurately; they also track the time
very precisely, resynchronizing their internal clock to the Universal Time Coordinated
(UTC) time every second. Typical variation from UTC time for commercial GPS units is
±1 µs or less, over any time period, so the clocks of two GPS receivers will vary with
respect to each other by a maximum of 2 µs over any time period. GPS technology is

relatively mature, and small, inexpensive receivers are readily available. The
synchronization system that we have developed utilizes the single-card Jupiter system
from Rockwell International shown in Figure 3, which has been developed for the
automobile navigation system market. This system maintains synchronization with UTC
time to within ±1 µs (as long as it can acquire signals from at least three GPS satellites)
and generates a one pulse-per-second (1 pps) clock signal, with the rising edge occurring
precisely on the UTC second.
Programmable Logic Device Subsystem (PLDS)
The three subsystems that have been described above (the DAS, the DCS, and the TSS)
sample the data channels, communicate with the ground-based computer, and output a
one pulse-per-second clock signal synchronized to UTC time. However, another system
is needed to generate the clock trains necessary to drive data acquisition at user-defined
times, to acquire the UTC time from the GPS, and to pass data back and forth between
the subsystems. We have developed a programmable logic device subsystem (PLDS),
utilizing an ALTERA 10K70 from Altera Corporation7, to perform these functions.
The ALTERA 10K70 is a RAM-based programmable logic device (PLD) with
extremely fast cycle speeds, and it is programmed at power-up via an external ROM. It
contains 70,000 programmable logic gates, requires low power, and can be programmed
using a combination of AHDL (Altera Hardware Design Language) and traditional
schematic-based digital design. As illustrated in the block diagram in Figure 4, the PLDS
contains the PLD and includes the hardware required to interface with the TSS (the GPS
receiver, mounted as a daughter card on the PLDS) and with the DAS (the MicroPro) bus,
and to communicate with the DCS (the modem). Power to the DAS, the DCS, and the
TSS is controlled by the PLDS. An eight-layer printed circuit board was designed and
built to supply the power and provide the necessary input and output connections for the
PLD. The first working prototype of this board was demonstrated in December, 1997.
Figures 5 and 6 illustrate the relatively complex PLDS device.
One of the major tasks of the PLDS is the generation of the synchronization clock and bitrate clock timing signals. The synchronization clock triggers the DAS data acquisition
cycle, and the bit-rate clock establishes the rate at which PCM data is transferred out of
the DAS. The bit-rate clock must be fast enough to transfer all of the acquired data out of
the DAS prior to the occurrence of the next sync clock. The sync clock and bit-rate clock
speeds are specified by the user. The GPS-generated 1 pps signal initializes a sync clock
at the user-specified rate, precisely aligned with the 1 pps signal. The sync clock then
initializes the bit-rate clock at the user-specified rate. The bit-rate clock is re-initialized by
every sync clock pulse, and the sync clock, in turn, is re-initialized by the occurrence of
the 1 pps signal. Since the 1 pps signal is aligned with the UTC second, the sync clock,
and thus the data acquisition time, is kept synchronized to the UTC time.
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Figure 4. Schematic of Programmable Logic Device Subsystem
The PLD card also reads and decodes the UTC time that is output as a serial stream by
the GPS card. The PLD then places that time into RAM registers which are read by the
DAS as part of the normal data acquisition process.
With the current version of the software, the PLDS performs the following functions:
1. Generates the data-synchronization and bit-rate clock pulse trains at the user-specified
rates. These clock trains are precisely aligned to the GPS one pulse-per-second pulse
train.
2. Latches the GPS time when data is acquired and places that time (accurate to the
microsecond) in the DAS PCM output stream.
3. Transfers user-generated programming commands to the DAS.
4. Transfers GPS receiver card status messages to the ground and user-generated
commands to the GPS card.
5. Converts the synchronous MicroPro PCM data to asynchronous form and transmits it
to the ground via an asynchronous 2.4 GHz spread-spectrum modem. A second
PLDS on the ground is used to re-create the original PCM data stream.
6. Places the system into a “sleep” mode in which the TSS, PLDS, and DAS are either
shut off or placed into a low power state to draw a minimum current and thus conserve
battery life. The PLDS checks the modem input line once every 10 seconds. If the
appropriate message has been received, the PLDS will power up the entire system and
it will be ready to start full-power data acquisition within 2 seconds.

7. Monitors the status of the GPS receiver (including satellite lock and UTC lock), input
power voltage, and the current data synchronization and bit-rate clock settings, and
returns these to the user in response to the appropriate inquiry.
8. Switches between functions 3, 4, and 5, above, in response to user command, enabling
the system to operate with a single modem.

Figure 5. GPS/PLD Front View; SCSI
Connector Shown on Front Panel,
MicroPro Bus Connector at Rear.

Figure 6. GPS/PLD Unit with GPS Board
Removed; ALTERA 10K70 PLD Visible

SYSTEM FIELD TESTING
In March and April of this year we tested the prototype RBU on an operating wind turbine
at the USDA Agricultural Research Service location in Bushland, Texas, with encouraging
results. The Bergey Excel turbine is an upwind, variable-speed machine that operates
between 120 and 300 rpm. The MicroPro (with the PLDS installed in it) and two modems
(one for PCM data and one for RS-232 communication), together with a sealed lead-acid
battery to power the system, were placed in a waterproof box. The antennas for the
modems and the GPS (placed on a 12-inch mast extending along the axis of rotation) were
mounted on the outside of the container. The entire system was then attached to the
upwind side of the rotor hub, at the centerline of rotation. The system is shown mounted
on the turbine in Figure 7--the white bulb in the center of the photograph is the GPS
antenna and the four-inch stubs at the upper left and the lower right of the box are the 2.4
GHz modem antennas.

FIGURE 7. RBU Mounted on Bergey Turbine

When we tested the TSS operation on the turbine, the turbine rotation rate was slightly
above 200 rpm. The Jupiter receiver card continuously received signals from a minimum
of six GPS satellites over the 20-minute testing period. Only three satellites are required to
maintain synchronization of the on-board clock to UTC time, so the clock remained
locked to UTC time during rotation. Additional tests on a turbine simulator show that, at
speeds of 350 rpm or so, the receiver may receive only one satellite signal for time periods
of a second or so, but that is not sufficient to cause the receiver to lose time
synchronization or lock. As long as signals from three or more satellites are received every
few seconds, time sync is maintained. However, loss of time sync would not be
catastrophic--the receiver clock will continue to provide time and the 1 pps signal,
although the time will gradually drift with respect to UTC time. As soon as the receiver
receives data from three or more satellites, the receiver clock will again be synchronized to
UTC time.
We also ran tests to examine the robustness of the PCM radio link. The receiving
radio/modem was placed about 100m directly downwind of the rotor, so the radio signals
had to propagate around or through the hub, the blades, and the tower to reach the
receiver. Close monitoring of the received data for ten minutes, using diagnostic software,
showed no loss of data for data transfer rates below 6 kbps. Test results for higher data
transfer speeds were ambiguous, and we do not yet know if any data is lost at the higher
transfer speeds. Further testing of the telemetry system will be conducted in the next two
months on a 350-rpm turbine simulator system. We will monitor the time at which each
data sample is taken, store the data received by the ground computer to disk, and then
post process the data file. Any missing data records will be easily located, and we will
also be able to determine how much data is lost.

FUTURE PLANS
The first field application of the RBU will occur this summer on a turbine at the USDA
site at Bushland, Texas. In this application, a second MicroPro will be utilized to obtain
turbine drive-train data and a third MicroPro will be used to obtain turbine tower and
meteorological data. The PCM data from the RBU will be transmitted via radio to the
ground-based radio/modem, where it will be merged with PCM data from the other two
MicroPros, and the composite PCM stream will be decoded and placed into computer
memory. A National Instruments LabVIEW® program, currently under development, will
retrieve the data from memory and merge the rotor data with data from the other DAS
units by time of acquisition. At this point, the data will look just like the data acquired
from other hardware systems and we can use existing LabVIEW software routines to
write the data to disk, view it, and post process it.
Over the next few months, this LabVIEW software will be developed into a virtual
instrument, or VI, software module to communicate with both the RBU and the GBUs.
This module will program the RBU and/or GBU and retrieve the decoded PCM data from
the ground-based computer unit. It will be merged into existing wind-turbine data
acquisition software to yield in a complete, user-friendly software system that will
accomplish everything from hardware setup, to data storage, to post-test data reduction
and analysis, for both old and new hardware.
Finally, we plan to transfer the PLDS technology to industry so that it becomes more
readily available for alternative applications in the future. We feel that the small size, low
power consumption, flexibility, and low cost will make it attractive for numerous data
acquisition applications such as missile flights, remote sensing, and general aerospace
testing. Also, having it available as a commercial product may free us of the need to
provide ongoing hardware and software support for it.
SUMMARY
The need to gather detailed, long-term time-series data on the rotors of highly dynamic
and/or small wind turbines has led to the development of a new-generation, lightweight,
rotor-based data acquisition unit (RBU) which comprises four distinct subsystems. The
data acquisition subsystem (DAS) consists of a small, rugged, lightweight commercially
available data acquisition system. This device simultaneously acquires data on all input
channels in response to an external clock pulse, and outputs the resultant digital data as a
PCM data stream for transmission to a computer.
Commercial spread-spectrum radio/modems are utilized as the data communication
subsystem (DCS) to transmit control and programming information and data between the

RBU and the ground. The error correcting, spread-spectrum technology makes the radio
link much less susceptible to interference than conventional, single-frequency radio
technology.
Data acquisition times and rates are synchronized with a ground-based data acquisition
unit (GBU) through the use of a time synchronization subsystem (TSS). The TSS utilizes
the one pulse per second signal generated by a GPS receiver to generate pulse trains that
are precisely synchronized to UTC time. These pulse trains are used to drive the data
acquisition of both the RBU and the GBU units, enabling them to acquire data within two
microseconds of each other.
Finally, a custom-built programmable logic device subsystem (PLDS) has been developed
to coordinate the operation of the DAS, the DCS, and the TSS. This unit fits inside the
DAS and handles all communications with the user and all communications and data
interchange between the DAS, the DCS, and the TSS. Field tests have demonstrated the
capability of the unit, and initial field application is anticipated to occur this summer.
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ABSTRACT
The necessity to acquire and analyze data dates back to the beginning of science itself.
Long ago, a scientist may have run experiments and noted the results on a piece of paper.
These notes became the data. The method was crude, but effective. As experiments got
more complex, the need for better methodologies arose. Scientists began using computers
to gather, analyze, and store the data. This method worked well for most types of data
acquisition. As the amount of data being collected increased, larger computers, faster
processors, and faster storage devices were used in order to keep up with the demand.
This method was more refined, but still did not meet the needs of the scientific
community.
Requirements began to change in the data acquisition arena. More people wanted access
to the data in real time. Companies producing large data acquisition systems began to
move toward a network-based solution. This architecture featured a specialized computer
called the server, which contained all of the data acquisition hardware. The server handled
requests from multiple clients and handled the data flow to the network, data displays, and
the archive medium. While this solution worked well to satisfy most requirements, it fell
short in meeting others. The ability to have multiple computers working together across a
local or wide area network (LAN or WAN) was not addressed. In addition, this
architecture inherently had a single point of failure. If the server machine went down, all
data from all sources was lost.
Today, we see that the requirements for data acquisition systems include features only
dreamed of five years ago. These new systems are linked around the world by wide area
networks. They may include code to command satellites or handle 250 Mbps download
rates. They must produce data for dozens of users at once, be customizable by the end
user, and they must run on personal computers (PCs)! Systems like these cannot work
using the traditional client/server model of the past. The data acquisition industry demands
systems with far more features than were traditionally available. These systems must
provide more reliability and interoperability, and be available at a fraction of the cost. To

this end, we must use commercial-off-the-shelf (COTS) computers that operate faster
than the mainframe computers of only a decade ago. These computers must run software
that is smart, reliable, scalable, and easy to use. All of these requirements can be met by a
network of PCs running the Windows NT operating system.
KEY WORDS
Local Area Network (LAN), Wide Area Network (WAN), Windows NT, Graphical User
Interface (GUI), PCI, Distributed Processing (DP), Symmetric Multi-Processing (SMP)
INTRODUCTION
The revolution has begun. The tendency for products to move from monolithic
mainframes and mini-computers to the PC has been going on for years. Only the most
demanding products have not made the switch to the PC. These applications are typically
real time in nature. In the past, a PC was not able to operate in a near real-time mode.
Now, with the newer releases of Windows NT and specialized hardware, we can write
real-time code that runs well on the PC.
Back in 1993, L-3 Communications Telemetry & Instrumentation (then Loral Test &
Information Systems) announced the Visual Telemetry System (VTS) at the ITC show in
Las Vegas, Nevada. It was the first telemetry system to be hosted entirely under Microsoft
Windows. Back then, the product was regarded as a toy that could not possibly handle
anything but the slowest data rates. While this was not the case, the data acquisition
community was not ready to accept a PC running Windows as a viable solution. The VTS
was a product before its time.
Over the next two years, the VTS was joined by other products from other companies.
These products were not as fast or easy to use but were hosted under Microsoft
Windows. Most of these systems were a port of a DOS product and not a full Windows
product. This added to the illusion that Windows was not a viable platform for data
acquisition.
The VTS was moved to the Windows NT platform in 1995. That was when the concepts
of Distributed Network Architecture (DNA) and breaking out of the box were first
introduced. At that time, the client/server model was working, but its scalability was poor.
The need for a data acquisition system using distributed processing became clear.
Breaking out of the box was another important concept, though ahead of its time.
In recent years, the collaboration of people and companies has given rise to the sharing of
data. Technological advances have given rise to much higher data rates and more complex

algorithms that must be run on the data. In order to provide a system that can handle all of
the collection, distribution, processing, displaying, and archiving of data, multiple
computers must be used. It is time to break out of the box!
WHAT IS A DISTRIBUTED SYSTEM?
To understand what a distributed system is, it is helpful to understand what a distributed
system is not. A distributed system is not a system in which multiple clients talk to one
specific server in order to get a task done. In addition, it is not a system where a single
machine is in charge of other machines that may do processing. Figure 1 shows a typical
client/server model network environment. In this type of environment, one machine is
denoted as the server that handles all of the data input, processing, distribution, archiving,
etc. If the server machine goes down, all data stops and collected data could be lost. The
server is the only machine with hardware to acquire data.
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Figure 1. A Typical Client/Server Network
In contrast, a distributed system is a group of computers hooked up via a network (LAN,
WAN, or both) that cooperate with each other. Each computer can act as a client or as a
server at any time. Any piece of software can run on any system on behalf of any other
system. Each computer can accept or deny the running of software on it from other
computers. A scheme like this allows the system to be predictable and reliable. It also lets
the system balance the load of processes running. If one system is having trouble keeping
up with its demands, it may offload some of its processing to an idle or less busy system.
The busy system does this by making a request within the distribution group for a
machine with spare CPU cycles. Such a configuration has no single computer that can be

the single point of failure. Systems that go down can be replaced with new ones and be
brought up dynamically.
In 1995, L-3 Communications Telemetry & Instrumentation (then Loral Test &
Information Systems) introduced the Distributed Network Architecture (DNA) approach.
DNA is the fundamental building block of the network version of the VTS. With this
system, any computer can act as the source of the data, the destination for the data, or
both. Conceivably, any machine within the distributed environment can go down at a given
time and be replaced dynamically without shutting down the rest of the system. Any
computer within the network can be used as an archive node, a data receiving node, a
display node, or any combination of the above (see Figure 2).
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THE WINDOWS NT OPERATING SYSTEM
Why Use Windows NT?
Windows NT is the operating system (OS) of choice for several reasons:
Windows NT is a multi-platform product. It runs on various machines from low-cost
single processor PCs to high-end multi-processor Alpha workstations. The correct
machine platform is chosen based on how demanding the data acquisition requirement is.
If requirements change in the future, the machine can be swapped out for a new one with
no software changes. The operation is seamless and painless. In a distributed system,
another option would be to add another machine to the network. This machine would
handle the new requirements, while letting the old machine handle the tasks for which it
was designed.
Windows NT is internationalized. Windows NT supports more than a dozen
languages. Applications can easily be designed to use the native language spoken by the
user or to provide a heterogeneous mix of languages within a particular distributed system.
Windows NT is state of the art. The NT operating system supports the Symmetric
Multi-Processor (SMP) specification. It has built-in networking, provides distributed
processing support, and is scalable. The product is widely available and is produced by a
stable company. Many of today’s data acquisition systems are based on low volume or
proprietary solutions. These systems can be difficult to use or maintain. Companies that
provide these solutions may go under or be slow to implement cutting-edge features that
are necessary to maintain a state-of-the-art system. With NT, the path is clear. Implement
all state-of-the-art functionality. Support all new PC platforms out of the box.
IS WINDOWS NT REAL TIME?
Windows NT is not a real-time operating system. This means that the operating system
provides no guarantee as to when events will happen or when applications will be run.
Microsoft states that NT is soft real time. What this means is that although NT does not
guarantee when a process will be run, it does assign priorities to each running thread in a
system.
Simply stated, a thread is a subprocess that can have its own priority. An application may
have many threads, each running at its own independent priority. The priorities have four
classes: IDLE, NORMAL, HIGH, and REAL-TIME. Processes executing within the
REAL-TIME class will preempt all operating system threads and thus be scheduled to run
ahead of the operating system itself. Within each of these priority classes is a priority

level. The priority level is a number between zero and thirty-one, providing thirty-two
levels of priority. All of the priority information goes into a set of priority queues that
maps the four levels of thirty-two priorities into a single list of one-hundred-twenty-eight
levels. Using these priorities wisely, an application can dictate what will be running at a
given time. Does this mean that a programmer can safely state that an interrupt will be
serviced within a particular time delta? No, it does not. It does state, however, that the
programmer can expect a reasonable response rate to the interrupt. As a result, the data
acquisition hardware must be designed to be smart enough to handle the latencies inherent
within the operating system. For this reason, hardware should be capable of buffering
some amount of data between interrupts in order to provide a reliable connection between
the hardware that acquires the data and the software that processes it. Although this is not
a true real-time system, the results are the same. All data is processed in a timely manner
and no data is lost.
IS WINDOWS NT SECURE?
NT is secure. Versions of NT are available with C2 security levels. Access to files and
data can be granted to a single user or a user group. This protects the data acquisition
system from being accessed by unauthorized persons. In addition, one can accommodate
certain groups of users who need access to classified materials and other groups of users
who need to access only unclassified materials.
SMP: DOING PROCESSING IN PARALLEL
What Is SMP?
When the PC was first designed, it was imagined that a single user would run software
programs such as word processors that did not require a powerful processor. As the
operating system became more complex and software more sophisticated, more powerful
machines were developed. Users could now use a graphical user interface (GUI) to do
their work. They could make spreadsheets, edit simple graphics, and run simple
calculations, all at the same time. For more complex work, users could hook their PCs to
a mainframe computer or perhaps a supercomputer. This machine was determined to be a
host or server. The more users that used a particular server, the slower the server got. In
order to keep up with faster processing demands, some computer companies developed
faster processors. But developing a new processor was slow and expensive. Other
companies took a different approach. Instead of designing a new processor to handle
more processes per second, they designed systems that could execute processes within
the same second. Such was the basis of SMP — take an array of lower cost processors,
assign processes to each processor, and let them all execute in parallel (see Figure 3).

Although the overall throughput of a system with two processors is not the sum of each
individual processor, it is close.
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Figure 3. SMP at Work
Does SMP Help with Data Acquisition?
SMP is a natural fit for demanding real-time applications like data acquisition. Data
acquisition products all do the same sort of processing. First, the data must be collected.
Second, the data is processed in some way. Third, the data is distributed to interested
clients. Finally, the data is archived to a long-term storage device.
Traditionally, data acquisition products ran in two modes. Mode 1 was to gather the data
and store it to disk. Mode 2 was to analyze the data after the test was run. For short tests,
this methodology worked well. For long tests, such as a probe traveling to another planet,
it was unacceptable.
With the introduction of SMP and process priorities, a modern data acquisition system
can attempt to accomplish all of these tasks at the same time without data compromise.
The system administrator or software designer may decide that the highest priority
process is reading the data off the hardware before it is overwritten. The next highest
priority is to get the data to the storage medium. These two tasks are critical and may thus
be considered real-time tasks. Lower in priority would be the tasks of distributing the data

to clients, processing the data (algorithms), or displaying the data. Note that the system
can decide which processes are handled dynamically. For systems designed around the
distributed system model, processes may be moved off the host system entirely.
What Does the Future Hold for SMP Processors?
Both Microsoft and Intel are committed to supporting SMP. Currently, Intel handles
clusters of up to four processors (soon to be eight) operating quickly under SMP. For
SMP computer systems with more than four processors, groups of four processors are
connected via a high-speed bus that helps synchronize each processor group. Future Intel
processors will have more pipelining and multiple execution units within them. This will
help each processor within an SMP machine to be parallel in nature. In 1999, we will see a
1.2 GHz processor with far superior pipelining. A machine with four of these processors
would be very powerful. Now, imagine a distributed network of ten of these machines
working together to accomplish a single task.
THE INDUSTRY-STANDARD PCI BUS
Why PCI?
As the PC platform made advances in processor technology, the need for faster
peripherals was apparent. System designers came up with proprietary buses, and cards
for these buses, that would let data flow in the system. Later, the industry standardized
with the VESA Local Bus (VLB.) The VLB was hooked up directly to the system
processor and was very fast. While VLB solved some of the data problems, it had its
shortcomings. The bus could only handle two slots, was not plug-and-play, and was not
able to share resources such as interrupts. Intel then introduced the PCI bus. The PCI bus
solved the data flow problems in the PC. The bus was not tied to any specific
architecture. It was fast (133 MB/sec). It was plug-and-play. And, you could hook up four
devices on a single bus. For more demanding systems, multiple PCI buses can be bridged
together. It did not take the computer industry long to make the move to PCI.
Today, PCI buses can be found on standard PC, DEC Alpha, Sun, SGI, and many other
platforms. The data rates are high enough for nearly all data acquisition requirements.
Plug-and-Play: A Double-Edged Sword!
Critics of plug-and-play have dubbed it plug-and-pray. In other words, plug it in and hope
it works! If the hardware does not work, you are out of luck.

Since PCI devices may share interrupts, problems can arise when two boards do not play
nicely together. The drivers for PCI boards must be able to handle the fact that an
interrupt may not be for them. In this case, the driver passes the interrupt along and the
next PCI board using the interrupt gets a chance to service its hardware. A problem arises
when one or more of the driver writers do not play by the rules. When this happens, one
or both of the hardware devices will not function correctly. To avoid this problem, care
must be taken in selecting which hardware boards should reside in a data acquisition
system. Newer PCI Basic Input/Output Systems (BIOS) allow users to select the Interrupt
Request (IRQ) that a board in a particular PCI slot should use. This helps avoid the
problems mentioned above. A system designer can also try to avoid sharing an interrupt
between two boards with high interrupt rates. This will allow an SMP machine to handle
the interrupt requests in parallel (see Figure 4).
A typical PCI bus configuration. Two PCI buses are connected via a bridge.
The manufacturer has decided to number the slots from the inside out. This
numbering is arbitrary and left up to the manufacturer. Usually boards in the
same slot number will share interrupts. It is important that the boards that
share interrupts have drivers that work well together. Well written drivers will
always share interrupts correctly.
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Figure 4. Plug-and-Play PCI Devices
Another problem arises when multiple boards of the same type are inserted into a single
PC. There is no requirement to number the slots in a PCI bus from left to right, right to
left, etc. For this reason, it is not possible to know which board the software thinks is
Board 1 and which board the software thinks is Board 2.
There are two approaches to solving this problem in a non-proprietary manner. First, the
data acquisition device could have an LED on it stating its instance in the system. This
way the user could be sure to hook cables up to the correct board. The PCI bus would
still decide which is Board 1, Board 2, etc. The major problem with this method is that
PCI is plug-and-play. Suppose that there are three decom boards on a PCI bus, numbered
1, 2, and 3. The user cables up the three boards and runs a test. Suppose that later the
user tries to run the same test and discovers that Decom 1 failed. At this point, the user

removes Decom 1 and sends it back to the factory. The user then runs the test suite using
the other two decoms, only to find that the cabling is incorrect. Since PCI is plug-andplay Decom 2 became Decom 1 and Decom 3 became Decom 2. As can be seen, this
approach has some shortcomings.
The second approach is to provide a switch on each data acquisition board. This switch
would allow the user to dial in an instance number to the new hardware. That way, it does
not matter if a board is pulled out or which direction the PCI slots are numbered.
Everything always works.
DISTRIBUTING THE DATA (LANs AND WANs)
In the 1980s, networks for PCs were slow. Most were 10 Mb networks with slow ISAbased network cards. With the advent of PCI and faster network products, the typical
new network system is now 100 Mb. For most data acquisition products, 100 Mb is fast
enough to take all of the data and distribute it to multiple machines. For data transfer
streams that must receive all of the acquired data (such as an archiving node), a reliable
transport such as TCP is used. For other streams, such as Current Value Table (CVT)
display data, a less reliable method such as UDP may be used. The advantage of TCP is
that all of the data is guaranteed to be received in the proper order. UDP, however, makes
no guarantees at all. The data may arrive in the wrong order or never arrive at all. For
some applications, this is acceptable; for others, it is not.
The primary advantage of using UDP over TCP is that many clients may request large
chunks of data. This data will eventually fill all available bandwidth. For example, suppose
we have a single machine collecting and distributing data at a rate of 5 Mbps. Also,
suppose that this machine is on a 100 Mb network. If there is a single client requesting the
data, then the network usage for this client, using TCP or UDP, is about 5%. Now,
suppose that nine more clients join in and all want access to all of the data. For TCP, the
usage on the server goes up by about 50% and the bandwidth usage on the network goes
up to about 50%. Now, suppose that another ten clients join in. At this point, the machine
collecting the data may not be able to handle the distribution of 100 Mbps data. What is
worse is that the network will not be able to handle all 100 Mbps.
UDP, on the other hand, can be used to broadcast messages to multiple clients at the
same time. All twenty clients would receive the broadcast message. The network
bandwidth would remain at 5% and the server’s processor usage would not increase.
Clearly, it is important to choose the correct protocol for each specific application. This
choice should be dynamic in nature.

Recently, there have been several advances in network technology. These advances
provide a much higher data throughput rate than was previously available. Among these
advances are multicast, which is like UDP except that clients who do not care about the
data do not have to read the packet in order to determine that the data is to be discarded.
This protocol saves the host CPU from having to process all data for all streams through
the protocol stack. Thus, machines that do not care about specific data do not use any
CPU time to decide to discard the data.
FDDI, another networking advance, is a high-speed fiber network that works like a
standard twisted-pair network except that it uses fiber cable to communicate. Other
advances, including gigabit network technologies, provide multiple streams of multicast
data. Surely, in the future, the network will not be the bottleneck in most data acquisition
systems. Moving the data over the network so that multiple machines can process the data
will be an easy task.
SCALABILITY: RUNNING EVERYWHERE
Over the years, scalability has meant different things to different people. The definition
used here is as follows: A software application requiring a low amount of processing
can run on a low-end, inexpensive processor. As processing demands increase, this
same application can be run, unmodified, on a more powerful, more expensive system.
In addition, the system can be used in a distributed environment to provide more
processing power than would be available within a single computer using the
technology available today.
What does this mean? First, if the requirement is simple and the bandwidth requirement
low, the application should run on an inexpensive standalone PC. If the requirements for
the data acquisition system increase, then the user can get a new, more powerful PC and
run the application unmodified (hardware independence.) Now, suppose that the
requirements further increase to the point where current PC technology cannot support the
amount of data received. At this point, we must operate in a distributed environment,
allowing multiple systems to access each part of the overall task. It is time to break out of
the box!
COOPERATION: "HEY, COULD YOU RUN THIS CODE FOR ME?"
In a true distributed system, each computer within the distribution group communicates
with all other computers within the group. The computers ask each other things like "Are
you alive?", "What is your current processor load?", and "Could you run this task for
me?". Load balancing is the focal point of the system. In a real-time product, it may not
be wise to let each computer be treated in the same way. For example, an archiving node

is a critical node. The processor may be idle at a given time. Since the processor is idle,
some other machine may offload its single-most CPU-intensive process off to the archive
machine. Later, some process may want to start archiving to the archive node. The archive
node may be too busy to do archiving — its sole purpose for being in the distribution
group.
There are a number of ways to solve this problem. First, critical machines in the group can
always answer "Sorry, I cannot run that process for you." Another solution may be to
take on the process and answer "OK, but I may have to give this process back to you
later." This way, the processor may be used to its maximum potential. By distributing the
tasks among a group of PCs, the data acquisition system is completely dynamic and
expandable.
CONCLUSION
The days of the traditional client/server data acquisition model are drawing to a close.
Inexpensive PCs can be used to achieve far superior performance over many of the
mainframe computers available only a decade ago. The PC can provide more reliability
and higher processing power using distributed systems technology than a client/server
system can. There are no proprietary processors, buses, or vendor products. All
components of the system are commercial-off-the-shelf (COTS) products. The system is
scalable, upgradable, and has a secure future. The system has broken out of the box!
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ABSTRACT
Telemetry is usually thought of as a medium to transmit data to verify missile and
equipment performance. Almost always the telemetry kit is tested to total destruction.
Redstone Technical Test Center (RTTC) has developed several video telemetry kits for
use as training aids. The military is training modern soldiers and pilots to use high
dollar/tech weapons. When the gunner being trained makes an error and is not corrected,
his/her bad behavior is reinforced. Aircraft carrying the TGM-65 MAVERICK do not
have enough space for a human trainer. Training with the TGM-65 MAVERICK is
performed by recording seeker video, then replaying it during the debriefing. The newly
developed video telemetry system for the trainer allows experienced pilots to observe the
training from the ground station and to provide immediate feedback to correct any errors.
This paper focuses on the use of video telemetry as a training aid to provide quality
training for servicemen.
INTRODUCTION
With the downsizing of the military, training needs to be of the highest quality possible.
Poor training not only wastes time, money, and logistics, it reinforces bad behavior.
Recording the events on board the aircraft or vehicle is possible; however, if the gunner
makes a mistake and is not corrected, he will continue to train incorrectly. The wrong
training will be discovered during the debriefing, but only after expending time, logistics,
and man-hours. Many situations prohibit an observer during training, including F-15
EAGLEs and M6 LINEBACKERs. With video telemetry (both analog and digital),
experienced trainers are able to observe the soldier or pilot training in real time. The U.S.
Airforce had RTTC develop an analog system for the Operational Test (OT) phase of the
AGM-65H MAVERICK missile. The U.S. Army had a digital system developed for the
M6 LINEBACKER.

REQUIREMENTS
While upgrading the MAVERICK AGM-65B missile to the AGM-65H, the U.S. Airforce
required real time video of the missile and pilot performance for the OT phase. Since the
TGM-65 (trainer missile for the AGM-65) is only fitted with a VHS recorder for the
seeker video, RTTC developed the video telemetry system, allowing the test conductors
to monitor the mission with every test run. The U.S. Airforce has since requested the
video telemetry system for training exercises at Red Flag.
While fielding the M6 LINEBACKER, the U.S. Army required video and audio
telemetry for range safety and spectator viewing. Normally, the Range Safety Officer
(RSO) would be located 50 feet away from the vehicle with a remote safety switch. With
the video and audio telemetry, the RSO was able to perform his duties from the receiving
van. All crew conversations, commands, and STINGER tones could be heard, confirming
missile lock prior to launch. The video and audio were sent to a viewing area where
VIP’s were able to view the gunner’s actions on monitors while the vehicle was down
range. The U.S. Army is considering the video/audio telemetry system for a virtual
trainer.
Both systems had to be non-intrusive to the operators and not effect any functions of the
item being monitored. They had to provide real time video and/or audio for mission
success.
ANALOG SYSTEM
The MAVERICK TGM-65 utilizes an analog video system. The standard configuration is
for the video from the seeker to go into the Signal Processing Unit (SPU). This unit
makes the video act like a live missile. The difference being, during a live launch, the
missile leaves the aircraft and the pilot loses video. The SPU cuts off video when the
pilot pulls the trigger. The TGM-65 trainer does not contain a flight motor and is never
launched.
The TGM-65 video telemetry system utilizes seeker power and ‘Tees’ into the video line.
The telemetry kit passes the video through an Automatic Gain Control (AGC) and Low
Pass Filter (LPF) prior to the Transmitter (TX). The kit fits under the SPU without any
modifications to the missile. There are no special requirements for the ground receiving
station. This telemetry kit can be used on any TGM-65 missile.
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DIGITAL SYSTEM
The M6 LINEBACKER utilizes a digital video system. A through-site camera is placed
on the commander's sight for optical video. A mixer takes the camera video, gunner's
overlay, and RS-232 data and combines the information. This is passed to an SVC-3
video encoder/encryptor along with audio for secure transmission.
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This system is combined with a virtual simulator of the M6 LINEBACKER. A soldier in
the trainer can train alongside an M6 LINEBACKER. Both are looking at the same
targets. This reduces the need for expensive hardware while providing the needed
training.

CONCLUSION
Both systems proved successful in accomplishing the mission. Application of either
system can be used for many training scenarios. The reduced cost of using these systems
allows the airman/soldier to achieve quality training longer at a lower cost. Since these
systems are used in a training environment and not tested to total destruction, the major
cost is the Non Recurring Engineering. Any service using the MAVERICK TGM-65
missile or M6 LINEBACKER can utilize these video telemetry systems for training.
NOMENCLATURE
SVM Stinger Vision Module
VME Vision Module Electronics
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ABSTRACT
Universal acceptance of the Windows NT operating system has made utilization of the
personal computer (PC) platform for critical space operations a reality. The software
attributes of the operating system allow PC products to attain the reliability necessary for
secure control of on-orbit assets. Not only is the software more reliable, it supports better
networking interfaces at higher speeds.
The software upgrades that the Microsoft Corporation generates on a regular basis allow
PCs to offer capabilities previously available only with UNIX-based solutions. As
technology matures, PCs will operate faster, offer more graphical user interfaces, and give
customers a lower cost versus performance choice.
These reasons, and others to be discussed further, clearly demonstrate that PCs will soon
take their place at the forefront of mission-critical ground station applications.
KEY WORDS
Personal Computers (PCs), Windows NT, Ground Stations, Mission Control Center
(MCC), Satellite Command and Control, Remote Tracking, Uplink/Downlink, On-Orbit
Operations, RF, IF, GEO, MEO
INTRODUCTION
The advancement of PC technology brings with it the utilization of digital design
approaches for modems, up/downconverters, and other components of ground systems
that communicate with spacecraft in orbit. The digitization of filters, correlators,
oscillators, and the like allows complex analog circuits to be “cloned” on a silicon chip.

When chips replace analog circuits, miniaturization is possible, enabling whole receivers,
modems, and modulators to be contained within a single PC chassis. This trend is
accelerating, and we are beginning to see functions that once took several discrete chassis
appearing on one integrated module.
Many, if not all, of the satellite up/downlink processes (commanding, ranging, telemetry,
time correlation, etc.) can be modularized for utilization in a commercial personal
computing environment. Adding software that is easy to use, universally understood, and
maintainable results in a technology platform that can be utilized by the space industry at a
much lower cost than any product previously offered.
EASE OF USE
One of the problems that occurs with any new product introduction is the ability of the
user to comprehend the operation and maintenance functions necessary to fully exploit the
product’s capabilities. This scenario is especially true when users are of various national
origins. Operation of the product can require extensive training in a user’s second
language, and often something is lost in the translation of highly technical subjects.
Deploying the Windows operating system goes a long way toward meeting the goal of
having a universal operator interface or language that can speed up use of the product,
reduce expensive training, and shorten repair cycles. Using the PC for controlling satellite
payloads thus gives users a much needed universal and easy-to-use operator interface.
Ironically, the notion of a universal interface is often overlooked by the “would be”
purchaser, but in the international community, using such an interface becomes a major
attribute toward overcoming initial barriers in understanding and using technical complex
systems for satellite communications.
For example, using PCs, complex front panel functions that were normally found in
discrete chassis are replaced by a familiar point-and-click command environment. As
shown in Figure 1, information appears in a graphical format on the PC’s screen so that it
can be understood by customers who don’t have a complete understanding of the native
language of the product manufacturer. Complex messages, operating system nuances, and
incomprehensible system conditions are eliminated using an easy-to-use Windows
environment.

Figure 1. PCs are an Affordable, Accessible Platform for On-Orbit Operations
THE BUILDING BLOCKS OF A PC-BASED CONTROL AND MONITORING
SYSTEM
The PC industry is progressing at a rapid rate with new higher speed chips appearing on
the market every six months. The Pentium processor and all of its derivations are industry
standard. Higher clock speeds and more memory (cache and RAM) make the PC system
run faster. PC platforms with multiple processor systems are not unusual. In fact, dual
Pentium processors are offered by all the leading PC manufacturers, and the new quad
models will be commonplace by the time this paper is presented.
In terms of the basic PC chassis, users can choose anything from common commercial
desktop units to ruggedized industrial units that are very robust and moderately priced. PC
disk space is growing without impacting cost, and multi-gigabyte drives are standard on
most large personal computers.
The core chassis is a “commodity,” making it viable for fabrication by national
manufacturers. That is, a basic platform can take on a country’s name, which will make it
more acceptable to the customer base that overall product is sold into. PC chassis have
embedded CRTs or flat panel displays as well as rack- mounted keyboards, etc. Almost
any configuration can be purchased for a reasonable price.
The PC itself is the “shell” of the real ground system designed to process satellite
up/downlinks. The hardware modules that comprise the internals of the product are
modular cards, with often several functions existing on one printed circuit board. With the
advent of the digital signal processor (DSP) and the use of reconfigurable gate array
technology, the functions that used to require independent chassis can be significantly
miniaturized (see Figure 2). Even RF circuitry can be accommodated on circuit boards
that fit into a PC chassis.

Figure 2. PC Systems Collapse Racks of Ground Station Equipment into a Single
Chassis
Most of these modules are designed to plug into the ISA bus, which is standard
throughout the PC world. The utilization of this bus is usually minimized to
communication with the CPUs for initialization instructions and status monitoring
functions. Very little real-time data flows over this bus as it can become a bottleneck for
any high-speed transactions with the CPU. The normal signal flow is direct from one
module to another or one part of the circuit board to a different location within the same
element. Signals often require shielding of one type or another, and modules processing
gigacycle signals usually require elaborate metal “honeycomb” structures to ensure
isolation between the basic PC bus and these signals. Internal noise and cross-coupling of
signals must be carefully controlled so as not to degrade the performance of the overall
system.
In addition to RF miniaturization, technology has allowed the design of printed circuit
modules that contain IF filtering, demodulation, bit synchronization, frame
synchronization, and status reporting functions. These modules are fully programmable
and allow for rapid configuration changes to support different satellite characteristics in
just a matter of seconds.
REMOTE CONTROL ISSUES FOR SATELLITES IN DIFFERENT ORBIT
PLANES
Geosynchronous Earth Orbit (GEO) stationary satellites are usually in constant contact
with the ground station or mission control center (MCC) and therefore do not require realtime responses. Data and command rates are slow and the demand for attention to satellite
conditions is low. But there are exceptions to this scenario in both the military and

commercial arenas. A new breed of GEO satellite is on the horizon (see Figure 3). It
supports direct contact to portable telephone environments from orbit. This kind of
satellite emulates a telephone switching system in GEO. Local and long distance services
require near real-time switching in the satellite payload. Command rates are much higher
than traditional GEO satellites in this orbit and real-time monitoring and responses are
necessary at the ground station.

Figure 3. New GEO Satellites Switch Telephone Conversations from Orbit
Satellites that change their position relative to their earth stations are in mid- or low-earth
orbit and require tracking stations at remote locations. These tracking sites have antennae,
RF equipment, and some type of front-end processor, like Telemetry & Instrumentation’s
NeTstar system shown in Figure 4, which formats commands and telemetry data. This
front end is usually connected to the mission control center via some type of local or wide
area network.

Figure 4. NeTstar Front-End Processor Formats Satellite Commands and
Telemetry Data
Unlike GEO satellite systems, Mid Earth Orbit (MEO) satellite systems require 6 to 12
stations for worldwide coverage depending on the frequency of contact required. Stations
are usually positioned to track the satellites in approximately 8-hour orbits with at least two

satellites in view at any one time. Commands are sent to the tracking site and formatted for
direct uplink to the satellite. Simultaneously, the health and welfare telemetry is received
and decommutated by the PC front end and sent back to the MCC for viewing. Again,
rates are low and urgency of action by the operator/software monitor is relatively long.
Status of the entire front end can be sent back to the MCC to determine link quality, health
of the front end, commands sent, etc. Lower orbiting satellites have a greater urgency
factor because each tracking site has very short periods (usually minutes) where
communication with the satellite is guaranteed. Sending commands from the MCC may
require an intermediate storage facility at the tracking site to ensure that commands are
executed in a timely manner.
Once the satellite is in view and the time of day is correct, the command is sent directly
from the PC front end without MCC intervention. This strategy adds requirements to the
PC in that additional disk storage must be online and intelligent commanding software
must be resident to ensure that proper conditions exist before the command “strings” are
executed. If the command software is compute-intensive, it may require its own CPU to
ensure uninhibited operation.
Such a scenario is easily accommodated with multi-Pentium processors and the NT
operating system, which supports multi-threaded operations. Either store-and-forward or
real-time commanding strategies can be accommodated to ensure that payload control
criteria are met. Figure 5 shows a PC system currently being used to perform
commanding of communications payloads for GEO and MEO satellites.

Figure 5. NeTstar Ground Stations Provide Remote Tracking
Capabilities for GEO/MEO Satellites

REDUNDANCY AND RELIABILITY TRADE-OFFS
When controlling payload systems, reliable operation of the ground system is mandatory.
The payload is the way in which satellite owners earn revenue. Anything that disrupts the
payload links to the ground will cause a loss of capital and seriously upset the customer.
Since the satellite builders, service providers, and ground station operators are all in a
highly competitive environment, systems must be designed to eliminate the disruption
scenario.
One of the bigger issues in selecting PC products for critical control functions is system
reliability. Anyone with a PC has, at some point, experienced a system crash that resulted
in the interruption of a process and usually a computer restart. Such an occurrence begs
the question, Is a PC reliable enough to control payloads? The answer is a conditional yes.
The condition is that the PC system must be designed with reliability as a primary attribute
and that all failure modes of operation are accounted for.
Redundancy is the answer, coupled with smart software that can detect failures and take
corrective action with or without human intervention (see Figure 6). Since PCs and their
software are far less expensive than older box-type solutions, redundant systems using PC
chassis can be designed at a lower cost and with a smaller footprint. If a mission is to
support two satellites simultaneously, one can have a “hot” backup unit waiting to be
called into action should a failure of one of the primary units occur. Depending on the
number of simultaneous support activities occurring, a formula of N+1 units will normally
be sufficient.
What has improved reliability immensely is the utilization of the Windows NT operating
system software. This Microsoft product was designed to support networks far more
reliably. What’s more, as the operating system matures, so does its performance.

Figure 6. Built-In Redundancy Ensures the Reliability of PC Ground Stations

Another factor that makes the PC the right choice for control is the wide variety of PC
chassis available at a low cost in the general market. PC chassis can be “industrialized” to
increase performance in a tracking station environment. Most of these chassis are
designed to handle more shock, maintain a more consistent operating temperature, and
accommodate additional modules. The common PC “tower” or desktop version is not
recommended for tracking station environments.
Ultimately, the case for PC reliability is easily won with ruggedized chassis, a more robust
software operating system, and additional hardware dedicated to backing up the primary
satellite links.
A DISCUSSION OF AN EXAMPLE SYSTEM
To illustrate a typical payload control system for a MEO satellite constellation, we will use
an existing system that has been delivered to a customer. This system illustrates how
straightforward a telemetry and command system can be (see Figure 7).
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Figure 7. Typical Payload Control System for a MEO Satellite Constellation
At each tracking facility, the PC is interfaced to the RF subsystem at S-Band frequencies.
Each system is configured to support one contact with a hot backup. The PC is
configured with an S-Band receiver, a 70 MHz modem, a bit synchronizer, a PCM
decommutator, a time correlator, a command formatter, a modulator, and an upconverter.
All of these components reside inside a PC chassis that is rack-mounted, as shown in
Figure 8. Three separate PC chassis are used, and the standard complement of dual
Pentium processors, gigabyte disk drives, and Ethernet interfaces are included in the
configuration. All three PCs have access to a single monitor/keyboard combination for
local control and troubleshooting system problems. Each unit is connected to a master

workstation via Ethernet. This workstation contains the interface software to manage the
PC front ends and provide selected data parameters to the payload control center located
at a distant facility. Ranging equipment is not required as payload systems do not use
these types of systems (they are on the satellite bus).

Monitor Control

Figure 8. Fully Integrated PC-Based Payload Control System
The downlink is received from the RF front end, downconverted from S-Band to 70
MHz, demodulated to extract the serial PCM signal, filtered, and presented to the PCM
decommutator. The “decom” synchronizes the frame structure and routes frames to the
Ethernet interface. The data is routed to the workstation software where parameters of
interest are extracted for algorithmic processes and sent back to the payload control
center. Status data from each of the three PCs is also sent to the workstation and is
analyzed to ensure that link integrity is maintained. If a failure of any of the units is
detected, the software switches the backup unit to the primary position and reports the
failure to the center. Maintenance of the system that failed is performed using the local
display and keyboard coupled with software diagnostics.
Commands are received from the payload control center by the workstation, subjected to
rule-based software programs to ensure all necessary conditions are met before
transmission, and routed to the PC front end for formatting. After the formatting process
is completed, the signal is sent to the modulator for uplinking to the satellite. The footprint
of the entire system is very small and all the equipment can fit into a single 2-meter rack
with room to spare.

CONCLUSION
As illustrated by this paper, a PC system is not only viable for today’s payload control
applications, it is the best solution for attaining lower system cost, a dramatically smaller
footprint, and ease of operation. Indeed, current trends show that future ground station
systems will have to incorporate PC systems if they are going to succeed in the highly
competitive marketplace of spacecraft control.
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ABSTRACT
The Space Sensing & Vehicle Control Branch of the Air Force Research Laboratory and
Voss Scientific, Albuquerque, NM, are developing an advanced PC and COTS-based
satellite telemetry processing, analysis and display system known as the PC-Satellite
Telemetry Server (PC-STS). This program grew out of a need to develop less expensive,
more capable, more flexible, and expandable solutions to the satellite telemetry analysis
requirements of the Air Force. Any new system must employ industry standard, open
architecture, network and database protocols allowing for easy growth and migration to
new technologies, as they become available. Thus, the PC-STS will run on standard
personal computers and the Windows NT operating system. The focus of this work and
this paper is the Telemetry Server component, and in particular, the custom-built
decommutation board. The decommution board will be capable of processing frame
formatted and CCSDS packet telemetry. It will be capable of fully decommutating
telemetry data, converting raw data to engineering units, and providing this data to the
Telemetry Server host. Time tagged engineering units or minor frames of telemetry will be
transmitted to the Telemetry Server processor via on-board memory buffers. The decom
board uses the PCI bus, programmable DSPs, considerable on-board memory, and a
SCSI bus for local archiving. This paper presents the general architecture of the PC-STS,
and discusses specific design considerations. These include trade-offs made during the

design of the board's hardware and software, operational specifications, and graphical
user interfaces to program, monitor, and control the board.
KEY WORDS:
Telemetry processing, decommutation, engineering unit conversion, PC board, PCI bus
INTRODUCTION
In 1992, the Air Force Research Laboratory recognized the need to demonstrate new
technologies to the Air Force satellite controllers at Falcon AFB, Colorado. These
controllers are dependent upon mainframe computers for health and status monitoring of
Air Force communication satellites. The mainframes are cumbersome, difficult to
maintain, text based, and expensive. The Multimission Advanced Ground Intelligent
Control (MAGIC) telemetry analysis system was developed by AFRL engineers and
installed in Satellite Operations Center 33 (SOC33). The MAGIC architecture is based on
loosely coupled components that communicate through message passing. It maximized
the use of commercial-off-the-shelf (COTS) products, PC-based hardware, and
distributed network processing. When MAGIC was under development there were no
acceptable PC based solutions to the Front End component of the telemetry analysis
system. In particular, AFRL engineers could locate no PC boards that operated under the
Windows NT operating system and used the Peripheral Computer Interface (PCI) bus.
In April 1996, Voss Scientific was awarded a Small Business Innovative Research (SBIR)
Phase 1 program, “Telemetry Front-End Using PC-Based Solutions”. After a successful
proof-of-concept demonstration, Voss Scientific was awarded, in March 1997, a SBIR
Phase 2 program, “Development and Demonstration of PC-Based Satellite Telemetry
Server Systems (PC-STS)”. The central component of the telemetry server is the digital
signal processing board that performs the functions of telemetry decommutation,
engineering unit calculation, and data distribution. In this paper, we first provide an overall
description of the PC-STS. We then discuss in more detail the specifications and design
of the QTP board hardware and its on-board and supporting software.
PERSONAL COMPUTER BASED SATELLITE TELEMETRY SERVER
The PC-STS operates on standard personal computer hardware under Windows NT. The
system employs industry standard, open architecture, network and database. Below is the
functional diagram of the PC-STS (Fig. 1), followed by a brief description of its major
components.
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Figure 1 PC-STS
The Telemetry Server, aka “Front-End”, accepts digital, pulse code modulated (PCM)
health and status telemetry as input. The Telemetry Server performs frame
synchronization, decommutation, engineering unit (EU) conversion, and time tagging on
the raw telemetry data. Time stamped mnemonics or minor frames are transmitted over a
dedicated, high-speed network connection to the PC-STS Database Server for archival
and distribution. From the database server, telemetry data is routed to Telemetry Analysis,
aka “Back-End”, Workstations as requested by the satellite operator. The PC-STS uses
high bandwidth (Fast Ethernet at 100 Mbps) network connectivity between the Telemetry
Server and the Database Server to handle high telemetry stream data rates. Fast or
standard ethernet (10 Mbps) communications is used between the Database Server and
other system components.
The computational workhorse of the PC-STS is the Quad Telemetry Processor (QTP).
The QTP is a personal computer add-in board that is installed in the Telemetry Server.
The QTP board processes input PCM data streams at rates of 10 Mbps, including frame
synchronization, engineering unit conversions, mnemonic identification, and time tagging.
Additionally, the QTP incorporates an on-board Small Computer Systems Interface
(SCSI) controller for archival and playback of raw telemetry data streams. A Windows
NT 4.0 device driver provides communication between the QTP and application software.
Telemetry decommutation software is modular, and will run on the processors of the QTP
board, the Telemetry Server, or the Analysis Workstations. Decommutation software will

also calculate derived mnemonics and perform limit checking as specified in the telemetry
description.
Finally, Telemetry Specification (TelSpec) program provides a graphical user interface for
specifying the format of Inter-Range Instrumentation Group (IRIG) 106-type telemetry
data frames. The telemetry format description is based on the Telemetry Attributes
Transfer Standard (TMATS) defined in Chapter 9 of the IRIG 106-96 standard (Group P,
D, and C), with some extensions. Entry of the telemetry definition into TelSpec is
permitted either by manual entry, or by importing a previously defined specification.
TelSpec will also import telemetry data stream descriptions created by other systems.
Once a telemetry description is imported it will be represented in the TelSpec native
format, and can subsequently be edited by the user. The TelSpec program runs as an
independent application on any PC-STS hardware platform.
QUAD TELEMETRY PROCESSOR THEORY OF OPERATION
The Quad Telemetry Processor contains two major functional subsystems: the Hardware
Front End (HWFE) and the digital signal processor (DSP) section (Fig. 2). (Note: The
term, “Front End”, refers in this discussion of the QTP to the front end of the PC board
and not the Telemetry Server.) The HWFE performs several functions including deserializing the incoming data stream, word synchronization, (optionally) frame
synchronization, time decoding, and raw archiving. The DSP section performs all other
functions including measurand extraction, engineering unit (EU) conversion, change
filtering, and limit alarming. Each of the two major subsystems are themselves composed
of several subsystems discussed below.
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Figure 2. QTP Major Subsystems

Not shown, but significant is the IEEE 1149.1 (JTAG) boundary scan Built In Self Test
(BIST) subsystem. The BIST system allows extensive self- and external- diagnostics to
be performed on the board, so that, in the event a fault occurs it may be easily isolated at
the component level.
The HWFE is composed of the correlator, word map, SCSI, and IRIG time subsystems
(Fig. 3). The correlator recognizes and flags the sync word in the IRIG frame. Together
with some simple logic this performs word synchronization on the incoming data stream.
The correlation subsystem incorporates a Search, Check, Lock (SCL) algorithm in
hardware to establish word sync lock. The SCL algorithm works as follows: the system
starts in Search mode - in this mode it is seeking any occurrence of the sync pattern.
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Figure 3. HWFE Subsystems
When sync has been identified the system advances to Check - in this mode the system is
expecting the sync pattern to re-occur at the position specified in the word map
(discussed below). After a user specified number of minor frames dwelling in Check,
assuming the sync pattern is continuing to be detected at the appropriate intervals, the
system advances to Lock. In Lock this subsystems output data is considered valid by the
other subsystems and processing may continue.
The word map subsystem consists of a large memory that is used to describe minor
frames and optionally, an entire major frame. The word map contains specifications of
individual words in the minor (major) frame including size, big- or little-endian, position,
and sub-frame identification (SFID) flag. Together these specification bits allow all of the
IRIG standard telemetry format to be decoded as well as various common extensions
such as non-uniform word size, segmented sub-commutation spanning more than 1 minor
frame, arbitrary SFID position. If the word map is used to specify an entire major frame

this subsystem also performs major frame synchronization. For major frame
synchronization, this subsystem looks for a match between the minor frame SFID
(specified in the word map) and a user specified maximum minor frame number. When a
match is detected the word map is reset at the end of the current minor frame. All output
data from this subsystem is now major frame synchronized on output. The word map
memory and associated logic allow for the maximum (16384) number of words permitted
in the IRIG standard. This design is flexible enough to permit the decoding of any serial
data stream provided it contains a regularly recurring synchronization pattern no more than
64 bits in length, and separated by no more than 262,080 bits. As a result CCSDS
telemetry and others can be handled by the front-end hardware.
All raw data presented to the front end, once word synchronization has been established,
can be presented to a SCSI interface for archival storage. Although the interface expects
to be connected to a high speed AVI disk drive, the storage device is treated much like a
tape. A fixed size “directory block” is allocated at the beginning of the device. This
contains the starting block, absolute start time, and length of each pass. The remainder of
the storage space contains contiguous streams of data from each pass. This architecture
permits many different types of storage devices to be connected to the SCSI interface. In
slow data environments a tape may be used in place of a disk drive.
The IRIG time subsystem is capable of decoding IRIG A, B, G, and H time formats as
well as NASA36 and others. The time input is used to provide an absolute time reference
at the start of a pass to both the archival storage device and the host interface. During the
pass the assumption that the data rate is constant is used to provide relative time stamps
for individual words in the data stream. IRIG time is decoded by firmware running in a
micro-controller in the front end, as a result new time formats can be accommodated by a
simple firmware upgrade. The only limitation is that the data rates must be slower than 100
Kbits/sec.
The DSP subsystem consists of 4 identical units (Fig. 4). Each unit contains a high speed
Digital Signal Processor (Texas Instruments TMS320C44), and 3 memory arrays. The
first memory array of each DSP is a dual port buffer connected between the DSP and the
HWFE. These dual ports allow, to all 4 DSPs, simultaneous access to the data presented
by the HWFE without contention. Each DSP has a code/data memory that holds the
currently executing program for each DSP and its data. Finally each DSP is connected to
a large (256K x 32 x 2) segmented memory buffer which is also connected to the PCI
interface. These “ping-pong” buffers are segmented to allow the host computer to access
output data from each DSP without blocking the DSP s access. All 4 DSPs are connected
to each other via high speed serial links allowing them to cooperatively process the data
presented by the HWFE. Because decommutation is performed entirely in software, the
system is very flexible. The host computer loads the DSPs with software at run time, so

the system may be re-configured quickly. Each DSP is capable of 20 MIPS sustained
operation providing ample computing power to process the most complex IRIG frames
or Consultative Committee for Space Data Systems (CCSDS) packet telemetry, at speeds
in excess of 10 Mbits/sec.
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Figure 4 DSP and memory (1 of 4)

Figure 5 is drawing of the Quad Telemetry Processor board.

Figure 5 Quad Telemetry Processor
TELEMETRY SPECIFICATION PROGRAM
The TelSpec program is a 32-bit Windows application for specifying telemetry definitions.
The telemetry definition provides enough information for both front end, i.e., QTP, and
back end, i.e., Analysis Workstation, processing, including frame sync, measurand
processing, derived measurand computation and engineering unit conversion. TelSpec
supports definitions based on the data format portions of the Telemetry Attributes
Transfer Standard (TMATS) in IRIG standard 106-96. Several class II characteristics are
supported (longer word and frame lengths, fragmentation, format change, asynchronous
embedded formats), as are some characteristics which are not supported by TMATS
(synch pattern bit-slip and flywheeling, arbitrary word length and location).
TelSpec has four primary functions:
1. Assist in the creation of new telemetry definitions.
2. Display existing definitions (for examination or editing).
3. Import definitions that were created by other means.
4. Convert the definition to a format that can be used by the QTP and
decommutation software.
Creation of new definitions is accomplished with a variety of Windows dialog interfaces
that perform error checking automatically during the definition process. User entered
values are checked for valid input, then checked against the rest of the existing frame
definition. Frame level verification is of particular importance for word locations, because
they have several methods for placement and can be fragmented throughout the frame.
The definition of a major frame proceeds top down, following the layout of TMATS.

Once a major frame has been defined, the frame viewer can be used to display the
placement of the minor frames, subframes, asynchronous streams, and words. Moving the
mouse over a measurand location highlights all components of the word, which allows the
user to easily identify fragmented and supercommutated words. Tool tips provide
additional item information as the mouse moves over the frame. Clicking on any portion of
a measurand or subframe takes the user directly to the corresponding dialog interface. The
frame display supports zooming and scrolling, and TelSpec supports the display of
multiple frames.
The next few figures are examples of TelSpec interface dialogs. The dialog shown in
Figure 6 allows the user to describe the minor frame. Notice that the user can specify the
number of minor frames in a major frame, the size of a minor of a minor frame, its
synchronization pattern, etc. The buttons on the lower right of the Frame Definition dialog
will present the user with lists of options when double-clicked. If the user should doubleclick the “Subframe IDs” button and the appropriate list item, the “SubFrame ID” dialog
shown in Figure 7 will appear.

Figure 6: Top Level Frame Definition

Figure 7: Subframe ID definition
Double-clicking the “Measurands” button in the Frame Definition dialog will eventually
lead the Measurand Definition and Measure Location dialogs shown in Figures 8 and 9,
respectively. Notice that the example measurand, “meas02”, is fragmented, and has been
defined across the major frame.
It would become rather tedious to individually enter many measurands, especially when
one realizes that a satellite may have thousands of health and status measurands. A method
will be provided to duplicate a measurand’s definition to create a new measurand.

Figure 8: Measurand Definition dialog

Figure 9: Measurand Location
Support will also be provided for specification of CCSDS format data, down to the
packet level. The user will first specify general parameters, such as the error correction
type, synchronization pattern and number of virtual channels. The user will then specify
which channels should be processed and which packets should be distributed. Support
for packet processing may be included in the future, as standards for packet definition are
developed and mature.
A telemetry format description translator will permit users to import their descriptions of
the telemetry into the TelSpec telemetry format description. We will provide a translator
which imports the data format description used by VSSS to TelSpec. We will also
provide a post processor that imports TMATS into TelSpec. We plan to implement these
translators using a “meta language” which will provide a means to specify the form (i.e.,
the syntax, grammar, and semantics) of descriptions of data formats. This meta language
will provide a means for users to describe how to translate a variety of data format
descriptions into TelSpec.
The final crucial function of TelSpec is to convert the telemetry data description into
implementation of the telemetry format description into actions in the QTP board and the
rest of the telemetry processing system. This includes setting up the correlator in the QTP
board, loading the word map which controls how the board assembles the telemetry data
into parallel words, and loading the software and data tables in the DSPs of the QTP
board. This code and data in the QTP decommutates the telemetry data into time stamped
records of mnemonic tag and values. The QTP can also provide engineering units
conversions and alarm level tagging of decommutated values. The QTP can also strip out
one or two asynchronous embedded streams from the telemetry data and send them out

as NRZL data and gated clocks. TelSpec distributes functionality to the host computer
containing the QTP board or to other components of the telemetry processing system
depending on the processing requirements and system resources.
CONCLUSION
This paper has described in this paper is the Quad Telemetry Processor that is being
developed by Voss Scientific and AFRL. This PC board combines the capability of
frame synchronizing and formatting hardware with the flexibility and processing power of
a programmable array of digital signal processors. It performs functions such as
engineering unit conversion and limit checking that are usually reserved for the host
computer.
Equally important is the Telemetry Specification program. TelSpec will allow the user to
create and edit telemetry format specifications in an easy to use graphical environment.
The TelSpec program processes user input and produces database records containing all
necessary information to generate frame synchronization, time tagged minor frames, or
decommutated data from a raw input telemetry stream. The TelSpec program also
includes the ability to provide definitions of engineering unit conversion and derived
mnemonics.
AFRL/VSSS is creating a Testbed for evaluating satellite autonomy software &
techniques. One goal is to demonstrate the ability to integrate and install “lights-out”
ground station at AFRL in 90 days using PC’s and COTS software. This goal will
require, in part, a quickly programmable Telemetry Server. The PC-STS, with its
configuration interface, TelSpec, and its ability to quickly load software onto the
programmable QTP, will be an important component in the Testbed.
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ABSTRACT
This paper illustrates a device driver implementation used to support a PC compatible
telemetry device. Device requirements included operation on Windows NT 4.0, Windows
95, Windows NT 5.0 and Windows 98 platforms. A single device driver was not possible
due to the differences between driver requirements on the various operating systems. The
Windows Driver Model (WDM) was considered for NT 5.0 and Win98, however, NT 4.0
and Win95 does not support the WDM. To minimize software development and support
efforts, it was clear that an architecture compatible to both WDM, NT 4.0 and Windows
95 needed to be developed. The resulting layered device driver architecture provides a
common upper interface and uses a register based model to describe the hardware at the
lower interface. The common upper interface is compatible with all of the target operating
systems and presents a consistent Applications Programming Interface (API) for the
telemetry application developer. The lower interface is specific for each platform but
contains minimal device specific functionality. A simple register I/O driver is easily
implemented using all of the target operating systems. The layered architecture and register
based interface to the hardware results in a multiple operating system code set which
differs only at the lowest layer.
KEY WORDS
Device Drivers, Telemetry Application Software, WDM, Windows Operating Systems.
INTRODUCTION
Operating system specific components of a telemetry hardware and software application
make it difficult to produce a product which can be hosted on multiple platforms.
Specifically, developing an application which must operate under current and future
versions of the Microsoft Windows operating systems can become a difficult software
development and maintenance problem. Clearly, an application and device driver
architecture, which allows a single software code set to function correctly regardless of

the OS, is desired. Flexible interface standards between the various architecture
components must be defined to allow it to support different telemetry hardware
configurations.
A single application code set must exploit the common features of the subject OS’s.
Finding a common feature set usually means tradeoffs. Some of the newer, more preferred
features of one OS may not be exploited because the other OS’s do not have those
features. Every attempt should be made to use these preferred features keeping the
additional complexity to a minimum.
The telemetry application, which resulted in the subject device driver architecture, included
a 20 Mbps bit synchronizer, the PCI3335. The project requirements dictated that this PCI
based device must operate under the current and future versions of the Microsoft
Windows operating systems. Specifically, Windows NT 4.0, Windows 95 and the soon
to be released Windows NT 5.0 and Windows 98.
OPERATING SYSTEM SURVEY
All of the subject OS’s utilize the Win32 API. This API provides much of the
functionality required by a typical telemetry application. Included are user interface, file
system, process management, thread management and standard hardware functions.
Application specific telemetry hardware is the only functional area which must be
provided.
The subject OS’s require device drivers to manage optional hardware products. It is this
area which differs the most between the OS’s. Win95 uses the Virtual Device driver model
(VxD.) WinNT 4.0 uses the objected oriented NT driver model. Win98 and WinNT 5.0
will use the Windows Driver Model (WDM.) Win98 will be backward compatible with the
VxD. However, it is not clear if the NT driver model will change with the 5.0 release. The
following table identifies which OS supports two features which have the most impact on
telemetry device drivers.
OS
Driver Model
Win95
VxD
WinNT 4.0
NT
Win98
WDM/VxD
WinNT 5.0
WDM/NT?

Object Oriented
No
Yes
Yes/No
Yes/Yes

I/O Control
Yes
Yes
Yes/Yes
Yes/Yes

The Object Oriented driver feature represents the major difference between the various
driver model implementations. This feature moves the responsibility for managing multiple
instances of a device out of the vendor supplied driver into the I/O manager of the OS.

The end result is that each instance of a device is named and can be addressed from the
application using that unique name. OS’s using the VxD model do not have the capability
to name individual devices being managed by a vendor supplied driver. The VxD
implementation must manage multiple hardware instances internally.
The I/O Control feature is a device I/O capability provided by all of the OS versions. This
capability provides a general purpose means of communicating with the desired device
driver. The multiple hardware instance restriction identified above also affects the I/O
Control function. However its general purpose nature can be used to work around this
difference.
If backward compatibility with Win95 and WinNT 4.0 was not required, the obvious
driver architecture would be based on the WDM. A WDM based device driver can be
used on either Win98 or WinNT 5.0 supporting a single application code set. Since Win95
and WinNT 4.0 must be supported, the differences between the device driver models
make a single code set is impossible.
HARDWARE & OPERATING SYSTEM ABSTRACTION
If operating system specific components can be abstracted in such a way as to provide a
consistent interface path to the hardware, a significant portion of the application set can
remain unchanged for each OS version. The closer the abstraction layer is to the OS
differences, the larger the common code set will be. This same technique was used by
Microsoft to produce the NT OS. NT’s Hardware Abstraction Layer (HAL) is used to
portray a consistent hardware model to the upper layers of the OS. The entire OS is
portable between different computer hardware implementations and microprocessor
architectures. The only component which changes is the HAL. The upper interface
between the HAL and the OS is consistent. Therefore, the OS code set remains
unchanged. See Figure 1. This same technique can be used at the application level to
abstract OS differences and present a consistent interface to the telemetry hardware.
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Hardware Abstraction
Layer (HAL)
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Layer (HAL)
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Hardware
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Figure 1 Hardware Abstraction Technique

ABSTRACTION LAYER
The abstraction layer must interface a single telemetry application code set to a hardware
device via several, very different OS’s. If the abstraction layer is implemented at the
Win32 level, which is common between all the subject OS’s, a Win32 DLL can be used.
The DLL can be designed to provide the consistent API to the application at its upper
level and an I/O Control interface to the hardware at its lower level. Since a DLL can
determine the version of the OS that is currently running, it can modify its lower level
appropriately at run time. Therefore, the Object Oriented differences between the NT and
VxD models can be accommodated. See Figure 2.
By describing the hardware with a register based model, the I/O Control interface, at the
lower abstraction level, can be simplified. The Win32 DeviceIoControl function can be
used to implement register read and write capabilities and other general support functions.
This reduces the low level device driver to an interface between its register model and the
actual hardware implementation.
Device abstraction at the upper level can provide many benefits to the application. The
abstraction buffers the application from changes in telemetry hardware. An upgraded
hardware device can easily be installed into the telemetry application simply by replacing
the DLL, and possibly its associated lower level device driver, with a new version that
maintains the upper abstraction level. For devices of similar functionality, a hardware
device from a different vendor can be substituted and the application code set need not be
changed in any way.
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Figure 2 Abstraction Layer

The functions of the device architecture needed to be distributed between the abstraction
layer and the hardware device driver. Due to the restrictions placed on the programmer at
the device driver level, it was more prudent to locate all computation functions in the
abstraction layer. Typically, only the low level hardware I/O and time critical functions
appear within the device driver. The following table identifies the locations of the major
functions.
Function Implementation
Multiple device management
Hardware simulation
Format conversion and register computations
Status data conversion
Register and format caching
Hardware I/O
Interrupt service, data distribution
Automated status polling

Location
Abstraction Layer
Abstraction Layer
Abstraction Layer
Abstraction Layer
Abstraction Layer
Device Driver
Device Driver
Device Driver

UPPER INTERFACE
The upper interface of the device abstraction layer presents a consistent programming
model to the application. A standardized programming model was developed which would
accommodate a broad range of telemetry devices. Regardless of the hardware purpose,
the programming model contained the same function types with names which only differed
by the device class. Function arguments consisted mainly of data structures which would
change to support the desired hardware capabilities. This consistent programming model
proved to be advantageous when multiple programmers were involved in application
development.
The abstraction layer appears to the application developer as a library of C callable
functions. When each device class is developed, a programmers reference manual, import
library and include file are distributed along with the DLL. Figure 3 depicts the relationship
between the application and the device abstraction layer.

Telemetry Application
Standardized
Application
Programming
Interface

General Functions:
Open & Close Device
Get Version Information
Query Installed Devices

Control Functions:
Set & Get Format
Get Status

Data Functions:
Read & Write Data

Device Class Abstraction Layer
(Win32 DLL)

Figure 3 Abstraction Layer Upper Interface
LOWER INTERFACE
The lower interface of the device abstraction layer must accommodate the differences in
the supported operating systems. By simplifying the lower level interface to a standard
register based model, it becomes an easy task to develop device abstraction layers for
different hardware products. All of the hardware specific register computations and
formatting takes place in the abstraction layer. The lower interface simply provides a
means of mapping an abstract device register to the proper place within the hardware. The
hardware can be memory or I/O port based. The abstraction layer will always use the
same register based interface. It is the responsibility of the hardware device driver to map
the register based data to its proper destination.
The abstraction layer accommodates the different OS’s by detecting the host OS at load
time. This is a simple process which is facilitated by the Win32 DLL model. All of the
subject OS’s will dynamically load a desired DLL automatically the first time one of its
exported functions is called. The loading process calls a unique function within the DLL
and informs it of the load event details. At this time, the abstraction layer DLL can
determine the host OS and modify its internal data structures appropriately.
The register based abstraction of the hardware minimizes the differences between the
subject OS’s. Limiting all interchanges between the abstraction layer and the device driver
to the I/O Control interface reduces the OS specific functions to those identified in the
following table.

OS Specific Functions
Loading and unloading the driver

Device driver handles

Differences
The VxD driver model loads the driver once
even if there is more than one hardware device.
The NT driver model requires a load for each
instance of the same hardware.
VxD based I/O Control function calls must use
the same driver handle for each instance of the
same hardware.
NT based I/O Control function calls must use
the unique handle assigned to each instance of
the hardware.

Due to the different implementations of device driver handles between the OS’s, a
technique was needed to abstract out this difference. All upper abstraction layer functions
contain a physical unit number and all lower abstraction layer functions contain a logical
unit number. The abstraction layer is responsible for maintaining the mapping between
physical and logical units. Physical unit numbers are tied to a specific instance of the
hardware. Logical unit numbers are assigned randomly by the OS to each instance of
hardware. This logical assignment is implemented differently by the VxD and NT driver
models and therefore, must be managed differently depending on the host OS.
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Figure 4 Abstraction Layer Lower Interface

DEVICE DRIVER
The device driver is the only component of the architecture that is completely OS
dependent. Device driver development is very difficult and it was imperative to minimize
the amount of application specific functionality contained at this level. By treating each
telemetry device as an abstract, register based component, a simple interface can be used
to accommodate multiple telemetry device types. The device drivers responsibilities
include mapping register requests to or from their desired destination or source, managing
data transfers and implementing the required OS specific functionality. Figure 5 presents
additional details on the device driver to OS relationship.
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Number
Required
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Figure 5 Device Driver to OS Relationship
ABSTRACTION LAYER SUMMARY
An abstraction layer, implemented at an unrestricted level of the host OS, opens up many
possibilities for product enhancement. Several functions were added to the abstraction
layer of the PCI3335 to improve performance and to speed application development. This
abstraction layer contains additional code to cache register contents at the lower interface
level and format data structures at the upper interface level. Register caching prevents the
abstraction layer from issuing I/O Control calls for register data which did not change.
Format caching relieves the application from maintaining format data structures. These
two abstraction layer features result in a performance gain.

Building hardware simulation capabilities into the abstraction layer generates solutions to
several problems. During application development, actual hardware may not be readily
available. By switching the abstraction layer into a simulation mode, application
development can continue until final system level testing. Having simulation capability built
into abstraction layers for each telemetry hardware device also provides a quick solution
to developing a demonstration version of the telemetry application.
Figure 6 provides an example of a set format function as it travels from the application
through the abstraction layer and on to the hardware device. A single application level call
to PCI3335SetFormat () will cause the abstraction layer to cache the format data, compute
a register set based on the new format information, determine which registers need to be
updated, cache new register data and write the new register data via the device drivers I/O
Control interface.
The abstraction layer allows the same application binary to function regardless of the host
OS. The application and abstraction layer DLL’s can be copied between different host
computers and executed. The only differing component is the low level hardware device
driver. For simulation capabilities, only the abstraction layer DLL is required. By switching
the DLL in to simulation mode immediately after loading, no I/O Control calls are made to
the device driver via the OS.
Telemetry Application
PCI3335SetFormat (physicalUnit, formatDataStructure)

Abstraction Layer
PCI3335SetFormat

Format Cache

PCI3335BuildRegisters

Register Cache

PCI3335WriteRegisters
DeviceIoControl (handle,
PCI3335_IOCTL_WRITE_REG, …);

Host Computer Operating System
and PCI3335 Device

Figure 6 Abstraction Layer Example

CONCLUSION
The device driver architecture presented in this paper demonstrates techniques that
simplify the development of telemetry applications which interface to custom hardware.
The development of a high level abstraction of the telemetry hardware devices provides
solutions to many different problems which face the application developer. Hardware
simulation, demonstration and training versions of the product and efficient hardware
upgrade or replacement paths are just a few of the problem areas which affect the
software application. A carefully crafted, hardware device abstraction layer and a simple,
operating system specific, device driver is all that is needed to improve application
development time, performance and capabilities.
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ABSTRACT
Acquiring shock and vibration data from flight vehicles through rf telemetry links has
numerous associated challenges. Yet, these measurements are important to establish
environmental specifications to provide a basis for system or component design and
testing. The principal limitation in acquiring these measurements is the frequency
bandwidth available for data transmission. This limited bandwidth is often responsible for
invalid data being accepted as valid. This work provides a brief review of time and
frequency division multiplexing to identify the potential error contributors to shock and
vibration measurements. Its focus is on the design of acceleration measurement systems
to eliminate these errors and optimize individual measurement channel performance.
KEY WORDS
Accelerometer, Shock and Vibration, Space Telemetry, Structural Dynamics
INTRODUCTION
A key starting point when designing a mechanical, electrical, or electro-mechanical
system whose reliability must be assured is a set of specifications describing the
environments the system will encounter in service. These specifications are initially
based on a best estimate of the environments. This estimate usually originates from
previous measurements on similar systems in similar environments. Environmental
simulation testing is performed on prototype hardware during the design cycle.
Ultimately, it is desired to acquire environmental measurements while the system is in its
actual use conditions. These measurements enable validation or improvement of the
specifications. Once validated or improved, these specifications provide a basis for
environmental simulation testing of subsequent manufactured systems on either a
continuous or sampling basis.
When the use conditions involve the vacuum of space, unique challenges are associated
with the acquisition of the required environmental measurements. Measurement system

components have to perform over a broad range of temperatures. Thermal energy can
only be dissipated from these components by conduction. For satellites, long term
exposure to charged particles and electromagnetic radiation can also be a problem.
Launching satellites into low earth orbits costs approximately $10,000 per pound [1].
Sub-orbital flights of sounding rockets (Figure 1) involve vehicles whose weight/payload
ratio may be 20:1 to 50:1. Thus, for cost effectiveness the size and mass of the
measurement system must be minimized. The electrical power requirements of the
measurement system must also be minimized. An additional challenge associated with
the acquisition of environmental measurements via space telemetry is limitations in
available frequency bandwidth.
Mechanical shock and vibration specifications are included in any list of environmental
design requirements. Accelerometers and their associated signal conditioning are used to
measure component and system structural inputs and responses. For ground based testing,
these measurements are transmitted via hard wire cables for recording and analysis. In the
majority of situations the cable possesses more frequency capability than the
accelerometer. However, in space-based testing the number and frequency bandwidth of
available measurement channels is limited by the capability of the transmission system.
Additional measurement channels require added accelerometers, signal conditioners,
multiplexers, radio frequency transmission links, and battery power. This is in direct
conflict with the stated goals of minimizing measurement system size, mass, and
electrical power. Thus, acquiring shock and vibration data via space telemetry can be
quite a challenge. After first reviewing the fundamentals of space telemetry, acceleration
measurement systems will be described which can enhance this process.
BODY
One challenge associated with space telemetry involves combining numerous
measurement channels into a single output stream that can be transmitted over a radio
frequency link to a ground receiving station. Multiplexing of the channels enables this
combining to occur. This multiplexing can occur either as time-division multiplexing
(TDM) or frequency-division multiplexing (FDM). Two forms of TDM are pulse code
modulation (PCM) and pulse amplitude modulation (PAM). PAM is the simplest form
because the measurement signal on each channel can be sequentially sampled
(commutated) for transmission in the form of varying amplitude pulses. To enable
recovery of the sampled signal, a decommutator must be precisely synchronized to the
commutator. In PCM, each PAM pulse is encoded into a binary number whose value is
proportional to the amplitude. The binary number is transmitted as ones or zeros for
decommutation. The radio transmitter can be frequency modulated (FM) directly in PAM
by the commutated pulses (PAM/FM). For PCM the sampled and encoded signal can also
directly modulate the radio frequency transmitter (PCM/FM). For both PCM and PAM,

before this modulation takes place, low-pass premodulation filtering occurs. The
Telemetry Group of the Range Commanders Council, representing the national test
ranges of the Department of Defense, issue telemetry standards which provide the design
basis for telemetry components and systems. Their most current standard is Inter-Range
Instrumentation Group (IRIG) Standard 106-96 [2].
In FDM each measurement channel modulates a separate subcarrier oscillator (SCO).
SCOs are alternately referred to as voltage controlled oscillators (VCOs). The SCO
carrier or center frequency is frequency modulated by the input acceleration signal. The
signal level might be adjusted to vary from 0-5 volts with 2.5 volts representing zero
acceleration. Zero acceleration would correspond to the undeviated SCO carrier
frequency so that 0 volts would correspond to the maximum negative SCO frequency
deviation (negative acceleration) and 5 volts to the maximum positive SCO frequency
deviation (positive acceleration). SCO outputs are mixed to form a composite signal
which modulates the transmitter. The transmitted signal is received at a ground recording
station where the carrier is stripped and the composite signal is processed through a group
of discriminators, each tuned to demodulate a given channel. FDM is used less frequently
than TDM in space based testing. However, because of the high data rates required when
sampling multiple channels of shock and vibration data, FDM is the technique typically
used for these applications. For fewer channels, FDM will effect significant cost savings.
Figure 2 illustrates a 3-channel FDM system.
Constant bandwidth (CBW) SCO channels are used where similar bandwidth signals are
present (e.g., vibration). An SCO, when modulated by a data signal, elicits a complex
response containing the oscillator center frequency and an infinite number of sidebands.
Sidebands with amplitude equal to 15% that of the unmodulated carrier are considered
significant. The modulation index (MI) of a carrier is the ratio of f/fs where f is the
maximum deviation of the carrier above or below the center frequency and fs is the
frequency of the data. A signal with a MI of 5 would contain five significant sidebands
above the data frequency.
An experimental flight of a small missile or sounding rocket might have two or three
radio frequency transmitters onboard. These transmitters could transmit information
regarding system or experiment state-of-health, rocket motor(s) pressure, stage
separation, fireset performance, temperatures, ground command signal reception, attitude
control system performance, angular rates, nose cone jettisoning, shock and vibration,
and more. Figure 3 is a photograph of a typical radio frequency telemetry system being
interfaced to the third stage motor of a rocket system such as is shown in Figure 1. Due to
the many competing measurement requirements, it is unlikely that a single S-band
transmitter would be exclusively dedicated to shock and vibration measurements. If this
were to occur, the following example [3] provides some indication of the bandwidth
available for shock and vibration measurements.

A given CBW 4KHz channel would require +/- 8 KHz deviation if its MI were 2. This
MI would result in vibration data with about 5% accuracy. Each channel would require
16KHz data signal bandwidth. The inclusion of an associated guard band would require
32 KHz total bandwidth/channel. Eight channels would require 32 KHz times eight or
256 KHz bandwidth. Spacing below the bottom channel would require another 32 KHz
frequency increment for a total system bandwidth requirement of 288 KHz. This 288
KHz would modulate the transmitter. Frequency allocation would have to be acquired
from the appropriate federal authorities to transmit this signal through space. If approved,
eight channels of 4 KHz shock or vibration data would result from a dedicated
transmitter. Yet, many accelerometer models are capable of measuring time-varying
acceleration signals with integrity to data frequencies above 10 KHz! A challenge exists
in acquiring multiple channels of high frequency shock or vibration measurements via
space telemetry.
The preceding discussion has provided the background to now enable the consideration
of how to optimize shock and vibration measurements via space telemetry. As noted, the
measurement system should have minimal mass and size and require a minimum of
electrical power. In addition, the shock and vibration measurement system should only
present frequencies to the multiplexer within the bandwidth capabilities of the
multiplexer. The systems of today are approaching these goals. The rationale for the
mass, size, and power requirements was presented previously. The rationale for
restricting the frequency response of the measurement system is discussed below.
Whether TDM or FDM is used, acceleration measuring systems must be low-pass filtered
before they are multiplexed. If TDM is used, filtering of the acceleration signal must
occur before the commutator. This filtering prevents aliasing of data at the Nyquist
frequency [1/(2 x sample rate)]. If filtering does not occur, frequencies above the Nyquist
frequency are “mirrored” or “folded” around it and erroneously appear at data
frequencies below it. This results in distortion of the transmitted and recorded shock or
vibration signal. If FDM is used, filtering is necessary for a different reason. All
accelerometers have multiple resonant frequencies with associated gain. One or more of
these resonant frequencies can easily become excited by high frequency structural inputs.
When this occurs, the resonant response of the accelerometer is superimposed on the
signal describing the structural response of the flight system or component. These
superposed signals can over deviate and distort the SCO input. Worse yet, the fact that
signal distortion has occurred can remain undetected since the accelerometer resonances
are obscured by the limited bandwidth of the measurement channel. Before considering
how to implement the required low-pass filtering, we must first understand some details
of the accelerometer/signal conditioning circuit.
The left portion of Fig. 4 represents the electrical characteristics of a piezoelectric
accelerometer. This type accelerometer is typically used to measure shock and vibration

in space based testing. Note that it is equivalent to a voltage generator with a series
capacitor. It requires no external power. This is in contrast to an impedance type
transducer that might require 20 milliamps of current independent of that required for
signal amplification. Historically, piezoelectric accelerometers have also been able to be
miniaturized to a greater extent than impedance type transducers.
In the early years of space telemetry, accelerometer signals were conditioned by vacuum
tube circuitry. When viewing the data, uncertainty often existed as to whether the signal
was attributable to the vibration response of the accelerometers or to the vacuum tube
filaments! Solid state airborne charge amplifiers evolved in the middle 1960s and
replaced the vacuum tube circuitry. Depending on their design options, each amplifier
was 3-4 cubic inches in volume and weighed 3-5 ounces. By the early 1970s,
subassembly modules fabricated with thick and thin film technology enabled further
miniaturization of these amplifiers. They subsequently occupied about 1 cubic inch and
weighed approximately 1 ounce. Contingent on the cable length between the
accelerometer and the amplifier, an accelerometer/cable/amplifier system might weigh
1½ - 2 ounces. Figure 5 illustrates one such system. This particular system provided a
low impedance 0-5 volt output signal which could be center-biased to 2.5 volts. The
amplifier operated from a 20-32 VDC unregulated supply while drawing about 25
milliamps of current. Its thermal operating range was from -67 to +212oF and its shock
survival capability was 100g. Low noise accelerometer signal cable was required. Cable
tie down further precluded motion induced cable noise from entering the amplifier. These
systems were used on the Atlas, Ariane, and Delta II rocket systems. Figure 4 illustrates
the electrical characteristics of one such system and its contained filtering. Note that this
filtering occurs between the charge converter and the second stage gain of the charge
amplifier.
The technology of today enables signal conditioning to be integrated into the
accelerometer housing. This minimizes size, weight, and power requirements. It also
eliminates any charge generated noise due to motion of the accelerometer cable.
Reliability is increased since cable/connector interfaces between the accelerometer and
amplifier are eliminated. More important, much more effective filtering of the signal
from the accelerometer is occurring. This effective filtering is the key to success when
transmitting shock and vibration data via telemetry.
It was explained why multiplexed acceleration measuring systems should contain lowpass filtering. The optimum location for placement of the filter is considered next. This
location is immediately at the output of the piezoelectric accelerometer. This location is
optimal for several reasons.

1. Meaningful channel calibration limits are established.

Due to experience with previous flight systems, or finite element analysis, the
structural dynamicist can establish meaningful measurement channel calibration limits
for the mechanical response of the flight system. However, neither experience nor
analysis enables reliable limits to be established when the structural resonant
characteristics of an accelerometer become excited. This excitation occurs at
frequencies above the predictive response of the flight system (10s of KHz). If high
frequency inputs (e.g. pyrotechnic shock) excite these resonances, they superpose on
the low frequency mechanical response signals. This superposition can overdrive
measurement system components causing signal amplitude and frequency distortion.
2. Signal distortion can be identified.

Filtering at the accelerometer output can immediately constrain signal frequency
content to the bandwidth of the multiplexed system. The remaining signal represents
the flight system or component’s structural response. If this signal exceeds the
amplitude limits of the channel, evidence of it will be contained in the recorded signal.
If filtering were to occur in subsequent signal conditioning components, it could
obscure the fact that channel amplitude limits were exceeded.
3. The signal/noise ratio of each multiplexed channel is optimized.

If the signal bandwidth is constrained at the output of the accelerometer, a lower
amplitude signal results. High gain can be applied in the first stage amplifier as
opposed to a later amplifier stage. In any measurement system with cascaded gain, a
high first stage gain will optimize the measurement system signal/noise ratio. Gain at
subsequent locations will amplify both signal and noise from the previous stages.
Returning to Figure 4, we can now see a pitfall with this system; the filter location is not
optimized. However, the option of simply inserting a commercial analog filter at the
output of the piezoelectric accelerometer doesn’t exist. Piezoelectric accelerometers have
output impedances on the order of 1010 ohms. How to implement this low-pass filtering
must next be considered. This implementation must also consider the size, weight, and
power constraints recognized earlier.
Figure 6 is a photograph of a small (< 1 ounce) piezoelectric accelerometer with integral
electronics. Figure 7 describes its contained electrical circuit. This acceleration measuring
system is optimized with several essential features. It operates from 15 to 32 VDC, is
biased at 2.5 volts, has an electrically isolated signal ground, has a 360o mounting
orientation, is hermetically sealed, has a volume of approximately 0.3 cubic inches, and
nominally draws 15 milliamps of current. Thus the goals of size, weight, and power

minimization are much better achieved than with the previously described shock and
vibration measurement systems. It also operates over the same -67 to +212oF temperature
range as these systems. Cable induced noise between the piezoelectric element and the
amplifier is no longer a concern. More important, filtering occurs immediately at the
output of the accelerometer where it has been identified to be the most effective. This
filtering is accomplished by a junction field effect transistor (JFET) first stage that
enables two filter poles. The high JFET input impedance, when coupled with the
capacitance of the piezoelectric element, also ensures an adequate circuit low frequency
time constant. A second two pole filter, built around an ensuing active circuit element,
provides an overall four pole low-pass filter response. Passive feedback components
within the circuitry control both gain and filter bandwidth. Figure 8 illustrates various
filter roll off options. Thus this acceleration measuring system offers significant
performance enhancements. An early product application of this accelerometer system is
the Sea Launch Program, an international venture lead by Boeing to launch large
payloads from a semi-submersible platform at sea.
CONCLUSION
Many challenges are associated with acquiring meaningful shock and vibration data via
space telemetry. The limitation in available frequency response creates the principal
challenge. Size, weight, power, and thermal requirements provide additional constraints.
Acquiring successful measurements depends on an understanding of (1) the dynamic
response of the flight vehicle system, (2) the airborne telemetry system, and (3) the
acceleration measuring system. In addition, compatible interfaces between these systems
must be established. Advances in measurement technology (Figures 6, 7, and 8) are
enabling better structural dynamics data to be acquired through rf telemetry links.
REFERENCES
1. Sweetman, Bill, “Rocket Planes,” Popular Science, February, 1998, pp. 40-45.
2. Secretariat, Range Commander’s Council, White Sands Missile Range, NM.
3. Price, Ed, Aydin Vector Division, Newtown, PA, verbal communications, March
1998.
rd
4. Strock, O. J., Rueger, S. M., Telemetry System Architecture, 3 ed., Instrument
Society of America, Research Triangle Park, NC, 1995.

Figure 1: Sub-orbital Sounding Rocket Experiment

Figure 2: Three-Channel FM System

Figure 3: “State of Health” Telemetry for Sounding
Rocket (Sandia National Labs)

Figure 4: Charge Amplifier With Optional Filter

Figure 5: Accelerometer/Cable/Charge Amplifier System
1970s Technology (courtesy Endevco_

Figure 6: Endevco Model 7257 Telemetry Accelerometer

Figure 7: Endevco 7257 Circuit

Figure 8: Typical Endevco 7257 Low Pass Filter Options for Multiplexing
Compatibility
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ABSTRACT
An Improved AMI (Alternate Mark Inverse) Code used in telemetry system is
proposed, its implementation and properties analysis are reported, including error
performance analysis, power spectrum analysis, the relationship between
acqusition probability of the first frame marker and error threshold and length of
frame marker, etc. This type of code has the approximately identical power
spectrum performance as the AMI Code. In addition, there have no long
continuous zeroes in the data stream, which will cause phase-locked loop to fail.
Using the Improved AMI Code, the equal probability of 0 and 1 is changed, which
will increase acqusition probability of the first frame marker. Detailed description
about how to create the Improved AMI Code is also discussed in this paper.
KEYWORDS
Improved AMI Code, acqusition probability of the first frame marker, false alarm,
misdetection
INTRODUCTION
Many types of code can be chosen in telemetry system such as Manchester Code,
NRZ (Non Returned Zero) Code, AMI Code, HDBn (n Ordered High Density
Bipolar) Code, etc. However, the frequency bandwidth of Manchester Code is
wider so it is not suitable to narrow bandwidth channel. NRZ Code can not be
synchronized when many continuous 0 or 1 appeared. The system will not be
synchronized easily when multiple continuous 0 appears in datastream using AMI
Code. HDBn Code avoids more than n+1 continuous 0 through replacing them
with specified code word so synchronization can be remained well, but its
encoding rule is relatively complex.

An Improved AMI Code is proposed in this paper, which is inserted a number of
redundancy bits in the digital information and has simple encoding rules. Firstly,
many continuous 0 does not appear so the synchronization is steady and reliable.
Secondly, the ability of self-detecting is improved than AMI Code, and the
acqusition probability of the first frame marker will be increased. So the quality
of the whole system is improved. In addition, the error bit performance, power
spectral density and the relation between the acqusition probability of the first
frame marker and the length of frame marker and error threshold are discussed
briefly.
IMPLEMENTATION OF IMPROVED AMI CODE
In AMI code, 0 level is used for information bit 0 and positive/negative level is
alternately used for bit 1. If the level polar in the receiver is not alternate, then
error bit occurs in the system. Generally, the system can be synchronized easily
through digital PLL, but occurence of many continuous binary 0 in data stream
will cause the system to be synchronized very difficultly and lose some data.
Hence, confronting the probability of being a one or a zero of each bit through
encoding way, together with choosing properly the frame marker and its length
will increase the acqusition probability [1].
The way to change the property of AMI Code is block encoding in which blocks
of 4 information bits are encoded into corresponding blocks of 5 bits. Each block
of 5 bits from the encoder constitutes a code word contained in a set of 16
possible code words. The encoding rules are as follows: 1) no more than 3
continuous zeroes in the words 2) less than 3 continuous zeroes in the compound
words. So, only 2 continuous zeroes appear in the data stream. Let b0 ,b1 ,b2 , b3 , b4 is
the 5-bit code ( b0 ,b1 ,b2 , b3 , b4 is one or zero indivudually), then the rules are
expressed in equation (1)(2)(3).
b1 + b2 + b 3 ≠ 0
(1)
b 0 + b1 ≠ 0
(2)
b 3 + b4 ≠ 0
(3)
The results b0 ,b1 ,b2 , b3 , b4 of the equation above are as follows:
09H 0AH 0BH 0DH 0EH 0FH 12H 13H 15H
16H 17H 19H 1AH 1BH 1DH 1EH 1FH
(XXH is heximal)
Among these code words, the word of 09H is chosen as unit of frame marker. That
is, the frame marker is made up of multiple words of 09H. The rest 16 words are
the encoded words for the 4bits code from 0000 to 1111. After that, using 0 level
for binary 0 and choosing alternately positive or negative level for binary 1 will
generate Improved AMI Code. This kind of code has better self-detection ability

than AMI Code because of the redundancy introduced by encoding the data in this
manner. If the level polar is not alternate in the receiver or the decoding word is
out of the code group listed above, error bit appears.
PROPERTIES ANALYSIS OF ENCODING EFFICIENCY
In the code shown above, 5bits data is used for representing 4bits original
information. Suppose all bits are to be randomly generated in the original data,
such that each bit has a 50% probability of being a one or a zero. Then the
average information is Ib = 1bit . But the numbers of one and zero is individully 27
and 53 in 5-bit code, so the probability of being a one is about 2/3(≈53/80) and
being a zero is 1/3(≈27/80). So its average information is I c = 1 3 log 3 + 2 3 log(3 2) = 0.918bit .
Define encoding efficiency as the ratio between the original binary information
capacity and encoded one, that is η = C b / C c . Let Rb be the code rate of original
signal, Rc be that of the encoded signal. Because of mapping each 4 information
bits into a unique 5-bit sequence, Rc is as 5/4 times fast as Rb . Or Rc = 5 4 Rb . And
C b = Rb ⋅ I b , C c = Rc ⋅ I c . Hence η = C C = R ⋅ I R ⋅ I = R ((5 4 ) ⋅ Rb ⋅ 0 .918) = 0.7364 = 73.64%
b c
b b c c
b
ANALYSIS OF POWER SPECTRAL DENSITY
Since the probability of being a one for each bit in the Improved AMI Code is
about 2/3, the power spectral density can be expressed as follows
2
2
Ws ( f ) = 1 T ⋅ G( f ) ⋅ sin ( πfTs ) ⋅ 1 3 ⋅ 2 3 ⋅ 1 ( 1 / 9 + 2 / 3 cos(2 πfT ) + 1)
s
s
2
2
= 1 T ⋅ G( f ) ⋅ sin (πfTs ) ⋅ 1 ( 5 + 3 cos(2 πfT ))
s
s

(4)

Where G( f ) is the frequency characteristics of information bit pulse, Ts is the
width of information bit. The power spectral density of Improved AMI Code with
rectangular pulse is shown in Figure 1. Compared with the Manchester code, its
frequency bandwidth decreased nearly a half. But it has the analogous power spectrum
characteristics with AMI Code except that its magnitude is a little larger.

Improved AMI Code

AMI Code

1/-1

Manchester Code

0/0

S1

S-1

0/0

1/+1

Fig. 1 Power spectrum of Improved AMI Code Fig.2 State digram of Improved
AMI Code
(Note: G( f ) 2 = Ts 2 ⋅ ( sin(πfTs ) πfTs ) 2 )
ANALYSIS OF ERROR PERFORMANCE
The state digram of this encoding way mentioned above is shown in Figure 2,
where S 1 is positive state, S -1 negative one. The sate will remain unchanged
when the information bit is zero and the output of encoder is 0 level, but it will
change into another state if the bit is one and the output is changed into the
opposite level. In other words, state S1 is changed into S -1 and the output is
negative level, S -1 into S 1 and the output is changed positive one.
Suppose the magnitude returned to one is +1(positive level), -1(negative level),
0(0 level). In the condition of no any noise, if received 0, the system output is
information bit zero; when received +1 or –1, the output of the decoder is bit
one. Generally, the received information is added noise. And so the decoding
rules are as follows:
If -1/2<y<1/2 then the output of decoder is 0
If y<-1/2 or y>1/2 then output 1
Where y is the sample before entering into the decoder. Given that the noise is
Gaussian, its power σ2 . P0e is the error bit probability when the information bit is
zero; and P1e is error bit probability when one appears. Hence the all over error
bit probability of system is described in equation (5).
Pe = 1 3 ⋅ P0 e + 2 3 ⋅ P1e = 1 3 ⋅ 2

= 4 3⋅1

2πσ 2 ⋅ ∫1∞/ 2 e

− y2

2σ 2

− y 2 2σ 2
2 πσ 2 ⋅ ∫1∞/2 e
⋅ dy + 2 3 ⋅ 1

2 πσ 2 ⋅ ∫1∞/ 2 e

− y 2 2σ 2

⋅ dy

(5)

⋅ dy

Figure 3 shows the error performance with the value of ratio between signal and
noise(r=S/N).

As shown in Fig.3 the S/N of Improved AMI Code is a little larger than AMI
Code in the case of equal error bit performance. It is because of the larger
probability of being a one in the Improved AMI Code.
ACQUSITION PROBABILITY OF THE FIRST FRAME MARKER
To ensure telemetry system work well, a precise synchronization is required. One
way is that the unique word or frame marker is periodically embedded in the data,
which constructes the datastream into some certain frame structure. The frame
marker is acqusited and locked using the frame synchroniser. With a
corresponding protecting means, the steady, reliable synchronization is obtained.
Given the length of entire frame M, containing length n of frame marker. In
practice, the acqusition probability of the first frame marker is often considered as
an assessing criteria of system performance. Under the influnce of noise, there are
two possible forms of error in frame synchronization: false alarms and
misdetection. A ‘false alarm’ occurs when the frame synchroniser accepts a
random data sequence as the recognisable unique word. ‘Misdetection’ occurs
when the frame synchroniser fails to recognize a corrupted true unique word.

Fig.3 Error performance of Improved AMI Code
False alarms may occur while the random data is corrupted into unique word.
Suppose the numbers of one and zero are individually x and y (x+y=n), the
probability of being a one or a zero for each bit is p1 or p0 (p 1+p0 =1). Since the
frame marker is composed of several words of 09H, so x=2n/5, y=3n/5. According
to [2], the probability of a false alarm at any time in the random data bits slot is
given by
E i
x
n − x M − 2 n +1
p f = 1 − (1 − ∑ C n ( p 1 ) ⋅ (1 − p1 )
)
(6)
i=0

Where E - the error threshold, C n i - the number of possible combination of i errors
in an n-bit word, that is C ni = n ! (i !⋅ (n − i ) !) .
If P e is the error bit probability, which is a function of the signal/noise ratio, then
the probability of misdetction is given by
E i
n −i i
Pn = 1 − ∑ C n (1 − Pe )
Pe
(7)
i =0
In the protecting system, only when misdetection occurs β times is the system
known as trully misdetection. This will cause as few data losses as possible.
Hence the probability of misdetection is as follows
E i
n −i i β
Pn β = [ 1 − ∑ Cn ( 1 − Pe )
Pe ]
(8)
i =0
And then, the acqusition probability of the first frame marker is given by
P = (1 − P ) (1 − P )
1
f
nβ
E
E
i M − 2 n +1
i
n −i i β
= [1 − ( p ⋅ p ) ⋅ ∑ C ]
⋅ {1 − [1 − ∑ C ( 1 − P )
P ] }
n
n
e
e
1
0
i =0
i =0
x

(9)

y

Where (1− Pf ) is the probability of no false alarms during the searching of frame
marker; (1 − Pnβ ) is that of no misdetection.
From equation (9), it may be deduced that, P 1 is the function of frame length M,
frame marker length n, error threshold E and error bit probability P e , the
probability of being one for each bit p1 , etc. Fig.4 (1) depicts the ralation between
P 1 and the factors mentioned above. At the same time, Fig.4 (2) shows that P 1 of
the Improved AMI Code is larger than that of AMI Code when n is smaller than
20.
M=1000 Pe=0.01 β =3

E=0

Fig.4 (1) P 1 of the Improved AMI Code
Note: from left to right E=0,1,2,3,4.

(2) Comparison of performance between the
Improved AMI Code and AMI Code (dash line)

CONCLUSION
From the analysis above, the Improved AMI Code not only has the analogous power
spectrum as the AMI Code, which is suitable for the narrow bandwidth channel, but also
no many continuous zeroes, which ensure the system synchronization steady and reliable.
In addition, it can increase the acqusition probability of the first frame marker, so that
the performance of the whole system is improved.
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ABSTRACT
This paper analyzes the pseudo-random characteristic of m-sequence and proposes a
spread spectrum communication scheme in which the phase-shifting sequences of msequence can be used as the spread spectrum code under given condition. Therefore, the
available spread spectrum code set is expanded. It is theoretically proved that there are
some advantages in using phase-shifting sequences instead of the conventional msequences or GOLD-sequences in spread spectrum communication system.
KEY WORDS
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INTRODUCTION
How to improve the efficiency and reliability is always the basic task in communication
field. The anti-interference performance of spread spectrum communication system is
incomparable by any other communication system. But if a spread spectrum system uses a
very wide bandwidth to transmit only a single data stream of narrow bandwidth, the
efficiency of bandwidth is very low, and this is undesirable. The effective way to improve
the performance is to increase the number of users communicating with each other
simultaneously by multiple access technique or capability of transmitting more series of
information data at a time in point-to-point communication system. Such as parallel
transmitting R spread spectrum sequences which are selected from M ones (M>R). [1]
Direct sequence spread spectrum multiple access (DS/SSMA) is mostly employed in the
SSMA system. With good auto-correlation and cross-correlation properties, m-sequence is
usually used as spread spectrum sequence; however, the quantity of m-sequence of certain
period length is limited. Generally, the longer the period length of m-sequence is used, the
more the suitable sequences are available, and the more complicated the system is, the
wider bandwidth of the spread spectrum system occupies.

Traditionally, the method to solve the problem is to select the optimum pair of
m-sequences to generate GOLD-sequence, which has comparatively larger amount and
has the same length as m-sequence, and has rather good cross-correlation property. But the
auto-correlation property of GOLD-sequence is not as perfect as that of m-sequence.
There are two modes of spread spectrum multiple access communication[2], one is spread
spectrum random access (SSRA), in which every user (address) randomly transmits data
signal; the other is spread spectrum synchronous access (SSSA), in which every user
(address) transmits data signal synchronously on time. In point-to-point and point-tomultipoint system with SSMA, the transmitter sends several spread spectrum signals at the
same time, so the SSSA mode can be implemented easily. This paper proposes that, in
SSSA system, the phase-shifting sequences with different initial phase states of an msequence can be used as the spread spectrum code, therefore the quantity of m-sequence
that can be used in SSMA system is considerably increased. By theoretical analysis and
calculation, it is proved that the communication property of this scheme is better than that
of any other scheme in which different m-sequences or GOLD-sequences are used as
spread spectrum codes.
CHARACTERISTICS OF m-SEQUENCE AND ITS PHASE-SHIFTING
SEQUENCE
The m-sequence is the maximal sequence that can be generated by the linear shift register
of a certain length. So it is of the most efficiency. Its important advantage is that it has
some kind of random characteristic. One of its pseudo-random characteristics is that its
auto-correlation function is similar to that of White Gaussian Noise. This means that the
m-sequence has a 2-valued auto-correlation coefficient, given by[3]

 1
1 N
ρ(τ ) = ∑ a n a n −τ =
1
N n =1
−
 N

τ =0
τ ≠0
(1)

where τ is the delay of position or phase, N is the period length of m-sequence. The figure
1 presents the curve of auto-correlation coefficient of m-sequence.
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Figure 1 Auto-correlation Curve of m-Sequence

τ t0

For the same theory, m-sequence has a special characteristic: the addition (of m-sequence)
property that the modulo-2 sum of m-sequence {a n } and one phase-shifting sequence
{a n−τ }(τ ≠ 0) of itself shiftily equals to another phase-shifting sequence {a n−τ′ }(τ ′ ≠ τ ) of
itself, in other words, the new sequence is a phase-shifting form of the original msequence {a n } . Therefore we can write
{a n −τ ′ } = {a n } ⊕ {a n −τ }

(2)

For the characteristics described above, it can be concluded that when the different phaseshifting sequences derived from m-sequence are synchronized on time (i.e. they don’t
relatively shift any more), then the cross-correlation value of these phase-shifting
sequences is the same as the auto-correlation value of the original m-sequence, the value
is 1/N.
Consequently, under no relative phase shifting, one m-sequence produces N-1 new
sequences. These new sequences have the reasonably good property of correlation. The
cross-correlation value is 1/N.
Thus, under the given condition, employing shift sequence can expand the spread
spectrum code set. As a comparison, table 1 gives numerical evaluation of the amounts
and cross-correlation values for m-sequences of different length, and the derived GOLDsequences and phase-shifting sequences. Table 1 shows that phase-shifting sequence in
spread spectrum communication has some advantage with respect to certain
circumstances.
Table 1 Property Comparison of m-sequence, GOLD Sequence and Shift Sequence
Sequence
Length

r
3
4
5
6
7
8
9
10
11
12

Peak Value of
Ratio of Side Section
Cross-Correlation
to Main Section
m GOLD Shift
m GOLD Shift
m GOLD Shift
N = 2 r − 1 Sequen Sequen Sequen Sequen Sequen Sequen Sequen Sequen Sequenc
7
15
31
63
127
255
511
1023
2047
4095

Sequence Amount

2
2
6
6
18
16
48
60
176
144

9
17
33
65
129
257
513
1025
2049
4097

7
15
31
63
127
255
511
1023
2047
4096

5
9
11
23
41
95
113
383
287
1407

5
9
9
17
17
33
33
65
65
129

1
1
1
1
1
1
1
1
1
1

0.71
0.60
0.35
0.36
0.32
0.37
0.22
0.37
0.14
0.34

0.71
0.60
0.29
0.27
0.13
0.13
0.06
0.06
0.03
0.03

0.143
0.067
0.032
0.016
0.008
0.004
0.002
0.001
0.0005
0.0002

PHASE-SHIFTING SEQUENCE SPREAD SPECTRUM COMMUNICATION
SCHEME
In SSSA system, each spread spectrum code is transmitted synchronously on time, so the
phase relation among spread spectrum codes (address codes) keeps certain, and msequence and its phase-shifting sequence can be used as spread spectrum code. Such as a
point-to-point or point-to-multipoint communication system. In send end, the several msequences with different initial phases which are produced by one shift register, can be
used as spread spectrum code to modulate the several streams of information data. In
receive end, under code word synchronization (include acquisition and tracking), the
received signal modulated and mixed by several sequences can be de-spread by a
sequence with a certain phase. Such a new scheme can increase the accessible address
number, or transmit a number of parallel combined spread spectrum codes and improve
the spread spectrum communication efficiency considerably. The very technical difficulty
in spread spectrum system with phase-shifting sequence is the code word synchronization
in receiver. The concrete method to solve the problem is presented in [4].
The scheme in which the m-sequence and its phase-shifting forms are used as the spread
spectrum code is called phase-shifting sequence spread spectrum communication. As
showed in figure 2, it is a model of a point-to-multipoint SSSA system (for the
convenience of analysis, only one-way transmission from the center to multiple users is
considered).
d1
PN 1

∑

d2

M

S (t )

PN2

RF
Transmitter

dk
PN k

cos(ωt + ϕ)
Base Station Transmitter

0

U (t )

T

∫ dt
0

PN 1

RF
Receiver

cos(ωt + ϕ )

One of Substation Receiver
Figure 2 Point-to-Multipoint System with SSSA

We assume PN, PN1, PN2,…, PNN-1 to be an m-sequence and its phase-shifting sequences
of period length N. Here, K codes selected from phase-shifting sequences {an−τ } are used
as the spread spectrum codes and detonated by PN1, PN2,…, PNK.. They are respectively
modulated with information data d1( t ), d2 (t ), L, d K (t ) , to become wide-band signal as
d 1 (t ) PN 1 (t ), d 2 (t ) PN 2 ( t ), L, d K ( t ) PN K (t )

(3)

Then K signals are respectively modulated by the same carrier 2 P cos(ωt +ϕ ) , and the
produced K signals are linearly added to produce one signal (an additive circuit made up
by integrate arithmetic amplifier can finish it)
K

S ( t ) = ∑ di (t ) PN i (t ) 2 P cos(ωt +ϕ )
i =1

(4)

which is transmitted by a RF transmitter through a certain carrier frequency (channel) to a
number of distinct users. In formula (4), 2 P is the amplitude of the carrier, and P is the
power of the signal. This mode is applicable to point-to-multipoint communication
system, for it provide a method to send multiple information data streams by only one RF
transmitter and has some advancement.
At the receive end, to simplify analysis, only one of users is considered. By frequency
down-conversion, RF receiver output signal is
R (t ) = S (t ) + n (t )

(5)

where n( t ) denotes the White Gaussian Noise, whose average value is 0, and double-side
power spectral density is N 0 / 2 . Then the signal is demodulated by the carrier to produce
following signal
K

U ( t ) = P ∑ d i (t ) PN i ( t ) + n( t ) 2 P cos(ωt + ϕ)
i =1

(6)

When the signal is demodulated (de-spread) by the local spread spectrum code PN1, and
provided that the receiver is under code word lock-in synchronization, the output is
T

V (t ) = ∫ U ( t )PN 1 (t )dt
0

T

K

T

T

0

i=2

0

0

= P ∫ d1 ( t ) PN1 ( t ) PN1 ( t ) dt + P∑ ∫ di ( t ) PNi ( t ) PN 1( t )dt + ∫ n( t ) 2 P cos(ωt + ϕ)dt

(7)

where the first term is the useful signal to be received, denoted by V1 ( t ) ; the second term
is the interference of other spread spectrum code, i.e. multiple access interference,
denoted by V2 (t ) ; the third term is the system noise, denoted by N ( t ) .
If the bit width of the data is equal to the period length of m-sequence, during a period,
the data is the given value d 1 ,d 2 ,L, d K , then the first term V1 ( t ) in the formula (7) turn out
to be
V1 (t ) = P • d 1 • T

(8)

where d1 is the information data modulated by PN 1 , Therefore, it will be demodulated
correctly. The second term V2 (t ) is
K

T

i =2
K

0

V2 (t ) = P∑ d i ∫ PNi (t ) PN1 ( t )dt
=

PT
di
N ∑
2

(9)

Since PN i is the phase-shifting sequence of PN 1 , the term

T

∫0

PN i ( t ) PN 1 ( t )dt is the auto-

correlation of PN 1 , that is
R (τ ) = T • ρ(τ ) =

T
N

(τ ≠ 0 )

(10)

In the case that the frequency and phase of the carrier are in perfect lock-in
synchronization, the output useful signal of the integrator has the power
( PTd1 ) 2 = ( PT ) 2

(11)

The power of multiple access interference is
K

∑(
i =2

PT
( PT ) 2 ( K −1)
di ) 2 =
N
N2

(12)

PTN 0
The average value of noise signal N ( t ) is 0, square-error is
, and therefore power
2
PTN 0
is
,
2

thus, we obtain the signal-to-noise ratio (SNR) as

( )

SNR = S N

out

=

( PT ) 2
2 PT
1
=
•
2
2
PT
( K −1)
PTN 0 ( PT ) ( K − 1) N 0 1 +
+
2
N0 N
2
N2

(13)

the error rate is
Pes = Q( ( S / N ) out )

(14)

[5]

where Q ( X ) is

1 ∞ −y
Q( x ) =
e
2π ∫x

2

2

dy

(15)

When we employ m-sequence and its derived GOLD-sequence as spread spectrum codes,
the average SNR and error rate can be calculated as

( )

SNRm = S N

m

==

2 PT
•
N0

Pem = Q (

1
2 PT ( K − 1)
1+
3N 0 N

(S / N )m )

(16)

(17)

When orthogonal pseudo-random sequence is adopted, we can write the SNR and error
rate as

( )

( PT ) 2 2 PT
N o = PTN 0 = N0
2

S

Peo = Q (

(18)

(S / N )o )

(19)

Figure 3 shows the error rate performance of spread spectrum multiple access
communication system with phase-shifting sequence, where user number K = 9, sequence
length N = 31 , 127 , 511. Figure 4 shows the error rate performance of different systems
with N = 127, K = 9.

N=127
Different m-Sequence

Pe

Pe

and GOLD Sequence
Phase-Shifting Sequence

K=9
N=511
Orthogonal Sequence

PT / N0 (dB)

Figure 3 Error Rate Performance of
Phase-Shifting Sequence SSMA

PT / N0 (dB)

Figure 4 Error Rate Performance of Different
Sequence Used as Spread Spectrum Codes

CONCLUSION
This paper proposes a spread spectrum scheme using phase-shifting sequences (of msequence), which is essentially a mode of synchronous spread spectrum communication.
This scheme is well suitable for point-to-point or point-to-multipoint communication
system with special topological structure. In this scheme, the value of cross-correlation
between spread spectrum codes is the same as that of auto-correlation of m-sequence with
τ ≠ 0. So the multiple access interference is smaller than that of schemes with different msequences and GOLD-sequences. Though the interference is even smaller when
employing orthogonal pseudo-random code, but it has a longer length and a worse autocorrelation than m-sequence. In conclusion, using phase-shifting sequence (of msequence) can expand the spread spectrum code ensemble and provide more spread
spectrum sequences with good performance. This property is of great use in spread

spectrum synchronous access system which has a requirement for a rather large quantity
of addresses or for transmitting multiple information data streams. Furthermore, it
provides a new way to apply Trellis Coded Modulation (TCM) technology to spread
spectrum communication through the utilization of spread spectrum sequence set.
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ABSTRACT
More and more companies and organizations are recognizing the benefits to be gained by
achieving ISO 9000 registration. An effort is underway at JPL to become ISO 9001
registered. To facilitate this activity, the entire laboratory has been divided into processes,
each one having a designated process owner. This paper concentrates more specifically
on one of these processes, namely, the Packaging and Fabrication of Electronic Hardware
(PAFEH), and the effort being undertaken to ensure that this process will successfully
pass registration. A comprehensive approach is being utilized by the Electronic Packaging
and Fabrication Section to bring this about.
KEY WORDS
ISO registration, quality management system, process modeling, IDEF0, process (activity,
function), management review, ISO team, document list, gap analysis, process flowcharts,
corrective and preventive actions.
INTRODUCTION
Many companies today are choosing to adhere to an international set of standards known
as the ISO standards, the acronym ISO signifying Internation Standards Organization.
Chief among these are the standards dealing with the quality management system of a
given company or organization (ISO 9001, 9002, and 9003). In ISO parlance, quality
doesn’t just denote QA or QC. It refers to the entire system which enters into producing a
product (good and/or service) that the customer wants and is expecting. The customer
does not want products whose quality varies all over the place. He/she expects a product
which will work as intended over a certain time period which the customer deems
appropriate. That is, ISO standards are customer-driven, not product-driven. It used to be

that companies could say, “This is our product. Take it or leave it.” But times have
changed. Now it’s the customer’s turn to say, “If I don’t find your product acceptable
and suitable to my needs, I’ll buy your competitor’s product.” To produce a product that
consistently meets the customers’ needs and expectations, its quality management system
must be fine-tuned and be effective. This is where the ISO standards come into play.
Companies adopting them have their production/quality management system
documentation in place and are following it to meet and satisfy customer needs. The chief
thing to remember about ISO is: Say What You Do and Do What You Say.
THE THREE ISO STANDARDS
The entire subset of ISO standards dealing with the quality management system are
referred to as ISO 9000. ISO 9000 proper consists of twenty (20) elements. Depending on
how many elements a company chooses to become registered to determines which
particular quality standard it becomes registered under. The three quality standards of ISO
9000 are:
•
•
•

ISO 9001 Design, Hardware, and Test–Company is registered to all twenty elements
in most cases.
ISO 9002 Hardware Build and Test–Company is registered to eighteen of the twenty
elements (Design Control is not included).
ISO 9003 Test and Inspection Only–Company is registered only to thirteen of the
twenty elements.

NASA has made it mandatory that all NASA installations shall be ISO certified by the end
of 1999. JPL is to be certified to ISO 9001 with the exclusion of Element 19, Servicing.
UNDERSTANDING THE PROCESS
To get through ISO registration, one of the chief requirements is to understand the
process you’re dealing with. This can be accomplished in several fashions. Initially the
Electronic Packaging and Fabrication Section utilized functional modeling using the IDEF0
technique. IDEF means ICAM DEFinition; ICAM stands for Integrated Computer
Assisted Manufacturing. This was the acronym chosen by the U.S. Air Force back in the
late 70s–early 80s in connection with its effort to automate aircraft manufacture. IDEF
techniques emanate from the work of Dr. Douglas Ross, who originated SADT
(Structured Analysis and Design Technique) to effectively deal with the management of
large software projects. The SADT technique was adapted by the U.S. Air Force, with
certain modifications, and utilized to model complex manufacturing systems.

The purpose of IDEF0 is in analyzing a function, or activity. The words “function”,
“activity” and “process” have the same meaning in the context of IDEF0. It is important
to realize that almost all processes consist of subprocesses, and each subprocess can
often be further decomposed into still smaller processes. That is, a functional hierarchy
exists linking various subprocesses together. IDEF0 is a structured approach which aids
in analyzing a process. It accomplishes this by setting forth the various subprocesses and
their correct level so that the entire process is elucidated.
Activities, or processes, are characterized by an action verb phrase. To perform IDEF0
modeling, all activities are placed in boxes. Each activity, or process, can have up to four
different types of items: inputs, outputs, controls, and mechanisms. Each of of these items
in the IDEF0 methodology is represented by an arrow impinging the process box in a
different direction. In this model, inputs (as defined below) are categorized into several
distinct types. These are:
• CONTROLS –these force the process to conform, i.e., to ensure the proper output
• INPUTS –an input by IDEF0 definition is what is physically transformed by the
PROCESS (ACTIVITY) to produce the OUTPUT
• MECHANISMS (RESOURCES) –these include the people, equipment, facilities, etc.,
used to bring about the transformation of INPUTS into OUTPUTS. MECHANISMS
are generally not transformed by the PROCESS
The IDEF0 (ICOR) model of a process is shown in Fig. 1.

CONTROLS

INPUTS

PROCESS
(ACTIVITY)

OUTPUTS

MECHANISMS (RESOURCES)

Figure 1. IDEF0 (ICOR) Model of a Process

This setting forth of the various subprocesses making up a given process and the
corresponding assignment of the various subprocesses at their correct level is known as
structural decomposition or hierarchical decomposition. The decomposition can be
continued down to the lowest desired level. When a diagram is decomposed into several
lower level diagrams, the original diagram is known as a parent diagram and the lower level
diagrams into which it is decomposed are known as child diagrams.
Once the IDEF0 modeling was accomplished, the various major subprocesses fell out.
These were:
•
•
•
•
•
•

Electronic Packaging Design and Development
Advanced Electronic Packaging Design and Development
Electronic Fabrication–Manual and Automated
Cable Fabrication
Hybrid Fabrication
Optical Fabrication.

Once the various subprocesses had been delineated using IDEF0, a somewhat simpler
approach was used to define these subprocesses. Each subprocess was examined as to
what were considered INPUTS and OUTPUTS. Each of the six subprocesses given
above is based on a simplified model of a process, namely, everything entering the
process is considered an INPUT, and everything leaving the process an OUTPUT. The
INPUT is everything employed to produce the OUTPUT. Fig. 1 displays this model.

INPUTS

OUTPUTS
PROCESS

Figure 2. Simplified Model of a Process

An example of how this simplied model was used to analyze one of the six subprocesses
is:
Electronic Fabrication–Manual and Automated
Inputs (What’s Used To Produce End Product)
Trained process/fabrication engineers
Certified technicians/fabrication personnel
Computer systems & appropriate software
D-8208
FP513414 and other assembly procedures as appropriate
Released print set (drawings, AIDS or fabrication plan)
Other specifications as required by customer
Travelers (record of work performed)
Build materials such as printed wiring boards and components (piece parts)
Process expendable materials such as fluxes, conformal coating materials, cleaning agents,
etc.
Controlled facilities (building, dedicated rooms, HVAC, etc.)
Process equipment, e.g., soldering irons, tweezers, lead forming device, tinning pots, lead
forming device, automated tinning equipment, solder reflow equipment, automated pickand-place equipment, semiautomated cleaning equipment, rework station
QA inspectors + QA specifications (Section 506 personnel and procedures)
Outputs (End Products)
Fully fabricated and inspected assemblies (chief end product of this activity)
Engineering change requests (ECRs) (feedback to design engineering)
Suggested changes to D-8208/FP513414 (feedback to documentation control)
DEVELOP A PLAN TO ACHIEVE ISO REGISTRATION
A plan was developed for the Electronic Packaging and Fabrication section for achieving
ISO registration. The chief items highlighted in the plan were:
Establish a ISO 9001 Team within Electronic Packaging and Fabrication section. This
team is composed of the following individuals:
• Kirk Bonner (Section 349 management representative)
• Robert Graber (Microelectronic Hybrid Assembly Processes)
• Paul Baca (Electronic Fabrication Processes)

•
•
•
•

Pat Westerlund (Cable Fabrication Processes)
Atul Mehta (SMT Electronic Fabrication Processes)
Charles Kaczinski (Packaging and Advanced Packaging Design Engineering)
Joan Coggins (QA)

Have an all-hands meeting to inform everyone in the Electronic Packaging and Fabrication
section that the section’ll be going through the ISO registration process. This helps
familiarize people with what ISO 9000 is and what it isn’t. Without total “buy in” by
everyone in the section, it’s much more difficult, if not impossible, to achieve the
objective. This meeting emphasizes to all section members the seriousness and total
commitment to the quality system.
The ISO Team should meet every week to review progress, and a record must be kept of
each meeting. Once progress is moving forward, the meetings should include corrective
and preventive actions. The purpose of such meetings is to discuss the ISO 9000 system,
its implementation throughout the Electronic Packaging and Fabrication section, and its
being understood, at least in broad outline, by every section member. Progress toward
ISO 9001 registration should be reported on once a month at section staff meetings
regarding progress.
DEVELOP FLOWCHARTS AND A MASTER DOCUMENT LIST
Each member of the ISO team responsible for one of the subprocesses within the
Electronic Packaging and Fabrication section was asked to develop a detailed process
flowchart for his/her process. These process flowcharts were developed and proved very
useful.
Concomitant with the above effort of developing flowcharts, the Electronic Packaging and
Fabrication section began consolidating all relevant guidelines, procedures, and work
instructions into three working documents. The intention is that there be two chief
technical documents of the Electronic Packaging and Fabrication section and a third
document covering the system procedures required by ISO 9001. These documents are:
• D-8208, Spacecraft Design and Fabrication Requirements for Electronic Packaging
and Cabling
• FP-513414, Manufacturing Processes and Procedures for Assembly and Wiring of
Electronic Equipment and Assemblies (detailed work instruction)
• Procedures covering the PAFEH process as a system. These procedures are
necessary to meet the needs of ISO registration. Examples are Document and Data
Control, Handling of Norconforming Product, and Training.

PERFORM A GAP ANAYSIS
Once the chief documents have been determined and the process flow charts elaborated
for each subprocess, each block in each flow chart was examined to ascertain if it had a
match in one of the above documents on the master list. This activity is known in ISO
parlance as performing a “gap analysis”. That is, there is a gap between what is actually
being done on the floor and what the documentation claims is done. Remember the chief
caveat for ISO is: Say What You Do and Do What You Say!
PERFORM INTERNAL AUDITS
Another item that should arise rather quickly in the ISO Team meetings is that of internal
quality audits. As the various internal documents defining the quality system (the term
“quality system” is used in its broadest sense; see ANSI/ISO A8402-1994 “Quality
Management and Quality Assurance–Vocabulary”) are set forth, quality audits should be
conducted on a periodic basis, the purpose of which is to assess the variance between the
system as defined by the documentation and the actual practice that is taking place. The
idea, of course, is either to amend the documentation, if appropriate, or to close the gap
between what ought to be done regarding quality (the quality system) and what is in fact
being done (actual practice). All action items emanating from the ISO Team meetings
automatically become agenda items at the next meeting.
TAKE CORRECTIVE ACTION TO PREPARE FOR THIRD PARTY
AUDITOR
Once management reviews and quality audits have begun, then corrective and preventive
actions should be initiated on an as-needed basis. These actions are designed to close the
variance between the ISO 9000 system and actual practice as conducted within the
section. The corrective actions take place first. They are reports generated by internal
auditors which are then turned over to the ISO Team to correct. These become agenda
items and must be addressed, hopefully before a third party audit takes place. Once the
quality system is in good shape and a third party auditor has granted registration, it is
necessary to perform preventive actions to ensure that the quality system remains in good
working order and doesn’t degenerate. Obtaining and keeping ISO registration is an
ongoing process. It is an achievement worth shooting for.

CONCLUSION
In summary, for the Electronic Packaging and Fabrication section the four drivers for ISO
registration are:
•
•
•
•

ISO Team meetings and reviews
Necessary documentation
Internal quality audits
Corrective and preventive actions.

These four items ought to drive the establishment, implementation, and understanding of
the quality system. This fundamental idea can perhaps best be captured by a pictorial
diagram as shown in Fig. 3 below.

ISO Section Team Reviews

Necessary Documentation

Establishment, implementation,
and understanding of the
Electronic Packaging and
Fabrication section’s ISO 9000
t

Internal Quality Audits

Corrective and Preventive Actions

Figure 3. Four drivers of Electronic Pkg. and Fab. in achieving ISO registration
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ABSTRACT
This paper will present a selected overview of calendars and calendar development
from antiquity to the current Gregorian calendar. The current hot topics of the GPS 1999
Rollover and the Year 2000 Millennium Rollover will be explained.
KEY WORDS
Calendars, Y2K, WNRO, Julian, Gregorian.
INTROUCTION
This paper is intended to provide an educational survey of the development of
calendars and in particular the development of the calendars currently used in the United
States. As this is the last time to address an ITC audience before the event happens, the
current calendar hot topic of the 1999 Week Number Roll Over for GPS will be
discussed. The Year 2000 Millennium Roll Over will also be briefly reviewed to provide a
background of general knowledge.
Celestial bodies were (and are) basis of astronomy, astrology, most calendars, and
ultimately for timekeeping and clocks. The sun traced its path daily across the sky with its
apogee at noon, a new moon rose every 29-30 days and went through four obvious
phases of about 7 days, and five planets were visible to the eye moving through the
heavens against a vast array of stars. According to the NIST “Walk Through Time” there
were astronomical markings perhaps back as far as 20,000 years ago and the Egyptians
had a lunar calendar long before they developed a 365 day solar calendar in what is in our
timescale (and is currently considered the earliest year of recorded history) 4236 B.C.
Other societies in the Middle East, Orient, and even the Western Hemisphere all had
celestially based calendars twenty centuries B.C.
Astronomy, astrology, and calendars were both religious and civil matter for
millennia. In ancient Israel, the astronomical calculations for Holy days were secrets of the

ruling Sanhedrin until after 300 A.D. In China where the emperor ruled in harmony with
Heaven and all things had their appointed time, calculating astronomical events such as
New Moons and Eclipses correctly underscored the legitimacy of the ruler and certainly
the employment of his astronomers (Landes p. 33). Early water clocks and mechanical
automata as late as the 16th century A.D. displayed astronomical phenomena, testifying to
the role of celestial bodies as reference points for time and life.
CALENDARS
Calendars are created to organize days into longer periods. The Explanatory
Supplement (p. 575) cites (Fraser, 1987) that about 40 different calendars existed in 1987.
Obviously there have been many more in the past. Calendars exist to serve particular
needs and particular societies. Not all calendars use astronomical references. Some have
fixed cycles and make complex rules to avoid discontinuities, others do not. Many have
religious significance.
The Explanatory Supplement (p. 577) recognizes 3 basic types of Astronomical
calendars, the Solar, Lunar, and Lunisolar and notes that the celestial cycles of Day (Earth
rotation), Month (Moon revolution about the Earth), and Year (Earth revolution around
Sun) are neither constant nor related to each other. The average or mean interval of the
time for the sun to return to the Vernal Equinox is the 365.2421897 day Tropical Year and
this is the cycle for the seasons. (For calendar purposes this is sufficient, however for
precise time the year must be specified as any given tropical year can vary from the mean
by some minutes.) The Synodic Month corresponds to the 29.53059 day mean cycle of
New Moon to New Moon lunar phases and any particular lunar cycle can be up to 7 hours
different. There are 12.368267 of these lunations in a year. Obviously, while the term
“month” in our solar calendar was originally based on the moon’s cycle, it is no longer the
same.
JULIAN CALENDAR
In what is now regarded as 46 BC but was known then as Roman Year 709 (World
Almanac 1992, p291), Julius Caesar proclaimed a new calendar. His technical advisor was
an Alexandrine astronomer named Sosigenes. (The Alexandrine astronomers had
calculated the Equation of Time as far back as 2000 BC, so they did have solid technical
credentials.) He had to insert 90 days into the calendar to bring the seasons back to their
proper place. He also designated January 1 as the start of the year rather than March 25.
The biggest change made was to introduce the 4 year cycle of integral days with the now
familiar Leap Year, that is 3 years of 365 days and one year of 366 days. This calendar
survived for 15 centuries (though with some changes to correct misapplied leap years and
local conventions for different start dates such as March 1, March 25, and December 25).

The year had 365.25 days on average and this has been retained in counting Julian Days
by astronomers now. This still ranks as perhaps the first “worldwide” and longest lasting
Solar calendar.
In what is now 532 A.D. a Christian scholar named Dionysius Exiguus while
working on the dates for Easter, introduced a table with corresponding dates to the Julian
calendar dated by the Roman epoch of Emperor Diocletiani. Dionysius carried this back
to the year he believed was the birth of Jesus Christ and designated this as 1 Anno Domini
or 1 A. D. While secular users in the Middle Ages dated from the reigning years of the
various rulers (such as in the fifth year of King John), the use of 1 A.D. as initial epoch
grew within the Church (all per Explanatory Supplement, p.579). Counting backward from
1 A.D. to 1 B.C. for earlier dates began later with the Venerable Bede. This lack of a 0
year created a discontinuity in dating. (Astronomers using Julian Dates now designate a 0
year and thus 46 B.C. is -45 on their scale.) When the Gregorian Calendar was adopted by
the Church ten centuries after Dionysius, they continued with his initial epoch of 1 A.D.
GREGORIAN CALENDAR
In 730 A. D., the astronomer, historian, and monk the Venerable Bede stated that
the Julian year was 11 minutes and 14 seconds too long with a day error about every 128
years (per World Almanac 1992 p.291). Nine centuries later (not without some debate and
concern in the latest four centuries as with the Equinox sliding earlier into March, the lunar
calculations for the important Holy Day of Easter had become strained), the papal bull
“Inter Gravissimus” was signed by Pope Gregory XIII on February 24, 1582 creating a
new calendar now known as the Gregorian Calendar.
The new calendar used as its base the Julian Calendar with an initial epoch (starting
point) of January 1, 1 A.D. which had already been established. To make up for the extra
days Bede had warned about, the ten days from October 5 to October 14, 1582 were
dropped from the calendar, so that (quoting the Explanatory Supplement, p.578)
“Thursday, October 4 of the Julian Calendar was followed by Friday, October 15 of the
Gregorian Calendar”. Thus the Equinox returned to its March 21 or so date and the
ongoing weekly cycle was not disturbed. New Lunar tables were introduced to calculate
Easter. The biggest continuing change was in the method for calculating Leap Years by
developing a 400 year cycle. Every fourth year on the years evenly divisible by 4 would be
a Leap year of 366 days, EXCEPT every year evenly divisible by 100 would be a
Common Year of 365 days, EXCEPT every year evenly divisible by 400 would be a Leap
Year of 366 days. Thus every 400 year cycle would have 146097 days and an averaged
length of 365.2425 days per year. This compares to a count of 146100 days for 400 Julian
Calendar years. This will still need to be corrected by a day in 2500 or so years assuming
no major changes in Earth’s rotational rate.

The new calendar was adopted rapidly by all the predominantly catholic countries
of Europe and within two centuries by the protestant states of Europe including the British
Empire in 1752. Since the British had waited almost two centuries, they had to drop 11
days (September 3 to 13, 1752) to get instep instead of 10. They also moved the date of
New Year to January 1 from March 25 and designated the new calendar N.S. for New
Style versus O.S. for Old Style. (Per example provided by World Almanac, 1992, p.291
George Washington’s birthdate was February 11, 1731 O.S. and backdated, became
February 22, 1731 N.S. In the late 19th century and early 20th centuries Japan, Egypt,
Turkey, Russia, China, India, and the rest of the world adopted this calendar at least for
the purposes of international dealings.
JULIAN DAY NUMBERS & JULIAN DATE
In the same year the Gregorian Calendar was begun, chronologist Joseph J. Scaliger
devised a new calendar period which he named after his father Julius. He created a 7980
year period based on the multiples of three cycles, the 28 year cycle (solar) that it took for
days of the year to return to the same day of week under the Julian Calendar, the 19 year
cycle (lunar) that it took for phases of the moon to return to the same dates in the year,
and the 15 year Indiction cycle of the Roman tax collectors. All three of these cycles
could be calculated to occur on January 1, 4713 B.C. by calculating to past dates using
the Julian Calendar.
This backward calculation to dates before the actual start of a calendar by use of
the rules of that calendar is known as a Proleptic calendar. Thus the Julian Proleptic
Calendar became a useful tool for astronomers who do need to be able to calculate over
vast periods of time. Currently astronomers use the system to calculate Julian Days
between events. As astronomers have conventionally used noon as the start of the day,
Julian Day 0 started Noon January.1, -4712. The Julian Day Number is the integral number
of days since that date, while the Julian Date (JD) includes the decimal fractional part of
the day to the instant. For example 6 PM January 2, -4712 would be Julian Day 1 and
Julian Date 1.25. As Julian dates are used for different reference systems and relativity
becomes part of equations for astronomers, the particular reference timescale should be
specified (TAI, UT1, TDT, TBD) for precision. A Julian century of 100 years has 36525
days and is a straightforward calculation.
Many astronomers, especially timekeepers such as USNO use the Modified Julian
Date (MJD) which was developed by space scientists prior to 1960. It is defined as (Julian
Date- 2400000.5) and thus begins at midnight of the civil date rather than noon. This
creates a useful system with only 5 digits. Day of week comparisons are easy because one
can divide the any MJD by 7 and whatever remainder is left will be the same remainder for
that day of week for other days.

In view of the above, it is not a recommended practice to refer to the numerical Day
of Year as Julian Date xxx when using range time code equipment. (Explanatory
Supplement, p. 600), since it is misleading.
LUNISOLAR CALENDARS
A good example of a Lunisolar calendar is the Hebrew Calendar. It is now a
calculated rather than observed calendar as it was in past eras. It uses the Metonic cycle
with 235 lunations over 19 years. This allows the use of lunar months and varying solar
years with extra months inserted to keep the seasons in approximate place. The years vary
between twelve and thirteen months and with three different numbers of days for each, so
there are six different day lengths for years (353, 354, 355, 383, 384, and 385 days). While
the rules used today probably date from the fourth century A.D. when they were first
described to the general public, the roots of the calendar probably go back to the sixth
century B.C.
LUNAR CALENDARS
A good example of the Lunar Calendar (which follows only lunar cycles) is the
Islamic Calendar. Basically there are twelve lunar months in a year and since this is less
days than a solar year with no insertion of months or days, the seasons occur later and
later in the year until 33 years later the seasons are back where they started. While this
concept seems strange to us today, if one considers the importance of religion in a region
vastly different environmentally from ours (lower latitude, limited vegetation, low seasonal
variation, limited urbanization, a transient nomadic life rather than a settled urban or
agrarian life, better climate at night) then a lunar based system is certainly a viable option.
The requirement for a lunar system was made by the Prophet at his Farewell Pilgrimage
(Explanatory Supplement, p. 591). For religious purposes the observation of the New
Moon is important, while for secular purposes a calculated New Moon is often used.
Y2K or YEAR 2000 PROBLEM
This is a calendar problem for computers. Years ago because computer memory
was very expensive, management decisions were made to save space and money by using
just two digits instead of four to denote years. This probably saved 40 billion dollars over
the past 40 years. But now the bill is coming due. The cost of fixing the problem is
probably double the money saved. The costs of litigation for systems not fixed or retired
is probably two to four times that amount.
With a four digit year a calculation such as (2000 minus 1993) equals 7. What does
(00 minus 93) equal? Depending on the computer, operating system, and programming

lots of different meanings are possible such as a minus number, an invalid number, a
number that means something else, a zero, or a computer shutdown. This is especially true
of old “legacy” mainframes for which much of the original documentation of programs for
these systems has been lost or is not retrievable. If the computer thinks it is 1900 instead
of 2000 not only are the day of week calculations off (January 1, 1900 was a Monday
whereas January 1, 2000 is a Saturday), but 1900 was a common year while 2000 is a leap
year. Embedded processors are another potential problem not often considered. Car
“brains”, pacemakers, and industrial controllers such as bank vault controllers, and
telephone switches are all potential problem areas.
Compliant computers are able to process dates and related data prior to, through,
and beyond January 1, 2000 without error and without human intervention. The GSA
recommends requiring all hardware or software purchased to be compliant. Currently even
such leading edge organizations as the USAF are only now resolving compliance issues.
As of June 1998, the GPS satellites themselves are fully compliant for both Y2K and GPS
1999 WNRO, but even the ground control segment is not certified compliant, although it
is planned to be compliant by December 31,1998. Many other agencies and companies are
not compliant and some systems will never be compliant. The bottom line here is that the
problem is real, it is big, and it will have some effect on your work and life. There are a
number of references listed in Time Bomb 2000 (reference section) that you may wish to
review.
GPS 1999 Week Number Roll Over (WNRO)
The Week Number Roll Over in 1999 is another very pertinent calendar problem.
This is the last chance to address an audience at ITC on this issue.
The GPS calendar is a continuous calendar with epochs of 1024 weeks starting
from 0000 January 6, 1980 when GPS time was synchronized within one microsecond of
UTC Time. Since then GPS time has continued with precisely 604,800 seconds per week
every week over almost 19 years while the UTC Timescale (which is referenced to the
rotation of the earth as well as atomic clocks) has added twelve leap seconds.
GPS time is disseminated in the GPS system by a 10 bit Week Number (WN) from
0 to 1023 (total 1024 weeks) and a 19 bit Time of Week (TOW) count from 0 to 403,199
in terms of 1.5 second increments (403,200 total for precisely 604,800 seconds).The
navigation message is where time data is transmitted.
The telemetry structure of the navigation message is a 1500 bit frame with five 300
bit sub frames with 10 words of 30 bits with MSB transmitted first. The fourth and fifth
sub frames are sub commutated 25 times (with each sub commutation referred to a page).

The bits are transmitted at 50 bps on the Course Acquisition L1 carrier. Thus sub frames
1-3 and the basic frame repeat every thirty seconds. The twenty five sub commutations
required to include all data in the major frame require 12 ½ minutes. The 10 bit Week
Number is transmitted in Sub frame 1, Word 3. The 17 least significant bits of the Time of
Week (referenced to the start of the next sub frame) are transmitted in Word 2 of every
sub frame and multiplied by four (2 bits) the full TOW. Thus every 30 seconds the week
number is available and every 6 seconds a new TOW is presented. Leap second
information to properly relate GPS to UTC time is provided once every 12 ½ minutes on
Page 18 of Sub frame 4. This information includes current offset and notice of upcoming
or recent changes including magnitude and time of change. The complete 12 ½ minute
major or superframe occurs 806.4 times in a week and the final superframe of the week is
truncated at end of the week as required. The new week is restarted at the beginning of the
superframe on what would be approximately midnight between Saturday and Sunday.
Currently there have been 12 leap seconds added to UTC Time since the start of
GPS time and it is likely that the difference (UTC-GPS) time will be 13 seconds before the
start of the second GPS epoch. Therefore the second GPS Epoch will (probably) start on
Saturday, August 21, 1999 at 23:59:47 UTC time with the roll over from Week Number
1023 to Week Number 0. This is known as the Week Number Roll Over (WNRO) or End
of Week(s) Rollover (EOW) problem as there is NO marker in the GPS signal to indicate
what is the current GPS epoch.
Depending on the actual GPS OEM receiver firmware and the software conversions
created by the integrator or users, the user may or may not smoothly transition to the
correct date. In some cases of older receivers (again like the Y2K problem, that were
expected to be out of service before rollover) firmware upgrades may be very expensive
or simply not available. It is advisable for each user to confirm the status of his or her
receiver with the hardware manufacturer or software integrator. Most manufacturers have
or will be posting specific product information as it is available on their web sites for both
Y2K and 1999 WNRO problems. The Air Force GPS JPO website does list JPO and
DOD tested receivers at User Equipment Compliant DOD Receivers.
Corrective methods can include the user entering a GPS epoch or a known date that
forces selection of the GPS epoch or a battery backed memory of the same. Obviously
one must ensure that parameters are properly reentered if the batteries are changed or the
receiver is not used for a long period of time. To fully test for compliance requires a GPS
Simulator that provides future dates properly encoded on the RF GPS signal.
Currently the GPS satellites themselves are WNRO and Y2K compliant. The
ground sites of the GPS system are intended to be by 31DEC98.

On December 8, 1993 the “Global Positioning System Standard (GPS) Standard
Positioning Services (SPS) Signal Specifications” was promulgated to the Department of
Transportation to provide guidance to civilian users. GPS Time was defined in Section
2.3.5 and what is now called Week Number Roll Over was fully described and
responsibility delegated to the user as follows, “At the expiration of GPS week number
1023, the GPS week number will rollover to zero (0). Users must account for the previous
1024 weeks in conversions from GPS time to calendar date.”. Thus one cannot blame the
government for lack of warning in the use of this government provided (free and useful)
service. Just as in the Y2K case, the number of bits reserved for date was limited. One can
argue that more bits could have been allocated, although this simply postpones rather than
solves the problem.
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ABSTRACT
The Range Commanders Council "Flight Termination Systems Commonality Standard,"
RCC 319-92, has been written with the noble goal of providing "common design, test, and
documentation requirements for Flight Termination Systems (FTS)." As is often the case
with standards of any kind, the devil is in the details! The Army TACMS (ATACMS)
Block II Flight Termination/Telemetry System design has been significantly affected by
the constraints imposed by RCC 319-92 as well as by Lockheed Martin Vought Systems
customers' interpretations of those constraints and requirements. Important system
elements are discussed along with some of the engineering decisions made to achieve
compliance and the rationale behind those decisions. It is hoped that this monograph will
acquaint potential users of RCC 319-92 with some of the issues involved in achieving
compliance.
KEY WORDS
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THE ARMY TACMS (ATACMS) PROGRAM
The Army Tactical Missile System (ATACMS) is produced by Lockheed Martin Vought
Systems (Grand Prairie, TX) for the U.S. Army. ATACMS is a surface-to-surface artillery
weapon capable of striking targets beyond the range of existing Army cannons and
rockets. The long-range guided missile is fired from the M270 launcher which also fires
Multiple Launch Rocket System (MLRS) rockets, also produced by Lockheed Martin
Vought Systems.
ATACMS Block I has concluded production; Block IA (Block I with extended range and
GPS enhanced navigation) has recently concluded flight testing. Block II is to commence

flight test in Summer '97, and Block IIA development is scheduled to begin in FY97.
There are also U.S. Navy and Foreign Military Sales versions under development. The
specifications of the basic weapons system are listed below:
Length:
Diameter:
Range:
Propellant:
Guidance:
Warhead:
Load:

~13'
~2'
>165Km, >280Km (extended-range version)
Solid-rocket motor
Ring Laser Gyro with GPS updates
Anti-personnel/anti-materiel armament, precision anti-armor submunitions
Two missiles per launcher

Block II ATACMS marks a point of significant departure for the U.S. Army and
Lockheed Martin Vought Systems in that the armament delivered by the basic missile is
the Brilliant Anti-Tank (BAT) submunition rather than the preceding dispersed ordnance.
This is indicative of a significant trend in deep penetration artillery, namely, use of highly
precise, guided intelligent submunitions to maximize damage to tactical targets while
minimizing direct human intervention in the battlefield. The ATACMS weapons system
expands the definition of direct fire rockets. The ATACMS missile has a solid rocket
motor, yet has a precise Improved Missile Guidance System (IMGS) that manages the
propulsion system energy and actually guides the missile during its flight to a target.
The Block II ATACMS continues the development of this sound principle further by
using the IMGS to precisely deliver intelligent ordnance to high-value tactical targets. This
weapons system requirement has made the Block II ATACMS a complex missile, with a
number of newly-design subsystems which require a relatively complex
Instrumentation/Telemetry system to record flight test data. Listed below are the basic
parameters of the Telemetry (T/M) system:
T/M downlinks:
T/M downlink types:
Data Streams:
Measurements:

Three (3) S-band
PCM/FM, PCM/FM, FM, FM/FM
256 KBps (PCM/FM), 563.2 KBps (PCM/FM/FM)
104 PCM, 16 FM, 1 encrypted NRZ-L

RCC 319-92 COMMONALITY STANDARD
The Range Commanders Council (RCC) Standard 319-92 is the standard to be used for
the design and test of the Flight Termination System (FTS) required for any weapons
system needing Command Destruct to be flight tested at RCC Test Ranges. RCC 319-92
contains a detailed description of design guidelines for all elements of an FTS, from
power supply to pyrotechnics. Also provided are the required testing regimes for

Qualification (certification) and Acceptance testing of each element of an FTS. RCC 31992 is referred to as the Commonality Standard because its purpose is to provide
instructions for FTS system design that would be applicable across all test ranges
comprising the RCC. As such, an FTS designed in accordance with the Commonality
Standard should be acceptable for use at any and all RCC test ranges. By implication, an
FTS not designed in accordance with the Commonality Specification would not be
acceptable for use at any and all RCC test ranges.
RCC 319-92 is comprehensive in its scope in that it contains design guidelines and testing
requirements for each element of an FTS design and separate sections for each type of
weapon system utilizing an FTS. For example, if an FTS system designer needs to know
the pertinent FTS design criteria for a Flight Termination Receiver (FTR) to be used on
guided missile platforms, he can refer directly to the applicable paragraphs and also know
the Qualification testing and minimum Acceptance testing regimes that must be followed
to certify its use at any RCC range. Therefore, an FTS system designer should have fairly
specific criteria to design his system and have a fairly comprehensive understanding of the
testing required to certify its use if he has designed the FTS in accordance with RCC 31992.
However, because of its specificity, RCC 319-92 has the weakness of any useful
specification: its utility is a function of the current state-of-the-art and the authors' ability to
have understood all aspects of the subject. Technology advances impact the degree of
integration of many FTS elements and a particular weapon system's physical and/or
performance constraints will often have a significant impact on FTS design. Also, because
a specification is usually a compromise of comprehensives and clarity, important subject
matter sometimes must be omitted. Accordingly, the RCC intends to publish a new
version of RCC 319-92 sometime in FY '98.
The major FTS system design aspect most affected by RCC 319-92 is the imposition of
dual-redundancy on any FTS to be flight tested at all RCC test ranges, although many
RCC test ranges already had this requirement prior to publication of the Commonality
Specification. Heritage weapon system programs are generally exempt from this
requirement, but ATACMS has this requirement imposed on it by the U.S. Army Missile
Command (MICOM) for future ATACMS flight testing at White Sands Missile Range
(WSMR). There are, of course, different means to achieve this requirement: redundancy at
the system element level or redundancy at the functional level. RCC 319-92 does not
address precise definition of redundancy. Therefore, the ultimate realization of the
implementation of FTS dual-redundancy is a negotiated FTS design in which agreement
has been reached between the FTS designer and the responsible test range's Range Safety
organization.

The remainder of this monograph addresses the primary impact of RCC 319-92 on the
Block II FTS and T/M Systems’ design. Block II is the first ATACMS program for
which full RCC 319-92 compliance has been imposed. The Commonality Standard has
had a significant effect on its T/M system design and qualification effort. Emphasis is
made as to how Lockheed Martin Vought Systems Telemetry Engineering and WSMR
Range Safety have interpreted RCC 319-92 to suit ATACMS flight test requirements.
RCC 319-92 AND ATACMS FTS/TELEMETRY SYSTEM DESIGN
An FTS is used in missile flight test programs to insure that the missile does not exceed
the designated flight path corridors of a test range. The responsibility for insuring that this
function is carried out is that of the Range Safety organization of a given test range. This
includes both design review and approval of a candidate FTS as well as determining,
during flight test, if and when a test article is to be Command Destructed. For the Block II
ATACMS missile flight test, feedback on the functional state of the FTS to Range Safety
is provided by one of the three S-Band T/M links. Therefore, although the T/M System is
not a part of the FTS, it forms an integral and important part of the data chain used by
Range Safety, along with IRIG range instrumentation to determine the state of a test article
during flight. Because of the importance of the T/M System to the proper mechanization
of the Flight Termination function, certain elements of the T/M System have been
designed with the FTS and RCC 319-92 in mind.
Figure 1 illustrates the FTS of Block II ATACMS. The major elements of the FTS are
located on the bulkhead containing the missile instrumentation, the T/M plate. Lockheed
Martin Vought Systems Telemetry Engineering has responsibility for the Power & Control
and RF front-end functionalities of the FTS. Two functionalities are realized by use of two
(2) each Command Destruct (C/D) thermal batteries and Flight Termination Receivers
(FTR) and the Power & Control Unit (PCU). The C/D batteries and FTRs are vendorsourced and the PCU is designed and manufactured by Lockheed Martin Vought
Systems. The C/D Antenna receives the Command Destruct UHF signal and is one of
three (3) antennas of a vendor supplied state-of-the-art microstrip tri-band wraparound
antenna. The antenna consists of one (1) P-band array, one (1) S-band array and one (1)
C-band array. The remainder of the FTS consists of a vendor-supplied Flight Test
Safe/Arm (FTSA) and termination charges. Flexible mild detonation cord (FMDC)
provides the pyrotechnic path between the FTSA and the termination charges.
The PCU is a critical system element of the Block II ATACMS T/M System in that it
determines the modes of operation of the T/M system by use of the Umbilical Disconnect
connecting the missile to the M270 launcher. When Umbilical Disconnect is not present
(i.e., missile in launcher), the PCU provides ground Power & Control of the FTS and
T/M systems by use the Instrumentation Checkout Console (ICC) ground support

equipment. The ICC is connected to the M270 launcher by long umbilical cables so that it
can be contained in the bunker facilities at a given launch site.

Figure 1 - Block II ATACMS Flight Termination System (FTS)

Figure 2 - Block II ATACMS Telemetry (T/M) System

Another critical FTS function performed by the PCU is the switching of power during the
launch countdown from +28VDC ground power to dual-redundant +28VDC C/D Battery
power. The PCU also switches the dual-redundant Power & Control signals of the FTSA
during the launch countdown from ICC control to FTSA-armed flight mode. RCC 319-92
does not specifically address Power & Control functionality which is unique to each
specific FTS implementation. However, because Lockheed Martin Vought Systems
considered the PCU to be a critical FTS system element, it was deemed necessary to
provide for dual-redundancy in the internal wiring, switching, and interconnect of the
PCU. Because of its FTS and T/M Systems criticality, the PCU is qualified to the
demanding RCC 319-92 environmental levels and regimes.
Figure 2 illustrates the T/M System of Block II ATACMS. The T/M System has been
designed to provide for the simultaneous downlink of (1) selected IMGS data, (2)
Instrumentation PCM (FTS status, BAT separation data, T/M system housekeeping), and
(3) high-response environmental data. Of particular importance to the FTS are the Signal
Conditioning Unit (SCU) and the PCM Encoder, both designed especially for Block II
ATACMS requirements. The SCU, designed and manufactured by Lockheed Martin
Vought Systems, contains current sensors for monitoring C/D Battery current,
thermocouple reference junctions, and level shifting circuitry required to normalize signal
levels compatible with the PCM Encoder. The PCM Encoder, a subcontracted item, is a
96-channel analog/48-channel digital unit with programmable gain and offset generating
one (1) 563.2KBps NRZ-L Instrumentation PCM stream.
The Instrumentation PCM is used to modulate an IRIG 1024H Constant Bandwidth Subcarrier Oscillator. It is multiplexed with other missile environmental FM data to form a
PCM/FM/FM frequency division multiplex. Because the Instrumentation PCM contains
the FTS sampled data, monitored by Range Safety during flight, and because both the
SCU and PCM Encoder are new designs, Lockheed Martin Vought Systems deemed it
necessary to qualify both units to RCC 319-92 environmental levels and regimes. In
addition, the T/M Transmitter, a subcontracted unit with a proven design and long flight
test history, was required to be delta-qualified to RCC 319-92 levels for those
environments peculiar to Block II ATACMS.
The critical system element common to both the FTS and T/M Systems is the Command
Destruct/Telemetry/Beacon microstrip tri-band wraparound antenna. The antenna is
manufactured using both 6002 and 5870 Rogers Duroid to provide proper electrical
performance and heat ablation. Although microstrip wraparound antennas have been used
in T/M applications for over a decade, the Block II ATACMS tri-band wraparound
antenna is unique in that it is a tri-band antenna (P-band, S-band, C-band) and is installed
on forward surfaces of a near-hypersonic missile. The severe thermal environment (both in
level and duration) posed by the Block II ATACMS requirement precluded the use of

blade antennas, requiring a new wraparound design providing almost full sphere geometric
performance (RCC 319-92 requires 95% spherical coverage for the P-band antenna) and
durability. The antenna is qualified to RCC 319-92 environmental levels and regimes with
an additional flight profile environment qualification test performed to simulate both short
and long range flights.
The major FTS system design aspect most affected by the Commonality Standard is dualredundancy on any FTS to be flown at all RCC test ranges. RCC 319-92 does not
specifically mandate redundant Command Destruct antennas but imposes some limitations
on power dividers and couplers to ensure that FTRs receive the same Command Destruct
UHF signal with minimal phase shift between FTRs. One of the most demanding
requirements of RCC 319-92 is the elimination of, "the possibility of a single-point failure
inhibiting the function of the system (FTS) or causing an undesired actuation or output of
the system." This requirement generally supersedes any specific requirement called out in
RCC 319-92.
Because of the very tight volumetric limitations of the tri-band wraparound antenna, only
one (1) microstrip P-band array of four (4) elements with integral power divider could be
realized in the Block II ATACMS antenna design, which makes the P-band antenna a
potential single-point failure. To mitigate this potential risk, Lockheed Martin Vought
Systems, in consultation with WSMR Range Safety, incorporated fail-safe FTRs in the
Block II ATACMS FTS. Fail-safe FTRs execute a terminate command upon belowthreshold level of Command Destruct UHF carrier (i.e., loss of C/D antenna and/or power
divider). This fail-safe is enabled during launch countdown at WSMR Range Safety's
discretion.
CONCLUSION
The Block II ATACMS FTS and T/M Systems have evolved through a process of peer
review, design review, and consultation with WSMR Range Safety. Although RCC 319-92
provides excellent guidance in the design and testing of an FTS, the final configuration
and/or realization of an FTS is a negotiated design satisfying both program flight testing
requirements and Range Safety's concerns. Qualification of FTS system components to
RCC 319-92 environmental levels and regimes are an extensive, rigorous, time-consuming
process. Flight termination/flight test instrumentation suppliers may not be fully aware of
the system approach that is necessary. FTS and T/M Systems design are not mutually
exclusive. Design and test of an FTS to RCC 319-92 will affect the T/M System design.
FTS and T/M Systems’ designers familiar with RCC 319-92 can avoid the difficulties
caused by non-compliance of the standard by taking an early, integrated system approach
to design and qualification. As the Commonality Standard itself states, "Users who do not
comply with this requirement risk rejection of their FTS."
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ABSTRACT
A real-time telemetry simulator of the IUS spacecraft has recently entered operation to
train Flight Control Teams for the 1aunch of the AXAF telescope from the Shuttle. The
simulator has proven to be a successful higher fidelity implementation of its predecessor,
while affirming the rapid development methodology used in its design. Although
composed of COTS hardware and software, the system simulates the full breadth of the
mission: Launch, Pre-Deployment-Checkout, Burn Sequence, and AXAF/IUS
separation. Realism is increased through patching the system into the operations facility
to simulate IUS telemetry, Shuttle telemetry, and the Tracking Station link (commands
and status message).
KEY WORDS
Telemetry Simulators, Commercial Off The Shelf (COTS) Systems, Real-Time
Simulation, Inertial Upper Stage (IUS), and Space Shuttle

INTRODUCTION
The Inertial Upper Stage (IUS) is an unmanned, two-stage high altitude booster used in
conjunction with either the Shuttle or Titan launch vehicles. It is propelled by two solid
rocket motors, inertially navigated, and controlled in three axes. The IUS, pictured in
Figure 1 below, can deliver a spacecraft of over 5000 pounds from a Shuttle or Titan IV
park orbit to geostationary orbit. The IUS has also been used to launch spacecraft on

interplanetary trajectories. The IUS includes significant redundancy in its systems, to
improve reliability. There are two versions of the IUS avionics currently in the inventory.
The first, which will fly on the STS-93/IUS-27/AXAF (Advanced X-Ray Astrophysics
Facility) mission, uses dual computers and a separate Redundant Inertial Measurement
Unit (RIMU). The second, which will fly on the TIVB/IUS-21/DSP mission, uses an
integrated Flight Controller (FC) with MIL-STD 1750A processors and ring-laser gyros.
The IUS program uses a sizable Flight Control Team (FCT) made up of government and
contractor personnel. In order to assure that this team is prepared to respond to in-flight
anomalies, a number of launch simulations are performed prior to each mission. These
rehearsals involve the use of a simulator to generate nominal IUS telemetry and allow the
introduction of simulated failures. The FCT identifies the failure, generates plans for
mitigating the problem, and executes the plans, including transmission of commands to
the simulated vehicle to modify the vehicle configuration.
In December 1997, the original database driven
system used to simulate IUS telemetry was
upgraded to a much higher fidelity dynamic
simulator. The realism of launch exercises using the
simulator is enhanced by the fact that the unit is
patched into the commanding and telemetry
systems of the operations facility, Onizuka Air
Station. Across this “patched presence”, the
simulator produces three separate telemetry
streams: IUS spacecraft, Shuttle Customer
Ancillary Services (CAS), and the bi-directional
Automated Remote Tracking Station (ARTS) link. IUS telemetry is periodic, frame
synchronized, with sub-sub commutation, contains 1200-1600 measurands, and has
selectable rates of 16 or 64 KBPS. The Shuttle CAS frame is a packetized, NRZL
stream, populated with 9 NASCOM blocks, and is sent at a rate of 56 KBPS, The
simulated ARTS link provides an interface for vehicle commands, and broadcasts a
1/sec status message at 9.6 KBPS.
There are two versions of the new IUS Telemetry Simulation System (I-TSS), one for the
Flight Controller/Titan configuration (IFTSS), and one for the RIMU/Shuttle/AXAF
configuration (IATSS). Both systems were constructed using the same design
methodology, which involves a unique integration of Commercial Off The Shelf (COTS)
hardware and software, yet simulates the complete mission scenario. In the case of the
IATSS, this includes Launch, Pre-Deployment-Checkout, Deployment from the Shuttle,
a series of SRM, RCS and Vernier burns, and AXAF/IUS separation. To date, the
system has completed several simulation exercises, ranging from six to ten hours in
duration. This paper outlines not only the performance capabilities of the operational

system, but also how these capabilities were rapidly and cost effectively implemented
utilizing commercially available software and hardware.
Development Methodology
The design of the IUS telemetry simulator involved the integration of COTS hardware
components with software developed through use of Computer Aided Software
Engineering (CASE) tools. The MatrixX SystemBuild graphical programming
environment and AutoCode code generation tool were used to develop approximately
75% of the coded subsystems. The graphic environment also provided a platform to
synthesize code developed not only in a block diagram format, but hand-written code
and legacy code. For the IUS simulator, the calculation of data to mimic the spacecraft
and space environment was coded in the graphical environment. However, a database
method was utilized to actually process this data into a telemetry format, which was more
convenient and efficient to hand code. The hand-coded subsystems are represented as
“code blocks” at the graphic level, which enables the graphic environment to act as the
focal point for software integration. Once converted from FORTRAN to C, portions of
the IUS flight code were similarly integrated as “code blocks” at the graphic level.
Developing code in this fashion allowed specific sub-systems to be constructed in the
most efficient manner possible, while gathering them in an easily documented and
intuitively navigable environment.
This methodology relies heavily on the rapid prototyping capability provided by
automatic code generation tools. In general, designs can be modified and quickly tested
when re-coding a specific implementation involves only a simple command line directive.
Additional features of code generators include the ability to use the same graphic code to
produce code in multiple languages and for multiple operating systems as well. For the
IUS telemetry simulator, the graphical portion of the code generated 77,407 lines of C
code, which was compiled and linked with other individually compiled “code blocks”
(23,368 lines), forming the executable code and scheduler.
Regarding hardware, the IUS simulation system was designed such that it could make
use of exclusively commercially available components. This focussed the development
process on integration issues, reducing cost and time associated with designing low
volume, application specific hardware. An industry standard VME backplane was chosen
for the simulator chassis. The basis of this decision stems from the wide ranging
availability of products and customer support, as well as the specific performance
capabilities of VME systems. Similarly, PowerPC based VME boards, and Greenspring
IP products were used to accomplish the bulk of the processing and I/0 functions. The
system architecture is shown in Figure 2 below, and detailed in the following section.
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Figure 2: Simulator Architecture and Communications
System Architecture
The IUS simulator architecture has two primary nodes. The “host” system, typically a
workstation, is where code development takes place. The “target” system is a multiprocessing platform where the simulation code runs in real-time. The host system also
functions as the GUI interface to the target, so that an operator may interact with the
simulation once it is initiated. An ethernet connection is used to connect the target and
host system, and several protocols are used to complete the code transfer. The
executable is sent across via TFTP, and the telemetry and simulation initialization
databases are transferred by NFS. Once the code is downloaded, the simulation
connects the Graphical User Interface (GUI) on the host to the target across a TCP/IP
net, termed “ianet”, which is also used by the Scriptor/text based interface.
The target system supports three basic functions: real-time processing of the code,
communication with the host and I/O with the operations facility. The target system
utilizes a VME back plane, and three PowerPC 604e 100 MHz processors. The
executable code is downloaded to the three processors through transition modules,
which provide the interface from the host/ethernet to the target/VME environment. One
VME serial carrier board houses four IP-MP serial HDLC cards, one for each of the
telemetry streams (IUS, Shuttle and ARTS) and one for command reception. An IRIG-B
board allows the simulator GMT time to be synched with that of the facility.

Although there are two simulator configurations, the hardware architecture between them
remains exactly the same, and the bulk of the code retains similar functionality. The
majority of the simulation code can be broken up into five categories:
A. Models that describe the space environment and vehicle dynamics
B. Models that describe the degree to which the IUS hardware can measure and
interact with the space environment
C. Models of the flight software and flight CPU, that demonstrate how the software
interprets information from the hardware, and the ground, and then emulates the
appropriate decision making algorithms
D. Models and code that assemble and transmit spacecraft telemetry
E. Models and code that simulate how the spacecraft receives and executes
commands originating from the ground segment, astronauts or flight software
Dynamics and Spacecraft Models
Category A models, also termed “Truth” models, are constructed from first principal
equations. They keep track of the space environment as well as the dynamics governing
the vehicles and other modeled components of the simulation. Model examples include:
• Six Degree of Freedom (6DOF) Dynamics
• Quaternion propagation of attitude, including the Euler Angle equivalents
• Orbit position, computed using J5 gravity perturbation equations for an oblate
Earth, and solved for using a fourth order Runge-Kutta method
• Summation of forces and moments due to solar and lunar position, as well as
vehicle Solid Rocket Motor (SRM) and Reaction Control System (RCS)
• Changes in the Center of Gravity due to spacecraft mass changing as a function
of accumulated thruster on-times and staging
The spacecraft hardware models, which make up Category B, represent approximately
35% of the telemetry stream, and include elements of the attitude control and
determination system, as well as the overall propulsion systems and instrument packages
onboard the spacecraft. The IUS has five accelerometers and five gyros, which are
modeled to the degree that they take into A/D, D/A conversion of delta-angles and deltavelocities to counts. There are 12 RCS thrusters, used for attitude control and Vernier
burns, and two SRM motors. Many of the systems have the capability to allow anomalies
to be induced “on-the-fly”, such as failing the upstream or downstream portion of the
valve on any of the 12 thrusters, on either the A or B side of the spacecraft.
A large number of the hardware telemetry points for IUS are associated with the
Electrical Power System (EPS) of the vehicle. The EPS was modeled in great detail to
capture the behavior of the major electrical components. A generic battery model was
used to simulate the battery output voltage versus the current charge. Graphic control is
provided to the simulator operator to control the efficiency and the charge left for each

battery. The battery model is used to drive the bus model. The simulator includes models
for Stage 1 and 2 Avionics Bus, Stage 2 Utility Bus, Stage 1 Spacecraft Bus, and an
Ordnance Bus for both the primary and redundant sides of the IUS. Bus current is
determined by the sum of the current generated by the fixed and switched loads of each
bus. A Power Distribution Model is used to propagate the effects of commands to
hardware devices. Telemetry measurements and scaling are performed to prepare the
data to be used by the Signal Conditioning Unit (SCU) model.
The SCU model includes the signal conditioning models for data that is passed to
telemetry, and also the processing required to properly identify and execute commands
received from either the command link or the flight software. The SCU model also is
duplicated to simulate the primary and redundant configurations found in the vehicle’s
hardware. The telemetry signal conditioning function of the SCU includes models for
analog and digital muxes. Each mux can be failed so that all the associated channels are
set to a desired state by using the simulator GUI. Bus voltage is also used to scale analog
signals and resolve the state of digital signals. Commands are executed via a Relay
Matrix. The state of the individual Relay Matrix channels on either primary or secondary
sides can be forced to a specific state through the simulator GUI display, allowing the
operator the capability to simulate the failure of specific commands. This causes the
FCT to operate the remainder of the mission with a reduced level of commanding.
In the IATSS version, there are additional models to simulate the EPS interface between
the orbiter and IUS, and the 6DOF Dynamics relating the Shuttle and IUS while mated in
orbit. The GUI interface to the simulator contains a series of panels that accurately
replicate the functionality of the Aft Flight Deck panels in the Orbiter. These include the
Power Control Panel (PCP), the Communication Interface Uplink (CIU), Payload
Retention Control (PRC) and Standard Switch Panels 1 and 2 (SSP1, SSP2). The bulk
of the interaction involves shadowing Astronaut interaction as they manipulate the PCP to
power up the IUS/AXAF, and transfer it to internal power. Through the CIU, the “Sim
Astronauts” can also send commands to the IUS, and through using the PCP, they can
raise the IUS/AXAF on the Tilt Table to a 58 degree inclination, release the umbilicals,
and fire the pyro devices, all in preparation for deploy. The “Sim Pilot” can maneuver the
Orbiter to a deploy attitude, or any other orientation that is definable as a pitch, yaw, and
roll offset from either a Local Vertical, Local Horizontal (LVLH) or Inertially Held (IH)
reference frame. The Shuttle models interact with telemetry in two ways. First, state
vector, attitude and similar information regarding the Orbiter fills the appropriate portions
of the Shuttle CAS telemetry stream. Second, the IUS Ground Support Equipment
(GSE) compares in real-time both IUS and CAS telemetry.

IUS Flight Software
Type C Models simulate the functionality of the IUS flight software, which includes
guidance, navigation, control, mission sequencing, communications and on-board
testing. In some circumstances, it was deemed a less complicated task to re-host IUS
software from available FORTRAN or Ada code, instead of simulating the flight
software functionality with graphically generated code. For example, Gamma Guidance,
which does the on-board targeting for the IUS, is a non-linear equation solver, which
requires approximately 10,000 lines of FORTRAN. In the simulator development
process, a bulk FORTRAN-to-C conversion was accomplished, followed by hand
review and verification of the functionality. This was significantly easier than attempting
to model the complex formulation of the Gamma Guidance algorithms at the graphical
programming level.
Many other flight software functions are not nearly so complex, and were emulated using
the graphical programming environment. These include attitude control, mission
sequencing, and navigation. Attitude control includes different control modes for Thrust
Vector Control (TVC), used during SRM burns, and the RCS thrusters used at other
times. Mission sequencing involves several linked lists of mission events, which are
executed in the appropriate sequence to activate various IUS functions. Navigation
includes mapping from 5 sensors to three-body axis, allowing introduction of low-level
sensor anomalies. An additional function added for the IATSS is the Pre-deploy
checkout. This is an automatic series of tests performed while still in the Shuttle bay that
verifies IUS readiness for flight. These tests exercise the TVC and Relay Matrix on both
of the redundant avionics strings. A combination of graphical and hand-written code is
used to mimic the checkout function and allow the insertion of a number of pre-built
anomalies.
Telemetry Simulation
The states of flight software values are assembled in conjunction with data from the
spacecraft hardware models to populate the telemetry frames. Models and hand code
that construct the telemetry frames are termed Type D models. Figure 3 depicts the
assemblage of NASA and Air Force components that the IATSS simulates during a
launch rehearsal.
For the IUS vehicle, the simulator produces two telemetry formats, 64K and 16K. Both
of these formats are continuously synchronous, periodic, sub-sub commutated, NRZL
coded bit streams. The 64K wave train consists of 4 major frames. Each 64K major
frame consists of 50 minor frames. Each 64K minor frame consists of 160 eight-bit
words. The entire 64K master frame contains 32000 8-bit words, and takes 4 seconds to
complete. A given measurand in the 64K format will report in telemetry at a rate of 50,
25, 2, 1, .5, or .25 Hertz. The 16K wave train consists of 8 major frames. Each 16K
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Figure 3. “Patched Presence” of IATSS at Operations Facility
major frame consists of 25 minor frames. Each 16K minor frame consists of 80 eight-bit
words. The entire 16K master frame contains 16000 eight-bit words and takes 2 seconds
to complete. A given measurand in the 16K format will report in telemetry at a rate of 25,
13, 12, 1, .5, .25, or .125 Hertz. The simulator collects and outputs measurands from the
models so that measurands of the same rate groups, especially the navigation
measurands, are consistent, synchronized sets, even though they may appear in different
minor and major frames.
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Figure 4. Description of IUS Telemetry Frames

The telemetry stream is configured by reading flat ASCII human readable text files during
initialization, and constructing run-time in-memory databases optimized for use during
real-time execution. Three types of database files are used to configure the simulated IUS
telemetry stream:
• For each telemetry format there is a wave train file, 64K.wtr and 16K.wtr. These files
specify the frame sizes, synch patterns, and frame counter parameters.
• The User Data Base (UDB) file describes all telemetry measurands. For IUS, a perl
script was written to automatically build the UDB file from information in the IUS
Master Telemetry File (MTF). This file contains an entry for each measurand,
stipulating its unique simulation index, bit length, start bit and data type. This entry
also contains wave-train parameters for each wave-train format, including word
offsets, and intervals within the minor, major and master frames. Aliases for
measurands are also specified in this file.
• The SystemBuild User (SBU) files are used to interface between the graphic code
environment and the hand coded telemetry output code. Each of these files
corresponds to a specific hand coded “code block” in the graphic code environment
that collects a subset of modeled telemetry points. An SBU file contains a list of
Simulation Indexes corresponding to the list of signal names (which are telemetry
measurands or aliases) used in the graphic code environment.
A telemetry conversion function is installed on each measurand instance based on the
measurand’s data type (read in from the UDB file). This conversion function is
responsible for converting measurand engineering values produced by the graphic code
environment, to the binary form that the actual IUS vehicle outputs in telemetry (based on
the data type of the measurand). The following data types are used in the IUS telemetry
simulator: 0) Unsigned Integer (Arbitrary length) 1) Delco Floating Point 32 bit Single
Precision 2) Delco Floating Point 64 bit Double Precision 3) 1750 Floating Point 32 bit
Single Precision 4) 1750 Floating Point 48 bit Double Precision 5) Two’s Complement.
The DOD IFTSS and “clear” IATSS simulators both have the same telemetry wave-train
formats, so they both use the same 16K.wtr and 64K.wtr files. However, each of these
IUS vehicles has its own MTF, with different measurand locations and data types.
Therefore a different simulator UDB file is generated for each mission. One major
difference is that AXAF has a Delco flight computer, so it outputs Delco Floats in
telemetry, and FC has a 1750A computer, so it outputs 1750 Floats.
The IATSS also supports a CAS (Customer Ancillary Services) telemetry stream for
Shuttle Orbiter data. The CAS data is transmitted at a rate of 56K bits per second and
uses NRZL encoding. One CAS message is transmitted per second. Each CAS message
is formatted into NASCOM blocks. The number of NASCOM blocks contained in the
CAS messages can range from one to eleven, and is determined by the number of blocks

needed to contain the several measurands in the CAS message. The IATSS is currently
configured for 9 NASCOM blocks.
The ARTS stations, in addition to receiving telemetry from the vehicles, produce a
telemetry stream or status message, once they have been signaled by the operations
facility. Contact is made by sending a Set Asynchronous Response Mode (SARM)
message, and the ARTS station responds with a 1/sec status message. The contents of
this message include antenna pointing information, receiver lock, uplink power, range and
rate information, and the status of the link configuration (command tones, frequency,
modulation indexes etc). In addition to the Type D code that assembles the status
message, there is Type A (dynamics) and Type B (hardware) models at work, simulating
the site visibility, closed loop antenna tracking of the IUS, atmospheric signal attenuation,
and antenna gain patterns. There are three ARTS stations model, which can be run
simultaneously, allowing for “hot hand-overs”. The position/identity of the ARTS can be
switched on the fly to any of eleven pre-programmed locations, or set manually with
latitude, longitude and altitude GUI panel inputs.
Spacecraft Commanding
A portion of the ARTS code can also be categorized as Type E (Command Modeling)
because the ARTS stations are the primary command path used during a launch
rehearsal. The Shuttle CIU panel mentioned above is also used to send commands to the
IUS. Two additional command methods are available, which allow the simulation team to
inject commands at any time: through a GUI Commanding Panel, and through the
Scriptor, which provides an alternative text based interface to the entire simulation
environment. When commands are received through the ARTS path, they are transmitted
from the operations facility Ground Support Equipment (GSE), and read into the IATSS
by a serial card. A driver decodes the serial stream and allows the command software to
match up the commands with the IUS Command Database, and trigger the appropriate
functionality, such as changes in software values, or enabling the EPS/SCU to generate
voltages to fire off Relay Matrix commands. Commanding from the simulator GUI panel
interface is as easy as entering a four digit command ID on that panel that matches the
IUS On Orbit Handbook (OOH) ID for that command. The command is injected into the
models of the IUS command handling software, and the Vehicle Command Count
(VCC) incremented, just as if the command had come across in the conventional manner.
The Scriptor allows commands to be entered into the IUS model in the same manner as
the Command Panel, except that instead of a windows/GUI type of interface, a text
based/command line interface is provided. The functionality of the Scriptor, however,
goes far beyond an alternative IUS commanding interface. The Scriptor provides the user
with a mechanism for overall simulation control, script file invocation, and the capability
to adjust the values in the simulation models. Simulation control consists of pausing,
resuming, Check-pointing, data collection, and fast-forwarding the simulator. Script file

invocation consists of entering the name of a text file “script” that will be parsed and
executed at a particular Mission Elapsed Time (MET). Directives within these scripts
usually alter the value of a model or telemetry parameter, and can be executed
immediately, or set to occur at a time tag referenced in the script. The altered points can
reflect either steady state values, or a dynamic response, called a “trend.”
Trending model values consists of using highly parameterized mathematical functions
(including sinusoidal, polynomial, and exponential) to either drive simulation inputs, or
alter the behavior of nominal telemetry. ALL IUS or CAS telemetry measurands can be
trended by the Scriptor, even if they are not modeled! If a trend is applied to a modeled
telemetry point, the modeled value is over-ridden until the trend duration is expired. The
Scriptor syntax allows the user to trend telemetry values using the actual IUS OOH
textual mnemonic, or any alias for that point that exists in the simulation UDB file. For
example, the user can trend telemetry points which may be less than 8 bits, and starting
anywhere in a telemetry word, without having to be aware of what the value of that
telemetry word is, or what other telemetry points may affect that word. Another example
of Scriptor trend usage is a telemetry point may be trended to have an appropriate prelaunch behavior until launch, at which point the “flight” behavior modeled in the simulator
takes over.
Launch Simulation Operations
IUS flight operations consist of a pre-deploy phase prior to separation from the booster
and a flight phase. In a Shuttle mission, the pre-deploy phase may last more than seven
hours, while for a Titan, the flight phase begins approximately nine minutes after launch.
The IUS Flight Control Team (FCT) includes personnel from Boeing, Lockheed Martin,
Air Force Space Command, and Air Force Materiel Command or NASA. In addition,
the IUS FCT communicates with other centers, including the spacecraft control center,
the launch base, and with Johnson Space Center (JSC) for Shuttle operations.
The IUS simulator is used during all FCT exercises in preparation for a launch. There are
several different levels of exercises that are used to build the team’s readiness for launch.
The first exercises/launch simulations are internal, IUS only, “standalone” exercises.
After several of these exercises, the spacecraft center is included in several “inter-center”
rehearsals. Finally, for Shuttle operations, all centers, including JSC, participate in several
Joint Integrated Simulations that include astronaut crewmembers “flying” the Shuttle
simulator in Houston.
Conclusion
As of April 1998, the IATSS and IFTSS have completed ten successful launch
simulations, each lasting six to ten hours. With each simulation, the Flight Control Team
provides feedback that allows the simulation developers using the rapid prototyping

methodology to continually enhance the fidelity and accuracy of the simulations. New
anomalies are also provided for the simulation team, and work continues to enhance the
overall system. The primary improvements now ongoing include a Checkpointing feature,
and faster than real-time simulation. Check-pointing will provide users with the ability to
save the thousands of states within the simulator to a file, allowing the simulation team to
pre-run simulations, and begin launch exercises at any Mission Elapsed Time of their
choice. The simulation operators will also be able to modify anomalies repeatedly before
an exercise, without waiting up to 8 hours each time to propagate the mission to the same
place as previously. Faster than real-time simulation will provide similar benefits and
allow simulation exercises to be shortened if a portion of the exercise is deemed uneducational enough to warrant “fast forwarding.”
Implementation of the fast forwarding feature represents the utility of using COTS
equipment. In this case, common PC processors hosted on VME cards are continually
undergoing industry funded performance enhancements. The consistency or backwards
compatibility of interfaces in commercial products, and cost reduction based on high
volume sales, are two factors that allow upgrading with minimized risk and financial
impact. Development of the IUS simulator has also served as a forerunner to telemetry
simulation and Hardware In The Loop systems currently being developed for the Air
Force Phillips Laboratory, and China Lake Naval Air Warfare Center.
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Graphical User Interface
High-Level Data Link Control
IUS FC Telemetry Simulation System
IUS AXAF Telemetry Simulation System
Inter Range Instrumentation Group
Industry Pack
Inertial Upper Stage
Kilo Bits Per Second
Mission Elapsed Time
NASA Communication Network
Non Return Zero Low
Reaction Control System
Solid Rocket Motor
Shuttle Transportation System
Transmission Control Protocol/Internet Protocol
Trivial File Transfer Protocol
Thrust Vector Control
VersaModule Eurocard

CONVERSION FROM ENGINEERING UNITS TO TELEMETRY
COUNTS ON DRYDEN FLIGHT SIMULATORS1
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ABSTRACT
Dryden real-time flight simulators encompass the simulation of pulse code modulation
(PCM) telemetry signals. This paper presents a new method whereby the calibration
polynomial (from first to sixth order), representing the conversion from counts to
engineering units (EU), is numerically inverted in real time. The result is less than onecount error for valid EU inputs. The Newton-Raphson method is used to numerically
invert the polynomial. A reverse linear interpolation between the EU limits is used to
obtain an initial value for the desired telemetry count. The method presented here is not
new. What is new is how classical numerical techniques are optimized to take advantage
of modern computer power to perform the desired calculations in real time. This
technique makes the method simple to understand and implement. There are no
interpolation tables to store in memory as in traditional methods. The NASA F-15
simulation converts and transmits over 1000 parameters at 80 times/sec. This paper
presents algorithm development, FORTRAN code, and performance results.
KEYWORDS
PCM Telemetry, Polynomials, Roots of Equations, Numerical Analysis, Newton-Raphson
Method, Flight Simulators, FORTRAN, Real-Time Operation
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Millions of floating point operations per second
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polynomial with real coefficients of order n
For all
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Real number
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INTRODUCTION

NASA Dryden Flight Research Center (DFRC), Edwards, California, flight simulators
encompass the simulation of pulse code modulation (PCM) telemetry signals. These
signal streams contain data relating to accelerations, velocities, and other vehicle states.
The streams, along with voice, video, and simulated radar data, are used to rehearse for
actual flight missions and to train control room personnel, so they can become familiar
with expected values and learn emergency procedures.
A PCM system is an electronic device mounted in a vehicle that converts analog
measurements into digital counts, or scaled integers that represent state values of the
vehicle. These counts are transmitted through a radio signal to a ground station for realtime tracking and data archival. Control room personnel use this information to determine
if the vehicle is operating correctly. In a flight simulator, the vehicle states are calculated
and stored as floating point numbers. The process of converting the analog measurements
into counts is programmed into the flight simulation in order to mimic the behavior of a
PCM system.
Before a PCM system can be used, it must first be calibrated. Calibration consists of
matching count values to their corresponding real-world analog values. These values are
called engineering units (EU). Ideally, the PCM system should cover the entire range of
the expected values of the physical parameter being measured. The PCM systems
measure their transmission resolution in number of bits. That means the device can count
from 0 to 2n ! 1 where n is the number of bits. The total counts is thus 2n. The majority
of PCM systems range from 10 to 20 bits of resolution. These counts correspond to
ranging from 1 part in 1,024 to 1 part in 1,048,576 because 210 = 1024 . 103 and 220 =
1,048,576 . 106.

The zero value would correspond to the one extreme value of the physical parameter, and
the 2n ! 1 value would correspond with the other extreme value. In practice, the entire
domain is not used. For example for a 10-bit PCM system, the count domain of interest
might be from 50 to 800 instead of 0 to 1023. The majority of the time, the relationship
between the counts and the EU is linear, In cases where the relationship is not linear, a
polynomial curve fit is performed on the counts and EU data pairs. This paper addresses
the question of conversion from EU to counts when the relationship is a polynomial. The
polynomial is valid for all count values that are bounded by the lower count limit and the
upper count limit. The returned value is the corresponding EU value. The form of the
polynomial is
EU = Pn (x)œx , [L,U]

(1)

where x is counts, and L,U are count bounds.
The ideal solution is to solve equation (1) in closed form when given the coefficients. For
polynomials of degree 5 or higher, a fast numerical method that yields the root that lies
within the minimum and maximum counts value would be desirable. Modern computers,
used for real-time flight simulation, compute at speeds over 20 MFLOPS/CPU (scalar)
with 15 decimal digits of precision. In a typical flight simulation, multiple CPU are used to
distribute the workload. One CPU simulates the engine; another, the aerodynamic forces
on the aircraft; and still another, the navigation. A dedicated CPU is used for simulating
the PCM stream.
A typical NASA DFRC simulation has 100 to 1500 parameters that are converted every
frame. The frame rate ranges from 80 to 200 Hz. The conversion polynomials range from
first to sixth order with the majority of nonlinear polynomials being second and third
order. The simulation is hosted on a computer equipped with 128 MB of memory and
four to eight 64-bit CPU running at 195 MHz. The computing power of one CPU is
sufficient to give the simulation engineer the ability to numerically solve these polynomials
in real time through a quadratic convergent or more efficient numerical method provided
the polynomials fulfill certain conditions.
STATEMENT OF PROBLEM
The objective of this research is to develop a method of solving equation (1) for x
numerically in real time, for each parameter, such that the absolute error of the solution is
less than 1 count. The count domain, EU range, polynomial, and EU value to be
converted into a count are known. The EU value of interest must he within the EU range.
The main condition on the polynomial is that it is monotonic, increasing or decreasing for
all counts within the count range. Here monotonic means that for counts within the counts

domain, the slope of the polynomial does not change sign, and the slope is never equal to
zero over a non-zero interval. If this condition were not met, then there would be two
different counts that correspond to the same EU value. In formal notation, the conditions
are as follows:
EU_MIN, the minimum expected value of parameter being measured;
EU_MAX, the maximum expected value of parameter being measured
count value L such that Pn (L) = EU_MIN;
count value U such that Pn (U) = EU_MAX;
monotonic polynomial Pn (x) œx , [L, U], n $1; and
EU , U such that Pn(L) # EU # Pn(U).
Linear interpolation is a common technique currently used on flight simulators to perform
the conversion. The basis of this technique is as follows:
1. During initialization, generate a table containing (Pn (x), x) for x = L to x = U with m
evenly spaced entries. The simulation engineer chooses the value for m. This value
is based on accuracy needs and computer memory usage. Note that the table
entries are reversed.
2. During run time, perform a linear interpolation using the EU value and the generated
table to obtain the required counts value.
This technique has the advantage of being very simple to implement because it is the same
technique used to obtain coefficient values from aerodynamic tables. The main
disadvantages are as follows:
1. Depending on size of m for each parameter, the method consumes large amounts
of computer memory. For example in cases with 1000 parameters, each parameter
generates an interpolation table of 64 entries. Storage for 128 numbers is required
for each parameter. Assuming each number is a floating point type (e.g.
FORTRAN’s REAL*4) and consumes 4 bytes of computer memory, 512,000
bytes (0.5 MB) is used for the entire simulation. Note that the coefficients used to
generate the interpolation tables can be erased from computer memory once the
tables have been generated.

2. Further complexity is introduced by using a different value for m for each
parameter. This value would be another number for the simulation program to
track.
3. Careful analysis must be made to ensure that m is large enough to return a result to
within the desired error. To minimize the error for a given m, uneven spacing in the
interval is needed.
4. The larger m is, the longer the interpolation takes. The majority of linear
interpolation methods perform a linear search within the interval to find the correct
subdivision before the actual interpolation takes place. The run time for this would
be on the order of m (O(m)). For advanced search schemes, such as bisection, the
run time would be O(log(m)). Programming techniques can reduce these times;
however, increased complexity and memory usage will result.
The method given in this paper overcomes these limitations. Memory usage is limited to
storing the coefficients of Pn (x), the order of the polynomial, the values of L, U and EU.
Run time is a function of the order of the polynomial only for a given computer platform.
SOLUTION
The solution is to numerically solve equation (1) directly either by closed-form solution or
with an iteration scheme. For polynomials of first and second order, the well-known linear
and quadratic formulae are used. For third order and higher, the Newton-Raphson method
is used.
In the linear case, the equation
y = ax+b

(2)

is solved through
x = (y ! b) /a

(3)

which involves two floating point calculations.
In the quadratic case, only one of the roots of the quadratic formula is computed. For the
equation,
y = ax2 + bx + c

(4)

the general solution is
x = [!b ± %(b2 ! 4a(c ! y))] /(2a)

(5)

For the polynomial P2 (x), only one of the roots lie in the interval bounded by L and U.
One of the conditions cited by equation (1) is that Pn (x) be strictly monotonic, increasing
or decreasing for all x in [L,U]. This requirement prevents having the slope be zero within
a subinterval of the stated interval. Thus, Pn (x) will have a unique inverse for all EU in
[EU_MIN, EU_MAX].
If L#U, then the desired root to P2 (x) will be
x = [!b + %(b2 !4a (c) !y))] / (2a)

(6)

Otherwise, P2 (x) will be

x = [!b ! %(b2 !4a (c !y))] / (2a)

(7)

The most time-consuming part of this calculation for real-time computation is the square
root.
For polynomials of third degree or higher, numerical methods are used. It is possible to
solve third- and fourth-order polynomials in closed form, but the formulae involve
radicals and trigonometric functions. This approach is too time consuming for real-time
use and would not lend itself to being generalized for higher order polynomials. Because
only the root that lies within [L,U] is desired, a numerical method, such as NewtonRaphson or Halley’s, can be used.
Two main concerns exist when using numerical techniques in real-time calculations: (1)
convergence to root within precision and (2) time constraints and robustness of algorithm.
Halley’s method requires the calculation of not only Pn (x) but also MPn(x) /Mx and
M2Pn(x) /Mx2. Halley’s method enjoys cubic convergence; that is, the number of correct
digits triple after every iteration for x near xans where xans is the root. In general, the quicker
the method converges, the more critical it is that the initial approximation to the root be as
close to the actual root as possible. This brittleness can be somewhat overcome by using
the Newton-Raphson method1 which is quadratic convergent. Newton’s method is as
follows:
For y = f (x) = 0, x = x ! f (x) / s(x)
where s(x) = Mf (x) / Mx for x0 near x and

(8)

where x0 is the initial approximation of the root.
For Pn (x), the following two questions arise:
C How is x0 selected when given Pn (x), L, U?
C How are Pn (x) and MPn (x) / Mx evaluated quickly?
One of the conditions on Pn (x) is that it be monotonic within [L,U]. From this condition,
the existence of a unique inverse in the interval [EU_MIN,EU_MAX] is known. Assuming
that
EU_MIN#EU#EU_MAX

(9)

where EU is the engineering units value whose corresponding count is sought, construct
the equation of a fine using the points {(EU_MIN,L),(EU_MAX,U) giving
m = (U ! L)/(EU_MAX-EU_MIN)
b = L !EU_MIN*m
x0 = m * z + b

(10)

Evaluate equation (10) at z = EU to obtain the initial root to Pn (x). Once x0 has been
derived from equation (10), iterate using equation (8), where f (x) = Pn (x) !EU until
convergent.
The evaluation of Pn (x) and MPn (x) / Mx can be sped up by use of Hörner’s notation. For
a polynomial,
Pn (x) = anxn + an-1xn-1 + an-2xn-2 + ...a0

(11)

The polynomial can be rewritten as follows:
Pn (x) = (((anx +an!1)x + an!2)x + an!3...) +a0

(12)

Equation (12) enables computation of Pn (x), using n multiplications and n additions. To
compute MPn(x) / Mx through Hörner’s notation, equation (13) is used.
M xn / Mx = nxn!1

(13)

This computation gives
MPn (x) / Mx = [[[ann @ x + an!1 (n ! 1)]x + an!2 (n ! 2)]...a1]

(14)

Equations (12) and (14) enable one to evaluate a polynomial and its derivative without
direct calculation of integral powers. This evaluation results in increased performance as
multiplication takes fewer CPU cycles than evaluation of powers.
Numerical experimentation has shown that four iterations are sufficient to obtain a result
that differs from the actual root by less then 0.5 counts. This result is then rounded to the
nearest integer before being returned to the calling program.
IMPLEMENTATION IN FORTRAN
The appendix contains the FORTRAN listing of the method as used at DFRC. This
method consists of three routines: PLYSLV which solves the polynomial, PLYEVL
which evaluates the polynomial at the selected point through Hörner’s notation, and
PLYSLP which evaluates both Pn (x) and MPn (x) / Mx at the same time to reduce
subroutine calling overhead.
The inputs for PLYSLV are as follows:
CTMIN — The value of CT_MIN expressed as a double precision number.
CTMAX — The value of CT_MAX expressed as a double precision number.
COEF — The double precision array of coefficients of the polynomial where COEF(0) is
the constant term.
N — The order of the polynomial expressed as an integer.
X — The EU value input.
The returned value is the solution of equation (15)
Pn (x) !EU=0

(15)

expressed as a double precision number where x is bounded by CTMIN and CTMAX

As an example to solve the polynomial
P3(x) = 8.9617387E!8x3 ! 2.5674509E!4x2 + 0.80511892x !106.4193

(16)

where CTMIN = 0, CTMAX = 1023
P3 (CTMIN) = !106.4193, and P3 (CTMAX) = 544.470472738 are generated. Solving for
EU 0.0 is required. The root that lies in [!106.4193, 544.470472738] is x = 137.955 which
when rounded is 138 counts.
PERFORMANCE
This method was tested on a computer with a 64-bit microprocessor running at 195 MHz.
Compilation and optimizations flags were used to obtain maximum performance. A small
main program was written that takes the following input:
C The polynomial coefficients and order of polynomial
C The values for EU MIN and EU MAX
C The number of steps, M
The program varies the EU value from EU_MIN to EU_MAX along M evenly divided
steps. This variance prevents the optimizer from optimizing away any calculations and
serves to simulate a slowly varying EU value. For all cases, M = 107.
Order of Polynomial

Solutions/Sec

6
5
4
3
2
1

588,000
714,000
769,000
909,000
3,030,000
9,090,000

Remarks
Highest order tested

Lowest order using iteration
Quadratic formula used
Linear solution

CONCLUSION
The method presented here to convert from engineering units values to counts have the
advantages of (1) greatly reduced memory usage as linear interpolation tables are not used
and (2) removal of errors caused by linear interpolation. These attributes allow the
simulated pulse code modulated stream to be compared with actual aircraft-generated

streams to determine the difference in behavior between flight simulation models and
actual aircraft. The main disadvantage of the method is that a great deal of computer
power is required to solve the higher order polynomials in real time. As computer
performance improves because of technical advances, the power demand of the method
will be less of a concern.
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APPENDIX
The FORTRAN-77 listing for converting from engineering units to telemetry counts is
given in this appendix.
DOUBLE PRECISION FUNCTION PLYSLV(CTMIN,CTMAXCOEF,N,X)
IMPLICIT NONE
DOUBLE PRECISION CTMIN,CTMAX,X
DOUBLE PRECISION ANS,A,B,C,T,D,E,Y,S
DOUBLE PRECISION PMIN,PMAX,XM,XB
INTEGER N,I
DOUBLE PRECISION COEF(0:N)
DOUBLE PRECISION PLYEVL
C
C

CTMIN and CTMAX are arranged such that
Pn(CTMIN) < Pn(CTMAX)
ANS=0.0D0
IF (N .EQ. 1) THEN
A=COEF(l)
B=COEF(0)
ANS=(X-B)/A
GOTO 900
END IF
IF (N .EQ. 2) THEN
A=COEF(2)
B=COEF(l)
C=COEF(0)-X
T=2.0D0*A

D=-B
E=DSQRT(B*B-4.0D0*A*C)
IF (CTMIN .LE. CTMAX) THEN
ANS=(D+E)/T
ELSE
ANS=(D-E)/T
END IF
GOTO 900
END IF
C
C
C
C
C

Perform a reverse linear interpolation
between the points [CTMIN,Pn(CTMIN)]
and [CTMAX,Pn(CTMAX)] using the value
of X (number to be solved for) to generate
X0 (initial value of counts value).

100

PMIN=PLYEVL(COEF,N,CTMIN)
PMAX=PLYEVL(COEF,N,CTMAX)
XM=(CTMAX-CTMIN)/(PMAX-PMIN
XB=CTMIN-PMIN*XM
ANS=XM*X+XB
DO 100 I=1,4
CALL PLYSLP(COEF,N,ANS,Y,S)
ANS=ANS-(Y-X)/S
CONTINUE

900

PLYSLV=ANS
RETURN
END

C

******************************************************
SUBROUTINE PLYSLP(C,N,X,S,T)
IMPLICIT NONE
DOUBLE PRECISION X,S,T
INTEGER N,I
DOUBLE PRECISION C(0:N)

C
C
C

This subroutine will compute the value of
Pn(x),dPn(x)/dx when given:
Coefficients with C(0) being the constant

C
C
C
C
C
C
C

100

C

term, N is the Order of the Polynomial
and X is the value to evaluate at.
Outputs: S is Pn(x), T is dPn(x)/dx
This subroutine is for solving polynomials
of order 4-6 for PCM conversion.
N must be > 1.
23-MAY-1997
S=C(N)
T=S*DBLE(N)
DO I 00 I=N-1, 1,-I
S=S*X+C(I)
T=T*X+C(I)*DBLE(l)
CONTINUE
S=S*X+C(0)
RETURN
END
*****************************************
DOUBLE PRECISION FUNCTION PLYEVL(C,N,X)
IMPLICIT NONE
DOUBLE PRECISION S,X
INTEGER N,I
DOUBLE PRECISION C(0:N)

100

S=C(N)
DO 100 I=N-1,0,-l
S=S*X+C(I)
CONTINUE
PLYEVL=S
RETURN
END
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ABSTRACT
Complete real time testing of a telemetry tracking system typically requires the use of a
cooperative target operating under conditions specially set up to simulate actual flight
scenarios. This is a very expensive, time-consuming process and does not necessarily
exercise all of the functions and capabilities available in new digital antenna controllers.
This paper introduces Radar Environment Simulator technology and its application to
testing of telemetry tracking systems. Measured results are shown, demonstrating that
operational environment simulation is a valuable approach to quickly and effectively
characterize the real time operation of a telemetry tracking system.
KEY WORDS
Environment simulation, autotracking, pedestal performance envelope, real time
INTRODUCTION
The tracking functions of a telemetry antenna rely on a handful of inputs that are made
available to the Antenna Control Unit (ACU). These signals originate from a set of
interactions that the antenna/pedestal has with the target during a tracking event. Natural
phenomena such as weather and multipath then modulate the signal before it passes
through the antenna and is applied to the receiver terminals and then the ACU.
In the Telemetry Environment Simulator (TES), a virtual environment is created by
accounting for all these phenomena in an overall environment model, and concatenating
the effects along with the effects of dynamic beam scan to produce an output for

consumption by the ACU. The result is that the antenna/pedestal system performs its
functions in a controlled environment that is designed to test the limits of the tracking
system performance envelope. This technique has long been used in Radar Environment
Simulators, for which the technology was developed.
The immediate benefit of the TES is that the performance envelope of a pedestal can be
thoroughly measured and characterized by a stand-alone device. This applies to new
pedestals coming off the manufacturing line as well as to pedestals that have been in
service and require quantitative characterization of performance for a variety of reasons.
A second benefit relates to the newer Antenna Control Unit (ACU) capabilities.
Sophisticated control algorithm development which can be now supported in the ACU
can be effectively implemented using the TES as an integration tool to measure the
dynamic response characteristics of the antenna/pedestal and iterate towards an optimal
solution. This allows the controller to squeeze more performance out of an
antenna/pedestal system than a classical linear approach would allow.
Considerations For A Virtual Environment
There is a minimal set of signals that need to be considered to create a virtual environment
for an ACU:
1)

Scan reference signal(s) to indicate the instantaneous scanned position of the beam.

2)

The average strength of the received signal (AGC).

3)

The modulation imparted to the received signal by the scanning beam (AM).

4)

The position of the antenna as reported by some position feedback device, be it
encoder, resolver or synchro.

Signals 2 and 3 emanate from the TES and are fed to the ACU under test, while signals 4
and 5 are fed to the TES. Signal(s) 1 depend(s) on the specifics of each unique antenna
feed and can emanate from or be provided to the ACU under test.
The application and operation of the Telemetry Environment Simulator (TES) is best
described in block diagram fashion.

Figure 1 -

Typical Application of Telemetry Environment Simulator
(TES). Dotted Lines Show RF Signal Injection Path.

Typical Telemetry Environment Simulator (TES) Application
Figure 1 provides a schematic representation of how the TES fits into a typical
application. The characterization of the antenna/pedestal can happen by using either video
signals to inject into the ACU, or at the RF level, injecting signals directly into the feed by
means of a small antenna placed in the shadowed region of the feed. In either event the
ACU operates in its normal mode, and is unaware of the presence of the TES.
Signal Generation At Video. Here the TES paints the RF environment for the ACU in the
form of AM and AGC signals only, based on the feedback from the pedestal position
sensor and the RF state of the feed. The RF chain is assumed to be a perfect
transmission medium, with negligible contribution to the overall performance of the
antenna/pedestal dynamics.
In most Telemetry applications the link is of sufficient fidelity (high SNR and bandwidth
>> antenna/pedestal positioner bandwidth) that this level of test is sufficient to
characterize the operational envelope of the ACU-pedestal.

Signal Generation at RF. When the overall RF-to-video response needs to be considered
in the performance assessment, the TES is used to modulate an RF source and is fed into
the antenna feed by means of a small antenna placed in the center of the reflector.
Some antenna systems have a small test antenna used to simulate the downlink. This is an
ideal place to inject TES modulated RF signals.
Functional Description of the TES
The functional description of the TES can be broken into 2 portions. The hardware is
best described in block schematic fashion as in Figure 2. The computer is a Pentium-100
single board computer. There is a Malibu Research developed pedestal interface board
used to translate the pedestal signals, the same as would an ACU, and the multi channel
D/A converter board is commercially available. The standard PC power supply, hard
disk, floppy and display are used in conventional fashion. A software description of the
TES is shown in Figure 3. The code segments are broken in modular fashion to the task
level as indicated in the diagram. The simulator has been built in both DOS and Windows
95 environments and uses COTS software to the maximum extent possible. Data display,
analysis and database management is provided through a commercially available program
suite customized to the TES.

Figure 2 - Functional Block Diagram of TES Hardware

Figure 3 - Functional Description of Telemetry Environment Simulator
(TES) Operation

A brief description of each code segment has been provided below.
Code Segment Description
User Interface - Provides all the tools necessary to pick scenarios, control TES
functions, and display the collected data. This module is used to configure the TES
to fit the application. The antenna size, pedestal type, feedback description and
origin of scan reference signals is selected by the user.
Get Real Time Reference - Uses the real time clock to advance the scenario
parameters. The present increment is set at 0.1 sec.
Advance Target Position - This advances the scenario that has been placed in
program memory by the user interface. During each cycle the timer is consulted.
Every 100 mS, the next position in the scenario file is used as the operating target
position.
Display Target Position - Here, the target position is simply placed on the screen
for user visual feedback.

Figure 4 - Pictorial Description of AM Generation in the TES

Display Antenna Position - A similar function places the antenna position on the
screen as well.
Get Hardware Status - Some Telemetry systems have multiple antennas, each with
different characteristics. This routine allows selection of 1 of 5 antenna patterns on
a real time basis.
Compute Beam Modulation and Set Outputs - This routine computes the angular
distance between the beam position and the target position, and appropriately
weighs the expected target intensity (as read from the scenario file) by computing
an index corresponding to this distance and looking up the amplitude on the
appropriate antenna pattern file to provide the value to the output port. Figure 4
describes this process. The AGC is derived by exponentially averaging the AM
over user defined time constants.

Record Critical Parameters - This routine records the pertinent parameters for
display and analysis. The following entities are recorded:
General parameters:
Target parameters:
Pedestal parameters:

Date and time of test, name of scenario,
Time, az, el, AGC
Az, el, antenna state (for multi-antenna systems)

The data is stored in memory and saved to storage media at the end of the
scenario. The data is then recalled as desired by the user either through the user
interface, or separately through any data analysis or spreadsheet program.
Display Expected AM & AGC Waveforms - The user is provided a visual
indication of what he might see on an oscilloscope connected to the AM and the
scan references. This display is invaluable during troubleshooting.
Move to Next Beam Position - The TES beam scan sequence emulates that of an
electronically scanned feed. The TES is constantly sequencing between its 4
beams, whether the reference signals are provided from the feed or generated
internally. This sequence is the basis for generating the AM, which is pictorially
described in Figure 4.
How the TES is Used
The TES is driven from an ASCII scenario file that can be generated off-line. In this file,
the target is “flown” through the desired path, using time, Az, El and signal strength to
describe the target completely. In the development of the TES, we found a useful suite of
scenarios that can characterize virtually any pedestal:
a)

Stationary target - This scenario proves invaluable when the ACU/pedestal are first
integrated as a set. This scenario is the first one that we use in our integration
process. The target emulates an RF source at a fixed point in space.

b)

Azimuth rate - The target is made to fly around the pedestal at a fixed elevation.
Though different accelerations can be used as the target is first made visible to the
TES, the most stressful is one where the target is moving at the full rate as soon as
it becomes “visible” to the ACU.

c)

Elevation rate - Same as “b”, but for the elevation axis.

d)

Simultaneous azimuth, elevation operation... both axes simultaneously.

e)

Multipath - Here, the target position is purposely dipped below the horizon
periodically to simulate a low elevation angle track over water. Though our target
has smooth angular behavior, the target position can be made to “glisten” using
available surface scattering models, depending on the degree of realism desired.

f)

Fade - The signal strength is made to move through nulls of increasing duration.
We have found 5 secs to be an acceptable fade duration in the community.

g)

Overhead - Here, the target is made to fly through great circles so that the pedestal
lies just outside the plane of the great circle in varying amounts. This set of
scenarios are specially useful in testing the “plunge” mode on some of our
controllers that can track at elevations above 90 degrees.

h)

High performance craft - This scenario is especially useful in checking the efficacy
of the tracking loop. An “airplane” is flown close to the pedestal so that the angular
rates of the target exceed the pedestal’s capabilities, often in the near overhead
condition. In some multi-antenna tracking systems, a wider beamwidth acquisition
aid antenna takes over until the signal has re-appeared in the main antenna. The TES
has the capability to switch antenna patterns as the antenna system wants to test the
integrity of this plan. But, in cases where there is no acquisition aid antenna, the
tracking loop can predict where the target will be and point the antenna accordingly
so as to acquire the target after it has passed through the “caustic” point in the
pedestal mechanism.

i)

Step, ramp & impulse response - The target is made to go through maneuvers that
are impossible in the real world so the classic pedestal responses can be recorded.
The importance of this class of tests seems to be fading into the background as the
ability to emulate actual scenarios has become available.

i)

Frequency response - As the heading implies, the target position oscillates with
increasing frequency. The classic “Bode Plot” parameters can be recorded.

Once the scenario suite is chosen, the TES is run with those scenarios and the output is
analyzed. From this data set, the pedestal specification parameters are calculated and if
satisfactory, the entire response profile is saved as a piece of the internal acceptance test
data.

From an overall system sense, application of the TES becomes a powerful tool when an
expected target path is programmed, and the tracking error is measured and plotted over
the duration of the trajectory, revealing trends or systematic performance nulls in the
pedestal coverage envelope.
The productization process of the TES has progressed to the point where the equipment
(including the flat panel display) is contained in an equipment case that can be carried on
board commercial aircraft. Malibu Research looks to the TES as a vital piece of
equipment used to characterize field installations as they happen, and then as benchmarks
for quality assurance as the equipment ages in the field.
Tracking Loop Optimization Using the TES
Presented below is a case where the TES has been used to optimize an autotracking loop.
The application was a shipboard autotracking system without inertial stabilization. The
target acquisition was assumed to have been provided through an external source by a
commanded designation. Since the system was fixed on the ship deck, the apparent target
position was expected to move corresponding to the motion of the ship.
Simulation of Sea State 5 Dynamics
A sea state 5 motion was simulated for a DDG class ship. This was done by inverse FFT
operations performed on a set of random samples. The scenario duration was first
chosen, then the expected frequency content was then determined (Ref.1).
Scenario length =
100 secs (arbitrary) = 1000 samples at .1 sec update rate
Expected roll period = 7 secs (Ref.1)
Expected pitch period = 14 secs
The 7 sec period corresponds to approximately 14.5 cycles of roll motion during a 100
sec period. Therefore, the first 145 filters of a 1000 filter frequency domain representation
of the ship’s roll would have content and the remaining filters would be zero amplitude
(See Figure 5).
For computational convenience, 1024 samples were used. When played out this would
correspond to 102.4 secs vs the planned 100 secs. Then, the first 145 filters were filled
with spectrally weighted random numbers (for both I and Q components) and an inverse
FFT was performed. The result was a time waveform representative of ship’s roll motion.
The peak amplitude was then scaled to the levels indicated in Ref.1.

Figure 5 - Pictorial Description of AM Waveform Generation

A similar approach was used to create pitch motion. Then, the 2 axes were properly
coordinate transformed to provide elevation and azimuth components relative to the
pedestal reference frame. The target, which was relatively motionless for the duration of
the test, then appeared to move in the elevation and azimuth antenna axes as a function of
the ship’s pitch and roll motion. This information was used to generate a scenario file and
the autotrack loop was run while the antenna tracked the virtual target.
Figure 6 shows the performance of the tracking loop before it was optimized. The 2 larger
magnitude traces describe the apparent path of the target and the antenna’s path while
tracking the target. The smaller magnitude waveform is the residual error in the track. The
antenna beamwidth was approximately 5 degrees, and as can be readily seen, the error
magnitude is large, and would cause significant modulation in the received signal,
probably resulting in loss of data. In this instance, the tracking loop was purposely made
sloppy (low forward gain) to demonstrate the operation of the TES. A typical pedestal
autotracking loop properly matched to its mission would have less error residue.
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Figure 6 - Pedestal Response in Simulated ASea State 5" Conditions
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Figure 7 - Pedestal Response Quantifiably Improved With Modified Tracking Algorithm

When the tracking loop was modified to include velocity and acceleration estimates, the
pedestal was able to “predict” a change in direction, and was able to keep up with the
target even though the loop gain was far from optimal. Note that the two larger amplitude
traces in Fig.7 are now virtual overlays, and the smaller amplitude “error residue”
waveform is only 20% of what it was in the Fig.6.
This example illustrates how the TES was used to improve the track quality of resource
limited pedestal, by iterating on the nature of the tracking loop. The TES was able to
provide visibility to the critical parameter, the tracking error, to allow the developer to
optimize the outcome.
CONCLUSION
The Telemetry Environment Simulator (TES) approach to Telemetry positioner analysis
opens an easy path for exhaustive performance bench marking. A portable TES system
not only serves as an efficient field integration tool, but allows quantitative comparison
between pedestals. As performance history gets complied, the true “lifetime” of pedestal
systems will become apparent, exposing the effects of age induced degradation. The
overall quality of the tracking system positioner can then be maintained at a desired level
by directly tying maintenance to performance.
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ABSTRACT
In computer simulations of communication systems, linear congruential generators and
shift registers are typically used to model noise and data sources. These generators are
often assumed to be close to ideal (i.e. delta correlated), and an insignificant source of
error in the simulation results. The samples generated by these algorithms have non-ideal
autocorrelation functions, which may cause a non-uniform distribution in the data or noise
signals. This error may cause the simulation bit-error-rate (BER) to be artificially high or
low. In this paper, the problem is described through the use of confidence intervals. Tests
are performed on several pseudo-random generators to access which ones are acceptable
for computer simulation.
KEY WORDS
BER estimation, Pseudo-random number generator, Confidence Interval.
INTRODUCTION
Pseudo-random number (PN) generators are commonly used in computer simulations.
These generators are not truly random, and will produce periodic output signals. This is
often not a significant problem since the period can be made longer than the execution
time of the simulation. Some statistical characteristics of the PN sequences deviate from
ideal, including the autocorrelation function, power spectral density, probability density
function, mean, variance, and higher order statistical moments. To trust the simulation
results, one must ensure these imperfections do not significantly effect the measurements.
In this paper we are interested in determining if imperfections in PN generators adversely
effect BER measurements. A standard technique used to measure the BER estimate
accurately is the confidence interval. For an α % confidence interval ( α is typically 95%
to 99%), the BER measurement should fall within the confidence band in α % of the

simulations. However, we found that commonly available PN generators can cause the
BER estimate to fall outside the confidence band much more frequently than expected.
Some of the non-ideal PN generator attributes listed above lead to a non-ideal distribution
in the data and noise sources, and may ultimately causes the BER estimate to be artificially
high or low.
PN GENERATORS AND CONFIDENCE INTERVALS
Most commonly used methods in generating a PN sequence are linear congruential and
multiplicative congruential methods. For a linear congruential method, a number x 0 is
chosen as a seed or starting number of the sequence, then subsequent numbers can be
generated using the algorithm
x i +1 = (a xi + c ) mod m

0 < a , ci < m , xi < m

(1)

where a, c, and m are called the multiplier, the increment, and the modulus, respectively. If
a, c, and m are properly chosen, the linear congruential algorithm will generate a sequence
of numbers distributed between 0 and m-1 with a maximum length period of m (e.g. the
sequence will repeat the same pattern every m time index). If the increment, c, is set to
zero, the generator is called a multiplicative congruential generator. In this case xi cannot
be assigned to zero, or the subsequent output will be perpetually fixed at this value. The
maximum period of the multiplicative generator is reduced to m-1. From a sequence
generated by either the linear congruential generator or the multiplicative congruential
generator, a uniformly distributed sequence {ui} can be produced by
ui =

xi
.
m

(2)

The sequence {ui} is uniformly distributed between 0 and 1. An error sequence {ei} with a
BER of p can then be generated from {ui} by
1
ei = 
0

if u i ≤ p
if u i > p

(3)

where 1 denotes error. The sequence {ei} has a Binomial distribution with the mean p.
One problem that may arise when a linear congruential generator or a multiplicative
congruential generator with a long period is used is integer overflow. One way to solve
this problem is to combine two or more generators with relatively short periods together.
Carefully chosen generators will effectively produce a generator with a much longer period
and a better characteristic. One example of this type of generator is Wichmann-Hill
generator [1].

Another way to generate a PN sequence is by using a shift register. The model of an n-bit
shift register generator is shown in Figure 1.

Figure 1: n-bit Shift Register Generator
An n-bit shift register consists of n memory blocks, or registers, and up to n modulo-2
adders. The seed number (in binary form) is placed in these registers and, in every
iteration, the output of the register can be computed as
Output = r1 · g1 ⊕ r2 · g2 ⊕ … ⊕ rn-1 · gn-1 ⊕ rn · gn

(4)

Here ⊕ is an exclusive-OR operator, or modulo-2 adder. To maximize the period of the
generator to 2 n − 1 , select gi to be a primitive polynomial of degree n (also in binary
form).1 On each clock cycle, the value in register ri is shifted to register ri+1. The output of
the shift register is then stored in register r1 . The output sequence has a Binomial
distribution with the mean of 2 n −1 2 n − 1 .
The immediate results from these generators are random bits, or random numbers with
uniform distributions. With some transformation schemes, one can produce random
variables with other statistical distributions such as normal distribution [3].
Once one obtains a BER estimate, the next question is: how accurate is this estimate? A
standard method to measure the accuracy is the confidence interval. For a given α %
confidence level, it will give us the band, or the interval, that the true BER is likely to
reside. The graph of a typical confidence interval is shown in Figure 2.

1

A comprehensive table of primitive polynomials of degree

n ≤ 34 can be found in [2].

Figure 2: Confidence Intervals with Different Confidence Levels for a BER of 10 −2
In Bernoulli trials an error will occur with a probability p. The number of errors after N
trials has a Binomial distribution with a mean of p and the variance of p (1 − p ) N . Let k be
a number of errors observed in these N trials, then the BER estimate for this simulation
is pˆ = k N and an α % confidence interval can be obtained from solving for x from
equations

k

∑
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N

∑
i =k

α
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N  i
N −i
100
 i  x (1 − x ) = 2
 
α
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N  i
100
  x (1 − x )N − i =
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i

for an upper confidence interval and

(5)

for a lower confidence interval.

(6)

However, it is not practical to use (5) and (6) to solve for the confidence interval because
of the computer round off error, which is very significant for N ≥ 35. One way to avoid
this problem is to recognize the cumulative binomial distribution, or the left hand side of
(5) and (6), is an incomplete beta function. One disadvantage of using the incomplete beta
function is that it has the form of a continued fraction, and has to be solved iteratively [4].
This is a numerically demanding task for large N.

As N → ∞, we can use the central limit theorem to approximate the Binomial distribution
with the Gaussian or normal distribution. An equation for the α % confidence interval for
the normal distribution can be found in [3]. Since the confidence interval for the normal
distribution can be computed in one step, it is much faster to compute the confidence
interval in this way than to use the direct method using the Binomial distribution model in
(5) and (6), or the incomplete beta function. It is more desirable to use normal
approximation in the confidence interval calculation, provided that the values of k and N
are not too small. From experiments, the normalized difference of the confidence interval
between the binomial distribution model (incomplete beta function) and the normal
distribution model is less than 0.15 % for k > 1000. This threshold may be used to switch
the calculation methods between binomial distribution and normal distribution to speed up
the calculation without loss of the accuracy.
TESTS
Experiments were performed on several types of commonly used PN generators,
including:
• Linear congruential generator
• Multiplicative congruential generator
• Wichmann-Hill generator
• GNU C++ random number generator – drand48
• Shift registers with various degree n.
• Normal distribution random variable transformed from the uniform random
variable using the modified Box-Muller method [3].
• Normal distribution random variable generated from 99 linear congruential
generator by means of the central limit theorem.
In the experiments, each generator listed above generates 100 different sequences, each
with 106 samples. These sequences are then passes through a routine that measures the
BER and calculates the confidence interval. This routine will also check whether the BER
estimate stays within the confidence band (in present and past time index). If it stays
within the band throughout all 106 samples, then that test is considered “passing the test”.
The examples of the test that do not “pass the test” is shown in Figure 3.

Figure 3: Shift Register with Primitive Polynomial of Degree 20
In Figure 3, we can see that errors rarely occur during the time index 200 to 500. Hence it
pulls the BER estimate as well as the confidence interval down such that the confidence
interval excludes the true BER which is approximately 0.5.
The experiment results from PN generators described above are shown in Table 1.
Table 1: Test Results - 100 tests
Generators

Number of “Pass”

Linear congruential generator

52

drand48

56

Wichmann-Hill generator

47

Shift register degrees 2 – 6*

100%

Shift register degree 7*

98.16%

Shift register degree 8*

97.16%

Shift register degree 9*

92.74%

Shift register degree 20

52

Normal dist. random variable with
modified Box-Muller method
99 linear congruential generators
with Central limit theorem

56
63

Note: * Comprehensive test with all possible seed numbers.
The number of passes shown in the table is not a definite performance index. A generator
with 63 passes is not necessarily better than a generator with 56 passes because these
numbers can vary from one experiment to another. However, the number of tests that do
not remain within the confidence interval is much higher than expected. This may be the
result of the non-ideal characteristics of the PN generators, which may cause the power
spectral density, autocorrelation function and probability density function to all deviate
from ideal. The non-uniform distribution in the data then causes the BER estimate to
swing out of the confidence band.
PN generators with very short periods (small degree of primitive polynomial) always pass
the confidence interval tests. This is also a problem, since a true random number generator
will fail a 99% confidence interval tests in 1% of the simulations. An even more serious
problem with these generators is their short periods cause the autocorrelation and power
spectral density functions to be far from ideal.
CONCLUSION
Long period PN sequences can have very good autocorrelation and power spectral
density properties, but may still be unsuitable for some simulations. In a very simple
simulation, the confidence interval of the BER estimate excluded the true BER far too
frequently. Short period generators do not have as much of a problem satisfying the
confidence interval test, but they generate clearly periodic signals, which usually makes
them unacceptable as noise generators. More work is needed to identify long period
generators that pass the confidence interval tests.
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Abstract
A simplex or ‘passive’ continuous wave and monopulse seeker tracks specific attributes
of a target’s radio frequency (RF) radar return in some coordinate frame. In particular, a
return carries dynamic information in amplitude (ϖ) and frequency (ω) at some point in
azimuth (r,φ) and elevation (r,θ) planes. A passive seeker requires an illuminator beam,
I(ω ο,φ,θ), and may require a frequency modulation on the illuminator.
To model a simplex target return, we have based the dynamics on a point source radar
cross section (RCS) along a line of sight (LoS) radial. The Az and El angles are equivalent
to antenna placement, the attenuation and frequency dynamics are modeled in commercial
off-the-shelf (COTS) software.
KEY WORDS:

1. Doppler
2. automatic gain control (AGC)
3. X-band
Introduction

To model the dynamic radio frequency (RF) field characteristics and generate the field, we
have built an RF test suite (RFTS). The RFTS consists of a suite of Hewlett-Packard™
RF generation, frequency modulation, and acquisition equipment; there is also an 8 by 8
RF switch. Command and control is over an IEEE-488 GPIB. All equipment is controlled
by a central RF Test Executive (RTEx); RTEx is written in National Instruments™
LabVIEW® graphical, G-language.

To simulate a target return with respect to a system under test (SUT), RTEx controls two1
fundamental software modules:
1. Reference signal – Ref2
2. Target return – Tgt

Each module has a control set: {p,ω ,rf,m}; rf:{1} controls RF on/off, m:{α,ω c } controls
an amplitude modulation on the Ref that is not present on Tgt.
There are two simulation cases:
1. static case – the SUT tracks three constant target far-field variables: power,
frequency and angle; we have a set: (p(|r| –2),ω d ,r(|r|,φ,θ)).3
2. dynamic case – the SUT tracks power, frequency, and angle, with variations on
‘initial’ parameters; we have a set: (p,δp,ω d ,δω d ,r(r,δφ,θ)).
Below we briefly discuss the module basis for the dynamic Doppler shifts and power
attenuation as well as the implementation of the Doppler and AGC models in LabVIEW®
on a WinNT 4.0® OS.
Radio Frequency Field Characteristics
For a generator signal, the fundamental field characteristics are amplitude ϖ, or power: p
∝ ϖ 2, and frequency ω . One may begin with a time-harmonic Fourier wave intensity
where:
γ(r,ω,t) = ϖ(r,λ
λ )exp(iω t)4

(1)

For ease of discussion, without loss of generality, we assume unit (120π) characteristic
impedance, then ω(r,λ
λ ) = √p, ω=ω ο where:
γ(r,ω,t) = √p exp(iω οt)

(2)

For Doppler tracking tests, the SUT motion is modeled as frequency shifts, with respect
to an illuminator beam I(ω ο). The AGC tests require automated power attenuation steps
1

There is a 3rd module–electronic countermeasure (ECM), although essential for our tests, ECM is not discussed in this paper.
There are amplitude modulation (AM), frequency modulation (FM), and other phase modulators, which are not discussed in
this paper.
3
Azimuth and elevation are position of the antenna in the lab frame, power is modelled as a function range.
4
We are concerned with the real, projective part of the wave, although the quadrature carries ‘rotational’ information.
2

within the beam. These characteristics are simulated in modules that encapsulate the basic
Tgt and Ref modules; these higher order modules are designated Doppler, Ω, and AGC,
Π.
Doppler Module
A Representation
Mathematically, a Doppler shift may be viewed as a modulation on a carrier. If we
designate a Doppler frequency-time wave as a unit amplitude wave,
±Ω(ωd (t)) = exp(±iω d t); ω d = ω ο(βd (t) ); βd = f(vο ,a,t),

(3)

the Doppler wave phase modulates a carrier, γ. We have a composite wave
Ωγ = exp(i(ω ο+ω d ))t

(4)

The argument of this wave is an additive group of reals, (R,+,0). So if a unique positivie
frequency, ω , is assigned to γ and a real frequency |ω d |<ω of Ω, then modulation forms
a complex multiplicative group, (C,x,1), that is homomorphic to the composite argument
group, that is, we can replace multiplication by addition:
Ωγ⇒ωο+ω d

(5)

In RTEx frequency, dynamics are represented as frequency shifts in a Doppler module as
a functional of variation on the group (ω d /ω ο∈]−1,1[,+,0), modulo some n∈Z:
Ωγ⇒R/Z, along a radial unit, 1. We simply step through frequencies; in our case the
frequency partition is ω = ω ο(1+nβ), n∈]−1,1[ . This is very simple to do using a Glanguage.
Doppler Weights
A wave originates from a point along a unit LoS radial, r = ct; |r| = 1. One may model a
Doppler shift as time delayed pulse positions: td =r/c; and as a normalized velocity (v/c) of
a continuous wave. The two are related in the metric |x4|=0: ∂td /∂t =∂r/c∂t, or
∂td /∂t=β. β is the Doppler shift weight.

Doppler Functional
An inner-product of the normalized velocity and a position vector is designated
Σ(β
β ,1). This is the Doppler functional:
ω d /ω ο=β
β 1•1∈]−1,1[

(6)

A velocity vector, vx, in the illuminator beam, I(ω ο), is coded as a frequency step:
ω d =ω οβ1 ; βx=vx(a,t)/c; where l=1 or 0 designates, respectively, Tgt or Ref. The
illuminator frequency, ω ο, is the center of the variation.
For a passive seeker it is readily shown that
β •1 = 2β1±β0 ≡ β∗ .

(7)

This functional weights ω ο to produce the Doppler frequency shifts.5 The Doppler
module transforms velocities and a center frequency into the Tgt & Ref parameter sets, in
this way, a Doppler module ‘operates’ on signal parameter sets. So for signals
γTgt (r,ω ο,t) & γRef(r,ω ο ,t) a shift in frequency operation is designated
Ω:[γ(r,ω ο,t)]=√p(r/λ
λ )exp(iω o (1+nβ)t), n∈Z

(8)

We are interested in implementing: ω ο(1+nβ), or simply nβ. The implementation in
LabVIEW® is by formula nodes that calculate frequency step values for an HP83731b
generator; this is discussed below.
Lab Frame
In our lab frame, we place a target generator, Tgt:{p,ω ,rf; r(|r|,φ,θ)}, at far-field position
y1
1 , Ref:{ p6,ω ,rf,m; (0,0,0)} is at r = 0, i.e., the SUT. The illuminator, I(ω ο,-x1
1 ) is
7
theoretically at some ‘negative’ far-field range in the SUT azimuth plane. We model β as
a function around these ‘points’.

∗

The azimuth and elevation angles are zero in the lab situation.
Our models are not limited to passive seekers, any ‘simple’ Doppler is permissible.
6
Power on the Ref is of no significance.
7
In practice the Ref signal may be ‘radiated,’ but is usually ‘injected.’
5

Automatic Gain Control Module
For AGC testing, we are concerned with transmitted and received power. A signal of
constant power (p) attenuates along the radial as an inverse square: -α iα j(f(φ,z))p(λ/r)2;
where f(φ,z) is a function of generator channel impedance, and other ‘mismatch’ losses.
Let all channel parameters be grouped into a single function:
h(αiα j f(φ,z),λ,r) ≡ α iα j(f(φ,z))(r/λ
λ )-2

(9)

Where (r/λ
λ ) are dimensionless coordinates, and α iα j are attenuations and gains of the
channel. Compare this with the a version of the Friis equation for power transfer between
a transmitter (tx) and receiver (rx)
Prx = GtxPtxGrxλ2/(4π|r|)2

(10)

The α iα j is a generalization of GtxGrx, that includes the ‘other’ mismatched power
parameters. The (λ
λ /r)2 designates an attenuation of power along all radials, as λ is always
much less then r in an X-band far-field. The f(φ,z) loss is the functional of all other losses,
and designates a ‘dispersion’ of transmitter power through the channel. With this in mind
we designate an AGC operator on a transmitter/receiver system as
Π(α,r,λ) = αiα j(f(φ,z))rx/tx (λ
λ /r)2

(11)

Or using the ‘operator’ notation of the module and the signal equation from above,
Π:[γ*γ] = αiα j(f(φ,z))rx/tx (λ/r)2p

(12)

For the lossless case, using a logarithmic formula
Π:[γ*γ] = logα iα j+log(λ/r)2+logp

(13)

In G-language, we use this addative logarithmic equation as the formula node.
As with the Doppler modules, a dynamic can be implemented in G-language for testing
AGC circuits; if one is concerned with a ‘point of activation,’ the range can be varied in a
simulated LoS motion. For most tests, the power of the HP83731b can simply be step
adjusted to determine the functionality of AGC circuitry.

How RTEx coordinates these dynamics is beyond the scope of this paper. For our
discussion, it suffices that RTEx is a LabVIEW® Test Executive modified for simulating
these two RF motion dynamics by coordinating a sequence of software modules.
Implementation
A Tgt at LoS r(θ,φ) with respect to Ref (SUT) origin (0,0,0). The field is generated in the
HP83731b and radiates from an X-band antenna at r(|r|,φ,θ) in the lab frame.
The Doppler and AGC modules are implemented as LabVIEW Virtual Instruments, or
VI’s that encapsulate the Tgt and Ref VI’s which in turn encapsulate Standard
Commands for Programmable Instrumentation (SCPI) commands of the HP generators.
There are unique HP generators for each of the Tgt & Ref signals; the communication is
via IEEE-488, primarily by the Virtual Instrumentation Standard Architecture (VISA)
interface. The Doppler and AGC modules pass parameters through formula nodes8. All
parameters are input via operator controls as strict Typedef in the LabVIEW® graphical
language. The Typedef may be viewed as a subset of a control parameter set.
Doppler
Static Case
To generate a static ‘Tgt Doppler field’ at r, we shift a carrier at a constant, ω ο β, by
passing three parameter − vTgt ,vRef, ω ο to the modules which transform frequency control
parameters of the HP generators. We pass Ref the parameters vRef, ω ο. One may also
simulate a ‘static acceleration’ along the LoS – increment β of the Tgt manually as a
pseudo-acceleration sequence.
For the static increment T is a pseudo-second: v=a1. Each time increment ω changes
as ∆ω d = ± ω οa/c1, so,
ω = ω ο+Σn n∆ω d
ω = ω ο+ω οa/cΣn; n∈Z
For LoS acceleration the ‘initial’ frequency increments modβ: ω = ω o (1± nβ), in n
pseudo-seconds.

8

A formula node is a LabVIEW structure, in our case: functions.

(14)

Dynamic Case
The dynamic Doppler increments automatically, over an approximate time interval:
T≈∆v/a. In the motion model accelerated velocities are sums: v=vo +aΣT. If we update T
as a sequence over the incremental time: Σ n T=T; n∈N, v accumulates as aΣ n T, that is,
we’ve a discrete-time integral aT. This simulates a real-time LoS acceleration. For an LoS
acceleration the Doppler shifts along the radial as
±∆ω d /∆T=ω ο∆β/∆T

(15)

From above the incremental value is
ω ο(a/c)

(16)

ω =(1/λο)[1± vο±aT]

(17)

The total instantaneous frequency is

We essentially model ω ο(β,∆β,Τ
Τ ). For this motion model, we are not concerned with
angle between the velocity and position vectors.
Automatic Gain Control
The power is also implemented in LabVIEW® over SCPI as a control parameter set; the
set values is calculated from a channel link equation node:
Pt = Pr - 10log α tx/rx + 20log r(m) + 20log fο(ghz) – 10log ch_loss – 10log n(σ2)+k (18)
This essentially allows for either manual or automated sequencing through power levels.
The signal noise rate (SNR) requires known channel losses; these losses are measured
and/or derived. They include: power loss in the RF switch, coaxial cable losses, and the
antenna impedance mismatches, as well as polarization mismatch and noise distributions
n(σ2). The k is a constant dependent upon scale, in our case: 32.44dB.
In the static case, the power can be incremented at the source by selecting a start and step
value on the ‘transmitter’ power level.
There are two dynamic cases, which differ from the static case by allowing either a start
and stop power level with an ‘update rate,’ or by choosing a ‘velocity’ to update the LoS
radial, r(m).

Radial Rates
In time nT the LoS distance, |r| increments as ∆r = v(nT).9 The position updates as
r = ro ± vo nT ± a(nT2)/2

(19)

Where dr/dt must ‘fit’ the ω(β) model. This is not a simple increment, due to the square
of the time parameter.
Time
Of course, dynamic models require a clock and update rates to implement the time
integration for motion. The RTEx models use a partition of time (T) as multiples of
milliseconds,
T = Σ n Σ m nT/m

(21)

Σ m1/m ≡1

(22)

When T=1,

T is the integration time for the functions: v(a,t), & r(v(t),t), incremented in time steps,
1/m; where m is chosen to partition time in multiples of milliseconds – a decimation of
samples. The update time has variance due to the time it takes to execute the Doppler
module and sample the clock. This has been implemented at about 10Hz, our requirement
is .2 to 1Hz rates.
Summary
To simulate RF field dynamics of a target return as tracked by a passive seeker, we have
built exclusively on COTS products. The primary products are Hewlett-Packard RF
equipment, IEEE-488 GPIB, WinNT4.0®, and LabVIEW®.
To simulate LoS Doppler shifts RTEx uses two modules:
1. Static: constant, or manually incremented v with respect to LoS. Each increment
value, ω d represents a Doppler frequency shift around a carrier - ω ο(1±nβ).

9

The samples, s, are usually calculated and stored in a matrix when the Doppler module is active, but may be defaulted to
permanent memories.

2. Dynamic: increment the Doppler ∆ω d in multiples of milliseconds to .1s p
precision, to simulate acceleration along the LoS. These frequency differentials will
range from 1 to approximately 200kHz at rates of 1 to 100Hz/s.
The RTEx controls an AGC module for incrementing power by a set amount. There are
2 ways to increment power levels
1. Static: increment a set of power levels with a start/stop parameter set.
2. Dynamic: an automated sequence through power levels, that update in some
multiples of millisecond time interval, or along a simulated radial distance.
To implement models that permit a full rotation of a velocity field requires a coordinated
motion of antenna, or the switching through an array of antenna. At present, we can only
switch between two antenna; we use this test for verification of ‘angular tracking.’
There is much more to our RFTS system. Three control computers employ a modest
architecture based on the Intel™ Pentium® 586 CPU, the operating system is
Microsoft™ Windows NT 4.0® networked with NetBEUI and SPX/IPX. The central
database is MS Access®; RTEx transfers data and control information to Access through
an SQL bridge, also developed with National Instruments™ SQL Toolkit®. For SUT
command and control, the RFTS employs an SBS™ Pass-1000 avionics simulator IF,
and for telemetry: an SBS Berg® TM IF. All RF switching is through an 8 by 8 matrix by
Cytec™ and time is GPS based, our receiver system is a product by Brandywine™. All
equipment is protected by APC™ uninterruptable power supply’s the system monitors
through a PowerChute® IF.
The operator’s RF IF is very simple, as he never ‘sees’ any module IFs – he simply
presses an ‘open’ button to load a Test Sequence, T_Seq from the RTEx IF. The
sequence modules are listed in a window in order of execution; he then presses a ‘RUN’
button; prompts inform the operator that the test is configured, PASSed/FAILed, and/or
if another test is to be executed. All data logging is conducted post-test, with no further
action required by the operator. This approach to testing will decrease flightline time by
about seven fold.
An engineer can create new T_Seq’s with the RTEx IF by simply ‘renaming’ an old
T_Seq, then set the control parameters on Tgt, Ref, the RF Switch, and Modulator IF’s
as desired and pressing the ‘learn’ button. After the T_Seq is learned, an initialization (.ini)
file is created and associated by name with a sequence (.seq) file. The engineer now sets
the ‘recall’ button on each IF.

For more information contact us at (805) 275-4355, -4450, -4426, or -4427.
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Nomenclature
Module designates a self contained software object that performs a specific operation.
Tgt:{p,ω ,rf; r(|r|,φ,θ)} designates the target & its control set at some position in far-field.
Ref is similar with modulation. r = 0 is the vector position (0,0,0).
A pseudo-time sequence is equivalent to incrementing velocity, or frequency, by integer
multiples of an ‘acceleration.’ If we manually increment an acceleration, this is equivalent
to ‘accelerating samples’ at pseudo-time steps, T=1
1.
The modulation as complex multiplication is a mathematical convenience, as we are
concerned here with the ‘real’ wave form, i.e., a sinusoid, not the ‘Euler wave’ eiθ.
]−1,1[ designates the open interval from –1 to 1 on the reals, R.
A group is a basically a set of elements and unique inverses, e-1, a ‘unit’, say, 1, and a
composition operation, ◊, such that e◊e-1=1. The composition is associative.

A homomorphism between (R,+,0) and the cyclic group (C*,x,1)mod2π: x→eix+2πn , n∈Z.
Note that in our case, we restrict R to ]-1,1[ : ω d /ω ο=β
β 1•1
1 ∈]-1,1[; ω ο/ω ο=1. So if
i1+x
x∈]−1,1[ , and y=1, we have the Doppler map: x+y→e , | x |<1.
Z designates the set of integers.
|xµ|≤0, µ∈{3} is a Minkowski metric, we assume Lorentz signature (-,-,-,+).
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ABSTRACT
This paper describes techniques for error location analysis used in the design and testing
of high-speed instrumentation data recording and communications applications. It focuses
on the differences between common bit error rate testing and new error location analysis.
Examples of techniques presented include separating bit and burst error components,
studying probability of burst occurrences, looking at error free interval occurrence rates
as well as auto-correlating error position. Each technique contributes to a better
understanding of the underlying error phenomenon and enables higher-quality digital
recording and communication. Specific applications in error correction coding emulation,
magnetic media error mapping and systematic error interference are discussed.
KEYWORDS
Bit error rate test, error correction coding, burst error measurement, digital recording test.
INTRODUCTION
Bit error rate testing has been used for many years to evaluate the quality of a digital
recording or communications system. To make these measurements, test data is sent
through the channel under test and the output from the tested channel is compared with
the known test data. A count of inconsistencies (e.g. errors) compared to the total number
of bits sent into the channel is reported as the bit error rate.
BER = Number of Errors / Total Number of Bits (1-1)
Alone, bit error rate is a very rough measure of a digital channel and offers little in
diagnostic information. Today’s modern channels with sophisticated modulation, high
data rates and error correction code processing has demanded increased testing and
analysis capabilities. By studying the exact bit position of each error in a data stream,
analysis algorithms can be used to identify error profiles and relationships that are
otherwise hidden.

BIT OR BURST ERRORS
When first studying error characteristics of a digital channel, classification of errors into
bit or burst categories is particularly helpful. Large burst errors are typically caused by
different underlying physical phenomenon than smaller, more isolated errors. The first
step in separating bit and burst errors is to assign a length to all error burst events.
Classification of error burst event lengths can be done based on the separation between
errors. If the separation between one error and the next error is more than the maximum
allowable error free interval, EFImax, within a burst event, the one error is the “end” of the
current burst event and the next error is the “start” of the next event.
Changing this EFImax can dramatically effect the way errors are interpreted. A larger
EFImax will tend to group more errors together to form larger burst events. A small EFImax
requires that errors be more dense inside bursts and therefore make the burst error criteria
more strict. Once the length is established, errors inside error events with lengths longer
than the minimum burst length, BLmin, are classified as burst errors and all other errors
are non-burst errors.
Results of error characterization in a magnetic recording channel are shown in Figure 1.

Figure 1.
In this example, the burst error statistics vary over the length of the magnetic surface
while the non-burst error statistics remain very constant. This agrees with the physical
understanding of a nominally constant signal to noise ratio of the underlying digital
channel, head and media chemistry, and the unpredictable occurrence of cosmetic surface

defects. Degraded signal to noise ratio causes small isolated errors while surface defects
will inevitably cause larger burst errors.
Knowing the exact length of errors is also a diagnostic clue to the cause of a failure. If all
errors are precisely N bits long, finding the significance of N in the system under test will
typically lead to understanding how N bit long bursts can occur. The length of typical
error bursts and their probability is also a primary data point for designing error
correction coding systems.

Figure 2.
Figure 2 shows a histogram of burst lengths in a typical digital channel. There are less
longer error bursts compared to more frequent shorter error bursts. In order to calculate
the probabilities of error burst occurrence, Pburst , the number of burst events must be
normalized to the total number of bits handed to the channel.
Pburst = Number of Burst Events / Total Number of Bits (2-1)
During error correction coding and interleave design, this measurement is typically
integrated to show the cumulative probability of having any error event greater than or
equal to an event size.
SYSTEMATIC ERRORS
Once bursts are understood, the next step in analyzing a digital channel is to understand
systematic errors versus truly random ones. The probability of a truly random error in a

binary encoded channel can easily be derived. This is the conditional probability that an
expected 1 will be misinterpreted as a 0 and visa versa.
In truly random error environments, each error is completely independent. The
probability of having an error some number of bits away from another error is a
probability distribution function centered at BER-1 bits. This can easily be checked using
error location analysis. By auto-correlating error positions, a histogram can be computed
that shows the number of occurrences of errors at any bit distance away from a given
error.
Consider what happens to this graph when a systematic error occurs. In this case, errors
will tend to appear at an interval related to the systematic nature of the error. This interval
between errors will appear more frequently than any other interval. The auto-correlation
of error position will have spikes in it at this interval. Furthermore, unless errors exactly
occur on these intervals every time, octaves of this interval will also have spikes.

Figure 3.
Figure 3 is an error position auto-correlation found in a transverse-scanning
instrumentation tape recording system. In this recorder, the track scan length is 34,848
bits. A typical cosmetic defect in this application is read during multiple passes of the
head and shows up as systematic errors spaced 34,848 bits apart.
Error auto-correlation can also be used when designing interleaved error correction
systems. The concept behind using a symbol interleave in front of a error correcting
block code is to scramble errors enough within a single set of codewords to make them
appear nearly random. This is typically done by interleaving data through an N-column

by M-row matrix. In these systems, data is filled into the matrix a column at a time and
then read out of the matrix a row at a time. Obviously, this process must be reversed
before user data is recovered.
The close-in error auto-correlation can be used to choose N and M. M is first chosen to be
long enough to handle single bursts or very highly localized errors. Next, the product of
N times M needs to be just less than any highly correlated error burst in the system. In
scanning magnetic tape recording systems, for example, this would be the strong
correlation between errors caused by cosmetic defects on the media surface. In the autocorrelation example above this would yield, M*N < 34,848 bits. This approach would
optimize the interleaving for a single-symbol error corrector. If a multiple symbol error
corrector or erasure processing is used, the values of N or M can be scaled accordingly.
ERROR CORRELATION
Error locations can also be used to correlate errors to other signals in system
environments as well as to specific intervals known to be of interest to the system. For
example, in a scanning tape recording system, correlating the errors to the rotation of the
scanning head can show the probability of error for all offsets around the scan. Errors that
correlate to the scanner demonstrate a dependency that may be attributable to the scanner
or media design.

Figure 4.
Figure 4 shows a correlation of error locations to the scanner of an instrumentation tape
recorder. In this histogram, that certain offsets within the scan had significantly higher
error occurrence than other offsets. The ideal histogram would be a flat line indicating

that all errors are random with respect to the scanner rotational offset. The spikes in
Figure 4 might be due to media or mechanical issues. Changing media during the tests
can differentiate these two potential sources.
Application specific intervals within systems can also strongly correlate to errors. In
digital video modems, for example, MPEG-II packets occur for 188 bytes followed by 6
bytes of error correction codeword overhead. Each packet starts with a sync pattern and
then includes payload data. Errors that correlate to different locations within the packet
length may be caused by system electronics that operate on a packet-by-packet basis.
ERROR CORRECTION CODING EMULATION
Most modern digital channels incorporate error correction handling of some kind. In
order to design an error correction system, the basic statistics of error rates and profiles
obtainable by using error location analysis must first be understood. Error autocorrelation is the best analysis for this purpose.
Once an error corrector is proposed, the next step is to experiment with the chosen
strategy and see how it performs. By knowing the exact bit location of all errors in a
digital channel, these errors can easily be mapped onto interleaving and correcting
mechanisms to see how the error would be handled. For example, an error corrector used
in ID-1 instrumentation recording creates two N=118 byte and M=153 byte tables. Each
table supports an inner code correction for up to 3 byte errors and an outer code
correction for up to 4 byte errors.
During bit error analysis, errors can be inserted into a hypothetical table inside the error
analyzer based on its exact bit location. Each table can then be studied to remove
correctable errors from further analysis. In this way, corrected error performance can be
studied on a digital channel before committing to expensive hardware solutions.
ERROR MAPPING
By mapping errors onto a 2-dimensional display it is easy to interpret the physical
relationship of error phenomenon. In a scanning magnetic tape recording system, a 2dimensional mapping can be created that maps error location to the actual media surface.
Figure 5 shows an example of errors found in a digital channel mapped onto the format as
the data was recorded onto the tape. Scratches, cosmetic defects and random errors can
all be clearly identified.

Figure 5.
By using image processing techniques, zooming and panning methods can be used that
allow viewing the gross-level performance of an experiment down to the bit-for-bit detail
of a single defect.
In order to perform this mapping, the incoming data stream must be blocked into tracks.
This can be done by assigning a particular number of bits to each data track or by
providing another signal to define the track boundaries. In this example, the number of
bits per track is well known to be 34,848.
INTERFACING
Interfacing digital recorders or communications channels for error location analysis is no
different than interfacing for ordinary bit error rate testers and is easily accomplished at
rates up to 625 Mbit/sec. Typically the device under tests accepts the digital clock and
data from the test pattern generator and the device under test’s output digital clock and
data is handed back to the bit error analyzing device.
Some issues in interfacing for modern communications systems and instrumentation
recorders are very important. For example, 8-bit or 16-bit parallel clock and data
interfaces are very common for instrumentation recording systems making traditional bitserial BER testers unusable. Also, many modems are designed for application-specific
use so test patterns must be devised that simulate real data by obeying data format/coding

rules as well as packetization. This means that testing with traditional pseudo-random
data sequences cannot be done.
CONCLUSION
Enhanced error location analysis should be used when designing or diagnosing digital
channels used in communications or recording systems. This approach leads to accurate
designs, efficient and predictable design cycles and fast fault isolation. Furthermore, error
location analysis is as easy to use as traditional bit error rate testers and improvements in
interfacing features allow error analysis in difficult to interface applications.
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Abstract
This paper evaluates the use of Reed-Solomon error correcting codes as a
countermeasure for the bursty errors caused by multipath fading seen in aeronautical
telemetry channels. The tradeoff between code rate and interleaving depth is analyzed and
an equation for predicting the code rate given a fixed burst length and interleaving depth is
presented. Close agreement is found between predictions made by this equation and
simulated results.
Introduction
A Reed-Solomon code defined over GF(2m), the Galois Field of order 2m, has a
natural length of N = 2m ! 1 symbols, each symbol being composed of log2 (2m) = m-bits
[1]. An (N, K) Reed-Solomon code accepts K m-bit information symbols and appends
N ! K m-bit parity symbols to form an N m-bit symbol codeword. An (N, K) ReedSolomon code can correct t=
symbol errors in an N symbol block. Reed-Solomon
codes are particularly effective against bursty data because they correct symbols which
are several bits long regardless of how many bit errors there are within the symbol. Thus,
correcting a single symbol in a Reed-Solomon code can correct a burst of m consecutive
bit errors. On real aeronautical telemetry channels, errors occur in bursts. The result is that
some codewords have more errors than the code can correct and a large number of the
following codewords have no errors. The interleaver spreads out the burst so that there
are more codewords with errors, but the number of errors in each codeword is small
enough to be corrected.
Figure 1 is an illustration of an I x N block interleaver. Each row of the interleaver array
holds an entire codeword. I is referred to as the degree of interleaving or interleaving
depth and indicates the number of codewords across which the burst is being spread.

Figure 1: I x N Block Interleaver

Figure 2: Multipath Channel Configuration and Plot of *H ( f )*2for ( = (0 ! .05B
Symbols are read into the interleaver in rows and then read out of the bottom of the
interleaver by columns. A pair of symbols which were adjacent previous to being
interleaved now have I symbols from I ! 1 other codewords between them. In
transmission, multipath fading causes a burst of symbol errors. Since the N symbols from
a codeword are space I symbols apart by the interleaver, the burst causes a few errors in
all the codewords rather than all the errors in a few codewords. At the de-interleaver,
symbols are again read in by rows, this time of length I, and read out by columns of
length N. This puts the data stream back into the original order.
There are costs associated with implementing error correction codes and interleaving
data. To increase the number of errors a code can correct within a single codeword, K
K
must be reduced. The result is a lower effective data rate, !R
N b, where Rb is the bit rate.
Decreasing K also increases the complexity of the hardware required to implement the
code. Interleaving may reduce the code rate required to achieve a particular probability of
bit error, but the cost is a non-zero delay equal to NmI /Rb seconds.

Effects of the Channel on the Transrnitted Signal
The PCM/FM aeronautical multipath channel is often modeled as the sum of a line-ofsight (LOS) signal and a single specular reflection as illustrated in Figure 2 [2, 3, 4]. The
specular reflection differs in phase from LOS because of the time difference in path
lengths, J, and because of the phase shift imposed by the reflecting surface, (. The
reflecting surface also attenuates the specular component by an amount '. The equivalent
complex baseband channel impulse response is [4]
(1)
where f0 is the PCM/FM carrier frequency. The squared magnitude of the Fourier
transform of h(t) is
(2)
which has a null at

(3)
as illustrated in Figure 2. Equation (3) shows the dependence of the location of the null on
f0, J, and (. As J and ( vary during flight, the location of the null also varies. In many
applications, ( varies constantly and at a rate much faster than J changes so that the null
appears to “sweep” through the PCM/FM spectrum from time to time. When the null is
outside the signal bandwidth, transmissions remain error-free. However, when the null
enters the signal bandwidth, errors occur at a very high rate. The result is long periods of
error-free transmission interrupted by error bursts.
Let (0 be the phase difference which places the null in the center of the signal
spectrum. Simulation results for unfiltered PCM/FM with frequency deviation of 0.35Rb,
' = 0.99, and ' /Tb = 0.1 show that when ( is in the interval ((0 ! 0.32B, (0 + 0.32B) we
see errors. This interval corresponds to null locations at frequencies f0 ! 1.35Rb # f # f0
+ 1.35Rb. Suppose the null sweeps through the signal spectrum at a rate of RS Hz/sec.
This will produce an error burst of length
(4)

Code Rate Analysis
While the null is present within the bandwidth of the signal, there is some average
symbol error rate PB. Let x represent the duration of the error burst as defined in Equation
(4). The worst case scenario occurs when the errors are grouped in such a way that they
are contained within a minimum number of codewords. Thus, a sweep duration x of less
than Nm bits would occur entirely within a single codeword rather than at the end of one
codeword and the beginning of the following codeword. Sweep durations of more than
Nm bits would be contained within [x / Nm] codewords rather than [x / Nm] + 1
codewords. This requires the code to correct a maximum amount of errors per
codeword. For some degree of interleaving I, the average symbol error rate would be
reduced to

(5)
assuming there is a single error burst within the I interleaved codewords. This assumption
is based on observations made during tests conducted at Edwards AFB where error
bursts were separated by long periods of error-free transmission. Equation (5) indicates
that NI should always be greater than x/m symbols in order for interleaving to reduce the
average symbol error rate. This coincides with intuition because for NI less than or equal
to x/m, the burst is not being spread over any error-free codewords; thus the average
symbol error rate is not being reduced.
The code has to correct an average of NPI symbol errors per codeword after
de-interleaving. In order to correct these errors, the error correcting capability, t, must be
at least [NPI]. Since a t-error correcting Reed-Solomon code has message length
K = N !2t, the resulting code rate required for a given sweep rate and interleaving depth
would be

(6)
For a fixed sweep rate, this equation shows that the code rate approaches 1 as the
interleaving depth approaches 4.
For example, error bursts seen in [5] were on the order of 500,000 bits or more.
Bursts of this length would either require a codeword longer than 500,000 bits with a very
low code rate, or a high interleaving depth. Since codes of this length are impractical, it is
reasonable to choose a moderate code length and adjust the interleaving depth to allow
increased error correction. Using a length 255 8-bit symbol Reed-Solomon code on a

10 Mbps channel, a code rate of 1/2 would require an interleaving depth of approximately
I = 550 with a resulting delay of about 100 ms in order to correct a burst of 500,000 bit
errors. Doubling the interleaving depth to I = 1100 would increase the code rate to 0.75
while also doubling the interleaving delay.
The effect of the code rate is to reduce the actual data rate of the channel. Suppose a
1 Mbps data rate is specified for data transmission. If the code rate is 1/2, this means that
the channel would actually have to operate at 2 Mbps since only 1/2 of the bits in each
transmitted codeword are information and the rest are used for the m-bit parity symbols.
This code rate doubles the required bandwidth of the channel. To transmit 1 Mbps of
information over a channel with a code rate of 1/10, the channel would have to operate at
10 Mbps. Thus, increasing the error correction capability of a code which as a result
decreases the code rate has the effect of expanding the required channel bandwidth by a
factor of 1/RC. Another option is to fix the code rate at some acceptable level, possibly
determined by bandwidth limitations, and adjust the interleaving depth so that t is
sufficient to correct the number of errors per codeword after de-interleaving. As stated
previously, increasing I causes a non-zero delay of NMI /Rb seconds. Thus, there is a
trade-off between required bandwidth and the delay introduced by interleaving. This
tradeoff is illustrated in Figure 3 where Rb = 10 Mbps and bandwidth is 1.78Rb as defined
in [6] for NRZ PCM/FM data with no premodulation filter and frequency deviation of
0.35Rb. This figure shows that in order to reduce the required bandwidth the amount of
delay must increase and vice versa.
Simulation Analysis
In simulations conducted for this paper, the specular reflection had constant
differential path delay J = 10 ns, attenuation factor '= 0.99, and a linearly increasing
phase (. The bit rate was normalized to Rb = 10Mbps. A linear sweep was chosen to
correspond with multipath fading as seen in a spectrum analyzer output recorded during
an F-16 test flight at Edwards AFB [5, 7]. White Gaussian noise was also added to the
channel so that the SNR was 12 dB yielding a bit error rate of less than 10-6. Simulations
were conducted at complex baseband using a length 255 Reed-Solomon code and bytesymbol block interleaving. Figure 4 shows a block diagram of the simulated transmitter,
channel, and receiver. Figure 5 plots simulation results versus those predicted by Equation
(6) for a sweep rate of 27 GHz/sec and PB = 0.56. It is evident from Figure 5 that the
code rate is asymptotically approaching 1 as the interleave depth increases toward 4. This
agrees with the behavior of Equation (6).

Figure 3: Bandwidth Expansion vs Interleaving Delay for Sweep Rate of 27 GHz/sec

Figure 4: Block Diagram of PCM/FM Aeronautical Communication System

Figure 5: Simulated vs Predicted Code Rates for Sweep Rate of 27 GHz/sec
Conclusions
It is evident from Figure 5 that there is close agreement between the code rates
predicted by equation 6 and simulation results. The small differences between predicted
and simulated results can be attributed to the fact that the symbol error rate is a random
variable and therefore deviates from its average value. Also, Figure 3 demonstrates the
trade-off between required bandwidth and interleaving delay. Code rates close to 1 use the
channel bandwidth more efficiently because the majority of bits transmitted actually
represent information, but longer interleaving delays are required to achieve these code
rates. As the amount of delay is decreased, the required channel bandwidth grows. Since
code lengths greater than 255 bytes are beyond what is commercially available, error
bursts of lengths such as those seen in [5] must be handled with longer interleaving depths
rather than longer codewords. In applications where the bandwidth is fixed and very little
of this bandwidth can be sacrificed due to a code rate much less than 1, we are forced to
deal with some non-zero delay due to interleaving.
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ABSTRACT
This paper analyzes the performance of a modified correlation, or delay-locked loop
(DLL). These devices typically cross-correlate the received signal with a differentiated
version of the originally transmitted signal. This paper describes some interesting
properties the loop assumes when the differentiator is replaced by a Hilbert transform.
The loop will still track the timing offset of the code, but it will also be able to acquire the
signal when the initial offset is greater than one chip time. The new loop may also be
superior to traditional DLL in low SNR environments, since it is much less likely to lose
lock. Since the new loop is highly non-linear, it is studied through the use of computer
simulations.
KEY WORDS
Acquisition, Correlation Loops, ELDLL, S-curves, Lock, Hilbert Transforms

1. INTRODUCTION
In many problems of time-delay tracking and position measurement, it is necessary to
measure the delay difference between two versions of the same signal. Correlation loops,
as shown in Fig. 1, are commonly used to perform this operation. In these loops a
differentiated and delayed receiver-generated replica of the transmitted signal, s x (t ) ,
multiplies the received signal, r (t) = P s x (t − τ ) + n (t) . The DC, or low frequency, terms at
the multiplier output provide an error signal that can keep the loop in lock.

r(t ) =

P s x ( t − τ ) + n( t )

Loop
Filter

∧
d
s X (t −τ )
dt
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Figure 1: Generalized Correlation Loop
Correlation loops can be used to track sinusoidal carriers, square waves, data sequences and random
codes. It is impractical to differentiate a PN code, or any signal that has discontinuities. The derivative
of these signals consists of a series of impulses. In these systems, the derivative is often approximated as
a finite difference operation, as illustrated in Fig. 2. To more carefully study the dynamics of these
loops, one typically uses a baseband equivalent model, as shown in Fig.3. The difference between a true
differentiator and a finite difference operation will be seen in the form of the non-linearity used.
r(t ) =

P s x ( t − τ ) + n( t )

Loop
Filter
∆T
)−
2
∧
∆T
s X (t − τ −
)
2
∧
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Figure 2: Finite Difference Loop

The main purpose of the differentiator is to generate a 90° phase shift, which will in turn
generate an odd non-linearity in the baseband loop. There are many filters besides
differentiators that supply the same phase shift. This work replaces the differentiator with
a Hilbert transform.
To see the impact of replacing the differentiator by a Hilbert transform, one needs to
calculate the response of the new non-linear amplifier, or loop S-curve. The S-curve is
the cross-correlation function between the signals at the input and output of the Hilbert
transform. This calculation is performed in section 2. After finding this function, we will

see the loop has the interesting property of remaining in lock, and acquiring
synchronization even when the time offset is many chip times. Section 3 investigates the
acquisition performance of one of these loops.
τ
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K
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∧

τ

∫
Figure 3: Baseband Model
2. ANALYSIS OF MODIFIED LOOP

The loop model for analysis is shown in the Fig. 4. The original periodic signal is s x (t) ,
and the received signal is r (t) = P s x (t − τ ) + n (t). Both of the signals are periodic with a
period of T seconds. The additive white Gaussian noise term, n (t ) , has a two-sided
spectrum of N o / 2 watts/hertz. The local waveform generator produces a PN code and the
filter H(f) is a Hilbert transform.
The control function that will drive the loop into lock, e(t) , is the filtered version of the
multiplier
∧

∧

P Ks X ( t − τ ) s L (t − τ (t )) + Kn( t ) s L ( t − τ ( t )).

(1)

The precise calculation of e(t) is rather tedious. This function can be approximated by the
cross-correlation function of the input signal and the local waveform, R XL (τ ) . By
definition, the cross correlation function is
RXL (τ ) = E[s X ( t − τ ) s L ( t )]

(2)

r ( t ) = P s X (t − τ ) + n (t )
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Figure 4: Loop Model for analysis
where E []. denotes the statistical expectation. Since these signals are periodic, the cross
correlation function is
RXL (τ ) =

1
T

T

∫s

X

( t − τ ) sL (t )dt

(3)

0

This cross correlation function can be found analytically, or numerically, and resembles
the curve shown in Fig. 5. This curve has many interesting properties – for example it
remains non-zero over a very wide range. The S-Curve is difficult to linearize, since the
slope at the origin is infinite. These two properties suggest the loop may acquire signals
when they are far from lock, but it will probably require computer simulation to carefully
study this nonlinear device.
3. ACQUISITION PERFORMANCE
Acquisition is a code timing search mode where by the received PN code is brought into
approximate time alignment with the incoming signal. Most correlation loops will not
acquire a signal if the initial time offset is more than one or two chip times. This loop will
acquire over a much larger range. In the computer simulations, the chip time was
arbitrarily set to one second. The acquisition performance of the modified loop was
studied by observing the acquisition time at different SNR and loop bandwidths. Since
the new loop has infinite slope at the origin, it is highly nonlinear. The 3-dB bandwidth of
the loop is determined by making a linear assumption. Figure 6 shows the acquisition
performance for a first order loop. The loop acquires in both a noise free environment,
and when small amounts of noise are injected. In some cases the injected noise shortens
acquisition time.

Figure 5: Loop S Curve

Figure 6: Acquisition Performance of the Modified Loop
Unfortunately the loop fails to acquire after a time offset of approximately 3 chip times.
This problem can be overcome by the addition of a higher order loop filter. By inserting a
sliding window FIR filter, with a window of 0.1 seconds, the acquisition range was
extended to 7 chips, as shown in Fig. 7.

Figure 7: Acquisition Performance of Loop with Sliding Window Loop Filter
4.CONCLUSIONS
A delay locked loop was modified by inserting a Hilbert transform filter between the PN
generator and the multiplier. Computer simulations showed this loop can acquire a signal
over a wider range than a conventional early-late delay locked loop. The lock range was
still limited, but could be extended through the use of different loop filters. The exact
nature of the acquisition performance, along with the effect of different loop filters is still
under investigation.
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SOME PRACTICAL CONSIDERATIONS IN THE USE OF
PSEUDO-RANDOM SEQUENCES FOR TESTING THE EOS AM-1
RECEIVER
John O’Donnell
AYDIN Telemetry

ABSTRACT
There are well-known advantages in using pseudo-random sequences for testing of data
communication links. The sequences, also called pseudo-noise (PN) sequences,
approximate random data very well, especially for sequences thousands of bits long. They
are easy to generate and are widely used for bit error rate testing because it is easy to
synchronize a slave pattern generator to a received PN stream for bit-by-bit comparison.
There are other aspects of PN sequences, however, that are not as widely known or
applied. This paper points out how some of the less familiar characteristics of PN
sequences can be put to practical use in the design of a Digital Test Set and other specialbuilt test equipment used for checkout of the EOS AM-1 Space Data Receiver. The paper
also shows how knowledge of these PN sequence characteristics can simplify
troubleshooting the digital sections in the Space Data Receiver. Finally, the paper
addresses the sufficiency of PN data testing in characterizing the performance of a
receiver/data recovery system.
KEYWORDS
Pseudo-Random Sequence Testing, EOS AM-1 Space Data Receiver, PN Sequences,
Test Modulator, Bit Error Rate Tester
INTRODUCTION
EOS AM-1 Spacecraft Modulators
The EOS AM-1 spacecraft incorporates both a Direct Access System (DAS) modulator
and a Ku-band Single Access (KSA) modulator, which provide coding and modulation
functions required for the science data generated by the spacecraft’s Science Formatting
Equipment. The DAS modulator accepts Dual Input data at 75 Mbps, Direct Broadcast
data at 13.125 Mbps, Direct Downlink data at 105 Mbps, and Direct Playback data at 150
Mbps. Depending on the mode it will output a balanced or unbalanced SQPSK IF signal
and LO signal to the DAS upconverter for X-band transmission. The KSA modulator
provides Ku-band transmission of Direct Playback data at 150 Mbps. For the remainder

of this paper, any further discussion of the spacecraft modulation subsystem is limited to
the DAS modulator. Table 1 below summarizes the spacecraft DAS modulator data
modes, I and Q channel rates, and coding.
The I and Q channels in all modes (except for the I channel in the DAS Realtime Direct
Broadcast mode) are differentially coded and then rate 1/2 convolutionally coded. The I
channel in the DAS Realtime Direct Broadcast mode carries baseband 13.125 Mbps data,
NRZ-L coded. The convolutional coding is performed by a single coder for low rate
(13.125 Mbps) channels, and by 8 branch coders for the high rate channels (105 Mbps
and 150 Mbps). In the Direct Playback mode alternate bits of a single 150 Mbps data
channel are fed to the I and Q channels so that each channel is carrying 75 Mbps.
I Channel
Baseband
Rate

Q Channel
Baseband
Rate

I Code

Q Code

I Convltnl
Coding

Q Convltnl
Coding

DAS/KSA
Dual Input
PN Test

75 Mbps

75 Mbps

NRZ-M

NRZ-M

8 Coders

8 Coders

DAS R/T
Direct
Broadcast

13.125
Mbps

13.125
Mbps

NRZ-L

NRZ-M

Bypass

1 Coder

DAS R/T
DB; Direct
Downlink

13.125
Mbps

105 Mbps

NRZ-M

NRZ-M

1 Coder

8 Coders

75 Mbps

NRZ-M

NRZ-M

8 Coders

8 Coders

DAS/KSA
75 Mbps
Single Input

Table 1. Data Modes for EOS AM-1 S/C Modulator
EOS AM-1 Space Data Receiver
AYDIN Telemetry’s Model 2707D EOS AM-1 Space Data Receiver was developed to
specification to support Integration and Test of the EOS AM-1 spacecraft built by
Lockheed-Martin Astro Space, Valley Forge, Pennsylvania, USA. Ground station
versions of the receiver have been supplied to EOS AM-1 Ground Terminal integrators
and to NASA.
The Model 2707D receives and demodulates the downlink IF. It does I and Q channel bit
synchronization, Viterbi decoding, code conversion, channel ambiguity resolution, and I
and Q channel resequencing. Figure 1 shows a block diagram of the Space Data Receiver.

Figure 1. Block Diagram-Aydin Model 2707D Space Data Receiver
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DISCUSSION
Space Data Receiver Test Requirements
The Space Data Receiver minimum test requirements are set by the development
specification. They include carrier lock acquisition performance in the presence of carrier
frequency and level offsets, and I and Q demodulator performance in the presence of
modulation phase imbalance and I/Q symbol skew, symbol jitter, and asymmetry. Also
specified are bit synchronization acquisition performance and data output fidelity in the
presence of frequency and level offset, noise, jitter, and low transition density; and total
acquisition time (carrier, bit synchronization, and Viterbi decoder synchronization).
Performance Verification
A data communications receiver recovers data transmitted through a channel that has a
variety of impairments. One measure of performance of the receiver is the fidelity of the
recovered data, quantified by Pe, the probability of error in a received data bit. Quantified
this way, the lower the Pe, the greater is the fidelity of the recovered data. The practical
way to measure and express Pe is by determining the bit error rate (BER) of the recovered
data. Conceptually this can be done by comparing the recovered bit stream bit for bit
against the baseband bit stream applied to the input of the transmitting equipment. This
would require a separate channel capable of perfect transmission at baseband. Obviously,
this is not a practical means to determine BER.
BER testing requires test bit sequences that match the characteristics of random data, and
are easy to generate and detect. (Note that the actual data bit stream that modulates the RF
carrier in an RF data communication link is typically not the baseband bit stream, which
could be highly correlated in nature, but a transformed bit stream with error correction
overhead and randomization for spectral energy spreading.) Pseudo-random bit
sequences, also called pseudo-noise (PN) sequences, satisfy these requirements. PN
sequences also lend themselves to the generation of eye patterns which are useful in
evaluating channel and signal attributes.
PN sequences are binary sequences of length 2m-1 generated by linear feedback shift
registers (LFSR). The number of stages in the LFSR and the feedback tap configuration
is specified by a primitive polynomial h(x) of degree m. For example the generator
polynomial for a 215-1 sequence is h(x)=x15+x+1. The LFSR specified by this h(x) has
15 stages (flip flops) with the outputs of the last two stages exclusive-ORed and fed back
to the input of the first stage. Primitive polynomials of degree m have been found and
published for values of m into the hundreds allowing realization of PN sequences many
millions of bits in length. Extensive literature exists detailing their uses for data
randomization, synchronization, error detection, ranging, data security, etc. However their
properties are not generally understood and therefore not exploited to the degree they

could be. In the remainder of this paper we'll examine ways to use the properties of PN
sequences to advantage in generating test data for the EOS AM-1 SQPSK receiver, and in
checkout of the receiver during production.
Test Station for EOS AM-1 Space Data Receiver
Figure 2 shows the EOS AM-1 Space Data Receiver Test Station. As discussed above,
pseudo-random sequences are used in testing the receiver to generate BER performance
data. A Bit Error Rate Tester (BERT) supplies a PN bit stream and clock to the Digital
Test Set which does any necessary bit decommutation for the I and Q channels, plus
differential coding and convolutional coding. Its coded output goes to the Test Modulator
which includes a built-in noise source and noise and signal attenuators. It provides a
modulated IF selectable at either 912.5 MHz (DAS) or 882.5529 MHz (KSA) with
controlled Eb/N0 for input to the receiver. The recovered data and clock at the output of
the Space Data Receiver are connected back to the receive side of the BERT which
performs the BER analysis for the channel under test (I or Q).
Digital Test Set
BERT PN
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Data
Baseband PN Streams
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Coder
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Figure 2. Test Station for Model 2707D EOS AM-1 Space Data Receiver.

Using a Single BERT to Provide Uncorrelated Equal Rate Data to I and Q
Channels
The Test Modulator’s digital input from the BERT must be processed to provide the
required I and Q channel rates and coding. Refer to Table 1. In the DAS/KSA Dual Input
mode independent data streams at 75 Mbps are transmitted on the I and Q channels. To
simulate this mode the Digital Test Set must provide uncorrelated PN data on the I and Q
channels. This would seem to require two BERTs, one each for the I and Q channel data
paths to provide the 75 Mbps PN data. However, a single BERT generating a PN stream
at 150 Mbps can provide the necessary uncorrelated I and Q channels if we run the 150
Mbps PN stream through a 2-bit serial-to-parallel (S-to-P) converter. One output of the Sto-P converter feeds the I channel; the other feeds the Q channel. This arrangement takes
advantage of the interleaved nature of the PN sequence (i.e. the sequence is a composite
of two interleaved sequences) such that the two outputs of the 2-bit S-to-P converter are
each PN sequences. See Figure 3.
15-bit PN sequence (2 repetitions)
1 1 0 0 0 1 0 0 1 1 0 1 0 1 1 1 1 0 0 0 1 0 0 1 1 0 1 0 1 1….

To I Channel
2-bit
SerialToParallel
Converter

1 1 0 1 0 1 1 1 1 0 0 0 1 0 0….
To I Channel

Two 15-bit PN bit streams at
half the rate of the input

1 1 0 0 0 1 0 0 1 1 0 1 0 1 1….
To Q Channel

Figure 3. Generating Uncorrelated I and Q PN Streams from a Single PN Stream
Using a Single BERT to Provide Unequal Rate PN Streams to I and Q Channels
In the DAS R/T Direct Broadcast/Direct Downlink mode independent data streams at
13.125 Mbps and 105 Mbps respectively are transmitted on the I and Q channels. To
simulate this mode the Digital Test Set must provide PN data at 13.125 Mbps on the I
channel and PN data at eight times that rate on the Q channel. Again this would seem to
require two BERTs, one each for the I and Q channel data paths. But a single BERT

generating a PN stream at 210 Mbps can provide the necessary I and Q channels if we run
the 210 Mbps PN stream through a 2-bit serial-to-parallel converter. One output of the Sto-P converter feeds the Q channel at 105 Mbps; the other feeds an 8-bit serial-to-parallel
converter. The 8-bit S-to-P converter provides eight uncorrelated PN streams, each at
13.125 Mbps. In the result, the I and Q channels are both transmitting the same PN stream
(e.g. 215-1) but at an I-to-Q rate ratio of 1-to-8. Again, here, we are taking advantage of the
interleaved nature of the PN sequence to develop lower rate PN stream “children” from a
higher rate parent where the bit rates of the lower rate “children” are power-of-two
submultiples of the rate of the parent stream. Figure 4 illustrates this process for the DAS
R/T Direct Broadcast/Direct Downlink mode. The 210 Mbps input from the BERT is
converted to 105 Mbps PN stream for the Q channel and 13.125 Mbps PN stream for the
I channel before differential coding.
To I-Channel
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PN from
BERT

210 Mbps

Two-bit
Serial-toParallel
Converter

8-Bit S-to-P
Converter

13.125 Mbps PN Data

105 Mbps PN Data
To Q-Channel
Differential Coder

Figure 4. Low Rate I and High Rate Q PN Data Generation
Generating A Low-Transition-Density Data Stream Using PN Data
Bit synchronizer clock recovery and Viterbi decoder node synchronization performance
must be tested not only under conditions of 50% transition density (random data), but
also when the baseband data has transition density as low as 12.5%. This low transition
density is typically specified as no fewer than 64 bit transitions in any sequence of 512
data bits, and no more than 64 bit periods without a transition. The technique used to
produce low transition density data in the Digital Test Set from the input PN stream takes
advantage of two of the properties of pseudo-random sequences:
1. The transition density of a bit sequence of length 2m -1 generated by a pseudorandom sequence generator of length m is greater than 50% but becomes arbitrarily
close to 50% as the value of m increases. The number of transitions in a sequence
of 2m-1 bits, given a repeating sequence, is 2m/2, or 2m-1. This result derives from
the so-called "Runs" property of pseudo-random sequences where a run is a string
of consecutive identical symbols. The number of runs in the sequence is 2m/2.
Therefore the transition density is (2m-1)/( 2m-1) or 1/(2-[1/2m-1]). It can be seen that
as m gets larger the value of the expression approaches 1/2. For example for m=15
the transition density is .500015259.

2. The longest run in a pseudo-random sequence of length 2m-1 has the length m. In a
pseudo-random sequence of length 215-1 the maximum ones run length is 15.
The low transition density data within a channel is obtained by sampling the channel's
baseband PN test stream at one-quarter the channel's bit rate and applying that bit
sequence (the same PN sequence but at 1/4th the rate) to the differential encoder input at
the baseband data bit rate. Since the one-quarter rate bit sequence has a transition density
of 50% with respect to the quarter-rate clock its transition density with respect to the
baseband-rate clock is one quarter that, or 12.5%.
In any group of 128 bits of the quarter-rate PN sequence the number of transitions will be
close to or equal to 64 and the long term average number of transitions over N samples of
128-bit groups will be 64. A 128-bit segment of the quarter-rate sequence corresponds to
a 512-bit segment of the same sequence sampled at the channel's baseband rate, so the
512-bit segment will exhibit, on average, 64 transitions.
The number of consecutive data bits without a transition for the low-transition-density PN
sequence will be four times the maximum ones run length of the chosen sequence.
Therefore, if the PN sequence is a 220-1 sequence, there will be a maximum of 80
consecutive data bits without a transition. There will be 16 occurrences per PN sequence
cycle of 64 or more consecutive data bits without a transition. Specifically there will be
eight occurrences of 64 consecutive data bits without a transition, four of length 68, two
of length 72, and one each of length 76 and 80. For the 220-1 sequence the rate of
occurrence of 64 or more consecutive data bits without a transition is 4 times the
channel's bit rate divided by (220-1).
Since the low transition density data stream is a PN sequence the recovered data at the
output of the unit under test (UUT) can be connected to the BERT receiver for error rate
testing using the one-quarter rate clock developed in the Digital Test Set.
Familiarity With PN Sequence Properties Can Simplify Troubleshooting
The modulo two sum of a PN Sequence and a cyclic shift of itself results in a phaseshifted version of the sequence. This is the Shift-and-Add Property of PN sequences. The
differential and convolutional coding and decoding processes involved in the EOS AM-1
Digital Test Set and receiver respectively involve bit delays and modulo two additions.
When a PN sequence is applied to the differential coder (NRZ-L-to-NRZ-M converter) in
the Digital Test Set the NRZ-M waveform is a cyclic shift of the applied PN sequence.
Similarly the differential decoder in the receiver acts on an applied PN sequence to
produce an NRZ-L waveform that is the same PN sequence but shifted in phase from the
received sequence.

The convolutional coder in the EOS AM-1 spacecraft is shown in Figure 5. It is a
constraint length 7, rate ½ coder, producing two symbols per baseband bit. Because of
the high data rates used in EOS AM-1, a bank of eight convolutional coders is used per
channel (except for the I channel in the Direct Broadcast mode where only a single coder
is used). In the ground receiver, this allows splitting the received I and Q channel data
across eight Viterbi decoders per channel. As shown in the figure, selected taps of a 7-bit
delay are modulo-2 added to produce the G1 and G2 code symbols. A PN sequence
applied at the input of the coder results in the same sequence on the G1 and G2 outputs
but each having a different cyclic shift with respect to the input sequence. (The G2 stream
is also inverted.)
The use of PN test data simplifies troubleshooting the Digital Test Set since all parts of the
baseband and coded data paths in the Digital Test Set prior to the final code symbols
multiplexer carry the PN data stream. The same statement can be made for the receiver
where all parts of the data path following the code symbol demultiplexer carry the PN
stream. Thus the PN sequence can be found on all G1/G2 code symbol inputs to the
individual branch Viterbi decoders. It likewise will be evident at the individual Viterbi
decoder outputs and in the remultiplexed data stream before and after the differential
decoder.
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Figure 5. EOS AM-1 Convolutional Coder
Because of its ubiquity, the PN sequence provides an easy way to test for circuit faults in
the UUT when the PN sequence is a 215-1 length. That sequence is a standard sequence
generated by BERTs, has a reasonably long cycle length, lending itself well to eye pattern
testing, and provides a very convenient means of fault detection using a simple
oscilloscope observation. This technique involves displaying data path signals on an
oscilloscope using edge triggering to trigger the sweep. When the test data is a 215-1 PN
sequence, and there is no data inversion, the scope trace should appear as in Figure 6.
The figure also shows why the scope trace will appear as it does.
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Figure 6. 215 -1 PN Sequence Scope View--Edge Triggering On Rising Edge
Indicated in the figure is the feedback from the last two stages of a 15-stage LFSR and the
effect the feedback has on the bit sequence whenever those two bits differ from one
another. In that instance the bit cell 15 bit times after bit number 15 in the figure will always
have a one (or a zero if there’s been a data inversion). A digital sampling oscilloscope
(DSO), set for infinite persistence, is especially useful for this kind of testing. If there are
no channel-induced errors or circuit faults then the display trace at the indicated bit cell
will always have an opening. Bit errors will cause the opening to "ghost" over.
Furthermore, the position of the opening (top or bottom of the trace) tells the sense of the
data. An opening at the top of the trace indicates that the data has been inverted.
This useful property of the 215-1 PN sequence (other sequences share this property but
are not available in a typical BERT) can be put to further use in a test fixture that exploits
the relationship shown in Figure 6 between a data transition and the bit cell state 15 bit
cells later. The fixture is designed to connect to a data/clock output of the UUT. It has
four LEDs to indicate data activity, data sense, data errors, and the state of an error latch.
It passes polarity-corrected data on to a BERT for detailed BER analysis.
A further practical advantage of PN-based testing is the ease of generating the sequences
using spreadsheet programs. All that is required is knowledge of the feedback taps for the
particular LFSR. Spreadsheets easily implement the two LFSR requirements of tandem
delay elements and modulo-2 addition. The PN sequence can be calculated for any
convenient number of bits, starting at any point in the sequence (by choosing the initial bit
string in the LFSR). Furthermore, since the differential coding/decoding and convolutional
coding operations involve only delay and modulo-2 addition, the outputs of those
processes can be generated alongside the calculated PN sequence. This capability allows
confirmation of expected responses to specific bit strings, especially when a DSO with
pulse width triggering is available. (Since the maximum run length in a 2m-1 PN sequence is
m bits, and the maximum run occurs once per cycle, a pulse-width trigger set for a width
of m bit periods allows stable triggering on the PN sequence and viewing any portion of
the sequence using delayed sweep.)
Why PN Testing Might Not Be Sufficient
The UUT might meet all requirements using PN test data yet not perform to expectations
in the presence of actual spacecraft data. This can be the case if the baseband data is not
randomized prior to differential and convolutional coding. In such a case end use

performance of the ground data recovery system is highly dependent on the data
characteristics of the spacecraft telemetry and instrument sources and on fill patterns that
might be employed in low usage conditions. Baseband data that is highly correlated and/or
low in transitions adversely affects carrier and clock recovery and Viterbi decoder
performance. Therefore, while PN sequences very closely approximate the conditions of
randomized data, results from PN data testing can be misleading if the actual data system
does not employ baseband randomization.
CONCLUSION
PN patterns are widely used to simulate "live" data when testing data communications
equipment. However, they have little-known characteristics which, if understood, can be
put to great use to simplify the design of test sets and troubleshooting of data receiving
equipment. There is a danger, though, that the results from testing with PN sequences will
not be achieved in a live data environment. This could be the case when the actual data
sources do not behave as "random" data generators (i.e. they do not generate baseband
data bits with statistical independence from bit to bit) and there is no data randomizer.
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ABSTRACT
The Near Earth Asteroid Prospector (NEAP) has a scheduled launch date between mid1999 and mid-2000, and will encounter a yet to be determined near Earth asteroid
(1.1 - 2.2 AU distance from Earth) some ten months later [2]. The purpose of this mission
is not only to collect valuable scientific and geological data, but to also determine the
value of the asteroid’s materials for possible mining and exploitation [2], [3]. The purpose
of this paper is to detail frequency allocation issues and to determine possible return
(space to Earth) data rates associated with deep space communications with the NEAP
spacecraft.
KEYWORDS
Deep Space Network (DSN), National Aeronautics and Space Administration (NASA),
Near Earth Asteroid Prospector (NEAP), Near Earth Asteroid Rendezvous (NEAR),
National Telecommunications and Information Administration (NTIA), Astronomical Unit
(AU).
INTRODUCTION
NEAP will be the first privately funded spacecraft to ever leave the Earth’s sphere of
influence [2]. Mirroring NASA’s $300 million Near Earth Asteroid Rendezvous (NEAR)
mission, NEAP will accomplish most of it’s counterparts objectives but at an expected
cost of only $50 million [2].
NASA’s Deep Space Network (DSN) provides the capabilities for spacecraft command
and control. It also provides the capabilities for the reception of spacecraft telemetry data
as well. The network is composed of three strategically located deep space facilities that
are located at Goldstone, California; near Madrid Spain; and near Canberra, Australia [4].

These locations are approximately 120 degrees apart to insure constant observation of
spacecraft as the Earth rotates [4]. Each facility is equipped with at least one 26-meter
antenna, one 34-meter antenna, and one 70-meter antenna.
In designing a telecommunications system for the NEAP mission, two questions
immediately come to mind. What are the possible frequency allocations for deep space
communications with the NEAP spacecraft? What return data rates can be achieved
without exceeding spacecraft power limitations? The first question can be answered by
comparing the frequency allocations as dictated by the NTIA to those frequencies that are
supported by DSN. The second question can be answered by performing a return link
budget analysis.
FREQUENCY ALLOCATION
Before the actual communications design can proceed, the forward and return frequency
ranges must first be determined. Comparisons must be made between the nongovernment frequency allocations as dictated by the NTIA frequency allocation tables to
those frequencies that are supported by DSN. Deep space is defined by DSN as
spacecraft distances greater than two million Km from Earth [5]. The deep-space
frequency bands supported by DSN [5] are described in table 1.
Table 1. Frequencies Supported by DSN
Band

(Earth to
Space)

(Space to
Earth)

S

2110-2120 MHz

2290-2300 MHz

X

7145-7190 MHz

8450-8500 MHz

Table 2 illustrates the NTIA US non-government frequency allocation bands [6]. Note that
a “ * ” indicates a footnotes presented by NTIA. These footnotes each consist of the
letters US followed by one or more digits denote stipulations applicable to both
government and non-government stations [6]. US252—The bands 2110-2120 and 71457190 MHz, 34.2-34.7 GHz are also allocated for Earth-to-space transmissions in the
Space Research Service, limited to deep space communications at Goldstone, California
[6]. Therefore as long as NEAP is classified as a “Space Research” mission, the
frequency bands listed in table 2 can be applied.

Table 2. NTIA Non-government Frequency Allocations
Band
(MHz)

Earth to Space
(MHz)

2110-2150
(S-Band)

2110-2120

Space to EArth
(MHz)

2290-2300
(S-Band)

US252 *

2290-2300

7125-7190
(X-Band)

U S NonGovernment
Allocation

Space Research
(Space to Earth)
(Deep Space Only)

7145-7190

8400-8450
(X-Band)

US252 *
None

Government
Allocation Only

None

8450-8500
(X-Band)

8450-8500

Space Research
(Space to Earth)
(Deep Space Only)

* Indicates US footnotes presented by NTIA.
Table 3 illustrates the overlaps that occur between the non-government frequency
allocations dictated by the NTIA (table 2) to those frequencies that are supported by DSN
(table 1).
Table 3. Overlaps between DSN and NTIA
Band

(Earth to
Space)

(Space to
Earth)

S

2110-2120 MHz 2290-2300 MHz

X

7145-7190 MHz 8450-8500 MHz

RETURN LINK BUDGET ANALYSIS
For all deep-space-missions, spacecraft communications must be maintained while
assuring that spacecraft power is conserved. A link budget analysis provides such
assurance. In a link budget analysis, all of the positive and negative power contributions
are summed [7]. The resulting value should be equal to or slightly greater than some
predetermined positive performance margin (usually 3 dB).

When performing a link budget analysis, there are two different cases to consider. The
uplink and the downlink (sometimes referred to as forward and return link respectively).
The uplink describes the transmission from Earth to the spacecraft, while the downlink
describes the transmission from the spacecraft to Earth [7]. Because of spacecraft power
limitations, the downlink power budget is generally more critical than the uplink power
budget [7].
The downlink Link budget consists of the following subregions: transmitter
parameters, path parameters, receiver parameters, total power summary, carrier
performance, and channel performance [7]. Note that all parameters are expressed in
dB.
The transmitter parameters include parameters through the antenna at the transmitter
side (S/C) of a communications link [7]. The downlink transmitter parameters include the
following:
1.
2.
3.
4.
5.

Total transmitter power
Spacecraft antenna gain
Antenna pointing loss
Transmitter lumped circuit loss
Effective Isotropic Radiated Power (EIRP)

The total transmitter power is just the actual spacecraft transmit power expressed in
dB.
The spacecraft antenna gain [8] is directly proportional to frequency as shown by the
Universal Gain Equation:

Where c is the speed of light (3.0 x 108 m/s) and Ae is the effective antenna aperture
defined by [8]:

Ae = 0ap Ap
where Ap is the antenna’s physical aperture and (ap is the aperture efficiency
(typically between 45 and 65 %) [8]. The Antenna pointing loss is set to 3 dB, which is
the worst case scenario [7]. The Transmitter lumped circuit losses are just the path
losses between the power amplifier and the transmit antenna (typically !1 dB) [7]. The
Effective Isotropic Radiated Power (EIRP) can then be defined as follows [7]:

EIRP = Total Transmitter Power + Spacecraft Antenna Gain +
Antenna Pointing Loss + Transmitter Lumped Circuit Loss
The path parameters include space loss and loss due to atmospheric attenuation. The
Space loss is defined by the following formula [8]:

Where R is the distance from the spacecraft to Earth. It is easy to see that space
loss increases with both distance and frequency. Losses due to atmospheric
attenuation are a function of the distance the signal travels through the Earth’s
atmosphere. It typically has a value of !0.1 dB [7]. The total power received at Earth
can then be defined as follows:
Total Power Received @ Earth = EIRP + Space Loss + Atmospheric Attenuation
The receiver parameters include the following:
6.
7.
8.
9.

Receiving antenna polarization loss
DSN antenna pointing loss
DSN antenna gain
Receiver circuit loss

The polarization loss [7] is the loss that is introduced to the link budget due to the
polarization of the signals. The polarization loss is set to 0.10 dB as described by the
DSN 810-5 handbook. [5]. The DSN antenna pointing loss [7] is the loss attributed to
the misalignment of the DSN antenna with respect to the spacecraft antenna. A value of
0.10 dB is typically used. The DSN antenna gain is dependent upon which of the three
DSN sub networks is being used (26-m, 34-m, 70-m). Table 4 lists the respective DSN
antenna gains [5].
Table 4. DSN Antenna Gains
DSN Sub Network

DSN Antenna Gain
(dB)

26-m

52.50

34-m

68.10

70-m

74.10

The receiver circuit loss is set to a value of 0.1dB [5]. The total power summary
includes the following:
10.
11.
12.
13.

Received Power
Noise Spectral Density
System Noise Temperature
Received Pt/No.

The total received power is calculated as follows [7]:
Total Received Power = Total Power Received at Earth + Polarization Loss + DSN
Antenna Pointing Loss + DSN Antenna Gain + Receiver Circuit Loss
Noise Spectral Density = 10log(1000kTsys)
The noise spectral density is a function of the DSN antenna system noise
temperature [7].
K = Boltzman’s constant = 1.38 x 10-23
Tsys = The system noise temperature in Kelvin
The system noise is composed of two basic sources: environmental noise picked up by
the receiving antenna and electronic noise produced in the receiving electronics. The
electronic noise produced by the transmitting electronics isn’t considered in the
computations [7]. The system noise temperature varies with DSN antenna size and
elevation (see table 5) [5].
Table 5. Antenna Noise Temperature
DSN Antenna

Antenna Noise Temperature
(Kelvin)
(10 degree antenna elevation)

26-m subnet

145

34-m subnet

40

70-m subnet

50

The received Pt/No [7] is the ratio between received signal power and the noise power.
Pt/No is calculated as the total received power in dB minus the noise spectral density in
dB.

PtNo (dB) = Total Received Power (dB) - Noise Spectral Density (dB)
When a digital signal is modulated onto a carrier, some loss will be introduced. Some
threshold is required for the receiver to be able to lock onto the received carrier. This loss
occurs because some of the power contained in the digital signal will be lost outside the
bandwidth of the channel [7]. The carrier performance parameters include the
following:
14.
15.
16.
17.
18.
19.

Telemetry Carrier Suppression
Received Carrier Power
Carrier Noise Bandwidth
Threshold CNR
Carrier Threshold Power
CNR Margin

The telemetry carrier suppression [7] can be determined from the following equation:

10log[Cos2 (2 + 0.01(x ! 1))]
Where ( is the modulation index that is assigned a value of 0.35. X is assigned a value of
73 [5].
The received carrier power [7] is the total power in the carrier when the carrier arrives at
the receiver. The received carrier power is defined as follows:
PC = Total Received Power + Telemetry Carrier Suppression + Ranging Carrier
Suppression + DOR Tone Carrier Suppression
2Blo = 10log(BW)
The carrier noise bandwidth (2Blo) [7] is the loss due to the limited bandwidth of
the receiver loop. It is determined from the following equation:
Where BW is the bandwidth of the receiver loop. The carrier to noise threshold is the
necessary ratio between the received signal power to the received noise power. This ratio
must be above a minimum threshold for the receiver to be able to lock onto the signal [7].
We will use a value of 10 dB. The carrier threshold power is the amount of excess
power contained in the signal, than what is required for the receiver to lock onto the
signal. It is defined by the following equation [7]:
Carrier Threshold Power = Noise Spectral Density + Carrier Noise BW
+ Threshold CNR

The carrier to noise ratio margin is defined as the [7]:
CNR Margin = Received Carrier Power - Carrier Threshold Power
The channel performance is concerned with the losses incurred by the digital signal
when it is passed through the channel. Some threshold value is required for the receiver to
be able to recover the signal received through the channel [7]. The channel performance
parameters include:
20 Telemetry Modulation Loss
21 Data Power to the Receiver
22 Data raw
23 Radio Loss
24 System Loss
25 Eb/No
26 Threshold Eb/No
27 Performance Margin
The telemetry modulation loss can be determined from the following formula [7]:

10 log [sin2 (2 + 0.01(x !1))]
Where ( is the modulation index that is assigned a value of 0.35 [5]. X is assigned a value
of 73 [5]. The data power to the receiver (Pd) is defined by the following [7]:
Pd = Total Received Power + Telemetry Modulation Loss + Range Data
Suppression + DOR Tone Data Suppression
Note that both Range Data Suppression and DOR Tone Data Suppression are set to zero
for this analysis. The data rate will obviously effect the link margin. The higher the data
rate the higher the required power. The data rate is represented as a loss in the link budget:
Data Rate = 10 log(data rate )
Radio and system losses result from imperfect RF carrier tracking. This leads to higher
bit error rates of the recovered telemetry data than would be obtained if perfect tracking
were to take place. The amount of loss is determined by the statistical properties of the
phase error in the receiver carrier tracking loop and by the bit-detection process being
used. Both of these values are determined empirically. Radio losses will be set equal to
!0.7 dB and system losses will be set equal to !1.0 dB [7].

Eb/No is the ratio of the bit energy to the noise power spectral density, at the detector input
[7].
Eb/No = Data Power to the Receiver + Data Rate + Radio Loss + System Loss - Noise
Spectral Density
In order for the receiver to be able to decode the incoming signals, the signal has to be
above the threshold Eb/No. For a BER of 10-6 and PSK modulation, the required
thresholds [91, [10] are illustrated in table 6 for the different forward error correcting
schemes:
Table 6. FEC Performance
Forward Error Correcting
Scheme

Threshold Eb/No (dB)

No FEC

9.6 (BER = 10-5)

Reed-Solomon/Convolutional
(k = 7, r = _)

2.9 (BER = 10-6)

Turbo Codes (2 + 32 states, R
_, m = 18)

0.8 (BER = 10-6)

The performance margin is the amount of power that is left over after the required
thresholds have been subtracted. It is defined by the following equation [7]:
Performance Margin = Eb/No !Threshold Eb/No
For this analysis, a 3 dB minimum performance margin is maintained.
Figure 1 illustrates bit rate versus spacecraft transmit power for various spacecraft
antenna gains. The analysis was performed at S-band, using the concatenated ReedSolomon /convolutional coding forward error correction technique and the 34-meter DSN
receive antenna.

Figure 1. Bit rate versus S/C transmit power for 5, 10, 15, 20 dB S/C antennas
Figure 1 clearly illustrates that the return data rate increases with both spacecraft antenna
gain and spacecraft transmit power.
CONCLUSION
Before the design of a deep space communications system can proceed, the forward and
return frequency bands must first be determined. Overlaps were found between the nongovernment frequency allocations as dictated by the NTIA frequency allocation tables to
those frequencies that are supported by DSN. Table 3 illustrates these overlaps for both
the forward and return paths. It should be mentioned that one might be tempted to simply
choose X-band over S-band since antenna gain is directly proportional to frequency (by
the Universal Gain Equation). However, one needs to keep in mind that any gain due to
the increase in frequency is offset by the increase in space loss, which is directly
proportional to frequency as well.

In a link budget analysis, all of the positive and negative power contributions are summed
[7]. The resulting value should be equal to or slightly greater than some predetermined
positive performance margin (usually 3 dB). The higher the return data rate the greater the
consumption of spacecraft power. The goal is to acquire a maximum data rate without
exceeding the 3 dB performance margin. Figure 1 illustrates bit rate versus spacecraft
transmit power for various spacecraft antenna gains. The analysis was performed at
S-band, using the concatenated Reed-Solomon /convolutional coding forward error
correction technique. Figure 1 clearly illustrates that the return data rate increases with
both spacecraft antenna gain and spacecraft transmit power. It should be mentioned that
the Reed-Solomon /convolutional coding forward error correction technique was chosen
because of it’s good performance (Threshold Eb/No= 2.9 dB) and its proven flight legacy.
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ABSTRACT
Since becoming an ANSI standard in 1994, Fibre Channel has matured into a high-speed
reliable data communication solution. Fibre Channel uses point-to-point, arbitrated loop,
or switched topologies, to provide a wide range of options for data storage and highspeed data transfer applications. Unlike Gigabit Ethernet, Fibre Channel supports
protocols such as HIPPI-FP, SCSI and IPI, allowing for greater flexibility when
designing systems. However, the wide range of options supported in the Fibre Channel
standard can be the source of misunderstanding and incompatibility.
This paper intends to clear up some of the misconceptions about Fibre Channel by
presenting the current standard and discussing how Fibre Channel can be used in data
acquisition systems. Since these systems often require extremely high throughput for
routing data, as well as high speed data storage to long term media, solutions are not
often cut and dry.
This paper will give examples of how using different layers of the Fibre Channel protocol
will meet the needs of today’s data acquisition requirements. It provides a brief overview
of Fibre Channel technology and identifies the different types of Fibre Channel products
available. It provides examples of how commercial-off-the-shelf (COTS) products can be
used to build data acquisition and storage systems requiring throughputs of up to 90
Mbytes per second on a single fiber. Additionally, it shows how multiple fibers can be
used to achieve much higher data rates.
KEY WORDS
Fibre Channel, Data Acquisition, Bulk Storage

INTRODUCTION
Today’s data acquisition systems can require data rates between 50 and 2000 Mbytes/sec.
In the past, data acquisition systems that met these requirements often used custom
equipment for transferring data between chassis’ or to long term storage devices. These
custom products were often application specific and difficult to adapt to other
applications. With the move towards COTS, system integrators are looking for a more
flexible, yet standardized, means of transferring this data. Fibre Channel, among others,
is providing such technology. Fibre Channel is, however, a complicated and often
misunderstood medium. Data acquisition systems are moving towards using Fibre
Channel due to its versatility, however, in order to realize the maximum benefit the
system designer must be careful to choose the most appropriate level of service and
protocol.
This paper will discuss how Fibre Channel is being used in today’s data acquisition
systems. It will provide a brief overview of Fibre Channel technology, characteristics of
available equipment, and considerations that should be taken in designing such systems.
FIBRE CHANNEL TECHNOLOGY REVIEW
The Fibre Channel physical specification (FC-PH) was released as ANSI standard
X.3230-1994 in 1994. The specification defines a technology capable of transfer rates up
to 1.0625 Gbps, with payload rates of up to 100 Mbytes/sec. The physical media is
commercially available in both copper and optical fiber. With long wavelength light
sources and single-mode fiber, transmission distances of up to 10 km can be achieved.
There are three classes of service available for Fibre Channel:
• Class 1:Dedicated Connection – Data transferred from source to destination is
guaranteed to be received in order. All transfers are acknowledged.
• Class 2:Connectionless – Data transferred from over Fibre Channel is sent in a
switched packet format. Every packet (frame) received must be acknowledged.
• Class 3:Datagram, Connectionless – Data is transferred in a switched packet format,
but all packets (frames) are assumed delivered correctly. There are no
acknowledgement packets.
Depending on the application, each class of service is useful. Typically, Class 3 is most
common. An intermixed class can be used that allows Class 1 service with interleaved
Class 2/3 frames.
Figure 1 - Fibre Channel Layers shows the various protocol layers of Fibre Channel
specification. Chip level Fibre Channel controllers are commercially available and handle

layers up to FC-2 (with some upper level protocol support). Software or other hardware is
responsible for the upper levels of the Fibre Channel specification.

FC-4

Upper Level Protocols (SCSI 3, HIPPI, IP, IPI, ATM, FXLP, etc.)

FC-3

Login Management and Error Recovery

FC-2

Sequence Management and Flow Control

FC-1
FC-0

Frame Manager (Loop, Encode/Decode, CRC, Credit Management)
Physical Characteristics (Transmitters, Receivers, Connectors, etc.)

Figure 1 - Fibre Channel Layers
As shown in Figure 1, Fibre Channel offers many upper level protocol options that can be
used to interconnect two or more systems. Among the most popular standard protocols
followed are:
• SCSI 3: Used in most, if not all bulk storage applications.
• TCP/IP: Used to interconnect Fibre Channel in standard network environments.
• HIPPI: Used for high-speed (up to 100 Mbytes per second) applications.
Systran Corp developed another protocol, Fibre Channel Light Weight Protocol (FXLP).
This protocol is being used in applications that require low latency.
One of the major benefits of Fibre Channel is the ability to have multiple simultaneous
protocols exist on the same fiber. An example of this is a loop containing a Fibre Channel
RAID, a sensor, and a signal processor. While the sensor may send data to the signal
processor over Fibre Channel using FXLP or some other low latency protocol, the same
hardware in the signal processor could communicate via SCSI 3 to the RAID to store the
acquired data.
As mentioned earlier, flexibility is a significant reason why data acquisition systems are
leaning towards Fibre Channel. Different acquisition systems require different networked
topologies. Fibre Channel allows the systems integrator to choose from one of three types
of topologies:
• Point-to-Point – A direct physical connection between two Fibre Channel ports. This
provides dedicated bandwidth between two nodes.

• Arbitrated Loop – Fiber output of each node is daisy chained to input of adjacent
node. This allows many nodes to be connected, all of them sharing the same 100
Mbyte per second bandwidth.
• Switched Fabric – Capable of sustaining multiple non-blocking point to point
connections. This provides scalable bandwidth. It supports multiple, concurrent 100
Mbytes per second connections.
Arbitrated loop (known as FC-AL) is the most common method of connecting multiple
(more than two) Fibre Channel components. In this topology, data is passed around the
loop from node to node until it reaches its assigned destination. One drawback of
arbitrated loop topologies is that a single failed node can block the entire network. This
can be overcome by inserting a network transparent switch (Figure 2) between all nodes
of the loop. Use of the switch allows for recovery if a node becomes unavailable. In data
acquisition systems using multiple processing elements connected to sensors over Fibre
Channel, transparent switches allow nodes to be taken offline without inhibiting the
performance of the rest of the system.
Fibre Channel
Node 1

Fibre Channel
Switch

Fibre Channel
Node 2

Fibre Channel
Node 3

Figure 2 – Using a Fibre Channel Transparent Switch
FIBRE CHANNEL APPLICATIONS IN DATA ACQUISITION SYSTEMS
Fibre Channel has found a place in today’s high-speed data acquisitions systems.
Typically there are two types of systems where Fibre Channel is used: sensor to signal
processing applications and long term data storage applications. Often these applications
are used together in the same system, with each requiring a different type of Fibre
Channel connections.
Figures 3 and 4 characterize the different way Fibre Channel is used in sensor to signal
processor environments. Choosing the appropriate protocol and product is dependent on
the particular topology required. In the case of Figure 3, only one open Fibre Channel
exchange will exist at any one instance. This is the simplest case, requiring a Fibre
Channel interface capable of maintaining only one line of communication. If there are

multiple sensors transmitting data to one or more receivers (as in Figure 4) the receiving
Fibre Channel hardware needs to have the ability to accept interleaved data sequences
correctly or application level software needs to manage use of the Fibre Channel.
Sensor

Sensor

Sensor

Sensor

Signal
Processing

FC-AL

FC-AL

Signal
Processing

Data
Capture

Single Sensor to Multiple Receivers
Figure 3

Multiple Sensors to Single Source

Figure 4

The Fibre Channel hardware required to perform both topologies is significantly
different. With one sensor and multiple receivers, broadcast can be used to send
information to all receivers at once. Even when communicating with different receivers,
the data transfer is similar. The only requirements on the receive hardware is that the data
can be received at the rate required, within Fibre Channel limits. On the other hand, when
multiple sources are sending data to a single sink, the receiving circuitry must have the
ability to handle the interleaved sequences properly. Often this means putting incoming
data into random access memory, as opposed to storing it in a FIFO device. One thing
common to both types of sensor applications is high throughput (up to 100Mbytes/sec)
and low latency/overhead. Regardless of the topology, it is desirable to use low latency
protocols to transfer data in these environments. This is the primary difference between
these applications and Fibre Channel to storage device applications.
Figure 5 shows a block diagram of a Fibre Channel connection between a signal
processor and RAID. It demonstrates a multiple input signal processor, capable of taking
in data at 90 Mbytes per second per input channel, while simultaneously storing the data
to RAID. The incoming data is sent across RACEway to the signal processor, where it is
processed and buffered. Each Fibre Channel RAID interface can then read the raw
buffered data from the signal processor across the RACEway and write it onto multiple
RAIDs. Today’s RAID have the capability of holding 145 Gbytes of data each. Most, if

not all, Fibre Channel RAIDs available today use the SCSI 3 protocol as the ULP over
the Fibre Channel physical layer.
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Figure 5 Data Acquisition to RAID via RACEway
CHARACTERISTICS OF COMMERCIALLY AVAILABLE EQUIPMENT
Chip Level Controllers
The chip level controller used on a Fibre Channel interface card often defines the
interoperability and capability of Fibre Channel hardware. Generally, there are two types
of commercially available chip level controllers for Fibre Channel. There are highly
integrated controllers that do significant Fibre Channel protocol handling in hardware as
well as those that perform the bare minimum necessary to meet Fibre Channel
specifications. Each type of controller has its place in the hardware required for today’s
data acquisition systems.
The Hewlett Packard Tachyon Fibre Channel controller is an example of a highly
integrated controller capable of providing all three classes of Fibre Channel operation. It
also integrates low-level Fibre Channel protocols (FC-0 through FC-2) plus some
hardware assisted upper level protocol support (particularly SCSI 3). If controlled by an
intelligent resource, the Tachyon is capable of sustaining multiple simultaneous
exchanges. The Tachyon controller is used in 80 % of Fibre Channel equipment,
including most RAIDs.
Fibre Channel controllers are also available that are easier to integrate into special
purpose hardware. Typically, these controllers provide only FC-0 and FC-1 support. It is
up to the interface board and software to provide any other levels of Fibre Channel the
application requires. The advantage of these types of controllers is the ease of integration
into sensor hardware. In data acquisition applications that require nothing more than

receiving data addressed to the system and passing on data addressed elsewhere, these
types of controllers make ideal solutions.
The key here is that it is easy to put a lower level Fibre Channel controller into a sensor,
but care should be taken in designing the overall data acquisition system. Typically, low
level controllers allow data to be transferred over a fiber (or copper) connection, without
sequence management and flow control. It would be difficult at best for that sensor to
communicate directly with a RAID or other device containing a more integrated fiber
channel controller, such as the Tachyon. On the other hand, while putting a highly
integrated controller on a sensor would give more hardware compatibility, more software
would be required on the sensor to control the upper level protocols and more complex
chipset.
Board Level Controllers
Three are three major types of board level Fibre Channel Controllers available today:
• Non-buffered board level products – These products receive data from the Fibre
Channel interface and immediately send the data to the host interface or system bus
memory storage. The interface board bridges the Tachyon or other controller directly
to the host bus interface. This limits the performance of the system to the loading on
the system bus.
• RAM-buffered board level products – These products contain some amount of random
access memory on board. Typically, throughput is limited to approximately half the
RAM bandwidth (40-50 Mbytes per second). This type of interface allows for
concurrent interleaved exchanges and software retransmission, with the proper
software implementation.
• FIFO-buffered board level products – Unlike the previous example, these board level
products use FIFOs to buffer data input from the Fibre Channel interface. They
provide a higher maximum transfer rate than the RAM-buffered boards, but because
of their first in first out nature do not support interleaved exchanges or frame
retransmission.
Data acquisition systems that require multiple transmitting sensors to a single receiving
signal processor require either RAM-buffered products or application level protocols that
allow multiple interleaved sequences. As mentioned earlier, the overhead to sort the
incoming sequences results in a lower achievable data rate. For the single sensor to
multiple receiver scenarios, FIFO-buffering can be used to provide the maximum data
rate possible.

CONCLUSIONS
Fibre Channel is quickly gaining momentum in the data acquisition world, for both
sensor to signal processor and bulk storage applications. The ability for Fibre Channel to
be tailored to a particular application allows system developers to choose the most
appropriate means to transfer their data. If its SCSI 3 or FXLP, arbitrated loop or pointto-point, and datagram or dedicated connection, Fibre Channel can provide a solution to
most data acquisition needs. By carefully designing data acquisition systems, system
designers will be able to avoid some of the pitfalls associated with the different types of
Fibre Channel hardware available today.
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ABSTRACT
The purpose of this paper is to present a broad view of the impact of network
architectures on future data acquisition systems. The major advantages and challenges
associated with the use of network architectures are rooted in the packetized structure of
the data. Many of the issues raised are subtle and complex. It is not the intent of this paper
to give these issues the thorough academic and technical analysis they deserve. It is the
hope of the authors this paper will generate awareness and discussion on these issues.
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INTRODUCTION
The Department of Defense (DoD) uses a wide variety of data acquisition systems to
provide data in support of the test and evaluation of weapon systems. Typically, these are
synchronous time division multiplexed (TDM) systems distributed throughout the test
article. The various components of the system are connected via a synchronous
instrumentation bus of which there are several in use today. Present data requirements
exceed the capacity of these busses. Emerging requirements for the fusion of multiple high
speed data sources (high speed video, avionics, etc.) further establish the inadequacy of
current instrumentation bus speeds. In response to these requirements, vendors are
currently developing very fast, very capable, instrumentation products (e.g., solid-state
recorders). A new high-speed instrumentation bus standard, with the bit rate to allow these
products to fulfill their potential, is required. An open standard would allow vendors to
develop products that can be used in many applications and thus achieve broad market

appeal. This would foster competition, broaden purchasing options, and allow
interoperability of different vendors’ components.
Existing and near horizon commercial communication standards are showing promise as a
potential high -speed instrumentation bus standard. In recognition of this, the Office of the
Secretary of Defense (OSD) sponsored the Next Generation Instrumentation Bus
(NexGenBus) project. The goal of the NexGenBus project is to adopt an open,
commercial communications standard as a future instrumentation bus (reference 1).
Working closely with the NexGenBus project, the Telemetry Group of the Range
Commander’s Council (RCC) is pursuing a similar and complimentary goal. These two
efforts have the potential to drastically change the architecture of future data acquisition
systems.
The OSD and RCC efforts have engineering support from the Army, Air Force, and
Navy. These efforts have defined the future instrumentation bus requirements and
conducted an evaluation of commercial standards with respect to their ability to meet
those requirements. A worldwide search yielded in excess of 30 commercial
communication standards. Initial evaluations indicate that three of these standards are
viable candidates as a next generation instrumentation bus. These standards are fast (bus
speeds from 400 megabits to1gigabit per second) and are network-based communication
busses that utilize packetized data structures.
Users and producers of instrumentation hardware are beginning to discuss the
implications of using a data acquisition network that employs communication standards
and packetized data. A network-based communications bus would be used to
interconnect the various components of a data acquisition system to form the data
acquisition network. This data acquisition network is much more than just a distributed
data acquisition system. The data acquisition network will use packetized data, protocols,
and architectures similar to traditional computer networks (e.g., Ethernet). On a limited
scale, data acquisition networks are currently being designed. In early1998, the Navy took
delivery of a wireless data acquisition system. This system’s components communicate
via a wireless local area network utilizing packetized data. The system has not been used in
an actual flight test environment; however, the test results are promising.
DATA ACQUISITION NETWORKS
The use of data acquisition networks will have a ripple effect throughout the entire test and
evaluation range structure. Figure 1 illustrates how data acquisition networks will initially
be used.
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Figure 1.

Telemetry System Utilizing a Data Acquisition Network

Data is collected, formatted into packets, stored, displayed, and/or transmitted by the data
acquisition network. The telemetry subsystem reformats the data (if necessary) and
transmits the data to the processing network, via a packetized telemetry link. Data packets
are received and placed on the processing network for analysis, distribution, and display.
In its earliest and simplest form, the RF link would be a one-way link. A sophistication of
this approach would be the addition of a low rate control link. The low rate control link
would provide a moderate level of remote control of the data acquisition network. Items
such as the telemetry frequency and the data sets being transmitted could be controlled via
this link. The control link and other advanced telemetry concepts are being investigated by
the Advanced Range Telemetry program (references 2 and 3).
Data acquisition networks have numerous advantages and challenges. Many of these are
extremely obvious, others are quite subtle. Understanding the advantages and addressing
the challenges will ensure the effective utilization of data acquisition networks.
ADVANTAGES OF DATA ACQUISITION NETWORKS
The network technology market has made significant gains in performance and efficiencies
over the last few years. Network speeds have increased dramatically and the associated
hardware has become smaller and less expensive. Global networks are moving

unprecedented volumes of data and information around the world. Open standards are
guiding the physical and logical infrastructure of networks of all sizes. The T&E
community must take advantage of these trends today, to build the required capability for
tomorrow.
Rapidly changing technology and acquisition reform have led DoD to rely more heavily on
commercial off the shelf (COTS) hardware and software. The use of data acquisition
networks, based on commercial standards, strongly supports the use of COTS hardware
and software. The technical and cost benefits gained by leveraging the electronics industry
investment in network technology are significant. Industry invests a tremendous amount of
time, money, and talent in the development of commercial standards and associated
products. DoD does not have the resources to duplicate these efforts. The availability of
widely used state of the art equipment, designed to commercial standards is an
opportunity that cannot be ignored.
The fundamental technical and operational benefit of network based data acquisition
systems is the packet structure of the data. We live in a networked world, data is not sent
around the globe in major and minor frames constructed according to IRIG 106 (reference
4). It is sent in packets. A traditional TDM data stream, stuffed into packets, and sent over
ground-based networks is clumsy at best. The time has come for the data acquisition
system to format its data directly into packets. Packetized data can be routed via groundbased networks to worldwide customers with ease.
The opportunities provided by full network connectivity of all components of the data
acquisition system are complex and far reaching. In a traditional data acquisition system,
all data acquisition units (DAUs) send their data to a central controller. The central
controller then formats the data into a TDM data stream and routes the data to a recorder
and/or transmitter. In a data acquisition network, any DAU can send data to any other
DAU. This allows easy implementation of functions such as system wide data driven
acquisition or DAU produced calculated parameters. Any or all DAUs on the network can
change their data acquisition strategy or produce a calculated parameter based on any data
available on the network. The opportunities opened up by full network connectivity are
only limited by TDM paradigms.
The commercial communication standards being considered are fast - very fast. While
speed is not a function of network architecture, the speed at which these networks operate
is certainly an advantage. Data acquisition options and strategies not previously
considered are now possible. Given these speeds, the emerging requirement for the fusion
and correlation of multiple high-speed data sources (e.g., digitized video, high-speed
avionics busses, and analog data) can be met. The speeds at which these standards

operate provide bus bandwidth well in excess of current and near-term requirements. This
will ensure a long useful life for the next generation instrumentation bus.
There are many advantages to using data acquisition networks. Some prominent examples
include leveraging the industry’s knowledge, investment and high production quantities,
compatibility with global networks through packetized data, and open commercial
standards. Any of these examples make a compelling case for the use of data acquisition
networks. Taken as a whole, the case is overwhelming.
CHALLENGES OF DATA ACQUISITION NETWORKS
The introduction of new technologies typically involves challenges; data acquisition
networks are no exception. Many of these challenges are complex and should not be
trivialized. The packet structure of the data is the basis of many of the most critical
challenges. Numerous factors that are taken for granted in traditional TDM systems (such
as time correlation, simultaneous sampling, latency, extremely low probability of lost data,
etc.) become challenges when the use of data acquisition networks are considered.
Packetized data structures are one of the biggest challenges to the implementation,
operation, and management of network based data acquisition. The switch from TDM
data to packetized data will challenge traditional data processing systems. In general, TDM
systems are synchronous and deterministic. Each data word and its time relationship to
other words in the TDM stream are clearly defined. The synchronous and deterministic
characteristics of TDM data are exploited by the algorithms of most data processing
systems. In comparison to TDM data, the time relationship and definition of packetized
data are more complex. For example, in some systems, it is possible for packetized data
to be delivered out of order and the data structures within the data packets may be
dynamic. These types of issues will create challenges that must be dealt with in the data
processing algorithms.
Latency management and the associated probability of delivery are another source of
challenges facing the use of data acquisition networks. Synchronous TDM data has a
constant latency with a very high (almost certain) probability of delivery. Constant latency
can be compensated for in data processing algorithms. In contrast, the latencies within a
communications network are dynamic and vary over a wide range. In some networks, data
may never be delivered. Without latency management and data delivery guarantees,
networks cannot be used effectively for data acquisition. Some networks have Quality of
Service (QoS) features that manage these types of issues. Managing latency and
guaranteeing delivery through some form of QoS are critical issues facing the use of data
acquisition networks.

Packetized data, by its very nature, can be bandwidth inefficient. Using identical data sets,
packetized data will require more bandwidth than an equivalent TDM stream. This is a
significant issue when RF transmission of the data is considered. The amount of spectrum
available to DoD for transmission of test data has been decreasing. This trend is expected
to continue into the future. To compensate, raw data transmission must be replaced by the
transmission of information. This would involve the application of algorithms that would
limit the transmission of redundant data. The Advanced Range Telemetry program is
actively pursuing this and other related concepts (references 2 and 3).
System wide simultaneous sampling is required for complex algorithms that combine
multiple samples into a single derived parameter. Due to the asynchronous nature of
traditional networks, system wide simultaneous sampling is a challenge. Simultaneous
sampling is typically accomplished in one of two ways. The first requires a sample
command to be sent to all nodes at the same time (i.e., low latency). The second requires
a high degree of synchronization between the nodes which would allow all nodes to
sample simultaneously. Commercial networks do not typically operate at the latency or
synchronization levels that would be required. Any network-based instrumentation
standard must address this issue.
Unique operating environments pose a challenge to the use of any COTS equipment. DoD
applications for data acquisition networks will typically require operation in extreme
environmental conditions. These include factors such as electromagnetic interference,
temperature, vibration, condensation, and salt spray. The physical components (cables,
connectors, etc.) of most commercial communication standards are not robust enough to
handle these extreme factors. Use of a commercial standard may involve modifications to
obtain the required environmental tolerances.
The challenges facing the widespread use of data acquisition networks are complex but
solvable. However, a failure to recognize and deal with them could fragment the
instrumentation community’s use of this promising technology. The government, industry,
and academia must work together. Careful thought, planning, and cooperation will ensure
these challenges are met.
THE FUTURE
Members of the telemetry community are beginning to explore the possibility of telemetry
networks. The key distinction between a telemetry network and the telemetry system
discussed previously (figure 1) is the RF link. The unidirectional telemetry link is replaced
with full two-way network connectivity. The ramifications of this change are extremely
complex and far reaching. A thorough discussion of the telemetry network is beyond the

scope of this paper. However, a high-level discussion is beneficial to understand how data
acquisition networks would be utilized within the telemetry network.
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Figure 2. Telemetry Network (conceptual)
In the telemetry network, as envisioned by figure 2, network connectivity would extend
from the data acquisition network (on the test article) to the user. The data acquisition
network logs onto the telemetry network at the start of the test. Numerous data acquisition
networks may be logged onto the telemetry network at any one time. Data is acquired,
packetized, and sent through the telemetry network to any authorized user. This is a
dynamic process with data packets being requested and defined throughout test
execution. An authorized user, anywhere in the world, could remotely log onto the
telemetry network and request and receive test data. The futuristic telemetry network
presented here is based on the Air Force Real Time Telemetry Network (RTTN) proposal
(reference 5).
There are mind-boggling challenges to implementing and managing the telemetry
network. Protocols and architectures must be defined. Where possible, these protocols
and architectures should be based on commercial communications standards. Network
management issues such as QoS, authorized users, prioritization, data security, and
bandwidth allocation need to be addressed. In the future (albeit distant future), when the
telemetry network becomes a reality, the data acquisition network will achieve its full
promise of enabling seamless connectivity from the DAU (on the test article) to the user
(anywhere in the world).

CONCLUSION
The benefits to using data acquisition networks are real and significant. The compatibility
of packetized data with the large installed infrastructure of networks will provide
significant advantages. The challenges to implementing data acquisition networks can be
overcome. Traditional TDM systems will be replaced by data acquisition networks as
these challenges are solved. Technology trends, the RCC task, and the NexGenBus
project, provide little doubt that widespread use of data acquisition networks are on the
near horizon.
Data acquisition networks will usher in a new era in instrumentation design, affordability,
performance, and complexity.
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ABSTRACT
This paper describes a distributed network client-server system developed for researchers
to perform real-time or near-real-time analyses on ensembles of telemetry data previously
done in post-flight. The client-server software approach provides extensible computing
and real-time access to data at multiple remote client sites. Researchers at remote sites can
share similar information as those at the test site. The system has been used successfully
in numerous commercial, academic and NASA wide aircraft flight testing.
KEY WORDS
Client-Server, TCP/IP, Distributed Network, Pulse Code Modulation (PCM), Real-Time.
INTRODUCTION
Improved capability to acquire high quality telemetry data has led to extensive interest in
performing real-time or near-real-time analysis on data ensembles previously conducted in
post-flight. This is particularly true if conduct of the next test point is based on the results
of the current test. Allowing researchers to examine scientific data in real-time greatly
increases research and test productivity.
In response to such needs, a distributed network client-server system was designed and
implemented. The system was designed to be flexible in such a way that hardware and

software modules can be added or removed easily in accordance with the test
specification and requirements. Data accuracy, integrity, and efficiency were important
factors to be considered in the design. The client-server system also enables researchers
at remote sites to share similar data information as those at the test site in real-time.
This paper will discuss the client-server system architecture. And as an example, we will
describe the system used in UH60A Black Hawk Slung Load Testing conducted at NASA
Ames Research Center. Results from other flight tests will also be briefed.
DATA FLOW PATH
Figure 1 shows the schematic of the client-server system at ground station used in the
UH60A Tests. Two PCM data streams -- I-Box stream and ADAS stream -- were
transmitted from the aircraft. The I-Box stream was captured by an on-ground steer log
periodic antenna and the ADAS stream by a single axis dual parabolic antenna. On board
video was also received by the ground station via a horn antenna. In the ground station,
the received PCM data signals traveled through receivers, bit synchronizers and a
combiner. The combined synchronized data stream was then passed to an analog tape for
storage and to a Loral 550 system. The Loral 550 system was embedded with a bitsynchronization module and a decommutation module and functioned as a front end
processor to reassemble data frames and screen out bad ones. Additional data storage
was also available on the internal Loral disk.
Data frames emerging from the Loral system would go through two routes. In the first
route, data traveled to a shared memory board located in the in-house-built Parallel
Telemetry Acquisition Processing System (PTAPS), which was a VME-based embedded
multi-processor system hardwired to the Loral system. PTAPS contains several CPU
processor boards and a shared memory board. Each board has its own application and
can access to the shared memory board on demand. The current data frame was stored in
the shared memory board temporarily until a new frame arrived. Then the new frame
would replace the old frame.
In PTAPS, a SPARC processor board functioned as a data server. The server algorithm
running on this board retrieved the current data frame from the shared memory board and
performed extensive scientific computation. When the computation was completed for the
frame, the computed results were broadcast to various clients in real-time. When a new
data frame arrived, the cycle repeated. The locations of these clients can be country wide.
The network protocols used for communication among the server and clients were
UDP/IP and TCP/IP. These protocols were implemented as part of our sophisticated
client-server software. In addition, a MO68K board which shared the same VME bus as

the SPARC board also acted as a data server to provide real-time data to a local strip
chart device.
A critical issue that deserves attention especially when dealing with extensive data
calculation in real-time is to ensure that the computational process keeps up with the data
update rate. Otherwise, data can be lost before the next computation cycle comes.
Generally, faster processor and efficient software algorithms are able to speed up
computation.
In the second route, raw data frames from the Loral 550 system were broadcast to a local
Sun SPARC workstation where validity of data frames was checked. The data were then
passed to the client-server software for comprehensive scientific computation. In this
step, derived parameters in engineering units were generated. These parameters were then
passed to the UH60A researcher CIFER program. CIFER, which represents
Comprehensive Identification from FrEquency Responses, allows frequency domain
analysis of time history test data through an interactive framework. A detailed description
of CIFER can be found in Ref. 1. During this stage, complex real-time or near real-time
data analyses were in progress. The analyses included rapid identification of transfer
function models, handling qualities analysis, spectral signal analysis, and time and
frequency domain identification comparisons with model predictions. The results of these
analyses could affect UH60A researcher decision of what to do in the next test point.
In summary, the client-server system for UH60A Helicopter Slung Load Tests was mainly
comprised of the following items: (a) an in-house built client-server software to control
and monitor data flow, (b) customized server software modules for data reduction, (c) an
interface to test parameter database, (d) an interface to a user's own data analysis tool, ie.
CIFER program. (e) a networked hardware configuration to perform data acquisition and
parallel processing.
RESULTS
The present client-server system allows researchers to get access to real-time data from
remote test sites and to perform real-time or near-real-time research analysis on data
ensembles. To demonstrate its application, real-time data obtained from different projects
using the system are shown in Figures 2, 3, and 4.
Figure 2 shows UH60A Slung Load Test data extracted from Reference 2 with
permission. The flight-time data profiles were generated by using both the client-server
software and the CIFER program as described above. These profiles can be achieved
within two to five minutes after each maneuver. Familiarity with the CIFER program can
speed up the analysis process. Also note that in the figure, results from flight-time analysis

were compared with results from post-flight analysis. They are in good agreement. The
slight difference in coherence was due to the fact that the post flight procedure normally
expanded the frequency range with adequate coherence.
Figure 3 shows the measured data for CV990 Landing Gear Systems Research Aircraft
Flight Test. The tests were performed along the runway at NASA Dryden Flight Research
Center at Edwards, CA. A mobile facility located near the runway was used to capture
telemetry data. Communication with the outside world was via a wireless modem in the
mobile facility. The data shown on the diagram was actually displayed in a client computer
located at NASA Ames Research Center at Moffett Field, CA. in real-time.
Similarly, Figure 4 shows the laser tracking data for MD990 aircraft position in NRTC
Acoustic Flight Tests conducted at Crows Landing, CA. The data again was displayed at
NASA Ames Research Center in real-time. In both cases indicated in Figures 3 and 4,
researchers at remote sites can share similar data information as that at the test site.
The data transferred from one site to another usually travel through the public Internet
infrastructure, unless private dedicated network channel is used. In the former case, data
arrival to the client hosts may be delayed if the Internet traffic is busy. If data packets go
through Internet, data security issue should be considered.
CONCLUSION
A client-server software has been implemented to make use of the distributed network
system to allow researchers to perform complex analyses on data ensembles in real-time
or near-real-time manner. Results of the analyses can be used immediately for the next test
point. The software also provide extensible computing and real-time access to data by
multiple client sites. The software has been used successfully in a number of commercial,
academic and NASA wide flight tests.
NOMENCLATURE
X: Aircraft position in feet along x-axis from reference point
Y: Aircraft position in feet along y-axis from reference point
H: Aircraft height in feet
V: Aircraft velocity in knot
WAN: Wide Area Network
PTAPS: Parallel Telemetry Acquisition Processing System
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ABSTRACT
Satellite tracking ground stations are under continuous pressure to automate. Autonomy is
generally the desired goal, but if the ground stations are in a Commercial Ground
Network(CGN) setup to support many missions simultaneously, remote control of such
stations is of much more importance. 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. A CGN of TCP/IP
remotely controlled ground stations lowers much of the manpower that was historically
required to operate such stations. This paper will cover the remote control aspects needed
for a satellite ground tracking station and offer a unique remote control topology utilizing
TCP/IP.
KEYWORDS
Object-oriented design, control and management object.
INTRODUCTION
What is remote control of a ground station? Remote control, as used in the context of this
paper, is the ability to control, configure, and receive status from, all ground station
equipment over a network. The network can be a Local Area Network(LAN), Wide Area
Network(WAN) or open Internet. To attain this level of remote control several
requirements must be levied upon the implementation. These requirements are as follows;
single point access, remote equipment control, status, and equipment scheduling interface
to all ground station equipment. An additional condition must be imposed on the previous
requirements, which is access via a TCP/IP network. Expanding the problem to the next
level higher creates a new dimension of problem of how to control each Remote Ground
Station (RGS) and all of it’s respective equipment. Solutions to this problem using

conventional methods are inflexible and usually result in recurring development costs to
add another RGS. A more practical and cost effective solution was provided with the
application of object-oriented design.
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Figure 1- CGN Remote Control Topology

REMOTE CONTROL TOPOLOGY
Using object-oriented design, every part of the CGN is treated as an object (see Figure 1).
Each CGN object is responsible for control and management of the Network Management
Center (NMC) objects. At the next lower level a NMC object would be responsible for
control and management of the RGS objects. At the lowest level, a RGS object would be
responsible for the control and management of all equipment objects (see Figure 2). An
equipment object provides the control and management interface to a specific piece of
equipment.
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Figure2- CGN Remote Control Topology(Cont.)

SINGLE POINT ACCESS
Single point access is the ability to access all RGS equipment via a single interface.
Control and management of all aspects of an RGS requires the mapping of all ground
station equipment to a single entry point. The RGS equipment is physically interfaced to a
single computer providing physical single point access.(see Figure 3).

Receiver
IBM Compatible

Bit Synchronizer

Figure 3 - RGS Equipment Interface
The logical interface is implemented using a control and management object called the
RGS object. The RGS object maintains an equipment table, where each entry contains a
name, an enumerated equipment type identifier, a unit number, an equipment state(i.e.
Available, Allocated, etc.), and a pointer to an equipment object. An equipment object is a
control and management object, which provides a command set and handles all specific
communication protocol issues necessary for communicating to the physical piece of
equipment. It could be considered a logical piece of equipment. One equipment object is
created for each piece of equipment defined in the RGS configuration file.

BitSync1
COM2 [9600 n 8 1 1 HS_ON]
SignalGenerator1 COM3 [9600 n 8 1 1 HS_OFF]
Receiver1
COM4 [9600 n 8 1 1 HS_OFF]
Antenna1
COM6 [9600 n 8 1 1 HS_OFF]

Figure 4 - Sample RGS Configuration File
The RGS configuration file is a map that defines the correlation between the physical and
the logical equipment. It contains entries in the following form that defines a name, unit
number, communications port(i.e. RS232 port, Socket, etc.), and communication

parameters(Figure 4). The name and unit number define a unique identifier for the piece of
equipment.
The RGS object defines several high level functions. These functions are Allocate,
Configure, Start, Stop, Transfer Data, Release, GetStatus, and Execute. Each function
translates to an equipment object function that performs the equipment specific operation.
The Allocate function uses a unique pass identifier to allocate the piece of equipment for a
satellite pass. The Configure function uses a satellite identifier to determine the required
configuration parameters for the specific equipment object. The Start and Stop functions
are used to begin and end the equipment operation. The Release function removes the
pass identifier from the equipment table and marks the equipment state as Available. The
GetStatus function returns status for all equipment allocated for a specified pass identifier.
The Execute function will be covered in the next section.
REMOTE EQUIPMENT CONTROL
Equipment objects have a single point interface similar to that of the RGS object. All
functions in an equipment object have enumerated function identifiers. These identifiers
are used by the equipment object function called Execute. This function translates the
function identifiers into an actual equipment specific function calls.
The RGS object’s Execute function uses an equipment identifier, unit number, and
function identifier to access a specific equipment object function. Using the RGS object’s
Execute function, graphical user interfaces can be created for each specific equipment
type. This interface provides the facility for modifying equipment parameter in real-time.
EQUIPMENT STATUS
RGS equipment status is obtained using the RGS object function GetStatus. This function
allows access, restricted by pass identifier, to the equipment status. This interface returns
an array of structures specifying equipment status and a composite RGS status.
EQUIPMENT SCHEDULING INTERFACE
The Equipment Scheduling Interface is a task scheduler dedicated to the control and
management of the RGS equipment. The task scheduler executes a pass schedule
received from the NMC. The pass schedule file contains several primitive commands for
allocation, configuration, etc. of ground station equipment(see Figure 4). These
commands translate directly into the RGS object high level functions Allocate, Configure,
Start, Stop, Release. Once a schedule file is received, the RGS can execute the scheduled
pass without NMC intervention.

Space Network Schedule
Created 10/28/97 at 22:22:02 on NMC1
Start Time: 09-Mar-1998 00:00:00.000
Stop Time: 29-Oct-1997 23:59:59.000
Duration: 1.99999 Days
Begin Tasks

# Begin

Satellite COBE
RGS Horsham

09-Mar-1998 11:20:01.000
09-Mar-1998 11:20:02.000
09-Mar-1998 11:20:03.000
09-Mar-1998 11:20:04.000
09-Mar-1998 11:20:05.000

# Allocate RGS equipment for pass
Allocate Antenna1
Allocate BitSync1
Allocate Receiver1
Allocate SignalGenerator1
Allocate TelemetryProcessor1

09-Mar-1998 11:20:10.000
09-Mar-1998 11:20:20.000
09-Mar-1998 11:20:30.000
09-Mar-1998 11:20:40.000
09-Mar-1998 11:20:50.000

# Configure RGS equipment for pass
Configure Antenna1 COBE1028972352.pas
Configure BitSync1
Configure Receiver1
Configure SignalGenerator1
Configure TelemetryProcessor1

09-Mar-1998 11:21:00.000
09-Mar-1998 11:21:05.000

# Start antenna tracking
Start Antenna1
Start SignalGenerator1
# SCHEDULED PASS# START: 09-Mar-1998 23:52:07.000
#
END: 09-Mar-1998 23:59:07.000
# DURATION: 7 minutes

09-Mar-1998 11:22:00.000
09-Mar-1998 11:22:10.000

# Stop RGS equipment
Stop Antenna1
Stop TelemetryProcessor1

09-Mar-1998 11:22:11.000

# Transfer data
TransferData TelemetryProcessor1

09-Mar-1998 11:23:00.000
09-Mar-1998 11:23:02.000
09-Mar-1998 11:23:03.000
09-Mar-1998 11:23:05.000
09-Mar-1998 11:23:07.000

# Release RGS equipment
Release Antenna1
Release BitSync1
Release Receiver1
Release SignalGenerator1
Release TelemetryProcessor1

End Tasks

Figure 4 - Sample Schedule

# End

TCP/IP RGS SERVER
The RGS server program creates the task scheduler and RGS objects. The server
program provides remote access via a TCP/IP network. The NMC communicates with the
server program using messages. A TCP/IP socket is created to handle each unique
message type. Each message contains a unique type identifier. This identifier allows the
message to routed to the appropriate part of the server program for processing. The
message types map directly to the following objects; the Equipment Scheduling Interface,
Remote Equipment Control, and Equipment Status.
CONCLUSION
In conclusion, the creation of the single point access, remote equipment control, status,
and equipment scheduling objects provided a simplified interface to all ground station
equipment.
Consolidating these objects in a TCP/IP server provides the desired network availability.
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As aircraft become more complex and require more resources over larger areas, the
challenge of the test ranges is to provide economical solutions to move telemetry data
from the test article to the data processing facility. Edwards AFB is in the process of
upgrading the ground transmission facilities to transport data including telemetry using
Asynchronous Transfer Mode (ATM). This paper documents the challenge of supporting
telemetry over ATM, different approaches that are available, the benefits of using ATM,
and discussion of candidate hardware options.
The effort at Edwards include the linking of the major range facilities over a fiber optic
backbone and links to other major test ranges in the Southwest Range Complex via
microwave. The fiber optic backbone is expected to be OC-12c (622 Mbps) ATM
supporting new capabilities as well as all of the legacy systems. The backbone system will
be designed so that migration to OC-48 is possible without service disruption. The
microwave links are multiple DS-3 capable. Some of these DS-3s may support legacy
systems, but the ability to link ranges using ATM is expected simultaneously.
Keywords
Asynchronous Transfer Mode (ATM), Telemetry, Communications, Flight Test
Introduction
The Range Division at Edwards Air Force Base (AFB) is in the process of a major
communications system upgrade that will affect several test facilities in the southwest
United States. Two separate tasks comprise the upgrade: 1) A microwave upgrade that
installs new capability between Edwards AFB, Naval Air Warfare Center – Weapons
Division (NAWC-WD) China Lake, NAWC-WD Point Mugu, and Vandenberg AFB
(VAFB); and 2) A technology insertion to upgrade the method of transport from time
division multiplexers and/or proprietary encoders/multiplexers to transport telemetry and

video. The technology being investigated is Asynchronous Transfer Mode (ATM). The
technology insertion will begin with the upgrade of the intra-range communications system
at Edwards and then extend to the other bases via the microwave systems.
The timing for this upgrade meets the need of changing testing requirements. The face of
testing is changing to include virtual, constructive, and open air testing. Testing will
include both standalone testing of the System Under Test (SUT) and interactive testing
with other virtual or real players. The data communications requirements are exploding to
include higher bandwidths and more diverse types of data streams.
This paper addresses the insertion of ATM as a new technology as an alternative to
continuing business as usual. This paper discusses the requirements for the data
transmission system, research that has been conducted, the architecture being
implemented, and the benefits that may be realized.
Requirements
The primary requirement for the upgrade to the transmission system is to meet current and
upcoming test program requirements at the southwest test ranges. SUTs are now requiring
larger areas of coverage by range facilities to perform Developmental Test & Evaluation
(DT&E). Larger areas are required due to faster vehicles (i.e. X-33, X-34, F-22) and long
duration capabilities (i.e. Tier II+). In addition, the types of data are growing in number;
the types of data may include:
•
•
•
•
•
•
•
•
•
•
•

Telemetry
Voice
DGPS uplink
Command and control uplink
Flight termination information
Radar position information
GPS downlink information
Local Area Networks /Wide Area Networks (LAN/WAN)
Ground based video
Downlinked video (Compressed digital)
Remote range system command and control and status monitoring

Other requirements that must be considered in the development of the transmission
system include:
•
•
•
•
•
•
•

Supporting legacy systems
Broadcasting to multiple locations
Encryption
Sensitivity to Delay
Reliance on Commercial-Off-The-Shelf (COTS)
System supportability
Network Management

The new transmission system must also interface the existing voice and video switches in
the range. The voice switch is a Digital Access Cross Connect Switch at the DS-1/DS-0
levels. The video switch is a wideband analog switch, which switches National Television
Standards Committee (NTSC) video.
Other uses envisioned for this system include a standalone “Red” system for secure
communications. Once the capability to switch telemetry is established, it will be possible
to switch both the encrypted and clear signals. The ability to switch both “Red” and
“Black” (unsecure) telemetry data will be possible using separate “Red” and “Black”
switching systems through a common network management system. Another use is as a
DS-3 switch at the microwave site to provide for switching of trunk lines between the
different ranges.
Deploying mobile range assets at the required locations will satisfy many of the missions
with large geographic coverage requirements. It must be possible to transmit the required
data between the fixed range transmission system and the remote site. The mobile sites
may be linked back to the range through either dedicated microwave at various standard
telecom data rates or through commercial leased lines. For higher telemetry data rates and
commercial lines, it must be possible to use inverse multiplexing to link the remote sites.

Architecture
The architecture for this transmission system includes the microwave system and the
range communications upgrade. The system is a hybrid of transmission rates using both
North American standard circuits and Synchronous Optical Network (SONET) circuits.
The circuits that may be included in this system are:
• DS-3 (44.736 Mbps) (North American Standard)
• STS-1 (Synchronous Transport Signal Level –1 (51.840 Mbps) (SONET)
• OC-1 (Optical Carrier Level 1 (51.84 Mbps) (SONET)
• OC-3 (Optical Carrier Level 3 (155.52 Mbps) (SONET)
• OC-12 (Optical Carrier Level 12 (622.08 Mbps) (SONET)
• OC-48 (Optical Carrier Level 48 (2488.32 Mbps) (SONET)
The architecture of the microwave system includes dedicated three DS-3 microwaves
between Edwards and China Lake and Edwards and Vandenberg. In addition, a dedicated
three STS-1 microwave capability is being planned from Pt. Mugu through Edwards to
China Lake. Figure 1 shows the proposed implementation.
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Figure 1. Inter-Range Microwave Communications Architecture.
Notice in Figure 1 that it is possible to setup a ring, a star, or mesh architecture using the
microwave links. The possible architectures are illustrated in Figure 2. When operational,
the microwave system will likely be a hybrid of all of these architectures. Each architecture
has its own drawbacks and benefits, but the types of data being transmitted may
determine the architecture that is implemented. For instance, a modeling and simulation

scenario with interactive components at different facilities might demand the shortest
delays possible, which implies a point-to-point mesh connection. However, a high risk test
at a VAFB location with the data required at China Lake might demand a ring
configuration to ensure the data are collected and displayed real-time. In the modeling and
simulation scenario the time critical nature of the data might be offset by the low risk and
the ability to redo the test. In the second scenario, the high-risk nature of the test demands
that all precautions possible be taken to ensure that good data are presented to the
engineers.
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Figure 2. Possible Network Architectures for Inter-Range Microwave System.
The ATM network on the Edwards Range is being implemented in a ring architecture with
ATM access concentrators feeding the nodes of the ring. The ATM access concentrators
are not just multiplexers; they are ATM switches. The distinguishing factor between a mux
and a switch is that a mux takes many low speed interfaces into a single high-speed circuit,
where a switch can connect any high or low speed port to any other high or low speed
port.
The network at Edwards is being implemented primarily with two products: a backbone
switch and an access concentrator. The Range Division at Edwards will be conducting
beta tests of the ADC Telecommunication’s Cellworx Service Transport Node (STN)
during the summer of 1998. The Cellworx combines the advantages of both ATM and
SONET technologies in a hybrid add/drop multiplexer. The Cellworx STN uses ATM for

transmission as well as switching. While providing transport for ATM traffic classes such
as constant bit rate (CBR) and variable bit rate (VBR), the Cellworx STN provides the
reliability of a path-protected SONET ring in an environmentally hardened package. The
Cellworx STN provides a 10 Gigabit per second (Gbps) cell switching capacity on an
OC-12c or OC-48c SONET ring. The access concentrator being proposed is the ADC
Kentrox AAC-3. The advantage expected from the AAC-3 is the implementation of the
adaptive clocking capability and the ability to transport telemetry directly over ATM.
Figure 3 shows the architecture of the new transmission system at the Edwards Range.
The system will begin by connecting the Ridley Mission Control Center (RMCC), the Birk
Flight Test Facility (BFTF), Building 5790 (the primary telemetry receiving site), and
Building 5780 (the primary microwave relay site). The interfaces to be supported at the
four sites include:
•
•
•
•
•
•
•
•
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Figure 3. Edwards Range Communications ATM Architecture

The interfaces provided at the Edwards Range sites will support all of the current range
functions. Some existing range systems will be decommissioned when this system is
implemented, in other cases the legacy systems will be supported. The systems to be
decommissioned include analog microwave systems and telemetry multiplexers operating
at DS-2 rates (6.312 Mbps). Some of the legacy systems that must be supported include
DS-3 multiplexers carrying telemetry and video.
The ability to transport telemetry directly over ATM provides the capability to develop
efficient networks and allocate bandwidth as needed. Past research into candidate
methods to transport telemetry over ATM is documented in Reference 1. The available
COTS solution is to multiplex to North American standard telecom data rates (DS-1, DS3, etc.), then transport the standard telecom data rates via Constant Bit Rate (CBR) over
ATM. This results in very inefficient transmission systems.
The difficulties of implementing an efficient telemetry-to-ATM interface are also
documented in Reference 1. The most significant difficulty is the isochronous nature of
the telemetry stream and the amount of frequency instability in the signal due to Radio
Frequency (RF) artifacts (e.g., Doppler, multipath, etc) and instrumentation oscillator
offset. Some of the approaches that have been proposed for the telemetry-to-ATM
interface are proprietary in nature on both the transmit and receive end. Several additional
approaches are being investigated. One of the candidate approaches allows for the data to
be input through any system that supports external clocking and only relies on the data
being reliably received to reconstruct the clock and output.
Benefits
Many benefits will be realized from this upgrade. Benefits are both technical and logistical
in nature.
The technical benefits from this upgrade include the technology insertion and a move
away from proprietary solutions. Although the implementation of this approach has
proprietary processes embedded within, there is no proprietary manipulation of the data
within the ATM cell to prevent other vendors from receiving the input and recovering the
data. The upgrade provides automatic redundancy that has not been previously
implemented at Edwards. By the nature of ATM, the links that are supported become
more efficient through the statistical nature of the technology. In the extended range
scenario, efficiency is also gained through the use of a standards based implementation of
inverse multiplexing.
A benefit of a less technical nature is the higher reliance on COTS. Instead of the
government developing specialized product and suffering high costs to maintain

equipment, the use of COTS equipment allows the government to share costs with
industry.
By extending ATM to the receiver site, this upgrade supports some of the next generation
programs that are underway or being proposed. Programs that are proposing networks in
the sky, or instrumentation through ATM, can be supported through this upgrade without
major infrastructure changes.
Conclusion
The upgrade program currently underway at Edwards AFB introduces ATM into the flight
test range environment. One major innovation is the introduction of ATM into the range
environment not only as a switching technology but also as a transport facility. The
proposed upgrade provides increased efficiency and reliability over existing systems with
a higher reliance on COTS.
During this upgrade program, the interconnection of several of the major test ranges in the
Southwest United States will be linked using high capacity microwave links and ATM data
transport protocols. The increased interconnectivity provides for distribution of open-air
test data and networking of other test articles, whether simulated or hardware-in-the-loop.
This capability meets the needs of today and the anticipated needs of tomorrow.
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and Telemetry Ground Network
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ABSTRACT
The NASA Communications (Nascom) Division has been directed to deploy Internet
Protocol (IP) based technology for the ground segments of all present and future
spaceflight telemetry networks. The Nascom network supports all NASA spaceflight
telemetry, command and status requirements, from sounding rockets and balloons to the
Hubble Space Telescope and the Space Shuttle. This paper discusses the challenges of
transitioning a 35 year old, custom engineered, worldwide legacy telemetry network to
IP, and the resulting, new NASA IP Operational Network for ground transport of
spacecraft telemetry and command.
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INTRODUCTION
The NASA strategic goals of dramatically reducing costs of routine spaceflight
operations and positioning these operations so that they are more readily outsourced,
resulted in the directive to eliminate all proprietary and custom data communications
systems, using IP based technology instead. This directive was immediately applied to
the mission critical telemetry systems as well as the administrative and support networks.
The Nascom program managers also added the additional requirement that there should
be no impact to the existing applications or additional costs for the customers, other than
their acceptance testing of the new network transport.
The re-engineering effort was organized into two large parts:
1) the network-application interface (where the network meets the customer)
2) the network transport infrastructure

Each part then had three major phases:
1) legacy evaluation
2) evaluation and application of related IP technology
3) deployment
The discussion of this paper will follow this outline, but the highlight of this report is the
new application of IP multicast technology to the mission critical telemetry network of
NASA.
THE NETWORK-APPLICATION INTERFACE
Legacy evaluation
The legacy network interface is based on the familiar clock and data bit stream, captured
in the RS-449/422 physical and electrical standards. In order to switch the telemetry in
the legacy network, it is formatted into blocks with source and destination addressing,
and other information useful to spacecraft and instrument control. The format of these
blocks was determined more than 20 years ago, and yet it still serves its purpose well
enough today. The focus of this re-engineering effort is the actual switching and network
systems that transport these blocks.
Traditionally, this interface has been implemented with specialized hardware, but as
general data processing systems have become more powerful, more of the data
formatting, synchronization and data reduction is being done in software. However,
because this legacy goes back as much as 35 years, there are still very many, now
archaic, processing subsystems in use. Many of the legacy telemetry blocking and deblocking subsystems are dependant on the synchronous and continuous nature of a clock
and data serial bit stream. This re-engineering effort was not authorized nor funded to
update these front-end systems, and was in fact directed not to impact these customer
interfaces in any way. Taking advantage of the fact that the legacy network backbone
uses domestic satellite carrier services, buffers in the new network application interface
were designed to be large enough to smooth variations in the inter-packet arrivals of an
IP transport. In this way, there is always enough bits in the buffer to provide a continuous
bit stream from the serial interface. However the limited delay of a satellite hop, 250
msec, is still considered a constraint that must be addressed in any IP network. In this
case it is addressed in the operational concepts discussed below in the Network Transport
Infrastructure.
Technology Application
The legacy network infrastructure has been built on two, interconnected, schemes of
transport: 1) Point to point circuits connected directly to “Message” Switching Systems
(MSS), and 2) Point to point circuits connected to large programmable Multiplexer-

DeMultiplexer (MDM) systems, whose aggregate channel is connected by a satellite
broadcast system. The MDM is so integrated into the Space Network at White Sands
Ground Terminal, (ground station for the Tracking Data Relay Satellite System, or
TDRSS), and Space Shuttle operations at Johnson Space Center, that it was decided to be
a much lower risk to make those MDMs IP capable. One of the MDMs at GSFC, and the
MSS were replaced outright by the conversion devices discussed next.
The concept is to provide a “conversion device” that interfaced to the legacy serial
interface on one side and a nominal IP multicast network on the other. Because there are
several hundred serial interfaces in the legacy network, an inexpensive solution (several
serial interfaces for less than $10,000) is desirable. There are 2 candidates, both based on
PC platforms and special programmable serial interface cards. The first was an in house
effort using the Linux OS and a NASA serial interface card, and the second is a product
marketed by Avtec called a Programmable Telemetry Processor (PTP) which uses the
OS2 or Windows NT OS’s and Avtec programmable serial card interface cards. After
several application software patches, both solutions have been deployed, and the PTP is
the officially sanctioned solution since, it is commercially available and supported.
Another company, General Data Products, has demonstrated their own conversion
device, with up to 15 serial channels capacity, to be compatible with the NASA IP
transition network.
NETWORK TRANSPORT INFRASTRUCTURE
Legacy evaluation
The legacy transport network is a serial switched and multiplexed network, providing
each project a scheduled, dedicated channel for each required stream. The specialized
switches, using mainframe based communication processors, also performed a lot of data
replication so that a single, real time stream could be received by several destinations at
once. The multiplexed data was transmitted over satellite carrier services, which also
performed an inherent data replication for multiple destinations.
There is no distinction of data types, and so all data, whether spacecraft commands,
attitude telemetry or day old spacecraft recorder playback data is treated equally, as
critical to the life and success of the mission. There are very little transport services
provided by the legacy protocol, primarily providing error detection and sequence
detection. These characteristics have significant physical layer performance implications,
which are discussed later.
IP technology application
IP multicasting, a recent development in the Internet, is another product of the Internet
research community. Its application to distance learning, conferencing, and

communications integration (i.e. data, voice and video) has spawned considerable
commercial interest and development, to the point that there is currently a worldwide
“Internet within the Internet” known as the Multicast backBone or Mbone, which relies
on this technology, and is quickly becoming a commercially viable entity, such as the
World Wide Web.
The application of IP multicasting technology is implied by the capability of the legacy
switching systems to copy telemetry blocks, and the use of satellite carrier services,
which inherently duplicate telemetry by the number of earth stations receiving the
downlink in the MDM system . Effectively applied, IP multicasting can also utilize wide
area bandwidth very efficiently. IP multicasting is considered mature since several router
manufacturers support it, the Internet has sponsored it for several years, and it is available
in several low cost host platforms, including the candidate conversion devices. The
primary drawback is that IP multicasting supports only datagram (UDP) transport
services. The option of using a proprietary or special application as a reliable transport
protocol was ruled out, for increased risk, lack of schedule to test and parameterize, and it
was considered anathema to the directive to use standard generally available protocols.
The issues of relying on UDP as the IP transport protocol are addressed in the
deployment section.
Telemetry stream group management
The Internet Group Management Protocol (IGMP) handles the set up of a telemetry
stream by associating a telemetry source with 1 or more destinations. IGMP defines a
protocol between hosts (the conversion devices) and the IP routers. A typical telemetry
stream could have the telemetry source as the ground station in contact with the satellite,
and the telemetry receivers are the mission control centers (with online and backup
receivers), science operations centers, flight dynamics and navigation facilities, data
production and other facilities. During launch and early orbit, the number of telemetry
receivers often multiplies when specialists, investigators and dignitaries request their own
real time displays for these exciting and critical times. The dynamic nature of the group
memberships lends itself well to IGMP which reacts on demand. The scheduling systems
and protocols which support the legacy network are considered burdensome and costly.
The use of IGMP for these purposes eliminates the scheduling function and its associated
systems.
Telemetry Stream Routing
A routing protocol is required so that the IP routers know how to route the multicast data
based on the availability of network resources, such as the routers themselves and the
circuits and subnets connected to them. There are now several flavors of multicast routing

protocols to choose from, and they each have distinct behaviors. The behavior NASA
requires consists of the following:
1) No data loss for stream setup (first block gets through, important for
commands) or routing overhead
2) Deterministic behavior, diagnosable faults
3) Fault tolerant, auto recovery from physical layer failures
4) Efficient use of bandwidth, some telemetry streams are more than 2Mbps
5) Data driven, unscheduled route control (not manually configured any particular
telemetry stream)
6) Adequate monitoring capability
There are 3 contenders currently available for IP multicast routing protocols: DVMRP,
PIM, and MOSPF. All three protocols rely on IGMP to request that a particular multicast
data flow be routed toward a particular network destination. Only the determining
characteristics of these three protocols as they would be used in the NASA real time
telemetry network are discussed below. These characteristics, or lack of them, were
demonstrated in a network laboratory. The actual operation of the protocols is well
documented by the references in the bibliography.
DVMRP
The Distance Vector Multicast Routing Protocol (DVMRP) is the defacto standard in the
Internet’s Multicast Backbone (Mbone). This protocol was developed to allow routers to
handle thousands of multicast groups with the least impact on router resources. DVMRP
routes multicast data based on explicit rejection notices, in other words, it makes sure
everybody gets all the data and processes rejections to keep the data from going to
distinct network destinations. This is also known as a dense mode protocol, since where
there is a high density of receivers, this approach may work efficiently. DVMRP
implements this behavior by flooding the multicast data to all network interfaces that are
running DVMRP, which requires little processing by the router. The NASA telemetry
network has many “tail” sites which receive only 10’s kbps telemetry over narrowband
circuits. The flooding behavior of DVMRP would deny these tails sites of their required
telemetry at various times for various periods. The use of static controls to restrict this
behavior is not acceptable, as they become very numerous for hundreds of telemetry
streams and hundreds of destinations. DVMRP is not deemed usable.
PIM, Sparse Mode
The Protocol Independent Multicast protocol was developed by Cisco routers to address
many of the issues with DVMRP. It is the leading protocol of use in the Mbone, as a
majority of the Mbone connected routers run PIM. PIM sparse mode routes data based on
explicit requests. Multicast data is not sent to a network destination unless a receiver at
that destination explicitly requests it. While PIM runs primarily in a single vendor’s

router (Cisco), it is the predominant protocol in the Internet Mbone. PIM requires the
configuration of a rendezvous point (RP), which coordinates all multicast flows between
each source and all its destinations. In our testing and verification in the lab, the PIM
protocol has been very liable to topology failures. The ability to reroute around failed
circuits and routers was unpredictable at best and non functional at worst. PIM is also a
developing protocol, with new versions expected to be released in the future. The
prospect of re-evaluating and regression testing future versions of the protocol are very
unattractive prospects for our purposes. Finally, PIM is only supported in Cisco routers,
effectively sole sourcing our network infrastructure. PIM was ruled out as a primary
choice of multicast routing protocols but highly desired over DVMRP, since under
nominal conditions it functioned quite well.
MOSPF
The Multicast Open, Shortest Path First protocol is OSPF with multicast extensions.
OSPF is the standard unicast IP protocol in the Internet. MOSPF extensions were
developed, implemented and deployed by an Internet Engineering Task Force (IETF)
sanctioned working group several years ago, whose work has been documented in the
references at the end of this paper. MOSPF performed extremely well in our evaluation
tests, behaving in a deterministic manner in both normal conditions and failure
conditions. MOSPF is supported by the 2nd and 3rd largest router vendors, offering a
competitive commercial source for the needed IP network infrastructure. The quick,
deterministic failure recovery and competitive sources of MOSPF were the 2 leading
reasons for its selection as the NASA IP Operation Network multicast routing protocol.
There have been allocations the MOSPF is too burdensome on the routers to deploy in a
large scale. This has proven to be untrue in our experience.
Deployment
The use of the PTP outsourced the production, maintenance and support of the legacy
serial interface. For instance, any patches for the PTP have been provided by the vendor
under standard warranty. I will say only briefly, there has been a trade-off between
having industry assume development and sustaining engineering costs, and schedule
control that an in house project would have. NASA choose to accept that risk.
The MDM IP interface remains a custom built, in house sustained, effort. The IP
Multicast interface for the MDM replaces the aggregate channel that connects the MDMs
over the satellite broadcast transport. The serial interface ports are mapped to IP multicast
addresses in the multiplexer and the IP multicast addresses are mapped to serial port
addresses in the de-multiplexer. These functions are accomplished in a new processor
with a 100BASET Ethernet based IP interface, which are integrated in the MDMs.

The approach is to build the IP infrastructure with adequate bandwidth and monitor the
use of bandwidth such that datagrams are not lost in the network due to congestion. The
circuits used for wide are transport are provisioned under an existing Government
contract that provides premium performance for NASA critical requirements. These are
the two primary conditions in the IP infrastructure which allow for the use of UDP
transports between applications. We have been aware the NASA receives exceptional bit
error performance on its T1s, acquired through its contract mechanisms with its FTS
provider (AT&T). NASA contracts for a BER is 1 x 10 –7 and availability of 99.95%,
and usually receives better.
It should be noted that MOSPF does have a dense mode behavior in some circumstances.
In a non backbone areas with multiple paths to the backbone, multicast traffic is sent to
both the primary and backup connections to the backbone. This will result in data
flooding the area if the configuration of that area does not take this behavior into account.
With proper IP architecture and design this has not been an issue for the NASA network.
A principal reason for the success of the NASA IP Operational Network has been the
successful implementation and staffing of a Network Operations Control facility. The
NOC relies primarily on well motivated engineer level staff and operators. Its resources
are built around Unix workstations running HP Openview and other SNMP tools and
applications.
Summary
The conclusion to this matter, for the purposes of this paper, is that IP multicast
technology, and MOSPF in particular, has been demonstrated to be mature and ready for
real time, critical application. The time has now arrived where telemetry and command
networks can be commercially provided and relied on. However, real time critical
networks are not yet a commodity, but require careful end to end engineering and
analysis.
The most significant area of follow on investigation and analysis is the use of emerging
IP multicast transport protocols which offer assured delivery, and recovery of lost
packets, as applied to a real time application that requires continuous data.
NOMENCLATURE
COTS Commercial off the Shelf
COMMGR Communications Manager
DEMUX Demultiplexer
DVMRP Distance Vector Multicast Routing Protocol ( standard Internet multicast
routing protocol)

GSFC Goddard Space Flight Center
IGMP Internet Group Management Protocol
IONET IP Operational Network
IP
Internet Protocol
JSC Johnson Space Center
MDM Multiplexer/Demultiplexer
MOSPF Multicast OSPF
MSFC Marshall Space Flight Center
Multicast when data is sent to multiple destinations simultaneously
MUX Multiplexer
NASA National Aeronautics and Space Administration
Nascom NASA Communications Division
OSPF Open, Shortest Path First (Internet routing protocol, unicast only)
PIM Protocol Independent Multicast (Cisco proprietary IP multicast routing protocol)
PTP Programmable Telemetry Processor
SCD Small Conversion Device
SNMP Simple Network Management Protocol
STGT Second TDRSS Ground Terminal
UDP User Datagram Protocol
Unicast when data is sent to a single destination only.
WSGT White Sands Ground Terminal
WAN Wide Area Network
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A VALUABLE TOOL TO HAVE WHEN WORKING WITH PSK
DEMODULATORS IS A KNOWLEDGE OF ITS FUNCTIONALITY

Linda Cylc
Aydin Telemetry

ABSTRACT
PSK demodulators have been an integral part of the signal recovery process for decades.
Unless a person has designed a demodulator, how much can a person know or
understand about its operation? Instruction on how to set up a demodulator’s parameters
to acquire a signal is found in a manual. An explanation of why parameters are set a certain
way to handle particular input signal characteristics is often not provided in a manual.
This paper is designed to be a tool to aid engineers, technicians, and operators who utilize
demodulators. Its purpose is to relay the functionality of a demodulator to a user so that
he or she can take advantage of its control parameters and status feedback. Knowing the
reasons why a demodulator is set to certain parameters may greatly reduce confusion
when a system is not working properly. On site troubleshooting may be accomplished
without the need to call the manufacturer of the product. Another advantage of
understanding the operation will be recognized when interfacing with the manufacturer. A
person will be able to relay the information to a design engineer more easily, and will
understand more of the engineer’s feedback on the potential problem.
Utilizing this paper as an aid to enhance operation of a PSK demodulator will bring a user
one step closer to understanding the complexity of its design.
KEY WORDS
Dynamic range, automatic gain control (AGC), loop bandwidth, and deviation.
INTRODUCTION
Throughout the past twenty-five years, Aydin Telemetry has been a leader in the design of
PSK demodulators. During this time, the company has been advancing along with the
industry’s rapid progression of change. The first PSK demodulators consisted of
approximately twenty cards, housed in a large chassis. Today, Aydin has virtually

replaced the large chassis type demodulator with what the industry demands: VME, PC,
and PCI based demodulators. These more current versions are replacing much of the
analog with digital and combining the two types of circuitry to reduce board space to suit
customers’ needs. Aydin also houses the VME type module in a standard chassis, since it
is still very popular.
The focus of this paper will be Aydin’s Model 3321 PSK demodulator. A summary of the
functionality of a demodulator, and a more in depth look at how it performs these
functions is a necessity. It is the key factor in providing a user with the tools that person
needs when using and/or troubleshooting the demodulator in a system.
One point that must be stressed is that this paper is based on one specific type of PSK
demodulator. While most of the fundamentals can be generalized to any type of PSK
demodulator, the specific settings for each will vary by manufacturer and demodulator
type.
FUNDAMENTALS
The Aydin Model 3321 PSK demodulator performs coherent BPSK (Binary Phase Shift
Keyed), QPSK (Quadra-Phase Shift Keyed) and SQPSK (Staggered Quadra-Phase Shift
Keyed) demodulation of satellite telemetry subcarriers. Figure 1 shows the functional
block diagram. The demodulation process is a recovery of a specific information signal
that has been modulated onto a carrier signal. The Model 3321 PSK demodulator can
accept a range of input subcarrier frequencies between 1 kHz to 10 MHz, which can vary
in amplitude from 0.1Vp-p to 10Vp-p. The input signal is conditioned and normalized.
Using automatic gain control (AGC), the desired signal’s input amplitude is held constant
so that the remaining circuitry can process the desired signal properly. Once the input
amplitude has been stabilized, the modulated signal is mixed with the sine and cosine
components to recover the subcarrier and detect the baseband signal. The signal is then
filtered by I and Q Bessel filters, which remove any undesirable signals, so that only the
baseband signal is passed. The resultant signal is then amplified to a proper output level
for processing by the next stage of a telemetry system.
STAGES OF DEMODULATION
The first stage of demodulation is to receive the signal. The characteristics of this input
signal are varied and often complex. Usually the signal is corrupted by noise, which is
reason enough to design a stable input stage. However, there are other factors to consider.
The signal may be very weak by the time it is received by the demodulator. In addition, the
demodulator must select this signal from surrounding signals, which may be more
powerful. Fading present due to atmospheric conditions will cause the signal to increase

and decrease. Yet the demodulator is required to maintain lock in the midst of these
conditions. The input stage must be designed to handle these factors and keep the desired
signal stable.
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Figure 1. Model 3321 PSK Demodulator Functional Block Diagram
The automatic gain control (AGC) circuitry defines the second stage. Once a signal has
been selected, it is sent to an AGC amplifier. The purpose of this amplifier is to maintain a
constant output to be used by the next stage. A control voltage to the AGC amplifier
achieves this constant output amplitude. Therefore, if the input signal is very weak, the
AGC circuitry will amplify it enough so that it can be processed at the next stage. If the
input signal is too large, the AGC circuitry will attenuate the signal, so as not to saturate
the next stage. It is during the input and AGC stages that the dynamic range of the
demodulator is implemented. The dynamic range of a demodulator is based on the range
of amplitudes that the input and AGC stages can handle. Dynamic range will be discussed
further along in this paper.
The third and most complicated stage is the demodulation process itself. Figure 2 depicts
the block diagram of the modified Costas Loop that is used in the Model 3321 PSK
demodulator. In this stage, the input signal is mixed, or multiplied, with the sine and cosine
components. Through this process, the coherent subcarrier is recovered and the PSK
input is demodulated to baseband. The loop filter and surrounding circuitry is processed
digitally, therefore, the analog signal is converted to digital and then sent to the phase
detector, which is a look-up table. The look-up table contains the phase error
measurements based on the I and Q sign and magnitude samples. This phase error

information is sent to the loop filter and processed as control bits for the NCO
(Numerically Controlled Oscillator). The NCO generates the same frequency relative to the
subcarrier frequency. Any change in the input frequency is phase detected and sent to the
loop filter. This error is converted to the new control bits, which causes the NCO
frequency to change along with the input subcarrier frequency.
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Figure 2. Block Diagram of Modified Costas Loop
The modified Costas loop continually recovers the subcarrier frequency and passes the
baseband signal to the Bessel filters. There are two filters, one for the in-phase, or I,
channel and one for the quadra-phase, or Q, channel. These are fourth and fifth order
Bessel filters. They eliminate any harmonics or other interfering signals from being
processed. The Bessel filters reject any out-of-band noise, but in-band noise will pass
along with the signal. This in-band noise is proportional to the data bandwidth setting.
The output stage is very simple. The only points to be considered here is what the output
amplitude and impedance need to be so that it will match and be accepted by the next
stage of a system, generally a bit synchronizer. The output of a demodulator when viewed
with an oscilloscope is referred to as an eye pattern. This concept will be discussed within
the scope of the Test section.
PARAMETER SETTINGS
When using an Aydin Model 3321 PSK demodulator, there are certain settings a user must
define for the demodulator so that it can detect the input signal properly. Figure 3 depicts
a front panel screen typical to that provided to customers who purchase the Model 3321
PSK demodulator. The mode field can be set for BPSK or QPSK operation. The next
step is to select the desired subcarrier frequency. Then the data bandwidth is selected and

is usually set equal to the bit rate. If the incoming code is bi-phase, then the data
bandwidth should be set to twice the bit rate. The data bandwidth setting varies for
different demodulators because it is based on the Bessel filters’ cutoff frequency, which is
dependent on design requirements. The Bessel filters’ cutoff frequency is equal to the bit
rate in the Model 3321 PSK demodulator. The final setting is the loop bandwidth. This
setting can vary and depends on many factors. The main factor to consider when setting
the loop bandwidth is the data bandwidth setting. If the data bandwidth is set to less than
10 kHz, then the loop bandwidth needs to be set between 1 Hz to one percent of the data
bandwidth. If the data bandwidth setting is equal to or greater than 10 kHz, then the loop
bandwidth needs to be set between 0.01 percent and one percent of the data bandwidth,
up to the maximum setting for the loop bandwidth, which is 25 kHz.
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Figure 3. Display of Model 3321 PSK Demodulator Parameter Settings
There are two important meters available on the Aydin Model 3321 PSK demodulator and
three LED indicators. An AGC meter is provided which reveals the desired input signal’s
amplitude. The meter is labeled AGC since its parameter reading is based on the AGC
control voltage. The gain of the AGC amplifier has a range of 40 dB. The dynamic range
of the input amplitude also happens to be 40 dB. This relationship allows circuitry to use
the AGC control voltage to determine the input amplitude. For example, if the AGC
amplifier gain is at its maximum gain, then the input signal is at its minimum amplitude and
the control voltage is at some known value. The control voltage is used to activate a lookup table that digitally produces a value for the meter reading. Referring to Figure 3, the
AGC meter indicates a reading of 1.0V. This voltage reading represents peak-to-peak
voltage. It is important to realize that the meter displays the desired signal’s amplitude. An
interfering signal may also be present with the desired signal, causing the entire input to be
3Vp-p, for instance, but the desired signal is only 1Vp-p.
A Deviation meter is provided to track any error between the input subcarrier and the
demodulator NCO frequency. The reading in this field is measured in loop bandwidths.

For example, a reading of +1.0 means that the input subcarrier frequency is deviated from
the NCO frequency positively by one loop bandwidth.
The LED indicators are sync, loss and overload. The meters and the LEDs work together
to inform a user of the demodulator’s status.
A thorough understanding of the relationship between the meters and LED indicators, in
conjunction with the demodulator’s parameter settings is essential for a user. This
knowledge will aid a user when things go awry in a system. Outside influences may cause
a user to suspect a problem with the demodulator, when in fact the problem may lie
elsewhere. Determining that the problem does not exist in the demodulator can be a
painstaking part of troubleshooting a system level problem. The ability to accurately read
and comprehend the demodulator’s meters and LED indicators will quicken the task of
eliminating the demodulator as the trouble spot in a system.
ASSOCIATIONS
The AGC meter has a direct relationship with all of the indicator lights. Assume that the
demodulator’s parameters are set up properly for the input signal. If the AGC meter
reads10V, this indicates that the input signal amplitude is more than 10V. This condition
will cause the Sync and Overload LEDs to be illuminated. Then, of course, if the
parameters are not set up properly for the incoming signal, and the signal is too large, the
Loss LED as well as the Overload LED will be illuminated. Now assume that the
parameters are set up properly, but the input signal is too weak. In this state, one of two
things usually occurs. Either the AGC reading will display 0.1V or 0.0V and the Loss LED
is lit or, which is more common, the AGC meter will read 0.1 or 0.0V and the Loss LED
will flash on and off. This indicates that the input signal level is on the threshold of the
demodulator’s acceptable range of input levels.
The Deviation meter is associated with the subcarrier frequency and the loop bandwidth
settings. Since the meter tracks any change in the input frequency relevant to the internal
Numerically Controlled Oscillator’s frequency, any change within the loop bandwidth
setting will be displayed as a positive or negative deviation. The deviation measurement is
in loop bandwidths, therefore a reading of +1.0 is equivalent to a deviation of one loop
bandwidth. Since an ideal system is not possible, the meter will usually display a small
deviation at all times. A narrow loop bandwidth will display a larger deviation as compared
to a wider loop bandwidth for the same input signal because the tolerance is limited. For
example, if the loop bandwidth is set to 100 Hz, and the input subcarrier frequency is
deviated from the setting for the demodulator by 100 Hz, then the Deviation meter will
display +/- 1.0. If the loop bandwidth is increased to 200 Hz, then the Deviation meter will
display +/- 0.5.

DEPENDANCIES
Many factors must be considered when setting up the Aydin Model 3321 PSK
Demodulator. The loop bandwidth setting is dependent on the data bandwidth setting.
Due to the characteristics of the digital circuitry within the modified Costas Loop, there
are delays to account for when determining the loop bandwidth. Referring to Figure 2, the
Bessel filters cause a delay that is based on the sampling rate. There are two ranges of
sampling rates; therefore this delay is not completely constant over the entire range. The
phase detector, loop filter and local oscillator also introduce delays into the system. These
delays are the reasons that a constant ratio between the loop and data bandwidths cannot
be maintained. Since there is a wide range of settings for the loop bandwidth, it is
important to realize that there is room for error. For example, assume the demodulator is
exposed to heavy in-band noise and is not functioning properly. The loop bandwidth may
be set within the proper range, however it may be set too high. In this situation, reducing
the loop bandwidth setting, although still in the acceptable range, may solve the problem.
The relationship between the AGC and the dynamic range of the input stage is very crucial
in a demodulator. The demodulator’s input stage and AGC stage are designed to handle
the desired signal’s amplitude. Any interfering signals apparent at the input must also be
considered. These signals are also passed through the circuitry until they have reached the
Bessel filters, where they are rejected. This is where the dynamic range becomes a major
factor in the system. When designing a demodulator, provisions must be included so that
the dynamic range is capable of handling a large interfering signal in conjunction with the
desired signal. For example, assume that the input signal consists of the desired signal and
an interfering signal that is ten times larger than the desired signal. Also assume that the
input and AGC circuitry are designed with a limited dynamic range that can only handle an
interfering signal that is six times larger than the desired signal. One scenario that will result
from this restricted dynamic range could be limiting the output of the AGC amplifier so
much that the desired signal is not even passed on to the mixer stage of the Costas loop.
If the front end is incapable of handling both the strong unwanted signal and the weak
desired signal, the design collapses.
TESTING
The final section of this paper will focus on the testing of the Model 3321 PSK
Demodulator. Some of the functions that are tested before shipment of a demodulator are:
Subcarrier lock, subcarrier tracking and deviation, PSK input lock, interfering signal
rejection, AGC with regard to overload, and signal to noise ratio. The signal-to-noise ratio
is the only topic that has not been addressed up to this point. Before signal-to-noise ratio
tests are performed, loopback testing is usually done. The loopback testing requires using
a Bit Error Rate Tester (BERT). The BERT provides a known bit pattern, which is

modulated onto a subcarrier. This signal is then demodulated by the Model 3321 and sent
to a bit synchronizer, which produces the recovered data with a clock. The recovered data
and clock are sent back to the BERT to be compared to the transmitted bit pattern.
Through these tests, a user can change the bit pattern, the code, and also inject specific
errors. It is necessary to inject errors because a no-error reading may be false.
The output of the demodulator, as viewed on an oscilloscope, is known as an eye pattern.
An eye pattern displays all of the imperfections, or lack of imperfections, that represent
the recovered data. During the loopback tests, it is necessary to view the eye pattern to aid
in determining if the results concur with what is seen at the output of the demodulator.
Figure 4 shows detail of a normal eye pattern as well as examples of how certain
imperfections degrade the eye pattern. When noise is corrupting the system, the top and
bottom of the eye pattern becomes distorted. If timing becomes a problem, then the
crossover points on the eye patter become jittery. The eye pattern can reveal a lot of
helpful information to a user, especially if a user does not have immediate access to a
spectrum analyzer.

Figure 4. Eye Patterns (from Electronic Communications Systems)
Once the loopback performance tests have proven that the demodulator is processing
properly, the signal-to-noise ratio tests are performed. These tests require purposely
corrupting the transmitted data with specific amounts of noise. By doing this, a user can
chart how well the demodulator performs in noisy environments. During the signal-tonoise tests, the Bit Error Rate (BER) is measured and the demodulator’s sync light
indicator is monitored. The sync light and BER reading indicate whether or not the
demodulator is processing the information accurately in the midst of in-band noise. If the

BER measurement has fallen out of the expected range, then the demodulator is no longer
functioning properly. When the demodulator’s loss light indicator begins to flash on and
off and the BER measurement is no longer within the proper limits, the noise has
overpowered the data and the demodulator cannot maintain a locked condition on the
desired signal.
CONCLUSION
The decision to write this paper was made due to two reasons. The first reason pertains to
my own experience of being inexperienced. There is an abundance of literature that can be
found regarding PSK demodulation. Most literature, however, may be too technical,
including many equations that are necessary for design purposes, but that may not help a
person utilizing a demodulator for test purposes. Most novice engineers are exposed to
many aspects of the technical field before they are exposed to any type of design. A paper
such as this one can help that person to understand how to use a demodulator while at the
same time be exposed to some of the complexity of a demodulator. All of the equations
and extremely technical information in most books may get in the way of a person’s initial
understanding.
The second reason for writing this paper was from my experience in the field. For the
technician or operator, this paper is intended to bridge the gap between knowing how to
set up a demodulator and understanding why the demodulator is set up in a certain way. It
can be used by operators, who are not always informed of knowledge that could help
them solve problems without the need of asking for assistance. Too much information can
cause problems, but not enough information can create disasters. If a technician is
exposed to testing a demodulator for the first time, a paper such as this one can help them
become more familiar with the demodulator. It can be very frustrating to test a piece of
equipment when the person testing it does not understand what the equipment is doing.
Instead of just performing a test procedure, a technician can become more comfortable
because of the fact that they have some background information on the subject.
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ABSTRACT
The architecture of the High Rate (600 Mega-bits per second) Digital Demodulator
(HRDD) ASIC capable of demodulating BPSK and QPSK modulated data is presented in
this paper. The advantages of all-digital processing include increased flexibility and
reliability with reduced reproduction costs. Conventional serial digital processing would
require high processing rates necessitating a hardware implementation other than CMOS
technology such as Gallium Arsenide (GaAs) which has high cost and power
requirements. It is more desirable to use CMOS technology with its lower power
requirements and higher gate density. However, digital demodulation of high data rates in
CMOS requires parallel algorithms to process the sampled data at a rate lower than the
data rate. The parallel processing algorithms described here were developed jointly by
NASA’s Goddard Space Flight Center (GSFC) and the Jet Propulsion Laboratory (JPL).
The resulting all-digital receiver has the capability to demodulate BPSK, QPSK, OQPSK,
and DQPSK at data rates in excess of 300 Mega-bits per second (Mbps) per channel.
This paper will provide an overview of the parallel architecture and features of the HRDR
ASIC. In addition, this paper will provide an overview of the implementation of the
hardware architectures used to create flexibility over conventional high rate analog or
hybrid receivers. This flexibility includes a wide range of data rates, modulation schemes,
and operating environments. In conclusion it will be shown how this high rate digital
demodulator can be used with an off-the-shelf A/D and a flexible analog front end, both of
which are numerically computer controlled, to produce a very flexible, low cost high rate
digital receiver.

KEY WORDS
Demodulation, binary phase shift keying, quadrature phase shift keying, ASIC
INTRODUCTION
The data rate for NASA missions are increasing very rapidly. In order to process these
high data rates high performance processing hardware is required. For baseband data
processing, there exists an inexpensive PCI-based solution but for RF processing, the
current solutions are based on either all analog or mixed technology with relatively little
flexibility. For an all-digital solution, the Nyquist sampling rate of baseband data is at least
2 times the data rate [1]. That is a minimum of 2 samples per symbol are required in order
to demodulate the modulated data and then perform carrier recovery, demodulation, and
symbol timing recovery with an all-digital receiver. For 210 Megabit data as will be
transmitted by the spacecraft EOS-AM1, this is 420 million samples per second. Using
conventional serial processing techniques the clock cycle of the digital receiver would
have to be 420 MHz. This is high to implement in any current technology and even with
higher data rates which are planned for the future, an alternative method to demodulate
BPSK/QPSK data needed to be found that would utilize parallel processing. The multirate
signal processing algorithms developed by GSFC and JPL to accomplish this require 4
samples per symbol and the demodulator ASIC runs at a clock rate that is one-fourth the
data rate. For example, for 210 Mbps data rate, the clock rate required for the HRDD
ASIC is 52.5 MHz which can easily be obtained using CMOS technology.
• The HRDD can demodulate BPSK, QPSK, Differential power QPSK, OQPSK, and
differential data rate QPSK
• Can demodulate data in the range of 10 Mbps to 300 Mbps
• Bandwidth Range for Phase Lock Loop (PLL) can be in the range of 500Hz - 10kHz at
10 Msps; 15kHz - 300kHz at 300 Mbps (BW = 0.001 - 0.00005)
• Can compensate for Doppler in the range of +/- 160kHz of Doppler internally with
option to be done externally
• The HRDD can demodulate data with SNR as low as 2dB
• Can process Gray encoded data and normal signed and unsigned data
• The implementation loss for the receiver using HRDD ASIC is approximately 1dB
• Provides adjustable on the fly phase locked loop filter bandwidths
• Provides programmable lowpass filter coefficients
• Stores internally 8 different loop filter bandwidths but may store loop filter bandwidths
externally
• Provides power compensation for Viterbi decoder

HRDD ARCHITECTURE
The design approach for the high rate digital demodulator was algorithm development,
software simulations, development of a hardware prototype in reprogrammable hardware,
and finally development of a single CMOS ASIC. Figure 1 depicts a block diagram of the
of the digital demodulator ASIC.
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The input signals to the digital demodulator are 8 parallel 8 bit A/D samples that are
demuxed to obtain 16 parallel 8-bit samples. Optionally, these samples can be gray
decoded as well as converted from unsigned numbers to signed numbers. Then these 16
samples are digitally mixed with a 10 bit mixer bank in both the I and Q channels and
converted to the frequency domain via a modified 32-point DFT. The DFT is modified to
eliminate calculating the frequency components of the double frequency term resulting
from BPSK/QPSK modulation. The resulting output of the DFT is 15 parallel 13 bit
samples. These samples then pass through the lowpass detection filter which filters out the
double frequency term followed by the symbol time recovery phase corrector while
maintaining 15 parallel 13 bit samples. The coefficients for the lowpass filter are
programmable. The data then goes through a modified 32 point IDFT that only outputs
the peaks and zero crossings of each symbol with 18 bits resolution. During all of these
operations there are always sixteen valid samples being processed in parallel. That is four
information bits are being processed simultaneously and four information bits are going
out of the IDFT on both the I and Q channel every clock cycle during QPSK
demodulation. During BPSK demodulation information bits are going out of the IDFT on

the I channel with no information going out on the Q channel. The output of the IDFT is
then fed to two digital phase locked loops: symbol time recovery PLL and the Costas
PLL. The symbol time recovery PLL is composed of a bit transition detector and a loop
filter that has a resolution of 8 bits that feeds back into the symbol time recovery phase
corrector. The Costas PLL is composed of a BPSK/QPSK detection algorithm followed
by a loop filter that has a resolution of 10 bits that feeds back into the mixer bank. Up to
eight different loop filter coefficients can be loaded in the ASIC along with the option to
have the ASIC look up the loop filter coefficients externally. The ouput of the IDFT also
passes through the master controller and I and Q channel Power compensator. The master
controller’s main function is to remove any Doppler on the incoming signal. It does this
by determining if the Costas PLL is phase locked and if it is not locked then to introduce
a frequency offset in the mixer bank until the Costas loop is phase locked. It does this by
averaging the outputs of the IDFT from the I and Q channel over a set period and
comparing the value to a set threshold. If this number is greater than the threshold then the
Costas loop is phase lock and if it is less than the threshold the Costas loop is not phase
lock. The user also has the capability to select how many times the algorithm will check to
verify that it is truly phase locked or not locked to minimize the occurrence of false lock.
The master controller outputs the number of attempts made to remove the Doppler to the
user. If the user wanted to develop his/her own frequency acquisition algorithm, then the
master controller in the ASIC can be disabled and the output of the IDFT on the I and Q
channels can be accessed externally. There is also a power compensator algorithm used
for demodulating differential power QPSK and differential data rate QPSK data.
RECEIVER ARCHITECTURE
Figure 2 illustrates the block diagram of the receiver architecture. Two identical HRDD
ASICs are used in the digital BPSK/QPSK receiver. One ASIC is the I (in-phase) channel
and one the Q (quadrature-phase) channel. Both ASICs, the A/D converter, and
supporting digital hardware and designed on a single PCI card. The analog front end is
used to mix the data to an appropriate intermediate frequency as well as filter that data
prior to the A/D converter. The analog front end is also designed to operate on a single
PCI card. The data is sampled at a rate four times the data rate and using two 4-bit
identical in-house developed GaAs 1-8 demultiplexer. The data is multiplexed and sent to
the two HRDD ASICs. These two ASICs perform the demodulation and bit sync
operation and send 4 parallel symbols to the next subsystem.
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CONCLUSION
This paper has provided an overview of the architecture used to develop a high rate
CMOS demodulator ASIC. It has also demonstrated how this ASIC will be used in a
digital receiver that provides great improvement in size, cost, and flexibility over currently
available high rate BPSK/QPSK receivers.
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ABSTRACT
A Phase Modulator combining digital techniques with non-traditional analog circuitry can
minimize the shortcomings of a traditional (purely analog) Phase Modulator. These
shortcomings are: nonlinear response from input modulating signal to output modulated
signal; parameters (frequency and modulation index) that are difficult to set; and the need for
complex filters.
The design approach discussed in this paper uses a combination of Direct Digital Synthesis
(DDS) and analog devices operating in their linear range to generate a Phase Modulated RF
(140 MHz) signal. A Numerically Controlled Oscillator (NCO) digitally generates the first IF
yielding a very accurate, repeatable and linear signal with easily adjustable parameters such
as frequency and modulation index. Linear multipliers (instead of saturated diode mixers or
step recovery diodes) are used for up-conversion to RF. Using linear multipliers eases the
filtering requirements due to the significantly reduced harmonics and IM (Inter-Modulation)
terms. The resulting RF signal is easily translated to higher frequency bands such as L, S, C,
X or K.
KEY WORDS
DDS (Direct Digital Synthesizer), NCO (Numerically Controller Oscillator) and Phase
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INTRODUCTION
The two most common approaches for analog phase modulators have been full phase
deviation modulation at RF and frequency (and phase deviation) multiplication. An example
of the second approach: 1) phase modulate a 10 MHz sub-carrier at .05 radians; 2) pass this
signal through a nonlinear device (comb generator/step recovery diode) and; 3) filter it with a
bandpass filter centered at 200 MHz. The resultant RF signal has a one radian deviation @

200 MHz. Both the sub-carrier frequency and phase deviation are multiplied by twenty.
These traditional analog approaches have drawbacks. The full phase deviation approach
suffers from limited deviation range and an exponential, not linear, transfer function from
control voltage input to phase deviation output. The frequency multiplier approach is less
affected by these limitations, but requires a complex bandpass filter at the final frequency to
eliminate equal power harmonics that are offset by the sub-carrier frequency (190 MHz and
210 MHz in the example).
The Phase Modulator discussed in this paper utilizes a mixed signal approach combining both
analog and digital signal techniques. The Mixed Signal Phase Modulator (MS PM) doesn't
have the drawbacks of purely analog phase modulators. The hardware complexity and real
estate requirements are about the same for both the traditional analog modulators and the MS
PM. In addition, the MS PM has several advantages such as easily and accurately adjustable
frequency and modulation index.
HISTORY
The earliest analog phase modulators are the full deviation types. See figure 1. A crystal
oscillator (XO) generates the desired frequency and a voltage controlled phase shifter does
the modulating. Typically, the phase shifter is a tuned tank circuit with a varactor (voltage
controlled capacitor) as the tuning element. This approach has three major shortcomings:
1.

With ideal components, the maximum phase deviation is ± 90o . In the real
world, half that range would be doing very well. In most applications, ± 30o is
the maximum obtainable deviation.

2.

The transfer function of the varactor (voltage to capacitance) is exponential. As
a result, the transfer function of the phase shifter (control voltage to phase shift)
is nonlinear.

3.

The output amplitude varies as a function of phase deviation. The deviation is
limited to values that allow the signal amplitude to remain within an acceptable
range.

Solutions to these shortcomings include linearizing circuitry or multiple phase shifting
elements. The drawback to these solutions is increased complexity.
The frequency multiplication approach minimizes these problems, but requires complex
bandpass filters. In the frequency multiplication approach, a sub-carrier at 1/N times the
desired frequency is modulated at 1/N times the desired deviation. This sub-carrier is input to
a comb generator (step recovery diode) and a high-Q bandpass filter passes the Nth harmonic
while all other harmonics are removed. The Nth harmonic is the desired phase modulated
signal, both the frequency and phase deviation of the original sub-carrier are multiplied by N

(typically 10 to 30). The harmonics adjacent to the desired one are of equal power and very
close to the desired frequency. This necessitates very high Q (50 and up) bandpass filters
which are typically expensive and complex. The MS PM doesn't suffer from the
shortcomings of either traditional analog approach.
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Figure 1

Full Deviation RF Phase Modulator

THEORY OF OPERATION
The Mixed Signal Phase Modulator is an extension of the frequency multiplication approach. See
figure 2. An NCO generates the first IF at one-fourth the desired phase deviation. This signal is
input to a pair of cascaded linear multipliers configured as squarers. The output of the squarers
is the second IF which is then frequency translated to RF. This RF signal has the desired phase
deviation.
The input modulation signal is digitized in an A/D. This digital signal is input to a digital multiplier
for Modulation Index scaling. The input signal is scaled so the output of the NCO has a deviation
of one-quarter the desired value.
There are many advantages of an NCO over an analog Voltage Controlled Oscillator. These
advantages include: easily and accurately set parameters (frequency and modulation index);
linear transfer function from input signal to phase deviation output; and very good phase noise
from an oscillator with a center frequency tunable over many decades. The only drawback of
an NCO (with phase modulation) is maximum frequency, typically 10 MHz to 20 MHz.
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Figure 2 Mixed Signal Phase Modulator

The NCO output is applied to a D/A and is filtered to eliminate aliases. Two cascaded linear
analog multipliers operating as squarers process this analog signal. The signal out of the squarers
has the desired phase deviation but needs to be high pass filtered to eliminate the minus
frequency terms. These filtering requirements are not very severe due to the large spread
between the positive and negative terms of the multiplication and the fact that the multipliers are
linear. With an ideal linear multiplier the harmonics and IM terms are nonexistent (down at least
30 dB in the real world). The output of the second squarer could be used as the modulated
output. Typically, the maximum output frequency is limited to 50 MHz by the NCO. In the
primary application, this signal is frequency translated to RF by a Local Oscillator (LO) and
linear multiplier. In one application, the RF is used as the output. In another, it is up-converted
to 2 GHz (S-Band).
CONCLUSION
The Mixed Signal Phase Modulator outperforms traditional (purely analog) phase modulators
with no increase in complexity or real estate. By performing the phase modulation in the digital
domain and using analog devices operating in their linear region, the MS PM does not suffer the
inherent drawbacks of either traditional approach. In addition, the MS PM has several
advantages such as a linear transfer function and easily set parameters (frequency and
modulation index).
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ABSTRACT
The telemetry and aerospace communities require communications equipment providing
various modulation and demodulation formats. One format, with application in Space
Ground Link Subsystems (SGLS), utilizes a Ternary (tri-tone) Frequency Shift-Keyed
(FSK) signal Amplitude Modulated (AM) by a triangle waveform. Historically, SGLS
equipment has operated with a fixed tri-tone frequency set (e.g., 65 kHz, 76 kHz and 95
kHz). The need for additional transmission channels and increased bandwidth efficiency
creates the requirement for equipment with the flexibility to generate and receive varied and
higher frequency tone sets.
Combining analog and digital techniques, GDP Space Systems has developed the
FDT001. It is an FSK/AM detector which recovers a bit rate clock at one of four
selectable bit rates and reproduces ternary FSK modulation data over a widely tunable
range of tone frequencies. The tuning range is expanded by using two methods of digital
frequency discrimination. The following paper describes the design of the FDT001.
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INTRODUCTION
GDP Space Systems has implemented a tunable FSK/AM frequency detector on a single
6U-VME card. Using analog design techniques, the FDT001 recovers a coherent bit rate
clock from the AM envelope at one of four selectable bit rates. Digital frequency
discrimination is used to reproduce ternary (S, 0 and 1) FSK modulation data. The range
of detectable frequencies is greatly expanded by using two different methods of detection.
A traditional analog approach would generally limit the design to receive a single tone set.

HISTORY
First generation analog SGLS demodulators used minimal hardware and offered minimal
noise performance. They used three bandpass filters as the principle noise filters with
envelope detectors at IF for data and clock recovery. In theory, the bandpass filters could
be made close to optimal for best noise performance; however, optimal filtering at IF
requires complex hardware and a labor-intensive alignment. In practice, the bandpass
filters were usually wider than optimal, i.e., just good enough to eliminate grossly out-ofband noise. Filter bandwidths were typically two to four times bit rate. These
demodulators started off with about a five dB disadvantage (from optimal) due to wide
bandwidth filters and the resultant excess noise in the bit detection/decision process.
Second generation analog SGLS demodulators first down convert the incoming signal and
then filter it at baseband. They use non-linear devices (typically full or half wave rectifiers)
for down conversion. The output of each rectifier is a baseband signal which is then
lowpass filtered. These low pass filters serve as the principal noise filters. While this
approach allows better filtering with less hardware complexity than an optimal bandpass
filtered demodulator, it does have a significant short coming. The rectifiers, like all nonlinear devices, exhibit threshold. Threshold occurs when, for a given decrease in SNR at
the input of a device, the SNR at the output decreases by a significantly larger amount.
Threshold in rectifiers occurs at an SNR of approximately five dB1 and in a noisy
environment, this demodulator would have poor performance.
GDP Space Systems developed the FDM001; an improved analog SGLS demodulator. It
uses multipliers, instead of rectifiers, for non-coherent down conversion and does not
suffer from threshold. Primary noise filtering is done at baseband which yields filtering
closer to optimal and with less hardware than filtering done at IF. The 0-Hz-IF
demodulator, as well as the first and second generation demodulators use similar clock
recovery circuits and data bit decision circuits. Like its predecessors, the 0-Hz-IF
demodulator utilizes fixed bandpass and lowpass filters limiting operation to a single tone
set.
DIGITAL FSK/AM DETECTOR THEORY OF OPERATION
Refer to the block diagram in Figure 1. The front end circuitry of the FDT001 accepts a
single FSK/AM input signal and normalizes its amplitude using automatic gain control
(AGC). Filtering is done at IF and consists of a lowpass filter cascaded with a highpass
filter. Both filters are tunable and second-order. They are tuned to bracket the upper and
lower tone frequencies and limit out-of-band noise or interference. This normalized and
filtered FSK/AM signal is processed to recover timing and data.

Clock recovery is accomplished with analog techniques. The FSK modulation data timing
is embedded in the AM triangle wave envelope on the FSK signal. See Figure 2 for a
graphical representation of the SGLS FSK/AM waveform. The frequency of the triangle
wave is one-half the bit rate. The FDT001 can recover a clock at one of four selectable bit
rates: 1 kbps, 2 kbps, 5 kbps and 10 kbps. The bit rate clock is recovered by squaring
and filtering the FSK/AM signal. When a sinusoid (fs ) amplitude modulated by a periodic
signal (fm) is squared, a spectral term at 2fm is generated (see figure 3 for the math). A
selective bandpass filter isolates this term to recover the bit rate clock. The clock phase is
adjusted to position the rising edge of the recovered clock over the frequency transition
for use by the data detection circuit. This adjustment is needed as a result of the fixed time
offset or sync delay (Td ) between the FSK tone transition and the zero-crossing of the
AM envelope.
The task of a ternary FSK demodulator is to differentiate three separate tone frequencies
(fS, f0, and f1) corresponding to three data streams; S, 0 and 1. The FDT001 uses two
techniques of digital frequency detection to reproduce the modulation data. In one method
of frequency detection, the number of tone cycles per bit period are counted. In the
second method, the number of cycles of a free-running 120 MHz clock are counted
during each tone cycle. In either method, the three FSK tone frequencies will result in three
count values (nS, n0 and n1). To discriminate three frequencies, two threshold values; one
between nS and n0 and one between n0 and n1, are calculated and stored. Each count is
compared with both thresholds for a bit decision.
In the first method of digital frequency detection, a digitized version of the FSK tone
signal is used to clock a counter. The counter is run for known gate period, Tg . The
counter value, n, at the end of the gate period is the number of positive transitions of the
measured signal within that fixed time. The period of the measured tone signal, Tm, is the
gate time divided by n. The optimal gate time for this measurement is one bit period since
it is the maximum period the tone frequency is guaranteed to persist.
The FSK sinusoid is not coherent with the AM envelope; therefore, it 'walks' by the
recovered clock at a finite rate. This leads to an uncertainty in the count value of at least
plus or minus one. Because of this uncertainty and the fact that the counter value and
thresholds are integers, two frequencies, whose associated count values differ by no more
than two, can not reliably be discriminated with the first method of detection. Accuracy
may also be affected by clock alignment and noise. As an absolute minimum, with a
perfectly aligned clock and no noise, the nominal count values, nlow and nhigh of two
adjacent frequencies should differ by three so that the threshold value can lie between
(nlow+1) and (nhigh -1).

Using the bit period as the counter gate time, the count magnitude, and thus the difference
between count values, is limited as the bit rate increases. Consider the traditional SGLS
tone frequencies of 65 kHz (fs ), 76 kHz (f0) and 95 kHz (f1). At a bit rate of 1 kbps, the
nominal counter values are 65 (ns ), 76 (n0) and 95 (n1), respectively, giving a difference of
eleven between S and 0, and a difference of nineteen between 0 and 1. However, at 10
kbps, the counts are reduced to 6.5 (ns ), 7.6 (n0) and 9.5 (n1), respectively. The difference
between counts is not sufficient to accurately discriminate these frequencies. Because a
twelve-bit counter is used, the maximum counter value is 4095 allowing for a maximum
detectable tone frequency of approximately 4 MHz at a 1 kbps bit rate.
To expand the range of usable tone frequencies the FDT001 incorporates a second digital
technique in which frequency detection is independent of the bit rate. A free-running 120
MHz clock is used to drive a counter while using the tone period as the gate time. The
period of the tone being measured is equal to the counter value, n, multiplied by 8.33 ns
(the period of the 120 MHz clock). The counter outputs a value for each tone cycle,
whereas only one frequency decision is made per bit period using the first method. The
use of this technique is limited by the size of the counter and the tone frequencies being
received. A twelve-bit counter enables a maximum count of 4095. This corresponds to a
minimum detectable tone frequency of approximately 29 kHz. As the tones increase in
frequency, the counter values will decrease, limiting the resolution or minimum spacing
between frequencies.
The two methods of digital frequency detection are complimentary in their effectiveness.
Lower frequency tone sets tend to be spaced more closely than higher frequency tone
sets. Using the first detection mode with lower tone frequencies, the number to tone
cycles per bit period and the difference between counts decreases as bit rate increases,
eventually rendering the first method unusable. The second method, which is bit rate
independent, is optimized for lower tone frequencies since the counter achieves larger
count values, and even relatively closely spaced tones result in significant count
differences. Conversely, higher tone frequencies result in low count values when using the
second method. Here the first method is optimized because the counter achieves
sufficiently high count values over the entire range of bit rates.
CONCLUSION
The GDP Space Systems FDT001 presents a FSK/AM signal detector with greater
flexibility than traditional approaches to SGLS demodulation. It provides, on a single
VME circuit board, a complete SGLS FSK/AM signal recovery system which can
reproduce ternary (S, 0 and 1) data over a wide range of continuously tunable FSK tone
frequencies. It can also recover a bit rate clock at one of four selectable bit rates. This
flexibility is a result of the use of integrated circuits with complex functionality, the use of

two different digital frequency detection techniques and to the fact that no fixed IF
bandpass filters are used. As a trade-off for flexibility, performance is impacted as the
circuit operates only on relatively low-noise signals. Noise within the band occupied by
the FSK tri-tones is not filtered. Because the digital method of frequency detection uses
transitions in the FSK signal, the circuit is noise sensitive.
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For a sinusoidal modulation input to an amplitude modulator, i.e., m(t) = cos ω mt, the complex envelope of the AM signal is given as: g(t) = Ac * (1 + m(t)) = Ac * (1 + cos ω mt).
For Ac = 1, the output of the modulator is:
s(t)
= (1 + cos ω mt) * cos ω c t
= cos ω c t + cos ω mt * cos ω c t
= cos ω c t + ½[cos(ω c t - ω mt) + cos(ω c t + ω mt)]

fc - fm

fc

fc - fm

At the receiver, the signal, s(t), is squared:
s 2(t) = [ cos ω c t + ½[cos(ω c t - ω mt) + cos(ω c t + ω mt)] ]2
= cos2ω c t + cos ω c t * ½ cos(ω c t - ω mt) + cos ω c t * ½cos(ω c t + ω mt) + ½cos(ω c t - ω mt) * ½cos(ω c t + ω mt) + ¼cos2(ω c t - ω mt) + ¼cos2(ω c t + ω mt)
= ½[1 + cos2ω c t] + ¼[cos(ω mt) + cos(2ω c t - ω mt)] + ¼[cos(ω mt) + cos(2ω c t + ω mt)] + 1 8 [cos(2ω mt) + cos(2ω c t)] + 1 8 [1 + cos(2ω c t - 2ω mt)] + 1 8 [1 + cos(2ω c t + 2ω mt)]
= ¾ + ½cos(ω mt) + 1 8 cos(2ω mt) + 1 8 cos(2ω c t - 2ω mt) + ¼cos(2ω c t - ω mt) + 5 8 cos(2ω c t) + ¼cos(2ω c t + ω mt) + 1 8 cos(2ω c t + 2ω mt)
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