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33rd ANNUAL REPORT OF THE TELEMETRY STANDARDS
COORDINATION COMMITTEE

To: Directors of the International Foundation for
Telemetering ( IFT )

From: Ed Snyder, Chair, TSCC

Subject: 1993 Annual Report

The TSCC, as its standard practice, held two formal
meetings this past reporting period. One was held
concurrent with the International Telemetering Conference
in Las Vegas and the other, held at Jet Propulsion
Laboratory, Pasadena, California on 4 May 1993.

The TSCC, with its broad representation of members from
government, aerospace industry users and manufactures of
telemetering equipment, continues to serve as an area for
discussion, review of telemetry standards and
dissemination of information focused towards the
telemetering community.

During this past year the TSCC has reviewed several
documents and in-depth comments have been provided to the
originators. The Telemetry attributes Transfer Standard
which we reviewed is now published. A review has been
completed of IRIG Standard 210-91 and other issues
germane to our industry are still under consideration.

The inclusion of CCSDS standardization into telemetry
applications is growing in importance. Therefore, the
Space Systems subcommittee continues to actively review
and report on related CCSDS activities.

Our Recorder/Reproducer subcommittee is currently
studying The Air Force Ground Systems Data
Record/Storage/Playback Standardization Study 2-70.



A MESSAGE FROM THE PRESIDENT OF THE
INTERNATIONAL FOUNDATION FOR TELEMETERING

DR. JAMES A. MEANS
President, International Foundation for Telemetering

This is the 29th year of our International Telemetry Conferences (ITCs). As the
sponsoring institution for the ITC, the International Foundation for Telemetering (IFT) is
pleased to present this Conference on "Telemetering - Yesterday, Today, and
Tomorrow." The real value of the ITC is in providing an open forum for presenting,
discussing, defending, and documenting our ideas. I believe that we all grow by being
willing to expose our concepts to the critical review of our peers. I also believe the
Proceedings of the International Telemetry Conference serve as a valuable resource for
our profession. I only hope we can continue to provide this valuable forum far into the
future. My special thanks to the authors and session chairmen that are supporting this
Conference.

I want to personally extend my appreciation to Mr. Larry James (LPJ Engineering) for
serving as General Chairman for ITC/USA/93. As a consultant, Larry has not had the
advantage of corporate support for the time and effort he has expended on this
Conference. Only his persistence and dedication to our profession and the understanding
of his wife Sheena, has permitted him to put out the effort required to direct the activities
of this Conference. Larry has been supported in this Conference by a very capable
Technical Chairman, Mr. Alvin Willems (JPL). Al was nominated by NASA, and he has
done an outstanding job in arranging the technical program for ITC/USA/93. My
sincerest thanks to these two gentlemen for their support of this year's Conference. I also
want to thank the other members of the ITC and IFT staffs for their unending dedication
and loyalty to the telemetering profession.

I am proud to announce that the IFT has supported the development of an educational
satellite link at New Mexico State University (NMSU) that should make our telemetry
courses much more available. The IFT has also established telemetry programs at the



University of Arizona and Brigham Young University, similar to the one at NMSU. A
special thanks to our EXHIBITORS, who really make it possible for us to support these
academic pursuits.

Next year our Conference returns to the Town & Country Hotel in San Diego, Mr.
Edwin H. (Terry) Straehley of Straehley Associates will serve as General Chairman and
Mr. Gerald Calahan of Edwards AFB will serve as Technical Chairman. ITC/USA/94
will be the thirtieth anniversary, so be prepared for an outstanding event. Now is a good
time for you to volunteer to help make the thirtieth an outstanding conference. As you
know, we run entirely on volunteers, so please help if you can. I sincerely hope you
enjoy this Conference.



FORWARD TO THE 1993 PROCEEDINGS

LARRY P. JAMES
General Chairman , ITC/USA/93

Consultant, Santa Maria, CA

ITC/USA/93 is pleased to present these Proceedings of our XXIX conference to
document our program and serve as a technical reference for over 100 diverse papers
presented at the conference. This year we are proud to have over 200 Exhibits, four
short courses, and a special display of the McDonnell Douglas Delta Clipper vehicle. I
want to thank the entire planning committee for ITC'93 for their efforts throughout the
year to make this conference a success. They have done a superb job of organizing the
conference reflecting the theme of "Telemetering - Yesterday, Today, and
Tomorrow." I especially want to thank Mr. Al Willems from the Jet Propulsion Lab
(JPL) in Pasadena, CA for his tireless efforts which have resulted in an excellent
technical program.

During times of change and uncertainty it is easy too fall into a habit of looking at the
future with pessimism and what I term as "persistent negativism." Recently I have
heard too many times that everything great has already been invented, all the good
times are in the past, and that we are broke and cannot compete in the global
economy. Uncertainty should not lead to a negative outlook, the chances for a
prosperous and happy future are an equally probable outcome. Nearly all the
magnificent technology of today has been developed in the past 100 years and
telemetry has existed only about half of that time. Thus, telemetry is in its infancy and
new applications need only be discovered. I believe that we are poised and prepared to
explore secrets of the universe on scales that are simultaneously so very large and so
very small that they defy our understanding of their true dimensions. Technological
developments of today have placed us on the verge of developments that will make
accomplishments of the past century seem insignificant. The established historical
pattern would indicate that major technological advancements occur when the tools
necessary to support a particular advancement become available. I am convinced that



the tools are available. We stand on the threshold of entirely new discoveries and we
will soon determine new applications for existing technologies. We need only be
optimistic and move forward to succeed.

In conclusion, I wish to personally thank Dr. Jim Means, the International Foundation
for Telemetering (IFT), Invited Speakers, Blue Ribbon Panel Members, Exhibitors,
Session Chairs, Authors and Presenters of technical papers and, last but not least, all
who are attending ITC'93 and their spouses because without each and every one of
you this conference would not be possible.



A MESSAGE FROM THE
TECHNICAL PROGRAM CHAIRMAN

ALVIN M. WILLEMS
Technical Program Chairman, ITC/USA/93

Serving as the Technical Program Chairman at this year's conference has been a
particularly rewarding and enlightening experience for me. It has been a great honor to
provide this service to the International Foundation for Telemetering in support of
their efforts to provide this forum for the benefit of the telemetering community. It has
also been a great pleasure to work with the fine, hard working people on the ITC
Committee. It has indeed been a privilege to be associated with this group of
professionals and I feel very fortunate to have been given a chance to make a small
contribution back to this organization that has been of such benefit to me over the
years,

I believe that this year's conference will follow in the fine tradition that the ITC's of
the past have established. The technical program this year has an excellent
representation of over 100 technical papers on a myriad of subject matter gathered
from a wide spectrum of the telemetry community. I would like to congratulate the
authors for their hard work and enthusiasm in providing us with such a high level of
technical excellence and professionalism in their offerings. I am sure you will agree
when you examine the technical program.

Vickie Reynolds has arranged for four very fine short courses to be available to
conference attendees again this year. Several of these courses have been presented
before and they have become a very popular attraction at the conference.

We also are very fortunate to have such an excellent panel of speakers who are taking
time out of their very busy schedules to join us this year. I am very happy to announce



that the NASA Administrator, Mr. Daniel Goldin, will be here to address our Opening
Session. Mr. Charles T. Force of NASA Headquarters will head up a Blue Ribbon
Panel of very distinguished guests from NASA and DOD who will speak to us about
their various activities and future plans. We also have two very fine luncheon speakers
scheduled; Mr. Brian O'Conner from NASA Headquarters will be our Keynote
Luncheon Speaker and Dr. James King from the Jet Propulsion Laboratory will speak
at the Awards Luncheon. I am sure that what they have to say will be of' interest to us
all.

In closing, I would like to thank all the dedicated individuals who volunteered to be
technical session chairs this year. Their invaluable assistance has certainly contributed
to the quality of the program and also has made my job much easier. I would like to
especially thank Mr. Larry James for all his help in bringing the technical program
together. And finally, I would like to give special thanks to my Administrative
Assistant, Ms. Verna Augustine, for her patience and tireless efforts in making it all
happen. it would not have been possible without her.

We have all done our best to bring you the best conference ever. I trust that you will
enjoy and be benefitted by what we have prepared.



OPENING SESSION SPEAKER

MR. DANIEL S. GOLDIN
Administrator, National Aeronautics and Space Administration

ITC/USA/93 is proud to have Mr. Daniel S. Goldin, Administrator, National
Aeronautics and Space Administration (NASA), open our 1993 conference. Mr.
Goldin is the ninth administrator of NASA assuming the position in April 1992. Under
Mr. Goldin's leadership, NASA teams have reduced the overall costs of programs by
17 % without sacrificing science and technology. He has also initiated a series of
procurement reforms to ensure that America receives the very best value for the tax
dollar. He has simplified and expedited procedures for awarding contracts, expanded
contracting opportunities for small and disadvantaged businesses, and is now setting
up a penal to ensure the cost estimates are as accurate as possible.

Under Goldin's bold leadership, the United States moved quickly to promote
significant new cooperative efforts in civil space with Russia. In June of 1992, he
signed a contract with the Russian aerospace form, NPO-Energia to evaluate the use
of the Soyuz capsule as an astronaut rescue vessel. In October of 1992, he signed an
agreement with the Russian Space Agency to fly a cosmonaut aboard the Space
Shuttle, and an astronaut aboard the Mir Space Station in 1995. The U.S. will provide
scientific instruments aboard the 1994 Russian Mars Lander.

Prior to his appointment to NASA, Mr. Goldin was Vice-President and General
Manager of TRW Space & Technology Group in Redondo Beach, CA. While at TRW,
he successfully managed thirteen advanced spacecraft, technologies, and space
science instrument programs. His group won the 1990 Goddard Award for quality and
productivity. It was also a finalist for the 1991 George M. Low trophy - NASA's
highest quality award for contractors. Working with NASA in 1992, the group
received the National Space Club's Nelson P. Jackson Aerospace Award for work on
the Compton Gamma Ray Observatory.



Mr. Goldin began his career as a research scientist at NASA Lewis Research Center
working on electric propulsion systems for human interplanetary travel. He holds a
Bachelor of Science Degree in Mechanical Engineering from City College of New
York.



BLUE RIBBON PANEL CHAIRMAN

MR. CHARLES T. FORCE
Associate Administrator for Space Communications, NASA

This year's Blue Ribbon Panel will be chaired by Mr. Charles T. Force, Associate
Administrator for Space Communication, NASA, Washington, DC, and will discuss
NASA's goals for the future.

Charles T. Force was named Associate Administrator for Space Communications in
July 1989. His responsibilities include: management of' NASA's operational
communications, control and tracking networks essential to the Agency's flight
missions, ranging from aeronautical flight test through interplanetary space probes and
manned space missions. Spacecraft control centers and data processing are also
provided for most scientific missions.

Mr. Force began his career with Sandia Laboratory in Albuquerque, New Mexico, and
later became a co-founder of Space Data Corporation (now a division of' Orbital
Sciences Corporation) in Phoenix, Arizona. In 1965, he joined NASA as Director,
Guam Tracking Station, followed by an assignment as Director of the Quito, Ecuador,
station. He subsequently held other key positions at the Goddard Space Flight Center,
including Deputy Project Manager for the Tracking and Data Relay Satellite System
and Chief of the Network Operations Division. in 1980 he left NASA for a position
with industry, and returned in 1982 to NASA Headquarters in the Office of' Space
Tracking and Data Systems, predecessor to the Office of Space Communications. Key
positions included the Director of the Ground Networks Division and the Deputy
Associate Administrator for Space Operations.

Mr. Force has received several awards and honors during his career. These include the
Distinguished and Meritorious Presidential Rank Awards for his sustained career
achievements in NASA, the NASA Distinguished Service and Outstanding
Leadership Medals, and the Department of State's Meritorious Honor Award for his



work in Ecuador. He is an American Astronautical Society (AAS) Fellow and a
member of the AIAA and AFCEA. Mr. Force is a native of Indiana, and graduated
cum laude with a BSAE from Purdue University in 1957.



ITC'93 BLUE RIBBON PANEL

CHAIRMAN

Mr. Charles T. Force
Associate Administrator for Space Communications

NASA, Washington, D.C.

Mr. John V . Bolino Mr. Robert L. Crippen
Office of the Secretary of Defense Director, John F. Kennedy Space Center
Director Test Facilities and Resources NASA, Kennedy Space Center, FL
The Pentagon, Washington, D.C.

Dr. William A. Gaubatz
Director, Program manager Single Stage to Orbit Programs

McDonnell Douglas Aerospace, Huntington Beach, CA



Mr. Joseph T. McGoogan Mr. Kenneth J. Szalai
Director of Suborbital Projects and Operations Director, Dryden Flight Research Facility
NASA, Goddard Space Flight Center NASA Ames Research Center
Wallops Island, VA Edwards AFB, CA



KEYNOTE LUNCHEON SPEAKER

BRYAN D. O'CONNER
Deputy Associate Administrator, Office of Space Flight, NASA

Bryan D. O'Conner is currently the Deputy Associate Administrator for Space Flight
at NASA Headquarters. His main responsibility in this position is to lead the
transition team activities pursuant to the redesign of the Space Station Freedom. As
Director of Space Station Transition he has been given full authority for the technical
and resource management of the Space Station and all Russian activities related to
human spaceflight. Mr. O'Conner has direct responsibility for the overall direction and
control of the ongoing Space Station program, including technical scope, schedule,
budget, and staffing. In this capacity, he reports directly to the NASA Administrator,
Daniel S. Goldin.

Mr. O'Conner became an astronaut in May 1980 and participated in a number of
shuttle flights. In November 1985 Bryan O'Conner piloted the orbiter Atlantis
(STS-61B) during a nighttime launch from Kennedy Space Center. This mission spent
over seven days in orbit, deployed several satellites, and conducted two spacewalks.
Mr. O'Conner's next flight was as commander of STS-40 on the Columbia Orbiter
which was launched in June 1991. This mission lasted nine days performing an
extensive number of biomedical experiments. With the completion of this flight, Mr.
O'Conner had logged a total of 383 hours in space. Also during his astronaut career
with NASA he served as Assistant to the Shuttle Program Manager from March 1986
to February 1988 and as the Chairman of NASA's Space Flight Safety Panel from
September 1986 to February 1989.

Prior to joining NASA as an astronaut, Mr. O'Conner served for three and a half years
as a Naval Test Pilot with the Naval Air Test Center's Strike Test Directorate at
Patuxent River, Maryland. Mr. O'Conner began his military career with the United



States Marine Corps in June 1968 following graduation from the Naval Academy at
Annapolis. After flight training at Pensacola, Florida he received his wings in June
1970. During Mr. O'Conner's flying career he has logged more than 5,300 hours of
flight time--including 4,800 hours in jet aircraft.

Mr. O'Conner has received numerous special honors throughout his career including:
Marine Basic School Platoon Honor Man, Test Pilot School Distinguished Graduate
Award, two Defense Superior Service Medals, the Distinguished Flying Cross, the
Legion of Merit, Recipient of two NASA Exceptional Service Medals (1988, 1989),
NASA Outstanding Leadership Medal (1992) and two NASA Space Flight Medals
(1985, 1991).

Mr. O'Conner is a native of Twenty-Nine Palms, CA and was graduated with a
science degree in engineering from the United States Naval Academy in 1968 and
received a master of science in Aeronautical Systems from the University of. W est
Florida in 1970.



AWARDS LUNCHEON SPEAKER

DR. JAMES KING, JR.
Assistant Laboratory Director for the Technical Divisions

Jet Propulsion Laboratory

As an Assistant Laboratory Director at the Jet Propulsion Laboratory (JPL) in
Pasadena, CA, Dr. King is responsible for the technical direction and management of
the technical divisions within JPL. The technical divisions are the implementing arms
of the laboratory. They include: (1) the Systems Division, (2) the Earth and Space
Science Division, (3) the Telecommunications Science and Engineering Division, (4)
the Electronics and Control Division, (5) the Mechanical Systems Engineering and
Research Division, (6) the Information Systems Division, (7) the Institutional
Computing and Mission Operations Division, and (8) the Observational Systems
Division. There are approximately three thousand personnel in the Technical
Divisions, including scientists, engineers, and technicians.

Before holding the position of Assistant Laboratory Director, Dr. King was the Senior
Technical Manager of the Space Science and Applications Program in the JPL Office
of Technology and Space Program Developments. His office had an annual budget of
approximately $40 million.

During the academic years of 1984-86, Dr. King was a Visiting Professor of
Chemistry at Morehouse College in Atlanta, G A, where he helped the college, and
other colleges in the Atlanta University Center, establish a program in Atmospheric
Sciences.

For two years, on a leave of absence from JPL, Dr. King worked for NASA,
Washington, D.C. In his first position as the Director of Shuttle Environmental Effects
in the Space Shuttle Program, he had the responsibility for managing the overall
program on the potential effects of space shuttle operations in the earth's environment,
including sonic boom, ecological effects around the launch sites, and the interactions
of the shuttle engine exhaust products with the earth's atmosphere. He then became
the Director of the Upper Atmospheric Research Program in the Office of Space



Science where he planned and coordinated an $ 11 million program of research aimed
at understanding the basic chemistry and physics of the upper atmosphere.

Prior to his assignment to NASA, Dr. King managed the Physics Section at JPL,
which had an annual budget of $3 million and 65 employees, thirty of which
were Ph. D's.

Dr. King has done research on the interaction of. gases with solid surfaces, effects on
ionizing radiation of gasses, and the use of ion cyclotron resonance to study the
reactions between ions and molecules. His research on gas solid interactions led to an
internationally recognized theory of anesthesiology.

Dr. King has been issued several awards, including a Certificate of Merit from the
National Council of Negro Women in 1968 and the NASA Equal Opportunity Medal
in 1986. He is also actively involved in community and civic affairs. He is a past
member of Pasadena's Planning Commission and has been a member or director of
several other community organizations, including Pasadena's Redevelopment Agency.



ITC/USA/93 SHORT COURSE PROGRAM

Education is a very important goal of both the IFT and the ITC. Accordingly, the ITC
is very happy to offer four short courses on various aspects of telemetering at this
year's conference. The short courses available include the following:

Course 1 .
"INTRODUCTION TO TELEMETRY SYSTEMS AND TECHNOLOGY"

Dr. Steve Horan, New Mexico State University
Four 3-hour sessions, limited to 100 attendees.
Course coverage:

Signal Sampling Link Budgets
Frame Standards IRIG Channels
Packets Operator Interfaces
Modulation MIL-STD-l553

Course 2.
"ADVANCED TELEMETERING SYSTEMS DESIGN"

Dr. Frank Carden, New Mexico State University
Four 3-hour sessions, limited to 60 attendees
Course coverage:

Signal Sampling Frame Standards
Packets Synchronization
Link Budget Analysis Performance Evaluation

Course 3 .
"GPS BASICS FOR RANGE APPLICATIONS"

Dr. James P. Reilly, New Mexico State University
Two 3-hour sessions, limited to 100 attendees
Course coverage:

Positioning Systems Dif'ferential Positioning
Real-Time Differential Coordinate Systems
Positioning



Course 4.
"BASIC TELEMETRY FOR THE USER"

Mr. Ronald Streich, Computer Sciences Corp., Edwards AFB, CA
Four 3-hour sessions, limited to 100 attendees
Course coverage:

TM Equipment New Technology
Training Economics of TM Systems
Operational Environmental Applications
Considerations

The Short Course Program is chaired by Ms. Vickie Reynolds of White Sands Missile
Range, NM.



ABOUT THE

INTERNATIONAL FOUNDATION FOR TELEMETERING

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 that 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, hearing committee and special assignment reports and reviewing,
adjusting, and deriving new policy as conditions dictate. A major Board function is
that of fiscal management, including the allocation of funds within the scope of the
Foundation's legal purposes.

The IFT sponsors the annual International Telemetering Conference (ITC). Each
annual ITC is initially provided working funds by the IFT. The ITC management,
however, plans and budgets to make each annual conference a self-sustaining financial
success. This includes returning the initial IFT subsidy as well as a modest profit--the
source of funds for IFT activities such as its education support program. The IFT
Board of' Directors also sponsors the Telemetering Standards Coordinating
Committee.

In addition, a notable educational support program is carried out by the IFT. The IFT
has sponsored numerous scholarships and fellowships in Telemetry related subjects at



a number of colleges and universities since 1971. Student participation in the ITC is
promoted by the solicitation of technical papers from students with a monetary award
given for best paper at each conference.

The Foundation maintains a master mailing list of personnel active in the field of
telemetry for its own purposes. This listing includes personnel from throughout the
United States, as well as from many other countries since international participation in
IFT activities is invited and encouraged. New names and addresses are readily
included (or corrected) on the IFT mailing list by writing to:

International Foundation for Telemetering
5959 Topanga Canyon Blvd, Suite 150

Woodland Hills, California 91364
(818) 884-9568



ABOUT THE

INTERNATIONAL TELEMETERING CONFERENCE

The annual International Telemetering Conference (ITC) is the primary forum through
which the purposes of the International Foundation for Telemetering are
accomplished. This conference generally follows an established format primarily
including 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. A workshop and/or tutorials may also be
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. 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 who are also very prominent in their respective fields who form a "Blue
Ribbon Panel" to address the conferees on a particular theme and are 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 a series of individual, concurrent Technical
Sessions, which are organized to allow the attendee to choose the topic of primary
interest. The Technical Sessions are created and conducted by voluntary Technical
Session Chairmen.

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 his chairman duties with increased
confidence. The chairmen are supported by a standing Conference Committee of
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 of 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 do so at the cost of the
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 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.



ABOUT THE

TELEMETERING STANDARDS COORDINATION COMMITTEE

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 TSCC was organized in 1960, under the sponsorship of. the National
Telemetering Conference. For 20 years, from 1967 to 1987, it was sponsored jointly
by the Instrument Society of America (ISA) currently under the sole sponsorship of
the International Foundation for Telemetering (IFT), sponsor of the ITC. Two
meetings are held each year, one of which is held concurrently with the ITC. The
Annual Reports of the TSCC are published in the ITC Proceedings.

The membership of the TSCC is limited to 14 full members, each of which has an
alternate. Membership on technical subcommittees of the TSCC is open to any person
in the industry, knowledgeable and willing to contribute to the committee's work. The
14 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 14 members.

Since its beginning, a prime activity of the TSCC has been the review of standards
promulgated by the Range Commanders' Council (RCC)--primarily those of its
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 .
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ABSTRACT

To model the "black boxes" in a command and telemetry simulation, it is important to
preserve the abstraction of a one-to-one match between the real-world interfaces and the
simulated interfaces. Everywhere a physical interface exists on the box, there needs to be
a simulated interface. Preserving this abstraction allows the model to evolve more
naturally with real-world design changes. In most command and telemetry systems, many
different types of commands and telemetry can be sent over a single interface. This
creates a problem in preserving the interface abstraction if the Ada language is used for
implementation. Due to the fact that Ada is a "strongly typed" language, a different or
overloaded operation needs to exist for each type of command or telemetry. However, 
by using a "discriminated variant record" to represent the commands and telemetry
streams, a single operation can be used in the Ada specification. This not only preserves
the abstraction but makes the software more maintainable by allowing the data list to
change during the design of the "black box" without changing the Ada specification. As
a result, "loose coupling" is achieved, a common set of commands and telemetry formats
can be "inherited" to promote reuse, and overall system development and maintenance
costs are reduced.
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INTRODUCTION

In an advanced telemetry simulation for training, high fidelity models are required to
preserve the real-world abstractions. A low fidelity simulation, or a simulation that does
not properly provide an accurate abstraction of the real-world system, can produce
negative training and cause a dangerous response by the trainee in a real-world situation.
In an object-oriented simulation, the model components map one-to-one with the
real-world components. In a functional simulation, the model components map to the
real-world functions. A functional simulation runs into problems when a real-world
component provides many functions. If a real-world component is changed, then every
functional component which models that object in the simulation must be changed.
However, in an object-oriented simulation, if a component is changed, then only that
object in the simulation must be changed. Therefore by preserving a close match between
the real-world black boxes of a telemetry system and simulated objects of a telemetry
simulation, an accurate and maintainable simulation can be produced.

The purpose of this paper is to demonstrate a method for preserving a close match
between telemetry system black boxes and telemetry simulation objects during the
implementation phase of a telemetry simulation design. Traditionally, an object-oriented
design approach starts with an analysis phase where the classes end their operations and
attributes are identified. Then, a design phase occurs which maps the classes from the
analysis phase into specifications. Finally, the system is implemented in the chosen
software language [Seidewitz 92].

This paper presents an object-oriented implementation using the Ada language for a
telemetry black box simulation which preserves the one-to-one match between the
real-world physical characteristics of the black box and the simulated characteristics of
the object model. First, the black box will be defined. Then, the black box model
abstraction will be presented. Then, an Ada implementation will be described. Finally,
some examples will be given.

BLACK BOX DEFINITION

For the purpose of this paper, a black box is defined as any state machine which accepts
commands, produces telemetry, and processes inputs based on the its internal state (see
Figure 1). The data list is defined as the inputs to the black box which the box will
manipulate and output to the next box in the simulation (e.g. the raw data stream input to
a bit sync). The commands are the modifiers of the box's internal state. The box will
manipulate the incoming data based on its internal state (e.g. the power setting on a
variable gain power amp). The telemetry list contains the state attributes of 



FIGURE 1:  Black Box Inputs and Outputs

the box which are used for data quality monitoring or other status services 
(e.g. the baseplate temperature on a video compression unit). The telemetry can either be
produced on command (asynchronously) or in a rate-monotonic manner (synchronously).

OBJECT-ORIENTED ABSTRACTION

To model the black box in an object-oriented manner, the box's attributes and operations
must be defined. From figure 1, the black box has only two operations: the ability to
receive data and receive commands. A result of receiving data will be to output data, and
the black box will also produce telemetry on its own. From this infomation we can create
a Booch diagram for this component (see Figure 2). The attributes of the box will be the
black box's internal state data. The state data is required for the math models used to
manipulate the input data and for the calculation of the telemetry. This data is specific to
the application.

ADA IMPLEMENTATION

To implement our black box model, we will utilize several of the built-in characteristics
of the Ada language. Ada is a strongly typed language. In a strongly typed language a
type definition defines both the set of values and the set of operations upon those values.
The Ada compiler will not allow any operations to be performed, or values to exist,
which do not conform to the exact type definition. This strong typing relieves the
designer fom the drudgery of worrying about such trivial details. Therefore, to pass data
items of different types to a package, a different operation or overloaded operation must
exist for each different type. Overloading operations allows the use of the same name for
similar operations on distinct data structures of different types. Although commonly
used, overloading operators breaks 



FIGURE 2:  Black Box Booch Diagram

our abstraction of a one-to-one match between real-world and simulated interfaces.
Instead, we can use one operation to import all different data types by using
discriminated variant records in our parameter list. A discriminated (variant) record is a
type which is defined to have polymorphic structure. This allows the designer to create a
model where the fomat of a particular data flow may change over time. Specifically, a
given input may take any of several different forms, most likely with a key indicating
which particular form this individual data element has taken. The variant record type
structure in Ada allows data flow inputs to take any of. these several possible formats,
and the corresponding software can act accordingly with the particular forms of data.
Combined with the strong typing of the language, this allows the designer to build a
highly complex model using relatively simple tools, and a great deal of flexibility in a
single algorithm. Therefore, to pass different data types in the parameter lists of the
"receive_data" and "receive_commands" operations, we will use discriminated variant
record types. This is best shown with an example.



EXAMPLE - BLACK BOX IMPLEMENTATION

The following is the Ada specification for a video compression unit class implemented as
an abstract data type (ADT):

with Formats;
with Attributes;
with CaIendar;

package Video_Compression_Unit is

type Object is limited private;

type Data_Formats is (S_Band_Data, KU_Band_Data, UHF_Data);
type Data-Kinds (The_Data_Format : Data_Formats) is

record
case The_Data_Format is

when S-Band_Data =>
The S_Video_Data : Formats.Low_Res_Videos;

when KU_Band_Data =>
The KU_Video_Data : Formats.High_Res_Videos;

when UHF_Band_Data =>
The UHF_Video_Data : Formats.StiII_Frame_Videos;

end case;
end record;
type Command_ Formats is (Set_Compression_Code, Set_Data_Rate,

      Set_Power_state, Set_Time_Word) ;
type Command_Kinds (The_Command_Format : Command_Formats) is

record
case The_Command_Format is

when Set_Compression_Code =>
The_Code : Formats.Compression_Codes;

when Set_Data_Rate =>
The_Data_Rate : Integer;

when Set_Power_State =>
The_Power_State : BooIean;

when Set_Time_Word =>
The_Greenwich_Mean_Time : Calendar.Time;

end case;
end record;

procedure Receive_Data (The_VCU : in out Object; The_Data : Data_Kinds);



procedure Receive_Command (The_VCU : in out Object;
 The_Command : Command_Kinds);

private
type Object is

record
The_Attribute_1 : Attributes. Type_1;

•
•
•

The_Attribute_n : Attributes.Type_n;
end record;

end Video_Compression_Unit;

The following is a skeletal body for the package (our intent is to demonstrate modelling
the structure, the specifics of the particular black box are not of interest):

task Telemetry_Update;
task body Telemetry_Update is

The_Period : constant Duration := number of seconds;
The_Next_Update : Calendar.CIock + The Period;
use CaIendar;

begin
loop

delay The_Next_Update - Calendar.CIock;
Call_Update (with telemetry data);
The_Next_Update := Next_Update + The_Period;

end loop;
end TeIemetry_Update;

CONCLUSION

Using an object-oriented design methodology allows implementations in the Ada
language to preserve the abstractions of the real-world design. Taking advantage of
built-in Ada constructs, an object-oriented simulation model can closely match the
real-world interfaces being modelled. This builds upon object-oriented themes for reuse
and maintainability. Reuse is achieved with black box packages. Maintainability is
achieved by the one-to-one correspondence between the characteristics of the simulated
and real-world models, which in turn allow changes in the real-world design to be
reflected identically in the simulation design.
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ABSTRACT

A tremendous amount of work has been done recently in the area of Object Oriented
Design (OOD) methodology. Most often, texts and papers explaining these
methodologies are centered around the explanation of some arcane graphical notation.
One is led to believe that the key to understanding Object Orientedness in general will be
found by understanding and applying this notation. An understanding of the essence of
OOD is difficult to acquire in this manner due to the disproportionate amount of energy
required to memorize the graphic symbology. The prospective designer is often left with
an understanding of the symbols, but with no understanding of how to apply them to a
real world large scale problem. This paper provides an explanation of the Object
Oriented paradigm with an example application to telemetry measurements. Next this
paper provides an explanation of the most popular graphic notation for Object Oriented
Design, the Booch Notation. Finally, this paper shows an alternative graphic notation
that can be effectively used in Object Oriented Design during the initial stages of design
to help eliminate the learning curve associated with the more popular Object Oriented
notations.

KEY WORDS

Telemetry, Space Station, Object Oriented, Booch, Classes, Graphic Notations.

INTRODUCTION

Object Oriented Design and Development techniques were applied to development of a
Telemetry and Communications Network simulation for Space Station Freedom at
Johnson Space Center.

Object-oriented analysis, design, and programming represents a new, more productive



approach to solving problems. Rather than working with traditional software procedures
and separate data structures, we create objects which encompass both the data and the
operations. These techniques ultimately reduce the amount of code that needs to be
written and maintained by enabling programmers and designers to create classes of
reusable objects which encapsulate behavior and ensure data abstraction. Object-oriented
concepts are easy to learn since they are based on a few simple yet powerful concepts.
Many designers find the object-oriented paradigm to be a natural extension to how they
think. In order for a design to be considered object-oriented it should meet three criteria:

(1) Encapsulation - data and instructions are grouped into units of functionality
called classes

(2) Inheritance - functionality is inherited through a class hierarchy
(3) Messaging - instances communicate via messages sent to objects.

OBJECTS ARE GROUPED IN CLASSES

In object-oriented design and programming, we call a type a class. Each object belongs
to one and only one class. We say that an object is an instance of the class it belongs to.
Think of a class as an object template, or an object factory.  Every object of a given
class has the same data format and responds to the same instructions. Using
measurement-stimulus data as an cxample, we might have a class called Telemetry
parameter. Telemetry parameter is a class of measurement-stimulus data, and all
Telemetry parameter measurement-stimulus data belong to the class.

There is no limit to the number of objects (class instances) you can create of a given
class. The instructions that an object can respond to are part of the definition of a class.
The data associated with a particular instance is defined by the state of the instance. For
example, you might have a analog Telemctry parameter MA00l and a discrete Telemetry
parameter MD00l. Both are instances of the class Telemetry parameter with type instance
variables of "discrete" and "analog" and identifier instances variables "MA00l" and
"MD001" respectively.

OBJECTS RESPOND TO MESSAGES

Objects perform operations in response to messages. For example, prior to a display
operation, we send a calibrate message to a measurement-stimulus data object. The
measurement-stimulus data object's knows how to convert it's own raw value into
engineering units for display.

A message is different than a subroutine call in that different objects can respond to the
same message in different ways. For example, telemetry parameter objects, command
parameter objects and ground systems status data objects will all respond to a calibrate



message, but the operations they perform are object-specific. This gives us a great deal
of flexibility since different objects can respond to the same message differently. This is
known as polymorphism, literally meaning "many behaviors."

Polymorphism allows us to write generic reusable code more easily, since we can specify
general instructions and delegate the implementation details to the objects that are
involved. Since there are no assumptions about the classes of objects involved, there are
fewer dependencies in the code and maintenanee is easier.

Objects respond to messages according to methods that have been defined in their class.
For example if a telemetry parameter object receives a display message, then the class
Telemetry Parameter (or one of its ancestors) must define a display method. A method
definition corresponds to a procedure definition in most implementation languages. 

CLASS HIERARCHY

An object-oriented notation must allow one to express organization of the classes that
programs will use. It does this by providing a means to express class organization into a
hierarchy. At the top of the hierarchy is the most general classes and at the bottom are
the most specific classes. For example, in the measurement-stimulus data example,
Telemetry parameter is a class that defines what Telemetry parameter
measurement-stimulus data objects are. But there are classes of Telemetry parameter
measurement-stimulus data objects that are more specialized, such as Analog Parameter,
Digital Pattern Parameter, and Discrete Parameter. These classes define telemetry in a
much more specialized manner than does the Telemetry parameter class itself. So we say
that the classes Analog Parameter, Digital Pattern Parameter and Discrete Parameter
descend from class Telemetry parameter and the Telemetry parameter class is their
ancestor class.

But there can be classes more general than Telemetry parameter. For example, Telemetry
parameter might descend from class Measurement-stimulus data, which would, in turn,
descend from class System data, and so on. Class Measurement-stimulus data defines
how a measurement-stimulus data behaves, class Telemetry parameter dcfines how
Telemetry parameter measurement-stimulus data behave in addition to
measurement-stimulus data in general, and class Digital Pattern Parameter defines how
Digital Patterns behave in addition to Telemetry parameter measurement-stimulus data in
general.

Of course, if all we wanted was a Telemetry Digital Pattern Parameter object, we would
write only one class, called Digital Pattern Parameter. This class would define exactly
how a Telemetry parameter Digital Pattern Parameter measurement-stimulus data
operates. This methodology is limiting because if we decide later to create a Telemetry



parameter Analog Parameter object we will have to duplicate most of the code which
describes first how a "System data" behaves, then how a "measurement-stimulus data"
behaves, and then how a Telemetry parameter behaves. This is what is done in
procedural design. An object-oriented design eliminates duplicated effort by allowing
classes to share behaviors.

You might find it strange to define a Measurement-stimulus data class. After all, what is
an instance of the Measurement-stimulus data class. We have no such thing as a generic
measurement-stimulus data; all measurement-stimulus data must be of some specific type.
In the same way, we have no instances of the Telemetry parameter class. All Telemetry
Parameters must belong to one of the subclasses Digital Pattern Parameter, Analog
Parameter or Discrete Parameter. We call classes like Measurement-stimulus data and
Telemetry parameter formal classes. We never create instances of formal classes. Formal
classes are used to share common behavior among classes.

INHERITANCE

Inheritance is a mechanism for sharing behaviors between classes. The behavior of a
class's instances is defined in that classes methods. But a class also inherits the behavior
of all of its ancestors.

For example, the class Measurement-stimulus data defines how measurement-stimulus
data in general behave. The class Telemetry parameter inherits the general
measurement-stimulus data behavior from class Measurement-stimulus data, and adds
behavior that is specific to Telemetry parameter measurement-stimulus data. But the
Telemetry parameter class does not have to redefine the measurement-stimulus data
behavior. Next, the Digital Pattern Parameter class inherits behavior of
measurement-stimulus data from class Measurement-stimulus data, and behavior of
Telemetry Parameters from class Telemetry parameter. It adds the behavior specific only
to Digital Patterns.

Consider a system where all Telemetry Parameters use the same recording system. Then
the method "record" would be defined in class Telemetry parameter. When recording is
enabled for a Digital Pattern Parameter, a "record" message is sent to the instance.
However, Digital Pattern Parameter does not define a record method, and the search for
an implementor of the record behavior continues in class Digital Pattern Parameter's
direct ancestor, the class Telemetry parameter. The record method of class Telemetry
parameter is then invoked, causing the parameter to write itself to disk in the same way
regardless of data type. In a similar way, Digital Pattern Parameter can inherit behaviors
from the Measurement-stimulus data and System data classes. The behaviors of any
given class is really an amalgamation of the behaviors of all of its ancestors.



Let's say that most Telemetry parameter measurement-stimulus data use the same
recording system, but the Analog Parameter has unique recording behavior involving
strip chart output. In this case, the Analog Parameter class would redefine the record
method. Thus the record method of the Telemetry parameter class would never be
invoked by Analog measurements. However, its existence higher up in the class
hierarchy does not cause a conflict. Other Telemetry parameter measurement-stimulus
data would continue to use the standard data logging behavior.

ENCAPSULATION

Encapsulation is a design goal of an object oriented design. It is achieved by allowing
access to data only through operations defined for class. This ensures that instructions
are operating on the proper data and that no other parts of the program can operate
directly on another object's data. An object's internal format is insulated from other
objects. An important factor in achieving encapsulation is designing different classes of
objects that operate using a common protocol. That means many objects will respond to
the same messages but will implement their own methods. That way, programs can send
a generic message and leave the implementation up to the receiving object.  This reduces
interdependencies, and increases interchangability and reusability.

If we bring to mind the measurement-stimulus data example, we can think of a
measurement-stimulus data's engineering unit conversion process as being encapsulated.
Although engineering unit conversion processes may differ in implementation, they all
interface with display applications through a common protocol: send a calibrate message
for engineering unit convcrsion, and send a set_limits message to set high and low limits.
Since all display applications know this protocol, all displays know how to display all
measurement-stimulus data. This makes measurement-stimulus data more easily
interchangeable and maintainable.

Now that we have established a basic understanding of the principles of object oriented
design, let's look at one of the richest and most popular notations for expression of an
object oriented design, the Booch Notation. The Booch notation is a wonderful means of
expression for an object oriented design because of it's richness of expression. It has a
tremendous number of different icons and adornments with which it is possible to
express virtually everything one could wish to express about an Object Oriented Design.



THE BOOCH NOTATION

In the Booch notation classes have state diagrams associated with them. The class
diagram is used to show the existence of classes and their relationships in the logical
design of a system. The following icons denote classes and provide adornments to
express class relationships:

CLASS AND CLASS UTILITY ATTRIBUTES

Each class in a class diagram has attributes associated with it which captures import
aspects of a class. The attributes of a Class are as follows:

(1) Namc - class name
(2) Documentation - description of the class
(3) Visibility - visibility of class relative to the current class category
(4) Cardinality - how many instances of this class are allowed
(5) Persistence - whether instances persist beyond the lifetime of the program

that creates them
(6) Concurrency - whether instances are sequential, blocking or active
(7) Fields - instance and class variables of this class
(8) Operations - the methods for this class
(9) Space - the amount of space consumed by instances of this class
(10) Parameters - the parameters to a parameterized class.

Within a class definition, Fields and Operations may be defined as one of the following:

(1) Public - visible to all other classes
(2) Protected - visible only to subclasses of this class
(3) Private - not visible to any other class
(4) Implementation - not part of the interface, the inside view of the class.



ANNOTATING ICONS

Booch style icons can be annotated with attribute information. Multiple annotations can
be shown at the same time. The annotation choices are as follows:

(1) Class Icon - cardinality, concurrency and persistence
(2) Object Icon - concurrency and persistence
(3) Processor Icon - scheduling and process list.

RELATIONS

A using relationship implies the ability to send messages along the path between two
objects. This is indicated by a double line with a circle placed at one end to designate the
class that uses the resources of another. Specializations of this include:

(1) Uses for interface - a class's interface uses another class
(2) Uses for implcmcntation - the used class is hidden as part of the uses class.

Cardinality can be shown between classes which use one another. For example if A uses
B we can show that for every instance of A there are one or more instances of B. This is
shown by placing 1 on the uses relation near A and + near B. To show cardinality on a
uses relation, one of the following choices is used:

(1) 0 zero
(2) 1 one
(3) * zero or more 
(4) + one or more 
(5) ? zero or one
(6) n n.

A Class Category is a collection of classes, some of which are visible to other class
categories, and others of which are hidden. Categories provide a means of organizing
classes into meaningful chunks. Classes and categories within a category may be
exported from that category, private to that category or imported from another category.
To show this, names for classes and categories are adorned as follows:

(1) exported - name has a box around it
(2) private - no adornment
(3) imported - name is underlined.



To import a class from another category, the notation requires that the category be made
visible. To make a category visible, draw a visibility arrow from the category doing the
importing to the imported category. Note that the icon for visibility is the same as the
icon for inheritance.

STATE DIAGRAM ICONS

The state transition diagram is used to enumerate all the possible states of an instance of
a given class, and to show the events that cause a transition from one state to another,
and the actions that result from a state change. A state transition is drawn from an initial
state to the new state. It is possible to have a state transition from a state back to itself.
Each transition must be labeled with at least one event that causes the state transition.
The following icons are used in State Diagrams:

OBJECT DIAGRAM ICONS

The object diagram is used to show the existence of objects and their relationships in the
logical design of a system. A single object diagram represents a snapshot in time of an
otherwise transitory event or configuration of objects. The following icons are used to
express object information and relationships:

MODULE DIAGRAM ICONS

A module is a program unit that contains declarations that form the physical realization
of some or all of the classes and objects in the logical design of the system. The
following icons are used to express module information:

AN ALTERNATIVE SIMPLER NOTATION

It is the very richness and capability of expression of the Booch Notation that intimidates
many beginners in the Object Oriented Design process. Object Oriented diagrams
developed using the notation often look like high tech hieroglyphics (though not quite as
intuitive as hieroglyphics were) to a beginner, and can cause many to believe that an
understanding of the Object Oriented paradigm is beyond them. An alternative notation



was used in the development of an Object Oriented design for a telemetry and command
communications network simulation for Space Station Freedom. This notation uses a
simple indentation scheme similar to that used in Mil Std. documentation to denote the
class hierarchy, as is shown below:

 System_ Data
 . Measurement_ Stimulus_ Data
 .. Telemetry_ Parameter
 ... Analog_Parameter
 .... Linear_Parameter
 .... Quadratic_Parameter
 .... Non_Linear Parameter
 ..... Calculated_Non_Linear
 ..... Six_Point_Interpolation
 ... Digital_Pattern_Parameter
 ... Discrete_Paramete
 ... Command_Parameter.

Those familiar with Smalltalk or Actor, the Object Oriented Programming languages will
recognize similarities between this notation for a class hierarchy and the development
user interface in these languages. To show encapsulation, and instancing a simple
enclosing rectangle scheme as shown on the following page was used. While not as rich
and expressive as the Booch Notation, this notation serves well during the analysis and
design process. It lowers the intimidation factor, and allows time for the important
aspects of the paradigm to be absorbed. Thus, when detailed design stage is reached, the
Booch Notation can be incorporated at a time when the details it allows the designer to
express are being incorporated into the design.

CONCLUSION

Object Oriented technology is a revolutionary breakthrough in the software development.
Object Orient design is applicable to Telemetry applications and communications
modeling. The graphical notations used to express Object Oriented designs can be
confusing and intimidating. It is possible to successfully develop and implement an
Object Oriented design using simpler notations. The notation presented in this paper was
used successfully in design of a Telemetry and Spacecraft Communications Network
Simulation for Space Station Freedom at Johnson Space Center.
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DIGITAL VOICE DECODER
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ABSTRACT

In the world of Real-Time Telemetry, a vital element is voice communications. Aircraft
"hotmike" provides a continuous one way link from the aircraft to the Data Center,
thereby allowing the flight test personnel to monitor all cockpit audio. Pulse Code
Modulation (PCM) containing digitized hotmike is one method used to transmit voice.
This paper details a device that extracts digitized voice words from a PCM stream and
then converts this data to its original analog form.

INTRODUCTION

Through the years, various transmission techniques have been explored in search of an
effective means of providing voice communications. Three criteria driving the search
include quality, security, and ease of implementation. Digital voice communication
clearly surpasses analog in quality and security. Its integrity is less susceptible to noise
and distortion, thereby keeping quality high. For security, digital information lends itself
to encryption. In fact, many analog signals are digitized prior to encryption. Ease of
implementation is a toss up. When starting from scratch, analog technology is less
complicated and more cost effective. However, the majority of the test aircraft equipped
with cockpit hotmike are also equipped with telemetry instrumentation, including a PCM
transmitter. Therefore, the digital voice can be mixed with existing transmitted data,
reducing implementation cost and labor. W ith the three criteria satisfied, digital voice
transmission has proven to be an effective communication media.

GENERAL

The Digital Voice Decoder (DVD) strips supercommutated voice words from a PCM
data stream and then converts them to an analog signal. The digital to analog conversion
is performed in two formats; continuous variable slope delta (CVSD) modulation and
A-law companding. A decommutator provides the DVD with the necessary signals,
which include the data word (16 bits or less), frame lock, frame strobe, word strobe, and



clock. The supercommutated voice words are pulled from each frame of data as
designated by one of eight "canned" setups selected by an octal thumbwheel switch.
Figure 1, the block diagram, illustrates the DVD's basic architecture.

Block Diagram
Figure 1

WORD COUNTER

The Word Counter identifies the current word position of the decommutator. Frame
strobe, indicating the beginning of a new frame of data, resets the word count to one.
Then, with each word strobe, the count increments. Three 74LS161's readily perform
this task. A total of ten bits are used, enabling a maximum count of 1023 words per
frame of data.

"CANNED" SETUP

A 2764 8K byte EPROM is the main component of the "canned" setups. The three most
significant EPROM address bits are provided by the thumbwheel switch. This divides the
programmable memory into eight 1K byte sections selectable by the user. The remaining
ten address bits are taken from the word counter. Voice word positions are identified by
D0, the least significant EPROM data bit (l=voice, 0=ignored). As the word count



progresses, the "canned" setup strobes the data buffer on each voice word occurrence.
The EPROM data also includes board setup information. The seven most significant bits
of the first four bytes of each memory segment identify clocking, bit manipulation, and
digital to analog conversion data as follows:

WORD D7D6D5D4 D3 D2 D1 D0

1 Clocking MSB/LSB 1 1 X
4 LSB's  First

2 Clocking  CVSD or 1 0 X
4 MSB's Companded

3 Bit Pointer 1 0 1 X
  Start

4 Bit Pointer 0 0 1 X
  Stop

5... 0 0 0 0 0 0 0 X

The remaining bytes, 5 and greater, hold no information pertaining to board setup. Four
D-type flip-flops (74LS174's) store the board setup throughout each frame of data. These
are addressed by D1 and D2 for words 1 and 2. D3 provides additional addressing for
words 3 and 4 since two bits, D1 and D2, only give four counts and a fifth condition is
needed; idle operation, no infomation stored.

DATA BUFFER

Sixteen bit voice words from the decommutator are strobed into the Data Buffer by the
"canned" setup, where they are stored until read by the bit manipulator. This data buffer
consists of two eight bit "First In First Out" (FIFO) memories (IDT7202's) with a depth
of 1024 words. The number of words in equals the number of words out for each frame
of data; therefore, the FIFO's have ample depth to handle any setup.

CLOCK

The supercommutated voice words stored in the FIFO must be clocked out at the
appropriate rate to properly reproduce the analog audio signal. The DVD Clock, a
simple divider circuit consisting of two 4 bit counters (74LS161's) and two 4 bit
comparators (74LS85's), counts the decommutator zero degree clock pulses then
compares this to the divisor held in the "canned" setup. When the values are equal, the



counters are reset and a DVD clock pulse is generated. Synchronizing the DVD to the
decommutator guarantees that the DVD clock runs at the correct frequency. The divisor
is derived as follows;
For CVSD,

Divisor=Words per Frame/Voice Words per Frame.
For Companding,

Divisor=Words per Frame/(2*Voice Words per Frame).
The CVSD decoder requires only one clock pulse per voice data bit while the decoder
handling the companded audio requires two.

BIT MANIPULATOR

The Bit Manipulator also operates based on values defined by the "canned" setup. Driven
by the DVD clock, a 4 bit up/down counter (74LS169) addresses a 16 to 1 multiplexer
(74150) that serializes the current data buffer output word. The counter loads the bit
pointer start value then counts up or down (MSB/LSB first) until it reaches the bit
pointer stop value. At this point, a 4 bit comparator (74LS85) recognizes the equality
and, upon the next DVD clock pulse, reloads the counter with the start value and reads
another voice word from the data buffer. This method of bit manipulation allows full
flexibility when converting the parallel data words to serial data.

ANALOG TO DIGITAL CONVERTER

At this stage, the Digital to Analog Converter restores the serial stream of voice bits to
an analog form. CVSD or Companded decoding is selected by an analog switch
(MCl44066) as designated by the "canned" setup. The CVSD decoder (HC55564)
accepts the digital data one bit at a time. A low (0) bit causes the output voltage to drop
by a small amount (negative delta). On the contrary, a high (1) bit causes a slight
increase (positive delta). Over time, as the series of bits are clocked into the decoder,
continuous minute changes are made to the output voltage of the chip, hence the name
continuous variable slope delta, or CVSD (see Figure 2).



Figure 2

The other decoder, an MC 145505, utilizes A-law companded audio guidelines set by the
CCITT (Comite Consultatif Intemationale de Telegraphie et Telephonie), a committee
responsible for setting international communication standards. Companding is the digital
compression (encoding) and expansion (decoding) of analog information. A-law
standards specify a nonlinear companding process. The 8 bit word representing each
analog data point is broken into three parts; (1) a sign bit, (2) three chord select bits, and
(3) four step select bits. The sign bit identifies signal polarity, (1) positive or (0)



negative. The three chord select bits combine to identify one of eight segments, with
each successive chord encompassing a range of analog voltage levels, creating a
nonlinear digital representation (Figure 3).

A-Law Companding
Figure 3

The four step select bits evenly divide each chord into sixteen sections. In addition,
A-law specifies that all odd bits be inverted (zero, 00000000, appears as 01010101),
creating a greater number of transitions in the digital data stream.

FILTER/AMPLIFIER

The raw outputs of the digital to analog converter must be smoothed and then adjusted to
the appropriate level. This is the function of the Filter/Amplifier, the final stage of the
Digital Voice Decoder. A two pole low-pass filter having a cutoff frequency of 7.2 KHz
rounds the stepped corners of the signal. Then, an amplifier allows adjustment of the
final voice output to three volts peak to peak. A dual operational amplifier (1458)
supported by discrete components performs both tasks.



CONCLUSION

The Digital Voice Decoder has existed in printed circuit board form for two years and,
used on a regular basis, has exhibited no hardware failures. Its size, 4.5 X 7 X .75
inches, allows the DVD to be chassis mounted in some PCM decommutators. Durability
and compactness stem from efforts taken during design and build-up. Two considerations
taken to mind were simplicity and flexibility. Most PCM formats can be accommadated
while CVSD and A-law companding are the two most widely used voice digitizing
processes for cockpit hotmike. Even with the availability of digital voice quality and
security, most aircraft still utilize analog FM for cockpit voice transmission. This is
partially due to a lack of standards. Once developed, standards will further reduce size,
complexity and cost, thereby promoting greater usage of digitized voice technology.
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ABSTRACT

In today's world, the importance of training for telemetry systems continues to grow as
new technologies provide users with ever-increasing capabilities. Successful training
programs ensure telemetry systems quickly become operational yielding the acquisition
of critical test data.

Over the years, training programs have been greatly impacted by the changes in defense
contracts -- specifically funding. Today's aggressive telemetry market requires
contractors to develop complex telemetry systems within the constraints of Firm Fixed
price (FFP) contracts and within very short schedules. As a result of these conditions,
training programs have changed significantly over the last ten years. Projects which used
to have dedicated training personnel (instructors, technical writers, etc.) now rely on the
system developers to provide the training. In actuality, the quality of training has
improved with this new approach. Now students benefit from having the most
knowledgeable personnel teach them about the system and, often times, latent problems
with the system are efficiently identified and corrected.

This paper will summarize the evolution of training programs for telemetry systems
developed by Computer Sciences Corporation. The benefits of a scenario where the
system architects train the end users with the use of increased "hands-on" training will be
explored.

KEY WORDS

Training, Hands-on Instruction, Video Based Training, Computer Based Instruction,
Tutorials.



INTRODUCTION

Telemetry systems have a very simple purpose:  acquisition, display, and
storage/archival of real-time data. To achieve this objective, contractors and agencies
design and redesign systems incorporating the latest technologies. However, no matter
how much technological sophistication is added to a system, it is only as good as its
operational performance.Towards this goal, Computer Sciences Corporation (CSC) has
demonstrated the effectiveness of tailored training programs to ensure the rapid
implementation and operational readiness of telemetry systems.

CSC' s Realtime Data Systems Center (RDSC) has been developing large-scale telemetry
systems since 1981. During this time, contractors have experienced an evolution in
Department of Defense (DoD) programs -- from cost plus, multi-year contracts to
firm-fixed price contracts of short duration. As a result of these changes, RDSC analyzed
the entire system development/implementation process and identified areas for
streamlining to be more competitive. One of these areas was training.

Training Programs: The Progression to a More Cost Effective and Successful
Approach

On earlier projects, the typical approach was to establish an independent and dedicated
training staff. This staff consisted of professional instructors and technical writers
responsible for the preparation of user/operation manuals, course materials, and conduct
of courses. Typically, this staff ranged from four to eight people including a training
manager. The training staff supported the project from a few months into the
development through the duration of the project (training classically is the last task to be
performed on a project).

Having this dedicated staff was costly and in most cases ineffective. The high expense
primarily resulted from having to "train the trainers."  This created a redundant situation
where the system developers would spend just as much time, if not more, working with
the training staff as they would have if they had performed the training preparation and
instruction themselves. In addition, most telemetry systems specify that courses be
presented only once at the end of the contract. With this limited requirement, training an
independent staff to conduct one session of training courses was excessive.

The inefficiency is due to the difficulty of bringing training instructors up to a
technically competent level. The training staff has to be trained on the intricacies of the
system to effectively instruct. In many cases this is unsuccessful because training
personnel lack the technical acumen demanded by the system users. As telemetry systems
become increasingly sophisticated technologically, so do their users. Training personnel
are continuously challenged by students for more in-depth instruction supported with



hands-on exercises. The training staff is unable to respond to these challenges and end up
turning to the system developers for assistance.

In an effort to become more competitive and productive, the training approach was
radically changed by establishing the system developers as the training staff with the
support of a training coordinator. The training coordinator acts as the liaison with the
customer and establishes the overall training plan for the particular project. With an
accepted training plan, the coordinator then creates standardized guidelines for training
materials and user manuals for the system developers to follow. This partnership
approach has yielded many benefits:

o Students receive training from the most knowledgeable personnel
o The effort expended transferring knowledge and data from system

developers to training staff is eliminated
o System developers are maintained on the project through completion and are

available to resolve latent problems
o Training coordinator ensures the quality and consistency of training

materials

However, not all system developers make good trainers. The trainers must be carefully
selected system developers who possess the skills necessary to be effective. These
essential skills include good organization, presentation ease, adaptability to all level of
users, patience, and technical expertise.

Specific Examples of Telemetry System Programs

The following sections highlight the various training programs implemented on several
RDSC telemetry system development projects. Successful aspects of each program will
be highlighted along with relevant innovations. Table 1 provides a synopsis of the
training programs. 

Integrated Flight Data Processing System (IFDAPS), Test Support Facility (TSF)
IFDAPS, and Utah Test and Training Range Acquisition and Display System (UTTR
ADS)

As illustrated in Table 1, the IFDAPS, TSF IFDAPS, and UTTR ADS projects utilized
dedicated training staffs for the preparation of 21 user/operation manuals and 36 training
courses. The size of these projects necessitated the separate training staffs who relied
heavily on the system developers. Along with the typical training tasks, these projects
employed two innovative training techniques:  video and computer based training. Video
based training resulted from the Air Force requiring their "trainers" to 



be trained. The video training was very simple -- the Air Force would videotape all
training courses and then edit the tapes to improve the presentation of the information.
They would then use the videotapes to train the end-users themselves.

The other technique involved the development of computer based training. The training
staff, with the assistance of the system developers, created "on-line" tutorials for specific
functions of the telemetry system. These tutorials were then provided to the Air Force
for students to use at their convenience and pace.

With the combination of dedicated training staffs, video training and on-line tutorials,
these three training programs were expensive. Over the years, the on-going TSF
IFDAPS project has modified it's approach by assigning the system developers with
training responsibilities without the assistance of a training staff or coordinator.

Real-time Telemetry Processing System (RTPS) III and Telemetry Processing System
(TPS)

The RTPS III and TPS projects were developed for the Navy under aggressive cost and
schedule constraints. Due to these limitations, the training approach was re-engineered
resulting in the system developers/training coordinator method. Three important
elements of this project contributed to this approach:  CASE tools, location of customer
site, and active participation of Navy representatives.



Computer Aided Software Engineering (CASE) tools were first utilized by RDSC system
developers on the RTPS III project. CASE tools greatly increase the efficiency and
quality of system documentation including user/operational manuals. Since the system
developers were the CASE users, they were tasked with the documentation activities. As
the next logical step, the system developers then became responsible for the training
materials and courses which were extensively CASE oriented.

RTPS III is installed at the Naval Air Warfare Center in Patuxent River, Maryland -- a
far distance from Lompoc, California. This created a logistics dilemma which turned into
an opportunity. To successfully support the installation, testing, and operation of RTPS
III, the development staff went to Maryland for the last months of the project. However,
not enough development tasks remained to keep them occupied so they utilized the time
to develop training materials and conduct the training courses. System developers moved
directly from development tasks, to integration, to test, to training, and were
productively used on the project throughout the implementation life cycle.

The Navy played a pivotal role in RTPS III because they emphasized the importance of
effective training to achieve their goal of quickly providing their staff with the tools and
competence for operations and software maintenance of the system. Two of the Navy's
technical staff came to the development site in Lompoc to be actively involved in the
development and training issues. This highlighted the technical expertise of the Navy
organization. RDSC was challenged by this organization and reorganized their approach
to ensure the Navy received training from the best qualified personnel.

TPS benefitted from the methodologies developed for RTPS III. The development effort
and requirements were very similar to RTPS III and the same personnel were used on
both projects. With these advantages, the TPS training program was a very successful
implementation of the system developers/training coordinator approach. This is
substantiated by TPS becoming a fully-functioning operational system within six months
of training completion.

Telemetry Integrated Processing System (TIPS) Upgrades

The TIPS Upgrades project consisted of three separate Air Force contracts which
integrated state-of-the-art technologies into a 20 year old telemetry system. Commercial
off-the-shelf (COTS) products such as high performance engineering workstations,
real-time recorders, graphical users interfaces (GUIs) software packages, and high speed
printers were integrated into the existing design. This required a new technique -- the
combination of vendor and customized training for the client.

Today's sophisticated workstations offer a wealth of functions and capabilities beyond
those used by the developed telemetry applications. RDSC recognized the best training to



offer the customer for general workstation knowledge was directly from the vendor.
Complimenting the vendor training were courses conducted specifically for the telemetry
applications and components developed for the project. In some instances, such as the
graphics software for building telemetry displays, the system developers reworked the
training materials provided by the COTS vendors.

Universal Memory Network (UMN)

The Universal Memory Network is a departure from the projects cited above because the
training program and documentation are not driven by Government specified
requirements. Because the UMN is a COTS product, RDSC focuses the training program
on developing awareness of other products and services as well as providing educational
benefit. Significant effort has been applied to creating "user-friendly" documentation and
course materials which are technically comprehensive.

Assigned to the task of developing these materials and conducting courses are the UMN
product engineers. With their personal commitment to the success of UMN, they have
proven to be very successful educators.

CONCLUSION

Training programs contribute greatly to the successful implementation of telemetry
systems and their rapid transition to operational readiness. RDSC has repeatedly
demonstrated the benefits of using the system developers as the primary resources for
preparing training materials and conducting training courses. This approach has reduced
costs, improved the productivity of resources, and provided the best method for
imparting critical knowledge to telemetry system users, operators and maintainers.
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NOMENCLATURE

ADS Acquisition and Display System

CASE Computer Aided Software Engineering
COTS Commercial Off-the-Shelf
CSC Computer Sciences Corporation

DoD Department of Defense

FFP Firm Fixed Price

GUI Graphical User Interface

IFDAPS Integrated Flight Data Processing System

OTS Off-the-Shelf

RDSC Realtime Data Systems Center
RTPS III Real-time Telemetry Processing System III

TIPS Telemetry Integrated Processing System
TSF Test Support Facility
TPS Telemetry Processing System

UMN Universal Memory Network
UTTR Utah Test and Training Range
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ABSTRACT

Telemetry as a research interest began to appear in the early
days of this century.  Since then it has gained great
progress with its application fields growing all the time. 
This papper reviews briefly the history of telemetry
introduces its state- of- the- art technology.  The research
activities and technological levels in this field inside
China are included.
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INTRODUCTION

Telemetry in the United States began to evolve as a
lochnology for research during World War II.  The development
of advanced aircraft technology and combat techniques
proeuced the need for aradio telemetry.  With peace, the
research interests turned to jet aircraft.  Now a widely used
and important form telemtry is known as supervisory control
and data acquisition system (SCADA).  In China our group is
devoted to telemetry for many years.  We have learned a lot
from advanced countries.  In this paper, we look back the
development of telemetry in the world at first.  Then based
on our research, we are going to introduce the development of
telemetry in China.

STATUS OF TELEMETRY IN THE WORLD

The telemetry systems all over the world have been developing
drastically over these years.  The European countries and the
United States have established their own systems



respectively.  In my opinion, the United States takes the
lead in this field currently.  So this paper focuses on the
developments in US in recent 10 years, and the main points
are as follows:

A. FDM--- an indispensible system brimming with full
vigour.

Being the first-invented and first-utilized system, FDM has
the advantage of flexibility and cost-effectiveness.

In 1944, the need arose for a four-chanel system to monitor
performance of the Bumblebee experimental unmaned super-sonic
ramjet.  Princeton scientists used FM subcarrier for this
job.  Interestingly, they chose subcarrier center frequencies
of 3.0, 3.9, 5. 4, and 7.35kHZ, with deviation of 7.5% on all
subcarriers.  These frequencies are our present IGIR PBW
channels 8, 9, 10 and 11.  They chose these frequencies to
provide suitable guard bands between subcarriers; the
deviation was chosen as the widest that could be handled with
their subcarrier demodulators (discriminators).

The Applied Physics Laboratory at John Hopkins University was
deeply invloved also in this telemetry system development;
they were quite prominent in the first years of telemetry's
evolution.  

The newest development in FM is the "tunable digital
multiplex discrimiantor", a device that replaces a bank of
conventional discrimiantors, a tape speed reference
discrimiantor, and a high-speed anolog multiplexer encoder.  

Now, FDM covers about 20 percent of the entire market.  The
IRIG standard for telemetry, as revised in 1980, is IRIG
106-8.  This document contains the use criteria for FDM which
are as following:
DBW-25, CBW-A CBW-B, CBW-C.

The IRIG standard for telemetry, as revised in 1986, is IRIG
106-86.   They are changed as follows PBW-25, CBW-A CBW-B,
CBW-C, CBW-D, CBW-E, CBW-F, CBW-G.  Still PBW is again
updateded to PBW-27 in 1991, adding two channels whth central
frequency of 690 Khz and 930 Khz respectively.  All of these
show that FDM is still occupying an important position with
progress being made steadily.



B.PCM-- the main system with its dorminant role
intensified.

At the present, 65 percent of the telemetry systems belongs
to the category of PCM.  With the integration of the computer
technology, the new generation of telemetry computer systems
is high under the way.  It can be fairly safe to say that
with the availability of faster computers and more
sophisticated software, the performance of PCM will further
be improved.  To illustrate the tend, the following two
figures are cited:

Responding to the need of higher data rates, manufacturers
are offerring PCM ground stations at higher bits rates than
ever before.   The EMR 8300 series equipment from Fairchild
Weston System Inc., for example, offers bit synchronibation
to 33 megabits per second and end-to-end operation to 20
megabits per second.  

The latest PCM ground station devices feature internal
microprocessors, which enables the designer to offer command
tranalation, self-diagnostics, and other featrues never
before available.

C. Introduction of data randomizer and derandomizer

--There has always been a problem to deal with strings of 0's
and l's in the data stream i. e. if there is a succession of
0's and 1 's, the bit synchronization will fail and therefore
such case is not allowed.   Fortunately, a new technique has
been adopted to overcome this problem, the diagram of which
is shown in Fig. 1.

D.The explicet proposition of idea "Success through
telemetry"

Since telemetry has been incorporated into the field of
armament (such as aeroplanes, missiles, satellites, etc) as
well as communication, more and more people begin to feel
that without the help of telemetry systems, there would not
be any true success in most fields in the current society.

STATUS OF TELEMETRY INSIDE CHINA

Before the open-to-the-outside-world policy was introduced,
telemetry systems began to developed in China as early as



1958 independently.  Now, with the efforts of all Chese
researchers, the gap between the newest technology in th
advanced countries and that in China has been reduced and
further developments can be expected in the near future.  In
the descriptions below, the research activities at the
author's lab are emphasized.

A. General status and history of teletry.

In 1958, the Chinese Acadamy of Sciences developed a 4
channel FM system, later a optical-electronical institute
developed a 6 channel FM system.  Still later, a mechanical
institute made further improvements.

The research group at the Electronic Engineering Department
of Electronic Engineering Department of Beijing University of
Aeronautics &Astrnautics (BUAA) has been developing telemetry
system all the time since early 1980s.  

We have developed a series of laboratory prototypes in these
years: 12 channel PBW FM system(l982), 23 channel PBW FM
system (1984), PBW-24+CBW-B (1985), CBW-F, G (1986).  Some of
these models have been put into real use by several
factories.  Now we can fulfill all the use Criteria stated in
the IRIG standare 106-86.

B. A major step forward in PCM technipue.

Being the main stream of telemetry system, our research group
at BUAA have plunged a large part of our effort into the
study of PCM Up to this year (1993) several key known-hows
have been solved which include:

(l) Bit synchronizer

The telemetry bit synchronizer is typically a very flexible
unit.  It can accomodate a number of differing PCM codes, and
can be optimized of performance in a variety of noise
environments.  In our lab, some synchronizer with bit rate
ranging from 100bps to 4Mbps have been made.   They are
almost, if not absolutely, the best laboratory models in
China.



(2) Frame synchronizer

The frame synchronizer adopts fixed stategy.  It is baded
upon separating the synchronization into three distinct
operating modes: search, check and lock.  Once minor frame
synchronization is established, synchronization of
subcommutate commutated can be accompished.  Any PCM format
with varying synchronization patterns can now be made up to
6.5Mbps, here in BUAA.

(3) PCM data simulator

A valuable addition to a telemetry system is a programmable
simulator, which generate a PCM putput for system checkout. 
It is available also as one of the outputs to the bit
synchronizer.  Bit rates up to 10 Mbps are now realized by
us.

(4) Data preprocesser

Telemetry data rates are increasing rapidly.  The number of
analysts per system is increasing, as are their data display
requirements.  Even though minicomputers are large and faster
than ever before, they have not kept pace with the demands of
telemetry users.  In our expeiments, the DSP chip TMS320C25
is used to construct successfully a preprocessor with similar
fuction of EMR 8571.  Now, a 6.5M bps PCM telemetry system is
available as a laboratory model.

C. The new telemtry system--SDM

Based on the traditional theory of orthogonal multiplex, the
two telemetry systems FDM and TDM have long been advanced. 
Many people tend to think that they are the only two systems
based on orthogonal functons.  However, in 1980, we proposed
a third one --aequency division multiples (SDM) based on
Walsh frnctions which are also orthogonal and complite.  In
the paper the systim design measures taken to improve the
accuracy and some new synchronization mathods we adopted were
described.  Since the choice of subcarriers is very important
in designing a telemetry system, a table of recommended
sequence values of the walsh functions for subcarriers of the
telemetry system was presented.

Since the vebration signal in high frequency band is produced
in many cases, it is necessary to build a system which can



measure this signal.  The prequency response of each channel
is 2000Hz.  Since then, we continued to study SDM wystem and
a new one basedon HAAR FUNCTION WAS INTRODUCED IN 1983. 
First, we discussed the way of buliding the Haar function
generator.  There are several ways to solve this problem.

Secondly, the mulivalue logic multiplier was described.  The
multiplier consists of three parts: operational amplifier,
switching element and its control circuit.

Thirdly, according to the relationship between Haar waveforms
and switching control wignal, we combined the multiplier with
the generator as a whole which is called Haar function
modulator.
The function of the mosulator is same as Haar function
generator plus a number of multipliers, but the circuit of
which is greatly simplified.

The experimental results showed that the new system is
effective and as compared with Walsh system the Haar one
seems to be a little better.

After years of research, we've discovered a new kind of
orthogonal functions called Bridge funceions,  Like a bridge
(that's why it is so named), the Bridge functions have the
every promise of being the basis for constructing another SDM
system which was fulrilled and named as BAM- FM The Bridge
funceions have the every promise of being the bases for
constructingan entirely new kind of telenetry system, which
has been named as sequency division multiplexing.

Since the Bridge functions are the mathematical basis of the
new telemetry system, we will give a summary of the Bridge
functions at first.  We have successfully constructed an
experimental prototype called BAM-FM system in our
laboratory.  The main ideas, block diagram, operational
principles, and technical problens are discussed in the
paper.  All our work has proved that SDM has not only
reserach interests, but also practical value.

CONCLUSION

In all telemetry systems both inside and outside China have
been well advanced in these years.  Surely, they will play a
much more important role in the future developments.
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ABSTRACT

The On-board Data Interface Module (ODIM) was developed specifically to provide
real-time casualty assessment telemetry data for the training environment on the
instrumented range system at the U. S. Army National Training Center (NTC) located at
Ft. Irwin, California. Real-time data acquisition and telemetry systems, such as the
ODIM, which enhance the feed back capabilities of fielded training systems are
becoming increasingly important to the Department of Defense in these times of
shrinking defense budgets and decreasing global stability.

The ODIM is designed to combine, process and transmit data from the AH-64 (Apache)
1553 data bus, the Aircraft Survivability Equipment (ASE) threat warnings, the on-board
training system laser belt, cockpit kill indicators, and status data. The ODIM also
downlinks the stored data though the Micro-B transceiver on the AH-64A.

For the application at the NTC, the ODIM looks for very specific data from the AH-64
and the MILES/AGES II system. However, the ODIM is programmable to collect any of
the data available from these systems.  The uplink/ downlink available through the
Micro-B transceiver allows the user access to the ODIM's features even from a remote
location. 

KEY WORDS

Real-time, Data Acquisition, Casualty Assessment, U. S. Army Aviation.



INTRODUCTION

Real-time casualty assessment is critical to the realistic battlefield training scenarios
staged by the personnel at the U.S. Army National Training Center at Ft. Irwin, CA.
The ability to provide timely feedback to the units/personnel being trained is essential to
the purpose of the NTC. The ODIM plays a critical role in the ability to provide this
immediate feedback.

The National Training Center Instrumentation System (NTC-IS) is a combination of
Subsystems whose mission is to fill the training gap between limited home-station unit
training and actual combat. The NTCIS monitors the locations, weapons activities, and
tactical results of armed forces training at Ft. Irwin under simulated battle conditions.
The NTC-IS is divided into three major subsystems: Range Data Measurement
Subsystem (RDMS), Range Monitoring and Control Subsystem RMCS), and the Core
Instrumentation Subsystem (CIS). Data from field forces are gathered by NTC-IS
equipment and sent to the CIS where they are recorded, displayed, and correlated for
real-time control and After Action Reviews (AARs). CIS operating personnel control
training operations via communications with exercise controller personnel in the field.
The system provides for transmission of AAR data, including voice and video data, to
forces under training in the field a short time after exercises are completed.

The RDMS provides real-time position location and engagement event data on all
instrumented players. Two components of the RDMS which are largely responsible for
determining real-time position are the Ground Interrogator Component (GIC) and the
Player Unit Component (PUC). The GIC consists of a network of approximately forty
Micro-A Stations which are precisely located on surveyed positions. The heart of the
PUC is the Micro-B transponder. The Micro-B, as it is commonly called, primarily
supports range measurement. The function of the Micro-B is to act as a transponder
when properly addressed by a ground station though any of the Micro-A stations. The
Micro-B operates in one of two modes, range and communications. In the
communication mode, the Micro-B can receive commands and send digital messages.
This communications mode allows the information collected by the ODIM to be sent to
the CIS for processing and to be included in the AAR information in real-time. 

The ODIM interfaces with, collects, processes, and stores data from the AH-64A 1553A
data bus, the MILES/AGES II laser detector belt, the Cockpit Kill indicator, and the
AH-64A ASE control panel. A functional block diagram depicting this interface is shown
in Figure 1. 

THEORY OF OPERATION

The ODIM contains four circuit boards, the Main Processor Board, the Belt Interface
Board, the Power Supply Board, and the Motherboard.



The Main Processor Board houses an Intel A80C186 16 MHz microprocessor which
controls the I/O and general functions of the ODIM. This board also provides the
interface to the AH-64A MIL-STD-1553A data bus.

The Belt Interface Board accepts input from the AGES II Laser Detector Belt, the
Cockpit Kill Indicator, the ASE Subsystems, and the Micro-B Transceiver. Additionally,
upon command from the microprocessor, this board will provide outputs to the Micro-B
unit. The Power Supply Board houses the DC-DC converters necessary to operate the
electronics of the ODIM. A fuse and power monitor are included to protect the ODIM
electronics. 

All input/output is routed though the Motherboard which interconnects the other three
circuit boards.

The ODIM System Interface is depicted in Table 1.

Table 1. ODIM System Interface Description.

The ODIM monitors data related to the movement, location, ASE, laser, and weapons
usage on the aircraft. The ODIM also monitors data concerning hit, kill or near-miss



status from other "battlefield" participants. As each event occurs, (e.g. rocket fire,
gunfire, etc.) the ODIM collects the data and signals the Micro-B that it has data ready to
send. The Micro-B relays to the Ground Station that data is ready to be sent. This
message is sent utilizing unused bits in the Micro-B's normal message traffic. The
Ground Station sends a Clock Signal to the ODIM via the Micro-B. The data is then
clocked out of the ODIM to the Ground Station (in 42 bit words) via the Micro-B. Table
2 lists the data parameters monitored by the ODIM. These data parameters are essential
in assessing casualties, both equipment and personnel, for the units engaged in mock
combat at the NTC. 

Table 2. ODIM Data Parameters.

FUTURE APPLICATIONS

The ODIM has been designed with expansion in mind. Currently there is an expansion
slot available in the ODIM for use in future requirements.

One such application could be the addition of a Global Positioning System (GPS) card
which would eliminate the requirement for the ODIM to be utilized on an instrumented
range. With the advent of a Portable Ground Station for communication and the GPS
card, units could use the ODIM for training and dress rehearsals at their home stations
prior to deploying to NTC.



CONCLUSION

Real-time data acquisition and telemetry systems, such as the ODIM, which enhance the
feed back capabilities of fielded training systems are becoming increasingly important to
the Department of Defense in these times of shrinking defense budgets and decreasing
global stability.

Real-time casualty assessment is critical to the realistic battlefield training scenarios
staged by the personnel at the U. S. Army National Training Center at Ft. Irwin, CA.
The ability to provide timely feedback to the units/personnel being trained is essential to
the purpose of the NTC. The ODIM plays a critical role in the ability to provide this
immediate feedback. 
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ABSTRACT

In today's aerospace environment, the watchwords and demands for system developers
have become "faster, cheaper, better". The use of an industry standard bus and
Commercial Off The Shelf (COTS) hardware can substantially lower design time, cost,
and enhance performance. This paper describes the Flexible Airborne/Space Data
Acquisition System (FAStDAS) design for the MSTI series satellites. While the
FAStDAS architecture was designed for the specifics of the MSTI satellites, the approach
provides the flexibility for use on a wide variety of airborne and space applications.
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INTRODUCTION

The MSTI satellites are a series of "fast reaction", light weight satellites that provides a
platform for SDIO orbiting experiments. The first four satellites each have a nine month
schedule from preliminary design to launch. With such an ambitious schedule, it was
necessary to select an industry standard bus and use it without modification.

The VME bus is mature and well supported with "off the shelf' hardware, and software
from a variety of vendors. A variety of size configurations are readily available to suit
individual applications. Further, since the VME bus is an open architecture with well
defined protocols, special purpose circuit boards can be quickly designed for cases where
off the shelf hardware is not available. The obvious choice for this purpose was the
VME bus.



The most compelling reason for using the VME bus for the MSTI program is flexibility.
Since each successive satellite is to have different experimental payloads, it is necessary
to re-configure the system to meet the specific applications without "re-inventing the
wheel". Once the "core" for the FAStDAS was developed, circuit boards and software
modules can now be "mixed and matched" to suit the application.

BASIC SYSTEM ARCHITECTURE

Figure 1 shows a block diagram of the system used on the first MSTI satellite. Note that
the abbreviations for all figures are expanded in appendix 1.)  For this satellite the
primary function of the VME bus electronics was for attitude control of the vehicle.

Figure 1

All of the attitude sensor data was collected by the VME bus, processed by the Central
Processor Unit (CPU), and then control commands were sent from the VME bus to the
propulsion control system. The VME bus also controlled the experimental payload as
well as switching on and off all of the other satellite functions. Since almost all of the
data of interest was processed in the VME bus, it made most sense to have the command
up-link and data down-link telemetry electronics contained in the VME bus as well.

To provide the telemetry interfaces two custom circuit boards were designed; the
Command Decoder Unit (CDU) for the command up-link inputs to the VME bus and the



VME to PCM Interface (VPI). Although neither of these functions were available as an
"off the shelf" product, the designs were straight forward and interfaces to the CPU were
simplified by using the VME bus standard. Both designs took less than 180 days from
concept to delivery of flight ready circuit boards.

This core architecture and the VME bus allows system flexibility and can easily
reconfigured to meet specific applications. Since the system is under CPU control, new
data acquisition boards from a variety of vendors can be installed without custom
development. Only new software need be written.

CURRENT APPLICATION

The core of the FAStDAS used on the first satellite is being re-used on the second
satellite with changes primarily to increase data acquisition of the system (Figure 2).

Figure 2

Changes include adding an Analog-to-Digital input circuit board, a Video data
acquisition circuit board [1], and mass memory storage to the system. The Video input
circuit board is the only new custom design required.



storage in the Mass Memory (MM). The circuit board also has "quick look" feature that
formats Video data into a PCM bit stream that is sent to a RF transmitter.

The VME to PCM Interface was also re-designed to incorporate external health and
status information into the PCM stream [2]. I.E. data not needed by the VME system.
The new VME to PCM Interface provides PCM encoder functions found in other PCM
encoder products only in a low power, ruggedized, VME form factor.

FUTURE DEVELOPMENTS

Although the system definition is incomplete for the third satellite, the core FAStDAS
will be re-used as the foundation for the telemetry data acquisition
system. To accommodate the increase in data processing requirements of the flight
control VME bus, it is currently planned for the FAStDAS to be contained in two 
independent VME buses (Figure 3).

Figure 3

The only new additions are increasing the number of Video Input circuit boards, and
reflective memory interfaces between the two VME bus systems. The reflective memory
interface allows data exchange between both of the VME buses.



SYSTEM INTEGRATION, BENCH TESTING, AND PROTOTYPES

One of the most significant advantages of using the VME bus is the availability of
"commercial off the shelf" (COTS) hardware for system development, bench testing, and
integration. Most of the available ruggedized/MIL-SPEC VME circuit boards are also
available as commercial equivalent boards. The commercial equivalent products are
generally available with much shorter lead times and at a much lower cost than the actual
flight hardware. This allows for software development, test, and integration to begin
early in the project. Commercial equivalent products also provide a low cost "hot bench"
for flight component and subsystem testing. The commercial hot bench can also be used
for "real" tests of prototypes without putting flight hardware at risk.

CONCLUSION

The FAStDAS is an example of an approach that can be used to satisfy the demands of
lower cost and shorter schedules. Selection of the industry standard VME bus allows
team efforts to work on the same project in parallel without having to wait for one of a
kind products. The first flight of the MSTI satellite demonstrated the effectiveness of the
VME bus for space applications. With only a minimum number of custom designs, the
FAStDAS can be configured to provide data acquisition and telemetry interfaces for
almost any airborne application.
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Appendix 1

ABBREVIATIONS

AIM Analog Input Module

CDU Command Decoder Unit (Uplink commands)

CPU Central Processor Unit

GPI Global Positioning satellite receiver Interface

GPS Global Positioning Satellite

GSE Ground Support Equipment

IRU Inertial Reference Unit

IVI IRU/Valve driver Interface

PCM Pulse Coded Modulation (Note that when used in block diagrams, this refers
to the "PCM" encoder circuit board.)

PROP Propulsion and attitude control actuators (Thrusters, and reaction wheels)

RDB Relay Driver Board

SEI Sun sensor/Earth horizon sensor Interface

SASP Spectrum Astro Storage Product (Disk drive array and controller)

VIM Video Interface Module
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ABSTRACT

Given the small size of hit-to-kill interceptor test vehicles currently under development,
volumetric limitations mandate using the experimental vehicle's telemetry system during
vehicle ground level acceptance and environmental testing to gather performance data, in
addition to the primary function of successfully gathering and transmitting data during
the test flight. In small, lightweight test interceptors, volume and mass become major
telemetry system design considerations. In this paper we describe a system engineering
approach to determine the key requirements and calculate some of the critical design
parameters necessary for the successful design and development of a high data rate wide
band FM Pulse Code Modulation (PCM) airborne telemetry system.
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INTRODUCTION

The airborne telemetry system is comprised of various analog transducers such as
vibration, shock, acceleration, pressure, and temperature instruments, as well as a PCM
Encoder to digitize these measurements, and RF transmission components. The PCM
encoder must also accommodate serial digital data interfaces from the flight computer(s),
Inertial Measurement Unit (IMU), and payload experiments processing all the data into a
composite digital bit stream which then modulates an RF transmitter to a receiving
station.

For miniaturized flight vehicles the airborne telemetry system literally becomes the
"voltmeter" for the vehicle's health and performance throughout the integration, ground
testing, and flight test phase of the program since there is no additional volume to add
unique ground test instrumentation. To increase the knowledge gained from the flight



test and to facilitate post-flight troubleshooting capability it is important to provide
traceability between the flight test data measurements to be taken and similar data
obtained while the interceptor is undergoing key ground tests. The telemetry system
provides the measurement capability for this key data traceability throughout the life of
the test vehicle.

The discussion shall begin with a general description of the interceptor/test range
telemetry block diagrams, top-level IRIG and encryption requirements, RF bandwidth
requirements, and applicable program security requirements. We shall then identify the
critical parameters and design trade impacts associated with the airborne telemetry
system such as: instrument selections, gain/offset selections, sampling rate selections,
Nyquist theorem conditions, aliasing filter design considerations, RF link analysis,
modulation index, and bandwidth selections. A theoretical example of a high data rate
PCM RF spectrum design is presented in the Appendix and the results are compared to
the applicable IRIG-106 requirements.

INTERCEPTOR/TEST RANGE FLIGHT TEST TELEMETRY SYSTEM

A flight test scenario depicting the major interceptor and missile test range elements
pertaining to the telemetry data gathering functions is presented in Figure 1.

Figure 1 Interceptor Telemetry System/Test Range Flight Test



The test range supports all aspects of the preflight and mission day telemetry data
collection and real-time distribution to the project and other range users (i.e., flight
safety department, range control centers, supporting contractors, and range sponsors).
The test ranges have made significant investments in telemetry receiving stations, data
distribution/processing equipment, and custom decommutation software. The primary
interceptor telemetry system design parameters are therefore constrained by the assets the
test ranges have available to support the project and the available funds the project may
have to spend on the ground based assets not normally possessed by the range.

In general, the RF telemetry downlinks are limited to the standard L-band and S-band
RF links (with the most prevalent supported by the ranges at S-band) with the
modulation formats limited to FM/FM, FSK, or PSK [1,2]. The maximum fully
supportable data rates are currently on the order of 12.5 Mb/s for PCM FM (FSK) data
gathering. Additionally, FM/FM systems are in active use and are quite useful in
instrumenting a limited number of high frequency analog measurements. Systems have
also been configured to fly in a PCM/FM/FM modulation format simultaneously [3].

The elements of the interceptor's airborne telemetry system are shown in Figure 2 and
consist of the basic analog instruments/circuits, PCM Encoder, possibly remote

Figure 2 interceptor Telemetry System Block Diagram

Encoders (to reduce missile wiring harness bulk), encryption subsystem (which may be
embedded directly into the main encoder unit in more integrated systems), RF
transmitter, and antenna subsystem. A separate telemetry battery is desirable but may be
precluded due to volume and mass constraints. As depicted, the airborne telemetry
system must gather data from acceleration, vibration, and mass constraints. As depicted,
the airbome telemetry system must gather data from acceleration, vibration, shock,
pressure, and temperature instruments as well as other analog forms such as power and
voltage status measurements from the interceptors' other systems.



For a homing type interceptor with an on-board seeker, digital data interfaces are
required to support the gathering of high speed video pixel or RF waveform information
and also guidance and navigation data from the on-board flight computer and IMU.
These digital interfaces are usually implemented with serial data buses to reduce wiring
bulk and noise pickup.

RANGE REQUIREMENTS

The Telemetry Group of the Range Commanders Council (RCC) has prepared a
Telemetry Standards document, IRIG-106 [4], to foster the compatibility of telemetry
transmission, reception, and signal processing equipment at the test range facilities
under the cognizance of the RCC. To comply with the IRIG-106 standard constraints are
imposed on the data formats to insure common decommutation processing of the
resulting PCM digital bit stream transmission.

A data format map consists of a "major frame" which is in general composed of
numerous "minor frames." The number of minor frames is determined such that the
number of minor frames required includes at least one sample of every parameter
required in the format map (the major frame) with up to 256 minor frames per major
frame allowed. The minor frame is the data structure in time sequence from the
beginning of the minor synchronization pattem to the beginning of the next minor frame
synchronization pattern. Ground based decommutation systems use the periodic
synchronization codes in the bit stream to establish minor frame boundaries. From these
boundaries and the minor frame identification count (MFID) the location of each
measurement in the PCM bit stream can be determined. The overhead bit rate associated
with the IRIG-106 formatting requirements is typically about 1 %, but is highly
dependent upon the minor frame structure and size.

IRIG- 106 also sets the limits authorized for the level of undesired RF emissions outside
the authorized bandwidth in order to reduce Radio Frequency Interference (RFI) and
Intermodulation Distortion (IMD) in adjacent telemetry RF channels subject to
simultaneous use by other authorized users. The requirements state (a) the bandwidth
which all emissions, must as a minimum, be suppressed -60 dBc or to -25 dBm,
whichever is greater, and (b) the bandwidth to which all emissions must be suppressed to
less than -25 dBm (in a 3 kHz bandwidth). The spectrum requirements are presented in
Figure 3.

For an authorized th B of greater than 1 MHz (which is the case for a high bit rate PCM
system) IRIG-106 defines the primary double-sided bandwidth as shown in Figure 3. In
any 3 kHz bandwidth outside A' the RF emissions shall be 60 dB below the unmodulated
carrier. IRIG-106 also requires the RF emissions be below -25 dBm outside the
secondary double-sided bandwidth B' also shown in Figure 3.



Figure 3 IRIG Telemetry Data Link RF Power Emission Limit Requirements

For a wide band high bit rate PCM system (i.e., R =10 Mb/s) the test ranges usuallyb

authorize bands on 10 MHz center frequencies. For a PCM FM 10 Mb/s system at least
2 designated "wide-band" channels must be allocated to hold the Bit Error Rate (BER) to
less than 1.0 E-5 [5] since the required minimum two-sided bandwidth is:

 B = 2 x bit rate, R ;two-sided minimum occupied bandwidth required (Eq.1)b

In general these requirements are difficult to prove by direct measurement at the vehicle
system level since they require a measurement of the unmodulated carrier power in order
to set the carrier power reference level. The carrier reference level however is usually
determined by a bench test of the transmitter alone (with its modulation inputs grounded)
and a measurement and/or analysis of the RF losses in the test vehicle. We provide a
specific comparison to the requirements in the Appendix.

PRE-MODULATION FILTER, MODULATION INDEX REQUIRMENTS

The test ranges generally possess both FM and PM receivers at their telemetry receiving
sites. For the case at hand we are considering only FM PCM (FSK) transmission and
reception. The interested reader is referred to references [1] and [5] for further
discussions regarding PM (PSK) systems.

Once the PCM telemetry bit stream has been encoded and encrypted it is passed through
a pre-modulation filter. In the general telemetry system block diagram the filter function
can be located in the encryption module, the transmitter, or in the Encoder when the
encryptor function is embedded inside the Encoder unit. The effect of the low-pass
pre-modulation filter is to limit the occupied spectrum of the PCM signal. The filter is
included to "round-off" the high frequency comers of the Encoder's square wave digital



bit waveforms, concentrate signal energy bandwidth, and reduce the channel noise
bandwidth for the ground receiver to acceptable levels. The cutoff frequency of the
pre-modulation filter for PCM data transmission is set at approximately 1 /T , where Tb b

is defined as the bit time.

The requirements levied on the filter design are: that it assist in limiting the occupied
RF spectrum, it possess a maximally linear phase characteristic (so as to not induce phase
errors near the cutoff frequency point, since a phase error will directly effect the
modulated data spectrum), and the filter not cause the input to the transmitter to be AC
coupled unless a positive control exists (i.e., an encryption or randomizer device) to
randomize the data [5].

The filtered bit stream is then sent on to modulate the transmitter where we now tum our
attention to setting the modulation index, or $ of the FM system. A specific design
example is presented in the Appendix.

The modulation index is defined as:

$ = ) / f ; Modulation index (Eq.2)f m

) ; Peak frequency deviation of the carrier f (Eq.3)f c

when modulation by frequency fm

f ; Modulating frequency (Eq. 4)m

The Carson Rule Bandwidth [6] will be used in our discussions as a measure of the
power bandwidth of the FM modulated carrier and is given by:

# . 2($ + 1) f (Eq. 5)c m

If the system designer is utilizing an off-the-shelf transmitter then the transmitter's
deviation sensitivity is known (usually specified in kHz/mV of the peak to peak
modulating voltage). Thus ) may be calculated if the transmitter peak-to-peak voltagef

swing is known. A significant amount of investigation has involved optimizing the peak
deviation frequency for PCM FM systems with the most efficient value being equal to
0.35 x R [5].b

ENCRYPTION/DECRYPTION REQUIREMENTS

Due to the application of most test interceptors, the system designer must in general levy
a randomizing encryption requirement on the airborne telemetry system for the test
interceptor design to meet program security requirements. The airborne encryption



system design requires a significant amount of coordination and review by the National
Security Agency (NSA) which sanctions the uses and applications of various
communications encryption equipment and levies specific requirements for data line,
power isolation, and filtering techniques which must be adhered to in order to protect
sensitive flight test data. The basic "red/black" isolation design concept is shown Figure
2. Due to "red/black" partitioning the encryption requirement must be identified early in
the program to optimize the design of the telemetry encoder should an embedded
encryption option be chosen for a reduced size application.

The integration of the randomizing encryption function into the Encoder becomes an
attractive option to system designers to reduce the size of the telemetry function. Recent
interceptor test flights of endoatmospheric interceptors have successfully demonstrated
the viability of the approach and significant savings in volume, mass, and cost were
achieved. On the High Endoatmospheric Defense Interceptor (HEDI) program the
integration of the encryption function directly into the Encoder resulted in a packaging
savings in the interceptor of 260 grams in mass and 255 cm in volume. Additional3

savings were also realized in reduced wire harness bulk, connectors, and complexity.

Embedding the encryption device into the Encoder creates additional operational security
requirements for the Encoder since the entire unit will now be designated as a
cryptographic controlled item and as such requires special handling considerations.
These security and handling requirements can be simplified if the encryption function is
a field serviceable item. However, unless the location of the Encoder is readily
accessible for a field swap-out of the "dummy" encryption module after interceptor
integration, minimal packaging benefits will be realized.

An important interceptor system level requirement for the encryption keying operation is
to provide adequate access via an umbilical or bulkhead connector. When access to the
keying port in the encryption module is difficult (i.e., after final mating has been
performed on a multi-stage interceptor) a keep-alive function is required to retain the
keying variable when vehicle ground power is removed.

Given the interceptor data link is encrypted, the ground post-processing and real-time
telemetry processing systems must have the capability to decrypt the serial bit stream.
The test range usually provides the decryption hardware with the decommutation
systems. Early design coordination and equipment selections must be accomplished with
respect to keying devices, classification level of keying materials (which can effect the
encryption device selected), and data storage/handling requirements.

AIRBORNE TELEMETRY ENCODER SYSTEM DESIGN APPROACH

Referring to Figure 2, the Encoder is an electronics device which acquires the various



analog, event or bi-level data, as well as serial bit streams, and processes them into a
composite digital bit stream which is passed through an encryption function whose output
is used to modulate the RF transmitter for transmission to the ground. The term Encoder
is used since the unit encodes analog channels for transmission in a digital format.
Vibration, shock, acceleration, pressure, temperature, and strain gages are examples of
analog instrument sources. Single-shot ordnance or valves are examples of signals in
which bi-level discrete (on/off) types of monitoring channels are utilized to reduce
telemetry bandwidth.

INSTRUMENTATION SELECTION/GAIN OFFSET TRADES

Signal conditioning of the transducer outputs is necessary to provide the Analog to
Digital Converters (ADCs) in the Encoder with uniform signal ranges. Since the output
voltage range differs between transducer technologies (i.e., a thermocouple may have a
maximum full scale output of several hundred millivolts, whereas a power monitor may
have a full scale output of several volts) the Encoder design usually includes
programmable signal conditioning features such as gain (or attenuation) and offset (dc
bias) settings.

The system specification of the types and numbers of gains and offsets required strongly
affects the Encoder size and circuit complexity. Thus, care must be observed in
choosing transducers and engineering trades should be conducted to determine whether
to optimize the transducer output range, optimize the Encoder gain/offset, or live with a
less than optimum full scale data range or resolution. Optimizing the transducer scale
factors results in added costs for the transducers, but may result in a reduced packaging
solution for the Encoder.

Another important system design note is the Encoder has a 2 binary address and datan

bus architecture. In order to optimize the Encoder size vs. performance the selectable
gains, offsets, and number of measurements per technology group should follow this
binary structure to optimize the Encoder circuit card layout and surface area utilization.
For example, an optimized system would accept 4 distinct transducer outPut ranges
instead of 5, or 64 low-level analog channels instead of 67.

Regarding the selection of high frequency shock and vibration accelerometers, there are
two principal technologies available today, piezoelectric (PE) and piezoresistive (PR).
PE accelerometers have been widely used for many years in the most demanding flight
test applications. The advantages of the PE accelerometers include operation at extreme
temperatures, freedom from power supplies/excitation tolerances, rugged subminiature
design, and high sensitivity. Their disadvantage lies in their signal conditioning
requirements since they have high impedance outputs requiring special coaxial cabling.
They can be treated as either voltage or charge generators. As voltage generators they



are easier to signal condition but system sensitivity is dependent on cable length. As
charge generators they require charge amplifiers, which require special mechanical
packing to prevent signal corruption, but are insensitive to cable length.

PR accelerometers are of more recent design. Their advantages include response to dc
and simple signal conditioning since their outputs are low impedance. Their
disadvantages include limited linear temperature range of operation (-18EC to +93EC),
tighter tolerances on their power supply/excitation requirements, and in general they are
less rugged than their PE counterparts.

There are three principal temperature transducer technologies commonly employed on
interceptor test vehicles today: Resistance Thermometer Devices (RTDs), thermocouples,
and IC temperature transducers. Thermocouples are employed for diagnostic
measurements greater than l000EC and are the simplest for the Encoder to accommodate
since they require no excitation. However, a dissimilar metal junction exists at the
Encoder connector requiring an ice point reference be established at that point. An RTD
requires a constant current excitation source, preferably multiplexed to prevent self
heating of the RTD, as well as numerous offset voltage settings to accommodate different
RTD ranges. IC temperature transducers require constant voltage excitation and a
precision resistor at the Encoder input to measure the transducer output current, thus
driving the design complexity of the Encoder.

NYQUIST THEOREM REQUIREMENTS , SAMPLING RATES, AND ALIASING
FILTER DESIGN

Analog source signals are sampled at periodic intervals (e.g., at the sample rate) by the
Encoder and the amplitude or value of the signal is digitized for transmission to the
ground. With prior knowledge of the signal's true or expected spectral extent a sampling
rate can be defined to accurately reproduce the signal's spectral characteristics. The
Nyquist sampling theorem states that a band limited signal of frequency band extent f can
be uniquely determined by its periodic samples if the sample frequency f is greater than8

twice the signal frequency, f > 2 f.8

The effect of under-sampling is called aliasing. Signal aliasing occurs when f < 2f and8

creates anomalous information in signal reconstruction (post-processing) in the pass-band
signal since higher frequency data energy is "aliased" into the bandwidth defined by the
sample frequency. Ideally, the sampling rate would approach infinity and no aliasing
errors would occur, however due to bandwidth limitations and RF channel noise
concerns we must limit the main PCM bit stream data rate (and each channel's data rate
within the composite bit stream) to a finite value. A common aliasing condition can
occur when unexpected signal content or noise outside the frequency bandwidth of
interest such as with accelerometers measuring shock and vibration environments. When



noise at undesired frequencies greater than f are present on a signal input, low pass
"anti-aliasing filters" should be applied to the channel to prevent pass-band (desired
bandwidth) data corruption.

Most modem Encoders utilize 8-bit analog to digital converters (ADCs). The reason an
8-bit system is chosen instead of 12 or 16 bit ADC is that 8-bits provides a signal
resolution of 1/2 = 1/256 = 0. 4%, and off-the-shelf transducers are accurate to only 18

to 5 %. Other sources of Encoder error, component tolerances, temperature variations,
and inherent nonlinearities in the digitizing process, contribute to an overall encoding
accuracy of typically ± 1 % of transducer output ranges down to 100 mV and ± 2 % of
transducer output ranges down to 10 mV. Thus, the error is govemed by the
fundamental inaccuracies of the transducers more than the Encoder electronics and ADC
resolution. It should also be noted the higher resolution ADC systems will require more
bandwidth per channel in the PCM bit stream, thus effectively reducing the overall
number of instrument measurements possible in a given bandwidth.

For an 8-bit ADC system a 0.4%/count resolution yields 48 dB of signal range. If the
error due to aliasing in the pass-band is to be less than 1 count (or < 0.4%) the
transducer output needs to be low-pass filtered such that frequencies greater than f are8

attenuated by 48 dB. For an accelerometer measuring vibration up to a desired
frequency extent of 4 kHz sampled at a frequency of 16 kHz, an 8th-order low pass filter
with a cutoff frequency of 4 kHz would be required for reconstruction of spectral
information up to 4 kHz. The filter would limit the aliasing error to 0.4% since an
8th-order filter would roll-off at 48 dB per octave. If a 32 kHz sample frequency where
selected, then a less complex 4th order filter would suffice.

In specifying the required sample rates and associated aliasing filter requirements the
system designer should attempt an optimized approach to minimize packaging space (if at
a premium) and minimize sample rates if data bandwidth is at a premium. Multi-pole
active analog filters require significant packaging space and power requirements. Other
filtering options include switched capacitor filters and digital filters which can also be
applied to the aliasing problem. Switched capacitor filters reduce the required
electronics volume somewhat but still require a separate set of electronics per channel.
A digital filter can be employed to service numerous input channels but over-sampling
requirements generally increase the number of multiplexed ADCs required, thus
increasing the size of the Encoder.

SYNCHRONOUS AND ASYNCHRONOUS DIGITAL INTERFACE

Serial digital interfaces are implemented to instrument high data rate digital format
systems such as IR seekers, IMUs, and flight computers. In a synchronous serial digital
interface the data transfer clock and subsequent data rate is a multiple of the Encoder's



master clock. This is accomplished by synchronizing the Encoder's master clock to the
data source clock, or possibly a vehicle master oscillator. Since the Encoder is acting as
the system "voltmeter" it should be required (in a robust design) to generate a "seamless"
output formatting (master) clock via a phase-locked-loop should the source clock fail.
This additional circuitry is not required if the Encoder generates the timing
synchronization clock for the data source. Synchronous serial digital interfaces are
simple to implement (i.e., RS-422 data busses and ping-pong memory buffers), are easily
decommutated, and conserve formatting overhead bandwidth.

In an asynchronous serial digital interface, the Encoder receives data and clock from the
information source asynchronous to the Encoder's output format clock. In order to
prevent loss of data (via potential data buffer overwrites) the Encoder must output the
serial data slightly faster than it is received. If we think of the Encoder as a bucket
catching serial data, then in a synchronous interface we fill the bucket and empty it into
the output format at the same rate. In the asynchronous interface if we think of filling a
bucket with a large hole in the bottom we note the data must leak out the hole at a rate
exactly equal to or slightly faster than the in coming data rate, else data will spill over
the top and be lost (i.e., overwritten). Due to the asynchronisity between the source and
Encoder clocks the Encoder must insert "fill" codes when the serial data buffers are
emptied (i.e., when the bucket is empty) which will happen with small statistical
regularity since by definition, the Encoder formatting output clock must run at a rate
equal to or higher than the source clock. Thus, useful telemetry bandwidth can be
wasted in an asynchronous design if system clock skewing tolerances are not well
understood.

DATA MAP FORMATTING

The minimum output bit rate is the sum of the measurement bandwidth and the overhead
bandwidth (Table C- 1 of IRIG-l06 contains optimum frame synchronization patterns for
PCM telemetry formats). For an 8 bit system:

 Measurement bandwidth = (sampled bandwidth x 8 bits) + serial digital bit rate(s) (Eq. 6)
 Required overhead bandwidth = (Synchronization bits + MFID bits) x minor frame rate (Eq. 7)

The minor frame rate may be based on critical mission parameters such as IMU/guidance
variable updates. The maximum length of a minor frame is limited by IRIG-l06 to
16,384 bits for a class II PCM format. The major frame length is usually determined by
the lowest sampling rate in the measurement list; commonly temperature measurements.
If this arrangement requires more than 256 minor frames per major frame, an alterative
is to define the major frame rate at some system parameter such as the refresh rate of the
seeker video. All measurements must be sampled at least once in the major frame [4].

Long bit streams of 1's or 0's in the PCM output bit stream can cause ground station



equipment to lose data lock (or bit synchronization) on unencrypted plain text data links
since there is no frequency deviation of the carrier during these extended "constant dc
strings". To reduce the potential for constant data strings we usually limit the maximum
block from each technology group (i.e., serial video, temperatures, accelerometers) to 8
successive words (64 bits). The process of defining an output bit rate, a minor frame
rate and length, and a major frame length may have to be iterated several times to
achieve the required/desired periodic sampling requirements.

One capability available to the system engineer is the use of multiple data formats to
increase the number of available data channels. Two or more data formats can be
defined to utilize a fixed telemetry bandwidth. For instance, during the launch and boost
phase of a flight critical environmental data is acquired from instrumentation on the
booster. After booster separation, a new data map is substituted that now replaces the
bandwidth formerly occupied by the booster instrumentation. Multiple data formats,
however, drive the Encoders lookup table formatting memory requirements, number of
EPROM devices within the Encoder, as well as additional range decommutation
complexities. Format transitions in flight must be accomplished without loss of ground
station lock and require an additional format identifier word in each minor frame.

DESIGN SIMPLIFICATION BENEFITS WITH THE USE OF REMOTE
ENCODERS

Since all telemetry measurements terminate at the Encoder a veritable "wiring rats nest"
occurs wherever this unit is located in the interceptor. In practice the overall packaging
size of the Master Encoder unit is determined by the number of interface connectors
required on the box as opposed to the amount of the electronics inside. A solution to
reduce the size of the overall wiring complexity of the interceptor and the size of the
Master Encoder unit is to employ the use of Remote Encoders at measurement rich
locations in the interceptor. A master-remote type system may be configured with a
Remote Encoder in the seeker section and/or a Remote Encoder in the booster control
section of the interceptor. The interface of the Remote Encoder to the Master Encoder is
typically over a 6 to 8 wire bus (serial data and clock lines) at data rates of 500 kb/s to 5
Mb/s.

CONCLUSION

In this paper we have described a system engineering approach to the design of a high
data rate wide band FM PCM airborne telemetry system. The approach outlined the
critical design requirements and parameters affecting the packaging optimization of the
airborne telemetry components in the context of a hit-to-kill interceptor test flight
application. The theoretical high data rate RF spectral bandwidth as presented in the
Appendix was examined and compared to the Carson Rule Bandwidth case with



reasonable agreement. Our analysis showed however the IRIG spectrum limits were
slightly exceeded. Thus an increase in the IRIG-106 spectrum limit for high bit rate
systems may be warranted, say 2.5 to 3.0 times R to alleviate the requirement for ab

complex multi-pole pre-modulation filter for a miniaturized design application.

Due to the small size of hit-to-kill interceptors currently envisioned or under
development, the size of the non-tactical telemetry equipment strongly drives the size of
the test vehicle configuration. We have identified several parameters for system
designers to conduct telemetry sizing/performance trades. In a small, lightweight
hit-to-kill test flight application the non-tactical telemetry components cannot be
packaged in the volume historically allocated for the warhead function. Optimizing the
size of the telemetry system provides for greater similitude between the tactical and test
vehicle configurations with respect to important weapon system parameters such as
aerodynamic/structural dynamic performance, thermal management, and target kill
lethality.

NOMENCLATURE

A' Double-sided primary IRIG Bandwidth F Noise Figure
B' Double-sided secondary IRIG Bandwidth k Boltzmann's Constant, 1.38 E-23 W Hzb

-

EK1 -1

B Bandwidth P Transmitter OUtPut RF Carrier Powert

$ Modulation Index R Slant Range
B Carson Rule Bandwidth R Bit Ratec b

) Peak Frequency Deviation T0 Background Noise Temperature, EKf

f Modulating Frequency T0 Equivalent Noise Temperature, EKm eq

f Signal Frequency, or Frequency Extent T Bit Timeb

f Sampling Frequency dBc Reference level in decibels belows

carrier
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APPENDIX

HIGH DATA RATE PCM RF SPECTRUM DESIGN EXAMPLE

RF LINK ANALYSIS

A critical parameter in the telemetry system design is the RF transmission downlink
Signal to Noise Ratio (SNR). To reduce the required RF transmitter power (which
impacts the size of the transmitter and telemetry battery) we attempt to optimize the SNR
at the input of the ground receiver Intermediate Frequency (IF) stage (just prior to the
receiver demodulator) at the required corresponding BER for the type of modulation
format chosen.

In Table A1 we present an example calculation of the signal to noise level required at the
ground receiver demodulator input for a BER of 1.0 E-5 based on a 10 W RF S-band RF
transmitter output over a slant range of 100 km utilizing a matched IF filter in the
receiver. From this example we can readily see the impact of the various link parameters
on the receiver's SNR. References [5] and [6] provide detailed discussions of the
equations governing the link margin calculations.

Table A1 S-band Telemetry RF Link Margin Example



CALCULATED PCM RF SPECTRA AND IRIG OCCUPIED BANDWIDTH
LIMITS

As an example, we shall calculate the PCM RF FSK spectrum utilizing a spectral
prediction program developed at McDonnell Douglas [7] using some of the values for
the representative hardware case presented in our link margin example in Table A1. We
will then compare the results to the IRIG occupied RF spectrum limits. The values to be
considered in the spectral analysis are the transmitter power output, deviation sensitivity,
the peak to peak modulating voltage from the Encoder or the Encryption unit, the
specified bit rate, and the Carson Rule Bandwidth. From Table Al:

P = 10. 0 W, cw ; unmodulated carrier output at 2. 30 GHz4

= + 10 dBW
= 40dBm

P = 0 dBc ; carrier reference level4

We assume a typical modulation voltage swing input to the transmitter of 1.75 V andpp

also that the transmitter possesses a deviation sensitivity of 2.0 MHz / V . The peak topp

peak frequency is then found to be:

) = 1.75 V x 2.0 MHz / Vf pp pp

) = 3.5 MHz ; i.e., optimized for 0.35 x Rf b

Noting the modulating frequency, f , for NRZ-L is 1/(2 x T ) = 5 MHz for a l0 Mb/sm b

PCM system, we can now calculate the modulation index as:

$ = ) / ff m

= 3.5 MHz / 5.0 MHz
) = 0.70

The Carson Rule Bandwidth is then calculated as:

B = 2($ +1) f ; "main hump" modified sin(x)/x PCM bandwidthc m

= 2(0.7 + 1) x 5.0 MHz
B = 17.0 MHzc

The IRIG requirements are determined next. For a 20 MHz Authorized double-sided
Bandwidth (i.e. for a 10 Mb/s PCM system) the IRIG spectrum limit levels are:

A' = B + 1.OOMHz
A' = 20 MHz + 1.OO MHz
A' = 21 MHz



P(A') = P - 60 dB4

P(A') = 10 dBW - 60 dB
P(A') = 50. 0 dBW

But, the -25 dBm limit level is equal to -25 dBm - 30 dB = -55 dBW, thus the A' limit
level defaults to .

P(A') = P - 55 dBW dB4

= 10 dBW - 55 dBW
P(A') = -45 dBc

Calculating the secondary bandwidth limit we have:

B' = B + 2.OO MHz
= 20 MHz + 2.OO MHz

B' = 22 MHz
P(B') < - 25 dBm = - 55 dBW ; B' limit level, in a 3 kHz bandwidth

Therefore, the B' limit level defaults -45 dBc as well:

P(B') = -45 dBc

The output of the FSK spectral prediction analysis program utilizing a resolution
bandwidth of 3 kHz and the IRIG-l06 requirements are plotted together in Figure A1.
The analysis model predicts the spectrum would slightly exceed the current requirements
by approximately 10 dB for the A' limit and 7 dB for the B' limit respectively at the
bandwidth edges. Note, if a 30 MHz authorized double-sided bandwidth was applied the
requirements would be achieved. This implies a potential user of a high data rate PCM
system should request an authorized double sided bandwidth slightly in excess of 2 x
(l/T ). By extrapolating the curve the "main hump" PCM bandwidth is found to beb

approximately 15.6 MHz, in reasonable agreement with the 17 MHz Carson Rule
Bandwidth as calculated above.

For simplicity, the spectral predictor program does not contain the effects of the
pre-modulation filter. However, the results are accurate to the comer frequency value
(i.e., bandwidth) of the pre-modulation filter which should be adequate for most uses.
The spectral analysis program has been utilized on several programs at McDonnell
Douglas and has shown good agreement with other measured PCM FSK spectrums
within the first several l/T bandwidths.b



Figure Al Calculated 10 Mb/s PCM FM RF Spectra and IRIG Limit Levels



SPACEBOURNE
VME BASED PCM ENCODER

(VPE)
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ABSTRACT

The VME bus is used in a wide variety of airborne applications. The particular
application of the VPE is for use in the MSTI satellite to provide spacecraft telemetry.
The VME based PCM encoder can provide telemetry from any stand alone data
acquisition system. This paper describes the VME based PCM encoder. Since this design
is ruggedized to meet the launch and environmental requirements for space, it can be
used in any airborne VME system. 

KEY WORDS

VME, PCM, Data Acquisition

INTRODUCTION

The VPE is a full function PCM encoder designed as part of the FAStDAS system for
the MSTI satellite program. The VPE acquires data from a variety of sources including
the VME bus, formats the data, and sends out a PCM bit stream to a FM transmitter. A
host of user options provide system designers with the flexibility to configure the
encoder for almost any application.

DISCUSSION

A earlier version of the MSTI satellite which contained a VME based data acquisition
and control system used a bolt on PCM encoder and a custom made VME to PCM
interface (VPI) card. This interface was adequate for the first mission. Evaluation of the
data acquisition, control, and telemetry requirements for future missions showed that a
variety of PCM configurations were needed. The existing PCM encoder with it's custom



VME interface card did not accommodate easy configuration changes. Further issues to
address were those particular to the design of spacecraft electronic sub-systems such as
weight, power, radiation tolerance. To provide the flexibility needed for new (and
future) system requirements the PCM encoder was designed as a card. 

PCM ENCODER

The VPE provides user configurable data gathering and frame formatting functions. Data
gathering is accomplished using the VME slave interface, two serial data ports, one 16
bit parallel data port, finally up to 72 BI-level inputs are provided. PCM encoder
formatting and serializing is accomplished using a combination of Field Programmable
Gate Array (FPGA) devices to provide the control logic and program sequencing
necessary for VPE operation (See Block Diagram). Program and configuration
parameters are stored in Electrically Erasable Programmable Read Only Memories
(EEPROM).

INTERFACES

The VME interface on the VPE is a full 32 bit slave interface. The VPE while in normal
operating mode (not reconfiguration mode) will provide a interrupt to the VME bus
every time the PCM requires data to be placed into the VME FlFO buffer. The two
serial ports will receive serial data at the PCM bit rate. A bit clock will be provided
along with a simple three wire data request and sync protocol. The parallel port is a 16
bit wide data port that uses a data request and acknowledge handshake. The 72 bi-level
inputs are data that range from + /- 28V inputs with thresholds of +1.0v to +28v equal
to a logic 1 and 0v to -28v equal to a logic 0. The bi-level inputs are arranged as nine
separate bytes with a separate return for each byte. The VPE's program sequencer can
initiate a data request from any of the five data sources and read the data accessed at the
appropriate time then write that data into the frame FIFO for serialization. 

CONFIGURATION

The VPE can be reconfigured the configurable options available are those parameters
that commonly change from system to system. 

Among these options are:

1) Bit rates from 5 Mbits/sec to l5.625 Kbits/sec
2) Parameter sizes from 4 to 16 bits.
3) Allow for different frame formats/sizes.
4) Outputs NRZ or BI-PHASE.
5) Any number of subframes.



6) Variable sync words up to 32 bits
7) MSB or LSB first

REPROGRAMMABILITY

The VPE can be reconfigured via the bus. A separate program enable card is required to
enable the program mode of the VPE. When the program enable card is connected to the
VPE a VME omputer can reprogram the on board EEPROMs. When in program mode
the VPE will not transmit serial data. 

VERIFICATION

Programs can be verified in both normal and program modes. In program mode a read
back of the VPE EEPROMs can be done. In normal operation mode there is a register
that contains a checksum of the entire EEPROM. This number can be read by the VME
bus or sent out as a parameter in the telemetry frame. Precautions have been made so
that normal physical VME rack insertion will not be possible with the program enable
board connected. This insures that the program enable card cannot be connected while in
a flight configuration. 

CONCLUSlONS

The need to provide PCM telemetry in a variety of forms for VME data acquisition
systems is growing. Applications where operating in harsh environmental conditions
such as space, nuclear, mining, and very high energy experiments offer many
challenging system design problems. The VME based PCM encoder provides a method
to meet such system challenges. 
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ABSTRACT

Pulse Code Modulation (PCM) data systems are used extensively
in testing aircraft all over the world.  These systems can be
tailored to almost any set of measurement requirements using
flexible, modular equipment available from several sources. 
This paper describes a system assembled from readily
available components manufactured in the United States that
is being used to certify a Russian aircraft flying in The
Commonwealth of Independent States.  The system features
distributed data acquisition, programmable signal
conditioning and PCM encoding modules, multi-channel
temperature and pressure scanners and real time data displays
on board the aircraft.  The impact of U.S.  export controls
and our experience to date is also discussed.

INTRODUCTION

Pratt & Whitney (P&W) is working with the Ilyushin Design
Bureau in Russia to install and certify PW2337 propulsion
systems on their IL-96M commercial transport aircraft.  Eight
instrumented engines with reversers, nacelles and accessories
are being provided to Ilyushin for the two aircraft, 2O month
flight test program.  P&W is also providing two test data
systems that will be used to acquire data necessary for
certification of the propulsion system installations.

INSTRUMENTATION REQUIREMENTS

Several factors combine to determine what test



instrumentation is needed at each engine position on a
multi-engine aircraft.  In the case of the Il-96M we are
fitting mature engines onto a relatively new but existing
airframe.  As a result, only key starting, performance,
operabiity and control system parameters are needed to verify
the installed operating characteristics of each engine. 
Beyond this, each engine has different instrumentation for
different reasons.  One has more fuel and oil system, nacelle
ventilation and component temperature measurements.  Another
has more inlet, nacelle and engine accessory related
parameters.  Hydraulic systems are instrumented on one
inboard and one outboard engine.  The two right hand engines
are also provisioned for an inlet and nacelle static pressure
survey to monitor airflow turbulence and panel loading during
aircraft maneuvers and high angle of attack testing, but only
one engine needs to be monitored at any given time, so only
one nacelle set is instrumented and it will be moved from the
inboard to outboard position as required.

The resulting matrix of measurement requirements is shown in
Table 1.  A total of 533 pressures, temperatures, ARINC 429
and other  parameters will be recorded most of the time, so
we 1ist them as "operational."  The other 293 parameters will
only be recorded some of the time, so we call them
"provisional."

Nominal, steady state accuracy of +/- 0.5 % full scale is
adequate for most of the measurements.  Exceptions are main
engine fuel flow and some performance and reference pressure
measurements where +/- 0.1 % or better is required, and the
dynamic strain, vibration and acoustic pressure measurements
where +/- 3 to +/- 5 % is sufficient.

Different sample rates are used for different parameters, but
starting, acceleration and deceleration all happen relatively
slowly with these large engines so l0 to l00 samples per
second (sps) per channel is adequate to track transients. 
Steady state performance and background environmental data is
collected at 1 sps.  Aggregate total sample rate for al1 of
the parameters is about 7000 sps.

FUNCTIONAL & PHYSICAL REQUIREMENTS

Functional requirements for the data system include formats
of the recorded data on the aircraft, formats for data
processed on the ground, and features of the on board monitor



system.  Output of the digital data system needs to be an
IRIG 106 format to be compatible with Ilyushin's data
processing system.  Ilyushin also wanted to merge our data
into their central aircraft data system (manufactured by a
French company, SFIM) via PCM data decoder modules, but this
has not been pursued.  FM recording is used for the dynamic
measurements data so that it will be compatible with our
ground analysis system.  Engine vibration signals are usually
low pass filtered, but component strains and vibration use 5
KHz bandpass WB Group I FM channels.

The on board monitor system needs tabular or text displays of
both raw (recorded) data and engineering unit data, the first
for use during instrumentation checks and troubleshooting and
the latter for monitoring engine parameters during steady
state operating conditions.  Graphic data displays are used
to monitor the behavior of engines and control systems during
transients.

Physical requirements for the data system deal mostly with
the installation of the equipment.  Given that the test
vehicle is a large commercial transport and that a dedicated
test airplane, Ilyushin's prototype IL-96M0, would be used
for most of the testing, there is plenty of space available
for installing test equipment in the main cabin with
essentially no weight or power restrictions.  The environment
is also relatively benign so we are able to get good results
in many cases using common, commercial equipment with very
little adaptation.  Static inverters provide 60 Hz power as
required.

Our original proposal was to have a centralize data system in
the cabin and wire or plumb all of the sensors and
transducers up from the engines to the cabin, but this was
rejected by Ilyushin because they thought it would be
difficult to install all of the wiring in the wings.  Even
after reducing the engine instrumentation some it was still
viewed as expensive, so eventually we agreed to distribute
the data acquisition function and locate much of the
equipment directly on the engines.  This equipment is then
subjected to an operating environment varying from about -40
to +175EF ambient temperature and 0 to 40,000 feet pressure
altitude with 10 G's or more vibration (approx.  50 to 2000
HZ) and high acoustic loading.  While this is a relatively
harsh environment, we have had good results using hardware
that is well designed and ruggedly constructed.



EXPORT RESTRICTIONS

One of the first things we did when we started working the
data system for this project in earnest was to contact our
export control group and the U.S. Department of Commerce to
see if there would be any restrictions on what we could take
to Russia.  P&W already had a license to sell the propulsion
systems, but we were concerned about the PCM and computer
equipment.  As it turned out we were unable to get clear
guidelines on what would and would not be approved, so we
resorted to the trial and error method.  A request to export
and use Aydin Vector PCM encoders was rejected, apparently
the Department of State, Office of Munitions Control had some
concerns.  We did however get a license that eventually
included Aydin's thermocouple multiplexer units.  The key
here seems to be that they are considered "dual use"
equipment and have a history of commercial as well as
military use.

We also found that export of computer equipment is controlled
and that some of our selections would have to be limited
accordingly.  System configuration and end use are
considered, but basically computers with Combined Theoretical
Performance or CTP ratings of l0 MTOPS or less can be
exported to Russia on a general license, those rated between
10 and 30 MTOPS need special licenses and those rated above
30 MTOPS are restricted.  CTP ratings can be calculated from
formulas given in appendixes of Export Administration
regulations commodity control lists using information on
processor clock speeds, bus widths, memory size and type,
disk drive capacities and through put rates, etc., but we
found it easier to query the manufacturers.  Generally they
either knew the ratings or could find out and get back to us
within a few days.  In hardware terms this means that a
386/33 MHz personal computer with math co-processor, 8 MBytes
of RAM and a 200 MByte IDE hard drive rated at 6.0 MTOPS is
easy, a Sun IPX SPARC workstation with 64 MBytes of RAM and a
2.6 GByte hard drive rated at 21.7 MTOPS needs a Specific
license, and a multiprocessor, VME bus based, telemetry
system can not taken to Russia.  Our export licenses also
require that we keep the equipment in our control at all
times and return it to the United States at the end of the
program.

AIRBORNE SYSTEMS



Figure 1 shows the configuration of the data system that
ended up on the airplane.  Data acquisition functions are
distributed over five locations using nine Microcom RMU-1000
Remote Multiplexer Units (RMU's).  Each of the four engines
has one or two RMU's installed on the fan case for propulsion
system temperature and pressure measurements.  Figure 2 shows
the mounting location.  Another RMU on engine serves the
nacelle aerodynamic pressure measurements and moves from
engine to engine with the instrumented inlet and nacelle. 
The last two RMU's are in the cabin, monitoring fourteen
ARINC 429 digital data busses to collect information from the
engine electronic controls and aircraft avionics systems. 
Time code information, data from high accuracy, digital
output pressure transducers and frequency/flow parameters are
also sampled in the cabin.

A central Data Merge Unit (DMU) in the cabin accepts inputs
from all of the RMU's and combines the data into two output
PCM data streams.  The two data streams are then recorded on
separate tracks of a Honeywell 101 instrumentation tape
recorder.  One stream contains all of the propulsion system
parameters from the engines plus the aircraft reference
parameters from the cabin.  The other stream contains just
the nacelle pressure measurements and the aircraft reference
parameters.  Keepin the two data streams separate extends our
record time by keepin the data rates low and segregates
parameters which we monitor and process separately anyway.

The computer on the airplane is an industrial, rack mount
80386/33 MHz personal computer with NEC color monitor and
Okidata 830 LED array printer.  It is used before a test to
setup and verify the operation of the data acquisition
equipment using software provided by Microcom .  Several
configurations could be predefined and stored on hard or
floppy disk for downloading during a test, but generally we
record all of the data all of the time and don't need to do
this.  During a test we use the same computer with a
Terametrix SBS-9000 telemetry system and their new DB/GRAFIX
software to provide real time engineering unit data displays
to monitor the conduct of the test and verify the qua ity of
the data as we go.  Snapshots of data can also be captured on
disk for analysis later on the ground, or in the air if
necessary.

REMOTE MULTIPLEXERS



Each RMU is actually a small, ruggedized digital data
acquisition system that can provide transducer excitation,
signal conditioning, bus monitoring and PCM encoding all in
one chassis.  They can be used individually for small tests
or in master/slave combinations with up to 32 units in a
chain 500 feet long for bigger jobs.  Interchangeable input
modules accommodate a variety and mix of parameters up to the
limit of 16 modules per RMU.  The size and configuration of
an RMU is shown in Figure 3.

We are currently using dual channel bridge, dual channel RTD
(constant current) , dual channel frequency-to-digital,
16-channel analog, 36-bit discreet, external scanner
interface and ARINC 429 bus monitor modules, but
synchro-to-digital, charge amplifier and other modules are
available.  Standard features include: 

o Programmable excitation (0 to 10 vdc, short circuit
protected)

o Programmable gains (1 to 1024)

o Programmable offsets with automatic zero and
balancing

o Programmable low pass filters (5 to 192O Hz)

o 12-bit A/D converters on each module with
simultaneous sample & hold

o Programmable PCM output codes (NRZ-L, RNRZ-L or
Bi-Phase-L) with 8, l0, 12, 14 or 16-bit words at
rates up to 5 MBits/sec from each RMU string

Each ARINC 429 module can be programmed to trap up to a total
of 128 different words from two busses based on the 8 or
10-bit label embedded in each ARINC word and insert them into
any PCM word or words in the RMU output data stream.

The RMU's are programmed using the personal computer in a
menu driven environment with pop-up windows.  Selections are
downloaded through an RS-422 interface with the master RMU in
a chain, or through a single RS-422 or RS-232 interface on
the DMU for a system like ours.  Setup information is then
retained by the RMU's in EEPROM and is restored to each input
module at power up.



TEMPERATURE AND PRESSURE SCANNERS

In addition to the signals and sensors that are handled
directly by the RMU's, we needed low sample rate data from
hundreds of thermocouples and static pressure taps.  We chose
to use modular, multiplexing temperature and pressure
scanners in conjunction with the RMU's to provide high
density, low cost per channel transducers and/or signal
conditioning that can be positioned around the engine to
minimize wiring and plumbing requirements.  Aydin Vector
TCM-20l thermocouple multiplexers and Pressure Systems Inc. 
ESP-48 pressure scanners are used.  Each is available in 16,
32 or 48 channel versions that provide PAM outputs from the
selected channel in response to randomly addressable,
parallel TTL address signals.  The thermocouple multipexers
include an internal isothermal reference junction for each
input and provide a temperature co nsated, high level voltage
output at scan rates up to l000 channels per second.  The
pressure scanners include an individual semiconductor strain
gage bridge pressure transducer for each input and provide a
low level millivolt output at scan rates up to 10,000
channels per second.

Both scanners directly interface the remote multiplexer units
by way of special interface modules using one module per
scanner, as shown in Figure 4.  Each module provides +5 vdc
and +/- 12 vdc excitation to the scanner and addresses it in
a sequence that is programmed during system setup.  A unique
look ahead feature switches the scanner address to the next
programmed channel immediately after the scanner output has
been sampled.  This extends the settling time available to
the relatively slow scanners to the time between scanner
samples, allowing them to operate much slower that the higher
word rates of the PCM data stream.  The user can then control
the time between scanner samples by positioning them in the
data cycle map.

GROUND DATA PROCESSING

Post test data processing is accomplished on site in Russia
using another personal computer and Terametrix telemetry
system similar to the one installed on airplane.  With this
we can create our configuration data bases on the ground
system and have the same display screens that we use on the
airplane while playing back the magnetic tapes on the ground. 
For post test analysis we recover predefined sets of



parameters "on condition" when selected time, event number or
parameter criteria are met.  The parameter sets are then
converted to engineering unit data files and passed on to a
Sun IPX SPARC workstation for analysis.  Of course the format
of the data files originally produced by the Terametrix
system were not compatible with our analysis programs, so we
had Terametrix modify their software to produce alternate
outputs customized to our requirements, and we can now pass
files directly from the PC to the Sun via floppy disk or
Ethernet.  The workstation also serves as our local data
archival vehicle and can batch transfer files back to P&W's
main plant in E.  Hartford, CT.  over SITA lines that have
been extended to our flight test support office in Moscow.

CONCLUSIONS

As of June 1993 we are still setting up and learning to use
the system described in this paper.  To date we have found
that the hardware performs as expected and that the software
is easy to use and capable of doing our job.  There are some
features that are not fully implemented yet and a few bugs
remain here and there, but all of our suppliers have been
very supportive and I am confident we can solve any problems
that may show up.
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Figure 1 - System Block Diagram



Figure 2 - PW2337 Right Hand Side View



Figure 3 - Microcom Remote Multiplexer Unit

Figure 4 - Scanner Interface to Remote Multiplexer



Analysis of Frequency Stabilization and Modulation
of Airborne Telemetry Transmitter

Zhang Xizhou, and Yao Jun
Xinan Electronic Engineering Institute

P.O. Box: 517-17 Chengdu
Sichuan 610003, CHINA

Abstract

   This paper analyzes the feature of frequency stability and
modulation of airborne telemetry transmitters.  According to
the characteristic of telemetry information transmission,
several methods for frequency stabilization and modulation
are briefly compared.  Emphasis is given to discuss frequency
dividing phase- locked frequeney modulation and on-off keying
modulation and FM/on- off keying double modulation.  With the
view of raising frequency stability and modulation
sensibility, extending the linear range of modulation, the
contradiction between frequency stabilization and modulation
should be coordinated properly.  In addition, a compatible
method between conventional telemetry channel and super fast
signal telemetry channel is introduced.  A satisfactory
result has been acquired with those views and methods used in
engineering application. 

Key word: Telemetry, Transmitter, Frequency stability,
Modulation

1. Introduction
With the radioelectronics widely applied in a variety of

field of national economy, the quantity of and sorts of radio
devices are enormousely increased and the interference
possibility among those radio devices are also continuously
increased.  As for usable limited bandwidth specified for the
telemetry, it must be reasonable developed and applied. 
Therefore, it is necessary to study high performance
telemetry transmitter with the characteristic of stable
frequency and excellent modulation.  In the most cases,
crystal oscillator has still used in telemetry transmitter by
certain controlling method to realize frequency
stablilization.  As for the modulation, however, the



different modulation methods in the different cases are
employed to transmit various information.  Consquentely, how
to coordinate various relationship between the frequency
stabilization and the modulation will be the key of which we
shall mainly introduce double modulation (FM / OOK) of the
telemetry transmitter.

2.  Frequency stabilization and modulation
   Frequency stabilization and modulation, on the certain
condition, are contradicted each other, especially in the
course of frequency modulation.  So, it is very important to
coordinate the relationship between frequency stabilization
and modulation.

2.1 Frequency stabilization
   Within the ranges of the limited frequency bandwidth for
telemetry recommended at the IRIG standard, how to develop
and apply the frequency resources is a general rule to which
the designers of the telemetry channel should adhere.  The
IRIG standard stipulates that the frequency stability of the
carrier frequency of the transmitter should be better than ±
3 x 10  on the certain environment condition.  Using quartz-5

resonator, by different controlling methods to cause
oscillation and within the relatively wide ranges of the
temperature and with no special measures, can make frequency
stability reach to ±10 .   Therefore, the quartz resonator-5

forming crystal oscillator is used in the telemetry
transmitter to meet the requirement of frequency stabi1ity,
which is almost without exceptation.  As frequency
stabi1ization and modulation are two aspacts of the
contradiction, frequency stabilization will be mentioned in
the following section about the modulation problems.

2.2  Modulation

2.2.1  Frequency modulation
   The PCM/FM system recommended at the IRIG standard has
many advantage of high accuracy, and easy implementation with
large scale integrate circuit and computer technique.  Hence,
this sort of the telemetry system is widely used in the
modern times.  In this section, we shall mainly discuss
frequency modulation concerning modulation sensibility, and
modulation linearity and frequency deviation, which should be
considered in the engineering design.  From equation (1) we
have known, when the information bandwidth is fixed, both
frequency deviation and modulation index are two
presentations of the same physical phenomenon.
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B (1)

Where:   -- modulation index of FM wave
f -- peak frequency deviation of FM wave
B  -- bandwidth of the baseband

   Modulation sensibility represents the deviation quantity
of which makes the carrier frequency varing in the unit
amplitude of the modulation signal.  If the amplitude of the
modulation signal is fixed, the higher modulation sensibility
is required in order to get wider frequency deviation.  It
isn' t the goal for the PCM/FM system to restore original
wave but PCM data at the least bit error rate.  So, there is
no high demand for modulation linearity in principle.  But
decision is on the basis of sample level, it still have some
demand for modulation linearity to ensure the voltage value
of the sample time.
   There are two modes for the PCM signals to realize
frequency modulation of carrier.  First, the PCM signal
modulates two oscillators to form frequency keying (FSK). 
Second, the PCM signal modu lates one osci11ator.  Those two
modes can efficently transmit binary data.  But, in the
former mode, when the two frequency convert, the phase
continuity of the oscillator will be destroyed, which would
extend frequency spectrum and cause the loss of energy . [5]

The latter mode is generally employed in the case of narrow
band FM  There are serval methods to realize narrow band FM
for the telemetry transmitter, which we shall discribe and
compare with those methods as follow.

a) Frequency modulation with a crystal oscillator
   Frequency modulation with a crystal oscillator can be
classified direct FM and indirect FM.  Direct FMmeans that
the frequency system of the oscillator is directly controlled
by PCM signal, but indirect FM is that the modulation signal
is firstly integrated and then modulate the phase of the
central frequency of the osc i llator to realize frequency
modulat ion.  The former can acquire the wider frequency
deviation, however, it is obvious to decrease the frequency
stability of the oscillator.  In order to reach the expected
modulation frequency deviation, the frequency stability
should be fell relatively.  Since the latter has less
frequency deviation, it has less influence to the frequency
stability of the oscillator and is unlikely to have too much
loss to the frequency stabi1ity.  As the frequency of the
crystal oscillator couldn't be made too high at present, in
order to acquire the required carrier frequency and frequency



deviation, the frequency multiplier amplifier chain of which
has certain frequency multiplication coefficient must be
utilized, no matter the direct FM or the indirect FM. 
However, the frequency multiplier amplifier chains are made
up of full analogous circuits,with large size and
complication to adjust.  With the rapid development of LSI,
that type of FM method has gradually been replaced by other
modulation methods of which adjustment is easy and operation
convenient.

b) Frequency modulation with the method of
frequency shift
   As shown in Figure 1, stable ultra-high frequency f is
generated by the crystal oscillator and it times N is f  as aL

local oscillator signal to be fed to the mixer.  In the
meanwhile, intermediate frequency FM signal modulated by PCM
signal, which output from voltage controlled oscillator
(VOO), is also fed to the mixer.  Thus, the carrier signal
f =f +f  is selected by the bandpass f lter. o L Mi

Figure 1. Block diagram of using frequency shift to realize
frequency stability and modulation

   A pure FM wave approaching to ideal wave can be acquired
by using a simlpe LC oscillator as intermediate frequency VOO
which is modulated by PCM signal.
   With the method of frequency shift, unstability of the
output frequency can be determined by fol lowing equation:

f =f +f (2)o o L L Mi Mi

Transforming equation (2), we can obtain:

=( f /f + )f /f (3)o Mi Mi L L L o

Where: f — carrier frequencyo

— unstability of carrier frequencyo

f — local frequencyL

— unstability of local oscillator frequencyL

f — intermediate frequencyMi



— unstabi1ity of intermediate frequencyMi

   Equation (3) illustrated that, when f /f .1, the higher ,L o Mi

the bigger f / f  which wi11 lead to considerable differenceMi L

between the unstability of the carrier and the unstability of
the crystal oscillator, and reduce the frequency stability. 
But, the modulation bandwidth of the PCM signal almost isn' t
confined. 

c) Frequency modulation with the frequency dividing
phase-locked loop
   In figure 2, PCM modulation signal f  passes throughM

pre-adjust filter to be eliminated the steep slope of high
frequency, and then is fed to VOO to realize frequency
modulation.  A part of the RF signal outputed from VOO get
psst cascade amplifier.  When the signal reachs the required
level, the frequency f  is outputed.  Other part pass througho

amplifier and frequency divider, and is sent to phase
detector.  In the meanwhile, reference s ignal generated by
the crystal osci1lator is also attached to phase detector at
appropriate frequency and amplitude.  Once the two path
signals are

Figure 2. Block diagram of frequency dividing phase-locked
frequency modulator

compared in phase detector, the formed error signal passing
through amplifier and low - pass filter do frequency control
in VOO by a varactor to make the VOO frequency meet f =Nf =f . v r o

Namely, the frequency is locked at the crystal frequency. 
This loop is called carrier tracking loop circuit, and the
bandwidth of the loop should be lower than the low 1imit of
the modulation spectrum.  Because the modulation signal
doesn't join in feed back of the loop circuit, the VOO
central frequency is locked at the crystal oscillator
frequency when the loop circuit locked. Both the central
frequency of the modulated carrier signal and the crystal
frequency are of the same frequency stability.  The
mathematical model of Figure 2 is shown in Figure 3.
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Figure 3. Mathematical model of FM phaselocked frequency
modulator

Where:

                      ,

                       , is the Laplace operator

   From Figure 3, we can derive,when no modulation signal put
in (u = 0), the transfer function of the phase-locked loopm

circuit is

(4)

   When the modulation signal has put in (u �0).  We canm

obtain:

(S)=H(S)[ e(S)+U /Kd (S)] (5)v m F

   Equation (5) means that output phase not only relate with
input phase but also adds the phase deviation which is
relevant with the U .  We assume that the phase deviationm

expresses as  (S) v

 (S)=H(S)· U /K F(S) (5.1)v rn d

Substituting H(s) from equation (4) into equation (5.1), we
obtain: 

(6)
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   Equation (6) indicates that attaching modulated signal UM
leads to the output phase variation.  Differentiating the
phase variation can acquire the frequency variation as
follow:

(7)

   From equation (7) we can know, if the higher performence
of FM and the larger frquency deviation are wanted.  f/U  inm

eqation (7) should equate to constant.  When U  is increasing,m

 f is linearly increasing also.  Thus, we must make
F(S)K K /NS<<1.  Assuming that the phase detector is lineard v

and U  (S) is proportional to (S),K  can be considered asd e d

constant.  Therefore, only requirement is to ensure F(S)
/S<<1.  As F(s) is a transfer function of active low-pass
filter, the characteristic of its amplitude-frequency is
drawn in Fig. 4.

   Figure 4. shows that the condition of F (S) /S << 1 can be
met while the frequency of the modulation signal is higher
than the cutoff frequency of low-pass filter (S>B).  That is
to say, it is conditional to achieve an ideal larger
frequency deviation modulation.  In designing loop circuit
filter, the cutoff frequency would be confined by the lowest
frequency component of the modulation signal.  Otherwise, if
the cutoff frequency is fixed, the low frequency response of
the modulation signal would be confined.  Under the normal
condition, the bandwidth of the transfered PCM signal is 
Figure 4. Characteristic of amplititude-frequency of low-pass

filter
determined by bit rate. If we properly coordinate the
relationship between the cutoff frequency of low-pass filter
and the signal bandwidth when transferring PCM signal, that



type of modulator with one -point injection can
satisfactorily accomplish the task of transmission.
Once the wider bandwidth and the lower frequency of
information are needed to be transmitted, the modulator with
two or more point injection can be employed to realize such
requirements. 

2.2.2 On-off keying (OOK) modulation
Here, we discuss another sort of modulation, on-off

keying modulation used to transmit pulse position keying
(PPK) signal.  In other words, using PPK signals to the
stable continuous-wave signal generated by a exciter make OOK
modulation.  The most easy way for OOK modulation is to be
implemented in amplifier behind exciter.

Figure 5. Schematic diagrsm of PPK/OOK modulation amplifier
   In Figure 5, when the f  signal of the exciter is appliedo

to the input of the amplifier, the output will be continuous
f  signal if the direct current offset signal is fed too

amplifier; the output will become the PPK/OOK signal if using
PPK offset signal instead of the direct current offset signal
is fed to.  As shown in Figure 6.  Under an ideal 
condition, there is a carrier frequency pulse formed by the
carrier frequency signal f  in the duration of a PPK pulse;o

otherwise, there is no carrier frequency signal passed
through within the interval between two pulses.  Those are
the procedure of forming PPK/OOK modulation.  We should
indicate that, Within the interval of a PPK, even if there
exists lower level signal which is less 30dB than the level
in the duration of it due to incomplete isolation it couldn't
cause any influence



Figure 6. Waveform diagrsm of PPK/OOk modulation
Where: a) PPK signal

b) Continuouse wave signal inputed from on-off   
               modulation

c) PPK/OOK signal
2.2.3 FM/OOK double modulation
   On the basis of the requirement of the tested object, the
transmission signal of telemetry transmitter can be sparated
into slow change signal, quick change signal, and super fast
signal according to frequency bandwidth.  The slow change
signal and the graded quick change signal processed by
pre-process technique are called conventional telemetry
signal.
   In order to reduce devices, the super fast telemetry
signal and the conventional telemetry signal should be
compatibly combined in a transmisson channel.  Namely, a set
of transmission devices and antennas is used to transmit both
the conventional and the super fast telemetry signal.  Using
frequency modulation/on-off keying (FM/OOK) double modulation
can meet such requirement.
   According to its inherent characteristic, the super fast
signal may be divided two types of signals, time type and
waveform type.  The quantity of information of the super fast
signal for the time type represents within the interval
between two narrow pulses, or within the interval between one
narrow pulse and another certain event occuring monentarily. 
That sort of signal can be easy transmitted with the OOK
modulation.  But, the quantity of information of the super
fast signal for the waveform type represents by the signal
waveforms (the different waveforms express the different
quantity of information).  There are two fundamental methods
to transmit super fast waveform signal:  real time
transmission and pre-processed transmission.  For some super



fast waveform signal, we use the pre-process method to extend
its waveform and then to transmit it by the conventional
telemetry channel.  For other super fast waveform signals
which have no condition of doing pre- process ( no enough
time to process), we can only transmit it in real time. 
However, the problem we should firstly solve is to transmit
both the super fast waveform and its address code.  Whether
FM or OOK would encounter some difficult to accomplish the
two types of signal transmission.
   If we utilize amplitude modulation to complete super fast
waveform signal transmission, the transmitting power is
required with large dynimical ranges because the amplitude
variation of the carrier frequency is proportional to that of
the super fast signal, and the transmitting power is
proportional to the square of the signal amplitude.  Assuming
that the ratio of the highest amplitude of the signal to the
lowest is 4: 1, the ratio of the transmitting powers
corresponding their amplitudes is 16: 1.  That is to say, if
the minimum power of a transmitter is 5 watt, the maximum
power should be 80 watt.  From that we know using AM to
transmit the super fast signal would relatively increase tbe
system power surplus and cause some difficulty to implement.
   If FM is used to transmit the super fast signal, there is
no the problem above in principle.  No matter how much the
signal amplitude changes, the transitting power couldn' t
change and the linear amplification doesn' t require also. 
However, the time utility factor of the powerful transmitter
determined by the super fast signal is very low and isn't
reasonable for the design of a telemetry system.  According
to the requirement of transmitting the super fast signal, for
instance, if the FM carrier power is more than 100 watt,
obviously, the output power of the transmitter should hold on
100 watt in the long time and the time utility factor is very
low.  Furthermore, it is difficult to design such type of an
airbone telemetry transitter into actual application.
   Now we introduce a practical method of the FM/OOK double
modulation to implement the transmission for the waveform and
the address code of the super fast signal.  the transmitter
emerges the state of the powerful output only when the super
fast signal needs to be transmitted.  Otherwise, the
transmitter is keeping in the state of the general power
output to transmit conventional telemetry signal.  The
"exchange" method is used to transit either the conventional
telemetry signal or the super fast signal, which solves the
compatible problem for two sorts of signals.  The principle
block diagram of the FM/OOK double modulation to implement
such compatible function is shown in Figure 7.



Figure 7. Principle block diagrsm of FM/OOK double modulation

   When the switch Kl and K2 are on the point 1, the system
transmits the PCM/FM and PPK/OOK- two sorts of conventional
telemetry signals.  When the switchs on the point 2, only the
super fast signal is transitted.  there are several step to
implement the transmission.  First, the super fast signal is
encoded in the waveform encoder.  Then, after delayed in
certain extent, it is fed to the FM exciter to make frequency
modulation.  It realizes the OOK modulation in the latter
amplifier to which the modulated carrier is attached. 
Finally, the FM/ook double modulation signal is outputed by
the pulse power amplifier.  As shown in Figure 8.

3. Conclusion
   We have introduced the methods of frequency stabilization
and modulation in this paper.  The frequency dividing phase-
locked frequency modulatior can considerably solve the
contradiction between frequency modulation and frequency
stabilization.  The method of the FM/OOK double modulation
not only properly coordinated the contradiction between
frequency modulation and frequency stabilization, but also
solve the compatible problem for both the conventional
telemetry signal channel and the super fast signal telemetry
channel.  All those methods used in engineering application
have acquired satisfactory results.



Figure 8. Waveform diagram of FM/OOK double modulation
Where: a) Encoded super fast waveform

b) Extended waveform of the first pulse of the   
               super fast code

c) FM/OOK carrier waveform 
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Optimum Subcarrier Deviation for PCM/FM+FM/FMSystems
using IRIG Constant Bandwidth Channels
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Abstract

A typical PCM/FM system is designed for a peak to peak carrier deviation of 0.7
times the bit rate of the PCM data. This value of PCM data deviation has been shown
to be optimum for both PCM/FM [1] and PCM/FM+FM/FM [2] systems. However,
the optimum deviation of the carrier by the FM subcarrier for a PCM/FM+FM/FM
system is dependent upon the specific subcarrier type and required subcarrier signal to
noise ratio at the receiver output.

This paper introduces a simple method to calculate the optimum deviation of the
carrier by FM subcarriers for a PCM/FM+FM/FM system. The method developed is
used to calculate the optimum value of subcarrier deviation for two sample
PCM/FM+FM/FM systems when IRIG constant bandwidth channels are used as FM
subcarriers. The calculated optimum values of FM subcarrier deviation of the carrier,
subcarrier mod index, are utilized in a companion paper to study the performance of
PCM/FM+FM/FM systems [3].

The work presented herein can be extended to calculate the optimum deviation of the
carrier by FM subcarriers for any PCM/FM+FM/FM system.

Key Words

PCM/FM+FM/FM, PCM/FM, Subcarrier Deviation, Subcarrier Modulation Index

Introduction

The transmission of PCM/FM is typically accomplished by setting the PCM peak
deviation at 0.35 times the bit rate and the receiver intermediate frequency, IF,
bandwidth equal to the bit rate, R . These values were determined to be optimum byb 

Tjhung and Wittke[l] for a PCM/FM system. A variation of the PCM/FM system is to



add subcarriers to the PCM data stream and modulate an FM transmitter with the
composite signal. This type of system is called a PCM/FM+FM/FM system. The
optimum mod index for the PCM data on the carrier is 0.35 times R per Law[2] andb

Osborne/Whiteman[3]. The optimum subcarrier mod index is dependent upon the
specific PCM/FM+FM/FM system.

This paper demonstrates the calculation of the optimum subcarrier deviation, mod
index, for two PCM/FM+FM/FM transmission systems. The first PCM/FM+FM/FM
transmission system studied contains two IRIG Class A Constant Bandwidth Channel
subcarriers. The subcarriers are at 64 and 96 kHz. These subcarriers are combined
with a 32 kBPS PCM data stream prior to an FM transmitter. The spectrum of the FM
transmitter input is shown in Figure 1.

The second PCM/FM+FM/FM transmission system consists of a single IRIG Class A
subcarrier placed at the first null of the 32kBPS PCM data stream. The resulting
spectrum, FM transmitter input, is shown in Figure 1.

 Derivation of Subcarrier Signal to Noise Ratio

The subcarrier S/N, signal to noise ratio, is the signal to noise ratio of the subcarrier,
SC, data at the output of the subcarrier receiver LPF, lowpass filter. The subcarrier
portion of a PCM/FM+FM/FM receiver can be modeled as shown in Figure 2.



The required value of carrier to noise ratio, C/kT, for this system can be calculated for
a given subcarrier output signal to noise ratio, S/N or [S/N] . [2,4,5,6]out 3

There are several requirements placed on the subcarrier receiver in order to assure
proper operation. First, the S/N at the input to the carrier limiter/discriminator, [S/N] ,1

must be >12 dB. Second, the S/N at the input to the SC limiter/discriminator, [S/N] ,2

must be $ 12 dB. Finally, the carrier limiter/discriminator should reach threshold prior
to the SC limiter/discriminator. [2,4] The noise power spectral density, PSD, out of
the main IF filter, Figure 3, can be used to calculate [S/N] . [4,5,6]1

The value of [S/N] is1

[S/N] = (A /2)/(2(N /2)(B ))1 0 IF
2

where, B = Main IF Filter BandwidthIF 

C = A /2 = Transmitted Carrier Power2

C/kT = (A /2)/N = Carrier to Noise Ratio.2
o

Since we require [S/N] to be $ 12 dB, the required value of C/kT to yield 12 dB at the1

carrier limiter/discriminator input is
[C/kT]Req'd = 12 dB +10 log B .l IF

At the output of the SC bandpass filter, BPF, the noise power spectral density is
f N /A , Figure 4. The resulting noise power is [5,6]2 2

0

f + B /2sc sc

Noise Power = 2 I PSD Noise . 2 [f N /A ] B = 2 B [f N /A ]2 sc o sc sc sc o
2 2 2 2

f - B /sc sc
2

where f = subcarrier frequencysc

B = subcarrier bandpass filter bandwidth.sc



The signal power at the output of the SC Limiter/Discriminator is

Signal Power = )f / 2,2 sc/c
2 

where )f is the peak deviation of the subcarrier on the carrier. The resulting [S/N]sc/c 2

value is [4]

[S/N] = ()f / 2) / (2B [f N /A ]) = 1/2 ()f / f ) (l/B ) (A /2)/N2 sc/c sc sc o sc/c sc sc o
2 2 2 2 2

 Letting the modulation of the carrier by the subcarrier, msc, equal ()f /f ) yieldssc/c sc

[S/N] = 1/2 (msc) (l/B ) (C/kT)2 sc
2

Since the required [S/N] at the input to the SC lim/disc is 12 dB the required value of2

C/kT is

[C/kT]Req'd = 12dB - 10 log(1/2B ) - 20 log(msc)2 sc

Finally, the signal to noise ratio at the output of the subcarrier LPF can be calculated.
The Noise PSD at the output of the SC LPF is shown in Figure 5. [4,5,6]

The noise power at the output of the subcarrier LPF is [4]

f f fm m m

Noise Power =If N /D = 2N /D If = [2 N /D f /3] * = 2/3 N /D f3 o 0 0 o m
2 2 2 2 2 3 2 3

-f 0 0m

where f is the maximum message frequency and D /N is the carrier to noise ratio atm 0
2

the input to the SC LPF. The signal power is [4]



Signal Power = )f/ /2 ,3 m/sc
2

where f is thc peak deviation of the message on the subcarrier voltage controlledm/sc

oscillator, VCO. The resulting S/N at the subcarrier LPF output is [4]

[S/N] = ()f /2)/(2/3(N /D )f ) = 3/2()f /f ) ((D /2)/N ) (l/f )3 m/sc o m m/sc m o m
2 2 3 2 2

= 3/2()f /f ) (l/f )[S/N] B = 3/2()f /f ) (B /f )1/2(msc) (l/B )[C/kT]m/sc m m 2 sc m/sc m sc m sc
2 2 2

= 3/4()f /f ) (msc) (l/f )[C/kT]m/sc m m
2 2

Therefore, the required C/kT to meet the subcarrier [S/N] requirement is3

[C/kT]Req'd = [S/N] -l0 log [3/4()f /f ) (msc) (l/f )]3 3 m/sc m m
2 2

The optimum operating point, mod index, for the subcarriers should minimize the
required value of C/kT for a given required subcarrier signal to noise ratio. Using the
previous three equations for C/kT req'd the optimum mod index for the
PCM/FM+FM/FM subcarriers can be calculated.

Calculation of Optimum Subcarrier Deviation, Dual Subcarriers

The optimum subcarrier deviation, mod index, for the dual SC system, Figure 1, can
be calculated using the equations derived previously. The subcarrier receiver IF
bandwidth, B , for the two SC system is set equal to the peak Carson's rule bandwidthIF

of the composite, PCM+SC, signal or an RMS estimate of the required bandwidth [4].
To simplify calculation the values of R , f and f were scaled by 32 kHz to 1 BPS,b sc1 sc2

2 Hz and 3 Hz. The peak bandwidth estimate yields

B = 2[f +)f +f (msc)+f (msc)] = 2[3+.35+2(msc)+3(msc)] = 6.7+10(msc)IF sc2 peak scl sc2

when the FM modulator peak deviation, )f , is set equal to 0.35 times 1 BPS. Thepeak



resulting value of [C/kT]Req'd is1

[C/kT]Req'd = 12dB+10 1og[6.7+10(msc)]l

The required value of [C/kT]Req'd is2

[C/kT]Req'd = 12 dB - 10 log(1/2B ) - 20log(msc),2 sc

where B is 2()f +f ) which equals 2(2000+400) Hz for IRIG class A constantsc sc m

bandwidth channels. When scaled the resulting B is 0.15 Hz. Thereforesc

[C/kT]Req'd = 12 dB - 10 log(1/2B ) - 20 log(msc) = 12 dB - 102 sc

log(1/(2(.15))-20 log(msc)
= 12 dB-5.2288 dB - 20 log(msc) = 6.7712 dB - 20 log(msc)

The value of [C/kT]Req'd can be determined for a given required [S/N] and msc:3 out

[C/kT]Req'd = [S/N] - 10 log[3/4()f /f ) (msc) (l/f )]3 out m/sc m m
2 2

= [S/N] - 10 log[3/4()f /f ) (1/f )] - 20 log[msc]out m/sc m m
2

= [S/N] - 10 log[3/4(5) (32000/400)] - 20 log[msc]out
2

= [S/N] - 31.761 - 20 log[msc]out

The RMS bandwidth estimate yields a value of IF bandwidth given by

B = 2[f +{)f +[f (msc)] +[f (msc)] } ]IF sc2 peak sc1 sc2
2 2 2 1/2

= 2[3+{(.35) +(2*msc) +(3*msc) } ]2 2 2 1/2

The resulting equation for [C/kT] Req'd using the RMS method to calculate the1

required IF bandwidth is
[C/kT]Req'd = 12dB+10 log[6+2{0.1225+13(msc) } ]1

2 1/2

The equations for [C/kT]Req'd and [C/kT]Req'd are unchanged for the RMS2 3

estimate.

Calculation of Optimum Subcarrier Deviation, Single Subcarrier

The optimum deviation for the single SC system of Figure 1 was also calculated. If the
IF bandwidth for the single SC system is set equal to the peak Carson's rule bandwidth
of the composite PCM+SC signal. The resulting IF bandwidth is

B = 2[f +)f +f (msc)] = 2[1+.35+1(msc)] = 2.70+1(msc)IF sc peak sc

The resulting value of [C/kT]Req'd is1

[C/kT]Req'd = 12dB + 10 log[2.70+msc]1



The required value of [C/kT]Req'd is2

[C/kT]Req'd = 12 dB - 10 log(1/2B ) - 20 log(msc),2 sc

where B is 2()f +f ) which equals 2(2000+400) Hz for IRIG class A constantsc sc m

bandwidth channels. When scaled the resulting B is 0.15 Hz. Thereforesc

[C/kT]Req'd = 12 dB - 10 log(1/2B ) - 20 log(msc)2 sc

= 12 dB - 10 log(1/(2(.15)) - 20 log(msc)
= 12 dB - 5.2288 dB - 20 log(msc) = 6.7712 dB-20 log(msc)

As in the case of the dual SC system the value of [C/kT]Req'd can be determined for3

a given required [S/N] and msc:out

[C/kT]Req'd = [S/N] - 31.761 - 20 log[msc]3 out

The value of [C/kT]Req' d is not dependent upon the number of subcarriers or their3

frequency if only IRIG class A subcarriers are used. The RMS estimate yields an IF
bandwidth of [4]

B = 2[f +{)f +[f (msc) } ] = 2[1+{(.35) +(msc) } ]IF sc peak sc
2 2 1/2 2 2 1/2

The resulting equation for [C/kT]Req'd using the RMS method to calculate the IF1

bandwidth is

[C/kT]Req'd = 12dB+101og[2+2{0.1225 +(msc) } ]1
2 1/2

The equations for [C/kT]Req'd and [C/kT]Req'd are unchanged. The equations2 3

presented for [C/kT]Req'd are next used to calculate the optimum operating point, msc
value, for both the dual and single subcarrier systems.

Dual Subcarrier System, Subcarrier S/N = 45 dB

The equations derived previously are used to determine the optimum value of msc for
dual SC operation. The SC's are at 64 and 96 kHz, scaled to 2 and 3 Hz. The
thresholds for the SC receiver are plotted for FM modulator peak deviation,
)f =0.35, using the peak method, Figure 6, and RMS method, Figure 7, to calculatepeak

IF bandwidth.

The plots indicate that for a SC S/N of 45 dB the optimum value of msc is
approximately equal to 0.35. This results in the least required transmitter power, C/kT,
to meet the SC receiver threshold requirements. Since the PCM data rate is scaled to 1



BPS, the required C/kT value of 23 dB yields an E /N of 23 dB.b o

This value of E /N should easily yield bit error rates, BER's, less than the value ofb o

10 typically required.-6

Dual Subcarrier System, Subcarrier S/N = 39 dB

The equations derived for a dual subcarrier system are next used to derive the
optimum value of msc for a dual SC system with required subcarrier S/N of 39 dB.
The SC's are again at 64 and 96 kHz, scaled to 2 and 3 Hz. The calculated thresholds,
using the method demonstrated for the dual SC with 45 dB S/N, indicate that the
optimum value of msc is approximately equal to 0.20. This results in the least required
transmitter power, C/kT, to meet the SC receiver threshold requirements. Since the
PCM data rate is scaled to 1 BPS, the required C/kT of 22 dB yields a value of E /Nb o

of 22 dB. This value of E /N should also yield BER's less than 10 .b o
-6



Single Subcarrier System, Subcarrier S/N = 45 dB

The SC is at 32 kHz, Figure 2, and scaled to 1 Hz. The calculated thresholds, again
using the method demonstrated for the dual SC with 45 dB S/N, indicate that the
optimum value of msc is approximately equal to 0.575. This results in the least
required transmitter power, C/kT, to meet the SC receiver threshold requirements. The
required C/kT of 18 dB yields an E /N of 18 dB. This value of E /N should also yieldb o b o

BER's less than 10 .-6

Conclusions

The results presented indicate that the optimum subcarrier deviation can be simply
calculated for any PCM/FM+FM/FM system. Whether the Peak or RMS estimate for
required IF bandwidth is more accurate would depend upon the specific system.
However, the actual optimum deviation should fall somewhere between the optimum
deviations calculated using each method.
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Abstract

Soft-decision correlation decoding with retransmission requests for block codes
is proposed and the resulting performance is analyzed. The correlation decoding rule
is modified to allow retransmission requests when the received word is rendered
unreliable by the channel noise. The modification is realized by a reduction in the
volume in Euclidean space of the decoding region corresponding to each codeword.
The performance analysis reveals the typical throughput - reliability trade-off
characteristic of error control systems which employ retransmissions. Performance
comparisons with hard-decision decoding reveal performance improvements beyond
those attainable with hard-decision decoding algorithms. The proposed soft-decision
decoding rule permits the use of a simplified codeword searching algorithm which
reduces the complexity of the correlation decoder to the point where practical
implementation is feasible .

1 Introduction

For data communications systems where receiving erroneous data is worse than
receiving no data at all, ARQ and hybrid-ARQ techniques are effective forms of error
control [1]-[4] . Automatic-Repeat-Request (ARQ) error control employs error
detection in conjunction with a retransmission protocol to achieve low bit error rates
with relatively simple decoder complexity. The throughput of such systems, however,
degrades as channel noise increases since more time is spent retransmitting received
packets which contain detectable errors. Hybrid-ARQ error control combines forward-
error-correction with error-detection to reduce the frequency of the retransmissions
without severely increasing the probability of decoder error [4].

It is well known that for FEC decoding of block codes, the difference in



performance between hard-decision and soft-decision decoding on an AWGN channel
is approximately 2 to 3 dB [5]. This fact provides the motivation for investigating the
possible performance gains of soft decision decoders over hard decision decoders in a
hybrid-ARQ application. In this paper soft-decision block decoding methods are
applied to the hybrid-ARQ error control problem where it is shown soft-decision
decoding offers significant improvements over hard-decision decoding in the
hybrid-ARQ error control application.

2 Development of Soft-Decision Decoding with Retransmission
Requests

Assume that the information to be transmitted is in binary form and is encoded using a
linear binary (n, k) code with minimum Hamming distance d . Each bit of the codemin

word is transmitted over an AWGN channel with binary antipodal signaling using a
waveform of energy  Joules. The transmitted waveforms are corrupted by additive
white Gaussian noise with one-sided power spectral density N . The coherent0

demodulator employs a matched filter followed by a sampler to produce an (n x l)-
dimensional vector of real numbers r = [r(T), r(2T), . . . , r(nT)]  where T is the timeI

allotted to the transmission of one channel symbol and I is the transpose operator.
Each element of r is, after convenient normalization, a Gaussian random variable with
mean ± 1 and variance N /2 . The sign on the mean is positive if a "one" was sent and0

negative if a "zero" was sent.
The optimum FEC soft-decision decoder is a correlation decoder and follows

the rule [5]

where c  = [c , c , . . ., c ] with c  0 {-1, +1} for 1# j $ n. In n-dimensionalm m1 m2 mn mj

Euclidean space where the codewords form 2  vertices of the n-dimensional hypercubek

centered at the origin ?? with vertices whose coordinates are in the set {- 1, + 1},
correlation decoding has the following geometric interpretation :

here R  is a hyper-pyramid with vertex at the origin ?? and centered on c  and is calledm m

the decoding region for codeword c .m

Incomplete decoding exists when there are received sequences which are not
decoded into any codeword. The resulting condition is termed a decoding failure. In



Figure 1: Three-Dimensional Geometric Representation of Hybrid-ARQ
Soft-Decision Decoding Region R' .m

hybrid-ARQ error control, the decoder is necessarily an incomplete decoder where a
decoding failure is regarded as a request for a retransmission. The modification of
correlation decoders to admit retransmission requests is realized by a reduction in the
volume of the decoding region for each codeword. Let R' be the new decoding region
for codeword c  as shown in Figure 1. The following notation is used:m

R(a, b) is the line segment defined by the points (vectors) a and b in R .n

d(a, b) is the Euclidean distance between the points a and b in R .n

d  (c , c ) is the Hamming distance between the codewords c  and c .H m m' m m'

R'  is the hyper-cone with vertex at the origin O and centered on c  and is defined mm m

by 1  which is the angle between the lines R(O, c )and R(O, y) where y is a point onm m

R(c , c ) where c  and c  are codewords such that d (c , c ) = d .m m' m m' H m m' min

In order for the hyper-cones R' and R'  to be disjoint, the point y must liem

between the points c  and z on R(c , c ) where z is the bisector of R(c , c ).m m' m m m'

Define the parameter D as the tractional distance between the points c  and y and cm m

and z:

so that d (c , y) = D%d . Note that D is restricted to the real interval (0,1] to ensureE m min



that the point y is between points z and c . The cosine of the angle 1  is given bym m

For the case D = 1, equation (4) represents the largest possible hyper-cone to guarantee
disjoint equivolume decoding regions. Thus (4) determines the angle for each
decoding region R'  ,m = 1, 2, . . . , 2 .m

k

The point r is contained in the hyper-cone R' if the angle 1  formed by the linesm 

(O, c ) and (O, r) is less than 1 :m m 

Since the decoding regions are disjoint, there is at most codeword c  which satisfiesm

so that r is decoded into c  when there exists such a codeword which satisfiesm

condition (6) else a retransmission is requested.
Decreasing 1  decreases the volume of the R'  thereby increasing the volume in m m

R  which contains the vectors which are not decoded into any codeword. The result isn

an increase in the probability of retransmission and a reduction in the probability of
decoder error. The value of 1  is controlled by the parameter D through equation (4).m

Note for the case D = 1, R'  is the largest hyper-cone with vertex at ?? centered on cm m

which can be included entirely in the hyper-pyramid R . This decoding regionm

corresponds to the incomplete decoding rule suggested by Forney [6].

3 Performance

For convenience, assume the all zero codeword c  was sent. By equation (6), the0

probability of correct reception is given by



While It is most convenient to use the cosine to test the angle formed by the received
vector and each codeword, it is most convenient to use the cotangent of this angle to
evaluate the performance. The cotangent of 1  is given by:m

and the cotangent of 1 is

where Pc  = c  [(c   c  ) ]c  is the orthonormal projection operator onto the one-m m m m
I -1 I

dimensional subspace spanned by c .m

Since each of the r(iT) is a Gaussian random variable with mean -1 and variance
F  = N /2 , %(n - 1) cot 1 has a noncentral-t probability density function [7]:2

0

Thus, equation (7) is equivalent to

A decoding error occurs whenever the received vector is contained in a
decoding region corresponding to a codeword other than the one originally
transmitted. Suppose c  was sent, then0

which may be bounded using the union bound on the pair wise error probabilities:



where {A }n/d=0 is the weight distribution of the code and P (E) is the probabilityd 2,d

that the r is decoded into c  when c  was sent where d  (c , c ) = d. The pair wisem 0 H 0 m

error probability may be bounded as follows: Let N  be the angle between  (??, c ) andd 0

 (??, c ) which is given bym

A necessary condition for an error is

the probability of which is

P(E' ) is the probability that r is contained in the annular region defined by two
concentric cones centered on the line  (??, c ) where the inner cone defined by the0

angle N  - 2  and the outer is defined by the angleN  + 2 . Thus, the pair wise errord m d m

probability may be bounded by the ratio of volume of the decoding region R'  to them

volume of this annular region times the probability that r is contained in the annular
region [8]:

From these equations, the probability of retransmission may be computed as

The performance of hybrid-ARQ error control is measured by two parameters:
the throughput and the probability of undetected error [3, 4]. The throughput is defined
as the expected value of the number information bits accepted per transmitted bit and
is a measure of the efficiency of the error control system. The actual expression
depends on details of the retransmission protocol Throughput decreases as P(R)



increases and is bounded from above by the code rate k/n. An undetected error occurs
when a received word is accepted and that received word is different from the
originally transmitted word. The probability of undetected error is given by [3, 4]

4 Results and Conclusion

Throughput and reliability curves for the (23,12) Golay code are shown in Figures 2
and 3, respectively. For comparative purposes, these plots include the performance
curves of traditional hard-decision hybrid-ARQ decoding. Figure 3 shows that for
P(U) fixed at 10 , the soft-decision curve corresponding to p = 0.8 is roughly 3 dB-10

inside the hard-decision curve corresponding to t' = 2 and approximately 2 dB inside
the curve corresponding to t' = 1. The curves of Figure 2 show that the normalized
throughput of the hard-decision decoder is greater than that of the softdecision decoder
under the same conditions. However , the normalized throughput for both decoding
algorithms approaches unity as the bit signal-to-noise ratio increases. Thus, at high
signal-to-noise ratios, the performance of the two decoding algorithms is equivalent as
measured by throughput but different as measured by the probability of undetected
error. As an example, it is seen from Figure 3 that at high signal-to-noise ratios, the
P(U) curve corresponding to p = 0.8 is 2 dB inside the hard-decision P(U) curve
corresponding to t' =  2 and 1 dB inside the t' = 1 curve. Under the same conditions,
the normalized throughput curves of Figure 2 show the throughput to be the same. A
further reduction in p results in an even greater coding gain without severely affecting
the throughput. This illustrates that at high signal-to-noise ratios, the soft-decision
decoding algorithm is capable of outperforming the hard-decision decoder by 2 dB or
more.

The throughput curves for the modified correlation decoder shown in Figure 2
illustrate the dependence of throughput on the bit signal-to-noise ratio and the
parameter p. The probability of undetected error, plotted in Figure 3, illustrates a
similar functional dependence. The curves in both figures illustrate the throughput -
reliability trade-off typical of error control schemes using retransmissions. In the
soft-decision case, both the throughput and the undetected error probability increase
with p for fixed SNR. This is due to the increase in the volume of the decoding region
R' . The soft-decision hybrid- ARQ correlation decoder allows improved performancem

over that attainable by the hard-decision decoder and allows more flexibility in
performance characteristics than its hard-decision counterpart.

The modified decoding rule also permits the use of a low complexity decoder
which approximates the ideal decoder quite well. This low-complexity decoder is
presented in [9].
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Figure 2: Normalized Throughput for the (23,12) Golay Code for Various Values of p
and t'  (solid lines = soft-decision decoding, dashed lines = hard-decision decoding).

Figure 3: Probability of Undetected Error for the (23,12) Golay Code for Various
Values of p and t' (solid lines = soft-decision decoding, dashed lines = hard-decision
decoding) .  
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ABSTRACT

System performance can be ascertained via a number of parameters; one of which is
Signal-to-Noise ratio (SNR). SNR is the ratio of the value of the signal to the value of
the noise. It is generally expressed in decibels and usually a function of the system
bandwidth. Another measure of performance is the Noise-Power ratio (NPR). NPR is
the ratio of the noise level within a specific measurement channel when noise is
applied to all channels, to the level that is measured within the specific channel with
noise applied to all of the channels but not the specific channel.
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INTRODUCTION

The following example calculations demonstrate methods for the calculation of the
Signal-to-Noise ratio (SNR) in FM and PM systems. A method for the calculation of
the Noise-Power ratio (NPR) due to thermal noise is also presented. It is assumed the
systems described in the following calculations employ output filtering. The specified
output filter bandwidth is then the system noise bandwidth.

SIGNAL-TO-NOISE RATIO

CC Example 1

The Signal-to-Noise ratio of an FM modulated system will be determined. The
receiving system has the following known characteristics:

Receiver IF bandwidth BW = 30 kHz
Maximum output frequency f = 4 kHzmax



Peak frequency deviation f  (peak) = 7 kHzd

RMS frequency deviation f  (rms) = 4.95 kHzd

Carrier-to-Noise ratio CNR = 42 dBdB

Given the system characteristics, the noise density is easily obtained:

The system Signal-to-Noise ratio is determined by evaluating the equation (notice
M(f) is a constant):

(eqn 1)

CC Example 2

Equation 1 may be simplified when the minimum output frequency is much smaller (a
factor of 10  or less) than the maximum output frequency. In this example, the-3

minimum frequency for the system described in Example 1 is assumed to be
approximately 0 Hz in order for the simplified equation to be valid. The system
Signal-to-Noise ratio can be determined by evaluating:



(eqn 2)

where ) / the peak frequency deviation divided by the maximum output frequency.

Given the system characteristics of Example 1 and using equation 2, the
Signal-to-Noise ratio is:

CC Example 3

Equation 2 is only valid when the minimum output frequency is much, much less than
the maximum output frequency, as was stated in Example 2. When Equation 2 is
cannot be applied, then Equation 1 must be used. To illustrate, given the following
system characteristics:

Receiver IF bandwidth BW = 10 MHz
Maximum output frequency f = 1050 kHzmax

Minimum output frequency f = 950 kHzmin

RMS frequency deviation f  (rms) = 25 kHzd

Carrier-to-Noise ratio CNR = 50 dBdB

The noise density for the system is:

Since all values necessary to compute the system Signal-to-Noise ratio have been
obtained, the calculation is simply:



(from eqn 1)

As the reader may now observe, Equations 1 and 2 allow the calculation of the
Signal-to-Noise ratio in receiving systems for FM modulated signals. For PM
modulated signals, the equation used is similar to Equation 2:

(eqn 3)

where 2  / the peak modulation in radians.d

CC Example 4

To demonstrate, suppose the receiving system has the following characteristics:

Receiver IF bandwidth BW = 2 MHz
Maximum output frequency f = 0.5 MHzmax

Peak phase modulation 2 = 1.5 radiansd

Carrier-to-Noise ratio CNR = 25 dBdB

Given the system characteristics and using equation 3, the Signal-to-Noise ratio is:



NOISE-POWER RATIO

One more application remains for an expression similar to Equation 2, used to
calculate the Noise-Power ratio in an FM receiving system:

(eqn 4)

where ' / the RMS frequency deviation divided by the channel center
frequency.

CC Example 5

Consider a receiving system with the following characteristics:

Receiver IF bandwidth BW = 50 kHz
Maximum output frequency f = 15 kHzmax

Channel center frequency f = 13.5 kHzmin

RMS frequency deviation f (rms) = 2.5 kHzd

Carrier-to-Noise ratio CNR = 52.2 dB

The channel Noise-Power ratio is found by evaluating Equation 4:

CONCLUSION

In the first three Examples, fundamental equations for calculating the Signal-to-Noise
ratio in FM receiving systems were presented. The condition necessary for the use of
the simplified equation shown in Example 2 was explained.

An equation related to those used in FM receiving systems was shown in Example 4.
The equation is used in calculating the Signal-to-Noise ratio in PM receiving systems.

Example 5 demonstrates a method for the computation of the Noise-Power ratio of a
receiver channel in an FM receiving system.



The equations presented in this paper have been tested against measurements
performed on actual receiving systems, and have been found to provide values within
practical measurement accuracy.

Further study on the effects of phase noise, with particular regard to local oscillators,
and the limitations it imposes on the Signal-to-Noise ratio and Noise-Power ratio in a
receiving system is in order.
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ABSTRACT

This paper describes a real-time implementation of the pattern recognition technology
originally developed by BBN [Delatizky et al] for post-processing of time-sampled
telemetry data. This makes it possible to monitor a data stream for a characteristic
shape, such as an arrhythmic heartbeat or a step-response whose overshoot is
unacceptably large. Once programmed to recognize patterns of interest, it generates a
symbolic description of a time-series signal in intuitive, object-oriented terms. The
basic technique is to decompose the signal into a hierarchy of simpler components
using rules of grammar, analogous to the process of decomposing a sentence into
phrases and words.

This paper describes the basic technique used for pattern recognition of time-series
signals and the problems that must be solved to apply the techniques in real time. We
present experimental results for an unoptimized prototype demonstrating that 4000
samples per second can be handled easily on conventional hardware.

INTRODUCTION

When monitoring a real-time data stream, analysts often need to recognize patterns in
a signal as part of their data reduction and analysis problem. The need may be
particularly acute if the analyst's decisions are time-critical. In many cases, analysts
fulfill this need using simple methods, such as threshold detection applied to a signal.
In other cases, however, successful interpretation of the data depends on being able to
recognize patterns in the data to extract the features of interest.



For the past several years, BBN has been developing an expert system called FAES
for the Navy for post processing of telemetry data [Delatizky et al; Jeffreys]. One of
the features that makes FAES unique is its use of pattern recognition to generate
qualitative descriptions of the data that are natural and familiar to the user. We have
found that pattern recognition is a powerful tool for data reduction that offers value for
a wide variety of applications. Recently we have extracted this feature from FAES and
modified its algorithms such that it can work in real time.

Two approaches to pattern recognition are in common use: discriminant and syntactic.
Discriminant approaches extract a vector of characteristic features from a pattern; the
recognition of the pattern is found by the location of its feature vector in feature space
[Duda & Hart]. When applied to time series signals that have time-varying shape and
structure, the number of characteristic features can be impractically large. Syntactic
approaches solve the latter problem by describing the complex pattern in terms of a
hierarchical composition of simpler subpatterns. Syntactic approaches use small sets
of simple pattern primitives in combination with combinatorial rules (a grammar), so
that it is possible to recognize an infinite set of patterns [Fu]. Parsing is the process of
applying the grammar. In this paper, we discuss implementing a real-time pattern
recognition unit called the Real-Time Parser that is based on a syntactic approach.

Most existing tools for pattern recognition implement discriminant methods. Because
these are hard to apply to time-varying signals, common practice is either to develop
solutions in-house or to employ people to recognize patterns by eye. An in-house
solution may solve a particular need, but lacking reusable tools, it can be expensive to
implement and it may not be general enough to solve future needs without periodic
redesign. A simpler approach is to use human analysts to look at graphs of data,
searching for the patterns of interest. Although people are good at finding patterns in
noisy or complex data, this task can be tedious and labor-intensive. If the situation
requires a response time within milliseconds, or the amount of data to be monitored is
prohibitively large, a human solution is out of the question .

THE BASIC TECHNIQUE

The purpose of the Real-Time Parser is to examine a time series signal and summarize
its shape as a symbolic data structure. It generates a high level abstract representation
of the raw data in terms of shape features such as flat, ramp, step-response, and spike.

Prior to applying the parser in real time, there is an off-line, preparatory stage where
an analyst must define the expected shape of the input signal, A library of existing
shape definitions is available. Analysts combine library definitions with numerical



parameters to form new combinations (a grammar) that specify the characteristic
patterns of their data.

We divide parsing into two independent tasks: segmentation and grouping.
Segmentation is a process of dividing an interval of data into segments that are
uniform with respect to some statistical quality. A simple example is flatness: a
segment whose values lie within some threshold distance of a baseline. We use the
term primitive to refer to a kind of shape that is recognized using segmentation.
Grouping is a process of organizing contiguous primitives into coherent patterns that
are pertinent to a particular problem-solving task. Once formed, a group may include
other groups as subgroups. An example of a group is a (second-order) step response:
either an incline or a decline, followed by an optional overshoot, followed by a flat.
We use the term pattern to refer to a kind of shape that is recognized by grouping
primitives and subgroups. We use the term shape to refer to both patterns and
primitives.

Figures 1 and 2 illustrate the basic technique. Figure 1a shows a time series segment
having the form of a classical step-response. Figure 1b shows the result of
segmenting the data into a sequence of Flats, Rises, and Drops. Figure 2 shows the
result of grouping the primitive segments into a pattern. This structure is known as a
parse tree and represents a hierarchical decomposition of the pattern. (Of course since
this example is a classical step-response, we could have applied control systems
theory to provide an equation that fits the data. The parser, however, can be applied to
the far more common case where the analyst does not have a model but can describe
the expected pattern in qualitative terms.)

Figure 1. The parser segments raw data into pieces that are constant with respect to
some statistical quality, such as slope. (a) Data illustrating a classical step-response
curve. (b) Result of segmenting the data into a series of straight-line approximations.



There are also bottom-up or data-driven approaches. They identify each element in*

the input with one of the primitives in the grammar, and then proceed to group the primitives
according to the grammar. Although bottom-up approaches can be more efficient, they
require some impractical assumptions (the set of primitives must be mutually exclusive and
exhaustive). For this reason, we have not pursued bottom-up approaches.

Figure 2. The parser produces results in the form of a parse tree, in this case grouping
the segments shown in Figure 1b into a Step-Response pattern. The five leaf nodes of
this tree correspond, consecutively, to the five line segments shown in Figure 1b.

The algorithms used for segmentation can be varied and heterogeneous. In our
applications, we have worked mainly with flats and ramps. For flats, we employ the
cumulative sum edge detection algorithm [Hinkley]. For ramps, we employ a variation
of the same algorithm to detect changes in slope rather than changes in the mean.
There are good reasons to investigate other algorithms, such as neural networks, that
are sensitive to other signal statistics. Our goal is to develop a library of such
algorithms that users can combine into arbitrary groupings.

The central algorithm used for grouping is Syntactic Pattern Recognition [Fu]. Syntax
is the way in which words are put together to form phrases, clauses, or sentences.
Rules of syntax, in the form of a grammar, are used to describe the way in which
pattern primitives combine to form higher level patterns. People write grammars to
describe the patterns in their data, and they express the grammars in a special pattern
recognition language. Grammars are processed using a technique called parsing,
hence the name, Real-Time Parser.

Our parser uses a technique known as an Augmented Transition Network (ATN)
[Woods]. It is a top-down, goal-directed, or expectation-driven approach. Thus the*

parser answers specific questions such as, "Does this signal match my definition for
Step-Response?", rather than answering the general question, "What shape is this
signal?" A goal-directed approach works as long as one knows from experience what
patterns to expect. In monitoring real-time data, this is generally a valid assumption.



We have found it advantageous to parameterize shape definitions as much as possible.
The parameters reflect for example how much noise to expect and how large the
component shapes may be. Parameterization allows a certain amount of flexibility,
since the same shape can be applied in two different situations if those situations
differ only in superficial ways such as units along the y-axis or degree of noise.

The input to the parser includes:
1. A description of the signal to be parsed.
2. The name of a shape definition.
3. A list of values to use for the parameters of the shape.

The output from the parser is a symbolic description of the signal known as a parse
tree. The parser produces these descriptions in real time as more data becomes
available.

ARCHITECTURE

Among the wide variety of alternatives for implementing the basic technique, we have
chosen a parallel, distributed approach. Parallelism allow s for greater efficiency, and
distribution allows for greater flexibility. The basic architecture divides the
information flow diagram into three layers of parallel processes: (1) data access, (2)
segmentation, and (3) grouping. Figure 3 illustrates this architecture for the case of a
Step-Response parser, The parser creates the specifics of this layout at run time:

Figure 3. The Real-Time Parser architecture consists of three layers: data access,
segmentation, and grouping. Each node is a parallel process that handles some data
and passes the results along to the right. The parser creates the specifics of this layout
at run time by consulting the definition of a Step-Response.

C A top-level function is called to request Step-Response information from the
parser.

C When creating the Step-Response process, the parser consults the user's
definition of Step-Response to determine that it requires the services of three



segmentation processes: Rise, Drop, and Flat. The parser establishes these
processes in turn.

C Finally, the data access process is established, at which point it starts feeding
data into the parser in real time.

Data flows from one layer to the next using data streams. A data stream is an abstract
channel of communication. In different implementations, streams can be connections
between threads of a process, between processes of a machine, and between machines.
Our prototype implements data streams as connections between threads of a process.

For the data access layer, Figure 4 shows some sample data relevant to a
Step-Response parser. It comes from telemetry data describing the pitch of an
underwater vehicle. Parsing can be used to measure the size of each overshoot. One
could use this information to monitor for overshoots that are unacceptably large,
indicating the feedback control loop is losing stability or that an unusually severe
perturbation has occurred.

Figure 4. The figure shows some sample data relevant to a Step-Response parser,
representing a series of step-responses in the pitch of an underwater vehicle.
Overshoots can be seen at times 2.1, 4. 7 , and 10.0.

In the middle layer, each segmentation process works independently of the others to
find which time intervals of the signal match its particular criteria and which intervals
do not. Conceptually, the output of a primitive is a "1" for each data sample that
matches and a "0" for each data sample that does not. We have found it more
convenient, however, to describe a whole interval of the signal at once and send it as a
composite message to the next layer. The primary advantage of composite messages is
a considerable degree of data compression.



Figure 5 shows the output of the three segmentation primitives associated with the
example data. Note in the figure that more than one primitive will occasionally match
the data at the same time. For example, the signal appears to simultaneously match
Flat and Rise at 3.0 seconds. The Flat monitor may or may not match a gently rising
slope depending on the choice of the user-specified parameters that define flatness
(Flats need only be approximately flat). In general, more than one of the segmentation
algorithms may declare a match at a particular time. It is up to the higher-level Step-
Response process to choose one, based on what it is expecting to come next in the
pattern.

Figure 5. The three segmentation processes for Step-Response produce these three
signals when fed the data of Figure 4 as input. The output is "1" when the data
matches and is "0" otherwise.

For the third layer, there is a single node for grouping primitives into Step-Responses.
This node takes its input from each of the primitives in the preceding layer. It runs an
ATN to group the primitives into the required pattern. The output of the third layer
feeds a data stream directly to the client who has requested Step-Response
information. Each object produced by this data stream is similar to that produced for
segmentation primitives (interval descriptions), but a parse tree is also incorporated.

Table 1 shows the results of running the Step-Response monitor for the data in Figure
4. The first column is the size of the overshoot as a percentage of the size of the step.
The second column is the time that the overshoot peaked. The third column is the time
at which the parser has sufficient information to confirm that it has detected an



overshoot and report on its magnitude. The first and last Step-Responses have no
overshoot.

Table 1. The parse tree results of the Step-Response parser can be used to extract the
size of each overshoot. Each row shows the size of an overshoot, the time of its
occurrence, and the time that the parser reports the information.

It is important to understand that some delay between the time of occurrence and the
time of report is unavoidable. The delay occurs because the parser cannot report the
information until the Step-Response reaches steady -state (Flat). This is appropriate
because the height of an overshoot is a function of the

steady-state value of the signal. Of course the time required to process the data
contributes to the delay, but in this case its contribution is small.

Two important real-time issues that were addressed in the detailed design and
implementation were:

C What happens when a task cannot keep up with the data rate? If too much data
is being received, the receiving process may choose not to buffer it all,
effectively desampling the input data. This should lead to a graceful degradation
in parser behavior rather than a sudden collapse.

C How is response time controlled when the duration of a pattern is long? We
have implemented a mechanism for the parser to send intermediate status
reports (part of a shape) at regular intervals, in addition to final results (the
whole shape). Thus it may be possible to "see what's coming" even before the
entire shape has been observed. This mechanism has a predictive flavor that we
have not yet fully explored.

OBSERVATIONS

The basic technique of Syntactic Pattern Recognition has been in use for several years
in the FAES project [Delatizky et al]. FAES combines the results of pattern
recognition with traditional signal processing and an expert system to perform a data
analysis task currently done by people. Using FAES, we have developed a knowledge



base that performs shutdown analysis of the ADCAP MK48 Torpedo.
Proof-of-concept work showed that FAES correctly analyzed 48 out of 49 test cases.
We attribute a great deal of its success to the presence of pattern recognition, which
significantly reduced the complexity of the rules needed for the expert system layer.
The reason for this reduction is the ability of the expert to write rules using intuitively
familiar language, such as "the start of the first flat" or "the duration of the decline".
FAES users can factor out of their rules the difficult problem of identifying shapes.
FAES is in its final stages of development prior to deployment into the Navy fleet.

The Navy has developed its own FAES knowledge base for proofing the ADCAP
MK48 Torpedo. Proofing is a process of comparing weapon performance to the
weapon specification. FAES has become an integral part of the proofing process.

Our success with FAES in a post-processing environment led us to implement the
techniques described in this paper to achieve real-time processing. We wrote it in
Common Lisp to take advantage of that language's superior prototyping flexibility,
with a view to later implementation in some other object-oriented language, such as
C++. The current prototype assigns each node in the parser architecture to its own
thread within a multithreaded process. The multithreaded process runs on a Sun
Sparcstation 2. The prototype simulates access to telemetry hardware by feeding data
into the parser at a controlled rate.

The speed of a parser is difficult to quantify in a single number, because it depends on
the sampling density of the data, on the available computing resources, and on the
complexity of the pattern being recognized. As a lower bound, however, the
unoptimized prototype can handle a real time signal having a sampling rate of over
4000 samples per second. Analysis shows the primary bottleneck is the speed of the
segmentation primitives. The software was written for maximum prototyping
flexibility at the expense of speed. We believe that by reversing our priorities, a new
implementation could improve performance by a factor of 10. Of course a processor
more powerful than a Sparc 2, or multiple parallel processors, would also improve
performance,

SUMMARY

The Real-Time Parser makes it is possible to automate a variety of applications that
either currently employ human analysts or that cannot be performed in real time.
Additionally, the Real-Time Parser will be faster than human analysts. Our
unoptimized prototype can handle a data stream having a sampling rate of over 4000
samples per second. One would expect a much greater level of performance by using
multiple processors and by optimizing for speed rather than for prototyping flexibility.



Our syntactic pattern recognition algorithm has the benefit that its results are intuitive
and easy to understand in comparison with traditional discriminant approaches. Where
applicable, we believe that it offers the best trade-off between analysis power and ease
of use for ordinary end-users. For signals that lack time-varying structure, however,
discriminant methods may be the only viable approach.

Although numerous pattern recognition techniques have existed for some time, there
is a clear absence of success stories bringing syntactic methods to the marketplace as a
generic tool for real-time processing of time-series data. This technology has
demonstrated its value in Navy post processing applications. The next step is to turn
the prototype into an optimized, robust system to enable deployment of real-time
applications.

ACKNOWLEDGEMENTS

The other two members of the FAES team, Karl Haberl and Steve Jeffreys, made
many contributions to the ideas behind the Real-Time Parser. Thanks are also due to
Ken Anderson for consulting on the design and implementation of this signal parser.

REFERENCES

Delatizky, J., J, Morrill, T. J. Lynch III, and K. Haberl, "Expert Analysis of Telemetry
Data," Proc. International Telemetering Conference, Vol XXVII, 1991.

Duda, R., and P. Hart, Pattern Classification and Scene Analysis, Wiley, New York,
1973,

Fu, K. S., Syntactic Pattern Recognition and Applications, Prentice-Hall, Englewood
Cliffs, NJ, 1982.

Hinkley, D. V., "Inference About the Change-Point from Cumulative Sum-Tests,"
Biometrika, Vol, 58, 1971, pp. 509-523.

Jeffreys, S., "Uniform Access to Signal Data in a Distributed Heterogeneous
Computing Environment," Proc. International Telemetering Conference, Vol XXVIII,
1992.

Woods, W. A., "Transition Network Grammars for Natural Language Analysis,"
Comm. ofACM, Vol. 13, 1971, pp. 591-601.



Research for this paper was funded in part by the Transducer Committee of the1

Telemetry Group of the Range Commanders' Council, White Sands Missile Range, New
Mexico.

Use of Nonstandard FM Subcarriers for Telemetry Systems

James L. Rieger, PE/PTBW
Naval Air Warfare Center, Weapons Division, China Lake, California1

May 31, 1993

Abstract

Subcarrier use in telemetry has decreased in recent years due to emphasis on all-digital
systems, but some cases lend themselves more easily to a mixed-service system carrying
subcarriers along with a baseband signal. The 'IRIG 106' Telemetry Standards have
maintained and expanded several series of FM subcarriers, but some uses are better served
with 'non-standard' subcarriers that might be standard in other types of service, making
components relatively easily available and inexpensive. This paper examines topics from the
RCC study and describes some of the uses of subcarrier systems available to the telemetry
designer.

Key Words: telemetry, multiplexing, subcarrier

1 Introduction

While the world has rapidly 'gone digital' in many ways from computers to compact
music discs, the nature of much data is analog in its origin and its presentation to
telemetry systems. A missile or aircraft may deal with data by digitizing it, and the
telemetry system monitors various digital signals and sends them out, but it is often
desired to also look at the raw analog signals that, the computers in the host are
manipulating, or to measure the dynamic environment of the airborne devices. Signals
resulting from seekers (imaging or not), from fuze and radar receivers, accelerometers,
acoustic transducers, and audio and video defy convenient digitization due to wide
bandwidth, dynamic range, phase relationships, or nonlinearity.

The Telemetry Group [TG] of the Range Commanders' Council [RCC], and the
TG's Data Multiplex Committee, maintains the standards for the government test
ranges, published as part of what is universally called IRIG 106, although that's no



longer its name. The standards include constant bandwidth and constant deviation
series of FM subcarriers, begun in the 1955 edition, when each subcarrier used at least
two tubes. The series have been extended over the years to include higher carrier
frequencies and wider deviations. Double-sideband subcarriers appeared in the 1971
edition of the standards, intended for use with high-frequency accelerometers, but the
series was deleted from later editions. Two series of FM carriers, with ±30% and
±40% deviations, respectively, are used for analog tape recording of wide bandwidth
and high signal-to-noise ratio, which are compatible with predetection recording
systems but not with the multiplex series.

The published subcarrier standards can be used for many situations encountered in
telemetry, but the standard subcarriers are optimum in situations where FM
subcarriers are the main service on the transmitted telemetry composite. Use of IRIG
subcarriers doesn't guarantee that a ground station has the capability to demodulate
them. Conversely, some ground stations use frequency-agile demodulators which can
tune a wide range of center frequencies, deviations, and bandwidths beyond those in
the standards. The Transducer Committee acknowledges that use of nonstandard
subcarriers, can be used effectively in systems which use mixed multiplexing systems
or have a limited number of analog signals with a time-domain multiplexed baseband.
This paper is a 'condensed' version of a publication to be issued by the RCC/TG as a
guide to use of subcarriers to solve certain problems encountered in telemetry .

2 IRIG FM Subcarrier Standards

The IRIG FM subcarrier systems come in two types, called proportional bandwidth,
or PBW, and constant bandwidth, or CBW. Within each, there are several series; the
PBW series include ±7½, ±15 and ±30% deviation sets, and the CBW series use ±2,
±4, ±8, ±16, ±32, ±64, ±128, and ±256 kHz deviations.

2.1 PBW Subcarriers

The proportional bandwidth subcarriers have deviation which is a set percentage of
the center frequency. The basic PBW ±7½% series starts with Channel 1 at 400 Hz
and are spaced at an approximate 4:3 ratio up to 560 kHz, except for a larger gap at 17
kHz once used as a servo reference on tape recorders. Subcarriers from the wider
deviation ±15 and ±30% series may be intermixed with the ±7½% series; using a
±15% subcarrier eliminates a ±7½% subcarrier on either side, for example. Bandwidth
of each PBW subcarrier is specified for a modulation index of five (considered
'normal') and a modulation index of one (considered 'maximum'). Normal and
minimum risetimes are given using the 10-90% points rather than the RC time



The two measures of risetime differ by a factor of about 2.2, with the RC time2

constant giving a lower number.

Appendix B, and the references cited therein examine the basis of signal-to-noise3

ratios for any combination of deviation and injection levels.

constant. Center frequencies, bandwidths, and risetimes for the PBW series are in2

IRIG 106, Chapter 3. The standards do not consider the characteristics of the
discriminator used; bandwidths expressed are for the VCOs only. Appendix B of the
standards recommends a 'three-halves power' pre-emphasis taper for PBW series
systems, or 9 dB/octave, which is optimum when all subcarriers are from the same
series and each use identical modulation indices. Within the limits established by the3

taper, total carrier deviation is adjusted to a number which in turn is set by other
forces.

2.2 CBW Subcarriers

The constant bandwidth series subcarriers have deviation which is a fixed percentage
of subcarrier frequency, Consequently the bandwidth, delay, and risetimes of
subcarriers from the same series but with different center frequencies can maintain
phase and time coherence between them if (and only if) the discriminators used at the
receiving end maintain the same coherence, which generally means that the
discriminators must all use the same IF frequency. CBW subcarriers are such that a
tape recording played back at half- or quarter-speed decreases the center frequency
and deviation of all subcarriers such that they are still standard PBW channels,
although of lower frequency and deviation, allowing analysis of transient events.
CBW channels are pre-emphasized by a 6 dB/octave taper rather than the 9 dB/octave
taper in PWB systems.

3 FM Subcarriers

FM carriers, like FM carriers, trade wider bandwidths for lower noise than other types
of subcarriers, and are, within limits, relatively immune to noise and crosstalk
between channels—even adjacent channels whose spectra overlap slightly—and to
intermodulation products that fall within the subcarrier's passband. FM subcarriers
were in the standards published in 1955, and were used in telemetry systems dating
back to the 1930s—since it takes fewer tubes to make an FM subcarrier than an AM
one.



The term SCO is sometimes seen, which stands for subcarrier oscillator, which may4

or may not be FM.

3.1 Capabilities

The basic FM subcarrier is a voltage controlled-oscillator, or VCO, meaning the4

output frequency of the VCO is a function of the voltage at its input. The oscillator's
center frequency is called f (or sometimes f , although the latter term should be0 c

reserved for the carrier frequency on non-FM systems, and may or may not be the
'center' frequency in FM), and the upper and lower deviation limits are called f and fu R

respectively. Typically the center frequency is halfway between f and f , but it needR u

not be, and depends on the offset used and the nature of the oscillator's deviation
linearity, the latter as noted in §3.1.2. An FM subcarrier system, owing to its DC
response, can be treated in some instances as if it were a piece of wire from the source
to the ground station.

3.1.1 Deviation Sense

IRIG FM subcarriers are polarized such that a rising voltage at the VCO's input causes
a rise in the output frequency. This deviation sense should result in no polarity
reversal when decoded with an IRIG standard demodulator.

3.1.2 Linearity

The nature of 'linearity' for an FM subcarrier has at least two meanings, In the
traditional sense, a system may be said to be linear if within the range between f andR

f , and for either deviation sense, the deviation is a constant number of Hertz per inputu

volt. This is the meaning of linearity when referring to IRIG subcarriers, and stretches
the mathematical concept of linearity only slightly, by translating the universe to
hinge about the point defined as zero output voltage.

Another meaning of linearity is based on octaves of frequency deviation rather
than on Hertz. Deviation is then said to be 'linear' if the voltage that causes an upward
carrier deviation produces the same number of octaves of downward deviation when
negative. In this case, the center frequency is no longer centered between f and f . ToR u

make matters murkier still, deviation in octaves may be expressed with respect to f or0

to zero Hertz (DC); demodulation equipment which inverts the input spectrum distorts
the demodulated signal even if both the modulator and demodulator are both linear in
this sense. Many types of FM demodulators are 'linear' only in this sense, but are
treated as being linear in the other sense because deviation as a fraction of the carrier
frequency is low. Linearity of an FM subcarrier system depends on both ends of the
link.



3.1.3 Noise Performance

An FM subcarrier typically improves the signal-to-noise ratio of the signal carried on
it, at least when the modulation index of the subcarrier is relatively high. The major
source of interference in a properly-designed FM subcarrier system is crosstalk due to
adjacent channels and intermodulation distortion between other carriers in the
channel. FM systems are such that they do not fade gracefully when signal-to-noise
ratio on the channel degrades, but rather degrade significantly below some 'knee'
which can be predicted within limits. Use of pre-emphasis, generally with some
attention given to the respective modulation indices of the individual subcarrier
channels and the relation to the baseband signal, is generally arranged so that as SNR
drops below some threshold all subcarriers go to noise simultaneously.

3.1.4 DC Response

DC response of an FM subcarrier is easily provided, but a DC offset occurs as a result
of any difference between the values of f in the VCO and in the demodulator. The0

offset depends in turn on the electronics on both ends. An offset can also occur as a
result of doppler shift from the telemetry signal from a path whose length varies
rapidly, but the effects are minimal. An offset can occur in playback of a
tape-recorded version of a subcarrier, since a 1% difference between record and
playback speed will cause a DC offset of more than 6% of scale with as ±7½%
channel. Offset due to speed mismatch is even more extreme with some CBW
channels whose deviation may be less than ±1%.

3.1.5 Spectrum Occupancy

An FM subcarrier occupies more spectrum space on the telemetry channel baseband
than any other subcarrier type, a tradeoff made for noise performance which can be
greater than the telemetry baseband itself. Occupied bandwidth of an FM subcarrier is
greater than the difference between f and f , which is the absolute minimum case; foru R

a modulation index of five, bandwidth is five times the highest frequency at the
baseband input. The spectrum of an FM subcarrier with modulation is a bessel
function for sinusoidal modulation, a sinc function for square-wave modulation, and
something else for any 'real' modulation. Fortunately, FM spectra can overlap with
one another without degradation up to a certain point, a feature not shared by most
other modulation systems. 'Most' of the energy in the spectrum of an FM signal is
contained within the bandwidth described by Carson's Rule, which is B = 2 × (f + )fmax

) where f is the highest frequency contained in the input signal and )f is themax

maximum deviation from f . When the input signal is not band-limited, such as a0

digital signal, the value of f is a bit arbitrary, but is often treated as being the bit ratemax



"Linearity" comes to mind, but also drift, power-supply rejection, and a host of5

others.

in NRZ signals. There are a few other considerations to consider when sending digital
information on subcarriers as well, such as sideband energy from a
digitally-modulated subcarrier causing some degradation in the baseband signal and
spectrum of other subcarrier types.

3.2 Modulator Types

The purchaser of a prepackaged subcarrier oscillator is insulated from knowing the
inner workings of the device, which may be good or bad—especially if the device
wasn't intended for the sometimes harsh environments required for telemetry, or if the
terms used by the manufacturer to describe the device characteristics don't have the
same meaning we think they have. The designer can also build a VCO from parts or5

modules.
The most-common type of FM subcarrier is an astable multivibrator, which can

produce an output with the general shape of a square wave. Integrated circuit devices
called frequency-to-voltage converters sound ideal for use as a VCO, but typically
produce pulses of the same duration, with spacing between pulses varied to produce
the output 'frequency'. Output waveform of some VCOs may involve internal filtering.

Ideally the output waveform of a VCO is sinusoidal, but since the first
unwanted harmonic of a square wave is its third harmonic and at a level 9.5 dB below
the fundamental, the harmonic content in the output is masked significantly by
pre-emphasis, and ultimately by any premodulation filtering implicit or explicit in the
transmission channel. However, it is not considered good practice to place subcarriers
of any other modulation type above the spectrum of FM subcarriers, and if baseband
signals are place above FM subcarriers the passband of the higher-frequency signal
should be preceded by trapping.

A VCO with a sinusoidal output can be made using traditional sinusoidal
oscillator techniques, with frequency modulation accomplished by voltage-variable
capacitances, etc., but deviation percentages on such circuits are low, and since
frequency change is due to the square root of capacitance, linearity is seldom
acceptable for the purposes.

A crystal oscillator can be used as a VCO by using a voltage-variable capacitor
across the crystal to modulate the resonant frequency of the crystal slightly. Such a
system can produce only over a small deviation of f of ±0.1% or less, and mechanical0

limitations in the crystal limit high-frequency response to 20 kHz or so. Wider
deviations are produced by translating the crystal oscillator frequency downward with
a second, unmodulated crystal oscillator.



3.3 Demodulator Types

Demodulators for FM signals are available in greater variety than are modulators,
since bandwidths, DC response, tuning range, deviation sensitivity, circuit complexity
and linearity are all considerations in any system. Again, the user is often isolated
from knowledge of what the nature of the demodulation used, sometimes with
unexpected consequences. Telemetry subcarrier discriminators in the mid-1960s were
each 3½" in rack height per channel, and each rack of discriminators required a power
line stabilizer to prevent output with variations in line voltage. A discriminator built
today on a few square inches of PC board generally outperforms those of 30 years ago.

The purpose of an FM demodulator is to act as a frequency-to-voltage
converter, sometimes called a discriminator, producing at its output a voltage
proportional to the frequency at its input compared to an assumed f . Ideally an FM0

discriminator is unaffected by changes in the amplitude of its input signal nor by other
signals present on its input intended for other demodulators. As with receivers,
performance of a discriminator approaches the ideal, but does not fully achieve it.
Discriminators fall into a number of categories:

Slope detector. The slope detector is the simplest type of discriminator and converts
frequency to voltage by measuring the DC value of the voltage resulting from
the input signal being at a different frequency than that to which the detector is
tuned. Since the amount of signal passing through such a tuning system is lower
if its frequency is further from the tuned frequency, the constant-voltage FM
signal is amplitude modulated, and the amplitude variation is measured with a
rectifier detector. The disadvantages of the slope detector include a high
sensitivity to amplitude variations at the input, and lack of linearity and DC
response.

Foster-Seeley dual-slope detector. The Foster-Seeley discriminator can be thought
of as a pair of slope detectors, one tuned below f and the other above f .R u

Adjustment of the exact tuning can be provided in such a way that a DC term is
produced proportional to the difference between the center frequency of the
discriminator and the average value of the modulated signal; this voltage can be
used to vary the frequency of the local oscillator to provide an automatic fine
tuning of the system; the resulting system is a 'frequency-locked loop'. Linearity
of a Foster-Seeley discriminator does not occur naturally, but as a result of
serious tweeking. Amplitude modulation at the input of a Foster-Seeley
discriminator results in distortion on the output which resembles a full-wave
rectified version of the AM signal.



Hedlund detector. A Foster-Seeley discriminator can be quite linear and otherwise
quite effective at its design frequency, but operates poorly when attempts are
made to make it operate at other frequencies, due in part to the necessarily
slightly different Q values in the two tuners necessary for best linearity in the
percent deviation sense of the term. As a radio receiver converts the incoming
frequency to which the front end is tuned to the discriminator at a constant IF
frequency, a Hedlund detector uses a fixed-frequency intermediate frequency to
demodulate any selected input subcarrier frequency to baseband.

Quadrature detector. A quadrature detector detects FM as well as PM and AM
signals; for FM detection the AM component must be removed. A quadrature
detector works at a single IF frequency by generating a frequency identical to
the carrier frequency but shifted 90E in phase. The incoming signal is multiplied
by the local oscillator frequency, resulting in zero output if the two signals are
indeed in quadrature. If the incoming frequency changes in phase with respect
to the local oscillator (which it will do if it is of a different frequency), detector
output is proportional to the phase difference.

Duty-cycle detector A duty-cycle detector feeds the signal to be demodulated into the
input of a comparator which is in turn connected to a monostable multivibrator,
also known as a 'one-shot'. A simple pulse-duration discriminator is shown in
Figure 1.

Figure 1: Duty-Cycle Discriminator

Since the one-shot produces pulses of the same amplitude and duration no
matter how often it is pulsed, a higher input frequency will produce pulses
which are closer together, and the integrated average of the pulses is a measure
of frequency of the input signal. Because the comparator serves the purpose of
removing amplitude variations from the signal, a duty-cycle detector is
insensitive to input level variations, including amplitude modulation of the
carrier; however, the circuit itself is not frequency sensitive. Variations on
duty-cycle detectors using crystal-controlled pulse lengths or with triggering on
both rising and falling slopes of the input (see Figure 2) can decrease carrier
leakthrough and improve DC response.



There are some limitations even so—the VCOs must be monotonic and have no flat6

spots over the range used.

The response of a duty-cycle detector is by nature more linear than a
Foster-Seeley discriminator. Duty-cycle discriminators operate over a wide
range of center frequencies and deviations. While digital components are used
in a duty-cycle detector, the circuit is not really a digital circuit.

Figure 2: Double-Pulse Duty-Cycle Discriminator

Pulse-count detector. A pulse-count detector is a digital discrimination circuit which
operates by changing the incoming FM subcarrier signal to a series of pulses
and counts how many pulses are present in some time interval. Since the output
of the pulse counter is already digital, it can be manipulated by digital
means—the center frequency can be subtracted, the numbers multiplied for
scaling, or whatever. The counting interval must be at least twice the rate of the
required demodulated bandwidth, but that still can extend to Megahertz with
some effort.

Phase-locked loop. A phase-locked loop is a feedback-controlled oscillator which is
synchronized to the incoming frequency and (depending on the circuit used) the
local oscillator is in phase with the incoming signal or displaced from it by 90E.
The feedback signal used to keep the local oscillator in synchronization with the
input is thus also the demodulated output, so demodulated output voltage and
linearity are identical to the characteristics of the VCO in the discriminator, and
not necessarily like those of the VCO on the sending end. If the two VCOs are
identical, the output is linear with the input, no matter what the modulation
characteristics of the VCOs actually are. Most phase-locked loop6

discriminators are insensitive to amplitude variations in the incoming carrier
and insensitive to other frequencies present at the input. A phase-locked
demodulator takes some finite (and random) time to achieve its initial lock.



Before lock is achieved, the output of a phase-locked loop may be well outside
the linear range of the demodulator, so output is inhibited until lock is obtained,
a condition which the PLL discriminator can identify.

3.4 Subcarriers from Broadcasting

FM subcarriers are used in commercial broadcasting, both in radio and in television
sound. Subcarriers are used in a more unusual way in AM and in two-way radio.

3.4.1 FM Broadcast

A standard FM broadcast, in addition to its main broadcast program (and possibly a
stereo system, which uses a DSSB subcarrier as described in §5), may include
subcarriers which carry other services (background music, medical training, foreign
language, road conditions, etc.). Typical subcarrier channels are on 67, 92, and 110
kHz on all systems, and 22 and 40 kHz on mono systems; deviation is normally ±5 or
±7 kHz, modulation response of the carrier is normally limited to 5 kHz, and 75 Fsec
pre-emphasis is standard. Some systems also transmit a low-fidelity (2.5 kHz
bandwidth) subcarrier on 57 kHz, three tines the stereo subcarrier frequency. Injection
of any subcarrier is limited to ±7.5 kHz, 10% injection on a ±75 kHz system. The total
deviation of all subcarriers is limited to 30% of the station's total deviation.
Subcarriers are sometimes used to transmit data, which (if done with an FM
subcarrier) sends a phase and amplitude-keyed data signal with data rates as high as
38,400 bits/second and corresponding baud rates as high as 4800, greater than that
attainable on a telephone circuit.

A subcarrier of low injection (±3 kHz) may also occupy the 10-25 Hz region of
the station's baseband, to convey remote meter readings; a low-frequency subcarrier is
typically read by a pulse-counting detector. FM channel spacing is 200 kHz, but since
adjacent channels are not used, a typical receiver IF bandwidth of about 300 kHz is
common.

3.4.2 Broadcast Television

Television audio (which can be considered to be a 4.5 MHz subcarrier inserted above
the video band which ends at 4.2 MHz) may use subcarriers whose injection is not
counted with the baseband in deviation limits, so their use does not require a decrease
in the ±25 kHz deviation of the audio baseband. In addition to the stereo signal present
on some broadcasts, FM subcarriers may be present on the audio subcarrier which
include a 10 kHz bandwidth audio subcarrier at a frequency of five times the
horizontal oscillator frequency (about 15,734 Hz), and injected at ±15 kHz, and a
second 3-kHz bandwidth subcarrier at 6.5 times the horizontal frequency and injected



The system used to prevent nonsubscribers from decoding some signals is sent7

through time-domain multiplexing within the picture transmission, so not all video signals
have sound carriers associated with them.

at ±3 kHz level. Some audio subcarriers use pre-emphasis and/or companding. The
channel in which the television audio subcarrier sits is limited on the lower side by the
video signal, and on the upper side by the channel bandedge, but can safely occupy
300 kHz.

3.5 Subcarriers from Satellite Technology

When audio subcarriers are sent along with a television picture on separate
subcarriers, or when unrelated audio signals are added above the video baseband on a7

satellite transponder, the audio subcarrier spacing is usually a great deal wider than
that used for broadcast television, where a subcarrier of 5-20% injection is added to
the VSB picture carrier. Television subcarriers have used 5.5 MHz to transmit a DS-l,
1.544 Mb/s carrier with multiple audio tracks for stereo, foreign language, or cueing.
The common arrangements today involve relative wide deviation (±75 to ±100 kHz)
subcarriers on frequencies of 6.2, 6.8, 7.5, and 8.2 MHz or more closely spaced
narrow-deviation channels with bandwidths of from 3 to 10 kHz. Signals thus sent are
almost exclusively audio, and may use companding and pre-emphasis.

When subcarriers are sent with a television picture on a single transponder, the
signal is taken down to baseband and subcarriers are present at the same demodulator
as the video signal. In systems where two television pictures are sent on the same
transponder ('half-transponder') the transponder is taken to baseband and each channel
demodulated from that point. In Europe, sound and auxiliary subcarriers are
transmitted on the baseband directly and the picture is on a subcarrier of its own. In
US satellite systems not involving a picture, all carriers are directly on the baseband
and there's no standard for deviation or modulation.

4 PM Subcarriers

Phase modulated subcarriers can easily be generated from a crystal-controlled source,
or by multiplication of some pilot tone in the system. Other PM subcarriers are
operated differentially, with the modulation is conveyed by the amount of each phase
jump compared to the last state. Data modems use a combination of phase and
amplitude modulation to carry as many bits per transmitted bandwidth as possible.
Most telephone microwave operates in this way, with as many as 128 phase states.



5 DSB Subcarriers

Double-sideband subcarriers transmit signals in twice the bandwidth of the baseband
signal, a limiting case for FM and PM. Unlike FM and PM, the DSB subcarrier falls
to zero with no modulation. FM and PM subcarrier RMS deviations add vectorially;
DSB carriers can be added to a greater level depending on how independent
modulation is. A DSB signal (or any AM-like system) is not resistant to noise in the
passband due to other sources (such as sideband energy from other subcarriers or
intermodulation products), but has a 2:1 noise advantage over the background. Pairs of
DSB subcarriers may be operated on the same frequency and be separated to a large
extent at the receiver. The stereo separation signal on FM and television broadcasts is
DSB; the color signal on television is two DSB signals in quadrature. A DSB signal
needs a carrier reference available at the transmitting and receiving ends; this may be
transmitted at a different time (as in color television), at a submultiple of the needed
frequency (as in FM stereo), or using some other attribute of the modulation system. A
single 'pilot tone' can serve as a reference for many subcarriers.

6 SSB Subcarriers

Single-sideband Subcarriers are the same as translation, which offsets every
frequency in a system by the same amount; if the offset is negative the sense of the
frequencies in the translated signal is reversed. Almost all SSB signals are
detranslated to their original form, possibly by sampling the subcarrier signal at a rate
greater than twice the desired bandwidth—which has the same effect as sampling the
baseband signal. As with DSB, detranslation of an SSB signal requires that the offset
frequency (the missing carrier) and its phase be precisely known. An system built at
the Corona Laboratories (around 1967) used a 100 kHz offset to place a set of IRIG
subcarriers above the spectrum of a 25 kHz NRZ PAM signal to take advantage of the
bandwidth made possible by UHF telemetry. Translation of fuze or target video is also
possible; translation has the advantage of decreasing the number of octaves in the
signal, decreasing the problem of intermodulation.

7 Companding

Since the signals we wish to transmit are often analog in nature, concerns with the
signals include bandwidth (which may or may not include DC), preservation of the
waveshape (which may involve concern with clipping and with phase shift in the
channel), and signal-to-noise ratio over the dynamic range that the signal may cover.
A way to deal with the dynamic range or signal-to-noise or a varying AC signal is
with a compressor-expander pair, jointly referred to as a compander. The gain of the
channel is compressed, so that low-amplitude signals are amplified more than



high-amplitude signals, so that when signal amplitude is low it doesn't get buried in
channel noise. A simple compressor can be made as shown in Figure 3. The light bulb
at the output of the amplifier gets brighter for strong signals, decreasing the resistance
of a light-dependent resistor, lowering the amplifier gain.

Figure 3: Analog Compressor

The gain control may be based on the half- or full-wave rectified average, RMS value,
or peak value of the signal. Modern designs don't use light bulbs.

Companding techniques were used to increase the apparent signal-to-noise
ratios on the original sound films and in telephone circuits; the 'hi-fi' audio tracks on a
videocassette machine use companding as well. In telemetry applications, companding
can deal with voice circuits, which vary in level considerably, and with wide dynamic
range signals such as high-frequency accelerometers. For signals such as radar and
sonar, whose echoes fall in amplitude with the fourth power of distance, dynamic
range compression is a necessity. In some cases, it is not necessary to expand the
signal at the receiver.

8 Practical Applications

A subcarrier system will be in addition to whatever is on the telemetry baseband,
which in turn is typically a PCM signal a television (video) signal, a PAM signal, or a
wideband sonar or radar video image. While it would theoretically be possible to
insert one or more subcarriers into the same spectrum that is occupied by the baseband
signal (as with the color signal in broadcast television), most practical systems are
limited to use of the spectrum available in the channel that exceeds what is in use
without subcarriers present. Subcarriers decrease the signal-to-noise ratio of the
signals already present, which can often be minimized by design. Even in this digital
age, subcarrier systems are the optimal way to carry certain types of signals.



8.1 Audio Transmission

Audio associated with a telemetry signal often is associated with a 'hot mike' in the
test vehicle or annotations from an observer. Bandwidth needed is about 3 kHz, and a
signal-to-noise ratio of 20 dB may suffice—although companding may improve
subjective quality. Use of a subcarrier is generally preferable to dealing with the audio
signal directly .

8.2 High-Frequency Accelerometers

Accelerometers whose active element is a crystal can have frequency responses from
as low as DC (although the DC term is not always carried) and up to 25 kHz or higher.
Dynamic range of such an accelerometer can easily exceed 60 dB, higher than the
40-50 dB is typical for telemetry systems. A digitized version of an accelerometer
signal might require 10 bits per sample and at least 50,000 samples per second,
which—even without formatting nor accounting for other telemetry data—is 500 kB/s.
If more than one accelerometer is needed, the 500 kB/s signal is for each
accelerometer. The accelerometer's requirements would represent a large portion of
the total digital bitstream for most telemetry systems.

Sending the rest of the telemetry data as a PCM stream is a possibility, with the
accelerometer signals placed above the spectrum of the PCM signal. If the data rate
for the NRZ PCM stream is 500 kB/s, for example, the spectrum above 500 kHz or so
on the baseband can be considered available. The sidebands of the accelerometer
subcarriers cannot extend into the range below 500 kHz in this instance, so the highest
IRIG proportional bandwidth channel is the only one that could be considered, and
then only with 7½% deviation, to prevent the lower sideband from intruding into the
digital data area. Selecting subcarriers instead from group E (±32 kHz deviation)
CBW channels, the first two channels available are 640 and 768 kHz center
frequencies; if ±64 kHz channels are used, the first two group F channels available are
768 and 1024 kHz. The choice of group E or F would be dictated by the desired
modulation index and the injection level for the subcarriers. If a 2 MHz bandwidth is
desired for the telemetry signal, then the group E channels and fairly low subcarrier
injection, on the order of ±250 kHz for the higher channel and ±208 kHz for the lower
channel would be used. Assuming a 50 dB carrier-to-noise ratio for the composite at
the ground station, the demodulated signal-to-noise ratios for the two subcarriers is



The timing signal is disturbed less by noise than by phase shifting, which distorts the8

corners of the signal where the data is.

assuming that a one-MHz lowpass filter is used in the receiver and a 25 kHz lowpass
filter in the discriminator.

If two accelerometers are used, the accelerometers can be sent on a single
DSSB quadrature carrier placed at least 25 kHz above the data bandwidth. Practical
considerations would raise the actual frequency somewhat, but even if 750 kHz were
used, sideband energy would not go beyond 775 kHz. If the data signal is 500 kHz, the
data clock signal can create the 750 kHz carriers required at the sending and receive
end. Synchronous demodulation and the double-sideband transmission mode each
increase the signal-to-noise ratio obtained on the demodulated signal, so the overall
channel noise is actually decreased, although compression of the data will still be
necessary to get 60 dB dymanic range. Overall modulation from the system is due to
the digital signal (whose deviation is around ±350 kHz) and to the subcarriers, so
deviation varies with modulation on the subcarriers. Transmitter deviation is set with
both subcarriers operating with maximum input level, which can be around twice as
great as the deviation due to the PCM stream itself. This system is close to optimum
assuming that (1) the lowpass filter on the data eliminates most noise in the subcarrier
passband, and (2) phase coherence can be maintained at a level which will reduce
electrical crosstalk to a level below that which occurs mechanically in the transducers.
There is no reason why multiple subcarrier frequencies can't be generated from the
data clock signal, each operating as an AM, DSSB, SSB, or PM subcarrier.

8.3 Timing Signals

The standard IRIG time signals used at test ranges consist of a pulse-duration
modulated binary signal usually riding (as an approximately 90% modulated AM
envelope) on a 1- or 10-kHz sine wave. The timing signal may be received from a
range radio, from a satellite, or generated on board. The timing signal serves as a
timing reference in playback of a telemetry tape. The data sent on the sinusoidal
carrier modulates the carrier at a rapid rate in comparison to the carrier frequency, so
if a 10 kHz IRIG timing signal is simply mixed into a telemetry composite, the
sideband energy extends 2 kHz on either side of the signal or so. Allowing this much
space on a telemetry composite at that frequency is rarely convenient, so the timing
signal is often placed on an FM subcarrier, which occupies still more space and
generally degrades the data quality. On the other hand, translation of the timing8

signal to a higher frequency and retaining it as an AM signal is usually preferable. The
translation reference can be some other attribute in the data (such as three times the
clock rate for the PCM data) or can be generated from the timing signal itself, so long
as a way to regenerate the carrier from the data signal is possible.



8.4 Television

A television signal, whether monochrome or color, occupies a bandwidth of several
megahertz. For a television picture of the standard NTSC variety to have equal
vertical and horizontal resolution, over 6 MHz is needed—more than is transmitted by
commercial broadcasting. A color TV signal contains a subcarrier already, centered at
the 227½th harmonic of the horizontal frequency, which contains two color
component signals transmitted in quadrature. The sound carrier at 4.5 MHz may be
considered as a subcarrier, and it may contain subcarriers of its own. When a
telemetry system carries a television picture, there often exists 'side data' that must be
transmitted along with it, corresponding to other telemetry readings usually of data of
far lower bandwidths. While a two-transmitter design may be optimum in some cases,
more likely the video and data are best sent on a single composite, using less DC and
RF power than the two-transmitter arrangement and typically uses less total RF
bandwidth. As noted in §3.4.2, an FM subcarrier at 4.5 MHz, with a deviation of
between ±25 kHz and ±110 kHz, depending on what's on it, is used to send sound,
stereo, foreign language programming, data, and a few other possibilities, but the
frequency choice limits the baseband video to about 4.2 MHz, which may not be
adequate for telemetry uses. Moreover, any nonlinearities in the system cause the
color subcarrier and the audio carrier to interact, causing a coarse pattern on the
picture centered at 920 kHz which jumps when audio is present. When a telemetry
subcarrier is used to send digital data, this problem becomes pretty obvious. Since the
television signal requires a signal-to-noise ratio on the order of 40-46 dB, sideband
energy and intermodulation products should be less than that. Failing that, if
intermodulation products fall between harmonics of the horizontal oscillator
frequency, the effects are least obvious.

Telemetry systems are not limited in their bandwidth to 4.5 MHz, and an audio
subcarrier sent with the video signal is far from 'standard'. Consequently, telemetry
subcarriers often use the higher frequencies used in satellite service, beginning at 5.5
or more commonly at 6.2 MHz. Because the spacing between the top of the video
band and the lower sidebands of the subcarrier can be larger than with broadcast TV,
deviations of up to ±250 kHz are useful, allowing transmission of an NRZ data rate of
400 kB/s or more. If greater data rates are needed, use of a multiple phase-shift keyed
carrier is possible. In either case, the data rate can be locked to a harmonic-and-a-half
of the horizontal frequency to minimize sideband Interference. The use of fewer
subcarriers with more data on them to more subcarriers with less data is preferable.

8.5 Radar, Sonar, and Fuze 'Video'

Radar, sonar, and fuze receiver signals are called 'video' but do not produce a
television picture and may not represent a two-dimensional image at all. Signals of



this type are characterized by wide bandwidth, large dynamic range (often varying
with the fourth power of the distance between the receiver and target). Digitization of
such signals, especially if phase relationships are to be preserved, is generally difficult
and produces a very large number of bits. If the signal is intermittent, a digital signal
containing the wideband data and other 'normal' data is inefficient. Single- or
double-sideband transmission of such signals after analog companding or limiting
should be considered.

9 Conclusion

A telemetry system using a mixture of a wideband signal or digital composite can be
optimum if subcarriers are used in the ways suggested herein, even if a digital signal
dictates the basic telemetry system type. A more comprehensive discussion of the
issues involved in use of IRIG standard subcarriers and other nonstandard types will
be published by the RCC in a book to be issued in the next year.
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ABSTRACT

This paper describes an alterative soft-decision decoding algorithm to be used in
hybrid-ARQ error control communication systems. This new scheme promises
significant reductions in decoder complexity while exhibiting performance levels
comparable to contemporary soft-decision decoders. The development of this
algorithm is discussed briefly, its implementation is explained, and the results of
computer analysis already performed are considered. It will be shown that the method
presented is conducive to the use of a significantly reduced codeword searching
algorithm, yielding the advantages of correlation decoding without the corresponding
complexity. Keywords: soft-decision block decoding, hybrid- ARQ
(Automatic-Repeat-Request) error control, correlation decoding, additive white
Gaussian noise channel.

I. INTRODUCTION

The communication system which will be referred to in this paper is shown in Figure
1. Each block of k information bits is encoded to generate an n-bit codeword. Using
binary antipodal signaling, codewords are transmitted across a channel where each bit
is corrupted by additive white Gaussian noise. The input to the demodulator, then, is
actually a stream of real values though the transmission was binary.

Figure 1. Block code transmission across an additive white Gaussian noise channel.



A hard-decision decoding scheme assumes that the input at the receiving end is
binary. The demodulator makes a bit-by-bit decision on the incoming information and
forms a hard-limited version of the received codevector. The actual analog
measurements are ignored, and a binary decoder is implemented in an attempt to
discern the transmitted codeword and, thereby, retrieve the original block of
information.

Soft-decision decoding, on the other hand, utilizes this analog information to expand
the error correcting capabilities of the code being implemented In addition to the
hard-limited codevector, the demodulator generates a vector of n analog weights
corresponding to the actual measured value of each incoming bit. These weights can
be viewed as giving an indication of the probable accuracy of each received bit; the
greater the magnitude of the analog weight, the more likely it is that the corresponding
bit was received correctly.

In implementing forward error correction, soft-decision decoding has been shown to
yield improvements on the order of 2 to 3 dB over hard-decision decoding on an
AWGN channel [1]. The price paid is, of course, the comparative complexity of the
decoder. The soft-decision decoding schemes employed to date implement a binary
decoder in addition to the extra hardware and time required to store and make use of
the analog weight vector [2,3]. However, the algorithm presented here bypasses the
use of a binary decoder altogether, replacing it with a simple encoder and comparator.
A brief explanation of the theory behind this scheme follows.

II. DEVELOPMENT OF THE NEW ALGORITHM

Any given block encoding scheme will generate 2 unique codewords. Ink

implementing soft-decision decoding techniques, these codewords can be viewed as
forming a set of vertices of the n-dimensional hyper-cube centered about the origin in
n-dimensional Euclidean space. Each codeword, then, would be a vector consisting of
n elements in the set {+1,-1}. When encoding, bits are considered to take on values of
either 1 or 0; but for nearly all other purposes of the process to be described, the
binary set {+1,-1} will be employed, where the mapping between the two sets should
be apparent.

Each real-valued codevector coming into the receiver can be plotted in this
n-dimensional space. A complete forward error correction (FEC) correlation decoder
would map this received vector to the codeword nearest to it geometrically. In this
setting, the decoding region for each codeword would be the hyper-pyramid centered
about it with vertex at the origin as illustrated in 3-dimensional Euclidean space in
Figure 2a. The reliability of such a mapping, however, decreases as the distance



between the received vector and the corresponding codeword increases. A
hybrid-ARQ decoding scheme should decrease the decoding region for each codeword
in order to ensure a required level of decoder accuracy. The scheme at hand reduces
each of these regions into a hyper-cone extending from the origin as shown in Figure
2b [4]. Thus, received vectors falling outside any decoding region are not decoded and
a retransmission is requested. This has the effect of decreasing system throughput
while increasing decoder reliability.

Figure 2. Corresponding decoding regions of the codeword c for a complete correlation decoderm

(a), and for the present algorithm (b).

It can be shown that any vector falling within the hyper-conic decoding region of a
given codeword satisfies the threshold [4]

(1)

where DD = an adjustable decoding parameter unique to this algorithm
c = the codeword central to the hyper-conic decoding region (1 # m#m

2 )k

r = the received real-numbered vector
d = the minimum Hamming distance of the code being usedmin

The parameter DD is restricted to the real interval (0,1]. A DD of 1.0 causes the
hyper-conic decoding regions to become as large as possible while remaining disjoint
[5]. Decreasing DD serves to decrease the decoding regions, thereby increasing decoder
reliability while decreasing throughput.



One significant aspect of this decoding algorithm is that there is at most one
codeword, c , satisfying the condition above. Therefore, once such a codeword ism

found, it is accepted as that which was transmitted and the next incoming bit stream is
received. A complete correlation decoder, on the other hand, can not make a decision
until the received vector r is compared against every possible c . As will be shown,m

sufficiently concatenated codeword searching algorithms can be employed with this
scheme to attain much of the advantage of correlation decoding while avoiding the
complexity thereof.

III. IMPLEMENTATION OF THE NEW ALGORITHM

In implementing this algorithm, the actual measured value of each received bit is
stored to form a vector of n real numbers. In addition, a bit-by-bit decision is made to
form a hard-limited binary codevector from the analog measurements. These two
vectors will be used in the decoding process as shown in Figure 3. Only the k
information bits are used from the hard-limited codevector. The redundant check bits
are discarded and the information vector is re-encoded to form a new codeword. This,
then, represents the codeword most likely to have actually been transmitted.

Figure 3. A block diagram of the decoder implementation.

The newly formed codeword and the analog weight vector are used to evaluate
Equation (1). If the equation is satisfied, the new codeword is indeed that which forms
the vector in n-dimensional Euclidean space which is central to the n-dimensional
hyper-cone enclosing the received analog weight vector. Whether or not this was
actually the transmitted codeword cannot be definitely discerned; but it is, by design,
accepted as such since the reliability criteria have been met. The check bits are then
stripped away and the k information bits are retrieved in proper sequence.



If Equation (1) is not satisfied, the codeword in question is rejected. In this case, a
series of error patterns E (1 # m # 2 ) is used to alter the hard-limited informationm

k

sequence. Each error pattern is a vector of k bits with a 1 in every position where the
information vector is to be changed [2]. The original vector of information bits is
added, modulo-2, to an error pattern, forming a new series of information bits each
time as shown below (note here that the information sequence is once again being
regarded as containing elements in the set {1,0} ).

I = I ¾¾ Em o m

This resultant information vector is then re-encoded, forming a new codeword to be
compared against the original analog weight vector.

This process is repeated until either a codeword is found satisfying Equation (1), or it
is determined to be disadvantageous to continue. As should be expected, the
likelihood of obtaining a correct decoding will decrease with each successive error
patter used. However, as can be seen statistically and through computer simulation,
the probability of making an erroneous decoding will drop off even more rapidly. The
harm, therefore, in carrying out the decoding process thoroughly lies solely in the
corresponding decrease in decoder throughput.

There is an obvious upper bound of 2 possible error patters with which to alter eachk

received codevector in an attempt to obtain the transmitted codeword (as this
represents all possible codewords for any (n,k) block coding scheme). Computer
simulation has been performed to give an indication of how far to take the decoding
process and to determine the most efficient order in which to implement the error
patterns. Some of the results of this analysis are included in the next section.

IV. COMPUTER SIMULATION

Software was developed to emulate the communication system illustrated previously
in Figure 1. In order to cover a relatively wide spectrum, the performance of this new
soft-decision decoding algorithm was analyzed with respect to three diverse linear
(n,k) cyclic block encoding schemes: the (7,4) Hamming code with a minimum
Hamming distance of 3, the (15,7) BCH code with a minimum Hamming distance of
5, and the (23,12) Golay code with a minimum Hamming distance of 7. Consistent
trends were noticed for all three codes.

Data files were compiled for 100,000 randomly generated codevectors for each of the
three encoding schemes with values of DD ranging from 0.7 to 1.0 and signal-to-noise
ratios from 0 dB to 10 dB. Each received codevector was realized as a (1 × n)



dimensional array of randomly generated Gaussian variables with mean ±1 and
variance [(n / k) × (1 / (2 × SNR)], where SNR represents the signal-to-noise ratio for
each bit being transmitted across the communication channel. Consistent with
hybrid-ARQ decoding techniques, three possible outcomes were considered for each
codevector received: C, indicating a correct decoding; E, indicating an erroneous
decoding; or R, if all error patterns failed, indicating that a request for retransmission
should be made.

Determining the Most Efficient Error Patterns

Optimally, the decoder being described would successfully decode each and every
codevector received which falls within any of the hyper-conic decoding regions
discussed in Section III. This is an impractical task, however, for block codes
employing codewords of any practical length, since a possible 2 error patterns existk

for each received codeword. Realistically, then, the decoder should implement the
error patterns in an order which will result in the most correct decodings at the earliest
possible stages of the decoding process, requesting a retransmission if continuing
appears to be futile. Knowing the order of the analog weights, certain error patterns
become obvious candidates for early implementation. However, the exact order to use
is not obvious from inspection .

In order to gain a full view of the behavior of all possible error patterns, every pattern
was tested on each codevector received, until either the threshold equation was
satisfied or all patterns had been eliminated. From this comprehensive analysis,
statistics were compiled revealing the most efficient choice of error patterns to
employ, and the order in which to use them.

The relative contributions of the ten most efficient error patterns proved to be almost
perfectly consistent for all scenarios tested. According to the simulation, the most
efficient ordering of error patterns to be used in conjunction with this decoding
algorithm is shown in Figure 4, where the following interpretation applies: Assume a
received real-valued information vector with an increasing sequence of absolute
values from left to right, such that the left-most information bit is most likely to be in
error and the right-most bit is least likely to be.

The performance of several subsets of the error patter sequence shown above is
illustrated in Figure 5 for the (23,12) Golay code and the (15,7) BCH code, using
values of 1.0 and 0.9 for DD. The left scale represents the percentage of correct
decodings attained out of the total possible (were all error patterns to be
implemented). Any of the subsets might be appropriate depending on the
circumstances.



Figure 4. The most efficient ordering of error patterns to be used in conjunction with the decoding
algorithm being discussed.

Factors affecting the decision of how many error patterns should be employed include
codeword length, the value of DD being used, and the expected signal-to-noise ratio for
each bit being transmitted across the channel. Obviously codes that generate longer
codewords will result in a greater variation of possible error patterns than shorter
codes. Also, decreasing DD eliminates the more scattered codevectors from the
decoding regions, serving to decrease the variety of error patterns necessary in
implementation. These observations are verified in the plots of Figure 5 (no plots are
presented for analysis done with , the (7, 4) Hamming code, or for values of DD < 0.9,
as no more than 4 error patterns were necessary for any of these scenarios).
It can be seen that for signal-to-noise ratios above about 7 dB, implementing any more
than 2 error patterns might not be worth the overhead. However, even for expectedly
noisy channels the vast majority of correct decodings can be attained using only a few
patterns. Even with a bit SNR as low as 0 dB and DD = 1.0 for the (23,12) Golay code,
97% of all codewords which could possibly be correctly decoded, will be correctly
decoded using only 7 error patterns. This represents a maximum of only 7 "encode and
compare" steps in the decoding process of each received codevector (remember that
once Equation (1) is satisfied for a given codevector, further decoding is unnecessary).
Even slightly better results were obtained with only 4 error patterns for the shorter
BCH code. Likewise, employing only 2 patterns yields comparable results for the
(7,4) Hamming code.

V. CONCLUSIONS

An alternative approach to soft-decision decoding for hybrid-ARQ error control
communication systems has been presented. The new method bypasses the use of a
binary decoder, replacing it by little more than a simple encoder and comparator. The
decoder maps a received codevector to a codeword if Equation (1) can be satisfied.
This rule allows for correlation decoding employing a reduced codeword searching



 
Figure 5. The performance of various error pattern subsets when implementing the (23,12) Golay
code (a), and the (15, 7) BCH code (b).

algorithm, further diminishing the complexity of the decoder. The parameter DD of this
equation is adjustable to provide the reliability-throughput curve desired by the
particular system.

Software analysis was performed to emulate this new decoding scheme, verify its
potential, and derive the most efficient set of error patterns to be used in the decoding
process. Significant results were obtained using only small subsets of these patterns.
This decoding algorithm is the subject of ongoing research, and as of yet the relative
complexity and performance potential, as compared to contemporary soft-decision
schemes, has not been precisely determined. Nonetheless, the current results promise
a substantial decrease in decoder complexity without performance loss in
implementing this scheme.
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ABSTRACT

With the advent of high-speed parallel-to-serial conversion interface standards
reaching the 1.6 gigabit per second region, it is now possible to remote entire
telemetry tracking systems over long distances without the need to maintain receivers,
combiners, computers and antenna control units at the pedestal. In addition, it will
soon be possible to digitize the RF signal(s) with high-speed flash-video
analog-to-digital converters and transfer the data over these same links. This coupled
with the improvements in fiber-optic L.E.D. and laser transmitters/ receivers and the
constantly decreasing cost of fiber-optic cable, will allow for the eventual elimination
of copper cabling for these interfaces. This will net a cost savings for the end user,
provide for easier installations and increase the reliability of the overall system.

This paper gives a brief history of the development of high-speed fiber-optic interface
links, then expands into current interface standards and their utilization (such as MIL-
STD-1553B, fiber data distributed interface (FDDI), HIPPI, etc.). Finally , a glimpse
into the future of telemetry systems and the possibilities to soon be realized as major
manufacturers of fiber-optic interfaces push well into the gigabit region.

Topics include:

Replacement of existing copper cables between controller and pedestal using
fiber-optic cable with interfaces that are not software-based intensive (black
boxes);

Multiplexing pedestal control and status lines, RF feed commands, scan
reference signals, and boresite video camera control;



Connecting and controlling multiple controllers and/or pedestals through one
common interface cable;

Operating multiple tracking stations through one remote antenna controller;

Digitized RF telemetry signals sent along with pedestal, feed, video commands
and status.

KEYWORDS

Fiber Optics, High Speed, Digital, Pedestal Control, Video, RF Telemetry Data.

INTRODUCTION

Until recently basic Telemetry Tracking systems have consisted of a single- or
dual-axis pedestal, closed-loop servo amplifiers, Cassegrain or Prime focus RF feed,
acquisition/tracking aid Video camera, control unit, and receivers. Each of these
elements have utilized some form of hard cabling in order to exchange information
with each other. Over the course of time more and more stringent requirements have
been imposed on these elements in their ability to withstand RFI/EMI radiation and
susceptibility, security risks, environmental degradation, common-mode effects, and
increasing cost. In addition, of foremost concern is that these elements need to be
spread out over wider areas of the test ranges and still recover telemetry data without
some form of compression technique to maintain dynamic range for ever expanding
bandwidth requirements and/or reduce the positioning capability of the tracking
antenna.

Thirty years ago Fiber-Optics were viewed as simply a method by which to pass
multi-colored lights through for spectral displays. However, with the advent of Light
Emitting Diodes, photo-detecting PIN diodes, LASERS, and an ever expanding
assortment of data converters for both commercial and military use, it is now possible
to utilize fiber-optics to pass data from one extreme point to another at up to 2.5
GigaBits per second. In addition, analog RF signals with all forms of modulation can
be passed through at frequencies from DC to 40 GigaHertz. With this capability the
problems and effects of hard cabling and/or microwave links have been minimized, if
not completely eradicated. When implemented, the cost of such links will be reduced
while maintaining the integrity of the data.

This paper focuses on discussing the implementation of digital interface links. Analog
links have been discussed in past papers and will probably continue to be presented.
Digital Links can further reduce problems inherent in Analog systems such as noise



and phasing mismatch, as is evident in Digital recording systems, Digital Radio
techniques, etc. This paper starts with a discussion of basic interfaces for pedestal
control of one tracking system only, addressing the conversion, encoding, and
recovery of the data. Following that, video information included with the
control/status data is presented, and finally the digitizing and transfer of telemetry
data, all over a single data link is briefly discussed. Included will be methods of
multi-antenna/ multi-controller interfaces over the same interface.

APPROACH

When deciding on the application and level of integration to be used for
communication to various elements of a system, one must consider whether: 1) The
system is in existence; or: 2) The system is a new acquisition ; and: 3) How many
elements are to be connected through a singular communication channel; and: 4) Is the
link to be unique for a given application. Another consideration is the
inclusion/exclusion of microprocessors and software. Some users prefer not to have a
unique interface with custom controllers at both ends of the link, or to modify one
station under a multi-procurement contract. The preference is to have "black boxes"
that convert signal levels normally associated with existing tracking systems into
optical data, sent through Fiber-Optic cable, and re-converted without altering the
receiver(s), controller or pedestal. In this manner any pedestal can be adapted and
interfaced with any controller with only slight internal wiring modifications in the
"black box". No modification is necessary in the pedestal or controller when the
system is relocated to another site or converted back to hard cable. Therefore, the
following philosophy was considered.

BASIC ANTENNA LINK

In order to avoid a microprocessor-based link, a circuit should be selected that will
accept digital data at high speeds, preferably in a parallel data format, allowing as
many bits as possibly to be passed through in one "frame" of data, and will allow
recovery of the data in the same manner. The device must be self-clocking and
perform error detection and correction, to minimize the bit error rate of the data being
sent. It should also have controls to direct the data entering and exiting the circuit. The
device should operate at speeds sufficient to sample the data lines without jitter or
delays. Finally, its output should be able to interface directly to readily available
Fiber-Optic transceiver modules.

A good choice for such an interface is a Manchester Encoder-Decoder typically
utilized for MIL-STD-1553B applications (refer to figure 1.). There are many of these
available. For a basic link between a pedestal and its controller, one such device



chosen operates at 2.5 MegaBits per second, and handles data frames as wide as 28
bits. 24 bits are typically reserved for actual data from commercially available data
converters such as Synchro-to-Digital (S/D), Digital-to-Synchro (D/S),
Analog-to-Digital (A/D), Digital-to-Analog (D/A), and Opto-Coupled level
conditioners. The remaining 4 bits are reserved for the address of the particular frame
of data being sent. In other words, each frame has its own unique address to be used
by a TTL decoder when the data is recovered at the opposite end of the link. This
approach was chosen such that in event of a link failure, and subsequent
re-establishment, the particular frame of data should be correctly decoded and sent to
the proper axes converters.

Three frames of data are required for most applications: one for Azimuth
control/status, one for Elevation, and one for a voice channel for maintenance
purposes. Each frame of 24 bit data is broken down as follows: 14-16 bits for Synchro
data (from pedestal) or rate control (to pedestal), 8 bits for various status lines (from
pedestal) or command lines (to pedestal). The third frame typically utilizes 8 bits for
voice, but could also be used for additional commands/status up to 16 bits (refer to
figure 2, 3).

A binary up-down counter is used to generate the address decode to be sent through
the link. Each time a frame of data is being sent through the Manchester Encoder, the
counter is strobed, incrementing the counter by one. This binary address is decoded
locally to control latches sending the next frame of data while also being placed on the
bus to be sent through with the same data when the Manchester Encoder is ready to
accept the next frame. A similar address decoder is located on the output of the
Manchester Decoder to direct the frame of data to the appropriate buffers and data
converters. Thus, a totally free running, transparent interface can be visualized .

By utilizing the unused data frame address lines and/ or various other control lines
inherent to the Manchester Encoder/Decoder it is also possible to chain multiple
antennas and/or controllers on a single Fiber-Optic link. Each location can be uniquely
addressed by simply altering, for example, thumbwheel switches located on each
board. This would allow an operator to control any antenna on the link with a single
controller byselecting its pre-determined address manually, or between multiple
controllers and antennas (refer to figure 4.). An alternate method would utilize a
Fiber-Optic multiplexer to switch between controller(s) and pedestal(s), as shown.







Such a link, while mostly utilized for older established tracking systems, does not
address the RF signals or Video information over Fiber-optics. Separate Fiber-Optic
links designed for Analog data can be utilized in this scheme. While this still reduces
the problems and cost associated with hard cables, it is desirable to integrate as much
information into as few links as possible.

CONTROL LINK WITH VIDEO

The merger of a Video signal with the control/status data requires utilization of a
faster link. Again, the use of commercially available components simplifies the
process. Devices designed for the Fiber Data Distribution Interface (FDDI) standard
produces data rates of 275 MegaBits per second, or 34 MegaBytes per second. Most
of these devices are capable of sending up to 12 bits of data and can be cascaded
serially to produce data frames as wide as desired. These devices use Encoding
techniques similar to Manchester and are designed specifically to drive Fiber-Optic
Transceivers. Therefore, by merely replacing the slower 1553 device with these FDDI
components, expanding the width of the data frame, and incorporating "flash" A/D,
D/A converters, the Video signal from the camera can be combined with control/status
data of the pedestal.

This type of interface link works well with either an existing system or a
newly-procured one. Newer systems utilizing the capability of today' s
microprocessor-based controllers and high resolution Video Display Terminals allow
direct interfacing to a bus-based system eliminating the need to convert back to
discrete signals. Operators can both observe the Video from the camera system and
operate the tracking system using only one display. Multiplexing controllers, antenna
pedestals, and operator stations can be efficiently accomplished through the computer
over a single Fiber-Optic channel.

DIGITAL RF TELEMETRY DATA

Previous data links have reduced the cabling requirement for single and multiple
systems down to three. These data links still requires the RF Telemetry signals to be
sent through separate RF cables, microwave links, or Analog Fiber-Optic interfaces. It
is now desirable to imbed the Telemetry signals with the same control/video data link
to produce one stream of data containing all previously described information. Such
links require faster clock rates for throughput.

The latest interface standards to enter the peripheral market have acronyms like HIPPI
(HIghParallel Peripheral Interface), and SCI-FI (Scalable Coherent Interface- Fiber
Interface) IEEE Standard P1596-l992. These interfaces, originally intended for linking



together Super Computers, can be configured for such applications as this paper
discusses. Devices utilized have 16- to 21-bit wide data frames operating at up to 1.5
GigaBits per second. Individual components for these interface links (transimpedance
amplifiers, clock circuits, Phase-lock Loops, comparators, LASER drivers) are
guaranteed up to 2.8 GigaHertz clock rates. Utilizing these interface standards can
achieve digitizing the Telemetry data and sending it through from point to point over
singular Fiber-Optic links. However, due to the lack of readily produced A/D, D/ A
converters to cover these frequencies and data rates, Telemetry signals may first have
to be down-converted. Fortunately, with the ever-expanding electronics industry and
use of Digital Signal Processing (DSP' s) such capability will soon be possible.

FIBER-OPTIC TRANSCEIVERS

Choosing a Fiber-Optic transceiver to relay data requires consideration of many
factors. The first is obviously price. Simple transceivers incorporating
L.E.D/Photo-Transistors for data rates up to 250 MBd sent over 2 miles can be
produced for around $ 100.00. LASER transceivers sending data at GigaBit rates over
20 miles can be purchased for $20,000.00. Another consideration is the level of
interfacing that is required. A singular point-to-point link requires only a transmitter
and receiver. However, if a system is set up like Local Area Network (LAN), it may
be necessary to include data collision-avoidance techniques like an EtherNet system.

Considerations for the use of an L.E.D.- driven system is that it is less expensive,
interfaced by TTL or ECL drivers, and has link data rates of up to 155 MegaBaud. The
tradeoffs to be considered are distance, size of the Fiber-Optic cable, optical launch
power into the Fiber, Bit Error Rate, Optical wavelength , etc. For long-haul
communications at higher data rates and/or transmission of Analog data, the preferred
choice is a LASER-based system. LASER links provide bandwidths up to 40
GigaHertz and stretch well over 20 miles without degradation. There are currently two
schools of thought as to the best methods for modulation: Amplitude Modulation and
Phase Modulation. Both are well suited for strictly digital communications because
the LASER is merely being switched ON-OFF rapidly. When these differences
become apparent is when data is transmitted on a carrier, as is the case in current
systems. One particular patented system being offered boasts of eliminating some of
the physics problems associated with Fiber-Optic communications to increase
bandwidth while allowing multiple signals at the same data rates/frequencies to be
sent over one Fiber-Optic cable. Methods employed in these transceivers are rather
in-depth and are available from these manufacturers. Future papers may address these
designs. To the user, these are merely "black boxes" and the method of modulation
being utilized is not of importance.



One approach utilized in a transceiver link over a single Fiber-Optic cable is known as
Wave Division Multiplexing (WDM). In this type of transmission, data is sent
optically in one direction at a lower light wavelength (i.e., 850 nanoMeters), while the
data from the other direction is sent at another (1300 nanoMeters). Most devices are
tailored to specific spectral wavelengths, so as not to interfere with the co-existing
source. Several manufacturers now offer Fiber-Optic WDM's, switching multiplexers,
and matrixes for combining and controlling up to 24 fibers at one time.

FUTURE SYSTEMS

Continuing advancements in Digital Telemetry communications, coupled with
improvements in Fiber-Optics and data converter technology (including Digital Signal
Processing) will soon produce reception of Digital Telemetry data directly through an
antenna and convert to Fiber-Optic for transmission to a computer-controlled station.
Transmission of Fiber-Optic data from the antenna portion of a tracking pedestal can
now be achieved reliably with commercial availability of Fiber-Optic slip ring/ rotary
joint assemblies. Compact, integrated Digital Servo drive systems with optical
encoder position sensors would be utilized to command these Tracking systems.
Information would be directed to a computer with complements of plug-in boards such
as a Fiber-Optic transceiver(s), Digital receiver(s), Decom/Decryption systems, and
real-time processing units. Many interface boards are now available. Within the next
l0 to 20 years, utilization of wire cables and Analog Telemetry equipment as we know
it will be changed. Multiple sites will be tied into one control center through a singular
Fiber-Optic cable. Through-put will be dramatically improved, facility requirements
will be reduced, and data integrity will increase.

CONCLUSION

Today's C I (Command, Control, Communication, and Intelligence) systems require3

security, indifference to environmental changes, high data integrity, growth with the
ever-increasing frequency requirements, and also must be cost-conscience in a
shrinking military budget. With the variety of Fiber-Optic components available it is
now easy to attain all these goals for both existing and future systems. The utilization
of existing circuits designed around various industrial and military standards in
building block form integration of a complete link easy. As the need for Fiber-Optics
and Digital communications increases, more and more users will begin to see the
light.
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ABSTRACT

This paper will describe the effort to provide a common telemetry system for the
Control Center Complex (CCC) which will process data from both the space shuttle
and the space station vehicles. It is being developed for the manned spaceflight
program at Johnson Space Center.

Space shuttle uses a traditional Inter-Range Instrumentation Group (IRIG) telemetry
format and Space Station Freedom utilizes the more recently developed Consultative
Committee for Space Data Systems (CCSDS) standards for packet-based telemetry
Although the two telemetry streams are very different in structure, a front end system
is being developed which will isolate the differences and provide a common data
format to the downstream elements of the control center. Because of this, a CCC
workstation could receive and process data from either space station or space shuttle
or both using a identical set of workstation program tools. The generic telemetry front
end processor, which is called the Consolidated Communications Facility (CCF), will
not only provide a cost effective method of processing space shuttle and space station
data, but also will position the CCC to support anticipated requirements of' future
programs.

The development goals for the CCC are to reduce development and sustaining costs.
In the CCF project, commercial-off-the-shelf (COTS) equipment is stressed to allow
modular maintenance. In addition, the project has emphasized the development of a
automated features in the telemetry stream selection and processing which reduce the



amount of operator attention needed. The system has been designed to include
robotics in the recording operation and artificial intelligence for detecting faults.

This paper will review the concept development for processing telemetry and outline
the architecture of the front end CCF project. It will discuss the goals and major
influences on the design, and provide a status on the development. Ability of the
current COTS marketplace to meet the goals will be discussed. In summation, this
paper will describe generic telemetry processing in the context of the CCC being built
at Johnson Space Center.

INTRODUCTION

In preparation for ground support of the upcoming space station, the development
organization of the Mission Operations Directorate (MOD) at Johnson Space Center
(JSC) began development of a Space Station Control Center (SSCC). A building
adjacent to the Space Shuttle Mission Control Center (MCC) was in construction and
requirements had been written. At the same time, development efforts in the MCC
refocused on replacement of the oldest and least reliable equipment, beginning with
the front end which included telemetry communications computers, recording
equipment and a large data switch. A study team was established to determine if there
was merit in a joint development effort of a common design. It was hoped that such an
effort would reduce both development and recurring costs.

COMMON FRONT END CONCEPT

The study began by defining a model of the telemetry processing functions. The
functions were then reorganized into layers as shown in Figure 1 .

Layer 1 terminates the ground-to-ground
protocol and interfaces with the external world.
The Goddard Space Flight Center NASA
communications network protocol (NASCOM)
is handled in this layer, thereby isolating the
remainder of the control center from any
changes in the ground network.

Layer 2 provides the spacecraft source specific
processing for the front end. This layer does the
specific format manipulation based on 



variations in spacecraft communications. It, in turn, isolates any changes in spacecraft
telemetry from any other areas of the control center.

The final layer, layer 3, formats and distributes the data to the remainder of the control
center. Ideally, the format is identical despite the spacecraft. This allows applications
to use and understand the data despite its source and isolates such applications from
changes to the spacecraft or NASA ground network.

Each processing layer removes data formatting variation such that the entire front end
produces a set of data which is identical despite its source. This model provided an
excellent framework against which to map the requirements of the shuttle and station
programs.

The study team evaluated the requirements and determined that the functions required
were similar enough to validate a single project. The team did an initial survey of the
marketplace. A strawman architecture in which the front-end processor was a VME-
based machine was proposed. The team felt a single type of machine could be used for
both space shuttle and space station applications despite the differences in the type of
telemetry between the two programs. It was also determined that a single front-end
facility could be shared between the SSCC and the MCC to produce substantial
savings. This project was designated the Consolidated Communications Facility
(CCF). Further studies have resulted in the development of the Control Center
Complex (CCC), which is a combination of the entire SSCC and MCC.

CONSOLIDATED COMMUNICATIONS FACILITY DESIGN

Since that time, the requirements for the consolidated system have been written and
the project has been divided into 6 subsystems. These are: the Consolidated
Communications Interface Subsystem (CCIS), the Consolidated Data Recording
Subsystem (CDRS), the Front End Processor Subsystem (FEPS), the Consolidated
Distribution Subsystem (CDS), the Test and Checkout Subsystem (TCS), and the
Digital Voice Interface Subsystem (DVIS). A system diagram mapping the
subsystems to the three layers is shown in Figure 2.

The CCIS consists of high-rate and low rate switching, accepting multiple data lines
from external sites and routing data to external sites. The low-rate data switch handles
the largest number of connections--it is currently specified as a 650x560 port switch.
The switch is a three-stage crosspoint design which is expandable to 4096 ports. The
switch is scheduled for installation in November of this year.



Figure 2. CCFsystem archicture

The planned CDRS technology is borrowed from the television industry which keeps
commercials on cassettes. A robot queues the tapes automatically and plays them as
scripted. The CDRS is envisioned as two sets of robotically operated tape silos. Since
these recorders do not operate efficiently at low data rates, the data will be buffered
and sent to the recorders in bursts. As it is expected that the recorder technology will
continue to improve and drop in price in the next few years, the purchase of the
recorders is slated for the end of the project.

The FEPS contain the bulk of the processing in the CCF. The current design of the
MCC contains several specialized hardware devices designed in the sixties and
seventies. Over the years, other systems based on more modern COTS have partially
replaced the front end capabilities, but never were able to completely do so. The result
is that the MCC now has hardware supporting four different design approaches to the
telemetry processing. The CCF is trying to incorporate the lessons learned from these



projects and from the telemetry model. All of the uplink and downlink layer 2
processing will reside in the FEPS. This isolation of the layer 2 means that the CCF
can adapt to the to a change in the space station downlink by impacting only this area.

Recently, the FEPS contract was awarded to IBM bidding jointly with Loral
Instrumentation. Each telemetry processing FEP will consist of a Loral System 500
Model 550 in conjunction with an IBM RISC 6000. All of the spacecraft-unique data
handling will be contained in the Loral Instrumentation machine. The same IBM
hardware platform will be used for other functions which must be performed in the
CCF. These include the functions of the TCS and CDS.

The TCS will provide the ability to create and run test data streams through the system
and to score the output to assure proper processing. The TCS will be run for
development testing as well as run routinely to validate that the hardware and software
is ready for mission support.

The CDS provides distribution of the data to the computation and display systems
throughout the CCC, including the older IBM mainframes and the local area network
(LAN) to newer UNIX workstations. The CDS consists of a packet-based switch and
assorted interfaces. One interface provides CCF element management consisting of
configuration management, status and control of the subsystems. Other interfaces are
to emulate current interfaces thereby minimizing the changes required to the older
MCC machines to reduce risk. Interfaces which are not standard LAN products are
hosted on FEP platforms .

A hardware diagram of the CCF illustrating the current status of the development is
shown in Figure 3.

COST SAVINGS

The goal of the CCF has been to reduce development and sustaining costs. The study
determined that NASA could save approximately $15M of the estimated development
costs and reduce the maintenance and sustaining costs for the front end by $2.4M per
year. The remainder of this paper will discuss some of the ideas and designs that are
helping to achieve this goal.



Figure 3. The current CCF hardware configuration.

CONSOLIDATION OF EFFORT

The CCF is being developed as a single facility. This allows the procurement, design,
and development to proceed as one process, instead of two. Additionally, several
application code modules can be common for space station and space shuttle
telemetry. While this is true whether or not the facility is shared, it becomes far more
manageable to do so within a single development effort.

Once the development is complete, a single facility has lower maintenance costs.
Operators, when required, can service collocated machines far more easily than and
duplicate staff can be eliminated. By using the same hardware platforms, a single set
of logistics spares can be used and maintenance and operations personnel training can
be reduced. Sustaining costs for one operating system and a single set of code is less.

Additionally, because the data output from the front end has a compatible format and
is output through a common data distribution system, computers receiving the data can
have access to data from either space station or space shuttle or both. This means that
applications, such as data display, downstream of the CCF may be generic in nature



and additional resource sharing can be done. This also facilitates support for future
programs by creating an environment in which only the front end must match the
vehicle. Downstream support resources can be shared.

USE OF COMMERCIAL-OFF-THE SHELF (COTS) EQUIPMENT

As far as is possible, the CCF project has been designed to use COTS equipment.
While this means that some tradeoffs were needed between the desires of the user
community and the availability of commercial products, no critical requirements were
sacrificed. The use of COT S reduces the initial development costs and provides an
evolutionary path for future expansion or upgrades. It also allows the design to be
more easily replicated at other NASA centers. Currently, Marshall Space Flight
Center is planning to use the same Front End Processors as JSC for space station
payload operations.

Some of the requirements for Space Station Freedom are beyond the capabilities of
the current COTS marketplace. This is mainly in the area of 50 MB processing for
telemetry.

However, 35 MB has been achieved and this development is clearly on the horizon.
Loral Instrumentation and IBM believe that they can attain the required rate by next
year.

AUTOMATED FEATURES

A concerted effort has been placed on including automated features in the CCF
whenever it is cost effective. All machines in the CCF will produce status and accept
commands both at a local terminal and through a remote interface. The CCF Element
Manager (CEM), provides a consolidated status and control mechanism for all front
end elements.

This means that no local computer operators are required in the front end in normal
day-to-day operations .

The recorders are managed by robots which routinely handle selection to a new tape
when the current one is full. The tape recorders will encode the tape with the time and
data source, and maintain a database of all tapes currently in its silo. The silos will be
sized to hold seven days of shuttle orbiter and space station data. Remote commanding
of playback requests will allow a single person to operate the recorder subsystem for
all data streams for both space station and space shuttle.



Several features have been included in the FEP's to reduce the amount of intervention
required to process the data streams. Currently, the data controller must routinely
switch the data source from one to another as the orbiter circumnavigates the globe.
The new FEP's will have the ability to simultaneously receive up to five data inputs. A
source selection algorithm will be used to choose an incoming data stream, determine
when data has stopped flowing or its quality is no longer acceptable, and move to
another active stream. Similarly, when the data is inverted or encryption has changed,
the system will automatically change the switch to reroute the data appropriately. All
such actions will be reported to CEM for display to the data controller.

A pilot artificial intelligence program has been initiated to determine the problem
source in the case of data flow failure. This program will interface with the test
programs of the TCS. When requested, the AI program will scrutinize a data path
through the front end. At each piece of equipment, the appropriate test program is
invoked and the resulting data is scored. Based on the problem found, additional tests
may be run to further isolate the problem. Eventually it is hoped that the program will
be expanded to provide diagnostic and recovery information to the maintenance
personnel.

CONCLUSION

The CCF has developed a layered concept that provides foundation to isolate external
changes from much of the CCC. This concept and functionality can be applied to
processing of both the space station and space shuttle data streams. A joint facility
will save significant development and sustaining costs. Additionally, there is savings
to be realized in the CCF by incorporating COTS and automation. The project is
currently in development and those avenues for savings are being aggressively
pursued.
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Abstract

A data driven telemetry system is described that responds to the rapid nature in which
experimental satellite telemetry content is changed during the development process. It
also meets the needs of a diverse experiment in which the many phases of a mission
may contain radically different types of telemetry data. The system emphasizes
mechanisms for achieving high redundancy of critical data. A practical example of
such an implementation, Brilliant Pebbles Flight Experiment Three (FE-3), is cited.

Introduction

The design of a good telemetry system for an autonomous spacecraft must insure the
ease with which new data types may be added to or removed from the telemetry
stream and the ease with which that new data may be decoded. To achieve this a
packet/priority based flight telemetry system is recommended where data may be
submitted for telemetry in raw form or inside structures known as circles (circles hold
a short history of a data value; thereby, providing data redundancy for that item). The
telemetry decoder should only be able to recognize a data packet and depend on an
input file to bind data structures to the data being carried inside the packets. It should
have no knowledge a-priori about the data being telemetered. After binding type
information to the data, the decoder can output the data in a standard format. An
interactive data analysis tool (which can parse the output of the decoder) can be
employed to display the data in a graphical form, or perform further reduction on the
data.

Flight Telemetry Services

The flight telemetry system must provide the flight software tasks many services.
They are: TELEMETRY_START - Initialize telemetry system; TELEMETRY_SEND -
Inject data items into telemetry stream. Items that must be specified in this request are



1) Data identifier (unique integer), 2) Data size (number of words in telemetry
request), 3) Location of where data to be telemetered can be found, 4) Frequency at
which data is to be injected into telemetry stream, 5) Total number of times data is to
be injected into the telemetry stream over the specified period in 4. (for many data
items this number will be "forever"), and 6) The priority of the request. Observe that
when a telemetry request is generated, it may implicitly induce data redundancy into
the telemetry stream by specifying a frequency above the update rate of a data value.
For instance, if a data value was updated at 20Hz; but the telemetry frequency was
specified at 40Hz, a 2X data redundancy would be achieved; TELEMETRY_UP_
REQUEST_PRIORITY - Up the priority of a previous telemetry request. The new
priority as well as the location of where data to be telemetered is located must be
included in this request; TELEMETRY_ DELETE_REQUEST - Delete a previous
telemetry request. The location of where data to be telemetered was located must be
specified in the request; TELEMETRY_INQUIRE_ STATUS - A mechanism for
determining whether the telemetry system (hardware and software) is encountering
difficulty in operation.

Telemetry Circles

Data redundancy may also be introduced by telemetering a short history of an item as
opposed to one instance of it. This short history structure is known as a circle. The
circle contains a header and a number of records which contain the most current
sample value and prior values. The circle records may be one computer word or many.
See Figure 1. The telemetry system provides two utilities for circle utilization:

Figure 1. Examples of circles. In (A) the circle is
comprised of three records each containing 4 variables. In
(B) the circle is comprised of five records each containing
two variables. In both cases, the shaded record has been
most recently updated.



INITIALIZE_ TELEMETRY_CIRCLE - Initialize a circle to hold a short record of
structure values. The size of the structure, the number of structures to be recorded in
the circle, as well as a circle identifier must be specified; UPDATE_TELEMETRY_
CIRCLE - Copy new structure into circle. The location of the new structure ( i.e. the
new data sample ) as well as the circle identifier must be specified. Observe that when
circles are telemetered above the update rate of the data items in the circle, a high
degree of redundancy is achieved.

The Packet Structure

When data is telemetered it will reside inside a packet which will contain a packet
header and a packet trailer. The packet is of variable length up to some maximum size.
The packet header contains the following: packet Sync - series of unique bits which
identify a packet; data id - a series of bits which identify the type of data telemetered;
bit count - unsigned count of the total number of bits making up the packet; packet
number - unsigned count indicating which packet (in the series of packets the original
data was broken into) the current packet is. Examples of multi-packet data would be
images; request id - a unique series of bits assigned to the packet. Generally, this is
simply a monotonic count. The packet trailer will contain the data id, bit count, packet
number, request id and a checksum. The redundant data id, bit count, packet number,,
and request id aid in the reconstruction of packets if damage is encountered. Figure 2
depicts a packet as it has been described.

Figure 2. Recommended packet structure.

The Software Structure

Normally the flight telemetry software system will consist of two processes. The first
process acts as the interface by which the flight software may request telemetry
services (e.g. TELEMETRY_SEND,TELEMETRY_DELETE_REQUEST, etc.). This first
process validates the request and creates internal structures that conveniently package
the request for the second process, the packetizer. The request handler also has an
internal queue that is used to hold requests which are to be injected into the telemetry
stream many times over a specified interval. It is interesting to note that the internal
queue is not necessary. The interface process may choose to use the same mechanism
the other flight software tasks use for perpetuating a request sent to it. However, this
has the effect of bogging the operating system down with many requests (assuming an
event driven operating system). As long as the maximum desired data frequency is



above the minimum interface invoke frequency, the internal queue can be used with
no degradation in data fidelity The savings in event traffic is obvious. For example,
assume that eight different categories of telemetry data items require telemetry at a
20Hz rate throughout an experiment of 1000 flight seconds. If no internal queue is
used, this will result in 160,000 OS events generated to satisfy the eight categories
throughout the mission. If an internal queue is used (and we are guaranteed the
interface process invokes at a 20Hz rate), the number of OS events required is reduced
to 20,000 (i.e. 20 invocations over 1000 seconds). The above can be summarized with
the following equations, given the following definitions,

T - Telemetry duration (s); T  - Telemetry frequency (Hz); T  - Total savings OSd f sose

events
N - Number of different data items being telemetered at Tdi f

Max - Maximum desired data frequency; Min  - Minimum interface invokeddf iif

frequency

If Max <= Min  , the percentage reduction in OS events is given by,df iif

where the total savings in OS events is given by,

T  = ( T T N  - T T ) or T  = T T (N  - 1 )sose d f di d f sose d f di

Once a request has been packaged by the interface process, it must be delivered to the
second process, the packetizer. The interface process and the packetizer may
communicate in a number of ways; for instance, by a queue, by message, etc. The
packetizer does what its name implies: it breaks telemetry data into packets. As this is
being done the data is placed at a memory location which is accessible to the hardware
that accomplishes the encoding of the digital data on the transponder carrier (this can
be considered done in the transmitter). The packetizing process must be run at a
frequency that will support the maximum data rate of the telemetry hardware.
However, care must be taken to insure that the this process does not hog the CPU. To
guarantee this, a time out must be selected for the packetizer, that will balance the
need to get telemetry data out, and the Concern for not hogging the CPU.

When the packetizer is run it first checks its input queue to ascertain if new requests
have been submitted. If new requests are detected they are removed from the queue
and placed on an internal queue based on its priority. Before packetization can begin,



the process must first detect how much space is available in the region of memory
used by the hardware encoder. Once this is known, the packetizer can then begin to
traverse its internal queues on a priority basis. Within a priority level, requests are
handled on a first come first serve basis. If a request is encountered that is too large,
the next priority level is examined. This process is continued until one of the
following occurs 1) a time out, 2) all the new encoder memory is exhausted, or 3) the
request queues were traversed once. It should be noted that many other scheduling
algorithms could be used in the packetizer, for instance, shortest job first (SJF), round
robin (RR), etc. The priority based first come first serve (FCFS), with the jump to the
next priority level when too large of a request is encountered appears to be adequate
for most situations. Once the packetization is complete, the digital data must be
passed to a transmitter for modulation onto a carrier. Figure 3 depicts the telemetry
system discussed.

Figure 3. Core Processes in a basic telemetry system.

The Telemetry Decoder

The telemetry decoder has four primary functions i) byte gatherer, ii) byte comparator,
iii) data formatter, and iv) error detector. The decoder knows nothing about the actual
bytes comprising the packet sync until it reads such information from an input file
describing the packet sync (known as a ps file). The same holds true for the data
structures of the telemetered data. Such information is communicated to the decoder
by another input file (known as the types file). This input file acts as a bridge between
the flight software and the telemetry decoder. The decoder must also know which
packets to extract from the telemetry stream. Many times (especially during testing)
there is not a need to extract all packets. By reading a ptp file (packets to process file)
the decoder can be told which packets are of interest. Once data is extracted from a
packet, the decoder must verify that the data was not damaged during transmission. To
accomplish this, a checksum of the extracted data is calculated and compared with the



checksum of the packet that was telemetered. In order for extracted data to be of any
use, it must be in a format that can be understood by a plotting application program.
Thus, all data files generated by the decoder (known as break out files) should be of
the same format. The only exception to this would be for image or raw binary data.

Post Processing and Data Analysis

It is often necessary to further manipulate telemetry data after decoding before a
plotting package is used. If any original break out files are manipulated and new files
created, headers (in the newly created break out file) should be updated to reflect all
operations performed on the data. The plotting utility itself should offer an easy
mechanism for an analyst to examine data. It should be able to parse the break out file
format and prompt the user for the data directory in which a telemetry break out has
occurred. Once the user indicates this, the plotting package should display the names
of all break out files it can find in the directory. The user can then select files of
interest. The plotting tool should also allow the user to perform useful mathematical
operations on any data element.

A Practical Example

The telemetry system discussed above was implemented for the third flight
experiment in the Brilliant Pebbles test program (known as FE-3). The goal of the
Brilliant Pebbles Program was to demonstrate an autonomous interception and
destruction of a sub-orbital thrusting target by a light weight sub-orbital spacecraft.

The hardware system architecture was a two processor (R3000 based RISC) system
with a scanner that could completely read a 256K portion of shared memory (between
the processors) in approximately one-half second. The 256K was further divided into
4K blocks. The hardware made available a register that could indicate which of the 64
4K blocks was currently being read. The scanner unit read data from shared memory
and turned it into a synchronized serial stream which was fed to an encrypter. After
encryption, the serialized data was delivered to a transmitter where the data was
encoded onto a carrier for transmission to a ground station. The transmitter output data
at 4 Mbits/second.

The OS architecture was essentially a four level (timer, software, background,
background1), message based system in which hardware control software ran at timer
level, time critical software ran at software level, and remaining software tasks ran at
background.

FE-3 Telemetry Implementation



Since the telemetry interface software did not involve time critical operations it ran at
background. However, the packetization process had to keep up with the hardware
scanner; thus, it was run at the software level. Because a dual processor architecture
was used, nearly identical copies of the telemetry interface software and the
packetization software were run on the second processor (known as processor B). This
was necessitated by the fact that certain portions of processor B's memory (which
would be telemetered) was not accessible to the first processor (processor A). Scanner
bandwidth was allocated to processor B's packetizer by processor A's packetizer using
a simple semaphore convention in another portion of shared memory not used by the
scanner. The message passing paradigm could not be used to accomplish this due to
the timing delays of using the message system at background, and the added
complexity of communicating this information to the packetizer (which resided at the
higher, software, priority level) .

The A processor's packetizer allocated bandwidth to the B packetizer based on
monitoring the ratio of bandwidth it had used and the bandwidth it had granted to B.
This ratio "goal" could be changed at any time of the mission to accommodate mission
phase transitions in which the telemetry activity of processor A and processor B might
become different. The facility for changing the ratio was placed in the telemetry
interface; thereby, providing mission software the ability to easily manipulate
bandwidth utilization by processor A and processor B. Of course, the privilege of
changing this bandwidth ratio could only be given to software running on one of the
processors. For this experiment, processor A's software was given this capability.
Figure 4 depicts the processes comprising the FE-3 telemetry system.

FE-3 Telemetry Priorities

Five telemetry priority levels were used for the FE-3 experiment; namely,
EMERGENCY_PRIORITY, CRITICAL_CIRCLE PRIORITY, INTERMEDIATE_
PRIORITY, IMAGE_ PRIORITY, and BACKGROUND_PRIORITY. The goal was
to balance the need of getting out critical system performance data (e.g. attitude
control system data, tracking data) with the desire to obtain phenomenology (i.e.
image) data. Since in general the critical system data would occur frequently, but be
made up of a small number of bytes and the image data would occur less frequently
but require a large number of bytes, it made sense to place the CRITICAL_CIRCLE_
PRIORITY above the IMAGE_ PRIORITY. This was in effect



Figure 4. Processes Comprising the FE-3 Telemetry System.

 saying when critical system data is not going out; telemeter images. The rational for
the other priorities is straightforward. Un-expected events were telemetered at
EMERGENCY_ PRIORITY to insure the best chance of telemetry before system
failure. INTERMEDIATE_ PRIORITY was used for data that was not system critical



and required a small number of bytes to convey. An example of this might be data
obtained from a redundant piece of hardware being flown. BACKGROUND_
PRIORITY was used to scavenge any telemetry bandwidth not being used by the
higher priority levels.

FE-3 Data Redundancy

A high degree of redundancy was used for CRITICAL_CIRCLE_PRIORITY data.
Nominally this data was always telemetered in a circle having, at minimum, three
entries. Further, these circles were telemetered twice upon a measurement update.
Thus, theoretically, at minimum a data measurement would appear six different times
in the telemetered data. However, practically speaking it turned out this might vary
somewhat due to the loading conditions on the priority queues in the telemetry
packetizer. EMERGENCY_PRIORITY data was telemetered three times upon an
occurrence of an "emergency" event. Each process in the system owned an emergency
occurrence circle. These circles had eleven entries each. IMAGE_PRIORITY data
was not redundant. Finally, INTERMEDIATE and BACKGROUND_ PRIORITY
data had no pre-defined redundancy requirements.

The FE-3 Packet Structure

The processor(s) used for the FE-3 experiment employed 32 bit words. This had the
following impact on the bit lengths of the packet header and trailer: packet sync - 64
bits (2 words ); data id - 16 bits (2 bytes); word count - 16 bits (2 bytes); packet
number - 10 bits; request id - 22 bits; checksum -32 bits (1 word). The high order bit of
the request id was 0 for packets generated on processor A and 1 for packets generated
on processor B. Each processor could generate over 2 million unique requests (2 ).21

Since almost no double precision numbers were ever telemetered, the choice of a 64
bit packet sync guaranteed a non "counterfeitable" packet identifier. The data id was
chosen to be two bytes to insure maximum flexibility in availability of packet types
(i.e. only 256 different types was deemed too limited). The sixteen bit word count
easily accommodated the maximum packet size of 4K bytes. There was no limit
placed on a minimum packet size; however, the maximum number of packets that
could be used to deliver one telemetry request was 1024 (2 ). Finally, the checksum10

was selected to be 32 bits in light of the fact that the packetizer accessed data on 32 bit
word boundaries. Figure 5 depicts the FE-3 packet structure.



The core TADA software was developed under contract by the Ball Aerospace1

Systems Group in Boulder Colorado.  IDL is a trademark of Research Systems, Inc.

Figure 5. The FE-3 Packet Structure.

The FE-3 Telemetry Decoder

The FE-3 telemetry decoder (known as tdfe3) was comprised of four primary parts;
specifically, a command line processor, a parser for the types file, a data extractor, and
an output file processor. The essence of operation was the output file processor
binding parsed data types onto the extracted packets of data. Decoding speed was
expedited by making use of the so called packets to process (ptp) file. In most testing
situations all packet types do not need to be decoded from the telemetry stream. When
only a few packet types were extracted from the FE-3 telemetry stream, real time
performance of the decoder was increased 7 fold. When all packet types were decoded
real time performance was on the order of 1 Mbyte processed per 7 seconds (on a
Mips RC 3230 class machine).

FE-3 Post Processing and Data Analysis

Most of the post processing applications developed for the FE-3 mission dealt with the
reformatting/merging of information telemetered in many break out files into one file
or the extraction of data from one telemetry file into a group of logically related files.
Data analysis was performed with two utilities. The first utility known as p.x11 was a
keyboard driven tool which could read files generated by the tdfe3 utility. The
program used a plotting language to define operations which could be performed on
read in data. Upon reading in a break out file, the program would print out the header
and place a numeral by each variable in the file. The user could then generate
individual or over-plot data by referencing the numerals of interest in the plotting
language. Many files could be read in by the utility making access to data relatively
easy. The program had a number of built in mathematical functions which could be
applied to data (addition, multiplication, differentiation, etc.).

The second data analysis tool (known as TADA  for Telemetry and Data Analysis) ran1

in the IDL graphics environment. It was a GUI tool. Upon execution, the program
would prompt the user for the directory location of the data to be examined. After this



had been ascertained, the utility would search and display the filenames of all the
break-out files in the directory. In order to access data in each file, the user simply had
to click the mouse on the file of interest. This would then open another window
displaying the data elements contained in the file. The user could then click on the
specific data item. The item would then be recorded in a transaction list. Once all data
items of interest had been selected, the user could then generate simple plots, or
over-plots. Zooms could be accomplished via mouse pointing. The TADA utility also
offered an interface for examining image data.

Conclusion

A data driven telemetry system offers many advantages. First and foremost it allows
the content of the telemetry stream to be easily changed. This is particularly useful
when at the later stages of experimental development it is discovered that telemetry of
some other key data items has been overlooked. It is also convenient for debugging
purposes and experiments where the telemetry content changes radically during a
mission. Second, it allows all tools developed for post processing and data analysis to
be re-used on other experiments. These concepts were practically demonstrated in the
Brilliant Pebbles Flight Experiment Three (FE-3) experiment.
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ABSTRACT

With the ever increasing need for faster data rates and the emergence of faster network
interfaces such as Fiber Distributed Data Interface (FDDI), the task of adding new
network interfaces to a telemetry system and supporting existing ones is becoming
increasingly more complex. This complexity can be eliminated if the data acquisition
hardware and software allows new network interfaces to be easily integrated into a
telemetry system. It is the purpose of this paper to address the issues involved when
dealing with multiple, heterogeneous, networking environments in telemetry systems.
The paper will show how the use of flexible telemetry hardware and software will
simplify the integration of new networks into an existing system, and how this
flexibility can allow data acquisition applications to take advantage of a
heterogeneous network.

INTRODUCTION

Picture a collection of workstations with multiple network interfaces from various
vendors SUN, DEC, IBM and others, and then add to the picture the data acquisition
hardware—the telemetry front end (TFE). Now the task is to develop telemetry
applications that will not only work within this environment but grow as the system
grows. It is not enough anymore for telemetry systems to support only the traditional
homogeneous Ethernet network interface. Because of the constant emergence of new
networking technologies, such as FDDI, building telemetry systems flexible enough to
support multiple networks and multiple network interfaces is ever more critical and
complex.

It is the purpose of this paper to discuss how a data acquisition system can support this
complex network scenario. The paper will first give some background information,



and then provide examples of how the integration and support of multiple networks
can be accomplished. The telemetry system that will be used to illustrate the points of
the paper consists of Loral instrumentation's PRO550 telemetry front end and the
System 500 Data Gather Library.

BASIC TELEMETRY SYSTEM

To understand the complexity of a network of telemetry systems, it is first necessary
to understand what a telemetry system consists of and the basic roles that each
component plays. Todays sophisticated telemetry system typically consists of a
proprietary data acquisition hardware with one or more workstations. To take
advantage of this distributive processing system, a client and server model is usually
implemented for communications on the network. A server process running on one
workstation can handle data acquisition requests from client processes on the same
workstation or on another workstation. The server then communicates the request to
the TFE which in turn, spawns a task to package the real time data and send it directly
to the requesting process. The telemetry application could be a data display like a
stripchart, or a data storage application that stores telemetry data to high speed disks.
Regardless of the type of network interface (FDDI, Ethernet, etc.), integration is trivial
on a single network with one network interface. The complexity arises in
heterogeneous network environments in which workstations and other hardware
co-exist on various networks and each component supports one or more network
interfaces. The following example illustrates the technical application of hardware and
software solutions to the multiple network interface problem. The telemetry system
used in the example has recently been completed by Loral Instrumentation and all
functionality described has been successfully configured and tested.

EXAMPLES OF A MULTIPLE NETWORK TELEMETRY SYSTEM

In this example, two primary network problems will be addressed. The first problem
involves supporting the addition of a new network interface to an existing system. The
second problem involves supporting multiple network interfaces within data
acquisition applications.

SUPPORTING NEW NETWORK INTERFACES

The following diagram shows a simple telemetry system supporting only one network
and one network interface.



Figure 1. Single Network

In this case, the SUN workstation runs both the server and the client applications. The
TFE is connected to the SUN workstation via a common Ethernet network. The client
processes make requests to the server for telemetry data. The server process
communicates the request to the TFE which spawns a process to package the
requested data and send it directly back to client processes on the workstation. Support
for this system is trivial, until a new IBM workstation with only a single FDDI
network interface is added.

Figure 2. Adding A New Network Interface

The addition of the IBM presents the first of the two primary problems: how to
support a new network interface. Two issues are involved. The first issue is how to
send telemetry data to the IBM when the TFE does not have FDDI network support.
The second issue is how to communicate client requests between the IBM and the
SUN when they use different network interfaces and reside on different networks.



The key to solving the first issue rests in the design of the TFE. The PRO550 TFE is
built on a two bus architecture: a proprietary MUXbus and the industry standard
VMEbus. The Muxbus is essential in providing high speed real time data transfer
between telemetry modules in the front end. The VMEbus creates an open system by
allowing off-the-shelf cards to be added to the front end. Due to the open architecture
and modular design of the TFE, readily available network interface cards are easily
added to the system. By adding an FDDI card, the TFE is able to send telemetry data
via an FDDI network interface. Because of the design of the TFE, the solution to a
complex problem becomes trivial. In addition, the system is able to grow with the
advances in networking technology and new network interfaces can be added by
simply adding a new card.

The second issue is that of communicating requests between the IBM and the SUN. In
order to receive telemetry data from the TFE, data acquisition processes on the IBM
client workstation must be able to communicate requests to the server process running
on the SUN. Since the IBM workstation does not have an Ethernet interface, a
gateway must be created to allow packets on one network to reach the other network.
By adding the FDDI network card to the TFE, the basis for this gateway is also
established. Since the TFE provides access to both networks, a software gateway on
the TFE can be created using static route tables.

Once the gateway is setup, data acquisition processes running on the IBM client can
send requests through the gateway to the SUN.

The gateway receives packets from the IBM through the FDDI interface and routes
them to the SUN server through the Ethernet interface. When the request reaches the
server, the server communicates the request to the TFE. The TFE then spawns a task
to package the telemetry data and transmits the data directly to the requesting process
on the IBM workstation using the FDDI network interface.

There are several benefits to using a software gateway through the TFE. Not only is a
software gateway easily configurable and uses industry-standard routing utilities, but
it also reduces the cost and complexity of a system by eliminating the need to
purchase a separate hardware gateway. In addition, once the system is configured, the
existence of multiple networks becomes transparent to the user. To the user, the whole
system operates as if it is on a single network. The only clue that might give away the
system's true configuration would be the higher data rates for telemetry applications
on the IBM's FDDI interface.

Because of the open architecture in the telemetry system used, supporting a new
interface on a network is a simple and painless process. Workstations with a different



network interface can be added to a system and a new network interface can be added
to the TFE quickly and easily. In addition, the telemetry system is able to serve two
crucial needs. Not only is the telemetry system able to accommodate data acquisition
through various network interfaces, but it is also able to serve as the gateway between
two different networks.

SUPPORTING MULTIPLE NETWORK INTERFACES

In the previous section, a workstation with a single new network interface was added
to an existing telemetry system. In this section, the addition of a workstation capable
of supporting various network interfaces presents another interesting challenge.

The following diagram shows same telemetry system previously defined but with the
addition of a DEC workstation that supports two network interfaces, Ethernet and
FDDI.

Figure 3. Adding Support for Multiple Network Interface

Because the DEC workstation supports two types of network interface, it is desirable
to provide data acquisition applications the ability to take full advantage of both
networking capabilities. To accomplish this requires that each application has the
option to specify its desired network interface. However, accommodating all the
various network interfaces in an application can greatly increase the time spent in
coding and can result in programs that are not extensible to future networking needs.
The solution to this problem is to provide a level of abstraction to the application
which hides the underlying complexity of the network.



The Data Gather Library is a library of C language function calls that can be used to
gather telemetry data from the PRO550 TFE. From this library, application
programmers can develop custom telemetry applications such as real time displays or
data archiving applications. By designing this library to provide a level of abstraction
to the network, applications can use library calls to display or store data from any
available network interface.

One advantage of providing a level of abstraction to support multiple network
interfaces is that it allows the application developer to concentrate solely on the design
of the application. In addition, the application developer would not have to be
concerned about changing the application code to support new network interfaces.
This would be taken care of in the Data Gather Library. Once a new interface is
configured into the telemetry system, the application can specify the interface in its
calls to library routines and can expect the data to arrive using the specified interface.

Another advantage of this design is the flexibility it provides the application in
choosing its desired network interface. For example, there are two network
interfaces—Ethernet and FDDI—available on the DEC workstation. The application
programmer can choose to design his application strictly using the faster FDDI
network interface or give the application user the option to decide at run time which
interface to use. In addition, multiple applications can be running on the DEC
workstation with each application using a different network interface. A real time
display process can be using the slower Ethernet network interface and the data
archiving process can be using the faster FDDI interface. This flexibility can also be
used to help alleviate high network traffic and setup dedicated telemetry networks.

Now back to the example. Depending on the system configuration, data acquisition
applications running on the DEC workstation can send requests to the SUN server via
either the Ethernet or the FDDI interface. Requests to gather data are made through
calls to the library. When making a request, the application can specify the network
interface on which the TFE is to transmit the data. Once the server receives the
request it sends the request to the TFE. The TFE then packages and transmit the data
back to the requesting process on the client workstation using the specified network
interface.

CONCLUSION

The configurations possible for multiple network environments seem almost endless
and networking telemetry systems is difficult enough without having to deal with
multiple networks and new network interfaces. However, with newer network
technology like ISDN and ATM on the horizon, the networking environment is only



going to become more complex. Telemetry systems must be able to support the future
of networking as well as accommodate the present networking needs. By providing
flexibility in network configuration at both the telemetry hardware and software
levels, a telemetry system will not only be able to support a multiple heterogeneous
networking environment but also, with minimum effort, new network interfaces can
be added to existing systems. In the end, all of this aids the application programmer in
developing better data acquisition applications and allows application users to take
full advantage of new networking technologies.
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ABSTRACT

Schedule and budget constraints have created a need to produce satellite
control centers quickly and efficiently. This need drives the development
of a reconfigureable satellite control center. This paper describes such a
system. The system is built on an open platform. It can be produced
quickly and adapted to a specific satellite or satellites easily. It performs
the core functions necessary to monitor and control satellites, and is
continually adding new functionality. The system's architecture and
openness allow upgrading for new requirements or improvements in
technology.

BACKGROUND

As governments and private companies re-think their satellite programs, it is evident
that shorter development times and lower-cost solutions are necessary to make wise
use of tight budgets. Custom solutions, built from scratch, are no longer an option.
Although the ground segment of a satellite system represents a smaller portion of the
budget than the flight segment, it is an area that is subject to substantial cost savings
in both development and operations.

The ground segment incorporates three high-level functions. Telemetry to access the
health and safety of the spacecraft and payload is down-linked. Commands are
up-linked to control the spacecraft and payload, and to maximize its usefulness.
Finally, payload data, such as science data for a NASA mission or communications
data for a telephone company, is received and processed. These functions are
performed in real-time, 24 hours per day, seven days per week. Figure 1 shows the
physical layout of the ground segment and associated data paths for the three
functions.



Figure 1. Physical Arrangement of System

An intimate relationship exists between the health monitoring function ("telemetry" as
we know it) and the command function. This requires a unified system to perform
both these tasks in the Satellite Operations Control Center. This system must also be
able to separate and distribute payload data on the appropriate satellite programs, and
to perform a monitoring function on that data. This ideal system must be flexible
enough to be of a standard design, yet versatile enough to be uniquely configured for
any given satellite. It must interface to each of a fleet of satellites, such that major
users do not need to procure separate systems for their different craft. It must be made
of state-of-the-art hardware and run by state-of-the-art software, yet be upgradable in
the years of its life to take advantage of significant improvements in technology.

Such a system has been developed jointly by two divisions of Loral, the Data Systems
Division with their telemetry experience and products, and the AeroSys Division with
their satellite monitoring and command experience and software. That system is
described here.

SYSTEM OVERVIEW

Functional assignments on a typical satellite program are shown in Figure 2. Since the
Satellite Tracking Ground Station is often at a remote location with relation to its user 



Figure 2. Functional Assignments



community, that Station' s functions are somewhat limited. The antenna is pointed to
the satellite and tracks it automatically, bringing down-link data to a radio receiver
and signal conditioners/bit synchronizers for reconstruction and output on the
network. The information is archived locally also, and possibly the Station includes
some display and command generation capability as a backup to the other sites.
Commands from the network are formatted and transmitted on the up-link channel
frequency.

Most data handling and command generation are centralized at the Operations Control
Center, which is described as the focal point of this paper. The center is built around
an existing telemetry system design and uses a powerful hardware preprocessor for
most merging, processing, archival, and distribution. Each of several workstations has
independent processing capability, while one has local ground station control and
another has satellite command generation and initiation capability.

The system distributes payload data to a Payload Operations Control Center at the
same or another location for detailed analysis.

DESIGN CONCEPTS

The design engineers for the system took advantage of recent developments in
telemetry- related products as they planned this center. This started with the open
systems concept, where both hardware and software elements are industry-standard
and lend themselves to easy upgrades in the expected lifetime of the center.

Hardware openness starts with modular construction of the preprocessor, and
interconnection of module setup and diagnostic ports on a VME bus. It includes
archival of programs and data on a SCSI or SCSI-2 bus. It also involves distribution of
data and commands at high rates on Ethernet, expandable to a fiber FDDI network.

Software openness involves Unix and/or POSIX as the operating system at the
preprocessor and at every operator workstation. It extends to the use of
industry-standard TCP/IP protocol and UDP for data networking,
OSF/Motifstyle-guide-compliant interfaces for operator input, and ANSI SQL-based
databases. In addition, all displays are in X-windows for versatility and ease of
arrangement and interpretation.

A valuable fallout from this hardware and software openness is the ability to use
workstations of several types from several manufacturers, all interfaced in hardware
and software so that the seams are invisible.



Another design concept is the use of a distributed system, using a client-server
paradigm. Software functionality is distributed among any number of workstations
necessary to perform efficient operations. The system can be configured to execute
functions on any processor with the necessary resources for that function. Redundancy
can be configured automatically. The client-server architecture defines clean
interfaces among subsystems. Modifications or upgrades to one subsystem do not
affect other subsystems as long as the interface remains constant. This reduces the
effects of changes and enhancements.

The core system configuration for the system is the Loral O/S90 Data and Command
System. The interface for down-link data and up-link commands is through Loral's
EMR 8715 Preprocessor. The operator interfaces are via computer-powered color
graphic workstations; the center may have one to twenty from Sun, Digital, IBM, HP,
or Silicon Graphics as desired. All interfaces between the preprocessor and
workstations are via industry-standard Ethernet, so the system is easily expandable.

In each system, a satellite simulator is installed to receive commands and generate
data for system checkout. The complexity of the simulator is subject to definition as
system requirements are derived with the user.

The up-link/down-link interfaces between the Center and the satellite communications
network reside in the hardware preprocessor. Since this is a hardware device, it is
uniquely matched to the satellite or satellites by selection of modules. For example,
modules are available for phase-shift-keyed data and/or commands, NASCOM data
and/or commands, CCSDS packet data and/or commands, and continuous
pulse-code-modulated (PCM) data and/or commands. These can even be mixed in a
system to accommodate different types of satellites simultaneously. Data flow is
shown in Figure 3, to illustrate the up-link and down-link relationships.

DOWN-LINK PERFORMANCE

As data comes in from the satellite, Loral's hardware preprocessor examines every
measurement for limit conditions and archives them to disk. Each individual operator
selects the telemetry points that they are interested in monitoring. These are normally
predefined displays, but individual telemetry parameters may also be requested. In this
way, the system captures, limit checks, converts to engineering units, and archives all
data, but only those telemetry points actually being monitored are processed through
the network.

All this up-front analysis takes place in one or more distributed-processor modules,
built of high-speed, high-accuracy, high-resolution chips and run by efficient 



Figure 3. Data and Command Flow

algorithms which are defined by microcoded sequences. Loral or a user can modify
the operation if desired to accommodate new processing requirements.
The same processor module converts measurements from binary numbers generated at



the satellite to meaningful engineering unit designations such as degrees and meters. It
examines each measurement to detect critical conditions, and generates an "event"
message with the data to notify the operator of the alert or alarm state. Each event can
be broadcast to all workstations, or transmitted to specific operators.

After each point is examined, the data goes to a preassigned location in a
current-value table (CVT) in the preprocessor. This CVT then contains, at any given
moment, the most recent values of all measurement points on board the satellite.
Several times each second, the CVT is selectively broadcast over the network to each
workstation which has requested data. Since only the required subset of the entire
CVT is transmitted, Ethernet bandwidth is conserved. Each workstation operates
independently, so that users can process satellite data differently and display different
measurements in different ways simultaneously. Due to the open software standards,
users can move from station to station with no difficulty.

A typical real-time display of data has one to four windows. Each can be dedicated to
a specific device on the satellite, and displays the condition of that function
graphically and also as engineering units for fast and accurate analysis. Alarm and
event conditions are prioritized and shown by special colors, and an audible alarm can
be generated if the operator wishes. One display is shown in Figure 4.

During the operations phase of a satellite, it frequently becomes necessary to depict
the orientation of the satellite relative to external objects (e.g., Sun, Earth, Stars.). A
software package called the "Spacecraft Attitude Compass" (SAC) supports
determining sun lighting conditions on the satellite's solar panels, determining bright
objects (i.e. the Sun) near a sensor's field  of view, or determining the visibility of
tracking sites.

This software presents spacecraft attitude data graphically. It computes and displays
satellite orientation with respect to a wide range of external objects. The speed and
accuracy of the SAC display reduces the risk and time it takes for satellite operators to
isolate and diagnose anomalous satellite conditions.

The SAC display, Figure 5 consists of four concurrent displays:

3 - D dynamic representation of satellite and its sensor' s fields of view.

Views of external objects (Earth, Stars, Sun ...) as would be seen from a
selected sensor or given direction from the satellite.



Satellite position shown over the Earth map that includes tracking station
coverage zones, satellite day/night zones, and the South Atlantic Anomaly.

Textual summary

Figure 4. Real-Time Display



Figure 5. Satellite Attitude Compass

Simultaneously with real-time data display, the preprocessor routes down-link data to
a hard disk for storage. The user at a workstation can recall data from an archival disk
for display with or instead of real-time information, and/or can build a time-history
sequence for trend analysis at a workstation, and/or can copy a hard disk periodically
onto a removable cartridge tape for long-term archival. All up-link and down-link
operation is implemented by a powerful SQL data base in the main workstation,
the"system server". This resource contains all details necessary to set up the hardware
in the down-link data path uniquely to handle each measurement which comes from
the satellite. Satellite sensors are defined by alphanumeric names, such that any
operator at any workstation can call up any measurement by that name for local
display. The data base contains units of measurement (as degrees or meters),
arguments for conversion of the measurement into these engineering units, and any
other information which should be accessible to the system software for processing
each satellite measurement.



UP-LINK PERFORMANCE

For up-link commands, the operator has a very detailed software resource. This spans
the area from background scheduling through on-line commanding, and allows several
priority levels if they are appropriate. The actual command initiation may be
mouse-driven, or may be entered at the keyboard through use of Satellite Test and
Operations Language (STOL). Further, the operator can pre-predefine command
access via soft function keys, so that specific commands or command sequences can
be initiated this way. The necessary precautions are taken on critical commands to
insure that they are checked before transmission. A workstation position is predefined
at log in to be the control point. This is the only location from which commands can
be issued, so that configuration control of the satellite and ground system can be
maintained. Commands can be issued in real-time and from a preplanned command
schedule. In addition, all system responses to operator inputs such as command
acceptance or rejection, counter verification, prerequisite transmission, and load
verification are logged and displayed simultaneously in the "event" window. All
commands are logged, such that the system maintains a complete history of all
commanding activity.

Developing optimal or near-optimal schedules in a modern spacecraft control system
is a difficult task. The problem is further complicated by the need to modify existing
schedules in near-real time because of unexpected occurrences. A solution to this
problem is found in the software called the "Request-Oriented Scheduling Engine"
(ROSE), a resource-allocation scheduler package that supports each phase of the
scheduling process. ROSE can schedule generic requests, ground system and
spacecraft resources, and instrument-specific view periods as shown in Figure 6.
ROSE provides batch scheduling, with various resource request selection and
placement heuristics. It also supports interactive scheduling by providing the operator
with information on resource conflicts, resource usage, and graphical displays. With
the aid of efficient search techniques, ROSE supports intelligent incremental and
reactive scheduling of user requests.

The command function includes both command validation and command verification.
Command validation (before the command is actually sent to the spacecraft) is
accomplished through syntax checks, data base lookups, prerequisite state checking,
and transmitter probe verification. Command verification, on the other hand, confirms
that commands are transmitted to the spacecraft and executed as expected. There are
four common verification techniques: "command counter comparison," "end-action
verification," "telemetry and command echo comparisons;" and "ground verification;"
each is further defined here:



Figure 6. Request-Oriented Scheduling Engine

Command counter comparisons require ground and spacecraft counters
reflecting the number of commands transmitted and received. Transmitting a
command updates the ground counter. When the spacecraft receives the
command, the on board counter is updated. After waiting for the maximum
propagation delay, the counters are automatically compared.

End-action verification monitors the telemetry stream, looking for the
appropriate change of state in the satellite based on the specific command.

Command echoes can be generated by the spacecraft or ground station to show
command receipt.

Ground verification is a two-step process. A command is transmitted to the
spacecraft and loaded on-board but not executed until the load verification is
confirmed on the ground and an "execute" command is received by the
spacecraft.

Information such as spacecraft software, ephemeris, and stored commands is loaded
and verified in a similar manner, with the entire load being sent to the satellite and



then confirmed with a memory dump from the satellite. Stored commands for
low-earth orbiting satellites are often executed while the spacecraft is out of contact
with the ground station. This requires that end-action verification occurs once contact
is reestablished, and the predicted state of the spacecraft is compared with the actual
downlink.

In a similar manner to the down-link architecture, the up-link data base contains all
appropriate details relating to composition and validation of up-link commands. This
software is integrated into the main system to generate menus, respond to operator
inputs, and provide information to the operating software as it is needed.

SUMMARY

The system described here integrates the command and monitoring functions of a
satellite ground station into a generic design which can be configured uniquely for
each specific type satellite in use. It is built with industry-standard hardware and
software modules, and can be upgraded during its lifetime to take advantage of
advances in the state of the art.
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ABSTRACT

The performance and cost effectiveness of em bedded processing has greatly enhanced the personal
computer's (PC) capability, particularly when used for real-time satellite data acquisition , telemetry
processing, command and control operations. Utilizing a transputer based parallel architecture, a
modular, reusable, and scalable control system is attainable. The synergism between the personal
computer and embedded processing results in efficient, low cost desktop workstations up to 1000
MIPS of performance.
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INTRODUCTION

The rapid advance of very large scale integration (VLSI) design during the early
1980's made it feasible to devise high performance, cost effective, and efficient
computer systems which utilize more than one processor, i.e., a multiprocessor. In
recent years, parallel processing VLSI devices have been developed which provide an
efficient alternative approach to serve the demand of fast and intensive computing.
The decrease in cost and increase in capabilities of parallel processing devices has led
to their use in multiprocessor structures for real-time control applications, using
embedded processing. We refer to these as embedded controllers. In general,
embedded controllers are not reprogrammed while in operation, therefore, they do not
require interrupts from the operating system to support standardized services.

We have found that the use of transputers for implementation of embedded processing
in telemetry applications has several advantages. A wide range of transputer programs
have been developed that are capable of being run in a standalone mode as embedded
applications, and which require minimal or no support from the associated host
operating system. A network of transputers, embedded in a conventional host
processor can work as a highly efficient, multipurpose computing engine and is



equivalent to an embedded controller. In this configuration, the conventional host (PC)
performs the job of a front end to support user interface and display activities as well
as other input / output operations. Computationally intensive tasks such as real-time
data acquisition, command and control functions are performed concurrently on a
network of embedded transputers. The host also provides the programming
environment and program downloading capabilities for the embedded processing
sub-system.

This paper describes current developments of a NASA sponsored ground control
center utilizing desktop personal computers. PC's will be used for complete real-time
spacecraft command and control, high speed data acquisition, telemetry processing,
spacecraft health and safety evaluation, and data archival exploiting embedded
processing and parallel methodologies. ln order to provide a clear understanding of the
system architecture, the events leading to the recent implementation of transputers as
embedded processing tools are reviewed.

BACKGROUND

During the early 1980's, a new ground based system development was initiated for the
flight operations control of the Nimbus 7 satellite. The design of the system focused
on achieving the following goals: low cost, high performance, short development
cycles, ease of maintenance and use, reusability of software and hardware, and
maximal use of commercially available hardware and software. The preliminary
version of the system was implemented on an IBM 8088 XT with a DOS operating
system which housed a single embedded processor based on the Motorola 68000
series chip.

These systems have been upgraded to use Intel based 80486 type PC's with a network
of transputers, the SCO UNIX Open Desktop operating system, and an OSF/Motif
Graphical User Interface (GUI) to provide a multi-user, multitasking system. A typical
system with embedded processing capability is shown in figure 1. The configuration
of the system shown in figure 1 performs the following functions: it can acquire data
transmitted from the satellite via the NASCOM data system at sustained rates in
excess of 2 megabits per second; decommutates spacecraft data frames on a bit-by-bit
or a byte-by-byte synchronization pattern search; carries out spacecraft health and
safety analysis; executes all real-time command operations to the satellite, performs
post pass analysis of all playback data (data recorded in the flight recorder of the 
satellite, while out of contact with the ground based system); distributes data for
subsequent scientific analysis, and archives all spacecraft and processed data. All
functions occur in real time or 



Figure 1 : The present model of the ground system exhibits its components for real-time data
acquisition, display activities, user interface and other input / output peripheral interfacing

7 represents the direction of data flow , an d : represents bidirectional interface

within one hour of data acquisition. In practice, we may use two or more identical
systems in a cluster mode to perform total spacecraft operations with full redundancy
and they can be interchanged to perform any required function. ln a typical
application, the systems are connected via internal Local Area Network (LAN) to a
mission planning system for command management and a file server for distribution
of data to the desired science operations facility.

TRANSPUTERS IN EMBEDDED PROCESSING

A transputer is the basic building block for a PC-based multiprocessor system
architecture. The transputer provides both computational power and communication
links which makes it possible to transfer data in a non-bus mode. Transputers feature a
built-in hardware scheduler which enables any number of concurrent processes to
share the processors time and have well defined growth paths to future technologies.

This single chip RISC (reduced instruction set computer) microprocessor, makes a
very powerful and versatile component for Parallel Processing [1]. Scalable
communications bandwidth is an equally important feature for a parallel architecture.
A transputer has four direct DMA link engines to provide highly efficient mechanisms
for inter-processor communications and data transfers while avoiding the limitations



of a shared memory design. These links and the ease of integration support the design
of functional modules. The communications channels of the transputers allow modular
design of the embedded controller on an EISA based interface board (figure 2) which
in turn results in several tasks occurring simultaneously such as data ingest and
archive, real time command and verify, and spacecraft health and safety checks.

Figure 2 : The embedded controller consists of SCSI-2 data archive module, a compute module
for intensive computing , and a Nascom interface module for communication. It also includes a

32 bit processor, and EISA-bus interface which allows sharing of data between the modules
and other interfaces.

EMBEDDED PROCESSING IN THE SYSTEM

In Pc based systems, modularity is the key factor in developing a scalable, cost
effective and reliable system. The modular processing employed in such a system can
be exhibited as shown in figure 3.

Custom modules such as the NASCOM interface, Compute modules, and 'Fast'
SCSI-2 modules are a few of the modular building blocks utilized in PC-based ground
stations. The NASCOM module receives blocked data from the satellite via
NASCOM, checks the block size and the NASA 22 bit CRC error, and buffers the
data before passing it to the Compute module.



Figure 3 : Modular processing of the present system involves bidirectional message passing
between the components : Nascom module, Compute module, SCSI-2 module, and optional

Frame Sync module, as well as Nascom network, disk and EISA bus interface to the host. -----
represents the bidirectional data flow.

The NASCOM interface module is very versatile and has the following capabilities .

Frame Synchronization Pattern size up to 128 bits in length
Programmable frame packet size from 8 to 65536 bits
Programmable correlation threshold
Programmable clock and data polarity control
NASA 22 bit CRC decoding and error detection
Supports in burst mode 5 MBit / sec ingest data rate
Six hi-speed DMA links connecting to EISA crossbar switch.

The Compute module performs intensive computing related to formatting the data and
preparing the data for subsequent scientific analysis. The SCSI-2 module provides fast
storage of processed or raw data to a SCSI disk or other SCSI devices.



RECENT DEVELOPMENTS IN COMPUTER ARCHITECTURE

During the past decade of development, three major technology issues have affected
the progress to achieve the present status of the project. These issues are the evolution
of the transputer, particularly with the recent introduction of the T9000 series, EISA
bus mastering and 'Fast SCSI-2' interfaces supporting transputers. Before discussing
the latest architecture of the ground based data acquisition systems, a brief review of
the above-mentioned issues is in order. For further detailed information in any of these
issues, listed readings [2], [3], and [4] can be suggested.

The T9000 is a new generation of the transputer series. The features of T9000 include:
programmable memory interface; 4 Gigabyte physical address space; 16 Kbyte
instruction and data cache; virtual channel processor; 200 MIPS and 25 MFLOPS
performance (at 50 MHz.), and instruction set compatible with T800 [2]. Its
packet-switched virtual communication channels support the routing of messages and
reduces the communication delays to a few microseconds from that of hundreds of
milliseconds in T800.
Today's transputers (T9000) having up to 200 Million Instructions Per Second (MIPS)
peak [2] power, can be used for computationally intensive activities and high speed bit
operations, while the Intel based host 80486 computer provides a programming
communications interface to the transputer and controls graphic displays and data
bases. The T9000 transputer [2] has just been made available. Although currently not
implemented in our design, it can be used to compliment the T800 based modules for
increased power without the need for major redesign of the existing system.

The concept of Extended Industry Standard Architecture (EISA) became available in
late 1989 and was built around a 32 bit-wide bus architecture. A major feature of
EISA is that any bus master interface controller can directly access memory and
memory mapped peripherals in the system without host processor intervention. The
EISA bus controller can adapt accesses from the host CPU, a 32- or 16-bit EISA
master or an ISA bus master. They are capable of 32-bit burst transfers at a speed of
33 megabytes per second. This feature is extremely helpful in the data acquisition
systems for handling high-speed LAN networks and feeding a fast disk drive.

The SCSI (Small Computer System Interface) is known as a parallel, multi-master
input/output (I/O) bus. It can provide extremely fast I/O operations. The SCSI-2
evolved from the original SCSI specification, added features such as higher data
transfer, greater compatibility and provides two optional enhancements towards
increasing throughput: 'Fast SCSI-2' and 'Fast Wide SCSI\I-2'. The 'Fast SCSI-2'
allows data transfer at a rate of 10 millions transfers per second over the SCSI bus.



SYSTEM ARCHITECTURE

Several systems developed since 1987 are reviewed in the proceedings of space ops
'92 [8]. Our current system architectural concepts are:

1) The primary function of the host is to provide the programming interface
to the embedded system and provide a graphical user interface. The user
interface either utilizes a DOS/ Windows or UNIX/ X-Windows/ Motif
environment depending on the applications requirements.

2) The embedded processor provides the systems computational power.
Employing the T800 with 30 MIPS peak [1] processing rate per
transputer, and capitalizing on the point to point direct communications
channels, a network of processors operate concurrently. The embedded
processor permits a flexible approach to data capture, health and safety
analysis, commanding, and science processing all on the same system. As
higher speed transputers become available, they will replace or
compliment slower speed modules.

3) The use of Commercial Off The Shelf (COTS) hardware and software is
maximized and that Industry Standards are utilized for all external
interfaces.

The system architecture diagrammed in figure 1 provides a building block approach to
ground system requirements whether it be a stand alone or distributed application.
Typically in the stand alone system, one system is used for commanding and another
for health and safety analysis. A hot redundant back up for each of the two prime
systems prevents a single point of failure and low cost protection for data or
commanding loss. Command management, scheduling, and spacecraft software image
maintenance is performed on another system with redundant back up. All systems are
networked together via ethernet for data distribution, data archive, and strip chart
recording. This self contained, integrated system, provides spacecraft command and
control capabilities on a desktop and uses standard office power and environmental
services.

The use of commercially available software and hardware for databases and displays
reduces documentation efforts and helps control cost. For example, Case tools are
used in the development cycle, OSF/ Motif is used to develop displays and user
interfaces, and FoxPro is used to generate the databases for database driven software.
Use of these standard tools reduces learning time both for operators and designers.
The small size does not mean reduced performance. During the pass, real time
commanding and command verification based on telemetry returns occur while



receiving and processing satellite data. All spacecraft systems are continuously
checked and monitored. Icons using color to designate status change are continuously
displayed and are selectable for full on screen viewing by a keystroke. Other features
which add to this system performance are:

The capability to do X-Y plots on any telemetry point for trend analysis.
Highlighting status changes due to command or events on any display.
Subsystem sorted chronological by event or mode list.
Use of optical disks for long term data archiving.
Level '0' science processing can be performed post pass or real time
depending on the missions needs.

To convert a standalone system to a distributed system, both an ethernet module and
compute module are added to the Embedded Controller board. Packets of information
are distributed to numerous display terminals using a client-server mode similar to the
X-Windows environment. This is well suited for multi-spacecraft operations or
applications where multi-instrument displays are necessary to support scientist and
experimenters.

A special purpose, full length, 32 bit Extended Industry Standard Architecture (EISA)
board featuring Bus Mastering Protocol has been designed to provide support of
parallel processing. The EISA board helps modules to support up to ten parallel
processing modules as diagrammed in Figure 2. Up to four full EISA boards may be
installed inside an Intel based 80486 host. Connections are provided to interface with
external based Massively Parallel Processing (MPP) systems (scalable up to 800
Giga-Instructions Per Second (GIPS)) when greater computational capacity is required
[3]. Industry Standard interfaces are utilized and include: 1) Small Computer Systems
Interface (SCSI) ; 2) RS-422 and RS-232 ; 3) Ethernet IEEE 802.3 File Transfer
Protocol (FTP), and Transmission Control Protocol (TCP/IP) as shown in figure 4.

PARALLEL PROGRAMMING OF THE SYSTEM

Embedded computers utilizing transputers feature a parallel architecture, which in turn
provides the ability to expand (or scalability) the hardware configuration to suit the
application. Parallel Programming of the system relies on the effective utilization of
multiple processors for increased performance. In a PC based ground system, more
computation time than time for interprocessor communication indicates a good fit for
parallel implementations. Problems such as real-time control, monitoring, event
determination, image, and science processing have already proven to be good
candidates for Parallel Programming.



Figure 4: The Mission Operations Center of TOMS Earth Probe System is connected to
external facilities such as science and FDF and internal operations such as mission planning

and health and safety via wide and local area network.

In the present system, C and Occam are used as programming languages in developing
parallel processing environment. The modularity of the system is supported
meticulously using parallel language such as Occam. Occam processes act as building
blocks of parallel processing in transputers. They allow the design of a complete
modular, scalable software to be designed on a single transputer for initial testing,
validation and helpful debugging prior to its implementation on a network of
transputers. Transputers allow mixed language programming, which makes existing
programming modules written in a conventional language such as C reusable with a
minimal addition to or change in the source code.

The efficient and appropriate utilization of a multiprocessing system depends upon its
configuration, associated overheads, and an understanding of load balancing,



performance evaluation and the cost factor. Obviously it is not possible to give the
same priority to each of these factors, and it becomes necessary to make a trade-off
between these factors. In this case, the optional frame synch module shown in figure 3
can be cited as an example. This approach of parallel programming enhances the
future modification or development plan, scalability, flexibility, reliability and easy
usability of any future architecture without major redesign of the system.

OTHER APPLICATIONS OF THE SYSTEM

Although the preliminary version of the system has been developed and designed with
the primary goals of the Nimbus mission in mind, the design methodology has
improved over the years and proved to be highly efficient, cost effective, operational
and adaptable to other missions such as Meteor 3/ TOMS and Earth Probe TOMS.
The system architecture has been updated with the progress in present technology and
modified to meet the challenging need for significantly increased performance and
intensive computation. The present version of the system is capable of handling
multi-spacecraft mission control and it can be scaled to meet new requirements with
minimal changes in configuration and design.

The depth of the discussion has been centered around spacecraft telemetry processing,
but the system should not be construed as limited to this application. The scalability of
the system provides adaptability to radar, remote sensor telemetry, airborne imagery,
seismographic, as well as science data processing. In fact, parallel processing is well
suited to compute intensive data processing applications, both in real time and post
processing applications.

SUMMARY

In summary, the use of personal computers in combination with high speed transputer
modules provides a relatively low cost, highly versatile, workstation building block
upon which satellite control centers can be built. In addition, the latest developments
in the modern computer architecture, a few of which described in a previous section
can help upgrading the performance of the presently described system.
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ABSTRACT

This paper addresses the creation of a large virtual-range environment whereby
multiple, geographically dispersed, test ranges may operate in concert to support test
operations. The most significant benefit of the virtual range environment is the
time-sharing of costly processing resources. Other benefits include improved
reliability and responsiveness of inter-range data transfer. This paper will focus on
existing and near-term technology that may be applied to create a virtual-range and
will address the technological and economic advantages and disadvantages of TDM
vs. ATM approaches.
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INTRODUCTION

Test Ranges are increasingly moving towards transmission of data, video, and voice
via digital means. This movement has been encouraged by the increasing availability
of high-speed digital networks and low-cost high-performance telemetry processors
and workstations. These systems however are effectively restricted to local operation
because the means to extend these systems beyond the range's borders are throughput
limited by present day interfaces, generally consisting of leased DS0 (64 kbps) or DS1
(1.544 Mbps) lines. Occasionally, DS3 (45 Mbps) lines or private microwave circuits
are available.

The situation though is improving rapidly as public carriers begin to deploy the
Synchronous Optical Network (SONET). SONET will ultimately allow users to



communicate at rates in excess of 2 Gbps, with 155 Mbps links to the desktop
becoming commonplace. In addition, advances are being made in network protocols,
specifically Asynchronous Transfer Mode (ATM), which can significantly improve
the bandwidth utilization efficiency of these emerging high-speed networks.

The availability of high-speed inter-range communications will allow the creation of a
Virtual Range environment. High-speed data collection, telemetry processors, and
workstations, previously bound by the length of their Local Area Networks (LANs)
and high-speed bus interfaces, can be effectively shared among geographically diverse
users. The net effect will be to significantly increase the capabilities of all of the
ranges while at the same time reducing the costs associated with custom processor
development by distributing processor usage over a broader population.

This paper describes a SONET network that can be implemented in a realistic test
range environment using available or near term technology. Of specific interest to the
Test Range community is the support for non-standard data formats commonly found
only in telemetry processing applications, along with full motion video and RCC 5
Mbps compressed video. As inter-range service offerings become available, these
networks can be interconnected to create the Virtual Range environment.

It is also important to discuss the relationship of SONET to ATM. SONET and ATM
are occasionally confused for one another and the relationship between the two is
often misunderstood. This paper will attempt to clarify that relationship and address
the possible application of ATM within the SONET network described.

THE TEST RANGE OPERATIONAL ENVIRONMENT

Test Range communication requirements may be broadly characterized as "dynamic";
changing frequently to accommodate the unique demands of each test mission
supported. Test Ranges also employ a wide variety of non-standard synchronous and
asynchronous digital communications formats which are a by-product of the
specialized telemetry equipment used during testing.

The Test Range network must be capable of supporting the following types of
interfaces:

o D4 Compatible DS1 with DS0 Channel Access.

o RS-232C and V.35 interfaces at standard interface rates.



o High speed RS-422 at TlC (3.12 Mbps), T2 (6.3 Mbps), and DS-A (12.6
Mbps) rates.

o RS-422 interface at RCC Video Codec rate of 5 Mbps.

o RS-422 interface at variable rates of 0 bps to 43 Mbps.

o M13 and Wideband DS3 interfaces (45 Mbps).

o Local Area Network interfaces at 10 Mbps (Ethernet) and 100 Mbps
(FDDI).

Equipment is often remotely located, unattended, and difficult to reach. Maintenance
and support have been further complicated by overall reductions in staffing levels at
most range facilities.

A SONET BASED RANGE NETWORK

Ranges are typically spread over very large areas with limited access to remote
facilities. As a result, the need for efficient and reliable high capacity data transport is
more critical. SONET based networks are well positioned to satisfy range
requirements because they offer very high capacity, extensive performance
monitoring, automatic protection switching and self healing architecture. SONET also
presents a standard interface throughout the network that simplifies network
integration in a multi-vendor environment.

A possible intra-range backbone implemented using SONET equipment is shown in
Figure 1. The figure depicts several modes of operation that include point-to-point,
add-drop, and protected ring architectures.

A feature of SONET transport systems is the ability to transport high data rate traffic
using concatenated STS-N signals (N x 51 Mbps). The network illustrated in Figure 1
can support 100 Mbps data streams along side of traditional DSl/DS0 voice and data
traffic. The real value of a SONET intra-range backbone lies in its ability to be
interconnected with other ranges via public or private SONET network offerings to
create a Virtual Range environment. Operation across ranges then becomes nearly
transparent.



Figure 1. SONET based Intra-Range Communications Backbone

A SONET TERMINAL NODE FOR THE RANGES

The authors have designed a SONET Terminal that represents a unique integration of
off-the-shelf products intended for use in test range applications (Figure 2.). The
SONET Terminal multiplexes a full-motion video channel (DS3 rate), up to 43.7
Mbps aggregate bandwidth of variable rate telemetry data (8 channels), and up to 28
DSls onto either an OC-3 interface for end-terminal use or an OC-12 interface for
Add/Drop applications. Up to four terminals may be supported on a single OC-12 link.

The SONET Terminal incorporates video and data switches that may be remotely
controlled via the SONET Embedded Operations Channels (EOCs) to allow user
selection of multiple input sources for transport over the SONET backbone. In
addition, the Multiplexer supports full Add/Drop control over the DS3 and DSl inputs
into the Mux. Ample patch access is provided to facilitate test and special circuit
connection. For secure applications, the Terminal can be configured in a TEMPEST
qualified enclosure and Type I or II encryption equipment can be installed as required
to support transmission of classified or sensitive data.



Figure 2. A SONET Based Terminal can be implemented in a single rack of
equipment using available off-the-shelf products.

The Terminal as configured here can support:

o Any one of-up to ten remotely selectable RS-170 Video Inputs.

o Eight programmable high speed RS-422 inputs with up to 43.7 Mbps
aggregate bandwidth. An optional N x 8 wideband digital switch can be
used to remotely select from more than eight input channels.

o Four DS1 inputs (up to 28 available) used as follows:
- Channel bank with DS0B data ports, 2W FX, and 4W E&M cards.
- FTl Data Service Unit supporting N x 56/64 kbps (Add/Drop

available).
- DSX interface (straight Tl) via digital patch.



A simple block diagram of the Terminal is provided in Figure 3.

Figure 3. The SONET Terminal interfaces to a wide variety of standard and
non-standard devices.

The configuration of the Node is a function of how the available bandwidth (150
Mbps) is to be used. In both the OC-3 and OC-12 versions, one to three DS3s (or
equivalent DS1 capacity) may be added or dropped. Alternate configurations include:



o Replacing the RS-170 Video Codec with a second Telemetry Multiplexer.
o Providing a straight DS3 termination for external equipment.
o Changing the mix of DS1s and DS3s supported.

Other changes could include:

o Use commercial encryption equipment or no encryption equipment at all.
o Incorporate network routers into the Node.
o Provide additional switching capability.

The standard nature of the equipment and associated interfaces make it relatively easy
to support a variety of network equipment. An additional feature of the Node shown in
Figure 4. is the incorporation of a Local Control Processor. This processor takes
advantage of the Embedded Operations Channel (EOC) found in the SONET frame
overhead to provide an integrated remote control and monitoring capability without
need for an external control network.

A SONET HUB

The Hub provides a central switching and distribution point for the Range. Ideally, the
Hub should be able to interface directly to the SONET backbone at the OC-N rate
while maintaining visibility and access to the lowest level of data transported through
the system. (Direct fiber interfaces however are not available as of this writing.
Typical availability dates for direct OC-N interfaces range from mid 1993 to mid
1995.) The investment in hub multiplexer hardware is not lost though because the
equipment can be reused in a terminal capacity as optical interfaces become available.

There are several switching systems that are well positioned to provide the needed
SONET based DS3 and DSl switching fabric now and provide direct optical interfaces
in the near future. A hub design that incorporates both Wideband (DS3/DS1) and
Broadband (DS3/DS3) SONET Digital Cross-connect System is shown in Figure 4. It
is important to recognize the need for both Wideband and Broadband systems to
support the data transport requirements of the network. A Wideband matrix is required
to support lower speed tributary switching at the DS1, DSlC, and DS2 rates. A
Broadband matrix is required to support clear-channel DS3 and STS-N Synchronous
Payload Envelope (SPE) switching.

Narrowband DS 1/ 0 switching is readily supported via a small 1/0 DCS. Features and
characteristics of the major brands vary slightly and most support digital conferencing
and broadcast modes of operation. Subrate (DS0B) digital cross-connects for low
speed data (<9600 baud) should also be supported in the DS1/0 switch.



Figure 4. The SONET based hub design will support direct interfaces to the
SONET backbone as well as hub based common assets and inter-range transport

media.



There is no need for additional Node SONET multiplexers at the Hub thus reducing
the overall hardware investment required in the system. Access to common assets
located at the Hub occurs via direct DS3 and DS1 interfaces to the Hub DCS.

ATM SWITCHING SUPPORT

SONET and ATM are often confused with each other because the ATM protocol was
intended to operate over SONET networks, with OC-3 as the principal interface. They
are in fact independent; SONET defines a transmission medium whereas ATM
defines a transmission protocol. A SONET signal may carry both ATM traffic and
Time Division Multiplexed (TDM) traffic simultaneously and ATM traffic is not
restricted to SONET signals. Most of the ATM equipment available today operates at
DS3 rates.

The SONET network described in this paper will fully support the ATM protocol. As
ATM products become both available and cost effective, they may be directly layered
into the network. It is not likely though that ATM will displace the Wideband and
Broadband cross-connect systems for many years. The rationale for this assertion is
largely economic; based not so much on the initial cost of the ATM switches, which
will certainly come down in the next few years, but on the nature of the traffic carried
by the network.

ATM is very attractive to high volume carriers with a broad distribution of voice and
data traffic. ATM allows the low density distributed nature of voice to be combined
with the high-density bursty nature of data in an efficient revenue enhancing manner.
A public service provider can justify the added expense of large ATM switches in
terms of-the additional revenue generated by the resultant increase in trunk capacity.

The cost/performance increases attributed to ATM however rely heavily upon a high
volume of traffic with a proper mix of traffic types. ATM for example offers no
performance increase on a trunk with excess bandwidth. With a minimum bandwidth
of 45 Mbps and a design bandwidth of 155 Mbps the potential for excess bandwidth
within the range network is fairly high. ATM also does little to enhance high-speed
continuous duty cycle data streams, which can operate more efficiently in a TDM
environment.

The net result is that ATM does not represent the final solution to range
communication requirements for several reasons:

o Range communications are mission dependent and deterministic.
o The Range has control of the network and can predict traffic loading.



o The Range network is not a revenue generating entity.
o There is a high percentage of continuous duty cycle data streams.

ATM however can be deployed using small switches and access nodes to support
Voice traffic, LAN traffic, and file transfer. As mentioned earlier, the ATM network
can be overlaid on top of the SONET network and employed to the extent that realistic
improvements in service can be obtained. The need remains however for primary
support of Telemetry Data transfer, which is most effectively carried out in a
cross-connect environment from both a cost and performance standpoint.

CONCLUSION

The transition to SONET is critical to the range community because the SONET
backbone provides the foundation for interconnecting the ranges via SONET on a
nationwide basis. A local SONET network implementation is the first step towards
creating a "Virtual Range" where users, equipment, and resources are geographically
dispersed across the country.

The SONET Node and Hub implementation described in this application note
provides:

o Off-the-shelf system components. o 0 bps -- 43 Mbps flexible data inputs.
o Broadcast quality full-motion video. o EIA standard data rates.
o Supports protected ring architecture. o Matrix switches for Video and Data.
o Remote control via SONET EOC. o Standard DS3/DSl network interfaces.
o Direct interfaces to Hub switch. o Automatic circuit restoration.
o Integrated network management. o DS3/l/0 and Subrate data switching.
o Digital conferencing & Broadcast. o Ready for LAN & FDDI support.
o Transition Platform to B-ISDN / ATM

This paper also recommends the implementation and use of SONET Wideband and
Broadband Cross-connect Systems as cost effective, reliable, and practical alternatives
to ATM only solutions. ATM should be considered as a component of a SONET
network and not as a replacement for SONET switching systems.
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ABSTRACT

To deliver high bandwidth, a ubiquitous inter-/intra-building cable plant consisting of
single mode and multimode fiber as well as twisted pair copper is required. The
selection of the "glue" to transport and interconnect distributed LANs with central
facility resources over a pervasive cable plant is the focus of this paper. A description
of the traditional problems that must be overcome to provide very high bandwidth
beyond the narrow confines of a computer center is given. The applicability of
Asynchronous Transfer Mode (ATM) switching (interconnection) and Synchronous
Optical NETwork (SONET) (transport) for high bandwidth delivery is described using
the environment and requirements of Sandia National Laboratories. Other methods for
distributing high data rates are compared and contrasted. Sandia is implementing a
standards based foundation utilizing a pervasive single mode fiber cable plant,
SONET transport, and ATM switching to meet the goals of gigabit networking.

Introduction

Sandia installed its first inter-building optical fiber trunk cable (144 fiber, 50 micron
core, multimode, AT&T ribbon) in September, 1981. At that time, optical fiber service
to the computer customer community was dominated by point to point circuits to
support distributed DEC VAX machines at 1 Mbps over distances of 2 - 3 km.
Rapidly, the benefits of bandwidth caused an explosion in the demand for more optical
fiber cable to serve distributed computers. As distributed host computing sites evolved
into local area networks based on workstations, intra-building fiber distribution was
focused directly at the desktop. Today, Sandia is completing a single mode
inter-building trunk system. A multimode and single mode distribution to the desktop
is being installed.



Approximately two dozen prototype optical fiber to the desktop distributed local area
network connections to support the full 10 Mbps bandwidth of Ethernet were installed
in 1988. In late 1990, a much more pervasive distributed Ethernet system based on
smart hubs supported by both unshielded twisted pair and fiber to the desktop with a
total connectivity of over 200 workstations was in place. Today, that system is
beginning the conversion from Ethernet to the Fiber Distributed Data Interface
(FDDI) standard. In August of 1991, the central site network was converted to FDDI.
At that time, Sandia operated the largest FDDI ring built with technology from
Network Systems Corporation. The first high performance local area networks served
by distributed routers over DS3 (44.736 Mbps) circuits were installed in 1991. By
July, 1993 the DS3 (44.736 Mbps) circuits were multiplexed onto a SONET
aggregates of 155.52 Mbps (OC-3) and 622.08 Mbps (OC-12).

There are two major computing sites within Sandia (Albuquerque, New Mexico and
Livermore, California, sites separated by approximately 1100 miles). The design
philosophy proposed here addresses the requirements of both wide area and local area
network high bandwidth delivery. The wide area signaling rate increased by a factor
of greater than 10 over a decade. Today, the two labs are connected by two pairs of3

AT&T BNS-2000 ATM switches over DS3 trunks.

Sandia's goal is to provide a very high performance communications and computing
environment so that no customer is "too far away" to enjoy the maximum available
performance. To that end we are researching emerging technologies such as ATM
service to the desktop. Plans are in place to extend desktop fiber distribution at a rate
of two buildings per year. A distribution infrastructure composed of ATM switches
coupled to multiplexed SONET transport will be used to provide gigabit capacities to
distributed customers.

In the last decade, Sandia has evolved from a facility where asynchronous terminals
accessed supercomputers at rates generally below 9600 bps to a facility where
hundreds of workstations have connections to optical fiber and access remote
supercomputers at rates in the 10's of Mbps. This transition has been driven by the
rapid evolution in distributed computing resources from minicomputers to
workstations. The transition has been enabled by optical fiber cable, advances in local
area network technology and standards, as well as by evolution in switching
technologies from basic circuit switches to ATM.

Environment at Sandia

The components of Sandia's high bandwidth (45Mbps and beyond) delivery system
include: high performance central facilities, distributed, high performance local area



Figure 1. Structure for High Bandwidth Delivery

networks, inter- and intra-building cabling, and the electronics necessary to distribute
bandwidth among the LANs and the
central facility. The central facilities
include the Secure Supercomputing
Network, major mainframes (CRAY
Y-MP, etc.), file storage, and specialized
peripherals (color printers and copiers,
etc.). Ethernet and FDDI are the primary
LAN technologies. The inter- and
intra-building cable plant consists of high
performance unshielded twisted pair
(UTP) copper cable to virtually all
desktops, and multimode (MM) fiber and
single mode (SM) fiber to high-end
customers. The electronics used to deliver
bandwidth between the distributed LANs
and the central facility include an array of
routers, ATM switches, and SONET
multiplexers (See Figure 1.).

The physical dimensions of the Albuquerque
campus are large when a LAN "ruler" is applied. There are many LANs that are
separated by more than 2 km of cable which is beyond the capability of Ethernet or
FDDI without repeaters. The total number of LANs is greater than 245 requiring a
multitude of interconnection and segmentation options. The performance of the Wide
Area Network (WAN) components linking the New Mexico and California campuses
is critically important. Characterizing the realizable throughputs obtainable from
various hosts and workstations connected through a variety of
communications/networking elements provided key data for planning the transition to
SONET transport. The 11dB budget of FDDI is frequently exceeded in both sites,
especially on cross campus, desk to desk links. In many ways, the two lab campuses
more closely resemble the Metropolitan Area Network (MAN) model and "ruler".

The next generation inter-building trunk cable plant is being installed using 8.3 micron
core SM fiber, the telecommunications standard of the '90's and beyond. The new
wiring standard for offices includes the highest quality unshielded twisted pair, 62.5
micron core MM fiber, terminated to support the FDDI standard, and unterminated
SM fiber to the desktop (See Table 1.). Both Black (open) and Red (classified) voice,
data, and video communications are supported by the new wiring standard being
installed pervasively at Sandia. The communications/networking philosophies are
strongly influenced by the requirement to properly protect and segregate information.



Table 1 . User Outlet Configurations

Traditional Problems with High Bandwidth Delivery in the World Outside
Computer Rooms

High speed data delivery on a large scale between buildings and offices has always
been a difficult problem. Common problems include: 1) Severe distance limitations
(both inter- and intra-building) due to physical drive capabilities or timing imposed by
interface specifications; 2) Nonstandard or proprietary interfaces which are very
difficult to extend or to interconnect to a standard system; and 3) Nonscaleable high
speed network topologies.

Distance, attenuation, and bandwidth limitations can be largely overcome by
pervasive utilization of optical fiber cable. The cornerstone facility cable plant, both
inter- and intra-building, must provide large numbers of conductors (MM, SM, and
twisted pair) distributed ubiquitously. It is crucial to install a flexible cable plant
topology with large capacity to reduce the impact of difficult network topologies.
System planners should investigate the effects of large numbers of rings mixed with
point to point circuits to test the potential capacity of their cable plants. Such
investigations amplify the utility of multiplexing and standards integration. Systems
are nonscaleable with respect to bandwidth if more optical conductors are required to



deliver more bandwidth instead of the more elegant method of utilizing untapped
bandwidth within existing conductors. Nonscaleable transport electronics can only
deliver more bandwidth through replication versus the option of increasing individual
system performance. A multiplexed transport system such as SONET can add
backbone capacity without changing individual user access speed.

A Structured Approach to Delivering Large Bandwidth

The pivotal component of the system is
the inter- and intra-building cable plant.
To provide virtually unlimited bandwidth,
Sandia has committed to a major cable
plant upgrade. All trunks between
communications centers will have access
to between 36 (Area V) and 408 (Area I,
Central Site) single mode fibers. This
cable plant is capable of supporting Gbps
networks. Inside the buildings, fiber to the
desktop is being provided on a prioritized
basis to customers at the forefront of
computing capacity. The MM facility will
support 600-800 MHz systems easily,
while the SM cable plant awaits the
arrival of desktop interfaces with Gbps
capability. The inter-building trunk should
be complete in about one year (See Figure
2.). For the widely dispersed computer
sites on the Albuquerque campus, single
mode cable was the best choice for today
and for the future. The selection of optical
fiber cable technology, MM versus SM,
for the inter-building cable trunk system
required detailed analysis of the benefits
of each technology. The length of a typical
circuit in Albuquerque is over 2 km and significant growth is being experienced in
circuits that must cover 3.5 to 10 km. Single mode technology offered the greatest
available bandwidth at the lowest possible attenuation, thus providing an optimal
solution to servicing a growing population of long distance customers while
eliminating the need for repeaters. Single mode cable is also best suited for
aggregating (multiplexing ) many sources of bandwidth together. Bandwidth
aggregation is a key application of the inter-building trunk system Single mode fiber



Figure 3. Distributed High Performance LANs

cable technology has clear advantages over multimode cable in the Albuquerque
campus trunk environment. For the desktop intra-building distribution system, the
combination of MM and SM with large numbers of fibers was the best choice.
Desktop workstation LANs are still dominated by shared media technologies that are
well suited to MM fiber. Conduit space is generally more readily available to serve the
multiconductor, high bandwidth needs of a Laboratory computer user in the
intra-building distribution system than in the inter-building conduit. The greater
availability of conduit and conductors for
the intra-building distribution is a critical
distinguishing feature when comparing
desktop and inter-building cable plant
decisions. Recognizing that LAN
bandwidth requirements are increasing,
unterminated SM cable is also being
installed to the desktop. Initially, desktop
fiber will serve the customers
(approximately 20% of the total) with
leading edge requirements for bandwidth,
but eventually desktop fiber will be used
by the majority. Local area networks
(LANs) utilize the improved cable plant
with both fiber and twisted pair Ethernets.
The highest speed LANs are built around
smart, manageable hubs connected in a
star wired topology. Most of the LANs at
Sandia are Ethernet with a migration to
FDDI expected when the intra-building
cable plant becomes more pervasive and
the cost per FDDI connection drops to
approximately 20% (or less) of the
workstation cost. (See Figure 3.).

High Bandwidth Delivery: Electronics and Requirements

ATM switches and SONET distribution were chosen to interconnect distributed LANs
and the central facility to create an integrated high bandwidth delivery system. ATM
technology addresses the crucial issue of interconnection while SONET solves the
physical transport problems. The requirements for transporting and interconnecting
high bandwidth pipes include: 1) Very high bandwidth capacity, from 10's of megabits
to Gbps, 2) Scaleable architecture so the bandwidth increases can be done in a
modular, evolutionary fashion, 3) Efficient use of the cable plant so that multiplexing /



concatenation methods efficiently use single mode cable bandwidth by increasing the
modulation rate instead of the number of fibers required, 4) Virtually unlimited loss
budget and distance to support even the most remote systems, 5) Very high reliability
to maximize delivery system availability, 6) Standards oriented transport to assure
interoperability, maintainability, future enhancement, and growth in a multivendor
environment, 7) Effectiveness in local and wide area network applications; Minimal
transport latency, 8) Flexible architectures to accommodate a range of reliability,
performance and physical plant constraints, 9) Integrated system management for
maintenance and reliability; and 10) Capacity to flexibly interconnect 100's of end
points without loss of performance.
Sandia has network bandwidth requirements that range from a few megabits per
second (Mbps) into the gigabit per second (Gbps) range. Ethernet and FDDI can
effectively supply 1-100Mbps for LAN applications. Visualization of
scientific/engineering data analysis that utilize CRAY channels, massively parallel
machines, and frame buffers require 100's of Mbps to 1 Gbps. Aggregation of the
above applications drives the system transport bandwidth requirements into the 10's of
Gbps. Sandia must supply this wide range of bandwidth (3 or 4 orders of magnitude
range) to widely dispersed customers as effectively (with regard to cost and
performance) as possible. The current LAN standards, Ethernet and FDDI, and the
emerging de facto standard for high speed computer channels, HiPPI, cannot
efficiently support the wide range of bandwidths and the dispersed customer. ln
addition, those standards exact a huge price in the number of fibers required for a
sizable implementation. For high bandwidth transport, SONET is the most suitable
technology (See Figures 4, 5, Tables 2. and 3.).

Implementation Scaling and Cable Plant Impact

Tables 2. and 3. illustrate the tremendous cost of other high speed distribution
methods to both the cable plant and system bandwidth. Ethernet, FDDI, and HiPPI all
suffer from the combined limitations of low effective utilization of fiber bandwidth
and high utilization of cable conductors. These issues are particularly difficult in the
Sandia environment where LAN traffic must be kept separated to meet security
requirements. There are also performance issues to be considered. Tests conducted at
Sandia indicate that four to five workstation pairs are capable of filling the total
bandwidth of an FDDI ring. In a high performance environment, multiple FDDI
networks would be required. Unfortunately, the cable plant / bandwidth cost is too
great.

The figures and tables clearly show why Sandia must have a scaleable transport
architecture. No Laboratory facility can afford enough optical fiber to allocate 2-4
single mode trunk fibers to each distributed high speed application. There are simply



Table 2. Scaling of LAN Transport Technologies

Table 3. Cable Plant Impact of LAN Transport Technology

too many distributed applications. It is clear that graceful scaleability is crucial in this
environment. SONET allows the bandwidth to be fully exploited without increasing
the number of fiber pairs required. The transport fabric can greatly increase its
capacity without any visible upset to the customer community.

For example, if Ethernet was used as a transport backbone where six Ethernets were
supported by each router, then the entire backbone cable plant of 24 fibers would be
used up by only six routers (6 routers X 4 fibers/ routers = 24 fibers) to support only
36 Ethernets (6 routers X 6 Ethernets /router). Furthermore, Ethernet with a signaling
rate of 10 Mbps utilizes only 0.4% of what could be supported by SONET transport at
2.488 Gbps.

Efficient Use of Bandwidth

Ethernet, FDDI, and HiPPI backbones only scale by replication, thus exacting a large
price from the cable conductor plant. SONET, on the other hand, never requires more
than 4 fibers and evolves through technology upgrades to utilize increasing amounts of



available single mode cable bandwidth. One of the major features of single mode
optical fiber is its huge bandwidth (10-100 GHz-km). Since bandwidth is valuable, it
should be efficiently utilized by squeezing the most out of each conductor rather than
applying more underutilized conductors to deliver aggregate bandwidth.

Table 4. compares the relative power of each of the transport technologies to deliver
bandwidth at large distances. SONET is the only high speed transmission standard
defined and available for rates from Mbps to Gbps. It should be noted that LAN
interface conversions to SONET at OC - 3 ( 155.52Mbps) are now available. A
standard has been proposed for mapping FDDI into SONET OC-3c. More work is
being done to develop HiPPI extensions to SONET via ATM technology.
Additionally, several projects are underway to convert FDDI to ATM where SONET
could again be the transport.

Table 4. Power to Deliver Bandwidth Over Large Distances

Sandia Transport Backbone Implementation

Sandia has chosen to implement a SONET high speed transport system utilizing a
Digital Access Cross Connect System (AT&T DACS 111 - 2000) and Digital Data
Multiplexers (AT&T DDM - 2000) (See Figure 5.). The DACS provides for rapid
reconfiguration of circuits and enhanced manageability. The DDM - 2000 provides the
actual SONET transport. The DS3 rate is currently well matched to present
workstation to workstation (memory to memory) transfer rates. Typically, 14 - 31
Mbps are achievable via an FDDI to router interface and those rates fit easily within
the DS3 payload.

With SONET transport, one high speed network facility can deliver voice, data, and
video since interfaces exist to convert each of those inputs into the SONET standards.
No other high speed interface method (FDDl, Ethernet, HiPPI, etc.) can provide that
level of bandwidth performance and also the versatility to support every major type of
communications input. For the first time in our facility, SONET transport provides



greater bandwidth on the transport/interconnection pipes than the available bandwidth
on the distributed LANs. Bandwidth between LANs is no longer constrained by the
physical transport or cable plant. A number of interesting results are anticipated.
SONET transport equipment overcomes all of the traditional limitations of high
bandwidth transport.

ATM Interconnection System

To complete the system, some method is needed to interconnect the LANs, the central
facility, and the WAN environments. In the Sandia environment, the best method is a
high performance switch that utilizes an Asynchronous Transfer Mode (ATM)
switching fabric. A switching platform, well integrated with SONET physical
transport, was chosen over alternatives such as a hierarchy of routers glued together
with LAN technologies. The combination of contention type access and very large
switched backplane bandwidth provided by ATM technology is a powerful and
efficient way to access precious resources such as supercomputers.



There are three key elements driving the choice of interconnection method. They are
bandwidth, switching, and switch technology. Recall the model shown in Figure 4.
where many separate full bandwidth (up to 100 Mbps, FDDI) distributed LANs are
interconnected to each other and to the central facility with SONET. It has been
shown that five or fewer pairs of workstations can saturate a single FDDI ring and that
a single host to host transfer can take over 65% of the available ring bandwidth. In the
Sandia environment which contains hundreds of LANs and nearly a thousand
workstations, significant aggregate bandwidths are easily and commonly generated.
FDDl does not offer enough bandwidth to serve as the interconnection mechanism for
high bandwidth environments especially when the LANs being connected equal the
bandwidth capacity of the backbone interconnection method.

The choice to switch rather than route or bridge provides access to very large
aggregate bandwidths, allows customers to contend for bandwidth, and avoids single
processor bottlenecks and other shared single media problems. In a router or a bridge,
a single processor must see all of the traffic coming off a LAN. If multiple LANs are
interconnected to a single router, then that single processor can become the bottleneck.
In a switched interconnection system, one path or processor is not required to see all
of the network traffic, thus avoiding the limitation of shared single media.

ATM advantages include low latency, scaleability for capacity and bandwidth, and
support for multimedia (voice, data, and video) in a single platform. Just as optical
fiber cable has been hailed as a "virtual pipe" for its ability to handle all types of
traffic with a single media, ATM may well be the "virtual interconnection fabric" for
the same reasons. LAN technologies are severely limited in their ability to support
more than data. FDDI-II will offer the capability to deliver isochronous traffic (voice
and video) by allocating multiple Wide Band Channels (WBC) of 6.144 Mbps. The
single shared media problem remains and now video and voice will be supported at
the expense of high speed data. An ATM switch, on the other hand, acts as a
massively parallel interconnection system where many paths are active concurrently
and no single processor or media acts as a bottleneck. A massively parallel ATM
switch is a scaleable architecture. Cell relay systems in the 2.5-40 Gbps range are
realizable now. Bandwidth in the 10 -100 Gbps range will follow. Already prototypes
from Fujitsu can demonstrate capacities of 40 Gbps with access speeds of 155 Mbps.
Other companies including AT&T, GTE, TRW, Hitachi, Toshiba, Sumitomo and
others have introduced their very high performance ATM platforms.



Conclusions

ATM and SONET technologies provide significant performance advantages for the
interconnection and transport of LAN traffic. Low latency, scaleability, and high
bandwidth are advantages of ATM and SONET that must be applied to the next
generation of gigabit LANs. ATM switches and SONET transport will be the enabling
technologies.
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ABSTRACT

TERIS is a CTEIP (Central Test and Evaluation Investment
program) project to provide wideband communications
facilities between major ranges and laboratories
economically and reliably.

TERIS uses existing modern technology, off-the-shelf
hardware and software, and leased commercial telephone
facilities, Nine ranges and two laboratory facilities have
been surveyed to determine costs and feasibility of
connecting the TERIS. An initial three-node network is
planned to be operating in early 1994.
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INTRODUCTION

TERIS is a new internetting system which is about to be
implemented. It combines the newest of communications
technology and the need for fast, effective, and economic
range interconnection. This paper will describe several of
the technologies which are available, the technology chosen,
a brief description of the operations concept, and current
plans.



AVAILABLE TECHNOLOGIES

Dial-up. Dial-up is the good old-fashioned commercial
telephone service. The newest technologies now allow dialing
up much wider bandwidths that the normal analog telephone
service. Tl (1.544 Mbps) service is now widely available and
T3 (44.736 Mbps) is becoming available. Charges for dial-up
are for the length of time which the connection is actually
made.

Dedicated Lines. Some networks use dedicated lines. Packet
switching techniques use dedicated lines, but imposes a
packet switched protocol over the lines which is not
compatible with other systems. Testers now lease
communications between ranges for testing. Many networks
consist of dedicated lines which have been interconnected to
serve a single purpose. These kinds of connections tend not
to be reused and are dismantled when the particular use is
concluded. Dedicated lines result in a fixed configuration
and have the disadvantage of being charged on a 24 hour
basis. There is also one-time connection fee each time one
of these links is installed. When the link is no longer
needed, the one-time fee is lost.

Packet Switching. There are many networks in place which
currently use packet switched technology. This is the
technology of the DDN (Defense Digital Network). Many of us
have encountered the delays of DDN in sending email from one
host to another around the country or in waiting for a
TELNET or FTP response from one host to another. Packet
switched networks use a fixed bandwidth. When the traffic
gets heavy, the transit time through the network increases
and the average data rate decreases. Usually the network is
up and running at all times. Packet switching has a fixed
network configuration and makes optimal use of its
interconnecting data links. It cannot readily support video
transmission and it does not support real-time applications.

Circuit Switching. Circuit switching provides for individual
circuits between locations. The transit time and the data
rate are constant. Circuit switching is often done with
dedicated lines. Multiplexers can be used to split channels
into more narrow subchannels and allow efficient use of the
facility.



TERIS DESIGN

The basic TERIS network design is based upon work done five
years ago when an Army Space Systems Test Bed was
hypothesized to test tactical army intelligence space
systems. Space activities require a robust design since
space vehicles will not back up and run through the test
scenario one more time in the same place. Concerns about
safety and control of test items mandated a low and
consistent transit time through the network. Several years
ago studies of networking requirements based upon RCC (Range
Commanders Council) studies indicated that 90% of the
interrange communications could be done in a 56Kbps
bandwidth. Since then, however, there are new forms of
telemetry including high definition, digitized, color
television in real time. These new forms have bandwidths are
considerable. TERIS will have the capability of
interconnecting at multiple T3 rates.

TERIS uses "smart" multiplexers which can segment the
bandwidth of the channel to provide multiple, separate or
virtual individual circuits based upon the bandwidths of the
service required by the range. Commercial interface cards
are available which will allow the network to be compatible
with the major digital interfaces such as RS-232C, RS-422,
RS-449, V.35, 4-wire voice, Tl, T3, and HSSI.

Economics became a part of the design when the rates for
leasing Tl bandwidths were explored. Cross country Tl or T3
links can be expensive on a full time basis. The concept of
bandwidth-on-demand, or dial-up channels became more
prevalent and in an RFI during 1991, MCI proposed a dial-up
service. MCI service at that time featured a startup time of
30 seconds, and billing at 6 second intervals. They also
capped the cost of the channel at 125% of the full-time
leased cost. Thus if the network had a sporadic rather than
full time requirements, economies were available using the
dial-up capabilities.

Dial-up Tl or T3 service involves the maintenance of a
connection between the multiplexer and the telephone company
Point of Presence (PoP) at the maximum bandwidth which may
be required. Some of this cost can be recovered since once
the link is in place it will continue to be of utility to
TERIS without requiring the expenditure of the non-recurring
connection fees each time a new interrange service is



required. The recurring costs of the PoP connection are a
continuing expense.

There are occasions when testing may require temporary Tl
service to a location which is not conveniently located to a
telephone company PoP. For those cases, TERIS will use
commercial satellite terminals with added electronics for
compatibility with TERIS nodal equipment. Several ranges
have offered their existing hardware to use as a gateway
into the TERIS. C-band satellite terminals are planned, with
expansion to K-band for continuing CONUS service. X-band
expansion will be used when service involving the DSCS
satellites is required.

A scheduling service will be required to insure that the
facilities are available to support testing which the users
require. An ability to adjudicate conflicts in priorities
will be required.

A decision has been made to handle standard digital
interfaces. If unprocessed telemetry is communicated, the
data stream will be bit-stuffed to the next higher standard
rate prior to being entered into the network.

A number of interrange services do not require the
robustness of a test control circuit. Interruption of the
test links may not be extremely costly, nor (as in the case
of space testing) difficult to replicate. For those
services, "spur" service in the form of a single link with a
major node is planned.

OPERATIONAL CONCEPT

TERIS will have a backbone network between the major nodes
with the capability of multiple T3 connectivity. Sites
without robust requirements will be linked by spurs from the
major nodes. A minimum bandwidth will be leased permanently
to carry the network control and administrative traffic.
with experience, a procedure will be developed to provide a
least cost network operation by using the various kinds of
service.

CURRENT PLANS

A demonstration network of 3 major nodes operating at Tl
bandwidths is planned for early FY 94. This network will be



used to verify that the integration of the leased lines,
government communications, range interfaces can be
accomplished reliably and that the network is functional.
Parametric and operational features will be tested. Upon
satisfactory completion of the testing and integration of
any necessary corrections, the network will be increased
gradually to 8 or 10 nodes to demonstrate that the larger
scale network will indeed function. Spurs needs will be
determined and will be incorporated into the network. The
scheduling system will be checked out and expanded as
required.
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ABSTRACT

The 1990's has been an era of integrating telemetry systems into
networks. With the networking of telemetry systems, communications
between systems is increasingly important. The telemetry system is no
longer an isolated subsystem and the requirement for ubiquitous,
distribution of telemetry data is also increasing. With declining DoD
budgets, the cost of providing, not only, range-wide data distribution, but
also, inter-range distribution is a major issue. Recent developments in
commercial telecommunication data services may provide an answer to
the range communications problems. In this paper, the use of
Asynchronous transfer Mode (ATM) technology is examined as a means
for transporting telemetry and other range data.

HIGHLIGHTS

Within the past year, ATM has become as big in the telecommunications industry as1

it is in the banking industry with one minor difference...ATM is a broadband data
transport method. The concept of Asynchronous transfer Mode, or ATM, dates back to
the mid 1980's as an outgrowth of fast packet switching investigations associated with
broadband integrated services digital network (B-ISDN) standards . In 1988, the2

CCITT adopted one packet format as a candidate for B-ISDN, calling it ATM. The
ATM packet is a 53 octet cell with a 5 octet header and 48 octets of information. The
concept of ATM was intended to transport a variety of services including data, video
and voice. The short, fixed cell is intended to facilitate transport of high rate data in a
multiplexed environment.

There is a great deal of "hype" surrounding ATM and it seems as if it is the solution to
every networking problem known to man (or woman). Nevertheless, ATM technology
is being implemented at an incredible rate and there are considerable advantages in



adopting the ATM technology in telemetry and other range systems. It is now clear
that the future of B-ISDN is in ATM and there will be both public and private
networks for data transport within the next few years. By leveraging the commercial
ATM development, government applications will be able to significantly reduce
capital acquisition and communications operating costs as public networks evolve.

There are, however, some stumbling blocks which must be overcome, particularly in
the transmission of typical telemetry data streams. This paper addresses some of these
issues based on extensive experience with telemetry data and through the development
of a commercial ATM packet switch. An example of the application of ATM to the
distribution of telemetry data within a range is given to demonstrate the potential of
ATM to the ranges.

THE ATM NETWORK MODEL

In the ATM model, data sources are segmented into 53 octet cells and multiplexed
according to the addressing information contained in the 5 octet header. An ATM
network consists of a number of nodes interconnected with links, as illustrated in
Figure 1, and ATM cells are transported through the network via virtual circuits, setup
either by call handling services, or administratively. Two classes of services can be
supported by ATM, 1) connection-oriented and 2) connection-less.
Connection-oriented services route all packets in a given transmission via the same
path through the network.

Figure 1. Three Node ATM WAN Network



One view of ATM is based on the OSI protocol stack. ATM is defined as a level 2
transport system supporting various services through level 3 adaptation layers
(AAL's). Currently, ATM defines five types of services as illustrated in Figure 2. The
AAL type 1 supports connection-oriented services which require constant bit rates and
have specific timing and delay requirements. Telemetry data falls into this service
category and requires an AAL1 stack interface for ATM transport. The AAL2

Figure 2. ATM Adaptation Layers

supports connection-oriented services with variable bit rates such as variable-rate
video and some forms of data compression. AAL3/4 supports burst data and services
such as Switched Multi-megabit Data Services (SMDS) which AAL5 supports
connection-oriented burst data such a Frame Relay. Frame Relay and SMDS are
currently offered public data services and can be used immediately for some types of
range data. The Loral CPS-100 Cell Packet Switch is a commercial ATM switch
which supports Frame Relay, SMDS and ATM services in one integrated platform.
The experience Loral has gained in this development is being leveraged for
government applications, particularly the AAL1 isochronous transport capability.

ISOCHRONOUS ATM SERVICES

The isochronous services identified as AAL1 and AAL2 have not been formally
standardized in the commercial telecommunications community. For telemetry
applications, the AAL1 service is required with true isochronous capability, i.e., the
network must be totally transparent to a serial PCM bit stream, reproducing the stream
at the output with the same average bit rate and with minimal timing jitter. For some
applications, absolute delay is important, but these cases are not considered here.
Apart from the CPS-100 ATM switch development, the EMR 8245 T-3 multiplexer,
currently in production, provides isochronous transport of up to 8 asynchronous, PCM
channels over a commercial T-4 link adding less than +/-0.2% jitter for input jitter of



up to 2%. The 8245 uses packet multiplexing technology and many of the design
concepts are directly transferable to an ATM isochronous channel.

While the 8245 uses proprietary trunking formats, the ATM isochronous channel
under development at Loral adheres to ATM standards so that the isochronous traffic
can be freely multiplexed with other traffic streams in an ATM network. This brings a
tremendous advantage to many government applications. For one, government
applications can take advantage of Commercial-Off-The-Shelf (COTS) equipment.
Secondly, as public ATM services are offered, the government does not have to rely
on dedicated networks. Finally, the government can intermix types of data traffic over
a common network. The isochronous capability will allow, for example, telemetry
data streams to be intermixed with LAN traffic using Frame Relay or computer traffic
using SMDS.

SOME ISSUES ASSOCIATES WITH ATM NETWORKING

It is important to note some of the assumptions surrounding the selection of the ATM
concept. First, the network is assumed to have a very low bit error rate, typically in the
order of 10 , or better. This was based on the premise that the broadband networks-9

would be SONET-based, or would use other formats on optical fibre. Making the low
bit error rate assumption allows the network to eliminate error checking on datagrams
within the network, a major throughput limitation in lower speed packet (X.25)
networks. Although provision is made in the ATM header for both error detection and
correction of the header information to prevent mis-directed cells occurring due to bit
errors, current standards do not attempt to correct errors, instead, discarding cells with
header errors.

Secondly, the ATM network is a queuing network and cells will encounter variable
delay in transport and may even be discarded with network congestion. Congestion
control in ATM networks is currently under study by a variety of organizations. With
very high speed networks, reactive control measures are largely ineffective and
admission control policies based on predictive estimates of network congestion are
under investigation.

Both the variable transport delay and the sensitivity to link bit errors are of concern in
telemetry and range applications. The design of the isochronous AAL1 access module
can minimize delay variation at the expense of absolute delay. When absolute delay is
important, such as in command response signals, the use of a packet network, such as
ATM, may not be feasible. It is also important to understand the effects of link bit
errors on ATM packet transport and, perhaps, add error correction at the physical layer
when the link bit error performance is inadequate.



Transmission Delay Variation

Delay in an ATM network can be broken into three major components, 1) propagation
delay, 2) queuing delay and 3) processing delay.

The link propagation delay is a function of the size of the network and the speed of
light, roughly 5 microseconds per mile. The second term is a function of the network
load and the data rate. The last term is dependent upon the allowable jitter in an
isochronous service. At low data rates and local area networks, the queuing delay
typically dominates the system delay. For wide area networks and high rates,
propagation delay may dominate, indeed most of the time, fixed length datagrams
reside in the network . Processing delay is important in the isochronous service. One3

means of reducing jitter is through the use of large buffers. For random timing delays,
the mean square jitter is inversely proportional to buffering size, or equivalently, to
delay. Thus delay can be traded for lower jitter and vice versa.

In most applications, delay variation is more important than absolute delay. Delay
variation is, primarily, a result of queuing in the network. Loral, in conjunction with
the University of Florida, has done extensive analysis and simulation of the Loral
CPS-100 packet switch in network models. Delay variance is a function of traffic load
with a sharp increase in variance for traffic loads in excess of 60% of capacity. Based
on experimental data from the EMR 8245 T-3 multiplexer and computer simulation,
an isochronous channel should be capable of reducing jitter to levels of 2%, rms, or
less, in an ATM network, depending on network traffic loading.

Effects of Transmission Errors

The ATM cell has a 5 octet header which contains, among other information, the cell
address used within the network for routing. One octet, the HEC, is used for an error
correcting code check symbol. The original intent of the HEC was to correct header
errors to prevent cells from being directed to the wrong destination in the case of an
address bit error. Current standards recommend discarding the cell rather than trying
to correct the header error. For the transmission of relatively short datagrams on low
error links, the probability of a packet discard is quite low. For transmission of a
continuous bit stream, such as telemetry, cell discard is a serious problem. Figure 3
shows the probability of at least one cell discard in a stream of "N" cells for various



Figure 3. ATM Cell Discard Probability

 link bit errors probabilities. To illustrate the transmission error problem, consider the
case of a continuous, one megabit per second, telemetry stream lasting for 15 minutes.
The total number of cells transmitted (one data octet is assumed to be reserved for
synchronization) is:

From Figure 3, the probability of at least one cell discard in the transmission is about
8% even over a typical fibre optic link with a link error probability of 10 . At 10 link-9 -8

error probability, the chance of a cell discard increases to nearly 65%. A cell discard
would force the telemetry system at the receiving end of the link to re-synchronize,
losing potentially valuable data.

There are several ways to mitigate this problem in the design of an isochronous AAL1
service. In a proprietary network, cell discarding may be inhibited for point-to-point
links, or the error correcting capability of the HEC may be used to correct header
errors. Alternatively, the data stream can be segmented and error correcting coding
may be used to correct cell discards.



ATM RANGE CONCEPTUAL DESIGN

Current typical test range configurations appear in Figure 4. A central site serves to
collect telemetry signals, 1) directly from test vehicles, 2) relayed from intermediate
relay stations, or 3) piped down from remote collection sites. From this site, the
telemetry data may be multiplexed, then transmitted over dedicated lines, (some
fiber-optic, some not), to flight line buildings or perimeter sites which house the

Figure 4. Test Range Configuration

telemetry systems for various projects. At certain sites this distance can be well over a
mile. Here the telemetry data is demultiplexed, if necessary, and fed into the telemetry
system(s). Notice that in this scenario the dedicated lines carry only telemetry data.
Video, phones, and computer network traffic are each carried by their own, separate
mechanism. Also notice that the sole route for telemetry data to be transferred to
another test range is via the computer networking mechanism after processing by the
telemetry system. This route may be through leased lines or a public phone line at a
relatively slow baud rate.

By using ATM technology and commercial ATM packet switch technology, this
situation could be improved upon as shown in Figure 5. Application of ATM to



Figure 5. Test Range Configuration Improvement

telemetry data distribution provides a number of benefits to the test ranges. An ATM
implementation for data distribution can provide high bandwidth throughput of
multiplexed data streams over a long haul. Data streams may be telemetry data, video
data, or any other measurement data normally associated with a test environment. Not
only do ATM data distribution techniques provide ranges with high-speed intra-range
and inter-range data transmission capabilities, but they also provide significant cost
savings due to the integration of future voice, video, and networking traffic across the
same medium. A conceptual design, referred to here as the Telemetry Central Office
Switch (TCOS), is outlined below. The TCOS would allow for transmission of
telemetry data range -wide, while providing a growth path to inter-range
communications and full ATM Public Network services.

Placing a commercial ATM carrier-level Central Office Switch in the central
collection site would provide a platform for the integration of ATM and telemetry
data. Serial PCM telemetry data would be fed into special cards in the ATM switch,
which would extract clock and data, packetize the data into groups of 48 bytes
according to AAL1 adaption layer constraints, insert VP destination identifiers for
each separate stream, and inject the data into the ATM switch's switching fabric. The
ATM Central Office Switch would then route the data to the appropriate perimeter
sites using the normal ATM routing methodology. ATM routing schemes multiplex
data by default, so different telemetry streams would be multiplexed here on a cell-by-



cell basis. At this point the Central Office Switch has essentially become a Telemetry
Central Office Switch (TCOS).

At the perimeter sites, an isochronous PCM module would buffer the ATM packets,
demultiplex based on the VP identifiers, and recreate the serial bit streams based on
the clock and data information. It's possible at this point that a fixed amount of delay
may need to be inserted at the end of each minor frame to avoid jitter in the minor
frame. Another look at the relationship between the TCOS and the isochronous PCM
module is shown in Figure 6.

Figure 6. TCOS And The Isochronous PCM Module

The scheme of data transmission allows for multiplexing a large number of telemetry
streams over a single fiber-optic transmission medium using the ATM technology.
The TCOS serves as the multiplexer and the router, as well as providing an interface
to the public network. Central Office Switches can provide interfaces that vary from
T1 and T3 up to high speed SONET interfaces. Central Office Switches can also
provide interfaces to public network Frame Relay and SMDS services. A single TCOS
could multiplex telemetry data, deliver that data to the perimeter sites at T1 or T3
speeds, and simultaneously put the same real-time data into a public network ATM
service for transmission to another test range across the country.

After the initial implementation of this network, the test range would bc essentially
ATM-ready. When the telecommunications companies are ready to deliver
ATM/SONET services to the ranges via the public networks, (or private networks),
the configuration could be modified as presented in Figure 7.



Figure 7. ATM/SONET Services Modifications

The TCOS would be by nature a Central Office Switch, so the Customer Premises
Switch required for a facility the size of a test range would already be in place. The
addition of an ATM SONET interface into the TCOS could provide the interface to
the Public Network. By placing a LAN ATM switch in front of the isochronous PCM
module and installing the appropriate ATM interface devices, all voice (phones),
video (TV), network (computer), and telemetry data could be multiplexed onto the
same line(s) as the telemetry data. The isochronous PCM module would be simply
another node on the ATM network. This could provide a significant cost savings for
the test ranges.

Figure 8 is a look at the final phase of this scenario. By installing TCOS and
isochronous PCM modules in facilities across the country, end-to-end real-time data

Figure 8. Final Phase Scenario



distribution could be achieved using ATM technology and high-speed SONET
transmission lines. This could be either over the Public Network or over a private
network of leased lines. Either way, telemetry data acquired at a test range in
California could be acquired, archived, analyzed, and displayed in real time at a test
range in Florida. This data could easily be integrated and correlated with video and
voice data integrated into the same ATM network.

CONCLUSION

ATM technology holds great promise as a transport means for telemetry and other
range data. The development of an isochronous channel is required for telemetry data
streams and, while there are technical problems, the use of error correcting coding and
other methods offer ways of solving these problems. An example of the use of ATM
in the context of a test range illustrates the potential of the technology. Government
use of ATM technology can take advantage of many commercial developments, both
saving money, and increasing data transport capability.
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ABSTRACT

Two different types of tracking feeds are currently used in the majority of telemetry
tracking antenna systems when autotrack operation is required. They are of the conical
scanner or of the single channel monopulse family and they employ well known
technologies.

In broadband applications, these feeds all suffer from the same inherent degradation in
efficiency caused by their inability to maintain a constant crossover loss value and by
their failure to properly illuminate the reflector.

In high dynamics situations they can also generate unwanted and sometimes
detrimental modulation whenever on-axis tracking is not maintained.

In addition, currently available versions of the conical scanner are not capable of high
scan rates or of scan rate agility and they are ill-suited for use in tracking systems
based on non-orthogonal axes positioners.

This paper describes a new high efficiency tracking feed system based on proven
conical scanner technology. Its design incorporates features such as variable
crossover, steerable beam, high scan rates, scan rate agility as well as stable reference
coordinate system. In addition to these features, this new feed is also capable of
delivering, in all but one operational category, levels of performance superior to that
achievable to date by any other implementation of the conical scanner or of the single
channel monopulse technology.

KEY WORDS: Broadband Tracking Antenna Feed,
Efficiency, Beam Steering, Scan Rate,
Overhead Pass, Non Orthogonal Axes Positioners



INTRODUCTION

Two different types of tracking feeds are currently used in the majority of telemetry
tracking antenna systems when autotrack operation is required. They are of the conical
scanner or of the single channel monopulse family. They both employ techniques well
described in the literature and a number of papers (1), (2) and (3) have been written
detailing the relative advantages of each of these technologies. Various
implementations of these concepts are currently available featuring varying levels of
performance.

In broadband applications, these feeds are incapable of maintaining a constant
crossover loss value and cannot provide optimum illumination of the reflector over a
wide frequency band. In the 1435 to 2400 MHz frequency band, typical handling of
the crossover level problem results in a feed design yielding crossover loss values
varying from the needed minimum .25 dB at low frequencies up to .80 dB at high
frequencies. This approach results in an actual gain reduction of .55 dB at 2400 MHz
and necessitates adjustment of the servo loop gain in accordance with the frequency
used for tracking. Similarly, typical handling of the under/over illumination problem
results in a feed design yielding less than optimum efficiency at a number of
frequencies in the operating band. This causes as much as a 0.6 dB reduction in the
actual gain of a tracking system operating in the same frequency band.

In addition, amplitude modulation added to the received signal to allow tracking can
sometimes become a major handicap when the antenna system lags the target. This is
a likely scenario in most overhead pass situations where up to 8.0 dB modulation can
be experienced with as little as a 1.0 beamwidth lag.

Furthermore, up to now, conical scanners have been incapable of high scan rates and
of scan rate agility. These features, sometimes desirable because of the nature of the
mission, have always been a unique domain of single channel monopulse feeds.

The DECS tracking feed system described in this paper is a novel implementation of1

the conical scanner technology. It introduces remedies to performance shortcomings
of currently available tracking feed systems and it provides solutions to operational
problems endemic to these same systems. One feature allows higher efficiency
operation in broadband frequency applications by providing an adjustable crossover
level, a second feature allows operation as a steerable beam antenna system, a third
feature provides for operation at high scan rates with the ability to vary the scan rate
over a wide frequency range, a fourth feature allows generation of a stable reference

Patent Pending1



coordinate system independent of the orientation of the feed to minimize crosstalk or
to provide compatibility with non-orthogonal axes tracking systems.

DECS TRACKING FEED SYSTEM

The DECS tracking feed system consists of two major assemblies: the feed assembly
mounted at the focal point of the reflector and the feed controller assembly collocated
with the antenna control unit.

FEED ASSEMBLY

The primary functions of the feed assembly are to illuminate the reflector in the
receive and/or the transmit mode and to generate the amplitude modulation needed for
implementation of the autotrack function. As such the DECS feed basically operates
as a typical conical scanner with a rotating offset aperture. However, its design is
entirely different from that of a conventional conical scanner in the way the aperture
offset can be changed, in the manner the aperture is rotated or positioned at any
angular location and in the fashion the axes reference signals are generated.

This new design, shown in figure 1.0, is centered about a stationary
coaxial-to-cylindrical waveguide adapter and a rotating radiating aperture which is
essentially limited to the offset section of the waveguide. This is in sharp contrast to
the design of a typical conical scanner in which the rotating assembly includes not
only the offset aperture but the nonoffset cylindrical waveguide, the RF choke section
and the drive shaft.

COAXIAL-TO-CYLINDRICAL WAVEGUIDE ADAPTER

The coaxial-to-cylindrical waveguide adapter consists of a stationary cylindrical
waveguide section fed by a pair of crossed dipoles at one end and fitted with a RF
choke section at the other end. The diameter of the waveguide section is selected to
keep the TE11 mode cutoff frequency below the lowest frequency of operation. Its
length is determined by the size of the dipoles and the length of the higher order mode
suppressor element used. The type of dipole elements is dictated by the specific
application and it varies with frequency, frequency bandwidth and transmitter power.
Regardless of which type of dipole is selected their ground is hardwired to the
waveguide end plate.

The RF choke section uses well behaved loaded sections of coaxial lines to present a
modulation free impedance at the interface gap between the waveguide adapter and





the radiating aperture. It is designed to handle any power levels encountered in feeds
of this nature.

It is interesting to note that, with this design, residual amplitude modulation is
nonexistent. This type of modulation, traceable to modulation of the dipole input
impedance, is generally caused by any asymmetry in the rotating conical scanner
structure or in the RF choke section.
A secondary function of the coaxial-to-waveguide adapter is to support the RF
housing assembly located immediately behind the waveguide end plate. The RF
housing serves as:

1. a housing for the various RF components such as 90 degree hybrid, bandpass
filter(s) and low noise preamplifier(s) which are specified for each RF system
configuration,

2. a housing for the servo amplifier needed to drive the aperture drive motor,

3. a mounting platform for other special purpose antennas such as low gain
acquisition aid antennas or sidelobe comparison units,

4. a mechanical interface between the feed assembly and the antenna spars.

RADIATING APERTURE

The second component of the feed assembly is the rotating radiating aperture
assembly which consists of an offset horn assembly and a drive mechanism.

Electrically the horn assembly is designed to provide a perfect match for the
waveguide-to-cylindrical waveguide adapter and to illuminate the reflector in such a
way as to produce an adjustable offset secondary beam. RF coupling is through the
choke section described earlier and the offset adjustment is achieved with the use of a
four section offset ring providing a total of three different offset values. Adjustment of
the offset is performed at the horn itself and requires removal of the radome.

In a typical application in the 1435 to 2400 MHz band these values would be .70",
.60" and .50" yielding a constant .25 dB crossover loss. This latter setting is of special
interest for "SGLS" applications since it allows a net gain increase of .50 dB at
S-Band for tracking and reduces the crossover loss to less than .15 dB in the transmit
band from 1750 to 1850 MHz.



The approach to the mechanical design of the horn is entirely dominated by the low
inertia and high rotational velocity requirements and is compatible with the 24,000
RPM goal set for this scanner. The waveguide section of the horn is a thin wall
electroplated cylinder encased in an ultralightweight honeycomb support structure.
The outer surface of the structure is solid and concentric with that of the waveguide
adapter to reduce drag. The entire rotating mass is supported on a self lubricated air
bearing and is capable of sustained velocities in a harsh environment.

The motor/tachometer assembly is a special design unit using a brushless DC motor
powered by a pulse width modulation amplifier. It drives the horn according to the
position, scan rate or swept scan rate scenario commanded by the feed controller. An
optical encoder mounted next to the motor/tach assembly provides position
information with a resolution of 1.25 degrees and closes the loop with the feed
controller.

FEED CONTROLLER

The feed controller is a PC-based unit which incorporates the functions required to
control the feed assembly and the displays needed to monitor its operation. It also
provides the computational power needed to take full advantage of the high data rate
gathering capability of the feed and allow digital signal processing using a technique
similar to that described in reference (4).

The feed controller can be configured as a stand alone unit collocated with the antenna
control unit or it can be integrated into any compatible antenna control unit.

In addition to the standard autotrack mode the controller features the following:

1. Beam Steering-Stationary
This mode is used to statically position the beam of the antenna at any of 144
equally spaced points about its axis. Up to ten "designate" points can be stored
in memory and selected by the operator at any time during operation. While in
this mode the coordinates of the "designate" point currently activated are
displayed on the screen.

2. Beam Steering-Program
In this mode the beam of the antenna is steered by the controller according to
computer generated commands tailored for specific mission. One such scenario
would involve a near zenith pass during which autotrack operation would be
temporarily suspended, predicted trajectory program track would be enabled and



the beam steering program would be used to maximize receive and/ or transmit
signals.

3. Scan Rate-CW
This mode is used to set the scan rate at any value within the allowable range of
operation. The desired rate can entered by the operator, can be reached by use of
the up/down arrow key or can be automatically selected according to preset
routine(s) stored in memory. The actual scan rate is displayed on the screen.

4. Scan Rate-Swept Frequency
This mode is used to generate swept scan rates. The sweeping function is a
triangular function with adjustable center frequency, sweep width and sweep
rate. Its parameters are either determined by the operator or automatically
selected according to preset routine(s) stored in memory. An X-Y diagram is
used to display actual instantaneous scan rate as a function of time.

5. Stabilized Coordinate System
This mode is used to generate a stabilized coordinate system for the
demodulator circuit and provide azimuth and elevation error signals
independent of the axial orientation of the feed. This feature allows manual
minimization of crosstalk in tracking systems using conventional mounts. It is
also highly desirable for tracking systems based on non-orthogonal axes
positioners in which the antenna itself rotates about its axis.

CONCLUSION

The DECS tracking feed system design, both hardware and software, is modular in
nature and as such lends itself to actual implementation of all or some of the features
described in this paper. In its simplest form without the adjustable beam offset and the
high velocity capability it still provides significant performance improvements in the
areas of cost, insertion loss, crosstalk minimization and residual noise modulation. In
its "overhead pass" configuration, it provides, in addition to the above, a technique to
optimize gain near zenith and minimize modulation in the tranmit channel if
applicable. As a high velocity scanner it allows a wide range of scan rates in the CW
or the Swept Frequency modes.

All in all this feed system adds to the performance of the conventional conical scanner
and, in time, will undoubtedly contribute to the large body of experimental data
supporting the various claims of superior performance by the conical scanner feed
technology over that of the single channel monopulse system.
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ABSTRACT

As technology progresses we are faced with ever increasing volumes and rates of raw
and processed telemetry data along with digitized high resolution video and the less
demanding areas of video conferencing, voice communications and general
LAN-based data communications. The distribution of all this data has traditionally
been accomplished by solutions designed to each particular data type. With the advent
of Asynchronous Transfer Modes or ATM, a single technology now exists for
providing an integrated solution to distributing these diverse data types. This allows
an integrated set of switches, transmission equipment and fiber optics to provide
multi-session connection speeds of 622 Megabits per second.

ATM allows for the integration of many of the most widely used and emerging low,
medium and high speed communications standards. These include SONET, FDDI,
Broadband ISDN, Cell Relay, DS-3, Token Ring and Ethernet LANs. However, ATM
is also very well suited to handle unique data formats and speeds, as is often the case
with telemetry data. Additionally, ATM is the only data communications technology
in recent times to be embraced by both the computer and telecommunications
industries. Thus, ATM is a single solution for connectivity within a test center, across
a test range, or between ranges.

ATM can be implemented in an evolutionary manner as the needs develop. This
means the rate of capital investment can be gradual and older technologies can be
replaced slowly as they become the communications bottlenecks. However, success of
this evolution requires some planning now.

This paper provides an overview of ATM, its application to test ranges and telemetry
distribution. A road map is laid out which can guide the evolutionary changeover from
today's technologies to a full ATM communications infrastructure. Special



applications such as the support of high performance multimedia workstations are
presented.
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INTRODUCTION

Today Asynchronous Transfer Mode (ATM) is the hottest buzzword in
communications, two years ago it was virtually unknown. There are many reasons for
this. Perhaps most important is that ATM is the first communications technology in a
long time to be embraced by both the computer industry and the telecommunications
industry. With this backing, its acceptance was assured, but still, the swiftness of this
acceptance is somewhat surprising.

This swift acceptance has been partially due to being in the right place at the right
time. ATM promises to combine voice, data and video at a time when many
enterprises are looking to do just that in their own networks. In addition, ATM offers
support for very high speed data applications. Another reason is that ATM is actually
being implemented with no successor technology on the drawing board. This is unique
in today's rapidly evolving technology environment. Repeatedly, independent
evaluations are selecting ATM as the optimum long term communications solution.
ATM's own acceptance has led to even greater acceptance, in a self-feeding
phenomenon not uncommon in today's marketplace. This is because as more vendors
support a standard, users are more accepting of the new technology.

For these reasons, along with the ATM standards development in an international
standards organization (i.e., non-proprietary technology) and its underpinning in
previously standardized technology, ATM will be the target for high speed
communications for the foreseeable future.

BRIEF OVERVIEW OF ATM

As the successor to Integrated Services Digital Network (ISDN) the CCITT has been
defining standards for Broadband ISDN (B-ISDN). A key part of B-ISDN architecture
is ATM. It is intended to provide optimum service to traditional packet switched
applications (data communications) and circuit switched communications (voice



communications). Additionally, high speed data and video transmission are strongly
supported.

ATM is a variant of cell relay technology. It uses a small fixed packet, or cell, length
to allow for low latency and fast cell processing. To achieve this a cell size of 53 bytes
was selected. Figure 1 shows that the 53 bytes consist of 5 bytes of header data and 48
bytes of information. The header holds routing information. This routing information
is used by the ATM switches in the network to pass the cell along to its final
destination. The use of the small cells allow the efficient use of bandwidth and allows
many devices using different data rates to share the network.

Figure 1. ATM's 53 byte cell.

ATM networks will employ switches to route the cells to their destinations. These
switches will be interconnected in a network topology which will look like today's
telephone networks or packet switch networks. End user equipment, the ultimate data
sinks and sources, will each have a dedicated link to the ATM switch. The cells will
be routed across the network via virtual channels (VCs) over virtual paths (VPs).
There are two types of virtual channels defined, permanent virtual circuits (PVCs) and
switched virtual circuits (SVCs). A PVC would be setup manually and left established
for a long time, an SVC will be established with signaling and will only exist for the
duration of the data transfer (analogous to a phone call). Initial ATM implementations
will only support PVCs.

B-ISDN's protocol model shown in Figure 2 roughly conforms to the International
Standards Organization's (ISO's) Open System Interconnect (OSI) seven layer model.
According to CCITT, SONET will be used as the physical layer. Thus, ATM switches
will be connected over fiber at OC-3/STS-3c (155 Megabits per second (Mb/s)),
OC-12/STS-12c (622 Mb/s) and OC-24/STS-24c (1244 Mb/s) rates. [The telephone
companies will initially offer connections at DS-3 (45 Mb/s).]

The ATM Adaptation Layer (AAL), see Figure 2, processing is performed at network
terminating equipment on the user side of the interface. It classifies the traffic into one
of five types before segmenting it into 48 byte slices. The five types are: 1. Constant
Bit Rate (CBR) Services, 2. Variable Bit Rate (VBR) Services, 3.
Connection-Oriented VBR Data Transfer, 4. Connectionless VBR Data Transfer, and



Figure 2. The B-ISDN protocol model.

 5. Simple and Efficient Adaptation Layer (SEAL). (AAL 3 and 4 have been merged
to a common 3/4 format.) It is the AAL which isolates the network from the traffic
type and allows the network to be simply concerned with routing cells. This layer is a
key element to ATM, it provided for the adaptation of a wide variety of
communications requirements to the cell based transport mechanisms of ATM. This
layer allows the constant and bursty data rate demands along with high speed, low
speed and variable speed demands to all be well served by a single network.

Unfortunately, more detailed discussion the ATM standard is beyond the scope of this
paper. The interested reader should refer to [1].

LANS & WANS WITH ATM

ATM will initially appear in the realm of Local Area Networks (LANs). As today's
ubiquitous low speed Ethernet and Token Ring LANs begin to get congested they are
generally divided into smaller networks interconnected by backbone networks. This
results in fewer and fewer nodes per network segment. As the backbone networks
carry more and more data they are generally upgraded to higher speed networks. This



backbone application has been a common application for Fiber Distributed Data
Interface (FDDI) which runs at 100 Mb/s.

In many applications today these FDDI backbones are becoming congested. As higher
speed computers become cheaper and more wide spreads and applications are
developed to use this computing power, more and more data will need to be moved
over these networks.

ATM will solve this problem by allowing the FDDI networks to be divided and
interconnected through ATM switches. These individual FDDI networks will each
then be able to carry more traffic. Several vendors are already offering small ATM
switches in the one to two dozen port size. These small switches are aimed at just
these applications. In time, higher speed computers will require dedicated FDDI links
to these ATM switches.

Individual ATM switches spread across a building, campus or range will ideally be
interconnected with single-mode fiber. These switch to switch links will initially run
at 155 Or 622 Mb/s. Inter-switch bandwidth can be increased as required by simply
adding another fiber link between the switches on open switch ports.

As ATM grows in the LAN arena, the need to interconnect these ATM LANs at high
speeds and across long distances will arise. Here ATM LANs will be seamlessly
connected to the wide area ATM networks installed by the telephone companies. The
large service provides will use much larger switches which will have port counts in
the tens of thousands. Thus LANs and WANs will merge and provide high
performance communications across great distances. Since ATM will remove the low
speed bridge connections used by today's WANs there will be virtually no
performance difference between local and wide area computer networks.

IMPACT ON RANGE OPERATIONS

This growth of ATM will have an impact on how test ranges operate for several
reasons. This will first be seen as many smaller networks are combined across an
ATM internetwork. This will allow much greater flow of information.

However, as the technology matures more and more data sources and sinks will be
connected over ATM. This will occur for two reasons. First, the ATM network will
allow anything to connect to anything - within reason. This is because one
homogeneous network will have connections to low, medium and high speed raw and
processed telemetry data, as well as voice, video teleconferencing and high resolution
mission video. ATM connections will service personal computers, workstations,



supercomputcrs, telemetry processors, and test personnel positions, in contrast to
today's assortment of switches and networks dedicated to different types of data.
Complete connectivity from range to desktop, and all points in between will be
achieved. The underlying benefit of everything connected over one seamless network
cannot be understated. This will greatly facilitate the processing and flow of
information across the range community.

The second reason follows from the first, once nearly everything is on the ATM
network, when a new piece of equipment is installed it will be only logical to connect
it to the ATM network since it's sink or source of data will already be on the network.
Additionally there will, more than likely, be access to an ATM switch relatively
nearby.

As telemetry collection and processing assets get connected to the ATM network it
will become transparent as to where those assets are located. Thus, inter-range testing
will be greatly facilitated. Video and telemetry data could be collected at one test
range, processed at a second and viewed and monitored at a third. Clearly the potential
for distributed processing is greatly enhanced.

The fact that all equipment is on one network and ATM supports multicast (i.e., one
source multiple destinations) will allow any computer access to all raw and processed
data. Multicasting also facilitates transmission of real-time video to all mission
participants.

Because ATM routes data with only the header information, setup of mission data
distribution will be accomplished with just the issuing of addresses to the end
equipment and/or the entries in address tables of the ATM switches.

A ROAD MAP TO FULL ATM

The most likely place for ATM switches to appear first is in the LAN backbones
providing the internetworking as discussed earlier. This will occur for several reasons.
The ATM portions of these networks will initially be small. This will allow a single
vendor solution. Thus, postponing interoperability issues until the standards are more
mature. Secondly, desktop ATM interfaces are roughly $10K each today. (ATM
interface boards are available today for direct connection to most computer busses.)
This will limit these to high performance computers involved in real-time
applications, at least initially. Eventually, the cost per interface will drop and the data
handling capabilities of the average computer will rise until a balance is found. At that
point ATM to the desktop will spread quickly.



As was alluded to earlier, ATM switches will directly support FDDI interfaces. This
is because the ATM Forum has defined FDDI, SONET STS-3C/OC-3, DS-3 and
Fiber Channel (155 Mb/s) as the four physical layers which could be supported
initially. (The ATM Forum is an industry consortium whose goal is to accelerate the
adoption of the CCITT standards.)

For these reasons the selection and use of SONET, FDDI, Fiber Channel and single
mode fiber optic cable for pre-ATM solutions will allow these assets to directly
support ATM when it is implemented. Because interface boards to most popular
computers are either available today or scheduled for delivery by the end of this year,
the selection of processors can be independent of ATM.

The general conclusion of potential users is that ATM will be economically feasible in
the 1996 time frame. Public offerings of ATM services by the commercial carriers
will begin by early 1994 and probably be somewhat widespread by 1997.

APPLICATIONS

One application of particular interest to the test range community would be the
support of test center personnel during a mission. The ground-based test participants
could each be supported with a high performance multimedia workstation. This
workstation would simultaneously provide displays of radar information, mission
video, processed telemetry information, access to archived test results, and full
mission voice communications. Each participant would have interactive voice and
graphical communications with personnel involved in the test. Participants could also
be provided interactive processing capability to dynamically adjust the analysis of
data in realtime. This would make test positions generic and quickly adaptable to new
and varying missions.

In this scenario, technical specialists could be called in to the mission on an
impromptu basis if a special need arose. This specialist would have access to all
information about the mission without leaving his or her desk simply by logging on to
the ATM network via their desktop workstation. Further, this specialist could be down
the hall or at another facility halfway across the country.

Today, significant effort is being channeled in to making video teleconferencing on
the desktop feasible. Although most of this work is independent from ATM, this
technology would easily accommodated by an ATM network. Thus visual interaction
would blend with the other interactive elements



In addition to the inter-range personnel hookups, the distributed processing
capabilities available across the entire network would offer a huge potential
processing resource.

CONCLUSION

Truly ATM holds great potential for the future of data communications. But as is the
case with all technology that has not reached maturity, many more claims of virtue are
made than will ever be realized. This is to be expected. Someday a technology will be
proposed which will better ATMs but until then ATM is the brightest star out there.

To guess at the near-term future of ATM, we need only look back at any developing
communications standards. Initial product offerings will be hybrids which partially
conform to the standards and partially provide proprietary solutions for the yet to be
standardized portions of the technology.

Even after standards are finalized, there is often leeway in the implementation
specifics. This is where the ATM Forum hopes to make its biggest impact. The ATM
Forum aims to codify the details not in the standard to maximize interoperability. The
Forum is not alone in this pursuit, no less than six multivendor testbeds have been
established and about a dozen vendor alliances have been announced.

Even with this cooperation, there are some big challenges ahead, these mainly deal
with the more complex portions of the technology which typically get bogged down in
the standards committees. These issues, however, are essential to full featured
multivender interoperable ATM. This includes, network management, establishment
of SVCs, and support for multiple sessions from one ATM node. Additionally,
development of the upper layer application protocols targeted at ATM and ATM
internetworking are needed. The means to provide a level of security suitable for
military operations without degrading the benefits of ATM is also needed. The
development of low-latency, isochonious interfaces to ATM is another requirement
for supporting the test range community.

Fortunately, market forces among the multitude to ATM vendors will force the
implementation of these aspects. This will, however, take time. To believe the road to
ATM will be short and bump-free would be naive. However, it is becoming ever
clearer that all roads lead to ATM and this does appear to be the next significant
destination. By targeting intermediate milestones along this trip, users can chart a
route with minimal deviation from the optimal path to full ATM.
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AN INTELLIGENTMANAGER FOR A
DISTRIBUTEDTELEMETRY SYSTEM

Arthur N . Rasmussen

ABSTRACT

A number of efforts at NASA's Johnson Space Center are exploring ways of
improving operational efficiency and effectiveness of telemetry data distribution. An
important component of this is the Real-Time Data System project in the Shuttle
Mission Control Center. This project's telemetry system is based on a network of
engineering workstations that acquire, distribute, analyze, and display the data.
Telemetry data is acquired and partially processed through a commercial
programmable telemetry processor. The data is then transferred into workstations
where the remaining decommutation, conversion and calibration steps are performed.
The results are sent over the network to applications operating within end user
workstations. This complex distributed environment is managed by PILOT, an
intelligent system that monitors data flow and process integrity with the goal of
providing a very high level of availability requiring minimal human involvement.
PILOT is a rule-based expert system that oversees the operation of the system. It
interacts with agents that operate in the local environment of each workstation and
advises the local agents of system status and configuration. This enables each local
agent to manage its local environment and provides a resource to which it can come
with issues that need a global view for resolution. PILOT is implemented using a
commercially available real-time expert system shell and operates in a heterogeneous
set of hardware platforms.
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INTRODUCTION

The Mission Control Center at NASA's Johnson Space Center has been the focus of
manned space flight operations for nearly 30 years. Its purpose is to support all
manned space activities including Space Shuttle missions and upcoming missions
such as Space Station Freedom. The Control Center is manned by a team of flight
controllers whose goal is to ensure a safe flight that achieves the highest level of



mission objectives. In addition, this must be performed in an effective and
economically efficient manner.

Several activities have been pursuing these goals. The Real Time Data System
(RTDS) is a project established to explore the applicability of new technologies and
approaches to the task of flight control. The project is examining and producing
demonstrations in a number of areas including artificial intelligence, man-machine
interfaces and distributed architectures and techniques. The environment in which
these have been performed is comprised of a heterogeneous network of engineering
workstations. These platforms are based on commonly available commercial software
such as the Unix operating system, the X-window system and OSF/Motif, and theTM

TCP and UDP networking facilities. Upon this has been constructed a network-based
real-time telemetry distribution system which in turn supports flight control
applications for real-time analysis and display.

DATA DISTRIBUTION ENVIRONMENT

The telemetry stream downlinked by the Space Shuttle is a relatively complex one. It
is a 192 kilobit PCM stream that includes a primary stream and up to 6 embedded
asynchronous streams that are in turn mixed with digitized voice channels. Each of the
streams is formatted independently and the formats are routinely switched during a
typical Shuttle mission; a minimum of seven to more than a dozen is typical.
Additionally the embedded streams vary in frame length as needed to accommodate
data during different mission phases (e.g., engine data during ascent and payload data
while on orbit). There are a large number of parameters in the streams (typically over
10,000 for a given mission) that are sampled at rates that vary from 1 to 100 Hertz.

The RTDS telemetry system deals with this complexity by dividing the work of
recovering parameters from the streams into two portions, one performed by a
telemetry processor and the other by an engineering workstation. A representative
view of the RTDS hardware environment is shown in figure 1. Data from the Shuttle
is received as a serial PCM stream that is fed to the telemetry processor. The
processor performs bit, word and frame synchronization on the data and then
examines the format identifier in the primary stream to determine the frame sizes of
the embedded asynchronous streams. The embedded streams are then extracted from
the primary stream and frame synchronization is performed on them. The final step
within the processor is to label the frames of the streams and deliver them to telemetry
workstations using a direct memory access (DMA) channel.



Figure 1. Representative Hardware Environment

The telemetry workstations accept the frame data from the telemetry processor and
complete the process. Individual parameters are decommutated based on the current
frame format, converted to native workstation data types and then calibrated to
engineering units. This puts the data into a state suitable for use by application
programs. The data is then transferred over the network to application workstations
where it is made available to application processes for analysis and display.

This process is shown in more detail in figure 2. The figure shows a representative
data flow from PCM stream form to final form consumed by the application processes
with a focus on the activities performed by the software within the workstations. The
telemetry frames are received from the telemetry processor by a software process that
assembles them into a complete major frame. The frame is built in a shared memory
segment to speed communication with the subsequent process. The next process uses



Figure 2. Representative Data Flow

decommutation and calibration information to extract individual parameters from the
telemetry frame shared memory; it applies the appropriate conversion and calibration
transformations and places the data and associated status information into a shared
memory segment. At this point all artifacts of the telemetry streams have been
dissociated from the data except for availability status and sample rates, freeing
application programs from the need for most format-dependent behaviors.

The application processes obtain the data using an application program interface
which delivers to them only the data they request. To distribute the data to other
workstations, a distribution process acquires all of the available data (using the same
interface as any application), compresses the data based on a change-only algorithm,
and transmits the compressed data to receiving processes executing within the



application workstations. The receiving end recreates the process data shared memory
in its local workstation environment so that it is identical to that in the sending
workstation. This allows the same application interface to be used in both sending and
receiving workstations and makes the transfer mechanism transparent to the
application processes. The distribution processes are structured so that they can easily
be executed within a single workstation and so that a sending workstation can transmit
to a large number of receivers. This capability is routinely used within the RTDS
environment to establish a hierarchy of data distribution in order to distribute the load
of the data distribution more evenly across the environment and to take advantage of
local area subnet isolation.

SYSTEM MANAGEMENT APPROACH

The originally purpose of the telemetry system was for exploring issues and
approaches to the problems of the real-time distribution of telemetry. Its various
capabilities soon made it very popular as both a development environment and as a
supplemental flight support facility. (Examples are the system's ability to log
telemetry data to file and play back the data in manner identical to the real-time mode,
and a tool for controlling this facility that presents the developer with a control panel
that looks and functions like a home video recorder.) As the use of the system grew,
experience with its operation uncovered data outages caused by a variety of problems,
primarily with the software processes and underlying support software (e.g., the
operating system and the network software). To obtain the reliability desired for
support of simulated and actual Shuttle missions, a person was forced to monitor the
system and correct anomalies as they occurred.

As the monitoring of the system became increasingly burdensome, a plan for
automating the task was conceived. Several basic points of design philosophy guided
this effort. Foremost was the desire to take advantage of the strengths of the
distributed nature of the system. This implied abandonment of many previous
concepts in use within the Control Center since they were based on a strongly
centralized architecture. A second design assumption was that software failures are
inevitable, and that reinstatement of the data delivery service was more important than
detailed problem diagnosis. This produced a design whose software components are
inherently easily removed and replaced when a failure occurs.

The result is a distributed management approach based on a layered architecture. At
the lowest layer are the service processes that perform the data delivery tasks. These
were instrumented to make their internal state information available to other
processes. Once this very necessary visibility was provided, the next layer was created
as a process designed to maintain the health of the local workstation environment by



managing the service processes. The final layer is an overall system manager that
interacts with the local managers to maximize the health of the whole system.

SYSTEM DESIGN AND IMPLEMENTATION

Instrumentation of the service processes is implemented using simple mechanism that
is both effective and efficient. A library of support routines provides each service
process with access to a status area within a shared memory segment. The process
identifies itself to this facility by name and receives access to the status area. The
process then reports its activity and state information in the area; this is done with
minimal overhead since the process has direct access to the memory area. The facility
allows other processes to examine the area and so gain direct and immediate visibility
into the service process. It also allows other processes to make requests of the service
process.

Once this mechanism of visibility became available, a process was created to use the
information to manage the local workstation environment. It was named Autopilot
because of its conceptual mode of operation. The desired set of processes to comprise
the local environment is dialed into Autopilot's software "knobs"; it then takes all
actions within its range of capabilities to maintain that environment until a new setting
is selected.

In normal operation, Autopilot manages all of the service processes executing within
the workstation. It starts the processes and monitors their health and execution states
using the status area as well as operating system capabilities. Figure 3 shows how
Autopilot fits into the workstation's environment. When it detects a problem in a
service process, it issues a termination warning to the service using an appropriate
mechanism. If the service process is capable, Autopilot issues a "soft" terminate
request to allow the process to attempt recovery or cleanup before terminating. After a
suitable interval, Autopilot removes the process (if necessary) and replaces it with a
new instance. If the service process is capable, Autopilot issues a "soft" terminate
request to allow the process to perform cleanup before terminating. The state
information of failed processes and all actions taken on processes are logged by
Autopilot for later analysis.

The actions taken by Autopilot can be tuned in several ways. Each process managed
by an Autopilot has an associated set of management policies and parameters that
determine how the Autopilot monitors and takes actions on the process. Examples
include the means and criteria by which the Autopilot judges the health of the process,
the steps the Autopilot performs while terminating the process, and relationships
among related managed processes. A managed process can interact with Autopilot in



Figure 3. Autopilot Operation

controlled ways, including providing advisory information and requests to Autopilot
to adjust the management policies to reflect activities being performed within the
process. For example, a managed process can advise Autopilot that it is waiting in an
inactive state.

The design of Autopilot calls for it to function as autonomously as possible. This
enables it to continue to operate independently of other workstations in the network.
By its definition it has a limited view of system operation. To provide system level
view, PILOT was created. Its purpose is to interact with a set of workstations, each
containing an executing Autopilot, and take the role of the human operator. It is
implemented as a rule-based expert system using a commercial real-time shell, G2 .TM

The shell provides a user extensible object class hierarchy, a graphical user interface,
rules and procedures. It also has a facility that simplifies communication with other
processes.

The ability of PILOT to overlook the entire system gives it the ability to reason using
contextual knowledge that is not available to the Autopilots. In turn the ability of
Autopilot to manage the details of the local workstation environment frees PILOT
from the unnecessary complexity that would result if PILOT were required to do so.
PILOT is still in active development; expertise gained from experience with both
operations support and PILOT's operation is being used to augment PILOT's
knowledge base.



PILOT's current role is primarily that of an advisor. It builds and maintains a dynamic
model of the workstations and their data flow interconnections. It provides several
displays, including a diagram of the current data flow hierarchy as shown in figure 4;
additional displays provide a deeper view into the state of a workstation. PILOT
reduces the parameters that describe the workstation environment to a small set of
qualitative measures. These are used to characterize the system state for the human
operator and to provide a basis for reasoning about nominal and anomalous system
operation. The model is used by PILOT to detect and isolate failures and will be used
to resolve them. For example, current experimentation includes rules that detect loss
of data within a set of workstations and attempt to determine whether a common point
of failure can be found. This deals with an observed situation in which the network
service software has become deadlocked.

Figure 4. Hierarchical Data Flow Display

As PILOT masters the simpler system management tasks, it will be expanded in two
areas. The first is overall system setup and configuration. Currently the human
operator provides information about the day's activities and the configurations needed
to support them. This process will be automated so that PILOT is aware of the day's
schedule and can advise the workstations on proper configuration as well as handle
overriding requests from the workstation user. The second major area of work will be
in dynamic monitoring and control of the system as a whole. Additional issues at a
global level will be addressed such as the policies and procedures used to reroute data
flow around failed workstations or network segments. A related area of investigation
will be the use of contextual information adjust policies and the ability to learn
appropriate policies based on experience. The interaction between PILOT and



Autopilot is also being explored, including means of distributing portions of PILOT's
expertise to the Autopilot.

CONCLUSION

The PILOT and autopilot solve many of the needs of a distributed telemetry system.
The autopilot's ability to detect and resolve problems with malfunctioning software in
the local workstation environment have greatly increased the robustness of the RTDS
telemetry system while simultaneously reducing data dropouts due to the delivery
system. Experience with the PILOT expert system show that it substantially reduces
and simplifies the workload of the data system operator; as additional expertise is
captured within it, it is expected it will become able to manage the data system in all
but the most catastrophic circumstances.
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ABSTRACT

The increasing complexity and volume of the information needed to support flight test
missions has led to a need to expand the capability of current test data management
systems. While the abilities currently exist to collect and manage calibration and
telemetry information in an automated fashion, new requirements have emerged to
link this data with other systems and to expand the functions and devices supported.
Coordinating and directing the overall flow of information required for a successful
flight test is a very big task. It calls for a view into flight test planning and scheduling
activities, test objectives and methods, and the requirements for viewing and
processing the test data in real-time and postflight.

To meet this challenge, the Automated Test Data Management System (ATDMS) is
being developed at the Air Force Flight Test Center (AFFTC), Edwards AFB,
California. This paper describes the critical information and interfaces that the
ATDMS will manage to bring cohesion to the management of flight test support data.
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THE CONTEXT: THE FLIGHT TEST PREPARATION PROCESS

Flight Test is a very important - and very expensive - portion of the Test and
Evaluation activities that support the acquisition of new aircraft capabilities. The data
gathered during flight or ground test forms the foundation for major acquisition
decisions, and the accuracy and efficiency of the testing process is vital to the entire
acquisition effort.



A successful flight test mission represents the culmination of an enormous cooperative
effort by dozens of people from many organizations and specialties, each contributing
information and expert knowledge. Information from people doing mission planning,
flight test engineering, aircraft instrumentation, telemetry system setup, range support,
mission control room setup, data analysis and other activities must be coordinated and
combined before the test can take place.

All of the work done by the separate groups joins like pieces of a quilt to accomplish
the fundamental tasks - deciding what is to be tested and how to measure it, preparing
the aircraft and the support resources for the test, conducting the test, analyzing and
storing the data that results from the test, and feeding those results back into the
planning process. Unfortunately, the various squares of the quilt are not as neatly
joined at the seams as one would hope, and the work they represent is performed with
strongly varying degrees of efficiency.

HISTORY

Several systems at the AFFTC have been used in attempts to sew together parts of the
overall test support process with automation. In this section we review three of the
existing projects with which the ATDMS project will be working. There are a number
of other efforts under way that will improve various facets of the test process, but
these three are the most ambitious and the most well known, and all have experienced
notable success. The ATDMS project will build on the work done so far.

The Flight Test Management System (FTMS) was implemented to support the B-2
Test Program as a tool to aid flight test data processing in planning and accomplishing
the test mission, and in tracking test status. It can track multiple vehicles, many test
objectives, and over 10,000 measurements per mission. It is used in preparing the
real-time and postflight data processing system, preparing the test vehicle
instrumentation system, and ensuring that the test vehicle and the ground station are
loaded with identical information. The system maintains a log of test point status and
can produce statistical analyses of test progression. The system maintains data base
information on flight test work orders, test operations, mission plans, aircraft status,
data products, and instrumentation.

The Test Instrumentation Management System (TIMS) provides tools for the
instrumentation engineer to document the instrumentation system configuration, build
the Pulse Code Modulation (PCM) data formats, load the programmable units onboard
the aircraft, and perform the preflight and postflight checkout of the instrumentation
system. It is a multiproject support effort, and will ultimately provide a common



instrumentation information management tool for the majority of the flight test
projects at the AFFTC.

The heart of the TIMS is a data base which manages information on the
instrumentation samples to be gathered, measurands to be produced, instrumentation
configuration on the aircraft, and programming and software setup of both the
instrumentation system and the ground support units, including a telemetry data
processor, strip charts, and displays. The associated TIMS programs use the data base
information for planning support, to generate and load programs, to distribute
instrumentation data, and to provide basic data acquisition and display functions.
TIMS provides a workstation environment that enables a project to both connect to
AFFTC resources while testing at Edwards, and to also bring the same information
with the aircraft to remote locations where the test support environment may have to
be brought in with the plane.

The Aircraft Information Management System (AIMS) is, like TIMS, a project that
provides services to many different flying projects at the AFFTC. The AIMS was
designed to improve the accuracy of the results of various first generation data
processing systems (1GDPS) by providing them with consistent setup information,
and to eliminate duplication of effort in flight test projects where more than one
1GDPS is used. The AIMS also provides the ability to retrieve the information that
was needed to support any past test mission as well as the most current. It provides an
audit trail as well as the ability to rerun data processing when needed. The AIMS file
contains all the calibration and documentation data needed for each test aircraft over
the life of the project. The AIMS has been supporting major flight test programs since
1991, and will be adding support for more projects by interfacing with the TIMS
during 1993. The TIMS/AIMS interface has the capability of sending output from a
TIMS workstation directly to the AIMS program via a network link, speeding the
overall flow of data substantially.

The AIMS has met its goals of shorter setup times; less manual work, and lower error
rates, but other benefits have materialized as well. Automation of the process has
yielded side benefits through improved communication between groups, and a better
view of the test support process as a whole has emerged from the comparisons of the
two existing AIMS supported projects. This has led to improvements in the overall
first generation process. It is this synergism that ATDMS hopes to expand to more
phases of the test support process [1].



CRITICAL INFORMATION

Basically, the Flight Test Process is an information gathering and managing process.
Information is the critical commodity in Flight Test: information about what the test
objectives are, about the configuration of the system under test, about the status of
airborne data collection and telemetering system, and about the state of preparedness
of ground support systems to remotely monitor the test. The degree of speed and
accuracy with which this information is disseminated translates directly into the
efficiency - and cost - of the flight test program.

This information is distinct from the actual data (system measurements) gathered
during the flight. It relates more to the questions "How?" and "What?" of testing than
the "What happened?" and "Does the system behave as expected?" questions. It is
vital to the process of preparing for a test and measuring what has been accomplished.

At the AFFTC, Developmental Test and Evaluation (DT&E) is the primary process.
The system under test is required to meet certain specifications related to its intended
operational mission. It must fly so high, so fast, carry so much weight, find and
destroy certain classes of targets, etc. The goal of DT&E is to send a system to the
operational testers (OT&E) that is capable of performing the intended mission, with
reasonable development, operation, and maintenance costs.

For each specification, a test is planned. Each test consists of one or more test points,
specific flight conditions (altitude, mach number, weight, angle of attack, etc.),
aircraft system states (autopilot off, flaps at one-half, throttle at 50 percent, radar in
single target track mode, etc.), maneuvers (wind up turn, pitch doublet, missile launch,
etc.), required measurements (pitch rate, airframe stress, fuel consumption, etc.), and
success criteria (navigational accuracy within 100 feet, bomb delivered within 20 feet
50 percent of the time, maximum range of 5,000 nautical miles with 60,000 pounds
load, etc.). Each test is described in a formal document, typically called a Test
Information Sheet (TIS). It represents the critical information that tells flight testers
what is to be done. It is the basic information about everything that is supposed to
happen in the flight test process, but it is not all the information required.

The process of preparing onboard instrumentation systems for a test creates additional
information that is required to support the test and to interpret the results.
Instrumentation engineers set up which measurements are to be collected for a
specific test and generate other critical information relating to the decommutation and
calibration processes required by ground test support systems.



A major DT&E Flight Test Program at AFFTC can have tens of thousands of test
points and their associated TISs, instrumentation system calibration and
decommutation information, and data display and data product details. Each Test
Point, its TIS, and associated information dictate what the objectives of the test are,
what configuration of the system under test is required, what measurements are
required onboard and from the supporting test range, and how much data, at what
rates, in what units, presented in what displays, and with what products required for
analysis. A Flight Test Project measures its progress by counting test points defined
(completion of TISs), test points flown (data gathering requirements satisfied), and
test points completed (data analyzed, success or failure decided).

Flight test engineers supplement the basic information in the TIS by adding details of
how test results are to be displayed, during real-time test monitoring, and in postflight
data products. Screen display formats, units of the data displayed, plot layouts and
titles, etc. supplement the basics described in the TIS to make the test results easy to
use to determine test success or failure. The flight test engineers concentrate their
attention on the aircraft being tested, and from their viewpoint the actual work needed
to create real-time displays and postflight data products happens "in the background,"
preferably invisibly.

CRITICAL FUNCTIONS AND INTERFACES

Test data management involves several primary functions and the critical interfaces
between them. A somewhat simplified breakdown of functions is as follows:

Planning component
Setup information management component
Information processing component

Between these functions are critical data interfaces where information is transformed
from a form meeting the needs of one user to a form that meets the needs of another.
Figure 1 is an overview of the critical interfaces to be addressed by ATDMS.

The flight test Mission Planning Function is a multi discipline endeavor which
works to define test and test support requirements including test objectives and
procedure definition, test asset scheduling and configuration definition, and data
product definition.

Defining test objectives involves planning all the activities and testing necessary to
verify and validate that vehicle specifications are met and that the system is ready for
operational use. The exercise of defining flight and ground test requirements has



Figure 1 ATDMS Critical Interfaces

always been complex, time consuming, and man-hour intensive. It involves evaluating
test objectives and test points (TIS points) and determining the optimum sequence of
testing and method for testing. The process must consider flight safety, aircraft
limitations, test constraints, range support requirements, instrumentation requirements,
aircraft configuration, and data output requirements as a minimum. The test planning
process must be flexible and able to make changes on short notice, and it must use an
extensive knowledge base to assure safe and efficient conduct of the test program.

After the test is planned, test asset scheduling begins. This includes the interface to the
AFFTC Range and test support organizations for such things as frequency allocation,
range airspace, chase aircraft, vehicle tracking, fire trucks, etc. Asset configuration
definition is necessary to assure test and support systems are in the proper
configuration to support testing at the time needed.



General data product definition should occur before testing, but can be an iterative
process as the testing proceeds. Describing the final data products to be obtained from
the flight test process can function as a sanity check for all the other activities in the
test mission planning function.

The Setup Management Function coordinates requirements defined in the Mission
Planning Function with instrumentation, range systems, and data operations. It is not
often recognized that the total assortment of hardware, software and people that
provide test data support can be as complex and dynamic a system as the aircraft
itself. A modern mission control room can have a multitude of displays, strip charts,
workstations, and archival systems that all need to be set up and linked with the
incoming telemetry stream (or streams) from the data acquisition system, which itself
must be properly set up. Similar work must be done to process the data from tapes
recorded on board the aircraft and from other sources.

At a facility such as the Ridley Mission Control Center at the AFFTC all resources
must be rapidly reconfigurable to support the differing requirements of multiple flying
projects. For the real-time environment, support must also be provided for last-minute
changes in the data being transmitted. Speed in ground support setup is becoming ever
more crucial to provide flexibility to test programs, even as the complexity of the task
increases.

The Information Processing Function is the glue that binds the test information
sources together and allows effective management of the flight test process. Currently,
information is passed from one source to another through a variety of methods which
are not consistent between the test programs. Large volumes of data are still being
transferred via hand-carried media, and managers check on the progress of test
information preparation by phone calls and mail. Manual procedures like these are
prone to errors and delays.

OTHER CRITICAL ISSUES

The previous sections have discussed some of the particular kinds of information and
interfaces that the ATDMS system will be dealing with. There are some additional
issues that affect the flight test process as a whole.

In earlier years, paper records were good enough to manage all the test support
information, but as the aircraft grew more complex, so grew the number of things one
needs to know to set up the test. The overall process was broken into the jurisdiction
of specialty areas, and many of these groups began using data bases to track their
information, exchanging the relevant subsets with other groups via paper reports. This



process has grown increasingly unwieldy, but many groups have invested so much
time and money in their individual data stores that this method of doing business has
become entrenched. In many cases, the data base solutions chosen are quite different
and have difficulty exchanging data.

Another challenge is the need to speed up the most time-critical data flows. This is
essentially an optimization problem, in which the availability of information needed at
the end depends on the performance of many asynchronous tasks. The current method
is for each information component to await the arrival of all data from all predecessor
tasks before beginning its portion of the job, whether all this was needed or not.
Increasing interconnectivity may permit a change from this passive model to one
where the different software applications actively notify each other of their status, and
request only the exact information needed to complete the task at hand.

However, if we are to arrive at a time when each sort of data is distributed in a
"just-in-time" fashion, as and when it is needed by partner organizations, much
thought will need to be given to ensuring that the latest information is always
available when needed, in some area available for query. This may require more
changes to existing data base systems than would be cost-effective, so other
approaches to speeding the information flow must be considered.

The changing nature of the computer industry and the Department of Defense (DoD)
information technology environment has led to concerns that many systems under
development will be "obsolete before complete." Dealing with change is the most
significant challenge for ATDMS.

Another issue concerns the conflicting claims of generalization versus customization.
Each aircraft and each Combined Test Force (CTF) face unique challenges, and
operate with distinctly different budgets and organizations. Projects - rightly - want
software and hardware solutions that work sensibly with their way of doing business,
and are highly suspicious of "one size fits all" solutions. On the other hand, from the
AFFTC perspective, projects have a great deal in common in what must be done and
how it needs to be accomplished, and support can be provided much more efficiently
within a common framework. A challenge for ATDMS will be to isolate the truly
common work while developing a set of interface tools that can be customized to meet
the needs of each project.

THE ATDMS APPROACH

The ATDMS approach is to cooperate with existing automation efforts in an attempt
to capitalize on their knowledge and successes so far. The ATDMS project will be



developing a network of "partner" organizations that each have one or two squares in
the quilt of work, and will work with them to find ways to assist the overall flow. In
particular, ATDMS will be looking at the use of heterogeneous networking techniques
to access and distribute data. The essential question to be asked in each area is "Does
it make economic sense to automate access to this data?" and the answers will guide
the establishment of priorities.

The ATDMS will also develop automated tools to tackle two particularly important
areas, test planning and data system setup. These two functions are the ones in which
automation improvements will have the most dramatic impact on the overall process,
and where the most can be learned in the immediate future.

To improve the Mission Planning Function, the ATDMS project is exploring the ways
automation can assist the interface between test objective management and test
procedure management. A prime value in this activity is that the data that can be
captured here are essential to the test support process as a whole. Automating part of
this process will enable planning data to be linked to other test support activities
without requiring as much valuable time from flight test engineers. To be useful to
mission planners, automated tools should support at least the following functions:

Keep a record of test points and their status, what is required to clear them, and
track test points by flight and by specifications.

Maintain a data base of aircraft operating limitations, test constraints, and
defined maneuvers, and use this to identify possible test points.

Provide a simulation capability, and possibly an expert system based planning
aid, for preplanning test flights.

Be able to generate aero charts, maps, test cards (pilot cards), and flight reports.

Be able to compare aircraft instrumentation and configuration status for what is
required to complete a test point versus what is available

Specific asset scheduling and configuration requirements vary with each test program,
but this is an area which appears to lend itself to some level of standardization and
automation, and a number of such automation projects are under way at the AFFTC.
The ATDMS project will link mission planning with these information sources to
improve the accuracy of the process.



Setup Management improvement is of prime concert to the ATDMS project, and will
be the focus of effort in its early years. The improvements in the overall process that
have resulted so far from the AIMS project have led to the expectation that the
expansion of this automation capability will have significant impact on time and cost.
Both TIMS and AIMS primarily address the linking of the data acquisition system
setup with the flight vehicle information. The ATDMS will expand the range of this
function to include a wider range of mission control room assets, such as real-time
displays, and will investigate other improvements in data management and control.
The goal is a rapid and accurate flow of information about setup for flight test.

Another focus area for the ATDMS will be the integration of new data formats and
new kinds of data recording into existing test support systems. Exciting new
technologies for onboard data acquisition and processing are in progress for the next
generation of Air Force vehicles, with possibilities for substantially higher volume
and complexity. Moreover, the new aircraft systems will be able to completely
transform the data they are recording and processing with ease during a mission,
sharply increasing the need for swift ground response.

As the other interfaces discussed in this section are automated or the data are
otherwise captured, it becomes possible to build a "supervisory" interface that can
collect and display information on the process as a whole. The ATDMS project will
provide an automated, distributed system that allows for tracking of, instant access to,
and automated control and monitoring of the information processes. Delays can be
reduced by orders of magnitude and errors can be minimized. Moreover, the
information collected here is the very basic data needed to use Total Quality
Management techniques. By looking at and measuring the steps in the overall process,
bottlenecks, and error-prone interfaces can be identified and improved.

The ATDMS project is looking at ways to provide the needed access to the
information the partner organizations need to share without time-consuming manual
preparation and translation of files. Recent advances in distributed computing make
direct query access possible between heterogeneous hardware and software platforms
and between data base products, but all is far from rosy. There are serious questions to
resolve concerning access permissions, configuration control, and security. Many of
the existing data stores were designed for a "stand alone" world in which there need
be no distinction between public and private data, and the state of the data base was of
concern only to its local users. True interoperability will also require a better mapping
of terminology and of process step definitions between the various partner
organizations.



The ATDMS project is addressing the obsolescence issue by advocating the use of
standards in all aspects of design, and by designing for maximum portability and
scalability. A major design factor for the ATDMS is that the software it uses, both
commercial and locally developed, should be as independent of a particular hardware
platform as possible. The primary target systems will be workstations that meet the
relevant DoD "open systems" standards, with locally developed code written in Ada
for reliability and portability. A second major design criterion is that the ATDMS
should scale up to meet the needs of the largest flight test program, or down to be
within the budget of the smallest.

The ATDMS personnel expect to work closely with the Advanced Data Acquisition
and Processing Systems (ADAPS) project [2], and will provide an initial limited
capability to support their data system setup needs in mid-1994. Additional
capabilities and integration with other systems will follow, with initial operational
capability in 1996 and full operational capability in 1999.

CONCLUSION

The preceding paragraphs describe some of the challenges that the ATDMS faces in
improving the flight and ground test process for large aircraft test programs. By
identifying the interfaces and issues, we hope to stimulate discussion of these points in
the flight test community.

The ATDMS will increase the synergism between the development efforts that now
are concentrating on different phases of the flight test process. It will facilitate
communication between the various groups and disciplines who combine their efforts
to complete a flight test program. The increased communication will make the overall
flight test process more efficient, less costly, and more responsive to customer's needs.
By providing tools to collect metrics on the overall test support process, improvement
efforts can be concentrated where they will do the most good.
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ABSTRACT

This paper describes developments in miniature, high shock telemetry at ARDEC
using monolithic millimeter wave integrated circuit (MMIC) technology. Telemetry
systems using this technology have been fabricated and gun tested at 60,000 g's with
excellent results.

Efforts to develop rugged telemetry systems to support testing at very high "G"
levels have been underway since 1984. The initial effort was targeted at developing
rugged telemetry instrumentation to engineer high performance munitions such as the
105mm and the 120mm Armor Piercing Fin Stabilized Discarding Sabot (APFSDS)
which produce very high in-bore accelerations. The initial result demonstrated circuit
stability and operation during very high accelerations (60,000 g's). A second phase
was launched to develop a telemetry system consisting of an FM multiplex, a
summing amplifier and a transmitter. These efforts demonstrated that telemetry data
could be transmitted during acceleration thrust, through the ionized gases and could
provide the real time projectile performance data.

This paper presents the results of the work done to date and the potential for broad
application in families of high performance munitions systems throughout the testing
community.

INTRODUCTION

It has been demonstrated that as weapon systems become increasingly intricate, the
telemetry instrumentation technology used in the development and testing of these
complicated systems need to be miniaturized and ruggedized while keeping
instrumentation costs low.

The monolithic technology meets the requirements of the advancements in
hypervelocity weapon systems with a decreasing amount of volume available to
integrate instrumentation. The latest weapon systems require a small light weight



complete instrumentation package capable of transmitting data in the harsh
environments of hypervelocity guns. These challenges placed a major emphasis on the
research, development and fabrication of high shock micro-miniature instrumentation
packages.

Since 1988, the Telemetry Section at ARDEC has pursued the development of a
high-shock, micro-miniature, telemetry system. . This system is a frequency
modulation/phase modulation, surface acoustic wave (SAW) stabilized telemeter that
utilized monolithic microwave integrated circuit (MMIC) technologies to achieve a
very small instrumentation package.

The testing and evaluation of monolithic SAW stabilized technology and its
application to instrumentation systems was initiated at ARDEC in 1988. In November
1990 a monolithic micro-miniature transmitter was fired in the 105mm gun. The
objective of this test was to prove transmission through the ionized gases and to
determine the amount of frequency shift which would result from subjecting the
instrumentation to the 105mm gun environment. The device fired in 1990 was an RF
transmitter stabilized by a surface acoustic wave (SAW) element and it was
successfully fired at an acceleration force of 67,400 g's. More information about this
early development can be obtained from references 1 and 2.

The success of the first phase launched the micro-miniature monolithic
development into a second phase which was tested in early 1992 in the 105mm
environment at 50,000 g's. Figure 1 shows a block diagram for this telemetry system.
It consisted of a six channel frequency modulated (FM) multiplex, a subcarrier mixer,
an S-band transmitter, an antenna and a capacitor bank which provided power to the
electronics for 20 milliseconds. The data received was collected by a ground station
and recorded on magnetic tape for further analysis.

The successful conclusion of this second phase establishes a significant
accomplishment in the development of state-of-the-art microminiature
instrumentation. Typically, the application of monolithic technology in the
development of micro-miniature telemetry has introduced a high risk element to the
integration of instrumentation in ongoing weapon developments. In combination with
this high risk element research dollars have also been scarce, which has hindered the
development of this innovative approach to instrumentation. However, after these two
successful firings, the interest in this new technology has been activated and recent
efforts show that this technology will be a serious participant in the instrumentation of
future weapon systems developments.



FIGURE 1

SYSTEM DESIGN OVERVIEW

Figure 2 shows the hardware used in the high "g" telemetry system integration. It
shows three hardware cavities: the multiplexer/transmitter cavity, the power
conditioning board cavity and the capacitor bank cavity. The three plates shown
separate the cavities and provide a systematic approach to the system build up.

The power supply consisted of a capacitor bank with twelve capacitors and
protection diodes. The components were assembled on a printed circuit board and
inserted into the capacitor bank cavity with a high "g" pad to soften the setback forces.
The unused volume inside the capacitor bank cavity was filled with hard potting
compound and the wires were inserted through a hole located at the center of plate #3.



FIGURE 2

The power/signal conditioning board consisted of the dc power regulation and
signal conditioning circuitry. The power conditioning circuitry regulated a 15 volt
input to an 8 volt power source used to power the multiplexer and the transmitter. The
capacitor bank was charged to a voltage of 15 volts and used the energy between 15
volts and 8 volts to power the electronics. The unused volume inside the power/signal
conditioning board cavity was filled with the same potting compound as the capacitor
bank cavity.

The transmitter/multiplexer cavity contained the CMOS multiplexer, the MMIC
transmitter chip and the SAW stabilizing element. Also the unused volume was filled
with hard potting compound.

All electrical connections between the three cavities were performed during the
fabrication process and using the small through hole in the center of the plates for the
feed through connections. The patch antenna was glued to plate #1 and connected to
the transmitter with a very small semi-rigid coaxial cable.

INITIAL BENCH TESTS

Before any environmental testing is done, a bench test is done to record all initial
system settings. These include input power requirements, the received RF power and
carrier and subcarrier frequencies. These values give us a basis of comparison after
successive environmental tests. A summary of the system parameters for the two
telemeters is as follows:



TABLE 1
Telemeter #1

V =9.0 Voltsin

I =200mAin

RF Power=20 dBm
Transmitter Freq.=2285.803 MHz

Subcarrier Freq. Low Band(KHZ) Center Band(KHZ) High Band(KHZ)

347.5 KHZ ± 6.5% 325 347.5 370
257.0 KHZ ± 6.2% 241 257 273
206.0 KHZ ± 5.8% 194 206 218
118.5 KHZ ± 6.3% 111 118.5 126

Telemeter #2

V =9.0 Voltsin

I =200mAin

RF Power=20 dBm
Transmitter Freq.=2286.017 MHz

Subcarrier Freq. Low Band(KHZ) Center Band(KHZ) High Band(KHZ)

349.0 KHZ ± 4.4% 334 349 365
250.0 KHZ ± 3.2% 249 250 266
234.0 KHZ ± 2.8% 228 234 241
128.0 KHZ ± 7.8% 116 128 136

AIRGUN TESTS

After all bench tests were completed, the micro telemeters were subjected to live
airgun tests. External power was supplied through a Port in the barrel. When these
wires get sheared, the internal capacitor bank stores enough energy to power the
system throughout the firing. The capacitor bank is comprised of 12 solid tantalum
47uF capacitors which provide power for at least 20 msecs. The test fixture used was
designed to yield maximum accelerations in the ARDEC 155mm airgun. This gun
provides the slowest rise time and longest pulsewidth associated with airguns.
G-levels obtained were on the order of 17,000 g's with a pulsewidth of 3 msec.



POST AIRGUN BENCH CHECKS

Post airgun bench checks insure that previous channel settings (Table # 1) did not
deviate after g-hardening. Slight variations in channel frequencies occurred after the
airgun tests. This is mainly due to component settling, however this characteristic will
be addressed in the next generation of telemetry systems.

l05MM GUN TESTS

A telemeter carrier was designed to allow testing in a 105mm powder gun. The
telemetry systems will be destroyed in this phase of testing. It was essential to design
a setup that would yield the greatest amount of redundancy. This was accomplished
using four receivers and three antennas arranged as in figure 3. Each antenna had an
RF preamplifier (30 dB gain) to compensate for losses in the long coaxial cables. All
four S-band receiver's video and automatic gain control (AGC) outputs were recorded
on two 14 track magnetic tape recorders. Also recorded were the predetection outputs
from two of the receivers, IRIG timing and a T-0 pulse provided from the gun control
room. Two telemetry systems were fired in a 105mm gun at Picatinny Arsenal's test
area. These systems were powered externally in the same manner as the airgun. Both
systems provided excellent data results, as can be seen from the enclosed data plots.

FIGURE 3



RESULTS

The following eight plots describe in-flight data collected from the two telemetry
units fired in the 105mm gun at ARDEC.

The piezoelectric accelerometer outputs are shown in figures 4 and 8 for test shots
#1 and #2 respectively. This data was modulated on the highest subcarrier. The low
pass filter of the frequency discriminator was set to 6.4 KHZ. (This filter could be
dropped to 3.2 KHZ in order to have a smooth curve.) Notice that the noise level
before the acceleration pulse is carried throughout the test.

The data from the internal switch which was activated by a level of 100 g's of
acceleration is shown in figures 5 and 9 respectively. This switch is used as a T-Zero
mark. The 6.4 KHZ low pass filter passes switch chatter.

The automatic gain control (AGC) output of the receiver is shown in figures 6 and
10. The AGC is linearly related to the received signal strength into the receiver.

The capacitor bank supply voltage is shown in figures 7 and 11.

Actual low pass filters (LPF) needed for a modulation index of 5:

Shot #1

Frequency (KHz) Channel Required LPF (KHz) Used LPF (KHZ)

347.5 Accelerometer 4.5 6.4
257.0 Accel Regulator Voltage 3.18 6.4
206,0 G-Switch 2.39 6.4
118.5 Capacitor Bank Voltage 1.49 6.4

Shot #2

349 Accelerometer 3.07 6.4
250 Accel. Regulator Voltage 1.60 6.4
234 G-Switch 1.31 6.4
128 Capacitor Bank Voltage 2.00 6.4

Low pass filters could be reduced in order to obtain smoother plots.



CONTINUING EFFORTS

The telemetry system will be repackaged to fit in a 1.000 inch outside diameter
housing. The transmitter and multiplexer components will incorporate the shortest and
fewest bond wires possible by use of an interconnect circuit board. The external power
supply and capacitor bank system will be replaced with a self-contained battery pack.
The final system design will be fabricated and then tested in the ARDEC Electro-
magnetic gun facility at Picatinny Arsenal, New Jersey.
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ABSTRACT

In order to reduce the measuring channels for the single-transient signals, the author
propose the time division multiplex technique and intrduce the method of SAW delay
line in this paper.
That used method of SAW tap-delay line in this system is different from previous
methods conSists in making traditional method, which is one-path signal input
different delayed multi- path signals output, alter new method , which is simultaneous
multi-path signal inputs that are respectively delayed and one-path signal serial output.

INTRODUCTION

There are many single-transient signals needed to be measured in trials. Previous
methods made signals on each path respectively transmit and record by individual
measuring channel,most of which were coaxial cable transmission, oscillometer and
sychronous photographing to record. Hence, one signal occupied one measuring
channel so that the system was very bulk,high expensive and low availability. For
these reasons, it is essential that using the time division muitiplex technique cut down
the number of measuring channels so as to lower costs and save money.

For the single-transient signal,owing to the quick change of rising edge (or falling
edge) of the signal ,it is not feasible to use usual time division method in general
telemetry system. In general PCM,we perhaps come across the problem of selecting
high-speed devices. For example, if we want to transmit five signals,supposing that
rising edge time of each transient signal is 35 ns,then we must require that the total
sampling rate reaches 150 MHZ above.If the code of data of each path is 8 bit,then bit



rate will be reached 1200 Mb/s above,which is not capable of realization at present. So
we must find a new technical way to solove this problem.

We have perfectly solved above-mentioned problem by employing the time division
multiplex technique.This technique is different from the time division technique in
general telemetry system in that simultaneous single-transient signals are differently
delayed to queue as serial analogue signals through delay component and then
transmitted over a common channel.In the mode of transmission ,we throw away
coaxial cable and use optical fiber. In the mode of recording and storing,we also
discard traditional method which employed oscillometer and sychronous
photographing. Now we employ the method of signal digitalization and make
digitialized signals store in buffer register and memory permanently in disk.

THE COMPOSITION AND BLOCK-DIAGRAM OF MEASURING SYSTEM

1. The composition of the system
The time divition multiplex measuring system for single-transient signal is composed
of signal delay queuing, optical fiber transmission,signal digitalization and storage as
well as microcomputer system.

a. Signal delay queuing consists of selectors,modulator,isolator,delay components
and amplifiers.

b. Optical fiber transmission consists of 100 MHZ analogue optical
transmitter,optical fiber ,100 MHz analogue optical receiver and so on.

c. Signal digitalization and storage consists of pre-processor,A/D converter, RAM
,the interface of compuer and so on.

d. Microcomputer system includes 386/25e host computer,RS3240
printer,DXY-880A ploter, 1400 colour display and the software of data processing.
2. The block-diagram of the system
The block-diagram of the time division multiplex measuring system for single-
transient signal is shown in Figure 1.

Figure 1 shows that five transient signals u ,u ,u ,u and u occur simultaneously. After1 2 3 4 5

the signals except the first signal have been selected,modulated and isolated , they are
differently delayed by delay components and transmitted to amplifier.As a
consequence, the output signals of amplifier are analogue group signals, which queue
as serial. Group signals are fed to optical transmitter to be modulated and then
transmitted over optical fiber and finally demodulated to recover orginal group signals
by optical receiver. These group signals are converted to digital signals after
pre-processing(detecting, amplifying , band-limiting), stored in RAM(preserved not
less than 7 days in the state of power off) , transmitted to computer via interface
circuit and memoried permanently in disk to provide later data processing.



FIGURl. BLOCK-DIAGRAM OF MEASURING SYSTEM

THE DELAY METHOD OF MULTIPATH SIGNAL

There are many approches to signal delay. This system employs the method of the surf
ace acoustic wave(SAW) delay line.
1. The principle of SAW delay component
To describe the principle of SAW delay component,we introduce firstly the principle
of interdigital transducer and the surface acoustic wave.

a. Interdigital transducer and the surf ace acoustic wave
If a piece of piezoelectric material's surface is plated interdigital aluminium sheet, it
forms interdigital transducer,shown in Figure 2. The same fingers of interdigital
transducer link up to form two poles.

When the two poles of IDT are added alternative voltage , due to piezoelectric effect ,
the pulling-putting-pulling stress and tiny deformation are alternatively produced
among interdigital fingers on the surface of piezoelectric material. In the meanwhile,
this stress and deformation periodicially varies with the alternative change of
voltage.Hence it produces the mechanical wave propagating towards two directions on
the surface of piezoelectric substrate, that is surface acoustic wave. Thus IDT
accomplishes the conversion of electricity to sound.

IDT can not only performs the conversion of electricity to sound but also performs the
conversion of sound to electricity . Shown in Figure 3, in order to realize the



FIGURE 2. CONFIGURATION OF INTERDIGITAL TRANSDUCER

interconversion of electricity-sound,we can plate a group of interdigital transducers at
each of two ends of a small piece of piezoelectric material's surface,one of a group of
interdigital transducers which two poles are added alternative voltage is simulated the
surface acoustic wave.

Figure 3. Block-digram of Measuring System

Beause the wave propagates on the surface of substrate,while propagating to another
group, two poles of which produce alternatve voltage, whose frequency is the same as
frequency of input terminal, due to positive piezoelectric effect.Thus the first group
IDT performs the conversion of electricity to sound ,and the second group IdT
performs the conversion of sound to electricity.

b. SAW delay line
Interdigital transducer is a kind of reversible transducer.It can not only produce SAW
but also receive SAW.Therefore it can be easily made many kinds of SAW
components. SAW delay line which is one kind of SAW components is widely used at
present.
The basic form of SAW delay line is shown in Figure 4.



Each of two ends of the surface of piezoelectric material substrate is plated a group of
IDT, which forms SAW delay line .Subdtrate is usually made of different
piezoelectric materials, for example,piezoid,lithium niobate,tantalum niobate and so
forth or same piezoelectric material(which is heterpolar in all directions ), which
cutting directions of magetic lines are different thereby its propagating speed of SAW
on the material is different.

FIGURE 4. BASIC FORM OF SAW DELAY LINE

The principle of this kind of SAW delay line is : when the input terminal is added
alternative voltage,simulated SAW passes through L delay and is converted to electric
signals at the output terminal.
Where L is the center distance between two groups of IDT, d is the width of sheet,
which depends on frequency choosed.
When we make IDT,we usually let d equal to the distance between fingers (d').
2.SAW tap-delay line
SAW delay in practice is generally multi-tapped,its block diagram is shown in
Figure 5.

a.Using method of the tap-delay line
In general,the using method of tap-delay line is that the first couple of tap on the left is
used as input transducer and the second ,the third, the fourth, and the fifth couple of
tap on the right as output transducer. When alternative electrical signals added to input
transducerand are transmitted over different paths, we obtain different delayed
electrical signals at the second,the third ,the fourth and the fifth output
transducers.However,the using method of the system is different from previous
method ,in that the first ,the second, the third,the fourth couple of taps is used as input
transducer simi and added alternative signals u ,u ,u and u , the fifth couple of taps as2 3 4 5

output transducer.If the delay time of neighboured taps is 6 s,then the delays time of
signals u ,u ,u and u are respectively 6 s, 12 s,18 s,24 s.Another signal u is2 3 4 5 1

not delayed.
b. The requirements for tap-delay line

If the rising edge time of signal to be detected is 35 ns and its bandwidth is B =1/0.35o

= 60 MHZ,then the bandwidth of high-frequency B= 20 MHZ.



FIGURE5. BLOCK-DIAGRAM OF SAW MULTI-TAPPED DELAY LINE

To restain the disturbance od the body wave,the relative bandwidth of B must be
satisfied:
B/f < 40 %,thus center frequency f must be satisfied following requirement:o o

f > B/0.4 = 50 MHZo

In order to reduce relative bandwidth and lower the requirment for tap of delay
line.The center frequency f is taken to be 60 MHZ.Thereby the component of theo

highest frequency does not exceed 70 MHZ to ensure that the requirement of
frequency for optical transmitter and optical receiver is satisfied ( < 100 MHz ).

c. The determination of the number of tap of delay line
For the purpose of enhance economic benefit,the more the number of multiplex,the
better. However,because choosed piezoelectric material of SAW delay line is lithium
niobate (LINBO). Currently,the substrate LINBO is restricted owing to the size and
the processing of the crystal,it is difficult to exceed 100 mmm,moreover , the
propagation speed of sound in LINBO is 3.488 mm/ s,apart from the surplus of two
ends , total delay to be provided is beween 25~ 28 s.If the bandwidth of signal is 5.5

s,bandwidth before zero is 0.3 s and the interval beween paths is 0.2 s,then the
number of delaying paths permit to be 4 paths and total number of paths is 5 paths

OPTICAL FIBER TRANSMISSION SYSTEM

1. The advantages of optical fiber transmission
There are many incomparable advantages of optical fiber transmission compared with
coaxial cable transmission for high-frequency information.
First, optical fiber channel is capable of transmitting at much higher tranmission rate,



now the transmission rate has exceeded 1000Gb/s.
Second,optical communication can avoid the disturbance of electromagnetic
wave.error-code tate is usually below 10 .-9

Third, optical fiber is low loss and suitable to long distance of commmunication.
2. The composition of system
Optical transmission system is mainly composed of analogue transmitter T193- 1,
optical fiber with 8 core multimod aluminium as well as analogue receiver T195-1.
3. optical source device
At present there are two kinds of optical source device to be choosed in domestic
contry : one is LDdevice(Laser device ), another is LED device (light-emitting
diode ).
The system choose LED device beacuse it has the advantages of the high strengh of
lighting,fine reliablity,low cost as well as uneasiness to the influence of temperature at
the militry range of -55 c~ 125 c. we choose common domestically used PIN in
receiving and detecting devices.
4.The properties of optical fiber transmission

a.The distance of communication > 1.2 km
b.The wave length of communication is 1.3 m
c.The distortion degree of the system < 2 %
d.Choosing LED as transmitter,PIN as receiver.
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ABSTRACT

The Common Airborne Instrumentation System (CAIS) is being developed by the
Department of Defense through a Tri-service Program Office. The goals of the
program are two fold. The first is to develop an instrumentation system that will meet
the needs of the Air Force, Army, and Navy into the next century. The system is
designed to support a full breadth of applications from a few parameters to
engineering and management and development programs. The second is to provide a
system that is airframe as well as activity independent.

To accomplish these goals, the CAIS consists of two segments. The airborne segment
consists of a system controller with a suite of data acquisition units. The system is
configured with only the units that are required. The ground segment consists of a
variety of support equipment. The support equipment enables the user to generate
formats, load/verify airborne units, perform system level diagnostics and more.

KEY WORDS

Airborne Instrumentation, Signal Conditioning, Data Acquisition

INTRODUCTION

Historically, the test ranges each had their own complement of instrumentation
systems. For each new aircraft program there was always a new test requirement so
the airframe contractors developed new instrumentation systems to achieve the new
capability. This led to many instrumentation systems in the field. The costs associated
with keeping personnel trained on each system, finding resources to keep the systems
up and running and buying spares for the new systems was getting prohibitive.



The CAIS Joint Program Office was created as a tri-service program to provide a
flexible and expandable instrumentation system for the Department of Defense. By
utilizing a common system, personnel need only be trained once and spare equipment
is required for one system type vice many. Interoperability between ranges will be
greatly increased due to the existence of ground support, emergency spares and
technical expertise already there.

AIRBORNE SEGMENT

There are three major building blocks in a generic CAIS system: Overhead functions,
Data Acquisition Units (DAUs) and signal conditioners. The overhead consists of an
airborne controller which commands the data acquisition units and receives data over
the CAIS bus. The controller also formats the data into an IRIG compatible PCM
stream. The data acquisition unit can be designed for the collection of specific data or
the collection of data from a variety of sources. Signal conditioning cards are designed
to interface to specific signal types through the use of a general purpose DAU.

The CAIS is designed to be a distributed, modularly expandable data acquisition
system. The user installs only the hardware that is essential at the required location
eliminating the need to run large bundles of wires throughout the aircraft. As new
requirements are identified, the system capability may be increased through
reprogramming and adding DAUs when needed. If necessary, a new DAU can be
designed and added to the existing system. The airborne controller commands the
DAUs and receives data from the DAUs via the CAIS bus (figure 1). An airborne
controller can utilize up to 3 buses per system. The CAIS bus is a hybrid star/daisy
chain design which is implemented through the use of bus splitters to allow for
flexibility in routing through the aircraft. Up to 60 DAUs can be placed on one bus
with a maximum of 180 DAUs across 3 buses. The CAIS DAUs are completely
programmable across the CAIS bus. The CAIS system can handle up to 8000 channels
of selected data and time tags with a throughput rate from 2 Kbps to 15 Mbps. With
the addition of the PCM combiner, data rates up to 50 Mbps can be achieved.

Airborne System Controller (ASC)
The ASC orchestrates the data collection for the system. The data received across the
CAIS bus is formatted into several different outputs. The primary PCM stream (max
bit rate 15 Mbps) is available in 3 output codes, NRZ-L, RNR-L and BI -L,
simultaneously. There are 3 programmable secondary outputs that can be individually
programmed for a subset of the PCM words in the primary PCM stream. The
programmable secondaries can be programmed in any of the 3 output codes. There are
up to 16 dedicated secondary outputs. They are "dealt" to the dedicated secondaries
one word at a time. There is also a byte wide output for rotary head recorders. The



Figure 1

ASC can support up to 8 sampling formats in memory at once. There is an internal
time code generator that will count elapsed time or can synchronize to an external
source of IRIG modulated B or IRIG non-modulated A, B or G time. The ASC
provides 2 modulated and 4 non-modulated outputs. There is an external Airborne
Battery Pack (ABP) to prevent loss of time due to power interruptions. There are 3
additional capabilities that are added to the ASC when needed: The Airborne
Processor (AP), the 1553RT and the PCM Combiner Slice (PCMC Slice). The AP
performs engineering units conversions and other data manipulations. The AP
provides a display interface for up to 16 data displays throughout the aircraft. The AP
is user programmable and can store up to 8 programs in memory. The 1553RT
operates as a remote terminal on the aircraft's 1553B avionics bus. This allows the
user to place selected raw PCM or engineering units data on one or more of the
aircraft's displays. The PCMC slice is a 4 input version of the PCM Combiner to be
discussed next.

PCM Combiner (PCMC)
The PCMC comes in two versions. The slice version attaches to the ASC and provides
4 inputs with a throughput of 50 Mbps. The standalone version provides 16 inputs
with a throughput of 50 Mbps. In both configurations, NRZ-L data and bit rate clock
are required as inputs. Each input is unsynchronized in relation to the other inputs.



The output bit rate is selectable up to 55 Mbs. The PCM output is available as an
Emitter Coupled Logic (ECL) output and as RS422 and their associated clocks. A byte
wide output is also available at one eighth the bit rate of the serial output.

Analog-Discrete Data Acquisition Unit (ADAU)
The ADAU is a general purpose data acquisition unit. There are 18 different signal
conditioning card types that support the ADAU. The ADAU has 10 general purpose
signal conditioning slots available. The ADAU has a 12 bit A/D for analog samples.
The ADAU has a throughput of 417 thousand samples per second. By using one of the
signal conditioning slots the ADAU can run in standalone mode where it will generate
a PCM stream with a bit rate of 39 Kbps to 5 Mbps. The ADAU can also be used as a
small system controller. ADAU signal conditioning cards include:

Name Ch/Card Brief Description
Analog Attenuator (8) Inputs to 175 volts
Analog Data Filter (4) Low pass butterworth filter 2 Hz to 10 Khz

(4) Low pass bessel filter 120 Hz to 960 Hz
ARINC 429 Monitor (1) 1 K word storage from ARINC 429 bus
Auto Range Conditioner (1) Auto/Man gain to 1024; 60K samples/sec max
Control Signal Generator (4) Relay and TTL outputs to control external events
Digitized Audio Conditioner (1) CVSD encoding; 16 to 35 Kbps
Event Time Recorder (7) Time correlation of external events to 0.01ms
Extended Multiplexer (12) Direct analog inputs with gain and offset per

channel
Freq Converter/PulseTot. (4) Frequencies 5Hz to 256KHz; 32 bit pulse count
1553 Transducer Interface (1) Transducer 1553 bus controller; 8 messages
Parallel Digital Cond. (16) Same input characteristicsas the DDAU
Phase Sensitive Demodulator (1) 20 Hz to 20 KHz excitation
Serial Digital Cond. (1) Synchronous and Asynchronous cards available
Simultaneous Sample Cond. (7) Gain, offset, 12 bit A/D
Synchro/ResolverCond. (2) 15 bit resolution, 360 Hz to 1 Khz
ThermocoupleSignal Cond. (7) Type J,K,E,T; External ref.
Transducer Excitation Supply (4) Programmablevoltage source
Variable Resistance Sensor (4) Programmablecurrent source with conditioning

Miniature Data Acquisition Unit (MDAU)
The MDAU is another general purpose data acquisition unit. It is an Aydin Vector
MMSC-800 unit with a CAIS bus interface. The small size of this unit allows the
MDAU to be placed in small hard to reach areas through out the aircraft. The initial
capability of the MDAU is for 5 selected signal conditioning modules. However, any
of the signal conditioning modules available for the MMSC-800 will work on the
CAIS version. The MDAU is based upon the 'slice' concept where every signal
conditioning module added increases the size of the unit. Up to 31 modules can be



used on each MDAU. The MDAU cannot be used in a stand alone mode and remain
programmable over the CAIS bus. The following are the current CAIS supportable
MDAU signal conditioning modules.

Name Ch/Card Brief Description
Bridge Interface (2) Programmablegains
Direct Multiplexer (8) Differential Inputs
Synchro/Resolver (1) 16 bit resolution
Discrete Interface (24) 12 bits/word, TTL inputs, single ended
Frequency to Digital (2) 12 bit resolution, can be cascaded for 24 bit resolution

Avionics Data Acquisition Unit (AVDAU)
The AVDAU consists of a programmable core unit that will monitor 1553, H009 or
the F-16 Weapons bus. In addition, there are Bus Interface Modules (BIM) that will
expand the 1553 capability of the core unit. The core unit can monitor 2 dual
redundant 1553 buses, 2 dual redundant H009 bus, 1 dual redundant 1553 and 1 dual
redundant H009 or the Weapons bus half duplex plus dual simplex. Each bus interface
module can monitor an additional 2 dual redundant 1553 buses. The maximum
AVDAU configuration is a core unit with 3 BIMs. Selected data from any of the buses
for multiple formats is handled in one message list. The user may select up to a
maximum of 4096 messages per bus with a total of 32,000 words, any or all of which
may be time tagged. The AVDAU is IRIG 106-93 chapter 8 compatible for 100% bus
data acquisition and provides these outputs simultaneous with the selected data. There
are 16 discrete inputs on the core unit which may be included in the selected data
output. The AVDAU can also work in a standalone mode. It can have up to 4 different
formats with selected data output rates from 2 Kbps to 5 Mbps in addition to the 100%
data.

Discrete Data Acquisition Unit (DDAU)
 The DDAU is a compact unit designed for acquiring digital signals. There are 8
words of 16 bits each for a total of 128 discrete inputs. Each channel may be
independently set up for single or differential operation and current or voltage mode.
The 8 channels are divided into 3 groups for simultaneous sampling or external
latching selection. The DDAU may be placed in stand alone mode where it will
handle 7 formats with a PCM output rate of 7.8 Kbps to 1 Mbps.

Global Positioning System Data Acquisition Unit (GDAU)
The GDAU operates from the instrumentation port on the tactical GPS receiver. It will
receive the generic data or request specific data from the satellite. The GDAU
converts the satellite time information to an IRIG A, B, or G output for supplying time
to the ASC or other DAUs. There are 16 discrete inputs which are similar in



characteristics to the DDAU. The GDAU can run in standalone mode where it can
support up to 8 formats with an output rate of 7.8 Kbps to 1 Mbps.

SYSTEM CONFIGURATIONS

The CAIS handles large system requirements, small system requirements and
everything in between. To utilize the full capabilities of CAIS would require the use
of an ASC and a PCM combiner. The large system can accommodate 180 DAUs with
8000 parameters into 15 Mbps of selected data (figure 2). The PCM combiner (either
as a slice or stand alone) would merge the ASC output, the 100% avionics bus data
and several DAUs in stand alone mode into a single composite stream. If all that is
required is PCM stream from several DAUs of 5Mbps or less, the ADAU could be
used as a small system controller. The small system wouldn't force the user to have a
separate controller. The ADAU would act as controller for up to 60 DAUs while
collecting data itself. For smaller systems yet, when all the data is coming from a
single DAU, the DAU would be operated in stand alone mode.

Figure 2



GROUND SEGMENT

Portable Flight-line Unit (PFU)
The PFU provides the capability to generate formats, load/verify airborne memories,
perform data limit check and to look at raw data. The PFU is primarily an IBM
compatible portable personal computer with the CAIS ground support software and a
few interface boards. The software will perform most functions without the presence
of the interface cards to allow the user to develop test configurations and format loads
on a desktop computer.

Hand Held Decom (HHD)
The hand held decom is a shoebox size decommutator. It requires a PCM data stream
with the associated framing signals (i.e. bit clock, word clock, minor frame clock and
major frame clock). The HHD has two independent numeric displays with a binary
display under each. The two numeric displays are selectable between decimal and
hexadecimal.

CAIS Bus Decom (CBD)
The CAIS Bus Decom is a hand held unit the same size as the HHD. The CBD serves
as a CAIS bus monitor. The CBD displays the replies corresponding to a command
word number dialed in on the thumbwheel switches.

Analog Signal Generator (ASG)
The analog signal generator is a suitcase sized unit which will stimulate all of the
analog signal conditioning cards of the ADAU and some of the digital ones too. The
ASG is meant to provide an efficient way of doing an end to end check of the system
installed in the aircraft.

DEVELOPMENT SCHEDULE

Figure 3 presents an overview of the CAIS full scale development schedule. Hardware
being produced include an engineering model and several sets of flight demonstration
units. The flight demonstration units will be fully qualified and used by the services to
perform a series of CAIS flight tests prior to actual fielding of the system.

By the conclusion of the development program a complete set of documentation
including drawings, manuals, specifications, and software documentation in
accordance with DOD-STD-2167A are to be delivered to the government. The
government will use this documentation to provide life cycle support for CAIS and to
competitively reprocure identical units to satisfy the flight test needs of the services in
the coming years.



Figure 3. CAIS Development Schedule
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ABSTRACT

The Advanced Airborne Test Instrumentation System (AATIS), one of the major
instrumentation systems in use today by the Department of Defense (DoD), was
developed in the late 1980's to improve and modernize its predecessor - the Airborne
Test Instrumentation System (ATIS). Use of AATIS, by not only the Air Force but the
Navy and Army, has improved instrumentation commonality and interoperability
across multiple test programs. AATIS, developed by the same manufacturer as the
DoD Common Airborne Instrumentation System (CAIS), has a common bus structure
- enabling cross utilization of many components which will ease transition from one
system to another.

The objective of this paper is to provide an overview on the Advanced ATIS System
and its logistics support concept. For system description, an overview is presented on
the airborne system and related ground support equipment. A brief description is given
on the three levels of maintenance being used or planned for by the using activities.
Finally, a projection is presented on the utilization of this system for the next 3 years.

KEY WORDS
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INTRODUCTION

The Advanced ATIS predecessor, ATIS, was originally developed in the early 1970s
as the standard flight test instrumentation system for the Air Force Flight Test Center
(AFFTC). The system has been utilized to support a broad range of aircraft
development and qualification tests at AFFTC and elsewhere since 1974. The ATIS
system is currently installed in about 60 test aircraft.



Aircraft currently being equipped with AATIS data acquisition systems include F-15
and F-16 test aircraft stationed at Eglin AFB, Florida and Edwards AFB, California. In
addition, two B1-B bombers, several Army helicopters, and a research aircraft from
NASA/Langley are also being instrumented with the system. It is expected that at
least 20 test air vehicles will be installed with the AATIS system within the next 3
years.

SYSTEM OVERVIEW

AATIS is a general-purpose flight test data acquisition system consisting of an
integrated family of modular airborne components and related ground support
equipment (Figure 1). The airborne acquisition or airborne equipment can be tailored
in size, capability, and cost to meet individual test program requirements. The ground
support segment is composed of a set of support equipment, which enables the users
to (1) generate formats, (2) load/verify airborne units, and (3) perform acceptance tests
and system-level diagnostics. Other airborne instrumentation elements not considered
part of the Advanced ATIS system are transducers, airborne recorders, encryption
devices, and transmitters.

AIRBORNE SYSTEM

System Controller III (SCU3):

The System Control Unit III (SCU3) is the primary system controller for the
Advanced ATIS. It's principal function is to provide command and control of it data
acquisition units. The controller retrieves data from the remote units and merges the
data into serial PCM outputs for on-board recording or encryption and telemetry.
SCU3 can operate with a data rate selectable from 2,500 bits per second (bps) to 5
megabits per second (Mbps). Other technical characteristics are tabulated in the
Appendix.

Analog Data Acquisition Units:

The Analog Data Acquisition Unit (ADAU) is a modular component of the AATIS
system. The ADAU operates only as a remote unit, acquiring data from both analog
and digital input sources for the controller. In addition to the 32 direct analog inputs,
the unit provides 6 signal conditioning card slots that are user selectable as to the type
of signal conditioners installed.







The Small Pulse Code Modulation System (SPCM) is a more versatile data
acquisition unit than the ADAU. In addition to being used as a remote unit, it can
operate in either a stand-alone mode or as a controller to Advanced ATIS avionics
data acquisition units. There are 12 signal conditioning card slots within the unit for
customizing system configuration.

Avionics Data Acquisition Units:

The Multiple Data Bus Monitor (MDBM) is a bus monitor capable of monitoring up
to four dual redundant MIL-STD-1553 avionics buses; the output PCM bit rate is
programmable up to 8.0 Mbps. The system users can configure the MDBM in any of
the three configurations: (1) remote unit to the SCU3 controller, (2) remote unit to the
SPCM controller or (3) stand-alone mode. While in the stand-alone configuration, the
MDBM can operate in three modes: (1) 100 percent bus monitor in accordance with
*IRIG 106, (2) user programmable subset of the 100 percent bus traffic, and (3) user
programmable bus monitor, outputting up to 4,000 different bus words.

The Multiple H009 Data Bus Monitor (MHBM) is a bus monitor design to monitor
both H009 and 1553 avionics bus traffic. The basic unit monitors one dual redundant
MIL-STD-1553 bus; up to three additional MIL-STD-1553 or H009 avionics buses
may be monitored with add-on interface modules. Like the MDBM, the output PCM
bit rate is programmable up to 8.0 Mbps. The system users can configure the MHBM
in any of the three configurations: (1) remote unit to the SCU3 controller, (2) remote
unit to the SPCM controller, or (3) in stand-alone mode. While in the stand-alone
configuration, the MHBM can operate in two modes: (1) 100 percent bus monitor in
accordance with *IRIG 106, or (2) user programmable bus monitor, outputting up to
4,000 different bus words.

Signal Conditioning Modules:

The following are a list of advanced ATIS signal conditioners that can be used
interchangeably in either the SPCM or the ADAU:

Channels/
Signal Conditioner Card Brief Description

Analog Attenuator 8 Attenuates signals >+10V ;8 programmable gain
values.

Analog Data Filters (3 types) 4 Lowpass, 6-pole filters
Control Signal Generator 4 4 on/off control signals
Event Time Recorder 7 One event per channel

* As a 100 percent bus monitor, the MDBM and MHBM were designed in 1989-1990 based on IRIG
106 Chapter 8 extension, preliminary edition.



Freq Converter/Pulse Totalizer 4 Input freq. range 5Hz to 50KHz; for flow
transducers/tach gen.

Parallel Digital Module 16 BITS Accepts 16 bits as one word.
Phase Sensitive Demodulator 3 Conditions outputs of LVDT type transducers.
Resist Temp Sensor Cond (2 types) 4,8 Conditions outputs of resistive temperature devices.
Serial Digital Conditioner 4 Accepts serial data streams of up to 30 bits.
Synchro/Resolver Converter 2 Programmable for either synchro or resolver signal

sources.
Transducer Excitation Supply 8 For bridge/potentiometer transducers; voltage levels

2.5, 5, 10 volts DC.

GROUND SUPPORT EQUIPMENT

The Advanced ATIS system includes a complement of ground support and special test
equipment, which provides for flight support and depot maintenance of AATIS units.
Currently, AFFTC is developing a set of ground support equipment (GSE) and
complementary software called Test Instrumentation Management System (TIMS) to
support ATIS, AATIS, Common Airborne Instrumentation Systems (CAIS) , and
other flight data acquisition systems. The TIMS Ground Support Unit provides the
users with more comprehensive and sophisticated functions than the AATIS Portable
Ground Support Unit.

The TIMS hardware and software functionality can be hosted on a rackmount server
for laboratory use or installation in a mobile flightline cart. Other TIMS GSE include
a deskside workstation, a "rollaround" portable unit, and a laptop PC-based unit.
Detailed capabilities of TIMS GSE are described in a separate technical paper to be
presented at the 1993 International Telemetering Conference (ITC).

The following is a brief description of the Advanced ATIS Ground Support and
Special Test Equipment provided by the AATIS manufacturer:

Portable Ground Support Unit:

The PGSU is a 386/486 PC-based unit to support preflight and postflight operations.
The PGSU functions include (1) build and edit memory formats of an airborne
component, (2) memory load and verify, (3) decommutate PCM output from an
airborne component, (4) display of selected PCM data in raw or engineering units, and
(5) print memory format or PCM data.



PCM Recombiner:

The PCM Recombiner is to be used to recombine, from a tape reproducer output, all
recorded dedicated secondary tracks (from the SCU3, MDBM or MHBM) into a
composite bit stream for data reduction and analysis.

Special Test Equipment:

The Advanced ATIS Test Set (AATS) performs acceptance tests and system-level
diagnostics for SCU3, ADAU, SPCM, MDBM, and MHBM. The test set is a
PC-based unit that contains a common set of test stimulus cards inserted in the
computer's expansion slots. By connecting the appropriate adapter chassis and unit
specific test equipment, the test set is configured to run the Acceptance Test
Procedure (ATP) for an airborne component.

The Multiple H009/1553 Bus Simulator (MHBAS) is a menu-driven, PC-based
simulator, capable of simultaneously generating McAir H009 or MIL-STD-1553 bus
data on up to four dual redundant buses.

LOGISTICS SUPPORT

Similar to its predecessor, the Advanced ATIS is being supported with a three-level
maintenance concept: (1) organizational (2) intermediate, and (3) depot levels. A brief
description of each level is presented as follows:

1. Organizational-Level Maintenance.

This includes all maintenance tasks which must be accomplished with the flight
instrumentation system installed in the test air vehicle. Maintenance tasks to be
performed at the test air vehicle are:

a. System preflight and postflight checkout.
b. Fault detection/isolation to the line-replacement-unit (LRU) level.
c. On-board calibration.
d. Operational format software support.
e. LRU removal/replacement.



2. Intermediate-Level Maintenance.

The tasks that may be accomplished at the intermediate level will be determined by
each using activity, based on test program requirements. Typically, these maintenance
tasks include:

a. Fault detection/isolation to the shop-replacement-unit (SRU) level.
b. LRU/SRU acceptance testing.
c. Software support
d. System integration and checkout.
e. SRU removal and/or replacement.

To implement configuration and maintenance quality control, each using activity
performing repair at or below LRU assembly level must submit a Quality Control Plan
to the ATIS Program Office (Edwards AFB, CA) for approval.

3. Depot-Level Maintenance.

The Program Manager is responsible for depot-level maintenance of all Advanced
ATIS components and related ground support equipment. A 5-year depot maintenance
contract is in place with the AATIS manufacturer to provide:

a. Repair and retrofit of all Advanced ATIS LRU/SRU components and related
GSE.

b. Training and field engineering support.
c. LRU/SRU and special support equipment acceptance test.
d. System configuration data base maintenance.
e. Technical manuals and data.

PROJECTED UTILIZATION OF ADVANCED ATIS

Currently, four Edwards and four Eglin test aircraft are being equipped with the
instrumentation system. NASA/Langley is in the process of instrumenting a research
aircraft with Advanced ATIS. Several Army helicopters are scheduled to install the
system. We expect to equip at least 20 test air vehicles within the next 3 years. Once
the CAIS system is developed and becomes fully operational, the procurement of
Advanced ATIS components will probably cease. However, maintenance and support
of the existing installed Advanced ATIS systems in test aircraft and helicopter will be
required for many more years.



CAIS is being designed such that AATIS units are compatible with the bus structure.
Therefore, AATIS units may be used in CAIS applications. Existing AATIS units in
the field and those to be procured during the next few years will continue to be usable.

APPENDIX

ADVANCED ATIS
Technical Characteristics

System Control Unit III (SCU3):

Controls up to 63 data acquisition units.
8 user-selectable formats
30 user-selectable bit rates, 2.5 Kbps to 5 Mbps.
PCM word length: 10/12/14/16 bits.
Internal virtual processor for on-board computation.
PCM output in Bi-Phase, NRZL, and randomized NRZ.
Two programmable secondary PCM outputs.
-55 Deg C to +71 Deg C operation.

Analog Data Acquisition Unit (ADAU):

Operates as remote unit to SCU3.
32 Differential analog inputs.
6 signal conditioning card slots.
Sampling rates up to 417 K samples/second.
16 selectable gain settings (1 to 1000).
-55 Deg C to +85 Deg C operation.

Small PCM System (SPCM):

Operates as a remote unit to SCU3 or as controller to MDBM/MHBM.
32 Differential analog inputs.
12 signal conditioning card slots.
Sampling rates up to 417 K samples/second.
16 selectable gain setting (1 to 1,000).
-55 Deg C to +8 5 Deg C operation.



Multiple Data Bus Monitor (MDBM):

Output PCM bit rate programmable up to 8.0 Mbps.
PCM Outputs of NRZ, RNRZ and Bi-Phase.
Monitors up to four dual redundant 1553 Avionics Buses
Captures all or selected traffic.
Provides decommutated output of up to 4,000 different bus words.
Format memory programmable over a 56 Kbps synchronous data link.
-55 Deg C to +85 Deg C operation.

Multiple H009 Data Bus Monitor (MHBM):

Output PCM bit rate programmable up to 8. 0 Mbps.
PCM Outputs of NRZ, RNRZ, and Bi-Phase.
Monitors up to four dual redundant 1553 Avionics Buses; or three H009 buses and
one 1553 bus; or two H009 buses and two 1553 buses.
Captures all or selected traffic.
Provides decommutated output of up to 4,000 different bus words
Format memory programmable over a 56 Kbps synchronous data link.
-55 Deg C to +85 Deg C operation.
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ABSTRACT

The Advanced Airborne Test Instrumentation System (AATIS) was developed by the
Air Force to satisfy its flight-test mission needs through the 1990s. The Common
Airborne Instrumentation System (CAIS) is a tri-service development aimed at
providing a common airborne data acquisition system for all DoD flight-test programs
into the next century. Both AATIS and CAIS include ground support equipment
which performs the primary functions of documenting the instrumentation system,
generating and loading the telemetry data formats, and performing instrumentation
system diagnostics. The AATIS and CAIS ground systems will each support both the
AATIS and the CAIS airborne systems. The AATIS ground system also supports the
older ATIS airborne systems. The approach taken by the two ground support systems
is similar but the scope of functionality is larger in the AATIS ground system because
it needed to respond to the more extensive ground support requirements of the Air
Force users. This paper provides a brief description of both ground systems and
discusses the issues of commonality and interoperability.
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INTRODUCTION

An instrumentation ground support unit (GSU) can provide useful functionality for
many different potential users, including instrumentation engineers and technicians,
hangar and flightline personnel, flight-test engineers, and range personnel. In addition
to providing the tools for creating the pulse code modulation (PCM) formats,
downloading them to the airborne system, and checking out that system, the GSU can
also provide for documenting and calibrating the on-board instrumentation system or
parts thereof; troubleshooting any part of the instrumentation system or the GSU
itself; viewing, analyzing, and presenting data; transferring data or entire databases to
other GSUs or to the range systems; and training users in the use of the GSU's tools.



With so many different users and a multitude of functions to perform, the
characteristics of these systems need to be carefully designed. The user interface is a
critical part of the system and needs to be as intuitive and consistent as possible. In
view of the rough-and-tumble and often hectic hangar and flightline environment, the
system needs to be both robust in its implementation and speedy in the performance of
its functions. Size is also an issue, as the system must perform in many environments
from an engineer's lab or office to the flightline, at a remote site, or even on-board an
airplane or a Naval aircraft carrier. Power requirements are often different in each of
these environments. These are just a few of the issues that are being addressed, to give
you the flavor of the system design task,

The Air Force has been striving to acquire standard airborne test instrumentation
equipment since the late 1960s. The original Airborne Test Instrumentation System
(ATIS) was delivered in 1973, along with an associated ATIS GSU. In late 1987, a
development effort was begun to significantly upgrade the ATIS GSU and its
software. At that time, the ATIS airborne units were undergoing an upgrade to the
Advanced ATIS (AATIS) system. The new GSU, which supports both ATIS and
AATIS airborne units, is called the Test Instrumentation Management System
(TIMS). The TIMS is currently in the final phase of its development. Most of the
original requirements have been implemented and are being used at Edwards AFB,
California and Eglin AFB, Florida. Due to the funding-driven schedule, the
development is expected to continue to the end of 1996.

In 1989, a tri-service program, with the Navy as the lead, was initiated to develop a
standard airborne test instrumentation system for all three services. The system being
developed by this program is the Common Airborne Instrumentation System (CAIS).
The CAIS program will develop a ground support unit called the Portable Flightline
Unit (PFU). The CAIS PFU is currently (May 1993) in the requirements analysis
phase.

The CAIS PFU is required to support the flight test of the initial CAIS units in mid
1994, and the TIMS GSU will support these units by late 1994. While the PFU
software will run on a PC, the TIMS software currently runs on a workstation, giving
the user a larger hardware package but with more comprehensive and sophisticated
functions. This paper will compare and contrast the major capabilities of the existing
TIMS with the planned CAIS PFU. It will then briefly discuss the issues of
commonality and interoperability between these two ground support systems. To
avoid misunderstandings we will adhere to the following definitions:

commonality - A measure of the extent to which a system can be serviced and
maintained by multiple programs, centers, and agencies. Also, the extent to which two



or more systems use the same or at least interchangeable hardware or software.
instrumentation system - The terms "instrumentation system" and "test
instrumentation system" are used interchangeably. When we refer to the production
instrumentation system we will use the word "production".
interoperability - A measure of a system's ability to exchange data or programs with
another system or to operate with systems that were designed to operate with the other
system.
measurand - The end item of interest to the flight test engineer, after first-generation
processing or beyond.
sample - The data gathered from the data acquisition units, before processing, but
would also be used for a multi-word sample that has merely been pieced together.

OVERALL DESCRIPTION

TIMS — Care has been taken to provide a system that is modular and expandable, to
make future upgrades and enhancements easier. The hardware and software
functionality can be hosted on a rack-mount server system (for lab use, or installation
in a mobile flightline cart), a deskside workstation, or a "roll-around" portable unit
(Figure 1). In addition, a laptop PC configuration can be used to load and verify the
airborne units. While the PC configuration does not contain a database or perform
decommutation and display, work is underway to host these functions on a portable
PC by mid 1994. The computer platform, except for the PC, is a Data General
AViiON workstation or server.®

Figure 1 — "Roll-around" TlMS unit - Approximately
5 feet high, the unit weighs about 200 pounds.



TIMS employs "open systems" concepts. The computer hardware is based on the
Motorola 88000 chip set and utilizes the VME bus. All communications and data
transfers are performed using RS-232, Ethernet (TCP/IP), modem, modified SDLC
(IBM Synchronous Data Link Control protocol), 3.5 inch floppy disk, 9-track tape, or
1/4 inch cartridge tape. The interface to the airborne units is currently achieved using
two VME interface cards, one for the old (non-SDLC) ATIS units and one for the
SDLC units which include AATIS (Figure 2). A modified SDLC is required because
that is how the interface was implemented in the airborne units. A card to interface to
both these unit types plus the new CAIS units is currently in development. The system
also interfaces to the front-end decom system—the Telemetry Data Processor
(TDP)—and to various strip chart recorders. The TDP can be either an external
rackmount unit or an internal VME card set, both manufactured by Acroamatics, Inc.

Figure 2— TlMS Block Diagram - some interfaces are
not shown. * = modified. - - - = planned or in development.

The operating system is Data General Corporation's U nix variant, DG/UX™, and®

the database is Unify Corporation's Unify Relational Database Management System.®

The software, which is being developed by Data General, is written in C and
Accell™, which is Unify's 4GL. The windowing system used is the X window™
system and several of the TIMS programs are Motif™ applications. The Unify data
entry screens are text-based. The two user interfaces employed, the text-based data
entry screens and menus and the Motif window applications, each present a
consistent, well-integrated interface to the user.



PFU — The CAIS PFU is intended to be a small, portable, low-cost ground support
unit. Its custom software will be hosted on a portable IBM-AT-compatible PC with
four extra card slots and using the MS-DOS operating system. Physical specifications
will be 16 inches wide, 11 inches high, 8 inches deep, and no more than 23 pounds in
weight. The software will be developed by SCI Technology, Inc. Communications and
data transfers will be performed using RS-232, modified SDLC, the CAIS bus, and 3.5
inch floppy disk. The software will be written in C and the user interface will be
text-based. The PFU will use a database, specified as a commercial DBMS. The
decommutation functions will be performed by a bit sync card and a decom card, both
hosted on the PC bus. The interface to the CAIS airborne units will be performed by
two additional printed circuit cards, one an off-the-shelf SDLC card (this card loads
the units via the CAIS System Controller), the other a custom CAIS Bus Interface
card (Figure 3). The initial PFU implementation will not load the AATIS units but
later versions will, using the SDLC interface. Since none of these cards will be
required to build the database or generate the formats, the user will be able to load the
software onto any compatible PC for the purpose of performing this initial work. The
floppy disk can then be used to transfer the formats to the PFU that will perform the
preflight.

Figure 3 — PFU Block Diagram - some interfaces are
not shown. - - - = planned or in development.

FUNCTIONALITY

Both the TIMS and the PFU provide a set of "tools" primarily for the instrumentation
engineers and technicians to assist them in their daily tasks. The major functions are:

C Designing and documenting the test instrumentation system network and PCM
formats,



C Loading the airborne and GSU programmable units and sending the format
description to the Telemetry Control Center (TCC),

C Performing the preflight and/or postflight checkout of the instrumentation
system, and

C System maintenance.

Design and Document the instrumentation System Network and Programs

TIMS — TIMS provides a database that is integrated with all of the application
programs. The database is the repository for all information pertaining to the physical
instrumentation system on the aircraft and the measurands that are to be instrumented,
sampled, processed, and analyzed. The measurands are described by:

C Identifier (mnemonic),
C Description,
C Type (analog, digital, bus, etc),
C Engineering units (g, Hz, ft, etc),
C Engineering units coefficients (calculated by an integrated regression analysis

program),
C Processing method (raw, polynomial, discrete translation, etc),
C Data limit values (for Data Limit Check),
C Etc.

The physical instrumentation system is described by:

C Data acquisition unit name,
C Data acquisition unit address on the ATIS, AATIS, or CAIS bus,
C Which measurands are connected to which channels of the data acquisition units,
C Description of the associated transducer and signal conditioner,
C The controller unit's configuration (bit rate, word size, etc),
C Connections between data acquisition units and control unit,
C Etc.

PCM formats are laid out using a spreadsheet-like Motif program. Using a mouse, the
user drops the samples into cells in the spreadsheet, thereby describing the format of
the PCM stream. The output of this program is a data file that is used to automatically
generate the loadable images for the airborne controller unit(s) and the front-end
decom unit. TIMS currently supports all the ATIS and AATIS units and future
releases will support the CAIS units including the CAIS Airborne Processor. The data
acquisition units that gather data from the production buses (currently 1553 and H009;
CAIS will also support the F-16 Weapons Bus) are programmed by identifying, in the



database, what measurands are to be collected. This information is then used to
automatically generate the loadable image. Non-PCM data (e.g., FM data) can be
defined in the database and will be demodulated and processed by future versions of
TIMS. Inventory control and automatic format generation will also be included in
future versions.

TIMS can handle multiple formats for each of any number of controller units and can
program the front-end for multiple PCM streams. The system has been tested with
four simultaneous streams and can theoretically handle many more with additional
decom hardware. The display program can also handle multiple display screens from
any number of incoming streams.

User-defined data display screens are laid out by specifying, in the database, which
measurands or samples need to be displayed and where each screen entity (text value,
bar chart, or graph) is to be placed and what it will look like. This information is used
by TIMS to generate the display screens and display the data during the decom
operation. In the future, the user will be able to lay out these display screens using a
"draw" type of interface.

PFU —The PFU database will contain the information pertaining to the physical
instrumentation system on the aircraft and the measurands. The measurands, as a
minimum, will be described by:

C Identifier (mnemonic),
C Description,
C Required sample rate and actual sample rate (based on the format),
C Data limit values (for Data Limit Check),
C Calibration date, and
C Calibration data pairs or coefficients (coefficients are a least-squares best-fit

derivation from the calibration data pairs).

The physical instrumentation system will be described by (as a minimum):

C Data acquisition unit address on the AATIS or CAIS bus,
C Which measurands are connected to which channels of the data acquisition units,
C Description of the associated transducer,
C Calibration apparatus and method,
C Names of persons performing the calibration, and
C Notes regarding the instrumentation configuration.



The PCM formats will be developed by the user in two ways, an automated format
layout program and a spreadsheet-like program similar to the one in TIMS. The
automated format layout program will acquire general format parameters from the
database (e.g., desired sampling rates and bit rate, desired word length, mainframe
length, and maximum subcom depth) and output a format that can be manually
modified in the spreadsheet program or sent directly to the format generator program
for generation of the loadable image. The automated layout program will use an
internal database of CAIS programming rules to ensure a proper format layout. Bus
data acquisition units (1553, H009, and Weapons Bus) will be programmed in a
similar manner to TIMS, that is, measurands to be sampled will be identified in the
database and this information will be sent to the appropriate program generators. The
PFU will also generate the programs for the CAIS Airborne Processor which is used
to send processed data to displays in the cockpit o r inject it into the PCM stream.

The PFU data display screens will include text-only displays and the user will be able
to select from two kinds of display. The large-character display allows the user to
select up to three samples, specifying them by word number and minor frame number.
This display, which will use large characters to display the data, will be legible from
several feet away. The second kind of display, the full-page display, allows the user to
view a whole page of samples, 10 samples across and a minimum of 10 lines down, or
one frame of data, whichever is less. The user will be able to scroll through this
display one line at a time.

Load the Airborne and GSU Programmable Units

TIMS —TIMS automatically loads and verifies all of the ATIS and AATIS airborne
units, either singly or as a subsystem. TIMS will also be able to load and verify the
CAIS units when they are available. TIMS also loads and performs software
configuration of the front-end decom processor and the strip chart recorders. The user
can automatically produce a file containing the format description which can then be
sent to the Ridley Mission Control Center at Edwards AFB for mission computer
set-up. This file is specific to the Edwards MCC, but the capability of producing an
IRIG TMATS-compatible file will also be developed.

PFU —The PFU will automatically load and verify all of the AATIS and CAIS
airborne units, either singly or as a subsystem. It will also load and perform software
configuration of the front-end decom boards and produce an IRIG TMATS file that
can be used to set up the compatible telemetry control systems.



Perform the Preflight Checkout

TIMS —The user now invokes the "near-real-time" decommutation, processing, and
display programs. As noted above, data can be displayed as text values, bar charts, or
graphs. The textual data displays can be shown in decimal, hex, octal, or binary.
Besides displaying data, in multiple displays, from multiple PCM streams (the source
can be any device outputting PCM data), the system can also simultaneously store the
host-processed data into a disk file for later viewing or printing, or it can store the raw
or preprocessed data to a disk file for later playback. The playback program gives the
user complete control over the data stream, as though it were coming from a tape drive
with a very sophisticated user interface. The user can specify, in great detail, the
segment to be played back, the speed of playback, and the frequency of playback (one
time or repeatedly). The user can also "mark" time-slices of data to be stored in
another disk file for later examination or transfer to a PC plotting program. Most of
these data-display and -storage operations can be performed concurrently.

Data limit checking can be performed on any one or more raw samples specified by
the user. TIMS can use previously-entered limit values from the database, store new
limit values from the incoming PCM stream, store new limit values entered by the
user during the limit check, or calculate new limit values based on an average of the
incoming sampled data. In each case where new limit values are stored in the
database, these values are used as the limit for all subsequent checks.

Other diagnostics, to be performed by future versions of TIMS, include a
Configuration Match Test, in which TIMS will poll the CAIS units on the aircraft and
receive back the identification and status of each unit (including the signal
conditioning cards' type and location). An indication of any differences between the
airborne system and the configuration files on the GSU will be presented to the user,
including any units present on the aircraft but not appearing in the configuration file.
TIMS will also perform internal testing of all the VME cards, and it will command the
airborne system to perform a Built-in Test and alert the user of any anomalies. Other
data input capabilities to be added include Heads-Up-Display data displayed on the
GSU's CRT, and voice data processed by a VME card and played back during the
decom operation.

PFU —The PFU will decommutate a single PCM stream and display the data in raw
form. The user will be able to display the data in either of the two display screens
previously described. For the full-page display, the user sequences through the
measurands by using the keys on the keyboard. The data values will be displayed as
decimal, hex, or binary, according to the user's choice, and the status of the bit sync
and decommutator will also be displayed.



Data limit checking will provide the same input options as TIMS except for the
capability to store current incoming values from the data stream. The PFU will also
perform most of the "other diagnostics" described above, under TIMS functionality,
including the Configuration Match Test, commanding the airborne system to perform
the Built-in Test, and testing the SDLC, CAIS Bus Interface, and decom cards. There
are no plans to provide video inputs to the PFU, but an external unit is planned to
allow decommutation of the voice track from the PCM stream for playback while
displaying data.

System Maintenance

TIMS and the PFU will both provide system maintenance functions including
database copy, database backup, effective test copy, and data transfers between like or
compatible systems. A method for transferring formats or databases between PFU and
TIMS systems is still to be identified. The TIMS software also includes a
computer-based TIMS tutorial.

PERFORMANCE

TIMS —TIMS systems are supporting the C-17 and B-l flight-test programs. The C-17
TIMS system was installed at Eglin AFB to support the climatic testing there. This
system, in its preoperational configurations, was tested with two input streams of
approximately 670,000 bits per second (bps) each. The input capacities of the
Acroamatics TDP (rackmount unit) are 16 Mbps for NRZ coded data and 8 Mbps for
Bi-phase coded data. The data is decommutated by the TDP, preprocessed to perform
such functions as data scaling and format conversion, and selectively passed to the
host via the VME General-Purpose Data Channel card (GPVME). The TDP can pass
raw data at 1,000,000 samples per second (sps), and for a typical mix of data
preprocessing, averages 500 Ksps. This is about one tenth the constant (not burst)
throughput capacity of the GPVME. On the production C-17 support system, the
throughput rate being used is 92.5 Ksps.

On the host, the data is handled by a distribution process called nrtserv (this is the
near-real-time process), which has been tested with two streams of 2 Mbps each. The
capabilities of nrtserv to record raw data to disk have been tested in the development
lab at the rate of 1.2 million bytes per second (MBps), with a goal of 2 MBps or 500
Ksps.

Performance over the thin Ethernet network is 150 Ksps, regardless of the number of
client terminals viewing data, i.e., all the incoming data is broadcast to the net and the
clients pick up whatever they need, This figure is for a remote nrt session. For local



nrt sessions (wherein the clients are not on a network) the data can be distributed to
the display client(s) at 500 Ksps. The C-17 TIMS system is configured with dual
networks for better data display performance.

The B-l TIMS system was installed in March 1993. This system currently supports
IRIG Chapter 8 decom from the AATIS Multiple 1553 Data Bus Monitor (MDBM)
and in the near future it will be capable of accepting multiple PCM streams (from
multiple IRIG Chapter 8 buses) and determining the correct time correlation between
them. Note that the MDBM does not adhere 100% to the IRIG Chapter 8 standard.

PFU —The PFU's bit sync is specified to operate at bit rates up to 15 Mbps for NRZ-L
coded data and up to 7.5 Mbps for all other PCM codes. The decom board is specified
to operate at up to 15 Mbps. At least two word lengths will be supported, 12 and 16
bits per word.

COMMONALITYAND INTEROPERABILITY

Commonality and especially interoperability are vital issues to the government
organizations. Commonality (same or similar equipment, including software) allows
more efficient logistics and maintenance support. Organizational impacts include
numbers of personnel and training required, cost of the spare parts inventory,
government-furnished equipment required for follow-on projects, and shipment of
equipment to remote test sites. Another issue is the similarity of user interfaces and
reports. In these times of budget cuts and hiring freezes, it is an advantage to have
similar systems, user interfaces, and computer products at organizations that must
work together. It improves communications between the personnel and makes sharing
of personnel and resources much more likely. The TIMS GSU and the CAIS PFU, as
currently planned, will not use common hardware. However, some of the software that
will be developed for the PFU may use some parts of the TIMS software as a starting
point and the goal is to make the applications as similar as practical. This goal will be
worked by a CAIS-TIMS Working Group which will be initiated this year.

Interoperability, or the lack thereof, affects many areas of operations. One of the
advantages of the open systems standards chosen for use in the TIMS system is the
relative ease with which several of the aircraft manufacturer' s computer systems were
interfaced to TIMS for downloading of format data available on those systems.
Another issue is the sharing of test ranges and facilities between organizations and
between the three services. A test aircraft that is taken to a different test facility for
specialized testing can be better supported if the equipment at the remote facility is
interoperable with the on-board systems, including software. To this end, the
CAIS-TIMS Working Group, mentioned above, will work to ensure the TIMS GSU



and CAIS PFU will be able to exchange format files on floppy disk. A secondary goal
will be to exchange database files.

CONCLUSION

The military services are attempting to meet their needs for flight-test instrumentation
with the AATIS and CAIS development projects. The ground support systems
associated with these projects are intended to meet the total instrumentation
requirements from the test measurand database through flight line operations to the
user interface. The continued rapid growth in hardware capabilities has enabled the
provision of large amounts of information and resources to the users. The challenge is
to provide these resources in the way that is most suitable to the needs and capabilities
of the users. Important considerations also include commonality of equipment and
interoperability between systems. This paper has presented a brief overview of two
test instrumentation ground support systems, the AATIS TIMS system and the
planned CAIS PFU. While both systems are intended to support flightline operations
and system setup, the TIMS system is aimed at satisfying a larger set of requirements
specifically for the Air Force users. Version 2.0 of TIMS is currently in use at
Edwards AFB and Eglin AFB while the CAIS PFU is in the requirements analysis
stage of development. As the CAIS PFU development gets underway, the TIMS and
CAIS PFU development teams will work together to make the two systems
interoperable on the PCM format and database level.
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ABSTRACT

DOD flight test centers need affordable, small-format, flight-qualified digital
instrumentation recording solutions to support existing and future flight testing. The
Advanced Airborne Test Instrumentation System (AATIS) is today's primary data
acquisition system at the Air Force Flight Test Center (AFFTC). Digital Recorder
(DR) 1995 is planned to provide full support for AATIS output capabilities and satisfy
initial recording requirements for the Common Airborne Instrumentation System
(CAIS). The follow-on to the AATIS, the CAIS is a tri-service development to satisfy
future DOD flight test data acquisition requirements. DR 2000 is planned as the future
recording solution for CAIS and will be able to fully satisfy the 50 Mbps recording
requirement. In the developments of DR 1995 and DR 2000, commonality and
interoperability have emerged as significant issues. This paper presents an overview
of these recording solutions and examines commonality and interoperability issues.
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INTRODUCTION

Flight testing of complex aerospace vehicles requires the collection and recording of
increasing amounts of data. Today's primary data acquisition system for Air Force
flight testing is the AATIS, with a sustained data output capability of 8 megabits per
second (Mbps). Within the next few years, the tri-service CAIS will begin to replace
AATIS. Initial CAIS sustained data output capabilities will be 15 Mbps and the CAIS
combiner will increase this capability to 50 Mbps. Recording solutions are needed to
support AATIS and CAIS data requirements.



To satisfy AATIS data requirements, instrumentation engineers currently have three
alternatives: (1) Analog recorders; (2) Low-end digital recorders; or (3) High-end
digital recorders (see Table 1). Analog recorders cannot support the 8 Mbps rate
without serious record time and bandwidth restrictions. In addition, a typical 14"
analog tape reel costs $200-$250. High-end digital recorders, while capable of
exceeding the data rate requirements, are cost-prohibitive for all but the most
specialized applications. Low-end digital recorders lack a standard akin to the large
format recorder standard, MIL-STD-2179. As a result, there has been a proliferation
of numerous low-end digital recorders, many of which are incompatible with each
other. Also, many of these low-end digital recorders cannot support the AATIS 8
Mbps requirement.

ANALOG LOW-END DIGITAL HIGH-END DIGITAL
(0-4 Mhz) (0-4 Mbps) (0-240 Mbps)

•Limited Data Rate •Lack of recorder standard •Expensive Hardware
•Expensive Media •Satisfy AATIS Requirements?? •Too Much Capability

•Too Large for Fighter A/c

Table 1: RECORDER TECHNOLOGY COMPARISON FOR AATIS
REQUIREMENTS

DR 1995 will be an affordable solution for AATIS, bridging the gap between
inadequate analog and lowend digital recorders, and expensive, over-capable high-end
digital solutions.

As AATIS is gradually phased out in favor of CAIS, DR 2000 will be needed to
satisfy the 15-50+ Mbps data requirements. At first glance it might appear that the
current high-end digital recorders would be the only alternative capable of handling
this volume of data. However, new technologies (e.g., solid state, CD-ROM) are
beginning to appear as viable candidates.

For both DR 1995 and DR 2000, commonality and interoperability have emerged as
significant issues. After presenting an overview of DR 1995 and DR 2000, the issues
of commonality and interoperability will be discussed. The following definitions are
offered for those terms:

commonality- The extent to which two or more systems use the same or least
interchangeable hardware or software.

interoperability- The measure of a system's ability to exchange data with
another system.



DR 1995 OVERVIEW

DR 1995 addresses the need for a standard 8 Mbps digital recording system to satisfy
a wide range of instrumentation recording needs and to replace obsolete analog
recorders. DR 1995 is composed of an airborne segment and a ground-based segment.
The airborne segment is composed of an Airborne Recorder; Data Multiplexer; and
Data, Control, and Auxiliary Interfaces and can operate in two configurations,
Standalone and Normal (Figures 1 and 2).

Figure 1: DR 1995 AIRBORNE SEGMENT, STANDALONE
CONFIGURATION

Requirements for the airborne segment are:.

General . . . . . . . . . . AATIS- and CAIS-compatible (up to 8 Mbps)
Data Rate . . . . . . . . 8 Megabits/ second (aggregate), configurable for each

input (50k-8Mbps)
Mission Time . . . . . 2 hours
Inputs - Data, 8 . . . MIL-STD-1553 and /or PCM, configurable according to

mission need
Inputs - Aux., 2 . . . IRIG Time, Voice



Recording Format . Industry Standard
Recording Media . . Industry Standard
Packaging . . . . . . . . Industry Standard
Error Correction . . . Industry Standard, <lx 10-8

Combiner . . . . . . . . Industry Standard
Interfaces . . . . . . . . RS-232, IEEE-422
Environmental . . . . Fighter (temperature, altitude, G's, vibration)

Figure 2: DR 1995 AIRBORNE SEGMENT, NORMAL CONFIGURATION

The ground-based segment of DR 1995 is composed of a lab recorder / reproducer; a
data demultiplexer; and associated data, control, and auxiliary interfaces. The
Standalone and Normal configurations for this segment are shown in Figures 3 and 4.

Requirements for the ground segment are:

Data Rate . . . . . . . . . . . . . . . . . . . . . 100% compatible with Airborne
Search Capability . . . . . . . . . . . . . . . High Speed
Outputs - Data, 8 . . . . . . . . . . . . . . . 1553 and/or PCM, Configurable
Outputs - Aux., 2 . . . . . . . . . . . . . . . IRIG Time, Voice
Recording Format . . . . . . . . . . . . . . Industry Standard, Same as Airborne
Recording Media . . . . . . . . . . . . . . . Industry Standard, Same as Airborne
Error Correction . . . . . . . . . . . . . . . . Industry Standard, <lx 10-8



Decombiner . . . . . . . . . . . . . . . . . . . Industry Standard
Interfaces . . . . . . . . . . . . . . . . . . . . . RS-232, IEEE-422, SCSI-2

Figure 3: DR 1995, GROUND SEGMENT, STANDALONE CONFIGURATION

Figure 4 DR 1995 , GROUND SEGMENT, NORMAL CONFIGURATION

DR 2000 OVERVIEW

This effort is envisioned to provide the DOD with a general purpose, solid state
high bit-rate recording system with the capability to meet the majority of flight test
instrumentation recording needs for the Air Force, Navy and Army, and be
interoperable among the Test Ranges. Significant performance envelope parameters
include reduced component size and the ability to record flight test data onboard an
aircraft at data rates of 50 Mbps and beyond. This recording system will include
associated ground support equipment consisting of playback and analysis systems.



The system is intended to be modular and allow expansion to meet the varied
requirements of DOD flight test programs.

DR 2000 will be based upon previous data recording systems and the growth of
airborne technology during the next few years. An important system constraint is the
ability to multiplex and record high data rates (50 Mbps and beyond). These high data
rates will impact system size and recording media. Some key concerns relating to
system development is the requirement for a system (Airborne and Ground Support)
that is modular and compact in design with the capability to meet the majority of
flight test needs for the Air Force, Navy and Army.

DR 2000 will preclude the need for differing types of data recording systems in
the DOD flight test community. This system will efficiently support programs with
both high and low data rate requirements and consist of a standard modular
complement of hardware and software which will be used on existing and future
aircraft and other test programs. The payoffs include a growth in capacity (data rate),
reduced component size and reduced cost due to the elimination of multi-service
developments. Should DR 2000 not become reality, the DOD would not be able to
effectively record at the data rates required for existing and future flight test programs.
Incomplete and inadequate testing will result. Also, the interoperabiltiy limitations
that exist between different test facilities would not be solved.

STANDARDIZATION (INTEROPERABILITY AND COMMONALITY)
ISSUES

Instrumentation requirements to provide airborne support for test and evaluation
missions are now being satisfied on a one-of-a-kind basis. Each aircraft is modified to
the extent required for the specific test. When other requirements materialize, the
aircraft is taken down and modified again. This procedure is expensive, inefficient,
and requires an inordinate amount of aircraft downtime. Aircraft modification also
causes long delay between receipt of the test program's instrumentation requirement
and Initial Operating Capability (IOC) of the instrumented aircraft. Design,
procurement, and installation time of the required instrumentation can take as long as
18 months for a large program.

Each test center has its own suite of instrumentation subsystems which best
satisfy their specific mission. Thus, an aircraft modified at one test center cannot
deploy to another test center without taking support personnel and spare equipment:
i.e., there is no interoperability among test centers.



The DOD flight test community needs a complement of instrumentation which
they can plan and formulate their test designs. An availability of standard components
which can be installed in an aircraft upon its initial assignment would reduce total
downtime for modifications and eliminate the delay caused by the procurement of
long-lead time components.

A need exists for a standard instrumentation subsystem that would satisfy future
requirements and increase the DOD's flight test capability. In order to achieve
standardization and interoperability, a Standard Airborne Instrumentation (SAI)
working group has been formed which includes members from the various Test
Centers. This group will oversee the acquisition of standardized equipment and
capabilities. This includes standardization of data acquisition systems, auxiliary
equipment, and unique capabilities. As mentioned earlier, the Test Centers are
utilizing the AATIS. An important part of the SAI effort is the development of the
CAIS. As CAIS components become available for flight test use, we will be well into
the development and execution of interoperability and interconnectivity among DOD
Test Centers. Having a standardized modular data acquisition system (CAIS) will
allow the Test Centers to meet customer specific instrumentation requirements in a
timely and cost-effective manner.

Instrumentation auxiliary equipment requires continual modernization to meet
the increasing complexity of aircraft and their associated systems and to provide a
reliable and more efficient mission support capability. Modernization will provide the
capability to design, fabricate, calibrate, and maintain these airborne components.
Computer-aided ground support equipment will provide the capability to perform
design tasks in a reasonable time and speed up preflight checkout time with increased
reliability, faster turn-around-time, and reduced cost.

CONCLUSION

The acquisitions of DR 1995 and DR 2000 will fill a niche between the inadequate
analog systems that DOD test centers use today and the high-end test center-unique
digital solutions that are being proliferated due to the lack of small-format
standardization. A major emphasis in both acquisitions is to provide standard
recording solutions for tri-service use. Increasing equipment commonality and
interoperability between test centers is vital in the era of scarce DOD resources.
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ABSTRACT

This paper describes a data acquisition system with integral signal conditioning
capability. It is a distributed bus oriented system which greatly reduces the
amount of wiring and structural penetrations required in previous systems used
for this purpose. The system interfaces with virtually all of the transducer types
existing on operational aircraft as well as those typically used for flight testing
and proofing such as the strain gauges. It outputs data in digital form to a central
unit which combines this data with other aircraft operational parameters for
recording on tape or telemetry to the ground.

The system consists of a remote multiplexer (RMUX) which provides the
formatting and central processing functions and has provision for 16 plug-in
signal conditioning modules. It also has provision for up to 20 external
multiplexers (EMUXes) which are designed to service a cluster of like sensors in
a local area. EMUX types include bridge, thermocouple, and a highly integrated
pressure scanner unit. Signal conditioning and processing functions include
input transient protection, variable blocks of gain, analog pre-sample filtering,
and precision bandlimiting using digital techniques .

The penalty for moving the acquisition units to remote locations on the aircraft
as compared to previously used cabin mounted equipment is a much more severe
environment. Temperature extremes and vibration are particularly severe
around the engines. Because of the planned use on operational aircraft,
provisions to prevent lightning propagation to the cabin are a significant future.



INTRODUCTION

In this paper, we discuss the rationale for developing the Remote Analog/Digital
Multiplexer (RMUX) as well as many of its design aspects. The RMUX was
developed primarily to support certification testing of new generation commercial jet
aircraft. These aircraft with electronic controls and more efficient structures less
tolerant of penetrations were prime drivers for the RMUX.

The RMUX is part of the new Boeing Flight Test Data Acquisition System currently
being developed Figure 1. The RMUX provides excitation, signal conditioning,
bandlimiting pre-sampling filters, multiplexing, digitizing, and digital bandlimited
filtering for most transducer and signal types now employed in Flight Test. Several
types of plug-in signal conditioning modules have been developed to provide a
multitude of RMUX configurations - depending on the immediate testing needs.
However, more significant is that the RMUX provides these functions while being
installed external to the fuselage and close to high concentrations of transducers on the
aircraft for in-flight testing.

FIGURE 1 - FLIGHT TEST DATA SYSTEM

THE TRANSITION TO THE NEW

Past data acquisition systems have resided in the somewhat "mild" cabin environment
where they could service the entire aircraft. Large bundles of transducer cables were
routed from the engines, wings, landing gear and tail, to the centralized system in the
cabin. In recent years, electronically controlled engines have required electrical
isolation in the case of lightning strikes (redundancy was added to prevent multiple
failures), so the cabin data acquisition systems had to be split in order to comply. For
this reason and the fact that larger numbers of instrumented pickups are more common
(larger wire bundles versus less penetrable - more efficient aircraft structures) were



drivers to move the common node of serial digitized data out of the cabin and to
within close proximity of the empennage transducer locations.

Referring to Figure 2, isolation between engines and cabin is provided by the RMUX's
Central Multiplexer (CMUX) interface and again internal to the CMUX. Transducer
cables are greatly shortened thus reducing the magnitude of induced noise picked up
from aircraft electrical systems. The CMUX interface cable provides both a
bi-directional serial communications/control path to the RMUX and a uni-directional
high speed digital data path to the CMUX. This cable, capable of operating at lengths
up to 300 feet, along with a DC power supply cable now replaces several hundred long
transducer cable runs to the fuselage, and has greatly reduced the number and size of
structural cable routing penetrations for Flight Test.

FIGURE 2 - TYPICAL RMUX LOCATIONS

High concentrations of resistance bridge strain, thermocouple temperature and
pressure type measurements are common on certification test aircraft. Given the need
for RMUX versatility its projected size would not always allow it to be mounted in
close proximity to the sensors. To improve this, three External Multiplexers
(EMUXes) in a low profile package were developed. They provide signal
conditioning, bandlimiting pre-sampling filtering, multiplexing, and digitization for
large numbers of measurements with the same transducer types. The EMUXes are
controlled by the host RMUX. They are treated much the same as an RMUX internal
signal conditioning module, but are mounted separately from the RMUX, receive
separate DC power, and communicate with the RMUX over a single high s digital
cable. Each EMUX can be located up to 100 feet from the host RMUX, thus providing
significant test configuration versatility.

The RMUX and EMUXes are designed to be mounted in areas of minimal access,
making system operational visibility, reconfiguration, and troubleshooting difficult to
achieve. A significant effort was expended to make the RMUX "system" function as
well or better in these areas as the previous system mounted in the cabin. Normal data
output to the CMUX provides health voltage, box temperature, and various system



status parameters. The bi-directional communications port allows in-depth
interrogation into the RMUX/EMUX memory operations along with providing a
means to perform reconfiguration of software controllable parameters. System self test
reporting and signal conditioning functional tests (bridge shunt calibrations, reference
test voltages, and thermal amplifier drift compensation, among others) are performed
at the user's request. Down loading of the RMUX sampling format, module signal
conditioning type, transducer excitation levels, gains and filter selections occur over
this port from the host monitoring system via the CMUX. This provides the flexibility
to make major system reconfiguration changes daily without accessing the hardware.
Further conditioning type changes are possible via module level jumper
reconfigurations or module additions.

MAIN ARCHITECTURE DRIVERS

These items summarize specification requirements which had a major impact on the
overall architecture.

o Format Programmability/Reprogrammability
- Sample Rate Selection
- Filter Selection

o Packetized Output Data Format
o Programmable Transducer Excitation
o Gain Programmability

- Configuration Gains (typically steps of 10)
- Measurement Gains (binary steps)

o Offset Management
- Remove drift offsets (requires ability to apply zero to inputs)
- Arbitrary zero suppression (Programmed offsets)

o Serial Data Busses Unit to Unit (Twisted Pair)
o Highly Flexible RMUX Configuration

- 16 Plug-in slots
- Ten Signal Conditioning Types
- Input Connectorization suitable for all modules (four

100 pin signal input connectors)
- Mechanical Access for Reconfiguration

o High Density Specialized External Multiplexers (EMUXes)
- Low Height Form Factor (No access!?)
- Dedicated to transducer type

 - Bridge
- Thermocouple
- Pressure



o Configuration Reporting
o Health Monitoring
o Fault Isolation Requirement

PERFORMANCE DRIVERS

o Total Output Data Rate 200Ksps @ 16 bits/sample
per Channel Sample Rates 5sps to 12.8Ksps

o Accuracy 0.05% dc - low frequency
.1% to .5fc

o Sample Spacing Tolerance ± 3.5µsec
o Gain Range 0.25 to 800
o Input Configuration Single Ended

Differential Balanced
Differential Floating

o Input Impedance Megohm range with power on or off
o Noise Rejection -72 to -80db out of band
o Operating Temperature Range -55 C to + 115 C
o Minimal Cost

- Size
- Weight
- Monetary
- Maintenance

ENVIRONMENTAL DRIVERS

o Temperature -55 C to + 115 C
o Vibration 6 grms
o Cable Noise Less severe than old centralized installation

(maximum length 100 ft sensor to unit)
o Size and Weight Small and light as possible
o Accessibility No access in flight except via bus port
o Power Supply Noise Small size makes power supply isolation

difficult
o EMI/Lightning 5000V to 200A on bus ports

MAIN DESIGN FEATURES

1. Random Channel Addressing or Sequencing (All data requests originate at the
central formatter of an RMUX.)



2. Gain requirements are met by a combination of input circuit set-up
configurations over a range of 100:1 and a measurement to measurement
programmability over a range of 8:1. This yields a range of 800:1. Jumper
programming also allows a gain of 0.25.

3. Digitization is performed at the module level and at each EMUX.
4. Precise bandlimiting is provided by digital filtering techniques. The filtering

arithmetic is implemented using digital signal processing hardware.
5. Analog bandlimiting is provided only in the sense that it prevents aliasing when

sampled at specified rates.
6. All channels are allocated a 16 bit word size. Initial digitizations are 12 to 15

bit. Subsequent filtering makes data useful to 16 bits.
7. All offsetting or zero suppression is done digitally.

OPERATION SUMMARY

All configurations and the channel and sampling schedules are uploaded by an
operator via the bidirectional communications port. Read back information ensures the
operator that the system and the requested format are compatible. Built In Test (BIT)
features are available to help pin-point or localize the nature of any problem. During
flight BIT is useful primarily for giving a "warm feeling" that things are working. At
pre-flight BIT is useful in expediting proper system deployment.

At completion of "Boot-up", data collection commences. The "data collector" moves
data from addressable modules in the RMUX and EMUXes as demanded by the
format. When the data needs processing by the DSP, the raw data is delivered to the
DSP then one output sample time later the result is outputted.

RMUX PRINCIPLE FUNCTIONAL BLOCKS

The central or core part of the system resides in the RMUX. It contains the following
blocks:

o CMUX Interface
o Data Collector
o Digital Signal Processor
o Central Processing Unit (CPU)
o External Multiplexers (EMUX) Interface

All formatting and timing functions of the system originate in the data collector. It
utilizes non-volatile memory (EEPROMs) which is uploaded from an external



loader/verifier via the I/O port. A precision clock provides the basis for sample timing
functions.

Data signals originate from the plug-in modules of the RMUX or the specialized
EMUXes. The Data Collector moves data from these modules to either the output
buffer or the DSP for further processing. The DSP provides two kinds of filtering and
in the case of thermocouple temperature measurements, conversion to engineering
units. Pulse count interval information is inverted to read out as frequency. The choice
of filtering or no filtering is optional as directed by the format generated by an
external loader/verifier and loaded into non-volatile memory.

The CPU serves primarily housekeeping and initialization functions. It performs the
housekeeping functions in the background so as not to interfere with the Data
Collector in moving data in a timely manner to meet the format requirements. One of
the housekeeping tasks is to monitor the temperature not only of the RMUX itself, but
of each EMUX. After a pre-determined temperature change, it raises a flag which
calls for a re-zeroing of the input amplifiers. Re-zeroing is performed on command by
grounding the amplifier inputs and storing the digitized output for subtraction from
subsequent measurements. Initialization tasks of the CPU include set-up of input
modules including gain, offsetting, and filtering configurations.

EMUX PARTICULARS

There are three (3) types of EMUXes in the present system. The interface with the
RMUX is identical for all three and any future EMUX types would use the same type
of interface. In the RMUX, the "EMUX interface" module contains four ports and
each port will accommodate any EMUX. A total of 5 such interface modules can be
accommodated in the RMUX setting the total number of EMUXes deployable per
RMUX at 20. From 320 to 600 signal sources can be serviced if each EMUX is used
to its maximum capability. The "Pressure EMUX" is a 16 channel unit while the other
two are 30 channel units.

The Bridge EMUX provides set-up selectable excitation to 30 bridges at either 10V,
5V, or 2V. Each excitation source is short circuit proof and independent of the others.
The serial interface bus limits the composite interrogation rate of any EMUX to
51.2Ksps. This allows a 1.6Ksps interrogation rate per channel for the Bridge EMUX.
This will service the majority of bridge type signal sources. (An 8 channel plug-in
module for bridges deployable in RMUX can accommodate sample rates to 12. 7Ksps
per channel.) Individual channel amplifiers and bandlimiting filters are optimized for
output sampling @ 1.6Ksps. At lower sample rates, there is a danger of introducing
aliasing errors because the bandlimiting filters are fixed.



There are three distinctive features of the Thermocouple EMUX (TC EMUX) that
merit mention. First of all it provides cold junction compensation for chromel alumel
type thermocouples. It takes the form of an isothermal block whose temperature is
measured with a platinum sensor and reported to the RMUX DSP for conversion to
engineering units. A second and demanding feature allows this EMUX to tie into
aircraft operational temperature sensors. There must not be any loading or disturbance
introduced whether EMUX power is on or off, or if there is a failure in the input
circuitry. Special high impedance with power off switches are used to ensure this. The
third distinctive feature of the TC EMUX is that the input thermocouple sensors can
be completely floating relative signal ground or chassis.

The Pressure EMUX (P EMUX) is unique in that it accepts signals in the form of
pressure via pneumatic tubes. Semiconductor strain bridges are used to convert
differential pressures to electrical signals. A system of ports and valves allows zeroing
of pressure inputs and the application of reference pressures. The outputs of the sensor
bridges are amplified and conditioned before being multiplexed into a single A/D
converter. The interface to the RMUX is identical to the other EMUXes.

BANDLIMITING FILTERING

One of the unique features of the system involves the approach to bandlimiting
filtering. An analysis of the performance desired or required for bandlimiting
identified severe problems with purely classical analog techniques.

The operating temperature range causes the most difficulty. A combination
analog/digital filtering approach was adopted. Analog filters designed to support
relatively high input sampling rates are much simpler than filters that would be
suitable for final bandlimiting. A multiplicity of filter cut-off frequencies and
attendant output sample rates are provided using digital filtering followed by
decimation . The inputs are over sampled relative to the final output rates by as much
as 80 to 1 compensate for the subsequent decimation. Analog pre-sampling filters with
cut-off frequencies in the l00Hz to 200Hz range are now adequate. The filter selection
tree designed to support the signals emanating from the Bridge EMUX illustrates the
arrangement. See Figure 3. Each channel can be independently programmed as to
output sample rate and filter cut-off frequency according to the available paths on the
tree. When no digital filtering is desired, the output rates and input rates coincide but
still limited to one of the output rates shown.

The basic DSP module contains two DSP chips along with supporting memory. Sets
of pre-determined coefficients stored in non-volatile memory are selected as part of
the formatting instructions. Finite Impulse Response (FIR) filters are the main types



used. Equivalent "N"s or tap lengths up to 1024 can be selected. As shown, several
choices of Butterworth approximations are available. Infinite Impulse Response (IIR)
digital techniques are used for these 4 pole filters.

FIGURE 3 - TYPICAL FILTER TREE

Additional DSP modules can be plugged in at the expense of up to two of the 16
plug-in slots available for input modules. One DSP module can handle the filtering for
32 to 256 channels depending on sample rates .

A performance bench mark of the system is its ability to extract low-level low
frequency (5 to 10Hz) wow and flutter signals from accelerometers mounted near the
engines. High amplitude high frequency turbine blade induced signals can be as much
as 60 db larger in amplitude than the low frequency signals. To this end, the number
sizes (number of bits) maintained in the filter arithmetic computations needs to be
held at least at the 24 bit level. Samples digitized to 15 bits and coefficients of 16 bits



lead to 31 bit partial products. Only the 7 LSBs of these partial products can be
ignored. The dynamic range of the filters exceeds 80db.

SAMPLE TIMING AND LATENCY CONSIDERATIONS

One of the overall performance requirements Boeing levied on the system was to be
able to take any output sample and identify when in time the sample was taken. Since
each output word time can be as short as 5 µsec, sample acquisition has to start prior
to when the data is needed for output. Simply reading the last sample taken from
memory at the input module for a particular channel as not satisfactory. Sampling had
to be synchronized to the output format requirements. The system is designed to
perform the sampling and digitization "just in time" for the Data Collector to move the
result to the output. Some module types need a "warning" of 10 µsec for this to
happen, others need in excess of 100 µsec. Variable resistance sensors such as
platinum resistance thermometers, for example, are read out by applying a constant
current and reading the resultant voltage. The cable capacitance connecting the
module to the sensor must be charged. Settling to sufficient accuracy can require up to
100 µsec. To meet the "just in time" criteria for a variety of signal types requires then
module specific timing instructions.

Because the EMUX/RMUX interface is over serial busses, additional timing
considerations are involved. There is no restriction in the overall format as to data
source whether EMUX or RMUX for any particular word. For EMUX data, "just in
time" means that the requests for data are initiated early enough to compensate for the
delays going out and back to an EMUX with a request and a reply.

CONCLUSION

The move to remote data acquisition was a very challenging and complicated one. In
short, the entire capability of the previous Flight Test data acquisition system, some
15 years old, was recreated in ruggedized form, with no compromise in functionality
or accuracy. Advances in hardware technology, innovative design techniques, and the
addition of software control have made this possible. However, the concentrated
efforts of a co-development team, conscientious to the finest detail of possible
operational scenarios have made this project work.
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ABSTRACT

Much modem telemetry is transmitted in a digital format and to be compatible with
existing range equipment the digital data is impressed on the carrier using FM
modulation. The receiving system in common use employs an FM
limiter/discriminator as a detector followed by an integrate and dump matched filter
for bit detection. This system has been studied by previous authors [1] and it is well
known that in the absence of frequency uncertainty the optimum transmission
parameters consist of a modulation index of .7 (peak-to-peak deviation divided by the
bit rate) and an IF filter bandwidth equal to the bit rate followed by a limiter
discriminator.

In many cases, there is a need for some small amount of analog telemetry transmission
in addition to the digital data discussed above. In these cases it is common practice to
include analog subcarriers on the main carrier with the digital data modulating the
carrier at baseband, the resulting system is called PCM/FM + FM/FM. These hybrid
analog/digital systems are the subject of this paper. In particular this paper addresses
the performance of these systems through simulation using the Block Oriented System
Simulator (BOSS) from Comdisco and with analytical techniques to obtain the BER
versus SNR curves for these systems. The simulation is used over a wide range of
parameters to find the optimum values of modulation index and IF bandwidth for
these systems.
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INTRODUCTION

Much modem telemetry is transmitted in a digital format and to be compatible with
existing range equipment the digital data is impressed on the carrier using FM
modulation. The receiving system in common use employs an FM
limiter/discriminator as a detector followed by an integrate and dump matched filter
for bit detection. This system has been studied by previous authors [1] and it is well
known that in the absence of frequency uncertainty the optimum transmission
parameters consist of a modulation index of .7 (peak-to-peak deviation divided by the
bit rate) and an IF filter bandwidth equal to the bit rate followed by a limiter
discriminator.

In many cases, there is a need for some small amount of analog telemetry transmission
in addition to the digital data discussed above. In these cases it is common practice to
include analog subcarriers on the main carrier with the digital data modulating the
carrier at baseband, the resulting system is called PCM/FM + FM/FM. These hybrid
analog/digital systems are the subject of this paper. In particular this paper addresses
the performance of these systems through simulation using the Block Oriented System
Simulator (BOSS) from Comdisco and with analytical techniques to obtain the BER
versus SNR curves for these systems. The simulation is used over a wide range of
parameters to find the optimum values of modulation index and IF bandwidth for
these systems.

The receiving system studied, for the demodulation of these compound signals, which
was first suggested by Law [2], employees an narrow IF filter and discriminator for
the digital data and a second wider (Carson's Rule) IF filter and discriminator for the
analog signals. The results show that for small subcarrier mod indexes that the
receiver of Law produces low BER's for a given value of C/KT and surprisingly that
this receiver is optimized by the same parameter set that was optimum for PCM/FM.
It is also shown that for large subcarrier mod indexes that this receiver breaks down
due to the nonlinear interaction of the subcarriers and the digital data in the
modulation process. In a companion paper the optimum values of subcarrier mod
indexes are examined [3].

DEVELOPMENTOF BOSS MODEL

The PCM/FM+FM/FM System adds subcarriers to the NRZ-L data stream prior to the
modulation of the FM modulator. The resulting composite signal is used to FM
modulate a carrier. The modulator peak deviation is typically set at 0.35*R for ab

PCM/FM system. The value of 0.35*R was determined to be optimum for a PCM/FMb



system [1]. However, little study has been done to verify that this value holds as
optimum for a PCM/FM+FM/FM system.

In order to determine if a value of 0.35*R is optimum a BOSS system was created tob

simulate the operation of a PCM/FM+FM/FM system. The first system developed
models the system which Law[2] presents in his telemetry handbook. Law's system
consists of a 256 kBPS NRZ-L data stream and IRIG class C subcarriers at 256 and
288 kHz. Law's subcarrier oscillator, SCO, peak deviation was set at 70 kHz.

The simulation results for the system developed were compared to Law's results for
PCM receiver IF bandwidths of 300 and 500 kHz and peak FM modulator deviation of
0.35*R to verify that the BOSS system developed operates properly.b

A similar BOSS model was developed for the PCM/FM+FM/FM system except that
an SCO module is added, as shown in Figure 1 and 2, the IF filter is sixth order.

Figure 1. Basic BOSS PCM/FM+FM/FM System

Figure 2. BOSS SCO Generator

The SCO generator, Figure 2, consists of two sinusoidal data sources feeding two
subcarrier voltage controlled oscillators, VCO's.

To simulate Law's tests the 256 kBPS data stream and 256 and 288 kHz VCO's used
by Law were scaled to a NRZ-L data rate of 1 BPS. This results in the SCO VCO's
being set at 1.0 and 1.25 Hz. Law specifies the SCO peak deviation at 70 kHz which
when scaled results in an SCO peak deviation of .2734 Hz/Volt and SCO peak1 2



deviation of .2431 Hz/Volt. Since the FM modulator deviation, NRZ-L data deviation,
is set to 0.35*R , the gain required after each SCO can be calculated to yield theb

required SCO deviations.

Gain SCO = 0.2734/0.35 = 0.78125l

Gain SCO = 0.2431/0.35 = 0.694402

The peak deviation of the subcarrier VCO's set to 8 kHz/256 kHz = 0.03125 Hz/Volt,
for Class C IRIG constant bandwidth channels. The frequency of the sinusoidal data
sources are set at 2kHz/256 kHz = 0.00781 Hz.

The BOSS model was first used to check the original Tjhung and Wittke results and to
test the model. For these tests the SCO's are turned off and a standard PCM/FM
system results. The results are shown in figures 3 and 4. Figure 3 confirms the results
in [1] for the selection of IF bandwidth and figure 4 confirms the results for the
selection of peak deviation.

Figure 3. Figure 4.

Next the BOSS model created was used to simulate Law's tests for BT = 300 and 500
kHz, BT = 1.172 and 1.953 when scaled. The BOSS simulation results agree closely
with Law's results.



The BOSS simulation results are plotted vs. Law's results in figure 5. Wittke's results
for BT = 1.0 are also plotted for comparison. It can be seen that for a given C/kT the
addition of SCO's results in a small increase in bit error rate, in this case.

Figure 5.

The plots indicate that results with the system model developed agree with Law's
results and therefore yields accurate results for simulation of a PCM/FM + FM/FM
system.

PCM/FM + FM/FM TESTS

Having verified that the PCM/FM+FM/FM BOSS model is correct, we are now in a
position to study these systems. The results will depend upon the center frequency and
the deviation of the analog subcarriers. In a comparison paper the optimum value of
subcarrier deviation with respect to minimizing total transmitted power [3] is
determined. Using the values of deviation given in this paper for two cases described
below the BER versus E /N were investigated.b o

Case 1. Two IRIG class A Constant Bandwidth Channel subcarriers at 64
and 56 kHz combined with a 32 kBPS PCM data stream.

Case 2. Single IRIG Class A subcarrier at 32 kHz combined with a 32
kBPS PCM data stream.

The results of the simulations for these two cases using a data only receiver are shown
in figures 6, 7 (for case 1) and 8, 9 (for case 2).





From these figures one can see that the optimum values of PCM carrier deviation and
IF bandwidth for a data only receiver are the .35R and BT = 1.0 that were found forb

the PCM/FM only case. This is a surprising result considering that the FM modulation
process is nonlinear yet the results indicate that the presence of the subcarrier has no
effect upon the data when a data only receiver is used.

To understand the reason for this result consider the following analysis. Let x(t) be the
FM subcarrier

where fsc is the frequency of the subcarrier
fm is the frequency of the message
Ds is the modulation index of the subcarrier and the message.

After the carrier modulator, let s(t) be the complex composite signal

The fourier transform of s(t) can be expressed as a convolution in the frequency
domain as follows,

where d(t)= ±1 for - n t (n+1) , n=0,1,2....
and msc is the modulation index of the carrier by the subcarrier.

The first term is the transform of the data and the second term is the transform of a
carrier FM modulated by a sinewave. The power spectrum of the data is given in [4]
as,



The power spectrum of sinewave FM modulated carrier is given by,

This expression is for one FM modulated subcarrier. Figure 10a and figure 10b shows
spectral density of modulated signal for A=1, msc=0.2 and 1.0 and f =l hz, neglectingsc

higher frequency terms as they are outside the IF bandwidth. In the figure response of
the IF filter (which is Bessel filter of 6 th order, 3 dB bandwidth=1 hz) is shown to
give an idea how much interference the subcarriers produce inside the IF bandwidth.

Figure 10 a. msc=0.2 Figure 10 b. msc=1.0

For two subcarriers,

Figure 11a and figure 11b shows spectral density of modulated signal for A=1,
msc=0.2 and 1.0 and f =2 hz and f =3 hz, neglecting higher frequency terms as theysc1 sc2

are outside the IF bandwidth.



Figure 11a. msc=0.2 Figure 11b. msc=1.0

SUMMARY
The performance of a dual receiver system for the demodulation of PCM/FM+
FM/FM has been studied. The modulation parameters for such a system have been
optimized to minimize BER as a function of C/KT. The set of parameters that was
shown to be optimum for data detection are = .35 R and IF bandwidth equal toData b

Rb with the analog subcarrier mod index less than 0.5.
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Abstract

Various forms of 'lossy' and 'lossless' encoding have been
implemented or proposed to allow compression of still and motion picture
images, with varying degrees of success which in turn depend on how
success is defined. Proponents of various systems claim 'compression
ratios' which by their nature defy comparison of one system with another
and suggest there actually may be something like a free lunch. This paper
compares various compression methods as well as the implications
involved in using them and what happens when different systems
encounter the problems associated with the uses of the restored picture.

Key Words: video, compression, instrumentation, JPEG/MPEG

1 'Real' Pictures

A picture is a picture of something only when objects in the picture can be recognized
by the 'ultimate receiver', which may be a human or a machine, or both. As a
consequence, a picture consisting only of a series of dots is meaningless unless at least
some of the dots were formed into larger blobs of shape, color, and texture. If motion
is involved, at least two pictures are needed with the object(s) in motion in different
positions, and enough detail to show the change is required. That a picture, or series of
pictures contains some order rather than just random data implies that we can reduce
the amount of data we transmit or store and recover all, or at least the important parts,
of the picture, without treating the data as if it were completely random .

1.1 Dimensions

A street address has two dimensions to it, one in the North-South direction and one in
the East-West direction. That these dirctions are orthogonal is clear when we consider



that if we're a block off on one part of the address, we cannot correct for it in any way
by changing the value of the other dimension. A still or motion picture has attributes
which are orthogonal dimensions:

Vertical resolution Vertical resolution is often taken to be the number of horizontal
lines in a single picture. The lines need not be scanned in any particular order,
but they are often scanned from top to bottom and may be interlaced. In the
NTSC '525 line' television system, there are 480 to 483 of them, scanned
alternately. Vertical resolution can never be greater than the number of lines in a
picture, but can be—and often is—far lower.

Horizontal resolution In an analog television system, changes along the horizontal
scanning line are limited by bandwidth and slew rate of the electronics, and
(like the vertical resolution) by the size and shape of the scanning mechanism.
Horizontal resolution can be expressed in a number of ways, with higher
numbers used by the manufacturers, giving the user a false sense of security.
Digitized scanning systems can have adjacent picture
elements—'pixels'—completely independent, something an analog system can't
do, and horizontal resolution is then due entirely to the number of pixels in a
line and the shape (and 'fill factor') of the dots. In all systems, resolution is
limited by the optical system which focuses the photographed scene onto the
scanning mechanism.

Grayscale resolution A scene is limited by the the ratio between lightest and darkest
element in it, which may be beyond the range of a human observer. Between the
darkest and lightest points in a picture there may be a continuous range of gray,
or many shades which appear continuous, or no intermediate shades at all, as in
the printing process. The brightness range can be considered to be a linear
function, but if considered as a logarithmic density function instead can be
rendered with fewer discrete shades and still appear to be continuous.

Temporal resolution A picture which changes as a function of time has some form
of temporal resolution, although the entire picture may be taken at a single
instant and then displayed in a single instant or as a swept image. Interlace of
the vertical (and possibly horizontal) elements in presentation, repetition of
previous information, and phosphor persistence (a function of brightness and/or
color) complicate the definition still further.

Color resolution In color, the reproduced scene is often altered to compensate for the
imperfect illumination of the original scene, a subjective adjustment made so
that the rendered colors 'look' right, even though they are not. The difference



between a color and black-and-white involves two more components, the nature
of which can be hue (the difference between red, green, blue, and orange) and
saturation (the difference between white, pink, and red) or some other
combination; the two color components plus the monochrome representation
solve three equations in three unknowns. A color system using three
independent color channels to represent the sprectral continuum is know as the
tristimulus model of color. In instrumentation, there can be more colors than
three or fewer, and 'colors' may be outside the range of human vision. A human
eye cannot resolve a red-blue checkerboard at the same distance that a
black-white board can be resolved, nor easily discern between two shades when
saturation or illumination is low, hence entertainment television diminishes
color signal resolutions accordingly, a simplification which may be
inappropriate for instrumentation television.

For a picture file to contain the maximum amount of information, each of the above
dimensions would be totally random. No 'real' picture is that chaotic, even a television
receiver tuned between channels, yet only a file consisting of random information in
each dimension makes full use of its communication channel.

2 The 'Ultimate Receiver'

The ultimate receiver of entertainment television is the human eye, and the intent of
the system is to provide the most pleasing representation of whatever the program's
producer wants the viewer to see, whether the resulting scene accurately represents
what actually occurred or not. The viewer cannot examine the picture frame by frame,
blow up parts of the picture, or vary the brightness and color values of parts of the
scenes, although to do so would often be quite revealing. The ultimate receiver of an
instrumentation television picture may or may not be a human eye, since electronic
devices exist which can measure times, distances, speeds, count objects, etc., from a
television signal. Even when a human is present in the loop, it is often possible to
examine the resulting scene one picture at a time, and examine parts of the picture by
changing the grayscale or color values and ranges. The goal of an instrumentation
television system is to allow measurement of something, and the system must be
optimized to allow whatever measurements to be made. Even if the picture were read
and displayed 'perfectly' (whatever that means), the electronics between the pickup
and display can only degrade system performance, never improve it.

3 The Nature of Compression

While compression has meaning in the analog domain (systems such as NTSC color
television are analog compressors), the interest in instrumentation is in compression of



files that result from an original digital picture or a conversion (assumed perfect) of an
analog signal. Compression of such a file depends on removal of redundancies from
the signal. The nature of redundancies are semi-intuitive—adjacent film frames look
much like one another except where the scenes cut; a single dot in a photo is
surrounded by many more dots of nearly the same color; the average brightness of a
television picture—black-and-white or color—is close to gray. If we use shorter words
to describe the common occurrences than those less common, the overall result will be
a smaller file. Removal of picture attributes that don't matter to the user is another
possibility, but the losses created by dropping information cannot be recovered, and
degrade the reconstructed picture in a subtle or not-so-subtle way.

3.0.1 Compression Ratio

When the size of a compressed file is compared to the size of the uncompressed
original, the result can be called a compression ratio, although the term is misleading
if the compression isn't lossless. A way to inflate any system's apparent compression
ratio is to start with a file whose resolution is far higher than the data it represents.
Consider a standard television picture (or a VGA screen) consisting of 640 pixels in
the horizontal direction, 480 pixels in the vertical direction, and three colors each of
which has 8-bit resolution. Since the representation has just over 300,000 pixels, with
each pixel expressed to 24-bit accuracy, we thus need nearly one megabyte of picture
information to describe the picture completely. However, while we have 2 , or24

approximately 16 million possible colors, we can have only 300,000 possible colors,
and only if each pixel were a different color from all others. We could instead tabulate
all the colors in the picture, and assign a unique code to each one, reducing the number
of bits per pixel to no more than nineteen—with no degradation to the picture
whatsoever. We have achieved a 25% lossless compression. There are far less than 218

colors in an 'average' picture, so the 'compression' can be far more dramatic, but the
actual amount will vary with picture content.

With any lossless compression system, the amount of compression achieved varies
with picture content, and with the match between the real data and the data expected.
Any lossless compression method—and most lossy types—decrease file size on the
average, but do not produce the same size File for every picture.

3.l File Size

The reason that we wish to compress a picture file in the first place is that the
uncompressed file resulting from even a single picture is huge; the statement that a
picture is worth a thousand words is an understatement . A digital representation of an
uncompressed single frame of television is the equivalent of several hundred pages of



typewritten text. A single television picture displaces around 600 voice circuits in the
telephone network under the best of circumstances. A telemetry channel, be it through
a radio link or in a recording medium, is more limited in its capability than needed to
handle uncompressed pictures. Since the file size produced varies with picture content
and the transmission rate is fixed, a method must be used to limit the file size each
picture produces to some maximum, trading resolution for consistent file size. Since
the resulting compressed file is of unknown size until after compression, the system
must adjust resolution to keep the transmission rate constant.

3.2 Overflow/Underflow

The size of the encode buffer should be such that it cannot overflow when fed
maximum surprise at its input while the compression process adjusts resolution to
servo the buffer back to normal condition. Similarly, when the picture becomes less
complex and the buffer tends toward empty, the resolution should increase until the
buffer status returns to normal. If the buffer is emptying even at the highest
compressor resolution, the channel must send padding to prevent the buffer being
emptied entirely, which will result in a malfunction.

3.3 Delay or Latency

If the servos that keep the buffer in normal condition operate properly, the user need
not to know that a buffer is operating at all, except that the delivered picture is
delayed. However, if the encoder stops transmitting (the missile hits the target and
explodes, for example), all data in the transmit buffer is lost. Teleconferencing
systems have delays leading to the conclusion that the person on the other end is a bit
slow-witted; delays in systems where the picture is being used for remote navigation
are more serious. The amount and location of the delay that is tolerable depends on the
use.

3.4 Error Recovery

Most systems assume that the file is received intact. Computers get upset and stop or
lock up when they encounter a single bit error when reading a file. A video decoder
must read through errors, display something or indicate that it can't, and recover
thereafter. An instrumentation system starts receiving a signal after transmission has
started, so the decoder must operate with what it gets from the time it starts receiving
and onward. Errors due to gaussian noise are randomly spaced, but even if the error
rate is one per hundred bits, the chances of two bits in a row being received incorrectly
is slight; error-correction systems for this type of noise are fairly easily built. Dealing
with errors that occur in bursts, however, generally involves transmitting data in a



The difference between any predicted and actual value is of use only if the starting1

value is known, so the starting value must either be transmitted occasionally or agreed on
prior to transmission.

different order than it was created, and reshuffling back into order at the decoder,
increasing delay and buffer size, so error correction is seldom used.

3.5 Limiting Conditions

While the 'average' compression, file size, picture degradation, etc., are of some
interest, the item of greatest concern might be the performance of the system under the
conditions where compression is at its maximum, or when the system is encountering
the picture least suited for the system. The portion of the file that holds the most
interesting stuff is likely not an 'average' picture.

4 Decimation

The easiest way to 'compress' anything is to leave something out in some arbitrary
fashion. Transmitting every other horizontal pixel and every other line reduces the raw
file size by a factor of four; the missing lines and dots can either be regenerated by
making the remaining dots bigger or by interpolating the missing ones from the
remaining ones nearby. It's also possible to reduce a picture rate by transmitting fewer
pictures per second and repeating them at a faster rate—movie theaters get 72 Hz
flicker from film with 24 frames per second. It's also possible to reduce the grayscale
resolution significantly without much difference in average picture quality, as shown
in Figure 1. With color pictures, reduction of color resolution in space, time, and
intensity can be quite extreme without being obvious.

5 Delta Coding

Delta coding sends the difference between the pixel under consideration and the level
predicted by a mixture of some combination of pixels already known, under the
assumption that any pixel's brightness is somehow related to those around it. Since1

the predicted value is often close to the actual value much of the time, the difference
can be encoded in such a way that no difference with the predicted value is
transmitted with a short code and progressively larger differences are transmitted with
longer codes—a so-called entropy coding technique. Another method is to transmit
only a single bit per pixel, its polarity being determined by whether the prediction was
lower or higher than the actual value. The transmitted signal will then toggle between
a one and a zero if the predictor is actually correct, so the step size appears on the
display as a granularity. Since abrupt changes in brightness cause longer codes if



Figure 1: Dithered B&W Image @ One Bit/Pixel

variable-length codes are used, the resulting file size will vary with predictor
efficiency; one-bit codes produce the same file size for any picture but cause blur and
delay for rapid transitions. Adaptive one-bit coding, which varies step size
dynamically, can decrease granularity in areas where brightness doesn't change and
sharpens the effects at transitions, but reaction time may cause problems. Delta coding
can be used on an analog signal without digitizing it first, which simplifies
implementation. Best results are obtained when the sampling rate is an integer or an
integer-and-a-half multiple of the horizontal sweep rate.

5.1 Vertical and Horizontal Delta Coding

A predictor based on the previous pixel only is the simplest possible kernel, and
almost universally the kernel used for one-bit coding. Delta codes which use
variable-length coding to transmit several possible differences with the predictor may
use two previous pixels to change the ordering of the lengths of entropy codes to
increase coding efficiency. The HORACE system described in RCC/TCG-210 uses two
pixels in the horizontal direction with variable-length multilevel coding; as a
consequence of multilevel coding the file size varies with picture content. To prevent
overflow, the coding resolution is adjusted on a line-by-line basis, which the decoder
follows without operator intervention.

CD-ROM Proceedings
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The concept of what the future is is negotiable in digital systems, because delays can1

be introduced so that the future is available as 'now' is being worked on in the past.  The delay
introduced depends on how far into the 'future' we need to look.

The previous line in a picture can be used as part of the predictor, and even
future  lines can be used to predict a single point, but the effect is similar to1

predicting a new line based on the lines around it. Complexity and delay
increase with the selection of a more elaborate kernel, and performance may or
may not improve as a result. A screen full of lettering, for example, is more
accurately predicted with the previous one or two pixels in the horizontal
direction than with a more-elaborate kernel.

5.2 Temporal Delta Coding

A delta coding that transmits the difference between an entire picture and
previous (and possible future) pictures can be built; the result is in the category
of interframe coding as opposed to intraframe coding. Interframe coding works
best when the scene doesn't change at all, and file size increases rapidly if
something actually moves. At least one previous picture must be stored in its
entirety, requiring a large memory on both ends of the link, and because the
item of interest in most instrumentation television is the item that moved,
interframe coding is seldom used for instrumentation systems. However,
teleconferencing systems, which usually involve 'talking heads' and limited
movement which can be allowed to blur while the motion continues, might be
quite acceptable.

5.3 Color Delta Coding

Delta coding deals with only one dimension—brightness—over whatever other
dimensions coding runs. A color image has several (often three) dimensions to
it, requiring that the channel carry as many streams of data as the number of
color signals, although not necessarily at the same resolution in the other
dimensions. In the standard HORACE color, a color separation is sent after each
line, and the user can select the grayscale and horizontal resolution to suit the
intended use. The color separation sent can be alternated from one line to the
next or several sent each time, and there's no restriction on the size of the
separation component data, allowing colors which don't resemble the visible
brightness image much (such as a radar, infrared, X-ray, etc.), an anaglyphic 



3-D pair, or two or three entirely different pictures to be sent, as long as they are
in synchronization with one another.

6 Bit Plane Coding

A technique called run-length coding is useful when the value of brightness
does not change rapidly in the coding direction, since the code is transmitted as
a number which represents how many of what level is often shorter than
repeating the slowly- or non-changing level over and over. However, in an
analog picture the run lengths encountered often have small changes from pixel
to pixel, which makes the system inefficient. On the other hand, run-length
coding of the individual bits often is efficient, especially in the most-significant
bits. Using a zig-zag coding direction rather than a simple horizontal or vertical
motion often increases the sizes of the groups encoded. An encoding system
based on run-length coding of the individual bit planes can be truncated to a
maximum file length resulting in grayscale resolution being the variable
dimension, and signals coded in this way can be displayed while being decoded,
allowing the user to step between frames quickly until the picture of interest is
located. A few of the bit planes of Figure 1 are shown in Figure 2.

7 Transform Coding

A television signal is periodic, or nearly so, in the horizontal, vertical, and
temporal dimensions, and when transmitted in serial fashion produces a signal
with energy clustered about the horizontal and vertical sweep rates. Hence it's
possible to transform the picture into a set of orthonormal functions and then
transmit the magnitudes (and possibly phases) of those functions instead of the
picture. Systems have been built using Fourier, Walsh-Hadamard, Haar, etc.,
sets. The coefficients change slowly for the low frequencies and more rapidly
for the higher frequencies, but the accuracy at which higher frequencies need to
be transmitted is lower than that needed for the lower frequencies. The
coefficients can be transmitted differentially. Complexity of any transformation
is greater than with other processes, and involves memory at both the encoding
and decoding ends of the link. Quality ranges from essentially perfect down to
terrible; objects in motion and diagonal features generally fare the worst, and
tend to flicker as they move.



Figure 2: Top Bitplane for Figure 1

8 Vector Coding

Since the vertical and horizontal directions in a picture are dimensions, a
combination of pixels taken in a group is a vector in the mathematical sense,
since a change in the value in any element cannot be corrected by any change in
other elements. Visually, these vectors appear as mosaic tiles, and are often
referred as tiles rather than vectors for that reason. A typical vector block used
might be a 4x4, 8x8, or 16x16 group of pixels, with each pixel represented by a
single luminance value or a vector of color values. Just as it is highly unlikely
that each pixel in a large picture is of a different color from all others, so is it
unlikely that all the tiles comprising a large picture are different from each
other—or, even if not identical, a far smaller selection of tiles might be
produced which can be used to rebuild the picture to an acceptable
approximation. The tiles themselves are more likely to have pixels all of the
same color, or nearly so, than to resemble color confetti, just as while all letters
of the alphabet occur in normal text, blocks of three containing the, ing, or ses
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For each tile reconstructed, the luminance value tile uses its corresponding color tile2

and for the other color separation uses an average of the tiles on either side.

Not counting roundoff and truncation errors and what we did to the color separations.3

are more likely than uum, and qqx never occurs at all. A variable-length code
can efficiently send vectors, whose statistics are more widely distributed than
the values of each pixel.

The JPEG—for Joint Photographic Expert Group—coding system uses a
combination of the techniques discussed above to provide an efficient coding of
most pictures. An input picture is first divided into 8x8 tiles, with one tile
representing the luminance value and (if the picture is in color) the next tile
representing one of two color separation components corresponding more or
less to the U and V components used for European color TV.   Each tile is then2

transform coded with the discrete cosine transform into 64 components, the
lowest representing the DC value (average brightness) of the tile and the rest
indicating spatial frequencies in the vertical, horizontal, and along diagonals.
Not surprisingly, many of the diagonal terms are so near zero in amplitude that
they can be safely ignored, and the picture reconstructed 'losslessly'.  For further3

compression, the amplitudes of the significant spatial components are
transmitted with variable length codes and the amplitude changes are
bracketed—with the bracketing level determining how crude the reconstruction
will be—and the zeros are run-length coded. The coefficients are read out in
zigzag fashion beginning with the DC term, and for further compression all 64
of them need not be transmitted. Differing amounts of loss can be assigned to
the color separations, which can be bracketed more broadly and fewer
coefficients sent. For any given compression thresholds, the File size will be
variable; scenes with high contrast areas and sharp edges make larger files. The
effects of 'normal' and 'extreme' JPEG coding can be shown for any given
picture, but there are surprises when random pictures are used.

The decoder is told what compression thresholds are used at the start of each
picture, and resolution cannot be adjusted during a picture. If a file is too large,
the entire picture is not transmitted, with the last rows of tiles at greatest risk.
Because coding is adjusted for each picture rather than for each line or row of
tiles, the encoder buffer must be longer and the delay consequently greater than
with the simpler line by line or bit by bit coding adjustments possible with delta
coding alone. The benefit of the increased complexity is that a JPEG file is



typically far smaller in size than the files created by other schemes, which are
limited to no less than one bit per pixel. In color, the user is limited to the color
separation ratios allowed by JPEG and to three colors assumed to all contain
essentially the same scene—both limitations which are fully acceptable for
some uses and wildly inappropriate for others.

9 Feature Coding

Feature coding is used to keep track of a countable number of objects in the
scene, and stores them with regard to position, size, color, or whatever. The
theory is that, for example, a scene containing a bouncing red ball is most easily
described by keeping track of the size and position of the ball as it moves, and
displaying that information at the receiver with little concern about what else is
in the picture. While the complexity of such a system increases as the number of
objects and with what attributes and precisions we wish to measure, the amount
of data that must be exchanged is minimal. Systems which send
teleconferencing data by selecting an appropriate face and keeping track of
about twelve points on the face for transmission have been demonstarted, and a
similar system is used to make animated cartoons. The parts of the picture that
aren't coded may be distorted or missing altogether, but if what is to be
measured is miss distance, feature coding might be appropriate.

10 Fractal Coding

Perhaps the strangest coding method is that called fractal coding, where shapes,
colors, and textures are drawn by a system not unlike 'paint by numbers'. The
descriptor list can be quite small, involving things as simple as 'color bars' or 'a
field of flowers'. Computer screen scenes often lend themselves well to
encoding of this type, in part because most scenes are created from primitive
elements and in part because what the screen depicts did not have its origin in
nature. In some sense, the picture thus generated is identical to the one
described, although the resemblance is tenuous if the description is vague or
terse. On the other hand, if a tree-bark pattern is placed where a tree trunk is
blocked out, that the tree bark thus reconstructed looks as good as the original
but doesn't represent it point by point may not matter. A fractal coding system
can be efficient, but reducing something down to its fractal descriptors is the
most time-consuming and computer-intensive technique of all.



11 Conclusion

While we've said often that the type of coding used for pictures, and how to set
the knobs on a given system for best results depends on what is wanted, the
statement still seems like a copout. Yet without knowing what attributes are
essential, which are 'nice to have', and which are superfluous, there is no simple
answer. The method used should be determined on the basis of the needs of the
user, channel capacity, noise performance, cost, and availability. Even with
those limitations, however, there's something available which can do almost
anything reasonable for any user.
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Abstract

Transducers whose outputs are characterized as a charge require signal
conditioning to convert the charge produced to a voltage or current for use in
instrumentationsystems. Blast gauges, in particular, require processing which
preserves the transient nature of the data and very fast risetimes, which would
otherwise be degraded by long cable runs and parasitic capacitances. A charge
amplifier which amplifies and converts a charge to a low-impedancevoltage
suitable for driving coaxial lines is described, along with theory of operation.
Charge amplifiers of the type described are relatively unaffected by temperature
and power supply variations, and occupy less than two square inches of printed
circuit board space per channel.

Key words: charge amplifier, blast gauge, transducer

1 The Nature of 'Charge'

Charge is one of the four imponderable units necessary to describe all physical
phenomena, as are length, time, and force or mass. The unit of charge is the coulomb;
the charge on an electron is 1.602 x 10 coulombs.-19

2 Capacitors As Charge Transducers

A capacitor is a storage device, which holds and concentrates charge as electrons
collect on one capacitor surface attracted by the opposite charge on the other surface
separated by an insulator. Because a capacitor has in its construction an insulator
between its input conductors, electrons never cross from one side to the other.



When a voltage (which represents a 'potential') is placed across a capacitor, the
capacitor charges to that external voltage through some inevitable source resistance,
as shown in Figure 1.

Figure 1: Classic Capacitor Charging Circuit

The equation for the capacitance of a parallel-plate capacitor is

(1)

Where A is the area of either plate (both plates the same size); d the distance between
the plates; the permittivity of free space, or 1/36 x 10 8.85 x 10 farads/meter;0

-9 -12

and the relative permittivity of the insulation material used, which has a practicalr

range of 1 15 or so.

Voltage developed across a capacitor with no initial charge and with the switch shown
closed at t - 0 is

(2)

where V, R, C are fixed voltage, resistance, and capacitance, respectively, and v and ic c

are functions of time t. Eventually (after a 'long time'), the entire battery voltage is
present across capacitor C. At any point, by definition, the charge in the capacitor is
given by

(3)

and the charge and voltage across the capacitor are always proportional. While the
external resistance affects the rate at which the capacitor charges, power loss across
any finite resistor for a complete charge of the capacitor is the same.

When the circuit of Figure 1 is modified to add more capacitors in series as shown in
Figure 2, the resulting capacitance is decreased, but the same charge is present on
each capacitor no matter what each individual capacitor's value is.

Since the voltage across the capacitor string eventually equals the voltage V (that is,
V v +v +v and lim ( v + v +v )= V), the voltage across each capacitor will bec c c t c c c1 2 3 1 2 3



Figure 2: Multiple Capacitor Charging Circuit

whatever satisfies Eq'n 3. Also, if the series capacitance is lower than that in the
circuit of Figure 1 and R remains the same, each capacitor will charge more quickly to
its final value than the single capacitor in the circuit in Figure 1, a result that is
probably counterintuitive, though a consequence of Eq'n. 2.

The current through the capacitor and the rest of the circuit in Figure 1 is identical,
since there is but one current loop, but current is most easily calculated for the resistor
since Ohm's Law holds. Then circuit current corresponding to the expression in, Eq'n.
2 is

(4)

which is an exponential, decreasing to zero as t . The rate at which i(t) decreases is
again due to the resistance R. Current and charge in the capacitor are related by the
expression

(5)

so the charge in a capacitor could be measured by integrating i (t)over time t, although
the charge rate would be determined by any resistance used in the integrator.

A capacitor can be thought of as a transducer in the sense that it changes charge to
voltage.

3 Charge Sources

As a perfect voltage source can be thought of as a voltage source independent of load,
capable of supplying infinite current, a perfect current source is capable of supplying a
specified output current into any load no matter how high the voltage need be. Internal
resistance of a perfect voltage source is zero; internal conductance (reciprocal of



resistance) of a perfect current source is zero as well. Approximations of perfect
voltage and current sources, especially over a more limited range of loadings are
indeed possible. A perfect charge source produces a charge independent of load
capacitance at least over some range, and is approximated by a voltage and a large
(infinite?) series capacitance. Hence as in Figure 3, the charge produced is
independent of the capacitance of the load, which consists of cable and parasitic
capacitances and of the observation capacitor across which a voltage is measured.

Figure 3: Measurement Equivalent Circuit

As R. P. Reed notes in his paper [Sandia, p. 42] a piezoelectic transducer should be
considered as a charge source, not as a voltage or current source. The proper load for a
charge source is a capacitor, not a resistor, since the capacitor stores the charge and a
resistor dissipates the charge as heat.

By knowing the observation capacitance and any parasitics that can't be ignored, a
voltage observed across the observation capacitance can then be measured and the
output charge deduced by application of Eq'n. 3. Unfortunately, the act of measuring
the voltage across the capacitance inevitably discharges the capacitor. Measurement of
the current through the capacitor would involve integration of the current to obtain the
charge, which would involve added series resistance, thus inevitably slowing the
charging process.

4 An Active Charge Amplifier

Use of the feedback charcteristics of a modern operational amplifier can make a
near-perfect charge measurement circuit, as shown in Figure 4. When a charge enters
at point 1, a current flows through capacitor Ci toward point 2. The output of the
amplifier, which was initially zero, is driven negative by the difference in voltage
between its positive input, at zero volts, and the negative input into which a positive
voltage occurs as a result of the current flow. Impedance of the amplifier inputs is
infinite (or nearly so) and gain of the amplifier is also infinite (or nearly so), so the
voltage level at point 3 falls to a point at which C charges such that the voltage atf



An 'ideal' charge source has a zero source resistance, but the charge source cannot1

deliver the charge to a load without some dissipation.

Figure 4: Ideal Charge Amplifier

point 2 is forced back toward zero. The feedback action continues to maintain point 2
at very near zero volts regardless of any change in charge at point 1. Since no current
flows into the operational amplifier at point 2, the currents through the two capacitors
must be the same. The voltages at point 2, which is maintained at zero due to the
feedback, thus the voltage across capacitor C , which is also v , is whatever voltage isf out

necessary to produce the current necessary to charge C in accordance with Eq'n. 5.f

Since the currents are equal, and the voltages across the two capacitors, which still
must satisfy Eq'n. 3, are inversely proportional to the capacitances of C and C . Gainf i

of the entire system, for a charge q present at point 1 (and thus across capacitor C toin i

ground) is thus given by

(6)

and, assuming that the charge source produces a constant charge for at least capacitive
loads between limits which include C . (in parallel with parasitic capacitances, ifi

appropriate), produces a low-impedance voltage proportional to input charge as
desired. Once C is selected, C is then selected for desired charge gain for the circuit.i f

If C is selected to be as small as possible for a given charge source, charge time isi

minimized and the effect of nonzero source resistance is minimized as well.1

If the circuit is considered to be a voltage amplifier, driven by a perfect voltage source
rather than a charge source, the gain of the circuit is equal to the ratio of C to C due tof i

the ratio of the impedances of the two capacitors, except that at DC the impedances of
both capacitors are infinite, so the circuit gain is undefined.



If the circuit is considered in terms of operational amplifier circuitry from analog
computation, the circuit is both an integrator and a differentiator of an input voltage,
and performs the operation

(7)

where is a dummy variable and c(0) is a constant term which is set to zero by the
feedback resistor.

5 Real Vs. 'Ideal'

The amplifier circuit in Figure 4 will not work for long with 'real' devices, although it
will work well enough for most purposes except for one. Since there is no DC path in
the loop for the negative input (the 'summing point') the amplifier's DC output will
drift to one of the supply rails and stay that way. Hence the response of this amplifer
cannot extend down to DC. A circuit which provides DC stability is shown in Figure
5, which differs only by addition of feedback resistor R .f

Figure 5: practical Charge Amplifier Circuit

DC gain of the circuit (interpreted to mean output voltage for a constant charge) is
zero, and response falls below gain predicted by Eq'n. 6 when R = 1/2 fC. For thef

circuit we built, using R 1.5M and C = .01 f, the low-frequency 3 dB corner is atf = f

10.6 Hz, which presents no problem with a blast gauge; by a different selection of
amplifier, the response could be extended below 0.1 Hz if needed for seismic
measurement, etc.



6 Response Time and Slew Rate

Real amplifiers have other limitations as well, and operational amplifiers used for
general communications work will not perform well in use as a charge amplifier.
Typical internally-compensated amplifiers have frequency responses to around 1 MHz
at unity gain; the amplifier used for this application (the Élantec EL 2073) has a unity
gain of 400 MHz, and a gain-bandwidth product at any gain of 200 MHz. As a
consequence, gain to a 1 MHz signal is several hundred, assuring that the feedback
circuit necessary for accuracy is stiff enough to act quickly when the input changes
abruptly. A two-volt step on the output when loaded by a 50 output cable and series
resistor responds at a rate of at least 175 V/ s, thus rising fast enough for 40 ns pulses
to be resolved at full amplitude.

7 Line Drivers

The output of the charge amplifier drives a coaxial cable of whatever length is
necessary for the desired system. The coaxial cable acts as a 50 load at any
frequency of interest (at least several hundred MHz) if terminated in a single 50
resistance at the far end, or is infinite in length. For exceptionally long cable runs tilt
equalization may be necessary for frequency flatness, but this is a function of the
cable and not the amplifier. A properly terminated cable does not appear as a
capacitor, only as a resistor. When properly terminated, as any circuit the output
voltage will be exactly one-half the output voltage at the amplifier.

8 Power Supply Considerations

An operational amplifier circuit does not depend on the power supplies which operate
it as references and the absolute voltage on either power supply and the ratio between
the voltages should not matter so long as the output is not saturated and pinned to one
of the supply rails. ln actuality, some power supply feedthrough does affect any
amplifier. For the Élantec EL 2073, power supply rejection is typically 80 dB at DC
and 40 dB at 30 Mhz, so a power supply variation of ±10% at 30 MHz would cause a
±5 mV change in the output voltage, which is about 1% of full scale. Since a power
supply variation as extreme as that described here is unlikely (and unacceptable),
power supply noise should be essentially unreadable.

9 Calibration

While a charge amplifier converts charge to voltage, the actual physical phenomenon
to be measured is not a charge but a pressure, which is measured by stimulation of a



A bar is a single standard atmospheric pressure, around 14.3 pounds per square inch2

absolute [PSIA]. A pascal [Pa] is the preferred metric unit, with atmospheric pressure equal
to 10  Pa.5

transducer to produce charge. Transducers made from polyvinylidene fluoride [PVDF]
produce outputs in accordance with the formula

(8)

where the multiplier and exponent were determined experimentally and p is in
gigapascals [Gpa]. A one square centimeter gauge thus produces an output of about
0.7 C when an excitation pressure of 50 kbar or 5 GPa. Unlike crystals which have2

been used historically PVDF gauges are flat and can be sandwiched between layers of
material and sized to fit space available. Producing a test signal for a transducer and
charge amplifier involves either hitting the gauge connected to the amplifier with a
calibrated hammer or (in the absence of a gauge) supplying a charge from a large
capacitor or a switched low-impedance voltage source. A typical gauge used to
demonstrate a breadboard circuit had a 10 mm active area, and thus produced an2

output of 0.07 C, which produces an output of

into the 0.22 FF load presented by C of the amplifier in Figure 6. Using a 0.1 Fi

feedback capacitor, the output voltage pulse is

If a 50 output resistor and cable load are used, the effective gain would be reduced
by half, to 11 V/ C.

Gain of the amplifier for the AC term of the circuit is

The negative sign is a consequence of the inversion in the amplifier, and to get a
positive output (usually what is desired), the leads of the gauge would be connected so
that the charge output from the gauge is negative.

10 What a Charge Amplifier Is Not

A charge amplifier measures an input charge (or more precisely, as shown, the change
in input charge). A transducer whose reaction to measured stimulus is not an



Transducers called electrets replace the high-impedance high voltage with a3

'permanent' charge, but still produce very high-impedance outputs.

Figure 6: Transducer and Charge Amplifier Test Circuit

appropriate input signal for a charge amplifier circuit. Consider the case of a classic
'condenser microphone' where one of the plates of a charged capacitor is used as a
diaphragm, varying the capacitance of the transducer capacitor in response to the
change in position of the diaphragm. If the charging resistance and voltage are high
the charge does not change appreciably since the average capacitance of the
transducer does not change, but in accordance with Eq'n. 3, if q stays constant and c
varies, the instantaneous voltage across the capacitor varies as well. A
signal-conditioning circuit for such a system is shown in Figure 7.

Figure 7: Variable-Capacitance Transducer Circuit

Due to the high resistances and voltages necessary, the capacitor-based transducer3

circuit does not use the same signal conditioning as a charge source, which appears as
a very low resistance.

11 SNORT Unit



A printed-circuit board with four charge amplifiers and on-card ±6 V regulators wasdc

built for use at the NAWS Supersonic Naval Ordnance Research Track [SNORT] at
China Lake. The board, which measures 6½ x 3" is shown in Figure 8.

Figure 8: Quad Charge Amp and Regulator Board

The board is a two-sided circuit with a large ground plane which acts as a heat sink for
the voltage regulators. While the board could have been made smaller, it was not
necessary to do so for the intended use. The board drives coaxial output lines directly
without external buffer amplifiers.

12 Conclusion

A charge amplifier circuit as described in this paper can be used to measure blast
pressures in the ranges produced by PVDF and similar gauges. The charge amplifier
described produces higher frequency response and more accurate rendition of the
charge profile of the input transducer in a smaller package and a lower cost than
circuits previously used, and produces an output proportional to charge rather than the
integral of charge.
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USING ASICS TO IMPLEMENTA
PROGRAMMABLEDIGITAL FM DEMODULATOR
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ABSTRACT

With the advancement in speed and complexity of Application Specific Integrated
Circuits (ASICs), Digital Signal Processing (DSP) algorithms can now be used to
achieve fully programmable, multiple channel demodulation of Frequency Modulation
(FM) multiplexes. This paper describes the DSP algorithms and ASIC implementation
used in the design of a digital FM demodulator system. Each digital demodulator has
programmable subcarrier frequency demodulation to 4 MHz, programmable digital
output filtering, and tape speed compensation (TSC). The demodulator output is
available in both digital form for direct computer interface and in analog form for
conventional analysis.
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FIR Filtering, Decimation Filtering, Oversample Filtering, Digital Signal Processing

INTRODUCTION

Analog wide-band FM multiplexing and demultiplexing systems have been used
extensively by the data acquisition and telemetry community for measuring
high-frequency data. Wide-band analog tape recorders are still the most efficient way
to store data.

The problem with analog FM instrumentation has always been that it lacks
programmability, requires frequent and lengthy calibration, and continually drifts with
time and temperature. Although digital data measurement techniques, such as
digitization and pulse code modulation (PCM), solve some of problems, they have had
only limited success for wide-band applications. The high data rates require enormous
digital storage capacity and are still a major technological barrier.



DSP algorithms implemented using new ASIC technology can perform all the
multiplexing, demultiplexing, and filtering functions needed to create a digital FM
system, including the benefits of full programmability, crystal accuracy and stability,
and calibration-free operation.

SYSTEM DESIGN FEATURES

The central design goal for the digital FM demodulator is to give the user all the
standard features expected in an analog demodulator, and then make it completely
programmable and calibration-free.

The result is the Digital Frequency Demultiplexes (DFD) system shown in Figure 1.
Utilizing a fully programmable, DSP implemented design approach, the DFD system
directly replaces existing wideband analog FM demultiplexing systems. The
architecture of the DFD is similar to its analog counterpart and includes a front end
section, data demodulators, and a TSC reference demodulator. However, the DSP
implementation provides numerous advantages over the conventional analog system.

Figure 1. DFD System Architecture

Conventional plug-in analog FM demodulators use analog pulse-averaging
demodulators that are prone to drift. They also rely on passive fixed-frequency filters
for channel selection and output filtering. In contrast, the digital FM demodulators are



fully programmable and can perform the entire demodulation process using
programmable DSP algorithms.

The DFD assures frequency accuracy by implementing a synchronous digital pipeline
design based on one extremely stable clock oscillator. Because the DFD employs a
synchronous digital pipeline design, all demodulator outputs are time correlated,
thereby eliminating the effects of bandwidth dependent propagation delay as well as
time and temperature drift.

Each digital demodulator operates independently and employs identical DSP
algorithm circuitry for identical programmability and complete interchangeability.
Each demodulator is independently programmable for a subcarrier frequency from 256
Hz to 4 MHz and deviation range from 6 Hz to 500 kHz. Each demodulator also
provides programmable output filtering to achieve subcarrier/data deviation ratios
from 1 to 512 without any degradation in the signal-to-noise performance —
something not possible in an analog design.

With a 4 MHz input bandwidth capability, the DFD can handle FM multiplex inputs
from the new 4 MHz analog tape recorders as well as real-time inputs from
conventional multiplexers and the DSP implemented Digital Frequency Multiplexer
(DFM) system.

For data analysis, there is no need to add a separate digitizing system to the output of
the demodulator. In addition to the analog outputs (for stripchart and oscilloscope
capability), the DFD provides digital outputs (data, ID, and clock) for direct interface
with data reduction computer systems or for storage on digital tape recorders.

The physical dimensions of the DFD are similar to existing analog FM demultiplexing
systems. The DFD is 8.75 inches high and fits in a 19-inch wide rackmount housing.
Each DFD provides two 4 MHz analog FM multiplex inputs, up to 20 independent
digital data demodulators (packaged two per card), two tape speed compensation
demodulators that can also be used as data demodulators, and a parallel digital output.
A microcontroller in each DFD programs the hardware and handles the user interface.
The DFD system is expandable by adding up to 13 slave DFD subsystems, all
controlled from one of three sources: locally via the master DFD's electroluminescent
(EL) graphic display with infra-red touch screen user interface, or remotely either by
an IBM-PC compatible computer or a by a host computer system using GPIB or
RS-232 computer interface.



DESIGN IMPLEMENTATION DESCRIPTION

The DFD design implementation (Figure 1) is divided into four sections:

1. Analog front end to signal condition and digitize the FM multiplex input.
2. Data channel digital demodulators to provide digital data outputs.
3. Analog reconstruction and conditioning to provide analog outputs.
4. Digital data combiner to provide the parallel data output.

Each of these sections is designed to be completely programmable, in contrast to the
analog approach of turning potentiometers, setting switches, or changing plug-in
modules.

Analog Front End

The analog front end section provides identical circuitry for processing two analog
FM multiplexes with bandwidths up to 4 MHz. Each multiplex is independently signal
conditioned and then digitized to provide a sampled output at 16 MHz. Each
demodulator includes a programmable input selector for choosing the desired
multiplex. Figure 2 shows the front end processing for one multiplex.

Figure 2. Analog Front End

An input amplifier buffers the FM multiplex input and feeds it to a user programmable
de-emphasis filter, which is programmable from 1 kHz to 1 MHz. This one-pole filter
allows the user to shape the amplitude taper of the multiplex input spectrum to correct
for the pre-emphasis performed on the FM multiplex prior to recording on tape. The
de-emphasized filter output is a multiplex spectrum with uniform amplitude level,
which greatly improves the signal-to-noise performance of all channels prior to
digitization.

Next, an automatic gain control (AGC) circuit adjusts the overall amplitude of the data
to achieve the highest signal resolution prior to digitizing the multiplex. The AGC is
designed to provide constant output levels for inputs from 2 mV to 2 V rms.



The anti-aliasing lowpass filter eliminates any frequency terms in the multiplex above
4 MHz. This passive filter provides pre-sample filtering to keep the signal spectrum
below the Nyquist rate of the digital data pipeline in the demodulators.

Lastly, the analog input data is digitized using a 12-bit sampling analog-to-digital
(A/D) converter at a rate of approximately 16 MHz. By sampling at 4 times the
highest input frequency, all multiplex data can be digitized together, thus eliminating
the need for programmable anti-aliasing filters. Any remaining unwanted frequencies
in the digitized multiplex are digitally filtered out by the digital data demodulator.

Digital Data Demodulators

Each data channel demodulator contains a digital data demodulator providing a digital
output, followed by a reconstruction and conditioning circuit for converting the digital
output to an analog output.

The heart of the DFD is the individual digital data demodulator. The FM
demodulation process is a series of DSP hardware mathematic algorithm blocks
(Figure 3). Because of the extremely high bandwidth of the input data, standard DSP
processors (e.g., Texas Instruments TMS320 or Analog Devices 21xx) can not
perform the computations fast enough. The DFD uses both Metraplex proprietary
ASICs and industry supplied Very Large Scale Integrated (VLSI) modules to
implement the DSP functions.

Figure 3. Digital Data Demodulator

The reason the DFD has such a wide programmable range for each of its data
demodulators is the use of independent, ASIC implemented, filter modules for each
channel. ASIC gate array technology allows each filter module to be cost effective as
well as efficiently packaged. Metraplex developed two new DSP algorithm ASICs for
the DFD design, which are joined by previously developed ASICs from the DFM
design. Both new ASICs are digital filter modules performing Finite Impulse



Response (FIR) algorithms. The first ASIC is a unique decimation filter module and
the second ASIC is an oversampling filter module. By creating these fully
synchronous DSP filter modules, no circuitry has to be time-shared between channels.
This allows the DFD to have essentially perfect time correlation between demodulator
channel outputs in the multiplex.

The digital data demodulator design approach in Figure 3 starts with a complex
frequency translation of the desired input channel. This translates the desired channel
center frequency down to where the demodulated output is centered around DC or 0
Hz. The classical deviation bandpass filter is eliminated because the desired channel
can be extracted from the translated multiplex using a digital lowpass filter.

The complex frequency translation is performed using a Metraplex developed ASIC.
The ASIC is programmed to the center frequency of the desired channel and generates
two waveforms in perfect quadrature (sine and cosine). The digitized FM multiplex is
then multiplied by both the real (sine) and imaginary (cosine) portions of the
waveform to produce the sum and difference frequency terms of the multiplex with
respect to the user programmed center frequency. Since both the real and imaginary
data travel through the ASIC pipelines in parallel, there are an identical number of
register delays in each path to maintain perfect time correlation of the two waveforms.

The next stage the demodulator eliminates all unwanted sum and difference frequency
terms from the frequency translated multiplex. The first stage of this digital filtering
process is the decimation filter, which passes only the data from DC to one-half the
Nyquist sample rate. In order to meet the desired wide-band frequency response for
each demodulator, a multiple half-band decimation FIR filter was implemented in the
Metraplex ASIC. According to the Nyquist sampling theorem, the output of a half-
band decimation filter can be resampled at half the original rate without losing any
information and causing any aliasing of the input data.

The ASIC decimation filter allows the output decimated data to be fed back into the
same half-band filter to be further decimated. This is accomplished by designing the
ASIC so that the calculation of the first decimation process takes less than half the
decimated sample time. The other half of the available time is used to process a
decimation filtering of a higher order. The partial decimation filtered values are stored
within the ASIC and controlled by a state machine that determines the appropriate
time slot to feedback the partial decimation filter value. The total number of
decimations depends on the programmed deviation bandwidth of the channel being
demodulated. The decimation filter serves as a preliminary deviation lowpass filter
stage, but more importantly, it slows down the digital pipeline clock to allow use of a
precision FIR filter as a deviation input filter.



Tape speed compensation (TSC) may be applied to the decimated data prior to the
input filter. The output of the TSC demodulator (which is identical to a data
demodulator) is used to frequency shift the data demodulator output to compensate for
variations in the tape speed during playback of the analog tape recorder. This process
is performed using standard VLSI multiplying modules.

Now the real and imaginary pipeline digital data are prepared for the final stage of the
deviation input filter. The final stage is another FIR filter with a programmable
lowpass cutoff frequency. The DFD microcontroller calculates the filter coefficients
using a modified Remez Exchange algorithm from the user entered deviation
bandwidth data, and then downloads the filter coefficients to the demodulator
hardware. The FIR input filter uses a multiply accumulator VLSI module to perform
the digital filtering. The input filter coefficients are optimized to prevent harmonic
distortion terms from increasing as the deviation ratio is reduced to one. This is not
possible with traditional analog bandpass input filters.

After the input filter, the data passes through a frequency-to-phase converter and then
through a phase-to-amplitude converter. The first uses the ratio of the real and
imaginary filtered data to convert from the frequency domain to the phase domain by
comparing the phase relationship of the quadrature terms. The second converts data
from phase domain to the amplitude domain by multiplying the digital data by a scalar
value calculated from the user programmed deviation of the channel. Final TSC gain
correction is performed on the deviation scalar prior to multiplying the scalar against
the phase data.

Finally, the digital pipeline data passes through a digital output filter consisting of
another Metraplex decimation filter ASIC and user programmable FIR filter. The
decimation filter allows the user to program deviation ratios from 1 to 512. Again, the
pipeline data with be decimated to a rate where the output FIR filter can have
maximum performance.

The user has the choice of two different modes of response for the digital output filter
(Figure 4). Both modes are FIR constant amplitude, constant delay digital filters. The
coefficients for one filter mode are optimized for AC performance and provide a
response that is -0.1 dB at cutoff and -60.0 dB at 2.0 times cutoff. This filter mode
removes all distortion terms generated in the frequency to amplitude conversion.

The coefficients for the other filter mode are optimized for transient or step response
performance and provide a response that is -3.0 dB at cutoff and -60 dB at 2.5 to 3.0
times cutoff. This filter mode removes the unwanted overshoot terms on step response



input data. The DFD microcontroller calculates the coefficients for the desired output
filter mode and downloads them to the demodulator hardware.

a. AC optimized filter response B. Transient optimized filter response

Figure 4. Step Response Comparison of Digital FIR Output Filters

Analog Reconstruction and Conditioning

The analog reconstruction process (Figure 5) must accommodate different sample
rates. Digital pipeline output filtered data in each digital demodulator may be running
at a different sample rate, depending on the number of decimations needed to achieve
the required channel deviation and output filtering. In order to avoid designing
switchable analog reconstruction filters, Metraplex developed another proprietary
ASIC that performs an oversampling or digital interpolation of the pipeline digital
data to speed up the sample rate of the digital data pipeline. This oversampling filter is
the reverse of the decimation filter. Instead of feeding back each decimation to reduce
the number of output samples, the oversampling filter uses interpolation to increase
the number of output samples. To perform the different levels of interpolation, the
input data is convolved with the appropriate number of coefficients from the same
impulse response. This technique allows the amount of interpolation to be directly
related to the number of coefficients stored. The DFD oversamples all digital
demodulators to obtain the same output sample rate.

Analog reconstruction is performed using a 12-bit, high speed, digital-to-analog (D/A)
converter running at a sample rate that is synchronous to the pipeline system clock. A
lowpass reconstruction filter after the D/A removes the digital pipeline clock and
associated digital sampling terms caused during the analog reconstruction of the



demodulator output. This reconstruction filter has a passband from DC to 500 kHz and
covers the entire output frequency bandwidth of each demodulator.

Figure 5. Analog Reconstruction and Conditioning

Finally, the reconstructed demodulator data is passed through an analog multiplier
with scaling factor that allows the user to program the overall maximum output level.
A unipolar to bipolar converter provides a summing junction with reference voltage
for the user to select unipolar or bipolar analog outputs, as well as positive-going or
negative-going unipolar outputs.

Digital Data Combiner

The digital output of each digital demodulator is available in two forms, parallel by
subsystem or serial by individual demodulator. First, each demodulator individually
outputs 16-bit serial data, with clock and most significant bit strobe on an output
connector on each card. The outputs of all the demodulators in one subsystem may
also be combined together using the combiner shown in Figure 1. This combined
digital output provides 16-bit parallel data, with 8-bit channel ID, 24-bit time tag, and
data clock. The format of the combiner output is set up by the DFD microcontroller
and the output format can be displayed on the front panel. The DFD microcontroller
calculates the most efficient output format using the different sampling rates for each
channel. Individual digital outputs can be easily handled by common computer
interfaces available at the data reduction facilities.

SUMMARY

With the development of DSP algorithms and ASIC modules used in the DFD, the
realization of a fully programmable, driftless FM digital demultiplexing data
acquisition system has occurred. There is no longer a need to use antiquated plug-in
analog FM demodulator systems or to use bandwidth restricted direct digital storage
techniques for wide-band data acquisition measurements.

The Metraplex family of ASIC DSP modules can also be used for many other
applications in the data acquisition and communication community. These technical
building blocks can be used to create future DSP algorithm based instruments in the



filtering and sampling arena as well as providing different types of modulation and
demodulation instruments for the test and telemetry community.
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PRE-DETECTIONCONVERTERS FOR TAPE RECORDERS
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ABSTRACT

RF and IF signals must be down-converted to lower frequencies to allow storage on
tape. Pre-Detection converters avoid signal distortion created in later receiver stages,
however should not add noise and distortion with their conversion process.

KEY WORDS

Imageless Mixer, Converter, Pre-Detection

INTRODUCTION

Frequency conversion in receivers for purposes of frequency selection and to enable
demodulation of the encoded information is achieved through superheterodyne
techniques. The carrier frequency is converted to an intermediate frequency (IF) by
mixing it with a local oscillator (LO) frequency. LO frequencies and IF frequencies
must be selected to ensure that the converted IF frequencies are sufficiently separated
from the RF and LO frequencies such that the IF can conveniently be filtered to
remove any RF and LO components. Any residual LO and RF components will result
in signal distortion (degradation of the encoded information).

Further conversion to frequencies suitable for recording on magnetic tape must also
ensure that conversion LO, RF and IF image signals do not affect the converted
output. Selection of suitable frequencies for the conversion process can be difficult, if
not impossible.

A superior method of down-conversion to tape suitable frequencies is necessary to
provide noise-free signals. A circuit topology well suited for this application is called
an imageless mixer. An imageless mixer can convert the IF signal to baseband while
preserving nearly 100% of the IF bandwidth, and providing excellent amplitude and
group delay responses that preserve the characteristics of the original IF signal.



SUPERHETERODYNECONVERSION

A straightforward conversion from the IF to Tape frequency is not generally an
advisable circuit topology, due to image fold-over noise. As a typical illustration, refer
to the receiver block diagram shown on Figure 1-1.

Figure 1-1. Receiver/Pre-D Converter, Block Diagram

A Pre-Detection ("Pre-D") converter is normally connected to the receiver at the
earliest practical point to avoid the possibility of signal loss due to receiver failures, or
signal characteristic loss due to receiver distortion. If the Pre-D converter were
connected to the 2nd IF output shown on Figure 1-1, the signal would be processed
through the receiver IF filter on record and once again on playback. Two trips through
the narrow filter cause increased signal distortion.

IMAGE FREQUENCY

A simplistic design for conversion of a 160 MHz IF signal to a baseband signal is
shown on Figure 1-2. The inherent problem with this scheme is that the circuit has no
practical way to reject the image foldover noise. When the image noise is not rejected,
the noise of the receiving system is increased by 3 dB and a "0 dB" spurious response
instability is created. Both of these characteristics are very undesirable.

For the purpose of illustrating the undesirable characteristics of the simplistic design,
let signals on the high side of the LO from 159 MHz + 10 kHz to 159 MHz + 2 MHz
be the desired IF signals. The signals below the LO from 159 MHz - 10 kHz to 159
MHz - 2 MHz are then the undesired or image signals. Unfortunately for this



topology, the mixer responds equally well to signals on either side of the LO. The
image signals should be rejected, otherwise the so-called image "fold-over" noise will
increase the receiving system noise figure by 3 dB. Increasing the system noise figure
can be a very harmful result, but even worse is a "0 dB" spurious response to signals
in the image band. That is, the mixer responds equally well to both desired and
undesired signals, providing a 0 dB amplitude difference between the signals.

Figure 1-2. Simple Converter, Block Diagram

Changing bandpass filter characteristics on Figure 1-2 is not considered to be an
effective way to eliminate image signals because of the extreme shape factor required
to reject the image. The shape factor is 1.01 from the 3 dB bandpass to the 30 dB
rejection bandwidth. Constructing such a filter is not a very practical solution. Using a
suitable bandpass filter in this scheme can be made to work, but the output signal
bandwidth must be decreased considerably, contributing to signal distortion. However,
there is no good reason to use a variation of this simplistic design because of the
availability of imageless mixers.

IMAGELESSMIXER

Figure 1-3 shows a typical imageless mixer scheme used to Pre-D convert IF signals.
The circuit uses the and quadrature phase splitters/summers to provide a feature1 3

unique to imageless mixers. The IF signals from M and M that are above the LO at1 2

159 MHz are combined at the mixer output. The signals below the LO are rejected.
This is shown on Figure 1-3 as a signal vector or phase diagram.



Figure 1-3. Typical Imageless Mixer, Block Diagram

To show this mathematically we inject two signals, P and Q, that are 1 MHz above
and 1 MHz below the LO frequency respectively so that the composite signal at the
converter input may be expressed as:

Since splitter is a quadrature splitter, the output to mixer M will be e as above and1 1 t

the output to mixer M will be delayed by 90 degrees, so that the output of the two2

mixers after mixing with the LO will be..
These two equations may be expanded to:



Since we are only concerned with base band frequencies and all mixer products that
are above 2 MHz will be removed at a later stage by low pass filtering we can
eliminate the higher frequency terms from the above two equations to yield:

Adding the two mixer outputs in quadrature summer will give us the imageless3

mixer output:

e = 2P cos tot p

where
e = the instantaneous voltage at the output of the imageless mixer at time tot

It is clear that the Q signal that was below the LO frequency has been canceled out by
the final summer. Although two single signals were used to demonstrate the imageless
mixer function, the above would apply to the general case where any signal (or noise)
that is below the LO frequency would be removed from the output.

One major technical problem is maintaining quadrature balance and amplitude over a
200-to-1 output frequency ratio. This is done to the extent that the image is rejected by
more than 1,000-to-1 (30 dB). A rejection of 30 dB is equivalent to an increase in the
noise figure of less than 0.004 dB. Another potential technical problem is that the 3

summer introduces a time delay error. This can be corrected by a time delay equalizer.
A frequency response variation of less than 1 dB and a time delay variation of less
than 200 nsec are realizable in the 2 MHz bandwidth of the circuit shown on
Figure 1-3.

The receiver IF input to the Pre-D converter is generally at a very early stage of the
receiving system. Therefore, the converter typically provides its own AGC capable of
operating over a range of approximately 70 dB.

The other half of the pre-detection problem is to convert the tape playback signal back
up to the receiver IF frequency. In this case the undesired mixer product must be
rejected. This is accomplished by rearranging the components shown on Figure 1-3.
The undesired mixer products are rejected by an imageless mixer, but the problems



associated with the simplistic design remain when the components on Figure 1-2 are
rearranged.

CONCLUSION

APCOM makes wideband pre-detection converters using the imageless mixer circuit
topology. The imageless mixer is a good complexity/performance compromise since it
is very flexible with regard to different IF signal and IF bandwidth requirements. The
imageless mixer provides excellent amplitude and group-delay responses. At this
time, APCOM is routinely producing converters with ±90% (of the output center
frequency) amplitude bandwidth (the "data bandwidth") and ±80% group delay
compensated data bandwidth.

The group delay variation is typically less than ±100 nsec divided by the output center
frequency in MHz, i. e. , for a 1 MHz output center frequency, the typical group delay
variation is less than ±100 nsec. Data bandwidths of 8 kHz up to 100 MHz are in
production at this time. In the future, APCOM intends to expand the amplitude
bandwidth to +100%/-99% of the output center frequency and the compensated group
delay bandwidth to ±90% of the data bandwidth.
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Abstract

Unlike conventional pre- or postdetection digital signal combining approaches, the
Digital Baseband Symbol Combiner (DBSC) utilizes detected baseband symbol metrics
from the individual antenna-receiver system symbol synchronizers as inputs to the
combining process. Additionally, symbol timing from the individual synchronizers is
used to aid the DBSC perform closed-loop tracking and doppler rate compensation.
The DBSC can be shown to provide an equivalent signal-to-noise ratio (SNR)
improvement as the conventional approaches when the individual antenna-receiver
system noise is characterized as gaussian and resulting symbol metrics are considered
statistically independent. This paper discusses the theoretical approach to a proposed
symbol combining technique which would provide near optimum real-time data in
support of the NASA Space Shuttle Orbiter ascent-phase operations at the Merritt
Island complex, Kennedy Space Center, Florida.

Discussion

It can be shown that space, frequency, polarization, and other forms of diversity
combining can offer increased SNRs, which result in improved bit error probabilities.
However, diversity combining requires complete knowledge of the overall system
delays and noise characterization to be effective. Implementation of exact phase
and/or bit delays can be quite challenging with existing analog technologies. The
following paragraphs suggest a digital implementation of spatial diversity which can
be shown to be equivalent in terms of obtainable SNR performance with existing
combining approaches. Spatial or space diversity uses M antennas sufficiently
separated spatially, thus observables from each antenna can be considered as
independent random processes. The M independent random variables obtained from
these processes can then be combined in such a way as to produce a single decision
with improved bit error performance.



Digital Baseband Signal Combining Process

Maximum-Likelihood Estimator

Let us assume we have as an input to our decision process signals originating from M
spatially spaced antenna-receiver subsystems. In addition, each signal has been
previously conditioned by a symbol synchronizer before our combining process. We
also assume the k transmitted symbol is to be presented to the combiner by allth

subsystems simultaneously. This constraint removes any path delays and or doppler
effects from consideration, at least for the moment. The question before us is knowing
the statistics of the noise and the nature of the signals, how should one choose an
estimation strategy among all competing strategies so as to render decisions with a
minimum probability of error.

Here we choose the maximum-likelihood estimator (MLE) which not only provides us
with an estimation strategy, but has the properties of being unbiased, sufficient and
efficient. The MLE for our purposed signal combiner can be shown to have the form

In the above expression, L is the combiner output statistic, is the rms noise variance,i

and x is the symbol synchronizer's matched filter; i.e., the correlator output signali

estimate. In order to emulate this estimator, each symbol synchronizer must provide
not only an estimate of the contaminated signal x , but also an estimate of the power ofi

the noise contaminate. Together these estimates provide not only the binary decision
on the current symbol (the sign of the magnitude of the signal estimate), but an
indication of the SNR at the output of the synchronizer. The SNR from each
synchronizer provides the required weighting; i.e., measure of confidence with each
binary decision. It is constructive to note that the statistic L could have been written as



Here the binary decision is expressed as the sign(x ). This form of the statistic L isi

more representative of the combining process. For example, using the above
representation of L, consider what happens when each of the M inputs have equal
SNRs. Thus the SNR can be factored out of the expression, and the decision based
solely on the sum of the sign(X ). Here, our decision is simply a majority rule, wherei

each synchronizer vote is simply the sign(X ).i

For an additive white gaussian noise (AWGN) channel the logarithm of the likelihood
function utilized to partition the decision regions for binary symbol recovery can be
shown to be of the form

As defined above, the statistic G, commonly called the metric, is a gaussian random
variable with mean, 4E /N, and variance, 8E /N. The matched filter (i.e.; the correlators s

output of a symbol synchronizer) can be characterized with the following parameters

Where S represents the correlator output, x and y are as defined above. Additionally,i i

the relationship that exists between the likelihood function and that of the matched
filter utilized by our symbol synchronizer substantiates its optimum performance in
the sense of minimizing the probability of error. If we were to form a new variable Z
representing the ratio of expected value to variance of either random variable S or G,
the resulting expected value would be the same, namely,

From this expression, we can see that the value provided by the symbol synchronizer
is just the signed decision weighted by the inverse of the noise power. The probability
of error for the combiner MLE, given a AWGN channel with m inputs, is



In this expression, the sum of the 's is the signal-to-noise improvement since thisk

will always be greater than one. The maximum improvement attainable is noted with
equal noise powers, since the sum of the 's equals its maximum value, m. However,k

we note that no matter how small the SNRs are for the input channels, the combiner
output can be no worse than the largest SNR input.

Note, in both formulations of the statistic L, we assumed an AWGN channel. By using
an optimum set of transition probabilities, one can map an AWGN channel to a
discrete memoryless channel, DMC. In general, decisions based on these mappings are
not optimum. However, when enough discrete levels are used, decisions based on the
DMC can be shown to approach that of the optimum in a probabilistic sense. The
measure of confidence displayed with each decision is accomplished by soft
quantization provided by each symbol synchronizer. Traditionally, symbol
synchronizers developed with soft quantizing (soft decision) outputs are used on coded
channels to improve the error correctability of the decoder.

Acquisition and Tracking

In this combining approach we use an active correlation process to perform alignment
for symbol acquisition and signature validation. When processing more than two
symbol synchronizer inputs, a majority rule process can be employed to insure the
signatures for the most part are from the same vehicle or target. However, before the
individual signatures can be compared with one another, they must be aligned to
account for system propagation delays and the effects due to doppler. Each individual
symbol synchronizer, autonomously recovers the symbol values transmitted by the
vehicle of interest as well as a timing estimate. After a pre-assigned number of
symbols are obtained, the recovered symbol sequence enters a variable length buffer
and the active correlation process begins. This pre-assigned number is a function of
the maximum propagation delay given all combiner input sequences. The correlation
process compares the combined output sequence with each newly acquired input.
Once the sequence is aligned and its signature validated, the newly acquired sequence
can be employed by the combiner to assist with subsequent symbol decision.



The probability of acquisition in some fixed number of time units is a function of the
designed false alarm and detection probabilities. Clearly, these probabilities are
directly related to the individual antenna-receiver subsystem SNR, which is
responsible for the correlation loss experienced. Our goal is to design a procedure that
provides opium acquisition and re-acquisition tunes given symbol sequences for each
combiner input. The cost or risk involved, is a degraded combiner performance which
results when the input symbol error rates are increased. This in turn influences our
ability to predict with some degree of confidence, that sequences are in fact aligned
and belong to the same source. The probability of detecting an aligned pair of
sequences of length N can be written as

The probability of detection is accepting the hypothesis that the correlation value is
greater than some fixed value L. We will attempt to address the effect of correlation
loss due to symbol errors in the discussion that follows.

The autocorrelation value (j), given a symbol sequence a , is defined asn

Let's assume that one of the input sequences to the correlation process has a symbol
error probability of R and the combiner reference symbol error probability is S. The
resultant symbol error probability which effects the correlation value, is R+S-2RS. RS
is the probability of simultaneous symbol errors effecting the same symbol position.
These errors do not change the correlation value. Given the input sources are modeled
as AWGN channels, the following expressions describe R and S.



The implementation of the combiner correlation process is described by some value
D(j)=N-k; i.e.; the correlation value D(j) is the number of symbols in agreement.
When operating in a noiseless environment and j=0, D(0)=N. We are now able to
define detection and false alarm probabilities.

The detection probability given the sequences are aligned (i.e.; j=0), and the combined
channel error probability p, is just the probability that the number of combined errors
is less than L. This representation can be modeled as a binomial distribution

However, in order to minimizes the false alarm probability, we need to choose L such
that N-L > N-k. If this were not the case, we would always declare our sequences
aligned regardless of the value j. Thus, N-L > N-k implies L < k. Additionally, when
the total number of errors effecting the correlation process is less than k-L (i.e., Np <
k-L) then Pr[D(j) > N-L]=0. In this case, no false alarms are ever generated. Before
considering the case when Np > k-L, we need to introduce a probability distribution
which will help analyze this case. Consider the problem of computing the probability
of finding x type k's in a sample size n, from a population N, where the number of type
k's in the population is k, and the number of non-type k's is N-k. To compute this
probability we define the discrete Hypergeometric distribution

Recall from the discussion above that errors that effect one channel, which occur in
positions that disagree (type k), are modified and increase the value of D(j)
accordingly while errors which occur in positions that agree (type N-k), decrease the
value of D(j). The Hypergeometric distribution can be used to select the n=Np error
locations where m are of type k and Np-m are of type N-k. We now wish to find that



value of x for which the smallest number of type k's will result in a positive false
alarm probability, i.e.;

The Hypergeometric distribution can be approximated by the Poisson distribution for
large k and small Np.

By simultaneously solving for L, we will be able to choose an optimizing value such
that we permit detection of alignment and reject the detection hypothesis when
operating in both high correlation and low SNR environments.

Rate Compensation

As mentioned in the above paragraphs, the derived timing from each of the symbol
synchronizers provides the source timing for capturing symbol estimates. These
estimates are placed in individual variable length buffers to compensate for vehicle
doppler and propagation delays between receiver subsystems. During an active track,
the vehicle doppler is non-zero, thus timing estimates from the symbols synchronizers
are not equal. An initial delay provided during signal acquisition and a means of
doppler rate compensation must be provided by the combiner to prevent the variable
buffers from underflowing or overflowing. We search for an optimum means, in the
sense of minimizing buffer size, by which to manage the rate at which symbols are
processed by the combiner, given M non-coherent inputs. Let N represent the numberi

of symbols which the i synchronizer places in the variable length buffer during someth

fixed tune interval while N denotes the number of symbols obtained by the combiningo

process from each buffer during that same interval. Mathematically we can represent
this process by

= N1 + N + ,+ N where denotes the total size of the M buffer lengths.2 M

We note that the number of symbols per unit of time is frequency and the derivative of
the total size can be obtained by subtracting MN from the right side of the expression.o



This new expression can be interpreted as a change in total size with respect to
time;i.e.,

This expression can be set equal to zero and solved to provided the optimum output
rate. Thus

where the optimum output is the arithmetic mean of the input rates.

Conclusion

We noted at the end of the development of the MLE, that regardless of the input
SNRs, the combiner output would be no worse than the best input. We add this word
of caution concerning the use of traditional symbol synchronizer quantized metrics.
Traditional synchronizer metrics are formed with the rms noise power substituted for
noise variance in symbol descisions weighted by the signal-to-noise estimates. The
resultant combiner performance using this sub-optimum statistic only approaches that
which we described when operating in a high SNR environment.

During our discussion concerning acquisition, we addressed correlation loss due to
random errors resulting from the processing of a noise corrupted signal. However, due
to physical constraints when implementing the correlation algorithm, the length of the
sequences which can be processed for a given sample will undoubtedly be much less
than the actual data sequence periodicity, This will result in the accumulation or
averaging of partial sequence correlation values. This problem is identical to that
treated in the analysis of spread spectrum correlation loss which occurs when the
integration time is less than the pseudorandom spreading code length.

Having a priori knowledge of the target location and antenna propagation delay,
permits the alignment process to begin searching in the most probable symbol
positions first. Adding this modification to the proposed acquisition scenario
decreases the mean acquisition time.

Our theoretical development of the MLE indicates a realization of up to 10 log M dB
SNR improvement, when combining M antennas. Experimental results obtained in a
laboratory environment have validated the arguments presented. However, the
acquisition results obtained when the false alarm probability is not identically zero,



are not as conclusive. Further work is required to obtain operational correlation
parameters, which will support least favorable configuration combiner evaluation,
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* Data recorded by the airborne system, from various sources, are multiplexed by a central
multiplexer.  For a description of the data acquisition system, see the paper titled: NEW
BOEING FLIGHT TEST DATA ACQUISITION SYSTEMS, authored by Lee H. Eccles and
Lawrence A. Malchodi and published in the ITC Proceedings 1991.
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ABSTRACT

This paper describes the recently developed Loral Instrumentation ground-based
equipment used to select and process post-flight test data from the Boeing 777
airplane as it is played back from a digital tape recorder (e.g., the Ampex DCRSi II) at
very high speeds. Gigabytes (GB) of data, stored on recorder cassettes in the Boeing
777 during flight testing, are played back on the ground at a 15-30 MB/sec rate into
ten multiplexed Loral Instrumentation System 500 Model 550s for high-speed
decoding, processing, time correlation, and subsequent storage or distribution*. The
ten Loral 550s are multiplexed for independent data path processing from ten separate
tape sources simultaneously. This system features a parallel multiplexed configuration
that allows Boeing to perform critical 777 flight test processing at unprecedented
speeds. Boeing calls this system the Parallel Multiplexed Processing Data (PMPD)
System.

The key advantage of the ground station's design is that Boeing engineers can add
their own application-specific control and setup software. The Loral 550 VMEbus
allows Boeing to add VME modules when needed, ensuring system growth with the
addition of other LI-developed products, Boeing-developed products or purchased
VME modules. With hundreds of third-party VME modules available, system
expansion is unlimited.



** For a complete description of the 24-bit format, see the paper titled: 24-BIT FLIGHT
TEST DATA RECORDING FORMAT, authored by H. L. MILLS and K. D. TURVER
and published in the ITC Proceedings 1991.

The final system has the capability to input data at 15 MB/sec. The present aggregate
throughput capability of all ten 24-bit Decoders is 150 MB/sec from ten separate tape
sources. A 24-bit Decoder was designed to support the 30 MB/sec DCRSi III so that
the system can eventually support a total aggregate throughput of 300 MB/sec.
Clearly, such high data selection, rejection, and processing will significantly
accelerate flight certification and production testing of today's state-of-the-art aircraft.

This system was supplied with low level software interfaces such that the customer
would develop their own applications specific code and displays. The Loral 550 lends
itself to this kind of applications due to its VME chassis, VxWorks operating system
and the modularity of the software.

BACKGROUND

The 24-bit format was developed by Boeing in order to record digital data on
recorders from multiple time correlated sources within the Boeing 777 airplane during
flight testing**. The data from all of the various sources are multiplexed on board the
airplane into 24-bit formats. The 24-bit format contains data from the ARINC 429 bus,
ARINC 629 bus, analog sources, discrete digital data and time data. The 24-bit format
is a framed packet format that can have data from 64 sources contained inside it. The
time accuracy is 10 microseconds with the resolution being 1 microseconds (minor
time). The format allows faster than real-time playback in the Loral 550 ground-based
PMPD System. The total possible data word configurations inside the format is about
2,097,152,000. The decoder circuitry designed into the 24-bit decoder board uses the
latest integrated circuit technology and a combination of staged RAM and state
machines for rapid synchronization, selection and rejection. The density and speeds
achieved were not possible until recent advances in chip densities became available.

PMPD SYSTEM CONFIGURATION OVERVIEW

The Parallel Multiplexed Processing Data (PMPD) System is a post flight data
retrieval system for Boeing's Test Data Retrieval System (TDRS). Two separate, but
independent, PMPD systems are included in the TDRS to support post flight data
processing (Figure 1). Each PMPD system configuration includes a Control Computer
(DEC workstation 5500), an operator interface (DEC 5000/25), acquisition equipment
(four Loral Instrumentation System 500 Model 550 units), four Exabyte tape devices
to input PADDS II data, two DCRSi tape devices to input certification data, and four
3480 tape devices for data output.



Figure 1. PMPD System, with Reference to Other TDRS Systems

The Control Computers provide overall operation of each PMPD system respectively.
They communicate with the Job Distributor (JD) and each Loral 550 within its
respective PMPD system via the network. The JD prepares and distributes job control
files to the Control Computers. The Control Computers then create and download
binary images to each of the Loral 550s.

The Control Computers communicate with the Loral 550 via the Ethernet Local Area
Network (LAN) for command, control, status, and setups. The Control Computers use
standard TCP/IP protocol for Ethernet communication, NFS (Network File System)
for setup and loading of databases, RPC (Remote Procedure Calls) for all commands
to the Loral 550s, and standard ULTRIX interprocess communication utilities for



status communication from the Loral 550s. The Control Computers can also acquire
acquisition data as required and have software installed to communicate with the Job
Distributor, using standard commands. Compilers are installed for processing
algorithms developed in "C" or Assembly. The operating system for the Loral 550 and
the object code for the device drivers are downloaded automatically at power-up.

The acquisition equipment in each PMPD system uses four Loral 550s for processing
post flight test data. Each Loral 550 is configured identically to provide each PMPD
system with four independent data processing paths (550 Data Paths). Each Loral 550
chassis has a System Controller, an Ethernet Processor, a 24-Bit Decoder, an
Arbiter/Analyzer, two Field Programmable Processors (FPP), and two SCSI
Controller modules.

LORAL 550 DATA PATH

Each Loral 550 Data Path supports acquisition of high speed data from DCRSi tape
drives and from Exabyte tape drives; processing selected data in real-time using
industry standard and customer-developed algorithms and storing the processed (or
raw) data onto 3480 cartridge tapes for analysis. Data enters the Loral 550 vi a the
24-Bit Decoder (Figure 2) directly from the DCRSi or from the Exabyte via the SCSI
VME interface. From the Decoder, data flows onto the MUXbus II where it is
captured by the FPPs and then passed on to the 3480 SCSI interface. From the 3480
SCSI interface, data flows into the 3480 tape storage. Data can also be written or
recorded onto the DCRSi or Exabyte tapes. This record capability is very useful in
developing test tapes.

Each Loral 550 Data Path is connected to the LAN, which is used to pass setup
information from the Job Distributor and the Control Computers, and to pass status
information from the 550s.

The Loral 550 chassis design utilizes a distributed architecture that allows the data
input to the system (from either DCRSi or Exabyte) to be routed through the 550s to
the 3480 cartridge tape drives in a very efficient manner; no processing element in the
system experiences bottleneck problems, which could result in the loss of data, or
repeatability variances commonly associated with traditional host-based data retrieval
systems. Each Loral 550 contains its own local real-time operating system
(VxWorks—which runs independently on each 550 chassis), power supply, and
connector panel. This redundancy approach ensures that if a 550 chassis should fail
due to an unexpected event, the rest of the system will continue to operate
undisturbed.



The Arbiter/Analyzer Module performs several functions associated with the
MUXbus operation, but its primary function is MUXbus arbitration to ensure that all
modules (MUXbus) have equal access to the MUXbus. It generates all the clocks
required to broadcast data from output modules onto the bus, and the clocks required
by input modules for decoding the tag, and for writing the data into their input FIFOs.
The arbiter will guarantee a worst-case access time to the MUXbus II, which easily
allows the 24-Bit Decoder module to support Boeing's highest speed input
requirement of 15 MB/sec of data to the MUXbus II. Sustained throughput of the
MUXbus II is 96 MB/sec (Tag and Data) and 64 MB/sec (Data only).

Figure 2. Detail of One Data Path

Certain modules (MUXbus) in the Loral 550 Data Path may place data onto the
MUXbus II whenever an Arbiter request is granted to that module, which occurs at a
data driven rate. The Arbiter/Analyzer module polls each of the input modules for data
at a constant rate (16MHz). For applications such as Boeing's PMPD, where the
24-Bit Decoder module's maximum input rate (15MB/sec) can easily overwhelm the
output data rate capacity (3 MB/second for the 3480 cartridge tape drive), flow control
will be enacted to throttle the 24-Bit Decoder module's serving of the Arbiter's
requests. Thus, the 24-Bit Decoder module will burst data at a rate of 15MB/sec until
flow control is asserted, at which time the DCRSi tape drive will temporarily cease to
output data. After flow control is released and the output tape drive is ready to accept
data again, the DCRSi drive will begin to output data to the 24-Bit Decoder module.



Flow control is a standard feature of the Loral 550, which allows any functional
element to temporarily suspend data until the element can complete its extended
operation. This permits an operation occurring in a serial path (such as the final output
to 3480 cartridge tape) to act as the throttle control, ensuring that the operation is not
saturated with data.

The System Controller module sets up and controls the real-time modules via the
VMEbus and directs moderate-speed VMEbus I/O modules, such as Ethernet and
SCSI controllers. It also incorporates several lower speed I/O ports for a SCSI bus,
four RS-232 devices, and a parallel printer. This is a standard commercial
off-the-shelf 6U VME module which includes 4 MB of dynamic RAM (expandable to
16 MB) with optional 2 MB EPROM and a floating point unit. The heart of the
System Controller is a 33 MHz Motorola 68030 microprocessor utilizing Wind River
Systems' real-time VxWorks Executive.

The Ethernet Processor module links the Loral 550s to the Ethernet LAN for receiving
and sending real-time data. It connects to standard "thinwire" via a "thickwire"
transceiver mounted inside the chassis on the rear panel bulkhead. This module
incorporates its own 10 MHz Motorola 68010 microprocessor to offload the System
Controller. It employs industry-standard TCP/IP protocol to communicate with other
network resources and the UDP protocol to distribute data without confirmation of
receipt, which is typically used for display-only applications.

There are two SCSI controller modules (Figure 3): one provides the interface between
the Exabyte tape drive and the Decoder, via the VMEbus, and the other provides the
interface between the FPPs and the 3480 tape device. The SCSI modules will support
up to 32-bit-wide transfers via the VMEbus. This feature is used to DMA data from
the Exabyte tape drive to RAM on the 24-Bit Decoder. The Decoder will then frame
sync and select parameters.

The PMPD systems receive certification input data from the DCRSi tape devices and
PADDS II input data from the Exabyte tape devices. The DCRSi outputs are
daisy-chained (Figure 1) to each of the four 24-Bit Decoder modules within each
PMPD System. This daisy-chaining distributes the certification data between the four
Loral 550s. Each Decoder module has two DCRSi input ports, one for each DCRSi
tape drive. PADDS II data is read from the Exabyte tape devices to the SCSI
controller, which transfers the data directly to the Decoder module via the VMEbus.



24-BIT DECODER

The 24-Bit Decoder module performs two major functions: decoding and simulation.
In the decoder role, the module decodes input data streams received via high-speed
tape devices (DCRSi and/or Exabyte) and outputs processed tagged data to the
MUXbus II for FPP module processing and output to the 3480 tape drive. The 24-Bit
Decoder processes on 24-bit-wide data words after word synchronization is
established. 24-Bit Decoder processing is determined by the source and function bits
(Figure 4). The source bits identify 64 sources with source 0 used to identify special
functions. Various 24-Bit Decoder hardware sequences occur depending on the value
of the type bits. The 24-Bit Decoder maintains information for each of the 64 sources
in a "current string status array" comprised of high-speed RAMs. This array contains
various processing information such as stream synchronization status, a pointer to the
current string being processed, the current string data count and other status
information. This array is immediately accessed by the source bits after a 24-bit word
is received. The 24-Bit Decoder is designed to process strings from different sources
intermixed in the data stream.

Figure 3. DCRSi and SCSI Device Data Inputs with Loral 550 Data Path

Figure 4. 24-Bit Format

In its simulation role, the module provides simulation of DCRSi multiplexed stream
data for testing the processing data path through the PMPD system. The 24-Bit
Decoder module provides for simulation of DCRSi multiplexed stream data. The
simulator is implemented in programmable FIFO and can support up to 32K
8-bit-wide bytes of simulation data. The length of the simulation byte stream is
variable, up to 32K bytes, and can provide for both short and long simulation



sequences. Since each byte is fully programmable, any processing sequence may be
verified, including error status checking, loss of stream synchronization and other
special conditions. The simulator outputs are internally routed and do not require
external enabling.

FPP MODULE

The Field Programmable Processor (FPP) modules provide real-time algorithm
processing, such as data compression, signal analysis, time processing, engineering
unit conversion, and buffering for direct memory access (DMA) operations. The FPPs
in each Loral 550 Data Path gathers data from the MUXbus, processes the data per the
executing algorithm, and buffers the processed data for output to the 3480. The FPP
formats the time, tag, and data words on the appropriate data words for output. The
Loral 550 implements a full data flow architecture where any input can be routed to
any output vertically. Linking and chaining of processing in any combination is fully
supported. Short or long series of pipelined operations can also be constructed. The
interconnection of data in the system is essentially unlimited. In this construct, the
Loral 550 is a full implementation of a data flow I/O computer.

The processing algorithms executed by the FPP are developed and debugged using the
Control Computer. This feature allows Boeing's software engineers/users to create
their own algorithms in the high-level language "C" without having to rely on
microcoding or having the chosen system supplier hard code the algorithms.

A key capability provided with the FPP/MUXbus II architecture is that all algorithms,
whether standard or user developed, can be utilized numerous times with different
source parameters and arguments (coefficients) without having multiple versions of
the algorithm code reside on the FPP. The algorithm code (called the FPP Executable
Database) contains the actual algorithm and the characteristics of the inputs and
outputs to and from the algorithm(s). As per Boeing's specifications, the majority of
algorithms are used for most jobs which eliminates the need to download the
Executable Database for successive jobs.

One FPP Module can process over 20,000 parameters at aggregate rates to 900K
words/sec, offering approximately 12 times the processing power of a VAX 780. As a
practical example, each FPP performs 900K first-order engineering unit (EU)
conversions per second with reduced executive. The peak processing rate for 64-bit
floating point processes is 25 MFLOPS. Real-time processing is easily expanded by
adding FPPs for linear growth in processing power and storage.



PERFORMANCE MONITOR

The Performance Monitor handles the gathering, distribution, and display of Loral 550
module performance information. Every Loral 550 module requires a status task that
is responsible for monitoring board level statuses, such as, FPP FIFO overflow,
network data flow, and errors. These statuses are saved in a data structure which is
used to return binary information to the customer developed application programs that
require Loral 550 module statuses for control.

The Performance Monitor takes advantage of each structure and builds its display
information based on the data provided by each module in the Loral 550. The
Performance Monitor also combines all Loral 550 module statuses into a single
structure. This structure is available via an RPC call to the System Controller.

EVENT MONITOR

The Event Monitor handles the gathering and distribution of Loral 550 events: error,
urgent, and normal. Any active task on the Loral 550 can post an event to the Event
Monitor through which error, urgent, and normal events are queued and stored in an
event block ready for transfer to the Loral 550 Event Manager running on the Control
Computer (Figure 5).

Events are used by the customer's application programs to control and change
processes. By use of the event monitor and performance monitor, the customer's
applications can maximize the amount of data processed and minimize down time.

An FPP algorithm can post an event to the Event Manager as either an Urgent event or
as a Normal event. The primary difference between an Urgent and a Normal event is
that the Urgent events are appended to the front of the Event Queue, and therefore
processed first, whereas the Normal events are appended to the end of the Event
Queue.

TYPICAL PMPD JOB FLOW

The Job Distributor (JD) sends control and database information to the Control
Computer via the Ethernet (Figure 6). After the information is queued, the Control
Computer performs all tape and data path setup and control functions. The Control
Computer reads the control and database information sent from the JD and commands
the loading of the flight tape.



Figure 5. Loral 550 Event Monitor

Next, the Control Computer commands the tape drive to perform a high-speed time
search to position the tape near the required data points (Figure 7). It then commands
the loading of the 3480 output tape. After the tape is loaded, the control information
files are written to the 3480 tape. The 3480 is now ready for processed data.
After the input and output tape devices are readied, the Control Computer downloads
the database information to the Decoder and FPP modules in the Loral 550 (Figure 8).
The processors on each module takes the previously structured binary setup data and
sets up the modules as required. The data path is then ready to input and process data.



Figure 6. Database Information Sent to Control Computer

Figure 7. Ready Input and Output Tape Drives

Figure 8. Download Database to Loral 550 and Process Data

The Control Computer receives a time search complete status from the input tape
device and a successful or error status from the database setup functions. The Control
Computer will then determine if the starting of playback from the input tape drive is



appropriate. If appropriate, the Control Computer issues an input tape start command
for data playback into the Decoder module. All input data is directed and controlled by
the Decoder module. Filtered data measurements are passed from the 24-Bit Decoder
to the FPP module for processing and/or buffering for output to the 3480 tape device.

At the end of all job conditions, status from the data path is sent to the Control
Computer, as described in the setup database. The Control Computer reads this status
and loads new job conditions, if there are any pending. If any new conditions are
pending and the data path's database requires modification, the data path is updated.

After the job is complete, the Control Computer notifies the JD via the Ethernet and
purges the job and all related files (Figure 9).

Figure 9. Job Complete
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ABSTRACT

Information management is of essential importance during design and operation of
flight test measurement systems to be used for aircraft airworthiness certification. The
reliability of the data generated by the realtime- and post-processing processes is
heavily dependent on the reliability of all provided information about the used flight
test measurement system. Databases are well fitted to the task of information
management. They need however additional application software to store, manage and
retrieve the measurement system configuration data in a specified way to support all
persons and aircraft- and ground based systems that are involved in the design and
operation of flight test measurement systems. At the Dutch National Aerospace
Laboratory (NLR) a "Measurementsystem Configuration DataBase" (MCDB) is being
developed under contract with the Netherlands Agency for Aerospace Programs
(NIVR) and in cooperation with Fokker to provide the required information
management. This paper addresses the functional and operational requirements to the
MCDB, its data-contents and computer configuration and a description of its intended
way of operation.
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INTRODUCTION

Flight tests with prototype civil aircraft are carried out mainly for airworthiness
certification purposes. In order to perform these tests the aircraft is equipped with a
measurement or instrumentation system to measure the required (raw) data, to process
part of the data in realtime and to record all data for postflight processing and analysis.
The nature of the airworthiness certification process demands the flight test results to



be reliable and traceable. As these results are obtained by processing the measured
data on the basis of information pertaining to the flight test measurement system used,
this formation should also be reliable and traceable. Fokker and NLR have developed
an integrated "Measuring, Recording and Processing System" (Dutch: acronyrn
MRVS) to support the activities occurring in the certification process. The MRVS
covers the complete range of hardware- and software systems and procedures used in
Fokker flight test programs. Medio 1990 a decision was taken to develope an upgrade
of the MRVS, called MRVS90. The upgrade appeared to be mandatory because
ageing of the current hardware systems used in MRVS and the ever increasing
numbers of parameters (up to 10,000) to be measured and processed caused problems
to guarantee reliability, traceability and acceptable turn around times of the flighttest
results. Part of the upgrade of MRVS comprises a new database system supporting the
flight test measurement system design and operation: the Measurementsystem
Configuration DataBase (MCDB). This paper presents the environment in which the
MCDB is to be used, the functional and operational requirements to the system and
the data-contents and computer configuration of it. As a conclusion the intended way
of operating the MCDB within the design and operation of flight test measurement
systems is presented. The paper actually describes the results of a "definition study"
which was carried out as the first stage of the MCDB development.

THE DESIGN AND OPERATION OF A FLIGHT TEST MEASUREMENT
SYSTEM AT FOKKER/NLR

To provide a better insight in the required functions and characteristics of MCDB a
global description of the design and operation of a flight test measurement system at
Fokker/NLR will be given in this section.

In figure 1 the global steps carried out during the process of flight testing are
presented. Generally the process is initialized by a flight test order which leads to the
following activities:

1. Composing a list of parameters to be measured and/or processed, and
specify the required ranges, accuracy levels, frequency etc. The list may
contain 50 - 10,000 parameters, dependent on the specific flight test at
hand.

2. Designing a measurement system configuration to measure the specified
parameter.
The designer use the parameter list from step 1 as a specification of the
measurement system to be designed. Furthermore they need information
on the available instruments. This information is provided by the
instrument- and calibration management database. During the design



process a description of the future measurement system is created and has
to be properly stored and managed. Several measurement systems can be
in the design phase at the same time. The design process is considered not
to be time-critical.

3. Building and testing the designed measurement system configuration and
implementing it into the aircraft (w.i. "making it operational").

4. Maintenance: During ground periods of the aircraft between the actual
flight tests the measurement system has to be maintained: e.g. replacing
instruments, cables etc.

5. Operating the measurement system:
During this phase of the flight testing process the measurement system is
actually being used for flight testing. This involves the following
activities:
a. System set-up: Initializing the measurement system, related

aircraft- and ground based realtime and quick-look systems for a
specific measurement task.
This is a very time-critical activity: in the Netherlands the weather
needed for a specific flight test may change rapidly and last minute
changes in the measurement system configuration have to
processed into the set-up data before take-off, otherwise the system
would not be properly initialized.

b. Inflight operation: Inflight acquisition, multiplexing,
decommutating, processing, recording and telemetering data.

c. Inflight control: Monitoring and controlling the measurement
system.
Errors or changes to the set up of the measurement system
configuration that occur during the flight test are controlled and
logged in a journal.

6. postflight processing and analysis of the measured data.

Activity 1 and 6 can be seen as input and output of the process of designing and
operating a flight test measurement system. The main activities during the design and
operation are described by 2-5. The design and test occur only once in the lifetime of a
measurement system. Maintenance and operational activities however have a
repetitive nature and can be carried out for several prototype aircraft at the same time
at different places, even abroad. These activities require the support of an appropriate
database system to manage the information used in the mentioned processes and to
provide a reliable means of communication for it. This environment and required
support leads to the functional and operational requirements to MCDB as described in
the next section.



FUNCTIONAL AND OPERATIONAL REQUIREMENTS

The functional and operational requirements follow from the main purpose of MCDB
and from the activities it should support. In this section both the main purpose and
related support are considered.

The main purpose of MCDB is to provide a reliable repository for (the most
up-to-date) flight test measurement system configuration data. Furthermore it should
provide all persons and systems involved in the design and operation of flight test
measurement systems with the tools to determine, store, manage and retrieve the
configuration data in the format they need for proper functioning, with proper timing.
This imposes some general functional requirements on MCDB:
- MCDB should always contain and provide reliable and consistent configuration

data
- The data-contents of MCDB should always to users (in time).
From the described purpose it can also be derived which activities, as considered in
the previous section, should be supported by MCDB. In figure 2 the activity scheme of
figure 1 is redrawn showing the position of MCDB in it. It can be seen that MCDB
supports all involved activities, except the parameterlist composition. Regarding the
general purpose and the characteristics per activity the functionally required formation
and the operational requirements to MCDB can de derived. They will be given per
activity:

1. Support the design of the measurement system configuration.
MCDB should contain and provide the following measurement system design
information:
- the parameter list specifications for the design.
- instrument data to be used in the design to meet the specification.
- the configuration lay-out of a measurement system design from sensor to

recording device.
- the description of the data-streams to be used in or produced by the

measurement system.
- the coupling between designed measurement channels and parameters to be

measured.

The operational requirements are:
- the database should support the parallel design of several measurement systems.
- measurement system design data should not interfere with data on operational

measurement systems.
- the lay-out of the measurement system design should be presented in a

user-friendly format.



2. Support the building, testing and implementation of the measurement system.
 Functionally the MCDB should contain and provide configuration information on:
- the actual implementation data of the designed measurement system, e.g. the

actual instruments used, the basic settings of the measurement system and
calibrations functions.

- the status of the measurement system (e.g. "design", "test", "operational").

An operational requirement to MCDB for this activity is that is should present the
lay-out of the measurement system design in a user-friendly format.

3. Support the maintenance of the operational measurement system.
When an operational measurement system is not actually being used for flight testing
it is still possible that the configuration data might change. For instance due to
maintenance of the measurement system instruments might be replaced causing
calibration functions for parameters to be changed. Furthermore it might be necessary
to adjust the gain or offset of a measurement channel of the system. When these
changes occur between two flight tests these activities are time-critical. For the pulse
of reliable and consistent configuration data, these changes should be stored into
MCDB too. These characteristics do not lead to new functional or operational
requirements.

4. Support the operation of the measurement system.
In figure 2 it can be seen that support is needed in several sub-activities. Figure 3
presents it more in detail. Actually there is no active inflight support required but only
pre-flight and post-flight support (MCDB is a ground-based system). MCDB is
functionally required to provide the following configuration data:
- the initialization of aircraft- and ground-based systems. This comprises the

set-up data for the commutation- and decommutation equipment, realtime
data-processing and presentation, and inflight telemetry of measurement results.
For the aircraft-based systems this data is transferred to the Instrumentation
Control System (ICS) which actually loads the set-up to the measurement
system and other aircraft-based systems.

- guarantee of data-consistency in the several dataflows occurring shortly before a
flight test; Associated aircraft- and ground based systems may need to contain
exactly the same information. For instance the onboard telemetering system has
to be provided with the same telemetry stream format data as the ground based
telemetry station, otherwise it would not be possible for the ground station to
decommutate the datastream received via the telemetry link.

- guarantee of data-integrity: because of the time pressure operators of MCDB
may easily make mistakes while entering data into MCDB in an interactive



way. MCDB should provide online constraint-checking to protect the operator
from entering wrong data.

- the tool to store the changes to the measurement system as logged (by the ICS)
inflight, to be able to reproduce the measurement system configuration at any
time during the flight test.

The operational environment for flight testing at Fokker/NLR is a very dynamic one
and the flight tests are under a constant time-pressure. So all mentioned activities are
time-critical. Therefore some harsh operational requirements are imposed on MCDB.
It should be possible to:
- store the last-minute (pre-flight) configuration changes to the measurement

system in MCDB up to 10 minutes before the flight test is scheduled. This
means that the retrieval from MCDB of the complete set of set-up data for the
aircraft-based systems, which is a large amount of data, should take less than 10
minutes. (It should also be easy to change the stored implementation data).

- to support the operation of several measurement systems at different places at
the same time.

- to protect all data stored in MCDB related to a particular flight test from being
changed after MCDB has provided the ICS with its data-set, until the flight log
is fed back.

5. Support of postflight processing and analysis.
Shortly after the flight test MCDB should have processed all inflight-changes to the
measurement system configuration data because this data is to be transferred to the
postflight processing system. MCDB does not directly support the postflight
processing and analysis. This is done by another database called 'Historical
Configuration DataBase' (HCDB). In this database configuration data on all
historically used measurement system configurations is stored to support postflight
data-processing and to guarantee traceability and reproducability of flight test results
for over 10 years.

These functional and operational requirements have resulted in a development of
MCDB according to the concept described in the next section.

THE DATA-CONTENTS AND COMPUTER CONFIGURATION OF MCDB

The concept of MCDB to meet the functional and operational requirements described
in the previous section will be considered in this section. The MCDB-concept consists
of two parts: the relevant data to be contained by MCDB and its computer
configuration.



MCDB contains measurement system configuration data from the design - to the
operational phase of a measurement system. This includes:
- administrational information (e.g. the name of the project and aircraft in which

the measurement system is used).
- parameter information (parameter names, engineering units, ranges, resolution

etc.).
- description of the measurement system; in database terms: description of logical

connections between the devices used in a measurement system and the logical
coupling of parameters to measurement channels. (figure 4).

- format and description of the data-streams occurring in the measurement system
(PCM-, ARINC-, multiplexed ARINC- and serial streams).

- calibration information on all measurement channels to transform measured data
into engineering units.

- set-up data for the instruments (gains, offset, PCM-stream definition)
- set-up data for the realtime processing and display systems (parameter

selections for several output devices, calibration- and processing algorithms,
PCM-stream definitions etc).

- status data on all contained information ('design', 'test', 'operational').
- constraints on measurement system configuration data (e.g. possible functional

position of an instrument in the description of the measurement system,
maximum amount of parameters to be coupled to a specific device).

The hardware configuration of MCDB can be described as follows: A database on a
central computer is used to support the design- and testing activities: MCDB-central.
A database on a local workstation situated near the prototype aircraft is used to
support the implementation and operational activities per measurement system:
MCDB-local. The configuration is presented in figure 5. The two computers are
coupled by an online data-link to guarantee the required communication between the
two databases.
The design activities are supported by MCDB-central because of the fact that in the
design phase of a measurement system much communication is needed between
MCDB and the instrument- and parameter management databases. A 'central'
Fokker-NLR computer network will provide a reliable means for the mentioned
communication. Anaother reason for MCDB-central is the fact that the design of
measurement systems is a 'central activity' as opposed to the actual operation.

The actual operation is a local activity taking place in the neighbourhood of the
aircraft which could be tested almost anywhere. Therefore these activities where
chosen to be supported by a local database. So several MCDB-locals belonging to
different prototypes can be independently active at the same time at different places.
All local databases will contain configuration data of one measurement system only.



This has the advantage that the measurement system configuration data to be used to
support the flight test operation can be stored near the aircraft they belong to and can
be locally managed and retrieved. The purpose of this database configuration is to
guarantee the different MCDB-locals to have the required quick and predictable
response to for instance the time critical request for the setup data for the aircraft- and
ground based systems shortly before a flight test.

The online data-link will be used to download the configuration data of a designed and
tested measurement system from MCDB-central to the concerning MCDB-local. It
will also be used for reasons of backup: the measurement system configuration data
stored at the MCDB-local will be sent to MCDB-central at a certain update rate, for
instance after every flight test. This backup copy can be used when the configuration
data of MCDB-local have been lost for instance due to a disk crash of the local
workstation. The backup copy can also be used to update the Historical Configuration
DataBase that is also resident on a central computer. An online data-link might not be
available, for instance when MCDB-local has to be operated abroad or due to a defect.
In this case the MCDB-local can be operated stand-alone for it provides all locally
required configuration data and database functions.

OPERATING MCDB

In this section the intended way of operating MCDB during the design and operation
of a fligh test measurement system is considered. Again the different activities as
described in the previous sections will be used as a guideline (figure 6).

During the design of a measurement system configuration MCDB-central is providing
the tools to create, manage and store several measurement system layout designs. It
therefore contains the parameterlist specifications which were extracted via an
automatic mechanism from the parameter management database. It provides the tools
to define and present a logical measurement system: the way in which measurement
channels in logical devices (sensor, signal conditioner, data-acquisition unit, realtime
data-processing unit and recorder) are connected to form the measurement chain for a
specific parameter (figure 4). Furthermore the designers will define the datastreams to
be commutated and decommutated by resp. the data-acquisition units and the realtime
data-processing unit. When the design is ready and checked thouroughly the designers
will change the status of the measurement system configuration data from 'design' to
'test' and will replace the logical devices used in it by representative-codes for the
physical instruments that are to be used in the building, testing and implementation
phase of the measurement system. All relevant information about the instruments,
such as actual possible gains, offsets and calibrations is automatically extracted from
the instrument- and calibration management database. MCDB-central now contains



the configuration data of the actual measurement system and can therefore support the
integration and test of the physical measurement system in the laboratory. The
purpose of the tests is to check whether the measurement systems can perform its
operational tasks and whether MCDB contains the correct data to support it. Therefore
MCDB-central provides the same functionality during these tests as MCDB-local does
in the operational phase of the measurement system.

Before the implementation activities are started the configuration data of the
concerning measurement system data are copied from MCDB-central to the
concerning MCDB-local situated near the prototype aircraft. At MCDB-central the
original is kept to be the basis of the future backup copy, but it is protected from other
changes than initiated by the backup mechanism. When the measurement system is
implemented and found to be properly functioning the status of the measurement
system can be changed to 'operational'. At this stage the operational phase is started.

During this phase MCDB-local has to support the actual operation of the measurement
system. It only contains data on the measurement system configuration which is
related to that specific prototype aircraft to guarantee independence of comparable
activities with other measurement systems. Again: because of this independence and
because of the relatively small dataset contained by MCDB-local the performance of it
in supporting time-critical activities is guaranteed.
Shortly before a flight test the data-extractions for the systems involved in the
concerning test are made from one source: MCDB-local. The latter to guarantee
data-consistency in the occurring measurement system configuration-data flows to the
aircraft- and ground based systems. As MCDB-local is providing these systems with
all (setup) data for the scheduled flight test(s) it can stay on the ground and be 'locked'
during the actual flight test to protect it from 'unauthorized' changes. After the flight
test the logged changes to the measurement system configuration will be fed back to
the MCDB by the Instrumentation Control System. When MCDB-local eventually has
updated its contents to the most actual status of the measurement system, all
configuration data (changes) are transferred to MCDB-central and thereby to HCDB.
The transfer of data from MCDB-local to -central will be done by the online data-link
when it is available. In the case of operations abroad without data-link, the updates
can either be stored locally (only for a short period) or be sent to MCDB-central on for
instance a 1/4" tape.

CONCLUSION

A database system can be used to provide the required information management
during the design and operation of a flight test measurement system to be used for
aircraft airworthiness certification.



At Fokker/NLR the Measurementsystem Configuration DataBase (MCDB) is being
developed for this purpose. Additional application software and computer
infrastructure to support MCDB-functions are considered in the development on the
basis of functional and operational requirements. These requirements to MCDB
follow from the nature of airworthiness certification night tests. MCDB should be a
reliable repository for configuration data on a flight test measurement system, such as
parameter information, measurement system description, processing-algorithms and
consistency-constraints. It should always provide consistent configuration data in the
required format at the proper time. To meet the requirements a database on a central
computer will support the design activities and data-transfer to the Historical
Configuration DataBase (HCDB) while the operational activities will be supported by
a database on a local workstation (one workstation per measurement system) which is
connected to the central computer by an online data-link for backup purposes.
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POST-FLIGHTDATA DISTRIBUTIONSYSTEM

Joseph W. Lloyd Jr.

ABSTRACT

Desktop Processors (IBM PC, PC-compatible, and Macintosh) have made a major
impact on how the Naval Air Warfare Center Aircraft Division (NAWCAD},
Patuxent River engineering community performs their work in aircraft weapons tests.
The personal processors are utilized by the flight-test engineers not only for report
preparation, but also for post-flight Engineering Unit (EU) data reduction and
analysis. Present day requirements direct a need for improved post-flight data
handling than those of the past. These requirements are driven by the need to analyze
all the vehicle's parameters prior to the succeeding test flight, and to generate test
reports in a more cost effective and timely manner.

This paper defines the post-flight data distribution system at NAWCAD, Patuxent
River, explains how these tasks were handled in the past, and the development of a
real-time data storage designed approach for post-flight data handling. This
engineering design is then described explaining how it sets the precedence for
NAWCAD, Patuxent River's future plans; and how it provides the flight-test engineer
with the test vehicle's EU data immediately available post-flight at his desktop
processor.

KEY WORDS

Real-time Telemetry Processing System, General Data Collection, Desktop
Processing

INTRODUCTION

Prior to 1973 at the Naval Air Warfare Center Aircraft Division, Flight Test &
Engineering Group (FTEG), formerly the Naval Air Test Center, flight test data was
primarily recorded on oscillographic recorders housed in a compartment in the test
aircraft. The aircraft was flown for the test flight and the data was analyzed over a
period of several months after the flight. This analysis required the reading of
oscillographic paper with a calibrated ruler and noting the galvanometer trace
deflection. The deflection was then recorded into a columnar format onto tableau pad.



At a later time, this data was then plotted on graph paper for engineering analyzation
and project report. From the reading of the oscillographic paper to the final plotted
data, all was done by human intervention, i.e., the trained eye recorded and plotted the
light beam trace deflections.

In addition to airborne oscillograph recorded parameters, the more critical parameters
were telemetered to a ground station, where once again, the data was displayed in raw
format onto light sensitive paper.

Many man-hours of intensive interaction were required to process a few minutes of
flight test data. In those days, the flight test engineer rarely saw the data within three
weeks after the test flight and the project report was typically generated six months
after the project's completion. There was no immediate way of knowing if a project's
data point was even reached. In any event, the instrumentation system was stripped
from the aircraft and the plane relocated to another facility upon completion of the test
program. Thus reflying the aircraft to make the data-point became an impossibility.

With the installation of the Navy's premier Real-time Telemetry Processing System
(RTPS) in 1973, flight defined critical parameters were immediately viewable to the
project engineer for safety of flight, project monitoring and preliminary analysis. The
data was presented in EU format onto CRT's, alphanumeric displays, and strip-chart
recorders. With all these display devices and the ability to process high-sample-rate
data, multiple data flights are flown daily. Also available as an added advantage, the
EU data was recorded onto 9-track tape for an even greater post-flight analysis via
high-speed processors remotely located. This opens the door for several advantages:
data and plots can be processed and formatted more quickly, a wider variety of data
and plot types can be formulated, and the data can be placed onto mainframe
diskpacks for posterity, time history and trend analysis. The time of presenting the
flight test engineer with all his test data in predefined formats is typically reduced
from the three weeks mentioned above to within three to six days after the test flight.
Project reports are now produced within two to three months after last flight
completion.

Though RTPS opened the door to many advantages in flight test data processing, two
significant disadvantages resulted. One, multiple data flights with a large number of
parameters dictate an ever imposing backlog in preliminary flight test analysis. This is
especially true with the transducers labeled "secondary", that is, those not analyzed
directly in the Project Engineering Station (PES) at the RTPS but at a time when the
data is processed either through telemetry or airborne tape replays or by Computer
Sciences Directorate's (CSD) Central Data Processor (CDP), the primary mechanism
for data archival and detailed post-flight processing. Secondly, two flight application



databases are maintained, i.e., one on the RTPS and another on the CDP. The
justification for two databases is simply that the calculated or derived parameters,
though looked at in real-time, are not available to the EU generated 9-track tapes, the
primary means for loading the flight data into the CDP. If a calculated or a
telemetered parameter that was not looked at in real-time failed or malfunctioned for
one reason or another, this would not be discovered until the three to six day period
when the project engineer would receive his data in detail. The transducers in question
would require replacement and recalibration. Possibly the flight would need to be
reflown. This problem adds not only additional costs but also delayment in valid data
being presented. It is to this end, i.e., the timely processing, the development, and the
distribution of post-flight data to the engineer's desktop that I shall address.

DISCUSSION

Realizing the necessity to produce flight-test reports in a timely manner coupled with
the desire to reduce post-telemetry support, i.e., reducing numerous telemetry
playbacks and required system processing, engineers from all test directorates and
support directorates formed a committee in 1989 to resolve these issues. Titling
themselves the Data Acquisition Processing Action Committee (DAPAC), they
considered the following:

1) What hardware resources currently exist at the flight test engineer's
immediate disposal?

2) What software packages (commercial) exist? What will have to be
developed?

3) What is available and what needs to be developed to transfer the data to a
desktop processor?

4) What recording media should be utilized?

The following requirements were stipulated by DAPAC:

1) The desktop processors are to have all-the-data-all-the-time, i.e., all samples
of telemetered and derived/calculated parameters.

2) The flight-test engineers are to have their data "in-hand" within thirty
minutes after leaving the RTPS.

Our answer for the first question establishes a directive for all the remaining
questions. All flight-test engineers have at their immediate disposal desktop
processors (IBM PC, PC-compatible, and Macintosh) which are utilized for report
generation (word-processing), most connected to an erasable optical disk within their
branch. This then would be an ideal starting point. The initial outlay in cost,



approximately 85%, exists. All that remains then is to develop the technology to
transpose the data into a format that the desktop processors can utilize. No where
could this author determine that such a mechanism existed: of sending high-sample
rate EU data to a desktop processor in near real-time.

To develop this concept, let us first consider the resources and capabilities of the
RTPS . FTEG's current methods, as discussed above, require the processing of the
telemetered data into EU tapes. The RTPS engineering unit processing bandwidth is
400K samples per second (sps). The engineering unit tape bandwidth is 150K sps,
limited by the physical capabilities and speed of the 9-track tape drives. Desktop
processors typically cannot import data directly at these rates. Also, EU tapes contain
only the telemetered parameters. Therefore, another means or mechanism needs to be
considered with the goal to contain not only the telemetered parameters but also the
calculated/derived parameters as well.

A further study of the RTPS reveals that raw telemetered data is converted into
engineering units by an Aydin Monitor S2K hosted by a Gould/Encore Model 32/67,
the Data Channel Processor (DCP). It is in the S2K that the samples of data are time
tagged and placed into Measurement Stream Buffers (MSB) and Current Value Tables
(CVT) in the DCP. The MSB's and CVT's are made available to the Display Host
Processor (DHP) and the Application Processor (APP) via shared memory (Figure 1).

Figure 1



As the CVT's contain the engineering unit values of the telemetered parameters, it is
in the APP that the calculated/derived parameters are formulated. Realizing the
origination of the calculated/derived parameters coupled with the TM parameters
reside in this processor, the APP, it would be most advantageous to begin here. Both
data sets can be routed and controlled by the project engineer to the APP's disk, and
then downloaded to 9-track binary tape either when the allotted buffer is full or when
the flight is completed. We call this instrument the General Data Collection (GDC) for
it is a generalized contrivance of capturing data. With this, the project engineer
defines the data collection sample rate and controls the starting/stopping of the
recording data. In contrast to EU tapes which contains all samples, GDC is a
quick-look mechanism which contains selected data samples. Note: Only the
parameters most urgently required or defined at the flight-test engineer's desecration
are selected along with the critical time points or maneuvers of interest. Some of the
parameters selected may not contain all samples and other parameters may contain
redundant samples. In any event, the designated calculated/derived parameters plus
the TM parameters are recorded and reside on the APP data disk in real-time.

The flight-test engineer now has all samples of all telemetered parameters on EU tape
plus the added advantage of the designated calculated/ derived parameters along with
the telemetered ones on a GDC tape. Two tapes! Addressing the former, the EU tape
requires special processing to decode plus the fact that flight conditions software is
required to run concurrently with the decoding to present all the data. With the later
tape, the GDC binary tape, contains both types of parameters, though not necessarily
all the data samples. In either case, post-flight processing is essential to present the
flight engineer his data. From past history, RTPS and CSD present the flight-test
engineer his data in plotted form using X-Y recorders and tabular printouts. The time
factor from end of a test flight to the engineer's desk has only been minimized, not
significantly reduced. Since the engineers cannot use the 9-track tapes and to satisfy
the second requirement of DAPAC, another alternative has to be developed.

PROTOTYPE DEVELOPMENT

Keeping the above in perspective, the best means of placing the data onto the
engineers desktops is to simulate their desktop on the RTPS. What does this mean?
The answer lies in the fact that the best mechanism of handling desktop data is to have
a desktop processor place the data into the correct floating-point format that it needs
itself. This concept is a straight-forward simple approach looking at the problem from
the flight-test engineer's perspective. However, several problems need to be resolved:



1) Can a desktop processor maintain direct data throughput when coupled to a
telemetry processor?

2) How can a desktop processor be interfaced to the RTPS?
3) What feedback-and-control is required? What needs to be developed?
4) What will be the form and format of the desktop data?

Realizing from our earlier discussion that the answer to our first question is no, an
alternative needs developing. Considering the GDC tape mechanism as described
above, if we continue the GDC concept, i.e., collect the data in real-time on disk, why
not carry this one step farther and download the data not-only to 9-track tape but also
to a desktop processor coupled to the APP in intermaneuver mode? The desktop
processor does not in effect then have to maintain real-time computational
performance, but only be concerned with the controlling the data flow from the APP
and its recording and transformation onto an optical disk media. This downloading of
the RTPS data to this desktop processor should then be done in the most efficient and
expeditious manner to minimize CPU processing and disk I/O on both the APP and
the desktop processor.

In developing such a prototype concept, the first alternative is to consider the interface
available or residing in the RTPS. One in particular that is used extensively
throughout the RTPS structure is a Gould/Encore High Speed Data (HSD) developed
interface. This is a full 32 bit data bus capable of 33M bit-per-second I/O. The HSD is
designed for high performance specialized processors. Desktop processors, in their
own realm, cannot match this throughput. The question now becomes can the desktop
processor emulate this HSD interface? Realizing this criteria, the availability of
commercial interfaces for desktop processors for this conceptual development was
initially considered. Discovering one such interface by Applied Data Sciences, Inc.
(ADS) of Dallas, Texas satisfied our requirements for the prototype and answers our
second question. ADS's interface resides in a desktop-PC and emulates the
Gould/Encore HSD. For this to become a reality, high-level "handshaking" code that
resides on the RTPS and complementing code on the desktop processor to receive and
control the data coming across the link was developed. It was decided to use "C"
language on the desktop processor as the 32 bit data can be managed more easily: the
32 bit wide data originating on the RTPS data disk and routed through the HSD has
now to be translated into 2 - 16 bit data words on the HSD emulated bus of the
desktop processor. Furthermore, these two words not only has to be bit swapped but
also word swapped. This swapping is done initially by the desktop emulation interface
and needs repeating in order that the bits come out in the correct sequence. To answer
our third question, a "wake-up" interrupt was designed to control the APP transferring
data through the HSD, the desktop emulated HSD, the desktop-PC's CPU and onto the



SCSI bus attached with an erasable optical disk, our final destination for data in binary
format. This platter was chosen because a good number presently exist at NAWCAD
test directorates, several flights of data can reside on one disk, selected maneuvers can
be located quickly, and they can be transported and used by the flight-test engineer on
his desktop processor. RTPS to desktop processor data transfer performance is
illustrated in Figure 4.

In reply to our fourth question, the binary data on the optical disk forms two files: a
data file which places the data sequentially, and a header file which defines the flight
identification information (Figure 2). The placement of binary data onto the optical

Figure 2 Partial Listing of Data Run #2 of ASCII File

media was deemed necessary because the long-term plan is to give the flight-test
engineer his data in this form and have him do the binary-to-ASCII conversion in a
specific structure tailored toward his analysis software: Microsoft Excel,
Kaleidagraph, Lotus 1-2-3, or The Math Works' Matlab to consider some frequently
used. The desktop code was formulated and written "in-house" for the
binary-to-ASCII transformation. This conversion combines the two binary files,
separates the data by record/maneuver, and appends parameter informational text. A
representative sample of the comma separated ASCII data can be seen in Figure 3. At
present too, the entire binary data file is converted to ASCII. Future goals define this
conversion to only convert designated maneuvers/events and specified parameters,
thereby reducing the transformation time on the desktop processor.

Let me briefly address the Macintosh desktop processors, which the majority of
FTEG's flight-test engineers use. Since the HSD emulated interface can only be
hosted in a desktop-PC, the binary data then needs to be transported from the PC's
optical disk to the optical disk on the Mac. Note too, that there exists a different
floating-point number representation between the IBM PC and PC-compatibles and



Figure 3 Partial Header File Listing

Figure 4



the Macintosh. This floating-point conversion is handled internally during the data
transformation. Current developments define coupling ADS's interface to an
IBM-DOS based processor interface by Orange-Micro' to link the Macintosh directly
to the HSD, thereby eliminating the desktop-PC altogether.

CONCLUSION

The prototype data distribution system represents a significant step forward in
post-flight data processing at NAWCAD's Flight Test & Engineering Group. This new
retrieval system demonstrates a reduction in the time it takes to get the data, a
reduction in the cost of doing analysis of a project and placing it into a flight test
report and at the same time it raises the level of proficiency of the engineers The
system can be tailored to satisfy changing technology as well as all DOD and civilian
telemetry processing systems. Further areas of exploration include but not limited: 1)
develop the capability of writing all-sampled data directly to the desktop's magnetic
media from the RTPS; and 2) adapt this system to the proposed NAWCAD base-wide
fiber optic link, thereby allowing the data to be sent from the RTPS to the engineer's
office via high-speed transmission in real-time.
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Abstract

An automated method is described for binding attributes to extracted data from a
telemetry stream. These attributes can be used by post processing utilities to facilitate
efficient analysis. A practical implementation of such a scheme is described.

Introduction

One difficulty involved with data driven telemetry systems is the inability to associate
supplementary information with telemetry data. Examples of such supplementary
attributes might be more descriptive names for data variables, units information, data
limits information, etc. A file containing the template for binding this type of
information to data may be automatically generated by using the information
contained in the telemetry decoder's types file (a file which describes the data
structures used for all telemetered data). The template can then be populated with the
pertinent data, to become known as the supplementalAttributes file. When the types
file is modified (i.e. the telemetry stream is changed) an incremental
supplementalAttributes file can be generated with all prior data intact and additional
entries in the template included for accommodating the new data added to the stream.
The user would then have to add the appropriate supplementary information to the
new entries in the file, The supplementalAttributes file may then be used by other post
processing utilities to aid in the analysis process. Examples of such applications
would be limit checking, data plotting, etc.

A Decoder types File

A telemetry stream contains packets comprised of spacecraft data, Each packet has a
unique data structure. These data structures are conveyed to a telemetry decoder by a



types file, A types file will then typically contain definitions of all packets which can
be telemetered by the spacecraft. This architecture consolidates all telemetry stream
definitions into a single location. Further, it can easily accommodate changes in the
spacecraft telemetry packet definitions typical of a rapid development/experimental
satellite program.

Supplemental Attributes Nomenclature

A supplementalAttributes file may be generated from a telemetry decoder's types file.
This is accomplished by first generating a template supplementalAttributes file and
later populating this template with actual attributes data; thereby, creating the master
supplementalAttributes file. Subsequently, multiple revisions of the
supplementalAttributes file are generated as a result of one of the following three
factors:

(1) changes to types file;

(2) changes/updates to supplementalAttributes file information;

(3) back-annotations or error corrections to the supplemental attributes.

RCS (Free Software Foundation's Revision Control System-----commonly available
on most UNIX platforms) is used to control the revision history of the
supplementalAttributes files.

In order to successfully bind telemetry data to their attributes (use the correct
telemetry supplemental attributes data), one must first determine which revision of the
attributes is desired, and then "extract" the desired revision from the RCS file. This
could be a difficult job depending on the information available to the user concerning
telemetry stream changes and dates of experimental runs.

Described below, is the procedure to build a master supplementalAttributes template.
(A template is an unpopulated file). Also described is a procedure to make updates to
a master supplementalAttributes file; thereby, creating a series of
supplementalAttributes files. This is followed by describing the procedures for
merging an existing populated supplementalAttributes file and a new template ( to
become a new master supplementalAttributes file). Figure 1 depicts the process data
flow.



Figure 1. Process data flow for generation and utilization of supplementalAttributes
file



Tools for Construction and Maintenance of supplementalAttributes Files

A pair of UNIX utilities were created to facilitate construction and maintenance of
supplementalAttributes files.

The first utility, mut, makes/creates a supplementalAttributes template file, based on
the telemetry decoder's types file contents. Default values occupy the various attribute
fields associated with each data element in a template. The second utility, mu.,sh,
merges a supplementalAttributes template and an existing master
supplementalAttributes file; thus, simplifying the updating process. This process is
performed below on a UNIX system,

% mut -t <types file> >supplementalAttributesFile

The resulting template must be populated with the actual supplemental attributes
information in place of the default fields provided by mut in the template. For example
using the UNIX vi text editor,

% vi supplementalAttributesFile

After the template has been populated to become the master supplementalAttributes
file, it must be checked-in under RCS as revision 1.0:

% ci -rl.0 supplementalAttributesFile

Creating Updates to the supplementalAttributes files by Merging

There are different methods for creating updates to the master supplementalAttributes
file, depending on the reason for the update. If the update is a change to supplemental
attributes data, then this is considered a minor revision and is performed in the
following fashion: check-out, edit, and check-in supplementalAttributes file,

% co -1 supplementalAttributesFile
% vi supplementalAttributesFile
% ci supplementalAttributesFile

Note that RCS will default to using an increment of 1 to the right-most index of all
such updates, e.g. If you check-out revID 3.1, then the next update will be revID 3.2)

If the update involves a change to the telemetry decoder's types file, then a major
revision is performed in the following manner: update types file, create new
supplementalAttributes template, check-out master supplementalAttributes file, merge



template and supplementalAttributes file, edit merged result (if needed), check-in new
supplementalAttributes file. For example,

% vi <types file>
% mut -t <types file> >new.units.template
% co -1 supplementalAttributes

(note & remember the RCS revision ID, i.e. "Revision: X.Y" one will increment the
left-hand index by one (X -> X+l ) and set Y=0, when checking-in a major rev
update).

% mut.sh supplementalAttributes new.units.template

The UNIX utility mut.sh will create a supplementalAttributes.fixed automatically. One
can then make any necessary changes to this new file prior to checking it into RCS as
the new master supplementalAttributes file.

% vi supplementalAttributes.fixed
% mv supplementalAttributes.fixed supplementalAttributes
% ci -r (X+l) .0 supplementalAttributes

A Practical Example

The above concepts were implemented for Brilliant Pebbles, Flight Experiment Three.
A fragment from the FE-3 telemetry decoder (tdfe3) types file (tdfe3Types) is shown
below,

.

.

.
#define PUMP STATE CIRCLE (CmState, 16, 0 ,pumpState)

typedef struc cmState
{
unsigned long time; /* Time of last update */
float cms mass[2]; /* Mass in fuel tanks */
float cms tankPSI; /* Tank pressure */
float cms_regPSI; /* Regulator pressure */
int cms_pumpMode; /* Pump mode */
}
CmState;

.

.

.



Data redundancy may be introduced by telemetering a short history of an item as1

opposed to one instance of it.  This short history structure is known as a circle.  The circle
contains a header and a number of records which contain the most current sample value and
prior values.  The circle records may be one computer word or many.

The tdfe3Types file conveyed packet format information to the decoder using "C"
language structures and syntax, The first line consisted of a fake macro, which defined
the symbolic name of the packet (in this case, PUMP_STATE_CIRCLE), the structure
name (CmState), the number of records in the circle (16) (a 0 for this entry means no1

circle), the data Id (0) and the partial name of the output file for this data type
(pumpState), Next, the data structure with variable types and names follow which
define the variables telemetered in the packet. Comments can be inserted in the usual
"C" fashion.

For the FE-3 mission there were a number of supplemental attributes that had to be
bound to telemetered data; specifically, more descriptive variable names for the
telemetered data, the units of the data as telemetered, and the expected limits (min
value, max value) of the data. A portion of the supplementalAttributes template
depicting the PUMP_STATE_CIRCLE packet as generated by mut looked like,

.

.

.
pumpState
time "MKS_units" "descr_name" 0 0 #comments
cms_mass[0] "MKS_units" "descr_name" 0 0 #comments
cms_mass[l] "MKS_units" "descr_name" 0 0 #comments
cms_tankPSI "MKS_units" "descr_name" 0 0 #comments
cms_regPSI "MKS_units" "descr_name" 0 0 #comments
cms_pumpMode "MKS_units" "descr_name" 0 0 #comments
.
.
.

Observe that comments could be inserted anywhere in the supplementalAttributes file
as long as it was preceded by the "#" character.

After the template was populated (data is delimited by white space, text strings are
enclosed with the " character) to become the master supplementalAttributes file, the
PUMP_STATE_CIRCLE packet entry looked like ,



.

.

.
pumpState
time "Seconds" "time" 0 700 #Already divided by 10000
cms_mass[0] "Kilograms" "mass of fuel in fore tank" 0 2,1 #comments
cms mass[1] "Kilograms" "mass of fuel in aft tank" 0 2.1 #comments
cms_tankPSI "Pascal N/(m*m)" "tank pressure" 90 130 #comments
cms_regPSI "Pascal N/(m*m)" "regulator pressure" 850 850 #comments
cms_pumpMode "unitless" "pump mode" 0 5 #comments
.
.
.

Using the supplementalAttributes File in Applications

Supplemental attributes were used in checking Flight Experiment Three telemetry
data for exception conditions. This application heavily relied on "C" functions which
could collect attribute information from the supplementalAttributes file. These
functions could then be integrated into host application software when needed. Figure
2 shows the output results of the limit checking software which made use of the
min/max fields from the supplementalAttributes file.

.

.

.
Checking file r09.14.92b.pumpState.pl -> checking is OK

Checking file r09.14.92b.cmStateDebug.pl -> checking is OK

Checking file r09.14.92b.cntrlCycle.pl ->

out of bounds at line 2728 for del_w_avg.x: -0.01 <= 0.022418 <= 0,022
out of bounds at line 2730 for del_w_avg.x: -0.01 <= 0.022359 <= 0,022
out of bounds at line 3239 for del_w_avg.x: -0.01 <= -0.032241 <= 0,022
out of bounds at line 3240 for del_w_avg.x: -0.01 <= -0.024484 <= 0,022

Range Summary of out of bound variables:
for del_w_avg.x: specified range -0.01 <= x <= 0.022,

found 4 occurrences outside specified range
min value found: -0.032241
max value found: 0.022418

.

.

.
Figure 2. Sample output from FE-3 bound checker.

Conclusion

An automated method for binding supplemental attributes to a telemetry data stream
has been presented. The UNIX utility mut generates a supplementalAttributes template



from a telemetry decoder's types file; while mut.sh provides for merging multiple
revisions of supplementalAttributes files when changes occur in the decoder's types
file. Since the supplemental attributes are created automatically from the same data
which produces the telemetry stream (types file), a binding of correct variable names
and attributes is insured.

For the FE-3 experiment, these utilities also facilitated the development of a
bounds-checker that could limit check telemetered data and could identify variables
that were out-of-range. This was used to identify potential flight software anomalies.
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Abstract

A long standing problem in telemetry post processing is the application of correct
calibration factors to telemetered data generated on a system which has had a history
of hardware changes. These calibration problems become most exacerbated when old
test data is being examined and there is uncertainty as to hardware configuration at the
time of the test. In this paper a mechanism for introducing a high degree of reliability
in the application of calibration factors is described in an implementation done for
Brilliant Pebbles Flight Experiment Three (FE-3).

Introduction

In order to obtain high reliability in the application of calibration factors, the flight
software producing telemetry data must be tightly bound to the physical hardware
configuration of the spacecraft. In tandem with this, there must be strict revision
control on the flight software and the file maintaining the spacecraft calibration
factors, where particular attention is paid to changes in the calibration file necessitated
by spacecraft hardware modification. Utilities may be developed to select calibration
data that will be applied to uncalibrated telemetered data corresponding to a particular
hardware configuration of interest. These utilities may be accessed by high level data
analysis tools to allow for user transparent calibration of flight or test data.

Flight Software Revision History

In order to bind flight software to a hardware configuration, a new version of the flight
software must be compiled after a hardware modification has been made. This is not
unreasonable to assume if the hardware which has been modified is used by the on
board software in a decision making process (i.e. the calibrations in the flight software
need to be modified). The requirement becomes a nuisance if the hardware that is
modified is merely "blindly" sampled and telemetered. After compilation and linking,



a utility must be run to insert the day, date, and revision number of the flight software
into a designated "blank" area of the executable image. When the flight software is
operating, there will be a requirement to telemeter the contents of this previously
blank location several times during the mission to insure the date of compilation will
be available in the decoded telemetry. After this information is broken out of the
telemetry it can become available to utilities examining the data.

Establishing Rules for Revision History of Calibration Files

Insuring that the correct calibration data is used when performing a calibration,
requires that a correspondence exist between the data to be calibrated and the
calibration factors to be applied to the data. That correspondence may be either a
one-to-one or a one-to-many relationship; i.e. one set of calibration factors being the
correct set to be applied to one or many sets of experimental data. To determine the
correct match, one must know the relationships between all pairs of data and
calibration factors. Often these relationships are known only to the individuals who
have made a specific change in the experimental hardware or software. These changes
may have also necessitated changes to the calibration files. If more than one person
makes these changes, and if many sets of data are generated, then the number of
relationships which need to be remembered becomes large and therefore the
probability of correctly matching the data and its calibration information becomes
small. An automated mechanism which can insure the correct match would greatly
increase the confidence of data analysts when viewing correctly calibrated data.
Figure 1 depicts this process.

The calibration mechanism described here requires:

(1) any software which generates experimental data to be calibrated must
"stamp" the software compilation date into the data set;
(2) the run date, which gives the exact time of the experimental run, must also
be included in the data set;
(3) coordinated revision control of the software and the calibration data and its
correlation to hardware changes are required.

Items (1) and (2) can be fully automated by software given a wall-clock, while item
(3) requires that persons performing the revisions adhere to a standard procedure
described below.

The automatic calibration software calib (a UNIX utility) will use the information
implied from requirements (1) and (2) to determine the correct match between data
and calibration factors. This is achieved by searching for the most recent version of



Figure 1. The Calibration process.



calibration factors that existed in a controlled revision tree equal or prior to the
rundate or the compile date, whichever applies to the datum being calibrated. If the
datum being calibrated is a software only variable (i.e. hardware changes do not effect
this variable), then the compile date should be used; otherwise, the rundate should be
used. This is because a hardware change could have occurred after the software was
compiled and before the run took place, or a hardware change could have occurred
which did not require any changes to the software, and thus a re-compile was not
performed. It is recommended that all project calibration data be stored in Revision
Control System (RCS) files, according to a standard procedure which is described in
this paper. RCS is a set of UNIX utilities which manages multiple revisions of text
files and is commonly available on many UNIX systems. It is also available from the
Free Software Foundation.

Generally, calibration data files will need to be updated when one of the conditions
occurs:

(1) changes in system hardware;
(2) changes in system software or error corrections;
(3) back-annotations or post-modifications to calibration data;

Thus, there will be multiple revisions of calibration data within the RCS file that
correspond to the earlier status of the experimental system (hardware and software). In
order to successfully use the calibration data, one must first determine which revision
of the data is desired, and then "extract" the desired revision from the RCS file. This
could be a difficult job depending on the information available to an analyst
concerning changes and dates of experimental runs.

Procedures for Maintaining a Calibration File Under Revision Control

All calibration data must be maintained under RCS and this is accomplished by
checking-in the file(s) containing the calibration factor data using RCS's ci (check-in)
utility.

A RCS file may be represented as a tree structure which has a trunk, branches and
leaves. RCS is aware of the ancestral relationship between any two revisions (nodes)
in the tree; however, the chronology of the files is merely recorded as an attribute, i.e.
the tree growth is not necessarily ordered by time; rather, by relationships among the
revisions. Further, abuse or ignorance and mis-use of RCS utilities can result in a RCS
tree with an awkward structure and even erroneous dates or other attributes. Thus,
adherence to this standard method is recommended .



Each time a hardware change occurs, a new major revision (new RCS branch) should
be created. This process is performed below on a UNIX system:

% ci -rX.Y EXPERIMENT.cal

Here, X.Y is the new rev ID, and note that X=(previous X) + 1 and Y=0, for each
hardware change. Each time a software change or error correction occurs, a new minor
revision (RCS branch revision) should be created. This is shown below

% ci -rX.Y EXPERIMENT.cal

Here, again, X.Y is the rev ID, and note that X = (previous X), and Y= (previous Y) +
1 for a minor revision.

Hence, a typical RCS tree would have this generic structure:

Notice that normal revisions due to hardware changes or software changes/error
corrections produce a RCS tree with rev IDs that have only two (2) decimal fields; e.g.
1.2.

If it becomes necessary to patch or fix old versions already in the RCS file, then RCS
branches with leaves will be used, which have a RCS revID with four (4) decimal
fields, e.g. 1.2.1.1. The following example assumes a patch to a file with revision
number X.Y:

% co -1 X.Y EXPERIMENT.cal # Check-out rev to be fixed

% vi EXPERIMENT.cal # Use text editor to make
# change



% ci -u -rX.Y.1 EXPERIMENT.cal # check-in corrected ver

Subsequent patches to X.Y branch would be carried out as shown below,

% co -lX .Y.1 EXPERIMENT.cal # check-out most-recent leaf
# in branch X.Y.1

% vi EXPERIMENT.cal # Use text editor to make
# change

% ci -rX.Y.1 EXPERIMENT.cal # check-in corrected version
# as new leaf in same branch

Note that the check-in rev ID is "X.Y.1" (no matter how many times this branch has
been patched) so that RCS will check-in this patched revision with the next numbered
sequence at this branch starting with X.Y.1.1.

Hence, the aforementioned RCS tree with hardware changes, software changes/error
corrections and patches, would have this generic structure:

It should not be necessary to create more than one branch at any trunk node. Doing so
would unnecessarily complicate any later extraction.

A Practical Example, the FE-3 Experiment

The calibration concepts discussed above were implemented for the third flight
experiment in the Brilliant Pebbles test program (known as FE-3). The goal of the



Brilliant Pebbles Program was to demonstrate an autonomous interception and
destruction of a sub-orbital thrusting target by a light weight sub-orbital spacecraft.

The FE-3 Flight Software

The FE-3 flight software had access to thirty analog devices which required
calibration (excluding cameras). Of the thirty analog devices, only six were actually
used by the flight software in a decision making process. The other twenty-four
channels were merely sampled and telemetered. After the compilation and linking
process, a utility called dmsstamp was employed to place time, day, date, user name,
and variant (version) information at a pre-established location in the executable image.
The information at this location was periodically telemetered during the the mission
experiment. The telemetry decoder extracted this information during mission post
processing and placed the time stamp data in a break out file. Another utility
getCompileDateNTime extracted this information from the break out file and output
the compile date and time information to standard output. Thus, this information could
be piped to other utilities for their use.

FE-3 Calibration Files

The calibration file format used for the FE-3 experiment is shown below,

# LLNL Unit Calibration File
# $Id: probeLLNL.cal,v 1.4 92/08/06 16:14:30 kal au16 $
#
analCpuA
time 0
qotdata 0
samplesA 0
pumpedHydrazinePres 1 -.9214467 1884.941 "PSI (LSB=.921)"
excite1ChkVoltaqe 1 -.009768 20 "Volts (LSB=.00977)"
accelX 1 -.002429853 4.975 "Gs (LSB=2.43e-3)"
accelY 1 -.002429853 4.975 "Gs (LSB=2.43e-3)"
.
.

Calibrations were defined with respect to the packet type which contained the data
variables to be calibrated. In the fragment shown above, the calibrations for data
variables gotdata, samplesA, pumpedHydrazinePres, excite1ChkVoltage, accelX, and
accelY are given for packet ANALOG_CPU_A. The first field references the variable
to be calibrated, the second field indicates the calibration method to be used, the next
fields contain the calibration factors themselves (the number of these fields is
dependent on the calibration method used, e.g. linear, cubic, etc), the next field is a
text string that describes the units of the variable after it has been calibrated.



Comments can be includes anywhere in the file as long as they are preceded by the
"#" character. There were four calibration files maintained, each corresponding to a
distinct FE-3 vehicle,

probeGTU.cal Prototype vehicle at flight integrator facility
probeLLNL.cal Prototype vehicle at Lawrence Livermore.
probeFLT.cal Flight vehicle.
probeNTS.cal Test vehicle at Nevada Test Site.

A Utility to Extract Calibration Files: cobydate

Cobydate is a UNIX utility to check-out RCS revisions, similar to RCS's "co"
utility-----only with some special provisions for finding a revision based only on
"date/time"; specifically,

It does this by making an assumption that the user wants the most recent
revision (highest numbered revision) in any branch whose main trunk node was
checked-in equal or prior to date.

This was done by dumping the rlog of the RCS file into a temporary file, then
looking through the rlog dump at the various trunk nodes, searching for the
trunk node created equal or just prior to date, and then determining if that trunk
node has any branches.

If the trunk has branches, then the most recent leaf node (highest numbered
revision in this branch) is extracted from the RCS file; otherwise, the trunk node
is extracted.

The extracted revision is checked-out "unlocked".

If no trunk nodes qualify, based on the date given, then no action is taken, and a
message is written to standard output.

Although cobydate was written originally to handle FE-3 calibration data, it has a
broader general applicability to any experimental data tracked by the methods
described in this paper.

Cobydate was written in ANSI-C and relies upon RCS's "co" and "rlog" utilities. It
also incorporates RCS's free-format data/time parser to convert user supplied dates
into internal format for comparisons. It correctly handles date/time conversions and
accounts for leap years, daylight savings time and time zone differences. An example



of cobydate usage is shown below. Assume the user had data he/she wished to
calibrate from a run on the flight integrator's prototype unit that took place on July 5,
1992 at 10:02 a.m.

% cobydate -p probeGTU.cal "7/5/92 10:02 am" >probeGTU.cal.7.5.92a

This command line will create the file "probeGTU.cal.7.5.92a" containing the correct
calibration factors for a run which took place at that time.

Stand Alone Calibration System

There are two approaches to calibration application. One is for the user to take
uncalibrated data into an analysis tool and calibrate it there as a preliminary step to
further analysis. The other is to calibrate with a stand-alone utility, such that data files
so calibrated may then be analyzed with different analysis tools and perhaps by
different users. To support the latter approach, a command-line utility named calib
was developed. This utility calibrates one data file at a time. It relies on the extraction
utility described earlier to scan a calibration file (.cal file) specified by the user, for
information on whether and how to calibrate each of the variables found in the data
file. The input file and the calibration file are specified on the command line as
follows:

calib <input_data_file> <calibration_factors_file>

e.g.

% calib r07.05.92a.analoqCpuA.pl probeGTU.cal.7.5.92a

or,

calib <input_data_file> -<hardware_type> <date> (alternate form)

e.g.

% calib r07.05.92a.analoqCpuA.pl -qtu 7/5/92

The first syntax form may be used independently of the checkout system, so long as
the calibration factors file is of appropriate format. The alternate form can be used
only if the calibration factors file is coming from the checkout system and the user
wishes calib to call cobydate on his/her behalf.



The Input data file must conform to a custom format created by the FE-3 telemetry
decoder tdfe3. In this format, like many other ASCII time-series files, data records are
lines of ASCII characters; when listed, they show values for time and data variables in
distinct columns across the display (separated by white space). Any data file in this
format can be calibrated with this utility, provided the data records are preceded by
two header records: one lists the name and data type for the time variable and all data
variables, in the same order their values appear in each data record; the other marks
the end of header.

Calibration inside an Analysis Tool

There is one drawback to calibrating data prior to analysis session(s). That is: a
calibrated data file kept around becomes outdated, as soon as the calibration factors
file gets updated with changes (correcting for typographic or sensor calibration errors)
-- resulting in a new revision for the desired hardware version. For this reason, FE-3
analysts were provided with the option of having data calibrated at the time of
analysis. The FE-3 data analysis tool, TADA, was modified so that it would call
cobydate the way calib did. It would retrieve the latest revision of the calibration
factors file for the hardware type and version that was used to generate the data set
being analyzed. TADA would initiate calibration of the data accordingly, each time the
user selected a set of variables to plot (which needed to be calibrated) .

Calibration in this manner may be characterized as "calibrating data as needed on the
fly". It is transparent to users. As implemented in TADA, it incurs processing time that
is hardly noticeable to users, even in the fast-paced context of a window-based user
interface which TADA offers. One major reason accounting for this favorable
performance is that TADA's input function is quite fast in itself. (Also, TADA limits
the number of graphs to four in a plot). TADA inputs data quickly, because it presumes
that someone has taken time to convert the data files (of a new data set) from the
ASCII format (which is human readable) into a "variable contiguous" binary format
(which is machine efficient), that it requires. This concept was developed by the
Brilliant Pebble's flight integrator, Ball Aerospace Group.

Conclusion

Binding flight software compile times to hardware configurations and maintaining
strict revision control of calibration factor change necessitated by hardware
modification provide the links needed to produce a reliable automated calibration
system. The key to the capability of the system lies in the utilities (cobydate) which
select the appropriate calibration file in light of the flight software compile time and



apply the calibrations (calib). These concepts were used in the automated calibration
system implemented for the Brilliant Pebbles Flight Experiment Three experiment.
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ABSTRACT
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INTRODUCTION

Since the first strategic arms limitation treaty (SALT I), the United States has
acquired, through its national technical means of verification (NTM), ballistic missile
telemetry, and analyzed the telemetry to contribute to the United States' ability to
provide "adequate verification" of Soviet compliance with certain treaty provisions. In
the 1980s, the Reagan Administration superseded the standard of "adequate
verification" with a more demanding one, "effective verification," and the political
importance of unimpeded and cooperative access to ballistic missile telemetry grew .
Subsequent strategic arms reduction negotiations between the U.S. and the Soviet
Union reached agreement and was codified in the Strategic Arms Reduction Treaty
(START I). Embodied in the treaty are the most transparent and cooperative measures
ever negotiated dealing with the subject of strategic ballistic missile telemetry.

"ADEQUATE VERIFICATION" & TELEMETRY -- THE EARLY YEARS

From 1963 until the U.S. Senate refused to ratify the SALT II agreement in 1979, U.S.
arms control verification policy had been guided by the standard of "adequate
verification." Defined in the Arms Control and Disarmament Act and subsequently



affirmed by Presidents Nixon, Ford and Carter and Soviet leader Brezhnev, the
principle meant that the terms of an arms control agreement must facilitate a level of
verification which would assure with high confidence that compliance could be
determined to the extent necessary to safeguard national security. Also, it meant the
verification regime must be adequate enough for the Parties of the treaty to detect
violations early enough to permit an appropriate response. In these early years, the
secretiveness and closedness of the Soviet society meant the principle burden for
monitoring compliance with the negotiated terms of agreement was through NTM.
NTM involves a combination of capabilities -- including reconnaissance satellites,
ships, aircraft and ground stations that are used to monitor strategic ballistic missile
tests.

The SALT I Treaty, entered into force in 1972, capped each side's building program of
strategic ballistic missile launchers, but placed no limits on strategic ballistic missiles
(SBMs). To ensure that adequate verification was achievable, the treaty required the
Parties refrain from any activity that would interfere with each other's NTM. Not until
negotiations in SALT II were qualifications imposed upon SBMs. Again existing
NTM was to serve as the principle method for monitoring compliance. From an
analysis of the acquired telemetry from SBM flight tests, the U.S. could confirm, to a
degree, compliance with the provisions limiting, for example, reentry vehicle
fractionation (e.g., flight testing of existing types of missiles with no more than the
maximum number of RVs already flown with) and ICBM modernization (e.g., throw-
weight, range, launch-weight, number of new types of missiles and fuel).

With qualifications imposed upon SBMs, it became quite significant to ensure
unimpeded access to ballistic missile flight test telemetry necessary to verify the
provisions of the treaty. Encryption of telemetry is one form of denying access. As the
SALT II treaty was being negotiated, a U.S. concern grew with the emerging Soviet
practice of encrypting telemetry on their ballistic missile test flights. Unless this
practice was either limited or prohibited, the U.S. government believed "adequate
verification" could not be served. In 1979, the sides reached a qualified agreement in
SALT II which permitted encryption of ballistic missile telemetry as long as it didn't
impede verification.

SALT II was never ratified by the U.S. in part because its critics felt it was neither
verifiable nor in the U.S. national security interests, and because of Soviet aggressive
behavior in Afghanistan. However, the sides agreed to refrain from doing anything to
undercut the provisions of the treaty. This included, of course, the provisions not to
impede NTM and to limit ballistic missile encryption. Subsequently, the Soviet Union
heavily encrypted SBM telemetry, and the U.S. Government accused them of
violating their obligation to limit their ballistic missile encryption. The Soviets



challenged the accusation requesting specific details while arguing encryption was
permitted by SALT II (Article XV, Second Common Understanding). The U.S. found
itself in the position of either compromising telemetry collection capabilities (i.e.,
"sources") and complex telemetry data analysis "methods," or remaining assertive. It
chose the latter, and the dispute remained unresolved. Clearly, the dispute could have
been avoided had SALT II established precise limits on the use of encryption. But this
effort would have to wait for another era -- a more open era in U.S. - Soviet relations.

Before returning to the negotiating table to discuss the next step in strategic arms cuts,
the Reagan Administration embarked upon a strategic modernization program to
restore the strategic balance. This perceived strategic imbalance was also attributed as
a factor in the "fatally flawed" SALT II Treaty (e.g., lax standards of verification), and
cause of the lack of U.S. political will to challenge the Soviet arms control compliance
record on a number of issues. In fact in December of 1979, the Senate Armed Services
Committee in a report on the military implications of the proposed SALT II treaty
concluded the treaty wasn't in the national security interests of the U.S. One reason
given in the report was again the belief that many of its provisions were unverifiable.
In effect, that report was the obituary for the principle of "adequate verification." The
Reagan Administration was determined to rectify this problem, as well as other
problems found in the treaty.

"EFFECTIVE VERIFICATION" MEANS INTRUSIVE VERIFICATION

In 1981, the Reagan Administration heralded that future arms control agreements
embodying deep, meaningful reductions must reflect a stringent verification regime
that would enable political judgments to be made promptly on the basis of
unambiguous evidence. Officially called "effective verification," it grew over the
years, through the subsequent START negotiations, into an elaborate web of
constraints including NTM, access to SBM telemetry, data exchanges, on-site
inspections, notifications and other confidence building and cooperative measures.
What enabled the eventual attainment of effective verification was the
uncompromising U.S. view that verification is in the interests of both sides.
Furthermore, it would provide an adequate evidential base on which to assess
compliance and, if necessary, formulate proportional responses to violations. As such,
bringing it to fruition was not subject to concessions made elsewhere in the
negotiations.

In 1989, the Bush Administration completed its own end-to-end review of the START
process. Since the U.S. and Soviet Union had agreed by then on the general
framework of the deep reductions in strategic offensive arms, the Bush Administration
worked toward ensuring the eventual treaty would clear the ratification process. This



entailed focusing on negotiating the details of the intrusive verification regime. In
June, President Bush announced his commitment to negotiate the details of a series of
"verification and stability measures (VSMs)" for early implementation and subsequent
inclusion in the START Treaty. One of these VSMs involved halting all SBM
telemetry data denial including the use of encryption. Though early implementation
was never realized before the final treaty was signed, the sides agreed to implement,
before the ratification process began, a number of provisions related to START's
transparent verification regime on ballistic missile telemetry.

EARLY IMPLEMENTATION OF START's TELEMETRY PROVISIONS

The START Treaty was signed in July of 1991. As part of the treaty, the U.S. and the
Soviet Union agreed to refrain from encrypting SBM telemetry by 120 days after
treaty signature for a duration of up to one year or until entry into force of the treaty
(EIF) occurred, whichever occurred first. However, the treaty has not entered into
force at the time of this paper, and over a year has past since the ban was instituted,
but the successor states to START (U.S., Russia, Belarus, Kazakhstan and Ukraine)
have agreed to an extension. The types of missiles affected by the ban include all
existing SBMs, former types of SBMs (i.e., Minuteman I and Polaris A-3) and space
launch vehicles that use the first stage of a SBM or former type SBM. After EIF, the
sides would be permitted to employ encryption and encapsulation of telemetry on a
very limited and restricted basis.

The greatest verification accomplishment related to telemetry has to be the agreement
to exchange, after each flight of a SBM or space launch derivative launched following
EIF, a complete set of telemetry recordings of the on-board measurements generated.
Along with the recordings, each side will provide telemetry tape interpretive data and
an acceleration profile which may assist the recipient to analyze the recorded data and
facilitate verification of the treaty's provisions (e.g., throw-weight, number of reentry
vehicles [RVs] flown, etc.). Even though the sides must also provide the RV telemetry
tapes, as a cooperative verification and stability measure, they will not provide its
interpretive data, as this data is not relevant to verifying the provisions of the treaty,
and both sides have legitimate national security concerns. There is an exception to the
definition of complete set of tapes. Once the payload of a treaty accountable space
launch vehicle achieves orbit or escape velocity, the payload's data is not applicable
for START verification and any recordings made remain proprietary.

To ensure the parties are able to play back each others recordings received after EIF,
the sides are also obligated to conduct, before EIF, a demonstration of their telemetry
tape playback equipment (sans telemetry analysis equipment) and to provide an
illustrative example of both an interpretive data document and an acceleration profile.



Upon request by the observing party, the demonstrating party must make available for
purchase the equipment demonstrated. Both sides have conducted appropriate
equipment demonstrations, telemetry seminars (i.e., explained recording practices and
formats, and interpretive data document and acceleration profile construction) and
exchanged illustrative documents and profiles. Additionally, the sides have requested
and have had installed a set of each other's appropriate telemetry playback equipment.

The knowledge, confidence and expectations derived from these early cooperative
activities facilitated U.S. and likely also, Russia's ratification process. Russia ratified
the treaty on November 4 1992, while the U.S. Senate gave the President its advice
and consent on October 1 1992. After the dissolution of the Soviet Union in December
1991, the republics of Russia, Belarus, Kazakhstan and Ukraine agreed to become the
former Soviet Union successor states for START I Treaty implementation and
compliance. At the time of this writing, START EIF was pending Ukrainian
ratification of START, and their accession to the Treaty on the Non-Proliferation of
Nuclear Weapons.

START's " EFFECTIVE VERIFICATION" TELEMETRY PROVISIONS

Article IX of the START Treaty establishes the right to employ NTM to monitor
treaty compliance, and bans activities that would interfere or impede verification
--similar to what was codified in past arms limitation agreements.

Article X of the START Treaty establishes the basic framework of constraints and
entitlements concerning SBM telemetry. The telemetry provisions of the treaty apply
to all SBMs, former type SBMs and those space launch systems derived from SBMs,
as previously identified The following is a brief synopsis of these provisions:

During a launch of a treaty accountable missile system "shall make on-board
technical measurements and broadcast them." This precludes "silent" launches
(e.g., a flight on which no measurements are broadcast) or the incorporation of
other types of telemetry data denial architecture, and it facilitates each sides NTM.
Implicit within the Article is also the obligation for the testing party to record all
telemetry broadcast, and to provide the monitoring party a copy of the complete
set of recordings obtained.

It specifically prohibits an array of means that could interfere with access by NTM
to the on-board measurements broadcast. These prohibitions include encryption,
jamming, narrow directional beaming, encapsulation and transmission of booster
and post-boost vehicle data through any telemetry link on-board an RV. The latter
is of particular concern since as mentioned before, interpretive data provided after



the flight does not apply to RV telemetry in order to permit protection of
legitimate national security interests.

There are a limited number of yearly exemptions permitted to employ encryption
and/or encapsulation. These exemptions are heavily qualified to preclude abuse of
the privilege. The parties may only encrypt telemetry that originates from the
missile's front section, and that encryption may only occur after it separates from
either the final stage or the post-boost vehicle.

The Telemetry Protocol to the Treaty incorporates detailed provisions relating to
access to telemetric information. The following is a brief synopsis of the key
provisions:

With each telemetry tape provided after a flight, the testing party will attach a tape
summary document, that describes the tape, its content and recording
methodology, to facilitate play back of the tapes on the set of equipment
previously provided to the recipient Party of the tapes. The reason for any
recording gaps or inferior quality would be explained on the summary document
as well.

Should a Party incorporate new telemetry playback equipment technology that
uses a recording medium incompatible with the playback equipment previously
demonstrated, the Party is obligated to conduct a demonstration of the new
equipment before the flight, and subsequently make it available for purchase.

If a Party only changes how it records its telemetry on tape, and it still plays back
on the demonstrated playback equipment, the Party only has to explain the change
in advance of the flight test -- enhances predictability and confidence.

The telemetry interpretive data documents must contain information about the
format of the telemetry frame and methods of encoding, where to find and how to
read the telemetry related to acceleration and separation times of the stages and
the PBV and time(s) of RV separation command(s) and release(s).

Along with the interpretive data document the testing Party must generate and
provide an acceleration profile which is an additional confidence building measure
to facilitate the job of analyzing throw-weight demonstrated and verifying the
number of RVs released.

Encapsulation of telemetry data (i.e., recording telemetry on-board for subsequent
retrieval of the recording medium) may only be used on a limited number of



occasions, and it's further restricted for use only on RVs during the plasma phase
of flight. Even so, a copy of the data (if retrieved) must be included in the
complete set of data. One exception to this encapsulation rule applies to MM II
flight tests. However, at this time the Air Force has no plans to flight test the MM
II with this recording technology.

Encryption is numerically limited on flights of all former (i.e., MM I & Polaris
A-3), retired (none exist as of this writing) and on one existing (i.e., yet-to-be
determined whether MM II/III, Peacekeeper, C-3, C-4 or D-5) type of SBM. A
notification of intent to encrypt on a specific launch must be made to the
monitoring Party at the same time a notification of intent to conduct a launch is
made. Such notification is made in accordance with the Notification Protocol to
the Treaty, and it facilitates NTM involvement. As stated before, only the TM
from the front section or its elements may be encrypted. This ensures the
monitoring Party receives all the telemetry necessary for verification.

ROLE OF JOINT COMPLIANCE & INSPECTION COMMISSION (JCIC)

Questions and concerns involving the telemetry practices and data exchanged are
bound to be raised by the Parties. To facilitate conflict resolution the treaty established
the JCIC to address all issues related to the treaty. It convenes in Geneva, Switzerland
at the behest of the Parties and may be used to improve the viability and effectiveness
of the Treaty. However, the JCIC can't be used to authorize changes to the Treaty that
affect substantial rights or obligations.

START II

With the dissolution of the Soviet Union, the START I Treaty became a multilateral
treaty between the U.S., Russia, Belarus, Kazakhstan, and Ukraine. By the end of
seven years after EIF, only the U.S. and Russia would possess the remaining strategic
offensive arms defined by the treaty. START II continues the process between the
U.S. and Russia toward further strategic stability and reducing the risk of war through
deeper cuts in strategic offensive arms and eliminating ICBMs equipped with multiple
warheads. The Treaty preserves the same verification provisions of the START I
Treaty regime, particularly the role of ballistic missile telemetry. Instead of using the
multilateral-oriented JCIC forum for conflict resolution, a new bilateral forum, the
Bilateral Implementation Commission, was established.



CONCLUSION

The specific telemetry requirements of the Treaty, along with delineated
responsibilities are embodied in the Services' (Air Force and Navy) telemetry
compliance plans. Prior to each flight of a missile based upon a START-accountable
booster, the operation is reviewed by the lead Service and the Office of the Secretary
of Defense for treaty compliance. A potential range user, intending to fly a program
employing the accountable stage of a strategic ballistic missile, first becomes
comprehensively cognizant of the treaty obligations and constraints when they meet
with either a Service program manager or the applicable test range/space launch
facility personnel to arrange for launch service. An illustration of range interface is
addressed in Mr. Jeff Diez's article entitled "Harmonization: The Western Range, Its
Users and START."
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ABSTRACT

The Strategic Arms Reduction Treaty (START) introduces an important new
element into the Mission planning and operation processes of the Western
Range and its users. In the past, safe and successful completion of a ballistic or
space operation was the primary mission of the Range. Under START, the
Western Range has the added responsibility of playing a major role in the
verification process necessary for a safe reduction of the world's ballistic
nuclear weapons. This paper describes the impact of the Treaty on both the
Western Range and its users while outlining how the Range has adapted to
meet the challenges introduced by the Treaty.
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INTRODUCTION

The United States Air Force (USAF) faced with the challenges of implementing
and complying with the provisions of the START Treaty completed a series of
dry runs and procedural analyses that resulted in the compilation of a START
Telemetry (TM) Compliance plan. This plan outlines the procedures and checks
required to ensure the Air Force fully complies with all telemetry aspects of the
Treaty. This paper follows the Treaty compliance and implementation process
for a typical START-accountable launch from Vandenberg Air Force Base. The
process is described from Range program introduction through delivery of the
end data products to the Former Soviet Union (FSU).



PROGRAM INTRODUCTION

A Range START Telemetry Office (STO) was created to work with the Air Staff
to help ensure all Air Force telemetry obligations under the Treaty are fulfilled.
The Range STO serves as a central clearinghouse for Treaty TM information
and deliverables for each flight. The Range STO reviews all START TM
deliverables and notifications for proper form and technical content.

The Range STO works interactively with a Missile Program Office (MPO) from
Program introduction to months beyond the flight to ensure all telemetry
notifications, demonstrations, and products are properly made and on schedule.
The MPO must provide a point of contact (POC) for START telemetry issues, at
least one year prior to flight, to work with the Range. This POC must have the
resources and authority available to ensure all MPO Treaty telemetry obligations
will be satisfied.

MISSION PLANNING

The Range works interactively with the MPOs to develop the operational plan
for a particular mission. The Range inputs to the operational plan weigh safety,
cost, and schedule against the support required to meet Mission objectives and
Range services required to meet Program objectives. The Range STO ensures
all START telemetry requirements are properly documented in the Universal
Documentation System (UDS). The UDS is a series of itemized requirement
listings used by Ranges to ensure all Mission requirements are identified,
understood, and completed.

The Air Force must record all telemetry broadcast during flight to satisfy START
requirements. Therefore, some flights will have TM and Metric coverage in
addition to that required by Range Safety and the MPO. The USAF must provide
three chief products for each flight: an acceleration profile, interpretive data for
the booster and post boost vehicle (PBV), and a complete set of telemetry
tapes. In addition to these products, several notifications and a demonstration of
any new equipment needed to playback the provided telemetry tapes are
required.

PREFLIGHT INFORMATION FLOW, COORDINA TIONS, AND
DEMONSTRA TIONS

The USAF START TM Compliance Plan was written to ensure all Air Force
launches are fully compliant with the TM aspects of the Treaty. The checks and



balances developed as the result of over 18 months of planning and dry runs
are comprehensive, logical, and straight forward.

The Range STO evaluates Mission and Program TM requirements for START
and Range impacts. The Range STO, working in conjunction with Air Staff and
the MPO, verifies all preflight coordinations and demonstrations have occurred
and preparations to satisfy all flight and post flight requirements are in place.
When faced with a new or unique requirement, the Range STO provides
technical recommendations to Air Staff and the MPO. Air Staff will provide
managerial guidance and Treaty interpretation, as needed. The process and
schedule used by the USAF to ensure compliance are expanded on in the
Scheduled Actions section of this paper.

THE LAUNCH

The Range will obtain and provide all the Mission requirements to include those
required by START and Safety. TM and Metric data, previously planned in the
UDS, will be received and recorded for the duration of the Mission. For the vast
majority of flights, Range sensor reliability and redundancy will be able to
provide complete coverage from launch to splashdown. In the unlikely event of a
last minute collection site failure that may cause a gap in coverage, the flight will
not be postponed for START. Any resulting periods of missing or inferior quality
TM recordings will be annotated on the appropriate tape summary in
accordance with the Telemetry Protocol of the Treaty.

TAPE COLLECTION, DATA PRODUCTION, AND ANALYSIS

The data production processes needed for START TM compliance begin as
soon as a flight ends. A large number of data items must be produced, quality
controlled, and delivered. A major task is gathering a copy of all telemetry tapes
made during a flight. Some flights will require the collection of as many as fifty
tapes. For a typical flight this involves several weeks as tapes must be delivered
not only from nearby Vandenberg and Pillar Point Telemetry Receiving Stations
located in California but also from sites located in Hawaii and the South Pacific's
Marshall Islands.

After delivery to Vandenberg, the quality of all tapes made during the flight are
thoroughly analyzed to determine: signal to noise ratios, bit error rates, and
periods of inferior quality or missing recordings. All tapes recorded must be
examined before a decision can be made which tracks represent the best
recording of a link at each site. The best tracks are then copied to new tapes.
When none of the tracks made during a flight contain a usable recording of a



link for a period of time, that period of time is identified and an explanation is
provided on the appropriate START tape summary. The START tape summary
required for each delivered tape also includes a variety of additional information
about the telemetry links and their associated recordings. Illustrative tape
summaries for predetection and video tapes are included on pages A-1 and A-2,
respectively.

Data required to generate a tabular acceleration profile is extracted from the
booster/PBV TM and Metric data tapes as they become available. The primary
purpose of the acceleration profile is to roughly characterize booster
performance to facilitate detection of the use of new or changed boosters. Page
A-3 contains an illustrative tabular acceleration profile in the START format. The
profile is provided at 5 samples per second, to a 0.05 meter per second
resolution, and in an Earth Centered Inertial (ECI) coordinate frame. The Treaty
requires no correlation between this tabular acceleration profile and the profile
the FSU may create using information in the Interpretive Data though a rough
check of accuracy is possible by comparing magnitudes of the accelerations at
any given time.

DATA DELIVERY AND FOLLOW ON SUPPORT

Due to their extreme importance, all Treaty required data products would be
examined by and coordinated with the Range's START Telemetry Office and the
Air Staff prior to delivery to the State Department. The data products must be
delivered to the FSU within fifty days after a launch.

Many questions from the FSU concerning the deliverables and their format are
anticipated. Prior to Treaty Entry lnto Force (ElF) much discussion concerning
the products occurred. Illustrative examples and demonstrations between the
sides answered many of the initial technical questions but potential problems
remain. After ElF, when both sides take delivery of products containing actual
data, the products will not only be compared to that anticipated but will also be
subject to validity checks by in-depth engineering analyses and National
Technical Means (NTM).

SCHEDULED ACTIONS

The following is a summary of the timetable of events that the Air Force will use
to ensure full compliance with all telemetry aspects of the Treaty.



Deadline Action

before occurrence MPO receives approval from HQ

l year prior to flight MPO provides Range a START TM

1 year prior to flight Range provides 1 year schedule of

1 Year prior to flight Range/MPO notifies HQ USAF/XOXl

180 days prior to flight MPO coordinates with HQ
prior USAF/XOXI to use of encapsulated

90 days prior to flight Range reviews TDD and provides

75 days prior to flight Range/POC notifies HQ USAF/XOXI

30 days prior to flight Range or MPO provides a

30 days prior to flight Range provides an outline of

USAF/XOXI prior to transfer of any
USAF START-accountable boosters
to another government or private
agency.

POC

launches to HQ USAF/XOXI.
Schedule includes any intentions for
encryption and/or encapsulation.

if any anticipated recordings will
require new playback equipment.

TM recordings.

acceptability statements to HQ USAF
/XOXl.

if using a new TM recording format.

demonstration to the FSU if any new
equipment is required to playback
delivered TM tapes.

planned TM coverage to HQ
USAF/XOXI. Coverage for all TM
broadcast must be planned.



30 days prior to flight MPO provides a complete list of all

5 days prior to flight MPO provides a complete list of all

5 days prior to flight MPO provides the Range and HQ

24 Hours prior to flight Range sends flight notification to HQ

24 Hours prior to flight (NRRC) in Washington D.C. sends

during flight Range/MPO record all TM

1 - 15 days after flight Recording sites deliver TM tapes to

TM recordings it will make during
flight to the Range.

TM broadcast frequencies,
modulation types, and a whether any
encryption and/or encapsulation will
be used during the flight to the
Range.

USAF/XOXI a written notification that
states all preflight START TM
compliance requirements have been
fully satisfied and provisions have
been made to ensure all MPO
START telemetry responsibilities will
be met.

USAF/XOXI that contains all TM
broadcast frequencies, modulation
types, and whether the flight includes
encryption and/or encapsulation .

Nuclear Risk Reduction Center

to the Russian NRRC a launch
notification which also contains all
TM broadcast frequencies,
modulation types, and whether the
flight includes encryption and/or
encapsulation.

broadcast.

Range.



1 -39 days after flight Range/MPO produce and review

40 days after flight Range delivers of all START

40-49 days after flight Washington reviews START

50 days after flight Washington delivers START

50 + days after flight Range/MPO provide ongoing

START deliverables.

products to HQ USAF/XOXI.

deliverables.

products to FSU.

production and technical support to
respond to any questions raised by
FSU concerning delivered products.

CONCLUSION

START has changed the nature of the United State's missile and space program
at the Western Range. The Air Force's START Telemetry program is playing a
major role in fostering trust, confidence, and facilitating a verification regime
between the United States and the Former Soviet Union, permitting a safe and
verifiable reduction of both side's nuclear arsenals.

Illustrative START Predetection Tape Summary

 1. Missile: Minuteman III, W1234
 2. Date of Flight: 25 Jun 1999
 3. Tape Number: 1 of 8
 4. Recorder Type: Metrum 97 compatible
 5. Recording Speed: 120 ips
 6. Track Information:

Track 1 = Blank
Track 2 = Site A
Track 3 = Site A - Timing (IRIG A)
Track 4 = Blank
Track 5 = Site B
Track 6 = Site B - Timing (IRIG A)
Track 7 = Tape Servo
Track 8 = Blank
Track 9 = Site C
Track 10 = Site C - Timing (IRIG B)



Track 11 = Blank
Track 12 = Blank
Track 13 = Blank
Track 14 = Blank

 7. Record Period: 23:30.2 - 23:42.8 UTC
 8. Record Mode: Direct
 9. Broadcast Frequency: 2205.5 MHz
10. Encoding Method: N/A
11. Recording Format: N/A
12. Explanations of Periods of No or Poor Quality Recordings: N/A

Illustrative START Video Tape Summary

 1. Missile: Minuteman III, W1234
 2. Date of Flight: 25 Jun 1996
 3. Tape Number: 8 of 8
 4. Recorder Type: Super VHS
 5. Recording Speed: SP
 6. Track Information:

Track 1 (Left Audio) = Site D - Timing (IRIG B)
Track 2 (Right Audio) = Site D - Timing (IRIG B)
Track 3 (Video) = Site D
Track 4 (Left Hi-Fi Audio) = Blank
Track 5 (Right Hi-Fi Audio) = Blank
Track 6 (Control Track) = Tape Servo

 7. Record Period: 23:31.8 - 23:36.6 (UTC)
 8. Record Mode: Super VHS/SP
 9. Broadcast Frequency: 2275.5 MHz
10. Encoding Method: N/A
11. Recording Format: Super VHS
12. Explanations of Periods of No or Poor Quality Recordings: N/A

Illustrative START Acceleration Profile

1. Missile: Minuteman III, W1234
2. Date of Flight: 25 Jun 1996
3. Profile Duration: 23:30.2 - 23:36.2
4. Profile Type: Sensed
5. Coordinate System: Earth Centered Inertial
6. Units of Acceleration: Meters/Second/Second



7. Profile:

T Plus Time (sec) EC1 EC2 EC3

0.0 1.45 2.60 3.65
0.2 1.60 4.15 5.30
0.4 1.45 3.85 7.20
0.6 1.50 2.60 8.95
0.8 1.55 2.20 9.10
1.0 1.45 1.80 10.25
1.2 1.35 1.25 11.75
1.4 1.25 1.10 12.10
1.6 1.10 0.75 13.25
1.8 1.05 0.50 14.10
2.0 1.10 0.25 14.50
2.2 1.20 0.10 14.60
2.4 1.15 -0.15 15.05
2.6 1.25 -0.25 15.45
2.8 1.30 -0.35 15.75
3.0 1.35 -0.45 16.00
3.2 1.45 -0.55 16.05
3.4 1.35 -0.65 16.05
3.6 1.40 -0.65 15.45
3.8 1.50 -0.50 14.75
4.0 1.65 -0.20 14.05
4.2 1.60 0.15 12.35
4.4 1.55 0.15 10.75
4.6 1.55 0.10 9.80
4.8 1.50 0.05 9.55
5.0 1.45 0.00 9.10
5.2 1.40 -0.05 8.65
5.4 1.45 0.00 8.45
5.6 1.40 0.05 8.50
5.8 1.40 0.10 8.40
6.0 1.40 0.00 8.45
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ABSTRACT

The US Air Force is required to protect the lives of individuals and property in areas
potentially hazardous as a result of launch vehicle failures occurring from Vandenberg
AFB, California. This paper describes the application of modern telemetry processing
equipment to the Range Safety function.
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INTRODUCTION

In order to assure the safety of personnel and property in surrounding areas, the 30th
Space Wing, AFSPACECOM, requires replacement of aging telemetry equipment
currently installed at Vandenberg. The new equipment, designated the Range Safety
Telemetry System (RSTS), is Commercial-Off-the-Shelf hardware and software with
software enhancements to perform Range Safety telemetry processing for various test
vehicles flown at Vandenberg and off the west coast over the Pacific ocean. The
primary function of the system is the extraction, conversion and output of Telemetered
Inertial Guidance (TMIG) data for the Western Range Flight Safety Center (WRFSC).
In addition, analog and discrete data is extracted from the input telemetry stream and
output for observation on the existing Telemetry Data Display System (TDDS). The
RSTS processes telemetry data to determine that acceptable flight safety conditions
exist prior to launch and during flight of ballistic missiles and space launch vehicles.



SYSTEM FEATURES

The RSTS, undergoing design development by ITT Federal Services Corporation for
delivery in 1994, is composed of two independent Veda Systems telemetry stations,
each with redundant Pulse Code Modulation (PCM) stream processing capability
which share an Interface Patch Bay assembly. Each telemetry station is configurable
to accept up to two PCM streams (or two Pulse Amplitude Modulation (PAM) data
streams converted to PCM) and one Frequency Modulation/Frequency Multiplex
(FM/FM) input stream and process all of these as one telemetry processing
configuration within a telemetry station. Each of the two PCM bit synchronizers in a
telemetry station will process bit rates of up to 20 Megabits/second. Embedded or
asynchronous data streams can be supported as well as two levels of subframe
(subsubframe). Up to 16 input channels of FM analog data is digitized at rates that are
individually programmable. A total of 500,000 samples/second can be ingested for
engineering unit conversion and archival by each telemetry station.

The RSTS supports engineering unit conversion from 1st through 9th order
polynomial conversions, table lookup to 256 point pairs as well as user definable
engineering units conversion. The system provides a comprehensive derived
measurement calculation capability. Up to 65,000 measurands can be processed by a
RSTS telemetry station.

The RSTS provides graphic displays on Silicon Graphics workstations capable of
scrolling plots, tabular test data and bar graphs. The displays are capable of
simultaneously outputting data in various formats as programmed by the user through
the systems' Telemetry Parameter Database.

The RSTS supports the high-speed recording of raw data for either post-test analysis
or immediate retrieval. The User may recall display data for a second look at a critical
sequence of events. In addition, the User can request subsets of the recorded data for
observation, merging with other data, or further analysis and plotting using
off-the-shelf software.

Telemetry outputs from each RSTS Telemetry Station consists of data on RS-232C
lines to the Metric Data Processing System (MDPS) and the Telemetry Data Display
System (TDDS) within the WRFSC.

SYSTEM ARCHITECTURE

The RSTS Telemetry Front-End (TFE) equipment is manufactured by Veda Systems
Incorporated which uses three Silicon Graphics Incorporated (SGI) model 4D-V30/35



processors internally mounted on a VME platform in each TFE. The Iris Indigo
workstations used with the telemetry stations are also manufactured by SGI. Ethernet
is used to interface TFE's to the workstation displays. Figure 1 shows the architecture
of a RSTS telemetry station.

Hardware Architecture

Dual Bus Structure

The hardware bus architecture of the ITAS Series-30 consists of a dual bus
implementation where the VME bus (primarily the P1 connector) is used for setup and
control of all ITAS telemetry modules. The second bus is the ITAS GME bus, or
high-speed interface, which provides a dedicated path for real-time data flow between
data input modules, such as PCM decommutators and data processing/output modules.
This controlled impedance, high-speed data bus is implemented physically on the A
and C rows (user definable per VME Rev. C) of the VME P2 connector. The resulting
architecture permits host operating system setup and control, and allows data transfers
to take place on the VME bus, while high-speed, real-time data transfers are occurring
simultaneously on the dedicated GME high speed bus.

GME Bus Bandwidth

The GME bus operates as a broadcast data bus. The bus includes 24 address signals
(bits), 32 data signals (bits), and control/reserved signals. The bus is non-multiplexed
and can sustain parameter transfer rates of 16,000,000 parameters per second, where
each parameter consists of 16 address/tag bits and 32 data bits.

The ITAS Series-30 GME bus architecture accommodates 65,536 uniquely tagged
measurements and reserves 16 additional ID tag bits for future expansion (for a total
of 32 ID tag bits per parameter). Each GME bus talker, such as a PCM decommutator,
MIL-STD-1553 bus monitor, high-speed processor, or parallel input module, has the
ability to drive all 16 GME ID tag bits during a bus transfer cycle. There are no
arbitrary software prohibitions which preclude any GME bus talker from outputting
65,536 unique measurands. Note that unlike some systems, the separate GME data bus
employed in the Series-30 eliminates the time determinism errors common to single
VME bus implementations.

Parallel Processor Implementation

The ITAS Series-30's processing architecture implements a course grain parallelism
which provides high performance, operating system commonality, and maximum





future growth potential. The Series-30's front-end Silicon Graphics R3000 (36 MIPS)
VME processors provide real-time, data-driven processing. To provide superior
reliability in adverse environmental conditions and to facilitate compliant operation in
secure laboratories, the ITAS Series-30 front-end chassis operates as distress Ethernet
nodes, booting from the Silicon Graphics Indigo workstation. When ITAS Series-30
operation is initiated, the front-end CPUs download their real-time operating systems
from the workstation. The complete download/booting and self-check process takes
less than four minutes.

Operating System Commonality

One of the most powerful features of the ITAS Series-30 architecture is that the
front-end SGI CPU(s) execute the same real-time operating system as the SGI-based
workstation in a seamless software environment. In fact, application programs can be
developed and tested on the workstation and executed on the front-end CPUs with no
cross compilation required. As an added feature, the user can create and debug an
applications program at the workstation and elect to execute the application program
either on a data-driven front-end CPU or at the CVT driven workstation. This mode of
application program execution does not affect the front-end' s processing bandwidth
and requires the developer to simply compile the application with the appropriate
front-end or workstation flag enabled.

While many specifications require very simple front-end user-application processing
capability, the power and flexibility of the Series-30' s multiple SGI processor
architecture lets users develop extensive algorithms in a variety of languages, such as
C, C + +, Fortran, and Ada. The ITAS Series-30 systems procured by the U.S. Air
Force at Vandenberg Air Force Base for RSTS implements a full Ada-based range
safety application on the front-end units in a real-time, data-driven fashion. The ITAS
Series-30's use of common vendor CPUs and operating systems, for both the
workstation and front-end processing, allowed software engineers to develop and
demonstrate a prototype real-time range safety application in C in less than three days.

Processor Upgrade Path

The open architecture of the Series-30' s embedded processors allow replacement of
the existing R3000 Silicon Graphics CPU modules with R4000 modules. This future
upgrade would increase the processing performance of the ITAS Series-30 by 50
percent or more and will not require modification to any COTS or user developed
software.



Diagnostics

The ITAS Series-30 software suite includes two levels of diagnostic operation. The
first level occurs when the system is powered on. As the workstation is booting, the
Silicon Graphics workstation initiates a firmware based diagnostic sequence to verify
operational hardware. Once these tests complete, UNIX is automatically loaded. The
ITAS front-end Silicon Graphics processors conduct the identical tests and also begin
to boot via the LAN. If no CPU-based hardware malfunctions are detected, the ITAS
Series 30 initiates the front-end telemetry module self-check diagnostic routine.

Shelf Check Diagnostics

The ITAS front-end telemetry module self check begins by consulting the hardware
configuration file stored on the workstation. This file contains the hardware
configuration of the front-end and the addresses of each of the front-end telemetry
modules. One-by-one, the front-end setup and control CPU (P1) accesses each
modules' memory and verifies individual modules' presence and memory integrity.
Once all modules are present and accounted for, the diagnostic software advances to
data throughput verification. The PCM simulator (if installed) can generate a fixed
PCM stream which enables the bit synchronization, decommutation and processing to
be monitored and verified.

LRU Maintenance Diagnostics

The second level of diagnostics permit trained users to examine individual ITAS
telemetry modules (LRUs) for debug purposes. These diagnostics include commands
to initiate specialized front-end processor routines which are used to pinpoint
malfunctioning LRUs. The same routines are used by ITAS technicians during module
repair at the factory.

Software Architecture

Task Dispatcher

The ITAS Series-30 OMEGA setup and control software is a third generation
telemetry-specific software environment. The architecture mirrors the UNIX operating
system on which it is built. A central task dispatcher module controls the activation of
specific task modules based upon the user' s requests. The task modules are small,
easily maintained, and provide specific functions to meet various telemetry processing
requirements. A wide variety of task modules have been developed. Together, they
provide a complete setup, control, display, and command processing environment.



Front-end and Workstation Communication

This real-time, multi-tasking operating system is the key to the system' s power and
versatility. The core of the ITAS distributed architecture is network "daemons," or
monitor processes, that reside on each front-end CPU and workstation. These
processes are responsible for the inter-process communications (IPC) across the LAN.
They communicate by transferring Ethernet packets that conform to an OMEGA-
specific command and data protocol. The front-end daemon is initially in an idle
mode, waiting for requests from the workstation to download a telemetry format, to
process and distribute additional parameters, etc. The workstation daemon will
monitor the LAN for messages and commands from the front-ends and master
workstations, will maintain a list of active front-ends, and will load data into local
current value tables for display.

Project Database Organization

The OMEGA Series-30 varies significantly from most telemetry and data acquisition
systems in the manner by which a data stream is handled. For example, a typical PCM
stream consists of a bit synchronizer and decommutator pair and a set of processors
required for the stream In multi-stream systems such as the ITAS, multiple bit
synchronizer/decommutator pairs are supported, but the processing and associated
measurements reside in a single, format-parameter-list data base. The entire project is
treated as a whole rather than as mini-data bases for each processing unit. In the ITAS,
each project is made up of streams, parameters, and lists. Projects are created by first
executing the project editor and then by adding components to the project with the
stream editor, parameter editor, and list editor. Projects are referred to as either global
or local projects. The project currently being executed for front end telemetry
processing is referred to as the global project. Only one global project at a time can be
loaded and executed per front end. Many projects, however, can be simultaneously
active in the network as project engineers work with their data for analysis or for
preparing for future tests.

List Database Structure

Selection of measurements for archive and display is accomplished by defining a "list"
of measurements. The list contains a set of limits for the data values, a title, and a
description. A complete, graphically oriented list editor is provided. A list provides an
easy way to prepare a defined test. All measurements of interest can be stored into a
data base for easy retrieval during run time. All archive and display tasks are
list-driven; the list is sorted alphanumerically and can be edited during run time,
which adds increased system flexibility.



The use of the list-based architecture, based on layered lists to allow simple access to
data elements, is a key design feature of ITAS OMEGA software. The OMEGA
accepts multiple data sources from any combination of telemetry, bus, discrete, and
analog inputs and time orders all parameters on the system data bus. The full list of all
raw, bit, and word-combined engineering units (EU) and derived parameters within
the system is called the global list. From this, data groups may then be formed. For
example, a structural engineer, test director, or safety officer can develop separate data
lists that only contain the parameters in which they are interested for any given test
scenario. These lists may include some of the same parameters. This effectively
provides these individuals with separate telemetry systems. Combined data can be
archived at the same time and to the same device, since they may be merged, or
separation may be maintained for data security.

This innovative list-based architecture has an additional advantage in that in some
projects, the global list may become extremely large. Engineers may find it difficult to
locate the parameter that they require from 6,000 or more different entries contained in
a single flat file. The use of lists allows each project and user to limit the parameters
in the lists defined to only those that are required. This list-based technique can also
be used to limit bandwidth to selected devices by creating sublists for specific archive,
processing, and display duties and by manipulating the list as a unit.

STANDARDS USED

The RSTS is being developed using a UNIX environment with an open systems
architecture allowing for the integration of off-the-shelf VME modules and external
devices if the need arises. The system utilizes an Ethernet interface compatible with
commercially available workstations and X-terminals that support TCP/IP protocols.
The RSTS is being developed under MIL-STD-2167A for applications software
documentation and Ada (MIL-STD-1815A) for the new missile specific software. The
telemetry formats of IRIG-106, revised 92, can be supported by the RSTS.

APPLICATIONS

The RSTS real-time range safety applications being developed as enhancements to the
Veda Telemetry System (ITAS) are for support of active ballistic missile and space
programs such as TITAN, Peacekeeper, Minuteman, Pegasus, Taurus, Delta, Scout
and Atlas. The added software will extract the required inertial navigation parameters
from the telemetry stream, perform the necessary coordinate transformations and
output data to the WRFSC 20 times per second. In addition, various missile specific
analog, discrete and missile event data is processed for output on real-time displays
within the WRFSC. Two of the three front-end CPUs will be allocated for processing



of both TMIG and TDDS data in parallel providing redundancy of output. The third
CPU operates the standard telemetry control, archive and display features of the ITAS
Series 30 telemetry system.

CONCLUSION

The modern architecture of the ITAS allows significant processing to occur in the
telemetry front-end using standard vendor software and minimizes the need for
tailoring of software for each missile type. The RSTS will provide the U. S. Air Force
Western Range with a modern range safety processing capability. The system
provides a state-of-the-art architecture based on industry standards assuring upward
growth in processing power as well as in quantity of resources. Future airborne
systems arriving at Vandenberg AFB for testing should be easily accommodated using
the modern standards based architecture provided by the RSTS.
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ABSTRACT

A very restrictive down-range flight area for a small ground-to-air missile required the
interruption of the flight after the missile had flown past a specialized target and
telemetry data had been transmitted to a receiving station. Explosive bolts separated
the missile into two sections and cables loosely attaching the two sections caused the
system to tumble and therefore interrupt the flight. Because of the high dynamic
forces exerted on the attaching cables, soft material "shock absorbers" were used to
assure the integrity of the cables.
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INTRODUCTION

The flight interruption capability for small diameter missiles normally is not required
because of the small mass and flight footprint in comparison to larger missiles. The
area inside a large missile to house the electronics for an interruption system is not
prohibitive as in a small missile. A typical flight interruption system for a large
missile contains a ground up-link transmitter to the command destruct receiver aboard
the missile which activates explosive devices to interrupt the flight. This entails a
sophisticated system and is therefore used typically on large (over 8 inch diameter)
and expensive missiles. The subject of this paper is the design, test, successful launch,
and flight termination of a 2.75 inch diameter ground-to-air missile with a full-up
functioning telemeter. An up-link transmitter/receiver system was not required
because the separation sequence is started by an on-board timer that's activated by the
closure of a gravity switch at first motion. The pre-determined time of missile flight
past the target allowed the use of this much less sophisticated system.



STATIC AND DYNAMIC TESTING

The first test was ground explosive bolt activation. All actual live fire hardware was
used to observe the action of the explosive on the mechanical parts of the system. The
results confirmed the separation in the longitudinal axis and the survival of. the steel
cable assembly. The cables allowed the sections to separate until the crushable lead
material started to deform. Figure la shows system before activation. Figure lb is after
activation and angle of difference.

The next level of testing was the dynamic live fire. The worst case condition and
highest dynamic forces were chosen for this test. These conditions would be met
while the rocket motor was still burning and the missile was still accelerating. The
timer for explosive bolt activation was set for 5 seconds. The rocket motor burn time
was approximately 6 seconds. This allowed one second rocket motor burn after
separation. At these high dynamic forces, it was calculated that the cable assembly
would break upon separation. Still, it was predicted that the lead material would
absorb the initial shock force and allow the seeker section to pull the rocket motor
around and destabilize the motor's ballistic flight. The front seeker section with
telemeter was not considered a flight problem because of the drastic instability
separation whereas as the rocket motor at separation did not lose stability, but
continued to fly ballistic. (It's analogous to an arrow with flight stability feathers.)

The results of two live fire rounds with both timers set to 5 seconds confirmed the
breakage of the cables. The rocket motors were pulled back around a minimum of 90
degrees to the angle of flight. Figure 2 shows the flight path down-range and off-range
for flight "A" without interruption verses the two flights "B" and "C" with flight
interruption. Both "B" and "C" flights were terminated within the allowable down and
off-range footprint

At 5 seconds into flight the forces exerted on the steel cable were determined by using
"Newton's Second Law"; "The acceleration of a particle is directly proportional to the
resultant force acting on it and inversely proportional to its mass, and the sense of the
acceleration is the same as that of the resultant force."

Figure 3 shows the free body diagram. The horizontal and rotational dimensions were
analyzed. Two equations of motion were found by summing the forces and moments
about the point "P". Aerodynamic coefficients were estimated for the nose with fins
located at the center of gravity.



Sign convention: Positive right and counter clockwise.
Fx = n x" = Fthr - Fn Sin(aoa)

mp = J aoa" = 1 Fn + M - 1 m g Cos(noa) + turb
The 2 second order equations are then:
x" = Fthr/m - Fn Sin (aoa) / m
aoa" = 1 Fn / J + M / J

The equations were solved using the first 150 milliseconds of motion. This resulted in
approximately 1950 lbs of centripetal force being applied in 70 milliseconds. This is
force due to rotation of the nose mass which will turn 180 degrees in about the 70
millisecond time.

Symbol Designations:

x" = Horizontal Acceleration in Ft/Sec2

x = Horizontal Position in Ft
aoa" = Rotational Acceleration in Radians/Sec2

aoa = Rotational Position in Radians
m = Mass of the Nose Section in Slugs
J = The Moment of Inertia in Slug/Ft2

Fthr = Thrust Due to the Rocket Motor in Lbs
Fn = Normal Aerodynamic Force in Lbs.
M = Aerodynamic force in Ft/Lbs
g = Acceleration Due to Gravity at the Surface of the Earth Ft/Sec2

Turb = Turbulance Factor in Ft/Lbs

Figure 4 shows the steel cable assembly. The length is 4.50 inches with a shank ball at
each end. A special mold was utilized to pour the lead shock absorber material around
one area of the cable assembly. The majority of this cable assembly, including the
shock absorber, that would be played out at separation was stowed in the aft or rocket
motor/telemeter interface. When the cable is pulled out at separation, the lead material
is crushed, allowing part of the shock force to be absorbed.

The calculations and conclusions of the free body diagram do not take into
consideration all dynamic force results at missile separation. A very important area
that was not mathematically analyzed and not overlooked was the bending of the cable
when the front section torqued around the rear rocket motor section. All sharp edges
that the cable would contact at the bending area were smoothed as much as possible or
practical to help alleviate cutting of the cable. Even with this precaution, it still
remained true that the cable would fail at high dynamic forces when bent. The strength



of the cable assembly was rated at 2000 lbs in elongation. If the cable were bent at a
90 degree angle, the rating is reduced 40% to 1200 lbs. In the actual separation this
bending would be exceeded. Because all different stress/strain possibilities could not
be addressed in the final design, it was accepted that the cable assembly would fail in
certain high kinetic force areas. But it was also determined that the missile flight
would be interrupted before the cable failure.

Figure 5 shows the system block diagram with the telemeter containing the following
electrical components:

a. Signal conditioner
b. Photo-transistor roll rate sensor
c. PCM encoder with 24 analog inputs. 60 word, 10 bit, bi-phase output. Two

sync words. 500 KHz Bit Rate.
d. 250 mW phase modulated transmitter
e. Latching relay to switch from external to internal power.
f. Ni-cad battery pack (four minutes running time)
g. Gravity switch to start pyrotechnic timers at first motion
h. Timers to fire flight motor and to activate two explosive bolts for missile

separation.

CONCLUSION

The future may bring a restriction both in test area and funding for new missile
systems and the upgrade of existing systems. These problems can possibly be
overcome by restricting the flights of missiles down-range by mechanical means as
detailed in this paper or recover the missile's electronics/hardware by parachute. This
would allow the evaluation, refurbishing, and reuse of missile systems with
substantial sawing in comparison to destroying missiles as is normally done in the
development phase. The basic design of separating the missile by explosive bolts (as
demonstrated in this paper) has been used successfully in the recovery of a 5.00 inch
diameter missile's seeker/control and telemetry sections.
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ABSTRACT

In support of the various programs that the Phillips Laboratory's Space Experiments
Directorate is conducting for the Ballistic Missile Defense Organization (BMDO), the
Range Operations Division is developing a mobile telemetry processing system as part
of the Mobile Ground Telemetry Station (MGTS) program. The MGTS program's
goals are to develop a mission-dedicated telemetry system to supplement current test
range capabilities by receiving, processing and recording multiple data streams,
sometimes exceeding 10 Mbps. The system will support airborne and suborbital
vehicles as well as customized satellite downlinks designed for spacecraft bus
State-of-Health monitoring and sensor payload observations. Autonomy and off-road
capabilities are also important factors since some of the operations envisioned require
deployment to remote field locations where no telemetry processing capabilities
currently exist to support the unique data handling requirements. The Phillips
Laboratory has completed, with support from Wyle Laboratories and Systems
Engineering and Management Company (SEMCO), a "proof-of-concept" mobile
telemetry processing system referred to as MGTS #2. Demonstration of the system
has been accomplished with the successful deployment and operational support
provided to both BMDO's Lightweight Exo-Atmospheric Projectile (LEAP)
sub-orbital missions and Miniature Sensor Technology Integration (MSTI) satellite
program. MGTS #2 has deployed and is scheduled for further deployment to various
operating sites including: White Sands Missile Range (WSMR), NM; Air Force Flight
Test Center (AFFTC), Edwards AFB, CA; Vandenberg AFB, CA; and NASA's
Wallops Island Flight Facility, VA. While deployed MGTS #2 processes, records and
rapidly distributes the critical mission telemetry data conforming to both IRIG and
SGLS standards. This paper will describe the evolution of the MGTS program, current
hardware configurations and the various mission scenarios that have been supported
by the MGTS team.
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INTRODUCTION

In the fall of 1990, the need for a dedicated mobile telemetry processing system
became apparent as detailed planning for upcoming Phillips Laboratory supported
missions began. The near-term telemetry requirements raised scheduling concerns
with the national range assets while also requiring evaluations of the various
capabilities and possible upgrading of equipment to satisfy program needs. The
solution was to develop a single, program dedicated system that could focus solely on
mission telemetry. The system needed to be easily relocateable and versatile enough
to support many different testing scenarios. The possibility of handling classified
equipment and sensitive data was a further burden on the program planners since the
range selection process for the various missions was not yet complete. A certified
secure system that could be directly controlled by the program office was the clear
solution. In response to these issues facing the Phillips Laboratory, the Mobile Ground
Telemetry Station (MGTS) was developed.

MGTS PROGRAM EVOLUTION

As the MGTS concept evolved in the winter of 1991, it was obvious that some
missions would require support from remote sites. The surplus Air Force Ground
Launched Cruise Missile (GLCM) Launch Control Center (LCC) trailers and
accompanying eight-wheel drive tractors were chosen to meet the requirement. Since
the now deactivated GLCM tractors and LCC trailers were designed for harsh field
operations and were available free to the program as Government Furnished
Equipment (GFE), two of the major issues facing the MGTS program were solved,
namely cost and durability/reliability. During the life of the GLCM program, the
tractor/trailer combinations were deployed throughout the European Theater and
proved to be a ruggedized and reliable all terrain system. The external dimensions of
the LCC trailer which houses the MGTS unique equipment and operating stations for
up to three people are 36 feet long by 8 feet wide by 12 feet high (see Figure 1). The
LCC trailers were also designed to meet TEMPEST and COMSEC requirements
which allowed greater flexibility for mission support when sensitive equipment or
telemetry data was to be handled. Negotiations for obtaining the GLCM assets
resulted in the Phillips Laboratory obtaining ten (10) tractors, six (6) LCC trailers and
personnel training and certification in operation and maintenance of the associated
systems.



Figure 1. MGTS System Exterior View

The first activities to be
accomplished on the trailers was
the conversion of the 400 Hz
electrical systems to standard
110/208 VAC, 3 phase, 60 Hz and
the upgrade of the Environmental
Control Units to accommodate
the higher heat loading expected
from the MGTS equipment. With
these modifications complete on
one of the trailers, hardware
layout plans were developed to
maximize the use of the limited
space available in the racks.
Internal modifications began on the trailer that would become the "prototype" system,
referred to as MGTS # 1. Existing Phillips Lab inhouse telemetry components as well
as some loaners from other programs were integrated into MGTS # 1 for support of
the first Ballistic Missile Defense Organization (BMDO) LEAP mission at White
Sands Missile Range, NM.

Siting for MGTS support of the LEAP-1 mission was established and a downrange
remote location along the flight path of the Aries booster was chosen. With no range
antenna assets available at this location, the team improvised and resurrected an old
AFFTC, Edwards AFB program track antenna pedestal from the bone yard, attached a
10-foot dish and mounted it on a trailer, thus creating the first of the MGTS mobile
antennas. The MGTS utility was further tested when range facility power wasn't
guaranteed during the entire mission deployment and a generator capable of running
the whole set-up was required. Again constrained by cost limitations as well as
schedule, an existing government 25 KVA generator was obtained and integrated into
the power distribution system to allow MGTS #1 to be self-sufficient. The processing
systems were checked out prior to deployment by running mission test data tapes to
verify the inter-connections and accuracies of the data scaling factors. The antenna
programming and capabilities were qualified during tracking engagements of targets
of opportunity which included satellite fly-bys.

With all functions checked out as 1990 came to a close, the MGTS # 1 prototype
system was deployed to WSMR, NM and its first true road test. As a prototype
system, the MGTS program objectives for the LEAP-1 mission were to validate the
concept and evaluate deployment feasibility to remote locations by means of the
former GLCM assets. WSMR, with its numerous telemetry receiving and range safety
sites along with the LEAP contractors, had the mission data processing



responsibilities covered. MGTS would be an alternate backup source of mission data
if problems were to occur at the existing sites. Upon MGTS # 1 arrival at the
operating location, the unpacking and setup efforts began. It immediately became
apparent that advanced preparation was paying off as the facility power circuit
breakers tripped under the load of the MGTS equipment and the generator was utilized
to keep the systems functioning, The facility power problem was resolved and the
MGTS # 1 system was thoroughly checked out and ready to support the launch. In the
early morning hours of February 18, 1992, LEAP-1 mission was launched and MGTS
team completed its first field operational test. Because the Aries booster followed a
slightily off nominal trajectory compared to what was loaded into the program track
antenna, the system received intermittent lock on the telemetry streams as the events
progressed. In spite of this, data was received and processed and valuable lessons
were learned during the operation including the utility and operational concept of a
MGTS.

A few months later, MGTS #1 was again deployed to WSMR to support the LEAP-2
mission. Because of the nature of the trajectories involved in the LEAP missions, the
program track antenna was not utilized for this effort. Instead, MGTS # 1 was located
at one of the range telemetry sites where an existing 10-foot autotrack antenna
provided the mission telemetry, In this capacity MGTS successfully provided backup
processing and recording capabilities for the mission. With this success and an
increase in MGTS program requirements, efforts began to design and develop a more
capable and robust system with its own autotrack antenna: MGTS #2.

THE MGTS #2 SYSTEM CONFIGURATION

The Phillips Laboratory's increased involvement in support of Ballistic Missile
Defense Organization's technology programs significantly increased the requirements
of the MGTS programs. Increased requirements included the need to:

(1) Ensure autonomy for extended periods of time at any operating location
(2) Accommodate both IRIG and SGLS standards
(3) Provide quick turn around processing and distribution of engineering data
(4) Provide realtime processing and enhancement of mission payload imagery
(5) Provide realtime data relay to remote support organizations
(6) Generate MSTI satellite commands and uplink for payload tasking

To meet these increased requirements, a formal contract was established and an
ambitious program was underway to develop MGTS #2. The resulting designs and
equipment configurations are detailed in the following paragraphs. See Figure 2 for



the specific trailer interior equipment layout of the twelve shock mounted 19-inch
racks, the roll-around test rack, the operators' work stations and storage areas.

Figure 2. MGTS #2 Interior LayoutAntenna System

The lessons learned from the first two LEAP missions clearly indicated an easily
transportable, autotracking antenna was a firm requirement. To meet the need, a
customized parabolic 10 foot autotrack antenna and trailer were designed and
integrated. For transportation the antenna can be stowed with the feed pointed slightly
down and to the rear of the trailer and the reflector's two detachable wings removed.
The pedestal is an elevation-over-azimuth design which automatically tracks at
angular velocities from 0 to 40 degrees/sec and at angular accelerations and
decelerations from 0 to 30 degrees/sec/sec, while maintaining an RF pointing axis
accuracy of ± 0.15 degrees within the electrical pointing axis. This level of dynamic
antenna performance makes MGTS useful on a wide variety of missions including
satellite tracking, suborbital launches, aircraft flight testing and missile testing.

Presently, the antenna has a field-replaceable, prime focus conical scanning
autotracking feed that receives in both the L and S bands. An optional 250 Watt,
L-band transmit/S-band receive feed can also be used for missions requiring satellite
command uplinking, An RF housing contains band pass filters and low noise
amplifiers for both right and left hand circular polarizations operating in two
frequency ranges, 1750-1850 MHZ and 2200-2400 MHz. The overall system
performance number for the antenna are: a G/T of 6.0 dB/K and a gain of 30.5 dB in
the 1750-1850 MHz range and a G/T of 7.5 dB/K and a gain of 32 dB in the
2200-2400 MHz range. The 3 dB beamwidths of the antenna's far-field principle plane
patterns are 4.1 degrees at 1775 MHz, 3.2 degrees at 2250 MHz, and 3.0 degrees at
2350 MHz.



The antenna controller, located inside MGTS #2, is a microprocessor-based,
rack-mounted chassis providing signal processing, operator functions and a system
status display. In the autotrack mode, the controller receives data from the AGC and
AM outputs of one of several available receivers. The antenna system can operate in
many other modes including standby, manual, designate, slave, rate memory, position
memory, sector/raster scan and program track.

Signal Processing
The downlink telemetry signals are split by a dual 1X6 multicoupler and sent to the
RF patch panel. The signals are then distributed to a variety of narrowband and
wideband telemetry receivers. Depending on the specific mission, MGTS #2 can be
configured with up to six receivers, including the dedicated SGLS receiver. Signal
gains can be further increased with the diversity combiner. To accommodate the
SGLS format, a subcarrier demodulator recovers the baseband telemetry data from the
subcarrier. PCM data is then sent to the bit synchronizers for data reconstruction and
clock generation. MGTS #2 presently has three bit synchronizers, including a 35
Mbps model.

Data Recording
Two 28-track wideband tape recorders provide recording of analog and digital data.
The recorders are currently configured with direct record and digital data
record/reproduce modules. The recorders use the standard 1-inch magnetic tape on a
15 inch reel. A formatting unit enables recording of high speed data (up to 35 Mbps)
by spreading the data over multiple tracks of the recorder. A 6-channel FM
multiplexer/demultiplexer is available to record multiple low frequency signals on a
single wideband track. The mux/demux is typically configured to record mission
timing, voice communications and receiver AGC. MGTS #2 also has a magnetic tape
degausser to erase and recycle tapes.

Analog video signals are recorded on two Super VHS video recorders with edit
capabilities, enabling mission video to be analyzed frame by frame which is essential
to BMDO programs currently supported. The two audio tracks are typically used to
record mission timing and voice. The audio tracks also provide a convenient way to
record low speed PCM data and avoid the costly and cumbersome 1 inch magnetic
tapes. A 16-channel strip chart recorder is used to graphically record receiver AGC's
and analog outputs from the telemetry decommutator.

Video Processing
Two high resolution 19-inch color monitors display analog video or digital video
which has been converted to analog. The monitors can also be used to display the
view from the antenna's boresight camera. A video time inserter displays mission time



on the monitor. A video processor digitally removes random noise and enhances the
video signal in either realtime or during post-mission processing and a video printer
provides hard copies of the images displayed.

Mission Timing
A GPS receiver and IRIG-B time code generator provide mission timing for the video
time inserter, magnetic tape recorders, video recorders, telemetry decommutator and
strip chart recorder. The GPS receiver also determines the exact MGTS #2 location,
which is necessary for precise antenna pointing during satellite tracking missions.

Data Decommutation and Processing
With a workstation based decommutator, MGTS #2 is capable of simultaneously
decommutating three PCM data streams. Two channels can accommodate data rates
up to 10 Mpbs and a third is capable of up to 20 Mbps. Multiple parallel processors in
the decommutator allow a wide variety of data manipulation. Almost all standard
binary formats and data processing algorithms are supported with the default software
from the manufacturer. Due to the unique telemetry formats MGTS supports, many
custom algorithms have been written to satisfy the program requirements. Using
simple menu driven operations, processed data can be displayed in the form of graphs,
bar charts, panel meters, strip charts and digital displays. Range limits can be
programmed which notify the operators of "out-of-limits" conditions through realtime
color changes on the screen.

MGTS #2 has an Ethernet network which links two workstations with the
decommutator, enabling two operators to monitor the data and control the
decommutator at the same time. Also on the Ethernet is a 386 PC which is used for
post-mission data reduction. A customized data gather program stores selected
telemetry data in a text file on a workstation's 1.2 Gb hard drive. The PC then reads
data files from the workstation's hard drive as drive D and using standard spreadsheet
programs such as Excel, customized data plots are produced on a color plotter, laser
printer or dot matrix printer. The workstations accommodate multiple data storage
formats including a CD-ROM drive, a 150-Mb tape drive and the standard 3.5-inch
high density disk drive.

Uplink Commanding
The telemetry processor outlined above also provides command generation support for
satellites equipped with SGLS transponders. The telemetry processor generates and
transmits SGLS commands as well as processing SGLS telemetry data. Since
encryption of the uplink and downlink data is normally required, the system also
provides the necessary cryptographical hardware interfaces to process the telemetry
data. The baseband commands are then modulated onto the carrier and a TWT



amplifier increases the signal power up to 250 Watts. SGLS command verification is
accomplished by comparing commands sent to the satellite with telemetry information
received back from the satellite via the telemetry downlink. SGLS command
validation is then provided by demodulating the FSK/AM modulated uplink command
and comparing it to the intended transmitted command.

External Communications and Data Relay
Communications and data transfer between MGTS #2 and external agencies is
accomplished through various means including an INMARSAT terminal. Satellite
commanding relay by MGTS can be done with the time division multiplexer that can
combine three isochronous data streams into a single data stream for transmission.
The INMARSAT terminal also provides duplex voice and mission data
communication. Since INMARSAT satellites provide nearly global coverage, MGTS
#2 can be deployed to the most remote locations and still maintain reliable
communications. A secure STU III phone/fax system provides voice and data
transmission capabilities to the outside world.

Test Equipment
MGTS #2 has an extensive suite of test equipment, providing for complete
pre-mission checkouts, signal loop testing (including the antenna), mission simulation
and fault isolation. Some of the test equipment is mounted in a special roll-around
rack that can access any of the equipment and can be secured during trailer transport.
Other test equipment is mounted in the fixed racks and can be accessed through a
customized patch panel (see next section). This suite of test equipment includes a
digital oscilloscope, spectrum analyzer, telemetry signal simulator, function generator,
power meter, digital multimeter, PCM link analyzer, digital counter, video test pattern
generator, video waveform monitor, wideband level meter, noise source generator and
a microwave hazard meter.

Patch Panel Assembly
Multiple patch panel assemblies provide the interconnection scheme which allows
virtually any signal to be routed to any other piece of equipment as required. The
configuration is designed to maximize flexibility and allow for quick and easy system
reconfiguration. Durable and reliable connectors are utilized to take the repeated
assembly/disassembly and harsh environments of over-the-road travel and not degrade
or vibrate loose.

COMSEC Equipment
MGTS #2 is certified to store and handle data up to the secret level. A separate rack
holds any mission sensitive equipment and satisfies all TEMPEST requirements for
red/black signal isolation.



For more detailed information regarding the MGTS #2 equipment suite and
configuration see reference 1.

MGTS #2 MISSION SUPPORT OPERATIONS

The MGTS #2 hardware began coming together just as the Phillips Laboratory's
Miniature Sensor Technology Integration (MSTI) program began final integration and
test activities for the first satellite, MSTI-1. The upcoming launch was the ideal
proving ground of the new system. Due to the long lead time for the dedicated
antenna, MGTS #2 was located at a nearby AFFTC, Edwards AFB tracking site to
utilize its 15-foot autotrack antenna. The objectives of the mission, with MGTS #2 in
an "interim" (approximate 75% complete) configuration, were the following:

(1) Receive and record the satellite's SGLS state-of-health and FM payload video
downlinks
(2) Provide local realtime processing and display of the above mentioned links
(3) Provide backup for the engineering and imagery data that was being collected
by the Air Force Satellite Control Network's (AFSCN) Consolidated Space Test
Center (CSTC) in Sunnyvale, CA

As the final preparations for launch of the MSTI-l spacecraft at Vandenberg AFB, CA
commenced, MGTS #2 was integrating into its temporary location at the Edwards
AFB site. Since this site's primary mission support scenarios involved tracking aircraft
for the Flight Test Center, the team rehearsed the antenna positioning, tracking and
acquisition of satellites of opportunity to ensure the sequence was well practiced and
successful. Following a number of such Combined Systems Tests (CSTs), the stage
was set for the launch. On Saturday November 21, 1992, MSTI-l was launched on a
NASA SCOUT rocket and began its planned 6-day mission. Due to the characteristics
of the satellite's desired orbit, all passes that fell within viewing range of the MGTS
#2 setup were early morning and evening events. Because of this, early checkouts of
the MSTI-1 spacecraft were accomplished outside MGTS range and the first contact
MGTS had was during a MSTI payload observation of a solid rocket motor firing at
the Phillips Laboratory.

Just as planned and predicted by the MGTS MSTI-1 satellite tracking software
program, the range antenna acquired the telemetry as the satellite came over the
horizon. During the approximately 10 minute pass, the MGTS team received and
processed the downlinks and verified satellite health and imagery with the engineers
viewing similar data relayed from a Vandenberg tracking station to the MSTI Mission
Operations Center at CSTC. The MGTS team continued support operations through
MSTI- l's fourth day on orbit when it was determined that all objectives had been met



and no further MGTS observations were required (see reference 2 for further details
on MGTS support to MSTI-1). The MSTI-1 spacecraft continued operations far
beyond its planned 6-day mission (contacts ceased in April 1993) accumulating vast
amounts of infra-red payload imagery data while also characterizing the design
configuration for the follow-on MSTI missions. For more information on the MSTI
program see reference 3.

CONCLUSION

In a relatively short period of time (less than three years) the MGTS program has
evolved from a mere concept for handling stringent mission telemetry requirements, to
the low cost/minimal effort prototype MGTS # 1 and finally culminated in the
development and deployment of the fully capable MGTS #2 system. Extensive trouble
shooting and mission checkouts have been supported by the team as well as four full
scale deployments in support of the LEAP and MSTI programs. The MGTS system
has proven its feasibility and reliable during these activities and saved program funds
by providing a flexible, multisupport system that can travel as needed to various
support locations. With the increasing requirements currently being discussed by the
LEAP and MSTI program offices, the MGTS team will inevitably be requested to
perform beyond the original concept expectations and will be able to respond
accordingly due to the manner in which the system was engineered and developed.
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ABSTRACT

This paper describes the design of a space telemetry level zero processing system for
National Aeronautics and Space Administration's (NASA's) Fast Auroral Snapshot
Explorer (FAST) science mission. The design is based on a prototype Very Large
Scale Integration (VLSI) level zero processing system, and utilizes VLSI telemetry
data processing functional components, VLSI system technologies, and
Object-Oriented Programming. The system performs level zero processing functions
based on Consultative Committee for Space Data Systems (CCSDS) data format [1],
and features high data processing rates, highly automated operations, and Open
Software Foundation (OSF)/Motif based Graphical User Interface (GUI).

1. INTRODUCTION

Fast Auroral Snapshot Explorer (FAST), scheduled for launch in August 1994, is the
second mission of Goddard Space Flight Center (GSFC) Small Explorer (SMEX)
program. Through a set of extremely high-resolution measurements unavailable in the
past and at altitudes unattained by sounding rockets, FAST will provide the first
opportunity to resolve the wealth of fine structures inside the auroral acceleration
zone. The Principal Investigator (PI) at University of California, Berkeley, Science
Operation Center (UCSOC) has defined mission's primary scientific objectives to
investigate the plasma physics of the low-altitude auroral zone; the production of
waves, double layers, and solitons by electrons and ions; nonlinear wave interactions;
and the acceleration of electrons and ions by waves and electric fields.

The scientific phenomenon that FAST will study is very dynamic (temporally and
spatially) and not entirely predictable. These characteristics create the following
operational requirements:



a. To obtain high resolution-measurements, the FAST will collect and store
science data at very high data rates. To ensure significant data is not lost, high
volume data dumps (up to 337 Megabytes (Mbytes) at downlink rates up to 2.25
Megabits per second (Mbps)) will be required at ground stations around the
world for up to 11 passes per day.

b. The types of science of interest depend on auroral conditions. During peak
mission operations, project scientists will provide realtime changes to the
planned command inputs to refine and improve the science experiments. To
accurately predict auroral conditions and perform science planning, scientists
require receipt of raw data in realtime and processed instrument data within two
to four hours of spacecraft downlink.

Dumping large volume of high rate data over ground stations around the world and
requiring near realtime science data processing, the FAST mission has posed a major
challenge for NASA's ground data systems in its class [2].

To meet this challenge, the Data Systems Technology Division (DSTD) at GSFC is
developing a new-generation Packet Processing System (PPS) for FAST science data
processing. In order to deliver a high-performance system within 15 months, the
development of this FAST PPS utilizes the functional component approach developed
by the DSTD, and bases the system design upon state-of-the-art VLSI and software
technologies. The system will support CCSDS telemetry format and perform frame
synchronization, packet reassembly and sorting, error checking, merging of realtime
and playback data, and overlap deletion at rates up to l0 Mbps. In addition, a highly
automated operation environment is designed to minimize human intervention in
operation scheduling, control and monitoring, and data distribution.

The FAST PPS consists of mainly two subsystems: the Processing Subsystem and
Control Subsystem. The Processing Subsystem is responsible for capturing and
processing FAST telemetry data. The Control Subsystem provides for operations
control, scheduling, status monitoring, data storage, and distribution. The system
interface is based on the NASA Communications (Nascom) network and GSFC
operational networks.

This paper discusses the general architecture and functionality of the FAST PPS
system, with emphasis on the design of Processing Subsystem. It describes major
FAST science data processing requirements, and how they are implemented through a
set of generic and custom NASA telemetry processing hardware and software
functional components developed by the DSTD over the last seven years. Reference 3



gives detailed description of Control Subsystem design, including the operation
environment based on Object-Oriented Programming and GUI.

2. FUNCTIONAL REQUIREMENT

The FAST PPS is responsible for all instrument (including both engineering and
science) data processing. As shown in the system context diagram (Figure 1), the
spacecraft downlink is supported by an array of NASA ground stations around the
world, including Wallops, Virginia; Poker Flats, Alaska; Deep Space Network (DSN)
station in Canberra, Australia; Ground Network (GN) station at Merritt Island, Florida
and Santiago, Chile; and Europe Science Agency (ESA) station in Kiruna, Sweden.
Captured telemetry data is transmitted as a serial data stream to the FAST PPS at
GSFC in Greenbelt, Maryland through Nascom circuit in standard 4800-bit blocks at
rates up to 1.5 Mbps. Data received at Kiruna station will be recorded on magnetic
tapes and shipped to the PPS. Additionally, the system will receive weekly pass
schedule from Wallops station via a Remote User Schedule Terminal (RUST).

Figure 1. FAST Packet Processing System Context Diagram

The major processing functions required for the FAST PPS include:

Support of CCSDS packet telemetry data format.
Recording of all received Nascom blocks for 2-year raw data archive.
Nascom deblocking and error checking.
Frame synchronization and error checking.



Packet extraction, reassembly, sorting and grouping.
Forward-time-ordering.
Data merging and overlap deletion.
Quality checking and annotation.
Realtime service.
Production service.
Data distribution to the PI within two to four hours of Loss of Signal (LOS).
Support 8 Virtual Channels (VCs) and 128 Application Processes (AP's).
Support tape playback at rates up to 10 Mbps.
Support up to 11 passes and up to 5 Gigabytes (Gbytes) of data per day.
Provide storage of processed data for 72 hours.

There are two services required by the FAST PI for instrument data processing. In the
realtime service, packets from requested data sources will be routed to the Instrument
Ground Support Equipment (IGSE) as soon as they are received at the PPS. In the
production service, packets are grouped by AP ID into data sets. Packets in a data set
are forward-time-ordered, with redundant data removed. The data sets are annotated
with data quality information such as errors and gaps detected in the data set. The data
sets are then distributed to the IGSE within two hours, and to the UCSOC within four
hours, of Loss of Signal (LOS) at ground station. The PPS will also store processed
data sets for 72 hours for possible retransmission to the user. Most data sets contain
data received from a single spacecraft pass. However, the system is required to merge
attitude data received within a 24-hour time period from up to 11 passes into data sets
and to deliver them to the UCSOC and the Flight Dynamic Facility (FDF) of GSFC.

Highly automated operation is a primary design goal for the FAST PPS in order to
reduce operation staff and thus operational cost. This automation will include all
phases of system operations such as pass scheduling, session initialization and
termination, data processing, data set generation and distribution, and status
monitoring and reporting.

3. FAST PACKET PROCESSING SYSTEM BASELINE CONFIGURATION

Figure 2 shows the FAST Packet Processing System baseline configuration. It
consists of two subsystems: the Processing Subsystem and Control Subsystem. The
Processing Subsystem captures and processes FAST telemetry data, and generates
realtime packets and data sets; while the Control Subsystem schedules and controls
system operations, monitors status, stores and distributes data sets.

The Processing Subsystem comprises two identical processing strings named the
VLSI Level Zero Processor (VLSI-LZP). One VLSI-LZP serves as a primary unit and



Figure 2. FAST Packet Processing System Baseline Configuration

the other as a backup unit. Each VLSI-LZP can perform level zero processing
functions on telemetry data while the data is flowing through the system. The Control
Subsystem is configured with three UNIX workstations and mass storage devices. The
Control Workstation is responsible for pass scheduling, operations control, and status
monitoring; the Data Workstation is responsible for data storage and data distribution
to the user sites. The third workstation is configured as a backup for both the control
and data workstations. Two high-speed tape drives are used for block recording and
tape replay. Two optical disk drive systems serve as 72-hour storage for the data sets.

The VLSI-LZP's and workstations are connected through two Local Area Networks
(LAN's): the PPS Ethernet LAN and the PPS Fiber Distributed Data Interface (FDDI)
LAN. The Ethernet LAN is used for transferring control and status messages between
the VLSI-LZP's and workstations. It is also used for delivering realtime packets and
processed data sets to the IGSE. The FDDI LAN carries data sets from the
VLSI-LZP's to the Data Workstation, and from the Data Workstation to user sites. A
GSFC operational FDDI network, MODNET, will be used to connect the PPS to other
ground system elements such as Payload Operation Control Center (POCC) and FDF.



Processed science data will be delivered to the UCSOC electronically through the
Nascom network.

The focus of this paper is on the design of the Processing Subsystem. Since both
VLSI-LZP's in the Processing Subsystem are completely identical and configured
independently, the rest of this paper will discuss the design of VLSI-LZP.

4. VLSI-LZP SYSTEM ARCHITECTURE

The VLSI Level Zero Processor is built upon a conceptual VLSI Level Zero
Processing System Prototype that has been developed by the DSTD [4]. The Prototype
was completed in summer 1992, and has demonstrated the capability to level-zero
process CCSDS telemetry data at sustained rates up to 20 Mbps.

The architecture of VLSI-LZP emphasizes the utilization of VLSI technologies and
industry standards. Over the past 7 years, the DSTD has developed a set of VLSI
Application-Specific Integrated Circuit (ASIC) chips that perform standard telemetry
processing functions such as correlation, synchronization, and test data generation,
etc. [5]. These chips are integrated into a set of custom-designed, highly reusable
cards based on the industry standard Versa Module Eurocard bus (VMEbus). Each
card performs one or more generic telemetry processing functions such as frame
processing, packet processing, forward link processing, and data simulation. By the
high-level integration of these common telemetry processing functions into VLSI
chips and cards, the system achieves high performance, high reliability, and low
maintenance.

To integrate these custom cards together with Commercial-Off-the-Shelf (COTS)
VMEbus components into telemetry data processing systems, a modular software
package has been developed that provides a generic software platform. With this
platform, a system designer can select and configure into a system various VMEbus
processing cards depending on the given system processing requirements. Thus, the
system based on this architecture offers high configurability, reusability, and
upgradability.

Automated operation is emphasized throughout the system design at all levels. The
design of VLSI-LZP ensures that all operations can be controlled by a remote host
such as the Control Workstation, and that all status required for monitoring operations
be collected and reported to the remote host. Once initialized for a pass, the
VLSI-LZP requires no remote intervention to process data. The system will sustain its
operation even if the remote host breaks down during a pass.



The VLSI-LZP, shown in Figure 3, contains a VMEbus system, a 10 Gbytes disk
array system (disk farm), and dual power supplies. A high-speed Very Large Data
Store (VLDS) tape drive is also configured in the 19" rack for recording and playback
telemetry data. Figure 4 illustrates the system block diagram of the VLSI-LZP, which
comprises four subsystems: the Control and Communication Subsystem (CCS), Frame
Processing Subsystem (FPS), Data Set Processing Subsystem (DSPS), and Mass
Storage Subsystem (MSS).

Figure 3. VLSI-LZP System Rack

The CCS provides system base functions, including command and control, network
interface, and system data storage. The FPS receives serial telemetry data, performs
standard Nascom and frame processing functions, and outputs synchronized frames to
the DSPS. The DSPS extracts source packets out of the frames and delivers packets
from specified sources to the IGSE in realtime. It sorts all packets by source, merges
realtime and playback data into data sets, and removes redundant data from the data
sets. The output of the DSPS is quality annotated data sets. The MSS serves as a large
data buffer for data set processing and rate buffering. The detailed design of each
subsystem is given in the following section.



Figure 4. VLSI-LZP System Block Diagram

5. VLSI-LZP SUBSYSTEM DESIGN

The VLSI-LZP system functional block diagram is depicted in Figure 5, which shows
a set of commercial and custom-designed VMEbus modules integrated in the VMEbus
environment. These modules are grouped into the CCS, FPS, and DSPS subsystems,
with the disk farm being in the MSS subsystem. The VMEbus is mainly used for
transferring command and status information among the modules, while high-speed
telemetry data is transferred from one module to the other through the VME
Subsystem Bus (VSB) and custom telemetry pipeline implemented on J3 backplane.

5.1 The Control and Communication Subsystem

The CCS consists of a Master Controller Card, a Remote Interface Processor, an
Ethernet Controller, a FDDI Interface Processor, a FDDI Interface Controller, a Disk
Controller, two system disk drives, and 16-Mbyte battery-backed-up Static Random
Access Memory (SRAM). All modules in the CCS are COTS products.





The Master Controller is based on a commercial VMEbus single board computer. It
accepts commands and configuration parameters from the Control Workstation,
interprets the commands, and sends appropriate subcommands to the other system
modules. Based on the commands, it configures the system for processing sessions.
The Master Controller also gathers housekeeping and processing status and reports
them to the PPS Control Subsystem. If any processing statistics exceed user-specified
thresholds, the Master Controller can send event messages to the Control Subsystem
immediately to alarm the operator.

The CCS provides interface to two networks: the PPS Ethernet LAN and the PPS
FDDI LAN. The Ethernet interface will be used for transferring command and status
between the VLSI-LZP and Control Subsystem. It is also used for transferring
realtime packets from the VLSI-LZP to the IGSE during the launch and instrument
checkout mission phase. The Transmission Control Protocol/Internet Protocol
(TCP/IP) is supported on the Ethernet LAN with sustained data rates up to 1.2 Mbps.

The FDDI LAN links the VLSI-LZP to the Data Workstation and is mainly used for
transferring production data sets to the Data Workstation. The User Datagram
Protocol (UDP) is supported for data transmission on the FDDI LAN and is enhanced
with an acknowledgement scheme to prevent data loss. The global data storage need is
satisfied with system disks and 16-Mbyte SRAM. The disk space is used for storing
application programs and data set assembly files, while the memory space is used for
maintaining a system database for high-speed access.

5.2 The Frame Processing Subsystem

The FPS consists of a Simulator and a Synchronizer designed and built by the DSTD
[5]. Their functions are illustrated in a system data flow diagram (Figure 6), together
with modules from the DSPS.

The Synchronizer performs Nascom deblocking and frame synchronization functions.
It receives serial Nascom telemetry data and clock through a RS-422 interface,
synchronizes the serial data to Nascom blocks, and checks for block CRC errors and
sequence errors. It then extracts serial data in the blocks, synchronizes them to transfer
frames according to a specified synchronization pattern and strategy. Frame CRC
errors will be checked and the results will be reported in a quality trailer generated for
and appended to each frame.

The Simulator can provide simulated FAST telemetry data for system self-test and
diagnostic purpose. It also converts standard serial NASA36 time code to NASA PB1
time code for time stamping and for setup and calibration of the system clock.



Figure 6. VLSI-LZP Data Flow Diagram

5.3 The Data Set Processing Subsystem

The DSPS consists of a Service Processor, a Record Mover, an Annotation Processor,
a Data Set Assembler, a Data Mover, a dual bus (VME/VSB) DRAM module, and
two SCSI disk drives. All processing modules are custom-designed and built by the
DSTD and described in Reference 4. Their operations are illustrated in Figure 6.

The Service Processor receives transfer frames from the Synchronizer. It extracts
packet data pieces from the frames, reassembles source packets, checks packet errors,
and generates annotation for each packet. During a pass, packets from specified
sources are output to the IGSE through the CCS as soon as they are received. The
Service Processor also sorts packets by source and groups them into data records
while outputting them to the record buffer on the VSB. Packet time code is extracted,
and sent to the Annotation Processor together with packet quality information as
annotation data for storage in the annotation disks. The Record Mover moves packets
from the record buffer to the data disk whenever a record is full.

When the pass is over, the Annotation Processor examines the annotation data of each
source to determine how to merge realtime and playback data into a production data
set, how to forward-time-order the packets, and where the overlap boundaries and



redundant packets are. The result of this analysis will be stored in a data set assembly
table file which will serve as an instruction set for assembling a data set.

Data sets are transferred to the Data Workstation via the CCS for data distribution.
When outputting a data set, the Data Set Assembler reads in a data set assembly table,
retrieves packets from the data disk in an order specified in the table, and sends them
out to a data pipeline. The Data Mover then transfers the data set from the pipeline to
the FDDI interface through the VMEbus. From the FDDI interface, the data set is
routed to the Data Workstation for distribution to the PI. Included in the data set is
also a quality annotation that specifies data set identification and accounts for packet
errors, data gaps, and missing packets.

5.4 The Mass Storage Subsystem

In telemetry level zero processing, data merging and overlap deletion functions can
only be accomplished after all data has been received. Therefore the VLSI-LZP needs
to store at least up to 11 passes of data for the generation of 24-hour data sets. In
addition, rate buffering is required between the telemetry input and data set output.
Such data storage and rate buffering capability is provided by the Mass Storage
System.

The MSS employs a Maximum Strategy SP2 disk array system (disk farm) with l0
Gbytes of disk space. Based on Redundant Array of Inexpensive Disks (RAID)
technology, the disk farm is configured with eight data drives, one parity drive, and
one stand-by drive. By stripping data across eight data drives, it offers data transfer
rates up to 160 Mbps. There are two independent ports on the disk farm. One is
connected to the Record Mover card for data input, and the other to the Data Set
Assembler for data output. Through an internal command queuing scheme, the data
input and output can be carried out concurrently.

As an operational system to support the FAST mission, the VLSI-LZP has very
stringent requirements on data integrity and system reliability. These requirements are
satisfied by the SP2 that combines a 48-bit Error Correction Code (ECC), parity disk
drive, and stand-by disk drive to achieve true fault tolerant operations. Not only data
dropouts can be corrected on the fly with the powerful 48-bit error correction
polynomial which is stored with every sector written to disk, but also data availability
and integrity is maintained even if a disk drive crashes. The data reconstruction and
recovery process is transparent. The defective disk drive can be replaced on-line
without interruption to normal operations.



Another major mass storage device employed is the Metrum buffered VLDS tape
drive for Nascom block recording and data playback. The VLDS tape drive uses
high-density helical scan recording technique to achieve data capacity of 10.4 Gbytes
per standard T-120 high-energy cartridge, enough to hold three days of data during the
peak of mission. With a large 16-Mbyte internal data buffer, the tape drive supports
burst data rates from 0 to 160 Mbps and sustained data rates from 800 Kilobits per
second (Kbps) to 32 Mbps. Data integrity is enhanced with powerful Reed-Solomon
error correction code. The tape drive is controlled by the Control Workstation through
a serial RS232 port.

6. SPECIAL PROCESSING CONSIDERATIONS

The data processing algorithm that FAST PPS employs was originally developed at
the DSTD in 1989 [6], and implemented on the VLSI Level Zero Processing System
Prototype. Taking advantage of new high-speed VLSI processing modules, it tedious
data sorting and grouping functions done in realtime, thus drastically reducing
necessary tdatabase management and production time. However, the initial algorithm
is limited to spacecraft flying conventional tape recorders. Since the tape is always
played back in reversed order, realtime and playback data are clearly separated by data
direction and it can be assumed only one segment (a group of sequential packets of the
same AP ID) will be generated from each source per session. Significant enhancement
is needed to apply this algorithm to the FAST because the FAST mission utilizes a
solid-state recorder. This section discusses new data scenarios and processing
requirements encountered in the development of FAST PPS.

The FAST spacecraft uses a solid-state recorder of 128 Mbytes. As result, realtime
data from instruments and playback data from the recorder are interleaved in a
downlink data stream during a pass, as illustrated in an example in Figure 7. An
instrument represented by APID 5 generates packets continuously. During the time the
spacecraft is not in contact with a ground station, the packets will be stored in the
recorder. During a pass, the recorded packets in VC 1 will be mingled with realtime
packets in VC 0 together into a single physical bit stream down to the ground. This bit
stream is relayed to the PPS and embedded packets are reassembled, sorted, and
grouped into segments. However, the sorting can't be accomplished by AP ID alone,
as done in the initial algorithm. A new definition for the data source has been defined
as a combination of VC and AP ID's so that when sorting is done by source, realtime
and playback data can be separated into different segments. In the example in Figure
7, source 1 is defined as VC 0/APID 5, and source 2 as VC l/APID 5.

Making things worse, data from a particular partition in the recorder may be dumped
multiple times, and up to 180 packet groups of the same AP ID may be dumped out of



original time order, effectively creating hundreds of data segments from the same
source during one pass.

Figure 7. FAST Data Scenario

When generating a data set for a given AP ID, the PPS needs to merge all segments
received from the AP ID. In the new algorithm, a sensor is defined as a combination
of sources, typically realtime and playback data sources, for merging purpose. Again
in the example, sensor 5 is defined as source 1/source 2 so that all segments of APID
5 will be merged into a data set for APID 5, as required by the FAST mission. In
general, however, this algorithm gives future users greater flexibility to build their
data sets. It allows a user either to merge partial data from an AP ID into a data set, or
to merge data from multiple AP ID's into a data set.

7. SUMMARY

The design of the FAST Packet Processing System has been discussed with the
implementation of its VLSI Level Zero Processor covered in details. Based on the
VLSI technologies and advanced processing algorithm, the FAST PPS supports data
processing rates up to 10 Mbps, handles up to 5 Gbytes of data per day, and provides
realtime and near realtime science data processing and distribution to meet all FAST
mission requirements.



The system features a highly automated operation environment to reduce operation
staffing and operational cost. Data integrity and system availability are enhanced
through powerful error correction scheme and equipment redundancy. Because of
extensive use of the VLSI components and modular design, the system renders
compact size, high reliability and high maintainability.

The FAST PPS is the first operational level zero processing system built upon the
VLSI technologies and the functional component approach. The application of the
functional component approach makes it possible to deploy the first system within 15
months. It demonstrates that high performance telemetry processing systems can be
built in short time frame by utilizing a set of generic and custom-designed functional
components both in hardware and software. It not only shortens development circle,
reduces cost, but also provides expandability and upgradability in the future.
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ABSTRACT

NASA Goddard Space Flight Center (GSFC) has developed a set of functional
telemetry processing components based upon Very Large Scale Integration (VLSI)
and Application Specific Integrated Circuits (ASIC). These components provide a
framework for the assembly of telemetry data ground systems for space projects such
as the Earth Observing System (EOS) and the Small Explorer (SMEX) mission series.
Implementation of the ground systems for such projects using a common set of
functional components has obvious cost benefits in both systems development and
maintenance. Given the existence of these components, the next logical step is to
utilize a similar approach and create a set of reusable software components for the
implementation of telemetry data system monitoring and control functions. This paper
describes a generalized set of software components, called the Telemetry Processing
Control Environment (TPCE), which has been developed to fulfil this need. This
combination of hardware and software components enables the rapid development of
flexible, cost-effective telemetry processing systems capable of meeting the
performance requirements facing NASA in the coming decade.
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INTRODUCTION

Over the last ten years, the Data Systems Technology Division of the NASA Goddard
Space Flight Center (GSFC) has developed a generalized set of functional telemetry
processing components based upon Very Large Scale Integration (VLSI) and
Application Specific Integrated Circuits (ASIC).[l] As a de facto demonstration of
their generality, these components have been used, in various combinations, in



numerous mission ground systems. They also provide a framework for the assembly
of telemetry data ground systems for future space projects such as the Earth Observing
System (EOS) and the Small Explorer (SMEX) mission series.

Implementation of the ground systems for such projects based on a common set of
functional components has obvious cost benefits in both development and
maintenance. Given the existence of these VLSI subsystem components, a logical
question is whether we can utilize a similar approach and create a set of reusable
software components for the implementation of telemetry ground system monitoring
and control functions. This combination of hardware and software components would
enable the rapid, cost-effective development of flexible telemetry processing systems
capable of meeting the performance requirements facing NASA in the coming decade.
This paper describes a generalized set of software components, called the Telemetry
Processing Control Environment (TPCE), which has been developed to fulfill this
need.

GENERAL CAPABILITIES OF TPCE

The TPCE provides generic software components designed for controlling and
monitoring the operation of the VLSI-based systems developed by NASA Goddard's
Data Systems Technology Division. It controls the operation of these systems,
provides mechanism allowing users to monitor their operation, and manages the
distribution of telemetry data sets to user sites.

Operation of a telemetry processing system using the TPCE can be automated based
on an activity schedule which can be automatically read from an external source (a file
or network socket) or manually edited using a graphical user interface. Normally,
TPCE will automatically initiate telemetry processing based upon activities identified
in the schedule, the it also provides a display of the activity schedule and allows the
user to add and delete telemetry processing session events and manually initiate
telemetry processing. Control of the VLSI systems is accomplished through editable
configuration sets, which include parameters used to specify the nature of telemetry
processing. Thus, a single VLSI system can support various types of telemetry
processing, simply by loading different configuration sets.

The TPCE system provides graphical displays that present the current status of
telemetry processing. These displays update dynamically to present data quality
information for on-going telemetry processing sessions, present historical, summary
data quality and accounting information for processed sessions, and present the status
of VLSI subsystems. TPCE also automatically generates reports summarizing the
quality and accounting information for completed telemetry processing sessions.



Telemetry data sets generated by the VLSI systems as the result of processing are
automatically collected by TPCE and distributed to specific user sites using TCP/IP
and FTP. TPCE provides for queuing of data set distributions and re-transmission of
individual data sets upon user request. TPCE also automatically generates reports
summarizing the status of data distribution to user sites.

To allow for tailoring the operation of the system without modifying or writing
software, TPCE provides a large set of system Preferences. To maintain an history of
processing activities, TPCE provides an on-line, viewable log of system events. This
event log can also be annotated on-line by the user.

ARCHITECTURE

The TPCE runs on Hewlett-Packard graphics workstations under the UNIX operating
system and is composed of a set of UNIX operating system processes that interact to
control and monitor operation of the VLSI-based systems. TPCE provides a
windowed user interface based upon the X Window System and compliant with the
Open Software Foundation's Motif user interface style. The entire TPCE system
follows an object-oriented design and is implemented in the C++ object-oriented
programming language. This object-oriented implementation provides two key
characteristics which help to enhance the reusability of individual TPCE components.
First, each TPCE object is designed to perform a single, specific purpose. This
reduces the complexity of individual code components and also makes it possible to
combine components in new, unforeseen ways. Second, the interface to any individual
component is well-defined, but its internal implementation is hidden. Thus, the
implementation of a component can change, to improve its performance, for example,
without affecting other components.

TPCE is designed as a multi-process system which can be distributed over multiple
UNIX workstations. A number of simultaneously-executing operating system
processes cooperate and communicate to control and monitor operation of telemetry
processing systems. The TPCE may operate on a single host workstation or in a
multi-host mode, wherein any specific process may be allocated to one of a number of
host workstations. In a particular system being built by NASA Goddard for the SMEX
Fast Auroral Snapshot Explorer (FAST) mission, two workstations are configured
with TPCE to cooperatively support operation of the system. One workstation
supports control and monitoring, the second supports distribution of data sets to user
sites. Additionally, all user displays from the second workstation appear on the first's
monitor. This allows the user to monitor the operation of a multi-host system from a
single display. [2]



TPCE processes are classified into two categories based on the temporal nature of
their operation: static or transient. Static processes form the core of the system and
execute continuously, throughout the operation of the system. Transient processes are
initiated and terminated upon user request. For example, most processes which drive
status and monitoring displays are transient, initiated and terminated upon user
request.

The internal structure of almost every TPCE process is virtually the same: a process
contains a series of C++ class objects which are initialized by the process and then
invoked through system-event function callbacks. When some type of system event
occurs - a user input, system wall clock time-out, inter-process communication, or file
input - a system event is generated, causing a specific, predefined member function of
one of the process' classes to be called. This event callback structure is supported by a
set of C++ classes which provide general callback capabilities instantiated for specific
types of system events. Examples of these C++ classes include WrEvent, which
provides callbacks based upon user input to TPCE displays, AlarmClock, which
provides callbacks based on wall clock timers, IPCServer, which provides
inter-process communication callbacks, and DataServer, which provides status and
monitoring data to registering objects through callbacks.

SOFTWARE DESIGN

Static processes form the core of the TPCE system and execute continuously,
throughout the operation of the system. Figure 1 presents the complete set of static
processes.

The Controller process manages initiation and termination of all TPCE processes and
monitors process execution status. All static and transient processes, as defined in a
user-editable table, are started by the Controller.

The Executor directs the activities of the TPCE system by controlling telemetry
processing sessions. This process can be tailored to do any combination of the
following:

- set up a recorder for recording an incoming telemetry stream or to play back
a recorded telemetry stream,

- command the VLSI system to set up for telemetry processing sessions,

- collect summary telemetry quality and accounting data and generate quality
and accounting reports.



Figure 1 - Static Control Processes

The DataServer provides a central repository for system status and telemetry data
quality and accounting information which may be required by multiple processes,
potentially executing on different machines. A process may register for specific data
parameters and have those parameters automatically delivered at regular intervals via
the callback mechanism discussed earlier. The DataServer is driven from a standard,
user-definable database of status parameters. The StatusCollector collects system and
processing status which is then placed into the DataServer for distribution to TPCE
client processes. The IPCServer provides a repository for inter-process
communication messages similar to the DataServer, allowing TPCE processes to
communicate with one another without knowledge of specific IPC mechanisms or
even of each other. The IPCServer acts as a multicast server, broadcasting IPC
messages to all processes requesting it, without the originator's knowledge of the
recipients.

The ActivitySchedule process maintains the activity schedule, ingests scheduling
information from an external file into the schedule, displays the activity schedule to
the user, and allows the user to edit the schedule.



The DataSetCollector collects processed telemetry data sets and stores these for later
distribution to user sites. The DataSetDistributor distributes data sets to user
destinations, as specified in a user-editable file. All processes which wish to interact
with VLSI systems must do so via the VLSICommanding process. The process
manages a connection to the VLSI systems through which all commands are
transmitted and responses received.

Transient processes are initiated and terminated upon user request. For example, most
processes which drive status and monitoring displays are transient. The
ConfigurationSetEditor provides a user interface for the manipulation of configuration
sets, which contain parameters that define the exact nature of telemetry data
processing. The user is provided with a graphical user interface through which he can
edit the parameters associated with any configuration set and create and delete
configuration sets. The PreferenceEditor provides a user interface for the manipulation
of preferences, which are parameters which define operational characteristics of the
TPCE. Preferences allow the user to define how the TPCE is to operate.

The following list identifies transient processes that drive graphical user interfaces
which present information used to monitor the processing activities of the TPCE and
VLSI systems. They are initiated and terminated upon user request and update
dynamically at a user-definable rate. Unless so indicated, all processes gather status
information from the DataServer.

o LZPStatusEditor displays summary processing status information

o BlockStatusEditor displays Nascom block level processing status

o FrameProcessingStatusEditor displays transfer frame processing status

o PacketProcessingStatusEditor displays packet level processing status

o PacketReassemblyStatusEditor displays packet reassembly status

o RealtimePacketEditor process can display the contents of telemetry packets
to the user. It extracts these packets from the telemetry stream as they are
being processed by the Processing Subsystem.

o SessionQAEditor process displays quality and accounting information for a
particular telemetry processing session



o DataSetAnalyzerEditor process displays the contents of processed telemetry
data sets, rejected packets files and rejected frames files for analysis.

o DistributionStatusEditor process displays the status of telemetry data set
distributions

There are also a variety of processes which display the availability and performance
status of VLSI system elements.

The TPCE processes are the largest, reusable components of the system. But there are
a large number of C++ class components which comprise these processes which
themselves are reusable. This component-level generality provides a framework for
combining components to support additional capabilities not currently implemented in
the existing TPCE system. Virtually all these components are C++ classes that
provide very descriptive interface definitions, hiding details of the internal
implementation. TPCE components include:

o tape recording, archival, play back, and contents management, as well as
tape drive device management

o telemetry data quality and accounting data collection, storage, retrieval,
display, reporting, and archival

o user editing, creation, deletion, and management of libraries of system
configuration parameters

o operational event logging, archival, user annotation and display, and
synchronous, acknowledged user messaging

o schedule ingest, display, storage, and editing

o batch, user initiated telemetry processing

o system preference parameters, to dynamically change characteristics of
system operations

o various time types, clocks, and alarms

o graphical user interface (GUI) components for the X Window System and
OSF Motif, and for gathering user input, time, and inter-process
communication events



o generalized, distributed operating system process initiation, termination, and
management

o UNIX system services such as file and directory management, FTP, E-mail,
pipes, sockets, datagrams, and shared memory

o container objects such as ordered and unordered lists, dictionaries, and
linked lists

SCENARIO

While each of the tasks in the TPCE system consists of a relatively independent set of
related functions, most of these tasks need to communicate with one or more other
tasks to exchange data or synchronize activities. The scenario below briefly describes
the TPCE interprocess communication that takes place during a particular phase of
processing: that of the automatic set up, monitoring, and termination of real time
telemetry processing sessions. We assume that a real time telemetry processing
session activity is described by an entry in the activity schedule.

The Controller task examines the activity schedule to determine when the next real
time session is scheduled to begin. The task then sets an alarm to wake it when the
time arrives for that session to be executed. When the alarm goes off, the Controller
task extracts the session information from the activity schedule and sends it to the
appropriate Executor task for the specified VLSI system.

Based on the characteristics of the session, the Executor task commands the VLSI
system through each step of the data processing process. Since more than one task
may need to command a given VLSI system, and each system can only accept a single
command connection, the Executor does not communicate with the VLSI system
directly. Instead it sends commands to the VLSICommanding task which then passes
them on to the VLSI system. Command responses are in turn passed back to the
appropriate commanding task.

Each VLSI system also generates status through a separate electronic connection. This
status information is received by the StatusCollector process which simply makes the
data available to other processes by storing it directly into the DataServer. Arbitrary
processes throughout the system may then receive this information asynchronously. A
large number of the processes that receive this information are graphical status
windows. These processes display windows for the user in which processing and data
quality status are displayed. In many cases, this information is simply received from
the Data Server and displayed on the screen. Some of the status is also received by the



Executor processes in order to determine the state of processing. Session status is in
turn made available to the ActivitySchedule process, so that the a currently executing
session may be protected from inadvertent modifications by the user.[2,4]

CONCLUSION

The TPCE system provides a framework for the implementation of telemetry ground
systems for future NASA projects. Implementing these systems based on NASA
Goddard's VLSI-based hardware systems and the TPCE software components has
obvious benefits in both development and maintenance. The availability and flexibility
of these hardware and software components will enable the rapid, cost-effective
development of telemetry processing systems capable of meeting the performance
requirements facing NASA in the coming decade.
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ABSTRACT

The Small Explorer (SMEX) Program at NASA's Goddard Space Flight Center
(GSFC) is the first set of Goddard missions to employ Consultative Committee for
Space Data Systems (CCSDS) recommended standards(1)(2) for telemetry data
transmission. These international standards form the basis for much of NASA's future
telemetry data system development. The GSFC's Data Systems Technology Division
(DSTD) has been heavily involved with the development of systems for both flight
and ground system application of these standards since 1985 (3). The result of this
effort is the development of an approach which provides basic subsystem and system
solutions which meet these standards. Based on this approach, a number of generic
telemetry processing systems have been adapted to meet applications for the SMEX
Program. Some of these applications include: the initial capture, processing, and
distribution of CCSDS data for the integration and testing of the SMEX spacecraft
before launch; the ground station data acquisition, processing, and transmission; local
science data distribution; and other applications involving ground system testing and
verification. The purpose of this paper is to describe a number of these applications
and to show how generic system elements were configured and adapted to meet all of
the requirements for these applications.

1.0 INTRODUCTION

The Small Explorer program, managed by the GSFC Special Payloads Division, was
developed to provide frequent flight opportunities for highly focused and inexpensive
space science missions. The first mission, the Solar Anomalous and Magnetosperic
Particle Explorer (SAMPEX), was launched successfully in July 1992. The next two
missions, the Fast Auroral Snapshot Explorer (FAST) and the Submillimeter Wave



Astronomy Satellite (SWAS), are scheduled for launch in August 1994 and April 1995
respectively. The SMEX missions are unique in that they are the first to utilize the
CCSDS recommendations for telemetry data transmission. Through these path-finding
missions, a number of systems capable of processing CCSDS telemetry data were
developed and deployed. These systems provide CCSDS return and forward link
processing functions in a number of applications required for: spacecraft integration
and test; ground station data capture and network distribution; mission operations and
science data processing; and ground system and end-to-end testing. Across all of these
functional areas common CCSDS processing systems and subsystems developed by
the DSTL were utilized. The following sections describe the overall architecture of the
SMEX test and ground system, and show how these CCSDS based systems and
subsystems are used to test and operate the SMEX missions.

2.0 SMEX-FAST MISSION TEST AND GROUND SYSTEM OVERVIEW

The Small Explorer Fast Auroral Snapshot (FAST) Mission, to be launched in August
1994, is probably the best example of how the CCSDS standards can foster common
systems elements in both the flight and ground system architectures. This mission will
investigate auroral plasma physics during its one year lifetime. During the mission
various ground stations will be utilized to transmit FAST spacecraft telemetry data to
and from the Mission Operations and Data Processing Center at GSFC. After initial
processing at GSFC all spacecraft data is forwarded to the University of California,
Berkeley, Science Operations Center (UCSOC) for analysis. Additionally, remote
science operations centers at Poker Flat, Alaska, and Kiruna, Sweden, will receive
telemetry data in realtime during a special two month period called the northern
campaign period. The campaign period will allow the Principal Investigator (PI) to
perform ground based corroborative science with the FAST spacecraft, sounding
rockets and other spacecraft. This campaign period will involve highly interactive and
intensive science activities.

The architecture of the NASA test and ground system used in support of the FAST
mission is shown in Figure 1. This system consists of a number of geographically
diverse NASA ground stations which transmit FAST spacecraft data to the GSFC
Mission Operations and Data Processing Center, and to the two remote science
operations centers during the campaign period. At GSFC, the mission operations
center provides for the health and safety of the spacecraft. Operating within this same
facility, the data processing system provides "level zero" processed data sets to the PI
at UCSOC. Both of these functions will operate twenty four hours a day seven days a
week during the mission lifetime. On the flight side, the FAST Spacecraft Integration
and Test Systems provides for the proper validation of the spacecraft before the launch
of the spacecraft.



FIGURE 1 - FAST TEST AND GROUND SYSTEM

Throughout the FAST mission test and ground system, common systems which
provide for CCSDS return and forward link data transmission and processing are used.
The next sections will show the general architecture of these functional areas and
highlight the common processing systems in each area.

3.0 COMMON SYSTEMS WITHIN THE FAST TEST AND GROUND
SYSTEM

Within the FAST test and ground data system, CCSDS data processing systems based
on a common architecture serve the mission throughout the world. These common
systems are based on open bus VME platforms in which CCSDS functions such as
frame synchronization, error detection and correction, service processing (such as
packet reassembly) are basically mapped into functional cards. Figure 2 shows an
pictorial of one of these typical systems. In general these systems act either as CCSDS
"gateways", "rate-buffers" , or "file-servers".

As a CCSDS "gateway", these systems provide for the conversion of CCSDS forward
and return link telemetry data into common ground based network protocols for
example either NASCOM 4800 bit blocks or standard TCP/IP packets and for the
distribution of the data via ground network. As a CCSDS "rate buffer", these systems
meter spacecraft data onto bandwidth limited networks while still forwarding critical
real-time data with minimal latency. As a CCSDS "file server", these systems provide
for the capture, demultiplexing, sorting and merging of data on a pass per pass or



multiple pass basis. In many cases the systems developed provide one or more of
these capabilities.

FIGURE 2 - TYPICAL SMEX CCSDS TELEMETRY DATA PROCESSING
SYSTEM

3.1 Spacecraft Integration and Test System

The Spacecraft Integration and Test System (I&T) shown in Figure 3 provides a
complete transportable system which can be used to completely verify the FAST
spacecraft operations before launch. For return link data the FAST I&T System
provides a commercially available bit synchronizer and Virterbi decoder. From this
output, baseband CCSDS transfer frames are transmitted serially to the Front End
Telemetry and Command Processor (FTCP) which reassembles CCSDS packets from
the transfer frames and annotates them with quality and timecode information. From
the FTCP system, the annotated packets are transferred based on Ethernet and
standard TCP/IP protocol to the I&T Ground Support Equipment (GSE) network.

The I&T GSE network supports a number of test workstations that receive the
annotated packets and convert the raw packet data to subsystem (e.g. thermal, power,
attitude etc.) engineering units which are displayed to the test operator and monitored



by the various spacecraft subsystem developers. Additionally, the science
investigators can receive the instrument data packets and monitor the operation and
function of the four instruments on the FAST spacecraft in support of instrument
integration.

FIGURE 3 - SMEX INTEGRATION AND TEST ENVIRONMENT

In the forward link direction, the test workstations maintain the necessary database
which are used to command and control the FAST spacecraft and instrument
subsystems. The test workstations generate individual commands or complete
command loads for operating the spacecraft, and transmits (via Ethernet TCP/IP) them
as CCSDS telecommand data units to the FTCP system. The FTCP receives the
telecommand data units, provides any necessary coding or time tagging and serially
transmits these to the FAST spacecraft. In the FAST Integration and Test System, the
FTCP system acts as both a CCSDS "gateway" and a "rate buffer", distributing
realtime packets to the test stations and Instrument Ground Support Equipment
(IGSE) via standard protocols (TCP/IP) and rate buffering high rate FAST data
through the Ethernet network.

3.2 Ground Station Systems

The FAST mission is a very demanding mission in terms of ground station support
functions, and in terms of actual data rate (2.25 Mbps downlink rate). Based on
science objectives, the mission requires up to 11 passes a day during the campaign and



four to six passes a day during other mission phases. Multiple, geographically diverse
ground stations are used in support of the FAST mission. This support includes
ground stations located at Wallops Island, Virginia; Poker Flats, Alaska; Santiago,
Chile; Meritt Island, Florida; Canberra, Australia; and Kiruna, Sweden. Additionally,
two of the ground stations (Poker Flat and Kiruna) support remote science operations
centers. A typical ground station, the Wallops Transportable Orbital Tracking Systems
(TOTS), is shown in Figure 4.

FIGURE 4 - TYPICAL GROUND STATIONS (TOTS)

Besides the normal RF and tracking systems, nearly all of the ground station CCSDS
"gateways" allow data from the spacecraft to be encapsulated in standard NASCOM
4800 bit blocks and transmitted via the NASCOM network to the Goddard Mission
Operations and Data Processing Center. In general, these "gateways" provide for
common CCSDS functions such as frame synchronization, error detection and
correction, virtual channel sorting, and in some cases packet reassembly. At a number
of the ground stations "rate buffering" at the transfer frame level is provided because
of rate limitations on circuits from the ground stations to GSFC. At two of the ground
stations (Poker Flats and Kiruna) distribution and rate buffering of reassembled FAST
science packets are provided to the remote science operations centers.



Overall, approximately fifteen common VME based systems will be utilized by the
FAST mission to capture and distribute spacecraft data to GSFC or to remote science
operations centers.

3.3. Mission Operations and Data Processing Center

Within the Mission Operations and Data Processing Center, the FAST Packet
Processing System (PPS) acts as a CCSDS "file server" for FAST data received from
the various ground stations. Shown in Figure 5, the FAST-PPS System will provide
an highly automated system which receives in CCSDS transfer frames embedded in
NASCOM blocks. The FAST-PPS System provides NASCOM deblocking, frame
synchronization and any error checking necessary based on the CCSDS
recommendations. The system provides CCSDS "gateway" functions by transmitting
annotated packets in realtime to the IGSE during the launch and early orbit to
facilitate FAST instrument test and checkout. Throughout the mission the FAST-PPS
acts as a "file server" by reassembling, quality checking, annotating, sorting, merging,
and time ordering CCSDS packets for each data source into individual files based on a
single or multiple pass event. These files once constructed are then transmitted
autonomously to the UCSOC at Berkeley for further processing and analysis.
Additionally, the FAST PPS provides time ordered and quality annotated files of
attitude packets on a daily basis to the Flight Dynamics Facility at GSFC.

Like the I&T and ground stations systems, the FAST PPS System is based on the
same functional architecture and interface standards used on those elements.
Additionally, the FAST-PPS houses a high rate commercially available disk farm to
support the capture and generation of output files to the UCSOC.

4. Conclusion

The CCSDS standards provide a frame work which greatly reduces the number of
distinct and unique test and ground processing elements required to support spacecraft
testing and operation. As evidenced by the SMEX-FAST mission, common CCSDS
processing elements can be provided in a number of functionally and geographically
diverse locations and facilities to provide full service to the mission. Because these
elements are common and well known in function the risk of incompatibility and
interface problems is minimized as is the cost of developing unique hardware and
software elements. Overall, the CCSDS standards allow the deployment of common
building blocks which can be used to cost-effectively develop flight and ground
systems.
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ABSTRACT

NASA's ground telemetry data systems developed by the Microelectronics Systems
Branch at the Goddard Space Flight Center, use a generic but expandable architecture
known as the "Functional Components Approach." This approach is based on the
industry standard VMEbus and makes use of multiple commercial and custom VLSI
hardware based cards to provide standard off-the-shelf telemetry processing functions
(e.g., frame synchronization, packet processing, etc.) for many telemetry data handling
applications. To maintain maximum flexibility and performance of these systems, a
special real-time system environment has been developed, the Modular Environment
for Data Systems (MEDS). Currently, MEDS comprises over 300,000 lines of tested
and operational code based on a non-UNIX real-time commercial operating system.
To provide for increased functionality and adherence to industry standards, this
software is being transformed to run under a UNIX-compatible real-time environment.
This effort must allow for existing systems and interfaces and provide exact duplicates
of the system functions now used in the current real-time environment. Various
techniques will be used to provide a relatively quick transition to this new real-time
operating system environment. Additionally, all standard MEDS card to card and
system to system interfaces will be preserved, providing for a smooth transition and
allowing for telemetry processing cards that have not yet been converted to reside
side-by-side with cards that have been converted. This paper describes this conversion
effort.



INTRODUCTION

The Microelectronics Systems Branch at the Goddard Space Flight Center is
transitioning from a non-UNIX self hosted real-time software environment to a
UNIX-compatible workstation hosted real-time environment over the next year. This
environment offers the software developer a much more robust set of development and
debug tools for real-time software design. This paper outlines the transition plan in
detail so that programmers and managers alike will have a thorough understanding of
what is involved in such a transition.

The new development environment is a set of UNIX workstations that act as a
software front-end to the real-time target system. A complete set of compilers, linkers
and source level debuggers is available to the software developer under the new
environment that were previously unavailable or available only as primitive tools. One
of the most robust features of the new environment is the TCP/IP based socket
concept that is borrowed from the UNIX domain. This allows the programmer who
has previously worked in a UNIX environment a smooth transition to the new real
time environment. The target machine is connected to the host development machine
through an Ethernet cable. Programs are loaded and debugged from a host workstation
to the target machine using the TCP/IP protocol.

The new real-time target environment allows the developer to choose from 680x0,
683xx, SPARC, and 80960 based target architectures. This offers a great advantage
over the old real-time target environment that only supported 680x0-based
architectures.

The new software development environment allows the developer to choose from a
number of workstations as development hosts. This offers a great advantage over the
old software development environment that was self hosted.

The compiler, linker, and source-level debugger are written and freely distributed by
Free Software Foundation. This means that source code is available for all of these
tools. These tools are well documented by both on-line documentation and hard copy
documentation available to the software system developer.

The first phase of moving from the old to the new environment is to support the
current software environment shell. The primary shell that ran on top of the old
operating system was the Modular Environment for Data Systems (MEDS). In order
to support the existing inter-process communication and data structures, it is necessary
to transfer all of the current MEDS functionality into the new environment. This
migration is already underway and is outlined in the following paragraphs.



CURRENT SOFTWARE ENVIRONMENT

The telemetry data systems designed, built, and programmed in the Microelectronics
Systems Branch all have a similar pipelined, multiprocessor, dual bus, hardware
architecture as a platform on which to build application specific hardware and
software .

The Modular Environment for Data Systems (MEDS) is designed as a general purpose
software shell that can be expanded and customized by application programmers to
suit their particular requirements. It provides the basic software functions needed in
multiprocessor telemetry data systems, namely, the ability to setup application
specific hardware and software, process the telemetry data based on the setup
parameters, monitor the processing, and supply network support for remote operator
interface and data transfer. MEDS supplies an infrastructure to pass data between
systems, processors and tasks as well as support for operator interface development.

A complete system is built by adding custom code to the general purpose MEDS code.
Therefore, MEDS spares the application developer from the burden of creating an
infrastructure for each new system and adds consistency in all system design,
implementation and maintenance. With MEDS software, application specific real-time
code has a strong modular foundation on which to build.

A MEDS based system unites and manages the standard multiple processor hardware
platform. The processors are organized as a single master processor directing multiple
subordinate application specific custom cards. The master processor is the single point
of control within the system; it interfaces with the operator, on either a local terminal
or a remote workstation. Using a set of operator defined setup files, the master
processor will initialize the custom cards and monitor their processing on various
status pages. Telemetry data may enter and exit the system through the remote
interface as well. In any case, it is the pipeline of custom cards that process the
telemetry data.

MEDS software resides on the master processor and on each custom card. The basic
MEDS functions include:

Setup system and subsystems for processing (e. g. setup custom chip
registers).
Control the application specific processing (e.g. enable, disable, reset a card
).
Monitor the system and subsystems (e.g. gather and display card processing
status).



Stream data over network (e.g. transfer telemetry data to/from a
workstation).

The overall MEDS software design is modularized into packages that supply general
purpose system functions such as operator interface support, status gathering support,
command handling support, interprocessor communications, and network
communications. Each package implements a set of functions that serve as a resource
to the application software while hiding the details of their implementation. Consistent
interfaces have been defined for each package so code within a package can be
changed without affecting the application code if the functions and interfaces remain
constant.

A MEDS based system is a group of cooperating tasks built on these packages. The
tasks are spread across the processors of the system, both tightly coupled (on the
VMEbus) and loosely coupled (on a network between the VME rack and remote
workstation). Some of the packages exist as linkable libraries that the programmer
will use to build a task such as a command handler. Other packages exist as
customizable source code files, where the applications programmer will copy the
source file, add in his specific code and compile, such as a status task. In all cases, the
programmer does not need to know the details of the MEDS code only the interface to
it. All processors in a MEDS system run the real-time operating system.

CONVERSION APPROACH

Currently, MEDS comprises over 300,000 lines of tested and operational code based
on a non-UNIX real-time commercial operating system. The size and complexity of
this porting effort combined with the need to maintain existing deployed systems,
requires that existing MEDS interfaces preserved. All standard MEDS card-to-card
and system-to-system interfaces will remain the same. This will provide for a smooth
transition from the old operating system to the new by allowing existing telemetry
processing cards that have not yet been ported to reside side-by-side with cards that
have.

Second, most of the current MEDS code will be reused. Code that does not work
under the new operating system will be left in the source code, but removed from
compilation using conditionals. For the initial release, additional features provided
under the new operating system will only be used if necessary. Source code backward
compatibility will be maintained during the conversion process. Also, errors found by
testing under the new operating system will be backannotated to systems using the old
operating system.



Finally, a separate development team has been formed. This team is trained in use of
both the old and the new operating systems. In order to make this porting project more
visible, it has been tied to an existing project and must meet the needs and schedule of
that project as well as it's own.

The remainder of this paper outlines the specifics of the conversion approach.

Development plan

The implementation plan has been broken down into several builds. The first build,
demonstrated in August 1993, consists of the basic telemetry system components
(Frame Synchronizer, Reed-Solomon Decoder, Multiplexer, Data Capture, and
Remote Interface), master controller routines including the VT100 or terminal
emulator based user interface (OPMAN), and all MEDS library routines. The remote
interface will be used to transfer data to a workstation and not for remote
commanding.

Build I release (August 1993)

Build II, demonstrated in December 1993, will add more cards (Sorter Card, Data
Buffer, and Slow FDDI using commercial drivers) and a simple generic graphical user
interface running on the workstation. Also, Test Data Generator conversion will be
started.

Build II release (December 1993)

Build III, demonstrated in April 1994, will add two more cards (Forward Link
Interface and High Rate Frame Sync). Additionally, the new operating system will be
ported to an internally designed CPU mezzanine. All currently ported cards (Master
Controller, Frame Sync, Reed-Solomon, Mux, Remote Interface, Sorter, Data Capture,
Data Buffer, Slow FDDI) will be brought up to the latest MEDS release. Porting the
Level Zero Processor (LZP) back end cards (Record Mover, Annotation Processor,
Data Mover, Service Processor, and Data Take assembler) will be started. An
extensive generic graphical user interface will be started. Also, a fast FDDI interface
based on custom UDP/IP and drivers will be started.



Build III release (April 1994)

Build IV, demonstrated in Summer 1994, will add the LZP back end cards (Record
Mover, Annotation Processor, Data Mover, Service Processor, and Data Take
assembler), a more extensive generic graphical user interface, and a fast FDDI
interface based on custom UDP/IP and drivers. This build will provide UNIX-
compatible software for the 50 Mbps LZP system.

Build IV release (Summer 1994)

Emulation Library

In order to ease the transition from one operating system to another, an emulation
library has been designed. This library simulates the commonly used operating system
unique subroutine calls. This library has been designed into 6 major subelements; 1)
real-time task control calls, 2) character I/O, 3) system calls, 4) date/time calls, 5) file
I/O calls, and 6) miscellaneous support calls.

By using this library, approximately 80% of the previously developed code ports to
the new UNIX-compatible operating system with no changes. Had this library not
been developed only about 40% of the source code could have ported with no change.

The other important aspect of this library is that it allows for simple and almost trivial
porting from the new UNIX-compatible real-time operating system to any other
UNIX-compatible real-time operating system. All of these systems have operating
specific calls. By merely mapping these calls in the emulation library, porting
becomes much simpler .



Conditional Compilation

Conditional compilation is used to further isolate operating specific code. For
example, the old operating system used an odd file naming convention. By using
conditionals around the filenames, both the old and the new names are supported.

Porting Guides

Early in the transition process, several porting guide documents were developed.
These guides cover both the major design differences as well as the detailed coding
modifications necessary. Additionally, since there is still significant design and coding
activity around the old real-time operating system, a portability document was written
to show how to write code that is easily ported to the new operating system.

OPERATING SYSTEM DIFFERENCES

This section highlights a few of the issues and differences that were encountered
during the porting process.

File Naming

The old operating system uses uppercase characters for file names and the colon for
extensions. The new operating system uses standard lower case characters for file
names and the period for extensions. To preserve backward portability to old
operating system, the C conditional macro "#ifdef" is used to conditionally include
files and code. Using a conditional macro, system specific include files and code are
selected without modifying the program module.

All operating system specific code is placed in conditional compilation statements as
follows:

#ifdef OLD_OS

# include "HEADER:H"
# define FILE_NAME "FILE:MAP"

#else

# include "header.h"
# define FILE_NAME "file.map"

#endif



Prototypes

The old operating system used a standard K & R compiler and mostly ignored
prototypes. It does, however, use the return type for the function. Programmers have
been encouraged to use prototype definitions, even under the old operating system.
Because of this, the new operating system flagged a number of prototype errors, that
were previously ignored. To be compatible with the old operating system, function
declarations will still use the old K & R format rather than the new ANSI format. Part
of the conversion process includes adding prototypes where necessary.

The old operating system doesn't totally ignore (although it doesn't use) the rest of the
code in the argument declaration area of the prototype. It can't handle actual argument
names in the prototypes. There is a few keywords and formats that it can't handle. For
instance, it can't handle any typedefs in prototypes and it can't handle some qualifiers
such as "register" in prototypes.

For Example:

ANSI Prototype with inline argument declaration:

void ch_clock(int) ;

K+R Style Function Definition:

void ch clock (which)
int which;
{
...
}

Bit Fields

One of the trouble spots during the conversion occurs on programs that use bit field
structures. Under the old operating system, structures are reversed end-for-end
compared to the new operating system. The programmer must manually revise all bit
field structures.

The new operating system performs all bit field operations using byte width
instructions. This is not a problem when the memory is byte addressable; however,
some control devices allow only word and long word width addressing. To solve this
problem, a macro was devised that maps the bit field operation into a masking
operation. The register is read into regular memory, the bit field operation is



performed, and register is then updated with the new value. This operation requires
that the register be both readable and writable.

Linker/Loader

The new operating system uses a dynamic linking loader to download and resolve
software at load time. Programs do not have to be fully linked with all parts to be
downloaded and executed. In fact, it is desirable that the software module not be fully
linked. The linking process occurs automatically while it is being downloaded from
the host system. All modules that are being referenced must have been previously
downloaded and be present in memory.

This design provides an efficient software context, because code modules are reused
by many callers. However, it does have its drawbacks, which is true for all reentrant
software. The use of local static variables and non-static global variables must be
closely examined. These are variables that hold their value from call to call. The
problem occurs when a task calls a shared subroutine that contains a static variable
and changes its value to reflect a task specific value. When another task calls the
shared subroutine, the static variable will be incorrect for its context. The new
operating system provides a facility to save these variables with the task context;
however, the task scheduling is slowed as a result. Therefore, this issue must be
examined carefully and an appropriate action taken to resolve it.

CONCLUSION

The UNIX environment provides a powerful and open environment. This environment
offers the software developer a generic robust set of development and debug tools for
many types of software design on many different systems. This paper has outlined the
conversion of a software environment from a non-UNIX to UNIX-compatible
real-time operating system.

The transition of software from one operating system to another can be time
consuming, complex, and error prone. There are many approaches that could be taken
to achieve such a transition. By reusing existing interfaces and code, the
Microelectronics Systems Branch has chosen a path that is thought to minimize the
conversion time, complexity, and error.
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ABSTRACT

The unprecedented volume of earth science data generated by NASA's Earth
Observing System (EOS) will require significant advancements in the capability and
scale of ground-based data acquisition and processing systems. In order to meet this
challenge, NASA's Goddard Space Flight Center (GSFC) has initiated the
development of key subsystem components for CCSDS front-end processing at 150
Mbps data rates. This effort is a continuation of the Functional Components Approach
(1), an approach applied over the last eight years that uses modular, VMEbus
subsystems based on Very Large Scale Integration (VLSI) technology to create
pipelined, multi-processor telemetry data systems. The result of this development
effort is the creation of four new functional component subsystems incorporating four
new VLSI Application Specific Integrated Circuits (ASICs) and the augmentation of
two existing subsystems to include elements for frame synchronization, Reed-
Solomon error correction, CCSDS Service processing, and simulation at EOS data
rates. This paper describes this development effort and provides initial functional and
performance expectations .

INTRODUCTION

The Earth Observing System (EOS) is a NASA science research mission
commissioned to provide a comprehensive understanding of global environmental
change. The goal of the EOS is to systematically measure and study global change
over at least a fifteen year period through remote observations from space. In order to
obtain broad coverage of the numerous processes that affect the Earth's environment,
eighteen spacecraft incorporating different onboard configurations of remote-sensing
instruments are planned to fly over the life of the mission.

Each EOS spacecraft will incorporate a number of high resolution instruments which
will be capable of generating enormous volumes of science data. Science data from



each instrument will be packetized, multiplexed, and telemetered at very high rates
using standard protocols based on the CCSDS recommendations. Starting with the
launch of the first spacecraft in 1998, EOS will transmit in excess of one Terabit
(1012) of earth science data per day. Many of the EOS spacecraft will down link data
at peak rates up to 150 Mbps. In order to accommodate this volume of high rate
packetized data, EOS ground data acquisition and processing systems will require
performance and functionality far beyond those commonly implemented today .

For the past eight years, the Data Systems Technology Division (DSTD) at Goddard
Space Flight Center (GSFC) has developed high performance data acquisition and
processing systems for a number of present and future NASA programs including
Small Explorer (SMEX) (2), Deep Space Network (DSN), Hubble Space Telescope
(HST) (3), Topographical Explorer (TOPEX) (4), and Space Station Freedom. These
data systems have been implemented from a common set of low-cost hardware and
software "building blocks", known as functional components. This functional
components approach provides a technique to quickly and inexpensively build or
configure data systems to meet changing mission requirements. Key characteristics of
this approach include the use of open-bus system platforms, pipelined
multiprocessing, and VLSI technology to lower component costs and increase system
performance.

An effort is currently underway in the DSTD to create a new set of functional
components for data systems meeting EOS performance requirements. These new
low-cost subsystems include elements for frame synchronization, Reed-Solomon error
correction, CCSDS services processing, and spacecraft data simulation at sustained
data rates of up to 150 Mbps. The development of these CCSDS front-end processing
subsystems is the subject of this paper. First, the objectives and approach of this effort
are presented. Each of the six functional component subsystems under development
are then described in detail.

EOS HIGH RATE COMPONENTS

The EOS High Rate Components development effort was initiated in 1992 to extend
the functional components approach to EOS-era front-end processing systems. This
effort is divided into three concurrent development activities, each of which
demonstrates a different level of capability in front-end processing. The system block
diagram in Figure 1 illustrates these three capability objectives and their constituent
subsystem elements. The shaded elements make up this development effort. The
unshaded elements represent either existing subsystems or those that are being
developed under a separate program for 150 Mbps Level Zero Processing (LZP).



Figure 1 - EOS High Rates Component Development

Frame Acquisition and Simulation

The first demonstrated capability, scheduled for completion in December of 1993,
targets functionality for system-level data handling, frame acquisition, and data stream
simulation. Three VMEbus subsystems and a new telemetry bus for high rate data
transfer are the result of this development. The new telemetry bus, known as the High
Rate Telemetry Backplane, is a next generation version of the telemetry pipeline bus
used in current functional component systems. Designed to handle up to 20
simultaneous data transfers, each at rates up to 300 Mbps; this bus is essential to the
development of very high performance functional component systems because it
provides for the concurrent transfer of high rate data between data processing
elements.

The 150 Mbps Frame Synchronizer card (5) provides telemetry frame acquisition
using a programmable acquisition strategy. Serial telemetry data input is correlated,
synchronized, converted to parallel, and quality annotated before being output to the



High Rate Telemetry Backplane. This card is actually a minor augmentation of an
existing subsystem (5) adding an interface to the new High Rate Telemetry
Backplane.

The High Rate Data Mover card is also a minor revision of an existing subsystem to
provide interfaces to the new telemetry bus. This card serves as a data transfer bridge
between the three system busses and up to two external interfaces. External interfaces
are defined by daughter card modules that plug into the motherboard. Both small
computer systems interface (SCSI) and high speed interface (HSI) interfaces are
currently supported, however, new interfaces can be readily created.

The 150 Mbps Simulator card is a new card designed to simulate realistic spacecraft
data streams for ground system testing. The card combines a large amount of on-board
memory (up to 128 Megabytes) and two different memory controllers that allow the
simultaneous update and output of test pattern memory data. Update values are either
stored on card, generated by the card's processor, or input through a daughter card
interface compatible with High Rate Data Mover card. The output is controlled by a
single chip Gallium Arsenide (GaAs) memory controller that was created specifically
for this application. The GaAs Test Pattern Generator chip, developed using a 0.8
micron GaAs gate array, facilitates the formatting and output of high rate parallel and
serial data streams. The Simulator card also contains on-board hardware for CCSDS
Reed-Solomon, Cyclic Redundancy Check (CRC), and bit-transition density encoding.

Reed-Solomon Error Correcting and Virtual Channel Sorting

The second capability objective provides Reed-Solomon error correction and virtual
channel sorting functionality by February of 1994. This functionality is accomplished
through the development of a single VMEbus card subsystem. The 150 Mbps
Reed-Solomon card performs both header and block error correction and can support
mixed streams of CCSDS data requiring different grades of services. Data is input
through the High Rate Telemetry Backplane interface and is deinterleaved prior to
Reed-Solomon decoding. After correction, the card filters and sorts frames by
Spacecraft and Virtual Channel ID. Corrected frames are routed for output to one of
four channels on the telemetry bus.

Most of the functions on the 150 Mbps Reed-Solomon card are performed by a single
VLSI ASIC component. The Reed-Solomon Error Correction chip, developed as part
of this effort, is an 80K gate 0.6 micron semi-custom CMOS device (6). This
component incorporates two Reed-Solomon decoders and a host of memory
controllers that support the automatic input, deinterleaving, and correction of data.
Quality annotation, cumulative quality accounting, and header look-up for routing are



also supported on-chip. A block diagram of the Reed-Solomon Error Correction chip
is provided in Figure 2.

Figure 2 - Reed-Solomon Error Correction Chip Block Diagram

CCSDS Services Processing

The 150 Mbps Service Processor subsystem is being developed to meet the third
capability objective. This single VMEbus card subsystem, scheduled for completion
in October of 1994, performs the frame and packet data extraction services defined by
the CCSDS conventional and Advanced Orbiting System (AOS) standards. Input
frame headers and quality are first verified to determine frame status and required
service. Data is then grouped by frame identifiers and reassembled prior to output. On
output, reassembled packets are sorted by their packet identifiers and annotated with
the results of quality checks performed on the data.

A key driver in this development is EOS's planned use of relatively small packets at
high data rates. EOS spacecraft are expected to downlink data with worst case packet
rates beyond 50,000 packets per second. The inclusion of lossless data compression on
future EOS spacecraft could push these rates to 150,000 packets per second. Because



each packet requires a similar amount of protocol processing, increased packet rates
have a much more dramatic impact on ground system development than increased
data rates (7).

The 150 Mbps Service Processor subsystem design is based on an existing subsystem
designed for data rates of 20 Mbps and packet rates of up to 5000 packets per second
(8). The new Service Processor incorporates two new VLSI ASIC components that
upgrade the current architecture to meet EOS data and packet rates. One of these, the
MC680x0 Support chip, is targeted toward increasing real-time software processing
performance. The original card design incorporates three loosely-coupled CPUs based
on the Motorola 68020 microprocessor. These CPUs exist on the subsystem mother
board as daughter card modules. These original CPU mezzanines, measuring about 3"
by 3", owe their small size to an ASIC component that integrates all the interface and
"glue" logic required for the CPU implementation. For the 150 Mbps Service
Processor, a new version of this interface ASIC has been developed to support CPU
modules using the state-of-the-art Motorola 68040 miroprocessor. This MC680X0
Support chip has enabled the development of a new generation of CPU mezzanines
that increase processing performance to over four times the original with only a
slightly larger footprint (3.4" x 3.7"). A physical diagram of this CPU module,
referred to as the 68040 CPU Mezzanine, is shown in Figure 3. Since its
development, the 68040 CPU Mezzanine has been incorporated into the current
architecture to create a CCSDS services processing subsystem that meets performance
levels of 50 Mbps and 20,000 packets per second.

The second VLSI component being developed for the 150 Mbps Service Processor is a
0.6 micron CMOS support chip targeted to off-load common CCSDS processing
functions into hardware. This Service Processor Support chip replaces two ASIC
memory controllers used in the original design to automate header extraction, frame
sorting, error correcting, and packet reassembly. The Service Processor Support chip
integrates and further automates these functions to decrease the subsystem's real-time
software workload and, thereby, increase subsystem performance. In header
extraction, for example, two new features decrease the software processing load. One
is automatic packet header extraction that off-loads next packet location calculation
and length checking into hardware. The second is a flexible header look-up controller
that is used to automate frame and packet header verification and sequence checking.
Additional areas targeted for hardware automation include quality annotation and
cumulative quality accounting.



Figure 3 - 68040 CPU Mezzanine Card Physical Diagram

CONCLUSION

NASA's Earth Observing System will play a major role in defining high performance
space telemetry processing requirements beyond the 21 century. The design,st

development, and availability of effective solutions which meet these requirements
will determine the real success NASA will have in the fulfilling the mission of the
EOS program. CCSDS based ground telemetry data systems which meet EOS
requirements must also provide a flexible, cost effective solution which is accessible
to the vast numbers of scientist preparing for the EOS era. These scientist will make
the next great breakthroughs in understanding our global environment and man's effect
on it.

Recent success at Goddard Space Flight Center in the design and development of 20
Mbps ground telemetry systems and system elements, has prompted an effort to
evolve these system elements to much higher functional and performance levels. This
effort has resulted in a number of key silicon level (ASICs) and board level
engineering innovations and designs which promise to provide the solutions needed by



the EOS programs. With potential solutions to such fundamental EOS problems in
ground telemetry processing as Frame Acquisition, Reed-Solomon decoding, and
CCSDS Service Processing, NASA can expect to meet its EOS mission goals.

NOMENCLATURE

ASIC Application Specific Integrated Circuit
CCSDS Consultative Committee for Space Data Systems
CMOS Complementary Metal Oxide Semiconductor
CPU Central Processing Unit
CRC Cyclic Redundancy Check
DSTD Data Systems Technology Division
DSN Deep Space Network
EOS Earth Observing System
EDOS EOS Data Operations System
FIFO First-In First-Out
GaAs Gallium Arsenide
GSFC Goddard Space Flight Center
HSI High Speed Interface
HST Hubble Space Telescope
Mbps Megabits per second
NASA National Aeronautics and Space Administration
SCSI Small Computer System Interface
SMEX Small Explorer
TOPEX Topographical Explorer
VCDU Virtual Channel Data Unit
VLSI Very Large Scale Integration
VME Versabus Module Eurocard
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ABSTRACT

Currently, there is a large effort being placed on the use of commercial-off-the-shelf
(COTS) equipment to satisfy dedicated system requirements. This emphasis is being
pursued in the quest of reducing overall system development costs. The development
activity discussed in this paper consisted of determining some of the boundaries and
constraints in the use of COTS equipment for high speed data distribution. This paper
will present some of the lessons learned in developing a real-time high speed (greater
than 1 MByte/sec) data distribution subsystem using COTS equipment based on
industry accepted standards and POSIX P1003.1 operating system compliance.

KEYWORDS
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INTRODUCTION

The data distribution subsystem described in this paper is part of a larger data
acquisition, processing, and display system. This system is designed to collect data
from a system under test (SUT) within an anechoic chamber test environment. This
system must record and monitor the response of the SUT to external stimulus and
must support a wide range of interfaces currently in use and planned for the future in
the testing of high bandwidth data sources. Refer to Figure 1 for a block diagram of
the original system architecture.



Figure 1 - System Block Diagram

The initial data distribution design used Ethernet with TCP/IP protocol to distribute
data to the Display Workstations. The individual parameters were selectively routed to
the Display Workstations in Current Value Table (CVT) format for real time display
of the data. This data distribution path is shared with the capability to command and
control system components. The effective bandwidth of Ethernet for display data
distribution was approximately 225 KBytes per second for point-to-point
communication using sockets for data transmission. The effective throughput of the
distribution system is a function of the number of display workstations (throughput
divided by the number of workstation nodes). The effective throughput for three
display workstations is less than 100 KBytes per second, which is significantly less
than desired. The long-term requirement for data distribution was for 2 MBytes per
second of CVT data to all workstations.

To meet this requirement a design was needed that would not disrupt operations and
be transparent to the system user making maximum use of COTS equipment. This
paper will address some of the lessons learned in dealing with this development.
These lessons include non-deterministic performance problems of the standard
workstation operating system and memory caching.



Each of the Display Workstations was a SUN SPARCstation 2, which uses the SUN
SBus as its primary interface. At the time of this development, the SBus was not
widely supported by Industry. To solve the problem, a distribution workstation was
dedicated to the job of receiving data sequentially from the data source over a parallel
DR11-W interface, then distributing that data to the display workstations via a high
speed distribution medium. To solve the problem of interfacing to the Display
Workstations, a conversion to a widely supported I/O bus was necessary. A Versa
Module Europa (VME) solution was selected as the I/O bus, and the Solflower
SBus-to-VME converter was chosen to provide the most transparent bus conversion to
the SunOS, while maintaining the performance of the VME bus.

A distribution workstation was dedicated to the job of receiving data sequentially from
the Telemetry Preprocessor (TPP) over a parallel DR11-W interface, then distributing
that data to the display workstations via a high speed distribution medium. A shared
memory system from SYSTRAN Corporation was selected as the network distribution
medium. With the selected network bandwidth rated well above the requirements and
the shared memory configuration ideal for the maintenance of a CVT, the VME bus
conversion and shared memory network pair provided a viable solution. Each display
workstation periodically transfers the selected data received from the shared memory
network to the graphical display process. Software was developed to distribute data at
the distribution workstation and interface shared memory to the COTS display
hardware and software. Refer to figure 2 for a block diagram of the system
architecture.

PROBLEM DESCRIPTIONS and RESOLUTIONS

Several problems were encountered in using the UNIX Operating System (SunOS) to
handle the realtime distribution function, but the prominent problem encountered in
this development was one regarding operating system memory caching. Initially, this
data distribution development concept was of Direct Memory Accessing (DMA) from
the TPP to the distribution workstation via DR11W. Problems occurred while
attempting to address a block of memory. The SUN addressing is virtual, not the
physical address as expected, adding an extra layer to the data transfer pathway.
Furthermore, the DMA memory is cached upon reading. This resulted in occasional
blocks of data that are not updated in real time, even when the operating system
returned a word count implying that the data transfer took place for that memory
location. This prevented data from being transferred from the TPP to the CVT in a
real-time manner.

The lack of true DMA support by the SunOS prompted the development of an
alterative method of accumulating data. This method required the data be captured in



Figure 2 - System Block Diagram

buffers and transferred to the CVT in discrete groups. This group size is dynamic; the
groups get larger during higher data rate transfers and smaller during low rate
transfers. This method transfers data at rates up to 2000 KBytes per second. The
downfall of this approach is that the group buffer size is changing when the data rate
changes. This solution reduced the overall throughput of the data transfer, but still met
the 2000 KByte/second throughput requirement. The conversion to a real-time
operating system would increase this rate and the buffering scheme would be
removed.

OS Caching Problem - The initial development concept was of Direct Memory
Addressing (DMA) from the TPP Preprocessor to the Data Distribution Workstation
CVT via DR11W. Problems occurred while attempting to address a block of memory.
The SUN addressing is virtual, not the actual physical address expected, adding an
extra layer to the data transfer pathway. Furthermore, the DMA memory is cached
upon reading. This resulted in occasional blocks of data that are not updated in real
time, even when the operating system returned a word count implying that the data
transfer took place for that memory location. This prevented data from being
transferred from the Telemetry Preprocessor to the Current Value Table (CVT) in a
real-time manner. Tests were run utilizing newer versions of the OS, modifying
parameters in the OS, and implementing different algorithms which only showed



minimal improvement. Continuing inquires with SUN and other technical support
areas have given some insight into the problem but have not revealed a functional
solution.

The lack of true DMA support by the SUN operating system prompted the
development of an alterative method of accumulating data. The real time data is
captured in buffers and transferred to the CVT in these buffers. The implemented
buffers are dynamically sized; the buffers get larger for higher data rates and smaller
for low data rates. This alterative is operating very well with tested speeds to lMB/s.
The downfall of this method is that at very high speeds data is buffered in larger
blocks. At low speeds, it may require several iterations for the buffer to adjust, and at
very low speed , an occasional pause is detected while the CVT waits for a buffer to
be filled

Non-deterministic OS - The lack of a true real-time operating system surfaced again
on the display workstation. The display workstation has two basic tasks, to read the
CVT from shared memory and then display that data. Reading the CVT in a
deterministic fashion has failed due to process swapping by the operating system and
non-deterministic interrupt handling. When a particular parameter is to be updated at
0.1 seconds, for example, the operating system may update that parameter at 0.1, 0.5,
0.55 ..., due to time sharing of the processor among the different tasks. Even when we
created our own timing algorithm that would watch the system clock and signal when
the parameter was due to be updated, the OS time shared the process and buffered the
created signals. The new release of the SUN Operating System (Solaris 2.0) should
allow timed deterministic processes, but this new release was not available at the time
of development.

A work around was developed that consists of requesting the shared memory network
to send an interrupt on each data parameter received provided the best resolution. This
method was tested with one parameter running at approximately 400 samples/second.
Using such a high frequency of interrupts caused interference with other programs.
Additionally, using the shared memory network interrupts severely limits the number
of different update rates. Each update rate would require a different interrupt number,
of which there are few. The final design settled on using the X-Event timer in hopes
that future updates to the SUN OS would improve this capability.

Displaying the data has presented another problem. The display workstation did not
have enough processing power to update many parameters each with a different
update rate. Tests with two display graphs, one at 200 sample/sec the other at 20
samples/sec, but at the same display update rate of 1 millisecond, were beyond the



capabilities of the system. This solution for the display update requirement was not
satisfied and the requirement was relaxed for the use of COTS equipment.

CONCLUSION

COTS equipment provided an off-the-shelf solution that integrated well into the
distributed architecture for the data system. This effort provided a means to distribute
high speed CVT data to standard workstations. The software implementation could be
simplified and the data rate increased with the additional of a real time operating
system. The overall philosophy of using commercial off-the-shelf was validated and
provided a cost and schedule effective solution. The use of COTS to satisfy system
requirements is an effective way to reduce overall system development costs. Industry
standards insure flexible, easily upgradeable architectures with satisfactory
performance. Choosing standards sometimes means that the implementation can be
behind the performance delivered by a proprietary system. With the maturation of
standards and as the rate of COTS performance increase, this gap is closing fast. In
most instances, it is no longer viable to "reinvent the wheel" in order to satisfy system
requirements. It is more advantageous to use interchangeable, tested, industry
standard, system components that can be incrementally upgraded. This philosophy
insures responsiveness to new technologies and requirements changes.

The ultimate success of the system development using COTS lies in the acceptance of
tradeoffs. During the design phase, there must be tradeoffs made between the system
requirements and COTS supplied capabilities at that given point in time. For instance,
under a POSIX P1003.1 compliant operating system (note: most UNIX based
operating systems are POSIX Pl003.1 compliant), there is no standard way to address
interrupt or process priority assignments; this problem is being addressed in POSIX
P1003.4 real-time extensions, which should remedy most of the problems
encountered.

With the scope of work shifted from component development to component
integration, problems are consequently centered around integration issues. Not all
standards are equal, adherence to the standard does not insure component
compatibility. In some cases, it is recommended that these discrepancies be localized
and well documented, until a more robust or uniformly supported standard is
available.

Some of the boundaries and constraints for design of a high speed data distribution
system using COTS were discussed in this paper. The benefits of development using
COTS were found to greatly outnumber the drawbacks. It was the authors' intention to



educate future developers in this area as well as promote the use of COTS in overall
reduction of system development costs.
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ABSTRACT

High-performance telemetry systems traditionally store prime and processed data on
disk drives attached to a host computer. Bandwidth performance of host minicomputer
and disk drives limit the amount of data archived to aggregate rates of a few hundred
kilobytes per second. Over the years, several approaches have been used to increase
performance from pre-recorded analog tape, but real-time storage still required a large
host and expensive proprietary parallel disk technology. The advent of distributed
architecture system networks divorced the front-end telemetry processor from direct
'DMA' connections to the host. Today's technology moves data storage to the front
end for the highest performance and outward to the network for less demanding
archival rates.

This paper explores several schemes and implementations for increased digital data
archival performance in a distributed architecture Telemetry Ground Station. It goes
on to discuss the variety of industry-standard devices and media available for storage
at tens of megabytes per second on Redundant Arrays of Inexpensive Disks (RAID) to
slower but much less expensive optical and streaming tape drives on both the front
end and network computing resources. But storage is half the task; networks serve
many users requiring archived data access. The paper will also show how the
sophistication of today's modern Graphical User Interface (GUI) eases data
distribution for Telemetry Ground Station engineers and analysts.

INTRODUCTION

Vehicles both under test and in operation often acquire data from a variety of sensors,
buses and computers for telemetering, storage and eventual evaluation. On the craft,
sensors acquire data that may be conditioned and then sampled and encoded (arranged
or commutated) with data from tens or even thousands of other sources. The data may



form a continuous stream, as in PCM (Pulse Code Modulation); or may be placed into
packets, as in CCSDS. This stream is transmitted to the ground for immediate
evaluation or stored on board the vehicle. The media for storing telemetered data
offers a host of possibilities. Data can be kept in the original encoded analog formats;
decommutated, parallelized into words and stored as frames of data; decommutated to
the word level, stored as data along with its defining tag; or sorted in real time and
stored as files of individual parameters.

Why store preprocessed or unprocessed data? To reduce the chance of losing often
irreplaceable information, therefore analog tape recordings of the original data stream
are usually made at a point as close as practicable to the source. Unfortunately,
retrieving data in this format is time consuming, and the media is bulky, very
expensive and prone to deterioration over long periods of storage. Copying the
original media for distribution results in loss of fidelity, and the equipment to replay
and decommutate data for multiple dispersed users is prohibitively expensive. Hence a
desire for a readily accessible less expensive storage system.

HISTORY

Over the last decade, commercial storage devices grew larger and faster. Telemetry
stations' real-time computers were able to select only a subset of the data stream for
real-time quick-look analysis and storage (Figure 1).

Figure 1. Traditional Host-Based Telemetry Station



Note:
The expansion of data is based on storing a two-byte identification tag with each data work, which
is stored as two bytes for fixed format or four bytes for floating point format.

The amount that could be stored was severely limited by the then current technology
of the device and host computer. Consider storing the data contained in a 1 Mb/s PCM
stream after complete decommutation. If the average data word is 10 bits long, the
resulting storage rate is 100,000 words/second or 400,000 to 600,000 bytes/second;Note

the most a super minicomputer could archive to a standard disk drive. Because the
capacity of that drive might be 280 MB at most, it filled in 12 minutes. Higher data
rates or multiple PCM streams were not practical. Several schemes extended these
computer and disk rate limitations. A parallel transfer disk built using multiple heads
increased data transfer to a single drive. Techniques employing multiple disks in
parallel increased throughput, but at a high cost. Several multi-disk striping scenarios
developed (Figure 2), one employing several standard disk controllers on the same
computer. Because the computer's bus is several times faster than the drive, each
controller's buffer is filled in a round-robin fashion. As the buffer of one controller
fills, others are emptying to their respective disk drives. Data integrity is maintained
as long as a buffer is written to disk before the next one arrives. Playback is the
reverse process.

Figure 2. Parallel Disk Array Technology

A separate controller enhance the striping technique. Unfortunately, as the number of
parallel drives increased, so did the chances that single drive failure could bring down
the entire system. Error correction information was either added via a dedicated drive



or encoded with each segment stored so that the original data could be reconstructed
in the event of a failure. As the aggregate data rate of the telemetry decommutation
system and the parallel disks exceeded that of the minicomputer's own bus, a separate
front end bus evolved to unburden the minicomputer. Unfortunately, the cost of
parallel disks and special front end buses limited deployment.

TIME CORRELATION

Correlating the time of measurement acquisition with the data can consume a large
segment of both storage space and bandwidth. One extreme tags each measurement
with either a minor time (least significant portion) only placing the entire time record
periodically perhaps once per telemetry frame or once per nth measurement. A more
economic solution for synchronously acquired data is to insert time periodically; for
example, at the end of each frame. The time associated with the acquisition of a
particular measurement can be interpolated from its position in the telemetry frame.
Time tagging of parameters is required if aperiotic data is stored. An example of
asynchronous information is processed data such as the output of"deltaslope"
algorithms.

Data retrieval from disk offers a challenge because measurements must be
continuously metered programmatically on display workstations. Asynchronously
stored data complicates playback even further. Perhaps the most accurate—if not the
most cumbersome—reproduction method is to replay the analog tape.

STORAGE INTERFACE

The minicomputer, front end I/O bus and parallel disk arrays all employed proprietary
architectures, which means that devices were expensive and unique to a vendor.
Realizing the added expense of proprietary architectures, computer users forced the
industry to develop architectural standards; i.e., what has evolved into today's "open
systems." The prevailing mid-performance mass storage bus is the Small Computer
System Interface (SCSI). SCSI is available in upward-compatible formats, including:
the original 5 MHz 8-bit parallel interface, SCSI II FAST at twice the speed, and a
double-wide version (SCSI II F/W) capable of a transfer rate of 20 MB/s. SCSI bus
adapters are available in all forms for everything from personal computers to
intelligent peripherals, workstations, and mainframes. The SCSI variants appear to
have displaced other mid-range formats including SMD (Storage Module Drive),
ESDI (Enhanced Small Device Interface), and IPI (Intelligent Peripheral Interface). At
the very high end, HIPPI (High Performance Parallel Interface) and FCS (Fiber
Channel Standard) buses are replacing proprietary technology.



STORAGE DEVICES

Mass storage media have many competing technologies and formats. Two major
categories will be covered: rotating memories (disk) and tape. Disk offers relatively
rapid random access to data, while tape media are inexpensive for archival purposes.
Table 1 compares many of the most popular formats available today. Many other
formats exist; some have passed into extinction, others are relegated to specific
niches, and some are just appearing.

Table 1. Summary of Mass Storage Device Characteristics

Note: The data rates quoted by vendors are often reached for a short duration in telemetry data storage. The
continuous nature of telemetry data storage will reduce these peak values to account for such factors as head
movement, and waiting for the disk rotating to bring the start of sector under the head.

Disk — only a decade ago, disk drives used multiple platters over a foot in diameter
and stored but a few megabytes. Today's technology stores 100 MB on a 1½" diameter



drive. For scientific applications, 5¼" and 3½" formats store several Gigabytes each,
achieving a 20 MB/s transfer rate.

RAID (Redundant Array of Inexpensive [or Independent] Disks) is a term coined at
the University of California at Berkeley for Parallel Disk Arrays. Originally, five
levels were defined by architecture or application, such as mirroring for backup, high
performances, error correction, and transaction processing. Manufacturers are now
refining these definitions and expanding the number of levels. A RAID not only
increases data transfer rate but appears to the computer as a single volume, permitting
larger contiguous files.

Floppy drives, where the writing head touches the media, transfer data very slowly
and store relatively little data.

Optical disk drive technology is limited to a fraction of the transfer rate of disk drives.
As with magnetic disk drives, however, access is random. In addition, the low media
cost makes it ideal for archival purposes. Two media types are available: WORM
(Write Once Read Many) and erasable. Today's ISO standard drive format encodes
330 MB per side.

Tape — in various formats and carriers is also relatively inexpensive; however, data
access is serial.

One half inch reel-to-reel tape, found originally on mainframes and minicomputers,
was supplanted by various cartridge formats for use on workstations and file servers.

Cartridge tape is available in a variety of formats, including computer vendor specific
(3480 and TK50) industry standard (¼") and standard audio/video formats applied for
digital recording (4 mm, T-120, and 8 mm).

Cartridge media, such as optical disk and tape, are excellent media for long-term
storage. Robotic systems store tens to hundreds of cartridges in "jukeboxes" for
retrieval and insertion into a single drive by a mechanical arm. A hierarchy of media
may be assembled to move data from fast retrieval disk to on-line tape to archived
cartridges. In this way, many terabytes may be accessed on-line.



ARCHITECTURE ALTERNATIVES

There are several ways of achieving telemetry storage requirements:

Traditional DMA approach to a host computer
Tightly-coupled Telemetry Front End (TFE) Storage
TFE Data Server (TDS)

Traditional DMA Approach to a Host Computer

In the traditional DMA approach, the TFE uses a DMA controller to store the raw or
processed data to a host computer. The choice of the host computer is widely open in
this approach. It can start from a low-end Sun workstation with an Sbus DMA adapter
and end with a highly parallel supercomputer with high-performance computer
interfaces such as: HIPPI, Fiber Channel, etc.

The single most important advantage of this approach is the fact that it requires
minimal software changes to the already existing post-processing applications. The
slow data rates on the host computer storage devices are the primary disadvantage of
this method. Many current operating systems lack a real-time file system that is finely
tuned to store data at the maximum possible rates of current storage devices such as
RAIDs. The primary example of such file systems is the UNIX file system, which
uses an index node (inode), an array of pointers to file blocks. The file block
allocation is not accomplished on a contiguous disk block. Therefore, disk block
access times vary based on their location on the different cylinders and tracks. A raw
UNIX file system is a better alternative for achieving higher data storage rates
because the entire disk can be treated as one inode and the overhead of disk block
accesses is reduced greatly. The storage management software can then overlay a
contiguous file system on the raw disk device. The UNIX kernel itself uses a raw
partition for doing process/program swapping. This points up another disadvantage of
using the host computer for storage; that is, the lack of real-time scheduling in either a
UNIX or a VMS operating system cannot guarantee a sustained storage rate. The
primary overhead of using such operating systems is the amount of time required to do
context switching in a real-time operating-system. This time is 6 µs (based on Wind
River Systems' VxWorks 5.0 Benchmark Report using a 68040, zero wait state
memory) whereas in real-time proprietary UNIX implementations, context switching
is on the order of 100 µs. The primary reason for a small context switch time is that
the amount of per-process/task resources required to be saved and restored is less than
the UNIX or VMS process control block data structures. Secondly, the memory model
in a real-time operating system does not use a demand paging architecture, whereas
the UNIX and VMS operating systems have to use a paging system. The context



switch time for such a paging system can result in having to write pages of a process
to a swap space on the disk, resulting in even lower storage data rates of a PCM
stream.

Tightly-Coupled TFE Storage

The TFE Bus—whether VME or a proprietary bus—is used directly to store the PCM
data into a storage medium. The advantage of this approach is in the higher sustained
storage rates. The major disadvantage is in the post-processing application software
changes required to interface to the TFE stored files. The Client/Server model, using
Remote Procedure Call (RPC) libraries, provides similar functionality to the use of the
host operating system calls for opening, reading, writing, seeking, and closing files. A
post-processing program can use the open RPC routine to open a file on the TFE
storage medium and then use the read RPC routine for reading raw or processed data
into an application buffer for post processing. This method does not require copying of
the TFE file onto the host storage medium; therefore, no storage space is used on the
host computer. Coupling storage tightly with the telemetry hardware can have an
operational advantage resulting from the fact that telemetry decommutation is shared
with the storage and post-processing functions. The function of storage and
post-processing services can be combined as a data server functionality in a separate
environment.

TFE Data Server Architecture

The Data Server architecture is based on providing high-performance I/O coupled
with a high-speed network interface to provide data services to the post-processing
engineers who use powerful graphics workstations. The Telemetry Data Server (TDS)
can be set up such that the ground station TFE can decommutate/process data and
route data to the TDS via a high speed LAN interface. The data is then stored in a
high-speed RAID storage system. TDS can also provide concurrent playback
operation while a current storage session is in progress. This is accomplished by
archiving the current file to medium-speed SCSI drives in the background while
acquiring real-time data. This hierarchical storage design allows multiple users to play
back different archived files while a recording session is in progress. Having a
dedicated environment for post processing also means the ability to run algorithms on
the stored data in the data server. This is accomplished by providing dedicated
processors in the data server to do post processing. The processors can be easily
programmed to provide data reports and data tapes for the post processing end users.
The Data Server also supports the Network File System (NFS), which is the industry
standard for a transparent file system that can be accessed from a PC, a UNIX host, or



a VMS host. NFS files appear as regular files on a local machine; these files can be
accessed transparently without changes to the application software.

TECHNIQUES IN HIGH-SPEED STORAGE

There are several issues to consider when designing a storage solution:

Telemetry Input Buffer Size
Storage Block Size
Storage Device Command Processing
High-Speed File System

Telemetry Input Buffer Size

The telemetry data must be stored at decommutation rates in ping-pong buffers so that
one buffer is stored in the storage device while the telemetry data is saved in the
secondary buffer. The buffer size must be large enough to accommodate higher
storage rates for the storage medium. This buffer size is fully adjustable based on
different storage devices and interfaces.

Storage Block Size

The storage interfaces support an adjustable block size based on different media such
as RAIDs, IPI drives, and 8-mm tape drives. The block size transfers can directly
affect the storage data rate; therefore the ability to adjust the block size can guarantee
sustained transfer rates based on the storage device specifications.

Storage Device Command Processing

The command processing time between host adapters and storage devices can greatly
affect data transfer times. The ability to do command chaining reduces the command
processing time because one transaction provides multiple commands that can be
executed in a queue. This requires a certain level of synchronization as to when data is
available for the command queue, but the benefit of reducing command transaction
overhead time is greater than the synchronization complexity.

High-Speed File System

In a high-speed file system, the simple technique is to structure files in contiguous
blocks so that the data is not scattered across cylinder boundaries. This method is



optimized for high-speed transfer rates. Files are pre-allocated before a recording
session starts. Once a file is closed, directory information is updated.

A GRAPHICAL USER INTERFACE FOR DATA ARCHIVAL

The graphical user interface (GUI) to the SCSI storage subsystem on the System 500
Model 550 is an example of a user interface that simplifies the process of setting up
and controlling data storage. One SCSI storage subsystem includes up to seven SCSI
disk or tape units. The operator's interface to the storage subsystem is a family of
Motif windows that contain programmable fields with toggle buttons and pop-up
menus that allow the operator to define all the conditions for recording, playback, disk
backup to tape, and disk restore from tape. The operator executes tape or disk control
commands by using the mouse or the keyboard to "press" push buttons in Command
Windows onscreen. Menu bar commands allow the operator to manipulate SCSI
storage subsystem setup files; initialize the hardware or the display; post information
about the current SCSI storage subsystem hardware, software, and data base; and open
other windows.

Figure 3 shows examples of the Motif windows used to set up and control recording to
a SCSI disk. One screen, the Main Window, contains all of the fields required to set
up the conditions for recording, including the name of the disk file, the data format,
the event that triggers recording start/stop, the conditions for recording time with the
data, the user-programmable distribution code that designates the parameters to be
directed to disk, and the size of the disk file. A Command Window contains push
buttons used to start and stop recording when the "Manual Start/Stop" recording
method is selected. Recording start/stop may also be triggered by the appearance of
designated parameters on the TFE's real-time bus. When the parameter trigger
start/stop method is selected, the operator uses listpick menus to select the trigger
parameters from a complete list of the parameters in the data base. A dynamically
updated status window reports the status of the current operation.

The Motif interface also includes windows for viewing and manipulating disk and
tape files. Figure 4 shows an example of the windows used to manage and view SCSI
disk files. The File Command window provides programmable fields for defining the
attributes of disk files, such as the file name, file size, and write protection status.
Push buttons allow the operator to execute file management commands such as File
Protect, Copy, Rename, Truncate, Create, and Delete. A Disk List window provides
two list types, a disk directory and a detailed information profile on a selected disk
file. The File View window displays the contents of a disk file in ASCII form. The
operator selects the file name, the disk location at which the file begins, and the size
of the desired segment. A scroll bar allows the operator to scroll through the file



Figure 3. Examples of Windows Used to Set Up and Control Recording to Disk

Figure 4. Windows Used to Manipulate, List, and View Disk Files



contents. By selecting different file names, offsets, and view lengths and then pressing
the Update bar, the operator may examine one file or file segment after another
without exiting the window.

CONCLUSION

Current computer standards and technology provide a host of solutions for real-time
data storage in a telemetry station. A variety of disk alternatives offer data storage
from 3 GB at 10 MB/s to 36 GB at 50 MB/sec on a single volume. Though the tape
media is relatively inexpensive, the various formats lack the ability to quickly access
random data, as is possible in disk formats. The highest performance tape can store 95
GB at 32 MB/s on a professional video tape cartridge. These high transfer rates
preclude the use of general-purpose workstations or host computers. The storage
device must be tightly coupled to the Telemetry Front End (TFE); however,
computing resources on high-speed networks attached to the TFE can access selected
data using the Network File System (NFS). Modern Graphical User Interfaces can
ease the control and manipulation of archived data while presenting meaningful status
information.
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ABSTRACT

An artificial neural network (ANN) for use in real time data reduction and analysis
will be presented. The use and advantage of hardware and software implementations
of neural networks will be considered. The ability of neural networks to learn and
store associations between different sets of data can be used to create custom
algorithms for some of the data analysis done during missions. Once trained, the ANN
can distill the signals from several sensors into a single output, such as safe/unsafe.
Used on a neural chip, the trained ANN can eliminate the need for A/D conversions
and multiplexing for processing of combined parameters and the massively parallel
nature of the network allows the processing time to remain independent of the number
of parameters. As a software routine, the advantages of using an ANN over
conventional algorithms include the ease of use for engineers, and the ability to handle
nonlinear, noisy and imperfect data. This paper will apply the ANN to performance
data from a T-38 aircraft.
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INTRODUCTION

Small ground facilities need a process to reduce and analyze real time data that does
not require dedicated programmers. One solution to the problem is the use of
embedded artificial neural networks to reduce the amount of customized algorithms
required for data analysis. By using specialized neural software and a spreadsheet, an
engineer with limited knowledge of C language can create subroutines to duplicate
complex algorithms created by dedicated programmers. The engineer can make use of
the fact that once the data is entered on a spreadsheet, the neural network will learn to
correlate and classify multiple data sets. Unlike a simple lookup table, the ANN will
extrapolate from known data to provide solutions to previously unseen data sets.



Figure 1 Transfer Function

The ANN for this paper was built on a 386 computer using Brainmaker Professional
Software from California Scientific Software (CSS) and DynaMind from
NeuroDynamX (NDX). Data to train the network was obtained from a T-38 flight
manual. The neural network was embedded in a C routine and was run real time on a
System 500 Decom from Loral Instrumentation. While limitations in time and
hardware prevented the neural network to be used on a neural chip, the process for this
application will be presented.

THEORY OF ARTIFICIAL NEURAL NETWORKS

The artificial neuron is based on the biological neuron. While the artificial network is
not as complex as the biological system, they have several characteristics in common.
Unlike digital systems that store information as discrete states in specific cells, the
neural network stores information in terms of the relationship between cells. To do
this, the artificial neuron consists of two stages: the weighting stage and
summation/transfer stage. The stronger the relationship between neurons, the greater
the connectivity or weighting from one cell to the other. A signal passing from one
cell to another is multiplied by this weighting factor that may amplify or attenuate the
signal. At the neuron body all inputs to the cell are summed and passed through a
thresholding function. The thresholding or sigmoid function decides the signal level,
zero to one, which is passed to the next neuron. [4]

Because of the sigmoid function, the artificial neuron can classify or sort several
inputs. (Figure 1) This is important for applications such as safety-of-flight monitoring
that require the output of several sensors to be
combined and a single result (safe/unsafe) to
be provided. The single neuron has limited use
since it can only discriminate a very limited
data set using a linear divider. The real power
comes in using several neurons organized into
layers. In fact, the Kolmogorov theorem states
that any region, no matter how complex can be
represented by a multilayer artificial neural
network of no more than three layers: an input
layer, a hidden and an output layer. (Figure
2)[1] The organization of neurons in this form
is known as feedforward network. The ANN
for this paper was a simple feedforward network with a single hidden layer. Based on
the Kolmogorov theorem, a complex boundary surface will be created to delineate the
safe regions of state space from unsafe regions, as in the flight envelope on a T-38
aircraft.



Figure 2   State Space Boundaries (Lippmen)[3]

The process of creating and using the ANN consists of three stages. The first stage
consists of collecting the data and putting into a form the network can train with. The
second stage is to create the network and training it. The third stage consists of setting
up the ANN as software with a C language subroutine or, as hardware, with the
80170nx neural chip from Intel.

COLLECTING AND PROCESSING THE LEARNING DATA

The first step in the process was to determine what type of data would be used to train
the network. While the neural network has the ability to accept several inputs and
determine which variables are relevant to the output, it is the job of the engineer to
limit the number of inputs, otherwise the training time will be extensive. Also, the task
of data entry becomes unmanageable with a large data set. To limit the scope of the
data, only two parameters from the graph of the flight envelope were used, indicated
mach number and pressure altitude. (Figure 3) Additional input parameters, such as



Figure 3    T-38 Flight Envelope

gross weight or wing position, could have been included, if the application required
them. For this example, clearly wing position is not important since the T-38 has fixed
wings. The decision to remove gross weight was more difficult, for an actual test
program it may be necessary. For purposes of this paper, gross weight was not
necessary.

Besides limiting the number of inputs the engineer also needs to determine the size of
the training set. The number of points is dependent on the ability of the network to
train. If the neural network doesn't converge on a solution, more points may be
required. Thirty-five data vectors from the graph of the flight envelope (standard day)
were entered onto a spreadsheet. The training set contained vectors consisting of three
parameters < mach, altitude, and unsafe/safe >. For unsafe/safe, a "0" was inserted for
unsafe, "1" for safe, and any points on the line were weighted at .5.

If any of the parameters vary greatly, such as altitude (0-60,000 ft), those parameters
need to be transformed/normalized. Transformation/normalization is the process of
manipulating the raw data so that it falls with in a set range of values. Because the
ANN training algorithms vary the weighting in small incremental steps, the larger the



range on the input or output the longer the training will take, if it converges at all.
Ideally the inputs/outputs should vary from 0 to 1 to optimize the training time. For
nonlinear data, a transformation function is used such as l/x or log x, otherwise for
linear data the scaling is done by normalization. The equation for normalizing linear
data is as follows:

(Eq. 1)

X = Transformed data pointN

X = Raw data pointD

d = Minimum value of parametermin

d = Maximum value of parameter\max

TF = Maximum value of transfer/sigmoid functionmax

TF = Minimum value of transfer/sigmoid functionmin

For the case of altitude: d = 60,000, d = 0, TF = 1, TF =0. Setting the transfermax min max max

function to something other than 0 to 1 is possible if the maximum output of the net is
required to be greater than one, but then the training becomes more complex. For this
application, TF = 1 where the maximum output of the net (safe) is equal to 1. Themax

input mach, unlike altitude, only varies from 0 to 1.6 and no normalization is
necessary because it is close enough to the ideal range for an input.

TRAINING THE ANN

The second step in the process is constructing and training the network. To do this, the
spreadsheet is imported, after data processing, into the neural software for
construction and training of the ANN. Both neural software packages will
automatically generate the net size based on the imported data. The software also
allows the user to adjust the network size if more neurons are required. For example,
if the net is not converging, more neurons may be added to the hidden layer. For the
majority of situations, the generated nets will work. In this example, the net consisted
of two input neurons, 20 neurons on the hidden layer, and one output neuron.

The net is initially generated with randomized weighting between layers, therefore
training is necessary before the net is useful. The training is accomplished by a
method known as backpropagation. This method applies individual sets of data (one
row on the spreadsheet) to the network and compares the actual outputs from on the
spreadsheet to the predicted output from the neural net. The difference or error is
propagated back through the network and the weighting of each branch is adjusted to



Figure 4 Predicted Using Net 1

minimize this error. This process is repeated several times until all sets of inputs
generate outputs that meet the established tolerance for error as chosen by the user.

Several factors may require changing if the net cannot meet the chosen tolerance. The
following factors prevent the ANN from converging:

Too small a sample size
More neurons are required in the hidden layer
The conflicts in or the order of the data may cause the net to unlearn
previous facts
The learning steps (speed of training) may require changing

It is a process of trial and error to select the right factors to change.
Theoretically, there is no guarantee the neural net will be able to converge on the
correct outputs regardless of the tolerance. In the majority of cases, these problems
will not occur. For more information on the symptoms of nonconvergence and their
causes, refer to the book by Lawrence in the reference . [2]

After the network converges, the test data is passed through the neural net. This is data
the net did not train on. Normally 10% of the training data is set aside for testing.
Several software packages can do this automatically while preparing the spreadsheet
for training or the user may create a separate spreadsheet just for test data. For this
example, a separate spreadsheet
was created for test data. The
results for this net show 85
percent accuracy in predicting the
correct output for the test data.
The accuracy was calculated by
dividing the safety factor into two
areas: unsafe(0-.49), safe(.50-1).
A good prediction was one where
the actual and predicted were in
the same region. The ANN is
ready for use, if it meets the
necessary accuracy required by the
engineer. (Figure 4)

To improve the accuracy of this system, several factors could be changed. The training
tolerance could be lowered and the training time increased. The flight envelope could
be graduated in smaller increments besides 0, .5 and 1, or additional outputs could be
added to the net. Instead of one output for unsafe/safe, two outputs for unsafe and safe
or three for unsafe, marginal and unsafe could be added.



Figure 5    3D view of region

To improve this system, three outputs were created and the flight envelope was
graduated. Unsafe was defined by
expanding the envelope by 10% and
points outside this were given a value of
one. Points between the new boundary
and the old were uniformly graduated
from one at the new boundary to zero at
the old. (Figure 5) The same process
was used to create the safe region once a
boundary was established by
constricting the envelope by 10%.
Marginal was defined as zero at the new
boundaries and one at the old. Any
points between were uniformly
graduated. The accuracy increased to
93%, 8% over the previous method.

Unfortunately, 93% was still not good
enough. Test point #14 was still in the
wrong region. The ability of the ANN to
discover relationships between the input
data and the outputs can cause problems for the engineer, if the net finds a correlation
he was not aware of. In this case, the net determined that test point #14 was a safe
region, in contradiction with the training set.

Referring back to the original graph of T-38 flight envelope in the flight manual, test
point #14 was within a safe region for an aircraft if it was in a 60 dive at high mach.
To ensure the net learned the proper relationship, the training set was reinforced with
additional data points in the area of test point #14. After testing with the new training
set, the ANN achieved 100% accuracy.

By creating three outputs, more information can be extracted real time, such as trends
can be established. The first network stated the current situation of the aircraft, which
was whether it was in a safe region or not. The current network coupled with
probablistic logic, such as fuzzy logic, also supplies information on the trend of the
aircraft toward a safe or unsafe region. For example, an altitude of 20 KFT and a mach
of .4 equates approximately to the following output vector: Safe = .6, Marginal = .3,
and Unsafe = 0. As the mach decreases, the ratio changes, Safe decreases to .45 and
Marginal increases to .55. (Figure 6) From this data, it can be determined that the
aircraft is moving toward unsafe state; with this information corrections can be made
by the pilot before he reaches an unsafe position.



Figure 6   Crosscut of 3D views

IMPLEMENTING THE ANN

The third step is to implement the ANN into
the application. Either a C language
subroutine can be created or the network
can be loaded directly into a neural chip.
Both software packages include C
subroutines that accept the ANN. There are
slight differences in the approach of each
package in embedding the ANN. CSS
provides the C source routine and is
transportable across platforms. NDX uses
libraries complied exclusively for a PC
(80X86) based system. Because of this
difference, only the CSS routine was run directly on the System 500.

CSS includes a program named Runtime.c to run as a feedforward network to link
with applications. To use this program, three of the default filenames called by
Runtime must be modified. The first is BrainRTS.net which contains the trained
network. The training program Brainmaker creates this file from the training sets, but
the filename is user defined. So the default must be renamed to the user defined name,
in this case Fltenv.net. The other programs, BrainRTS.in and BrainRTS.out, are files
containing the data to be processed and the resultant output. For this project, they were
renamed Altairsp.in and Safety.out. The C code was loaded into the System 500. At
this point the network is identical to any other algorithm used by the decommutator.

The NDX routines can be used by PC decoms or possibly a System 500 linked to a
PC. To use the ANN, created by Dynamind, in a C application requires adding
neurolnk.obj and neurolnk.lib to the application project file. Also the modules that call
the routines need the following statement: # include < neurolnk.h > . By using the
Neurolink from NeuroDynamX, the application is linked to the training program
Dynamind. Once installed with Neurolnk software, the retraining of the ANN can be
accomplished without recompiling the application.

By using external hardware, a PC based programmer from Intel, the ANN can be
loaded directly into the 80170nx. Embedding the ANN directly into a neural chip
offers several advantages, such as reduced size and increased processing. For the case
where several transducers are sampled and digitally processed to form a combined
product, a neural chip simplifies the process. The 80170NX can accept 64 analog
inputs with varying voltages -2.5 to +2.5 volts. The neural network' s ability to handle
noisy analog signals avoids the cost and size involved with filtering, A/D conversion



and digital processing. Due to the massively parallel nature of neural networks, neural
chips achieve very high performance levels. The 80170NX can perform more than two
billion connections per second. The typical 12 bit A/D performs 50,000 connections
per second. For applications on aircraft, where processing, memory and space are at a
premium, the neural chip could be used to replace certain digital systems that provide
information directly to the pilot.

CONCLUSIONS

The artificial neural network can be used to create custom algorithms for use in real
time data reduction and analysis. By using the ability of the ANN to correlate data
sets, the engineer can find a fast solution to atypical problems. While there are other
methods to solve non-linear functions with noisy inputs, the ANN provides one of the
easiest and fastest solutions. For the small facility, the artificial neural network
provides the means to maximize hardware productivity, without increasing manpower,
by providing software capabilities previously unavailable.
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ABSTRACT

The Hubble Space Telescope (HST) Observatory Management System (HSTOMS),
located at the Goddard Space Flight Center (GSFC), provides telemetry, command,
analysis and mission planning functions in support of the HST spacecraft. The
Telemetry and Command System (TAC) is an aging system that performs National
Aeronautics and Space Administration (NASA) Communications (Nascom) block and
telemetry processing functions. Future maintainability is of concern because of the
criticality of this system element. HSTOMS has embarked on replacing the TAC by
using functional elements developed by the Microelectronics Systems Branch of the
GSFC. This project, known as the Transportable TAC (TTAC) because of its inherent
flexibility, is addressing challenges that have resulted from applying recent
technological advances into an existing operational environment.

Besides presenting a brief overview of the original TAC and the new TTAC, this
paper also describes the challenges faced and the approach to overcoming them.



INTRODUCTION

The Hubble Space Telescope (HST) Observatory Management System (HSTOMS),
located at the Goddard Space Flight Center (GSFC), provides telemetry, command,
analysis, and mission planning functions in support of the HST spacecraft HSTOMS
is a large, complex system that is comprised of numerous hardware and software
subsystems. Originally developed in the early 1980s, HSTOMS has supported the
HST spacecraft since its launch in April 1990. From its inception, HSTOMS has
progressed through numerous evolutionary changes and upgrades, reflecting changes
to mission requirements, the needs of the flight operations team (FOT), and
technological advancements.

The Telemetry and Command System (TAC) was originally developed in the late
1970s for other GSFC programs and was later adapted for use by the HST Mission
Operations Center (MOC). In general, the TAC's design is typical of other systems
developed in that timeframe. The TAC consists of a set of custom hardware/firmware
and a PDP-11 processor. The custom logic consists mostly of transistor transistor
logic (TTL) small-scale integration (SSI)/ medium-scale integration (MSI) logic with
some large-scale integration (LSI) components. The circuit cards plug into custom
backplanes that interface to the PDP-11 via the PDP's UNIBUS. In total, the TAC is
contained in three standard 19-inch equipment cabinets. The components used in the
custom hardware (and the PDP-11) are aging, and maintainability is an issue. In
additon, the PDP's resources are saturated.

Recently, a study was performed to identify the requirements for a replacement TAC
and to evaluate various implementation approaches. Eight options were evaluated and
included several new custom designs and several software-based solutions based on
commercial-off-the-shelf (COTS) or modified COTS hardware.

The selected option was a design based on the available functional components
developed by the Microelectronics Systems Branch, Code 521, at GSFC. This
approach, referred to as the functional components approach, has been extensively
documented since the late 1980s (Reference 1). The main advantages provided by the
functional component approach are that existing components already provide most
major hardware functions and that the open architecture provides flexibility. These
factors lead to a highly cost effective solution.

Despite these benefits, the application of the functional component approach came
with its own set of challenges. These challenges have included the following:



Identifying the "hard" requirements (design characteristics of the original
system tend to be considered as hard requirements)

Integrating the multiple groups, responsible for parts of the design, into a
cohesive team

Keeping pace with a constantly evolving environment

Integrating the replacement system into an operational environment that is
online 24 hours a day

This paper discusses these challenges and how they have been addressed.

TAC FUNCTIONAL OVERVIEW

The TAC provides the interface to the NASA Communications (Nascom) network and
the HSTOMS. It provides six bidirectional interfaces for telemetry receipt, command
transmission, and general receipt and transmission of data formatted in the Nascom
"standard" block format. The major functions of the TAC are as follows: (1) network
interface, (2) protocol processing, (3) data extraction and staging, and (4) data routing.

The first two of these functions are generally provided by the custom hardware while
the latter two are performed in software on the PDP-11. The network interfaces are
divided into A channels and B channels as shown in Figure 1.

The A channel provides full telemetry processing functions while the B channels
provide more robust block processing capabilities but no telemetry processing. The
system utilizes hard disk storage for staging data for later routing. Dual Ethernet
interfaces transport telemetry, spacecraft commands, and configuration/status data to
other HSTOMS elements. Control and status reporting is provided by either a local
terminal or from a remote host via the Ethernet local area network (LAN).

TTAC FUNCTIONAL OVERVIEW

Although primarily applied to packet telemetry applications (Reference 2), the
very-large-scale integration (VLSI)-based functional components developed by the
GSFC Microelectronics Systems Branch provide all the basic functions required by a
more classic time division multiplex (TDM) system. These basic functions include:
(1) synchronizing the serial data stream with the telemetry frames; (2) checking,
correcting, and accounting for errors; (3) storing and processing the captured frames;
and (4) providing interfaces for the delivery of. the resulting data. In addition, the



functional components approach allows for an integrated command system that
receives, processes, formats and transmits command data to the spacecraft.

Figure 1. Current TAC System

The TTAC, implemented with this VLSI-based technology, provides a relatively open
system based on the Versa Module Eurocard (VME) bus. Figure 2 presents a block
diagram of the prototype TTAC configuration.

Processing is distributed across the VME bus with multiple processors running
concurrently. Commercial processors and support cards (i.e., network interfaces, disk
controllers, memory) are utilized extensively. The architecture also incorporates a
high performance, custom pipeline bus. This bus is available to transfer high-rate data
between system elements without loading the VME bus.

Custom functions, such as the frame synchronizer, are implemented by using a
combination of commercial and custom designs in a 9U VME form factor. A 3U
commercial processor, which resides on the VME bus, is connected to a custom 6U
assembly. The custom cards used in the TTAC include the following:

Synchronizer card—Provides Nascom block processing and frame
synchronization functions



Figure 2. TTAC Configuration

Multiplexer card—Provides a bridge between the VME bus and the
custom pipeline bus; provides a serial interface capable of outputting
Nascom type blocks of variable length

Nascom interface card—Provides two bidirectional serial interfaces
capable of transmitting and receiving standard length Nascom blocks

Simulator Card—Generates simulated data to test the TTAC

The TTAC software is primarily implemented in 'C' under a real-time operating
system. There are two layers of custom system software layered on top of. the
operating system. The first layer is the Base System Environment (BaSE) that
provides a generic, consistent environment for integrating commercial and custom
processing cards into the system. BaSE provides tools for multiprocessing and allows
the target system to also act as the development system. The second level of system
software, the Modular Environment for Data Systems (MEDS), supplies a basic shell
on which the applications are built. MEDS supports intertask and intercard message
passing and communications over Ethernet via Transmission Control Protocol/Internet



Protocol (TCP/IP). MEDS also boots the system, automatically identifies the installed
cards, supports system configuration, control, and status reporting on the custom
cards, and provides both a local and a remote operator interface. Applications
programs reside on top of the MEDS software and are isolated somewhat from the
operating system and from the hardware (interrupts, configuration registers, etc.). In
the distributed environment, each processor executes its own image of the operating
system, BaSE, and MEDS.

Although the existing functional components implement most of the capabilities
required for the HST TAC, several new hardware and system-level software functions
were added. Changes to both the hardware and system software were performed by
the Microelectronics Systems Branch. It should be noted that these functions were
incorporated as revisions to the existing hardware and software components and will
thus be available to other users. Backwards compatibility with previous revisions is
also maintained.

The major items added to the synchronizer card included pseudonoise decoding and
byte-to-bit conversion. These changes were incorporated into the custom VLSI gate
arrays contained on the synchronizer card. The multiplexer card was modified to
provide the capability to format Nascom data blocks with variable, nonstandard data
lengths.

The system software elements were also modified to reflect the hardware changes and
to add new functionality. This new functionality included the capability to reconfigure
individual channel elements and to open multiple data buffers on disk. These software
modifications were required because of HST operational procedures. Previous
implementations using the GSFC functional components were normally configured
before a satellite pass and were left in that configuration throughout the pass. The
HST, on the other hand, will normally reconfigure multiple times during a pass.

At the applications level, HST-specific software will be written and integrated by the
HSTOMS contractor. This software will control the HST-specific system
configurations, will provide higher level processing functions, and will provide a
command and control interface that is compatible with other elements within the
HSTOMS. Some of the HST-specific processing functions include the following: (1)
repackaging data for distribution, (2) extracting specific data types from the full
telemetry stream, (3) staging high-rate data for later playback, and (4) playback at
variable rates.



IMPLEMENTATION CHALLENGES

In many ways, implementing the TTAC by using VLSI functional components did not
present a technical challenge. Most of the hardware designs existed, and the rated
performance of these components far exceeded the TTAC data rate requirements. The
real challenges were in the application of an established, albeit flexible, technology,
rather than that technology itself. This section will discuss the challenges and how
they are being addressed.

REQUIREMENTS DEFINITION

The TAC functional and performance requirements, along with other elements of the
HSTOMS, were documented at the time of development and have had periodic, minor
updates. Because the existing TAC design has been in operation for many years, many
design-level attributes and operational characteristics essentially became requirements
on the TTAC development. Where they were not major cost drivers, these
characteristics were incorporated into the TTAC. However, some requirements, such
as hardwired, discrete status indicators, did have cost and schedule implications as
they were not easily incorporated into the existing designs These requirements were
challenged as to their validity and against available alternatives. In the cited example,
it has been proposed that the hardwired displays be replaced by periodic status
messages that are available over the Ethernet interface. Thus, the status can be made
available over workstation-based displays.

MULTIPLE DEVELOPMENT GROUPS

The TTAC design is being based on a common set of functional and performance
requirements. The design's infrastructure is the GSFC-developed functional
components and associated software. The GSFC Microelectronics Systems Branch is
responsible to the GSFC HSTOMS manager to provide these elements, modified to
the TTAC requirements. Software development and system integration are the
responsibility of the HSTOMS support contractor.

Two steps were taken to ensure that the GSFC Microelectronics System Branch and
the HSTOMS support contractor worked together as a unified team. First, regular
working group meetings were established for technical interchange. Formal action
items were maintained to track open issues. Second, the schedule was based on early
hardware builds. Because of the similarities between the existing available hardware,
the first hardware delivery consisted of. a multichannel system, minus the HST unique
modifications. This system allowed the software developers and systems engineers to



become familiar with the TTAC hardware and software development environment
early in the design phase. This early exposure allowed feedback into the hardware
design cycle. Later deliveries will incorporate hardware and software changes and will
allow additional input to the final design.

EVOLVING ENVIRONMENT

As mentioned above, the HSTOMS is a constantly evolving system. A major upgrade
of. the HSTOMS, known as the Payload Operations Control Center (POCC)
Operations Real-Time Support (PORTS) Replacement System (PRS), is in progress,
and there are many other, ongoing, smaller initiatives. This changing environment
requires that the TTAC development team consider both the existing and future
operational environments. However, the opportunity also exists to positively affect the
configuration of these other systems.

One area of change is in the network configuration. The PRS is introducing more
distributed processing on workstation-class machines. Engineering telemetry will be
multicast via Ethernet. Individual workstations will then ingest only the data required
to perform their assigned function.

Currently, the HSTOMS networks are based on the DECnet protocol because the
functional component approach is based on TCP/IP. To solve this problem, a
second-source TCP/IP package, Multinet, will be installed on the virtual address
extension (VAX) hosts within HSTOMS. The compatibility and performance of
Multinet with the TTAC was tested in the Microelectronic Systems Branch
development laboratories before selection. In this approach, alternatives to the original
PRS design had to be considered. Using TCP/IP will provide compatibility with other
institutional facilities that are primarily UNIX based. Thus, the TTAC presented an
opportunity to begin phasing TCP/IP into the HSTOMS.

At the time of writing, the inclusion of a dual ring Fiber Distributed Data Interface
(FDDI) interface instead of the dual rail Ethernet is being considered. The current
TAC cannot support the FDDI interface while the systems based on the functional
component approach are already incorporating FDDI interfaces. The bandwidth
provided by FDDI will allow more capability in terms of concurrent operations, that
is, satellite support, test, and maintenance and may facilitate interoperability with the
HSTOMS development facility. Network reliability should also be improved.



INTEGRATION

The HSTOMS provides 24-hour-per-day support of the HST spacecraft as well as a
busy schedule of tests and simulations. Thus, the integration of a new system must be
performed without impact to those operations. The HSTOMS has a history of
prototyping new equipment, testing the equipment in parallel with operations, and
slowly phasing out the old equipment. The old equipment is typically retained for a
period of time as a fallback.

Because they are involved in all phases of operations, including the basic data capture,
the TACs are considered especially critical. The technical risk associated with the
TTAC development is considered to be greater than that of the average project of a
similar size within the HSTOMS. The technical risks include the use of custom
hardware elements and the use of distributed microcomputers.

Several approaches are being used to mitigate these risks. The first method is the
phased development approach already described. Early hardware deliveries have built
confidence in this development approach. These deliveries will be integrated into the
HSTOMS development facility. Development and test activities can then proceed
without impact to ongoing HST operations. Current plans include running the early
TTAC in parallel with real-time operations in a test mode.

Phased parallel operations with the current TACs will also be used to minimize the
risk in integration. Once proven in the development environment, including thorough
independent testing, the first TTAC will be phased into the operational facility. Here,
too, the TTAC will be operated in parallel with the current systems. Once a full
complement of TTACs are in place, the older system will be taken out of service.

CONCLUSION

The VLSI-based functional components developed by GSFC provide a
high-performance, effective approach to solving unique telemetry processing
problems. These components are relatively mature and can be adapted to new
applications relatively easily. However, using these components still presents
challenges to the implementer. These challenges can be overcome through careful
requirements analysis, close interaction between development organizations,
coordination with other ongoing development activities, the use of early hardware
builds, and a phased integration strategy.
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ABSTRACT

With the development of microelectronics and computer
technology, telemetry computer systems are demanded to
provide larger storage capacity and higher storage data rate
than ever before. This paper fully considers various factors
of a high-speed PCM fiber-optic telemetry system such as
data format, data rate, data storage, the width of data
storage, storage data rate. All these considerations lead to
a new scheme with a semiconductor RAM and a dedicated
program as its basic idea.

This scheme chooses 1Mbits or 4Mbits static-RAM chips to
implement the telemetry data storage device with a total
capacity of 4Mbytes, 16Mbytes, or 64Mbytes. The software
running on COMPAQ 386/25M or its compatibles is written in
Turbo C 2. 0 to fetch, decompose, display and process data
stored in the large-capacity RAM. The main task of the
system processing software is to identify the flag words of
frame sync-code -pattern and then demultiplex the data into
separate channel data to be stored in the disk. Besides the
ability to recognize specific data format, the software can
also rectify data confusion to some extent. The scheme has
already been proved to be efficient to receive large
capacity of data with features of high data rate, high data
storage in a short time.

KEY WORDS

RAM Data Processing, Data Storage Device, Synchronizer.



INTRODUCTION

With the development of high-rate, mutiple-format and
large-capacity of PCM telemetry system the telemetry
computer systems are demanded to provide larger storage
capacity and higher storage data rate. The modules of
telemetry system vary with different application occasions.
This paper fully considers various factors of a high-speed
PCM fiber - optic telemetry system such as application
occasion, work time, data format, data storage, the width of
data storage , the mode of the telemetry data processing and
presents a micro-computerized telemetry data processing
system. It is based on large-capacity semiconductor RAM as
large-capacity data storage device and adopts micro
-computer as information processing host computer. It also
has the interface modules, which connect the sychronizer to
large-capacity RAM and link to the micro-computer, and uses
the telemetry data processing software. Because the whole
telemetry data processing system is designed and implemented
based on large-capacity telemetry data storage device, the
telemetry data processing software can fetch, classify,
calculate and transform the telemetry data stored in
large-capacity semiconductor RAM and form intuitional and
meaningful data and charts in the host computer. The
software can recognize the flag words of frame
sync-code-pattern in the presence of error bits , it can
also employ the synchronization strategy logic of software.
Furthermore, in case of data confusion caused by the system'
s losing lock, the software can find it out immediately and
rectify it to some extent, the correct data associated with
the measured parameters can be identified and the telemetry
data processing can be fulfilled. So the continuity of data
decomposing operation can be ensured

SYSTEM STRUCTURE

We will analyze the whole computerized telemetry data
processing system in two aspects. One is system constitution
the other is software design.

1.System Constitution

The task of telemetry data processing system is fetching,
classifying, calculating, transforming the data
demultiplexed from telemetry frame synchronizer and forming
intuitional and meaningful data or charts for displaying on
the CRT, printing on the printer, storing in the disk.



Using the large-capacity semiconductor RAM and micro-
computer technology can simplify the function of storage,
processing and display of the telemetry data. It can record
the high rate PCM telemetry data stream in real time mode.
By means of the interface module between the synchronizer
and large-capacity telemetry data storage, and the interface
module of micro -computer, the data can be stored in
large-capacity RAM and transfered to the host computer. The
specific minor frame channel, major frame channel, or super
commutated channel data words can be chosen to print,
display or store by using the micro -computer telemetry data
processing software running on the host computer. The scheme
of system constitution is shown in Figure 1.

Figure 1. System Constitution

In high rate PCM telemetry system the recording speed of the
data storage devices such as large -capacity tape or
large-capacity disk can not meet the requirement of real
time recording. Thus, It is necessary to choose
large-capacity semiconductor RAM array to compose large -
capacity telemetry data storage devices. As shown in Figure
1, the 1Mbits or 4Mbits static RAM chips can be chosen, and
the designed capacity of large-capacity semiconductor RAM
array can reach to 4Mbytes, l6Mbytes or 64Mbytes. Of course,
the design of the data storage capacity is related to the
data rate, the variety of data format, the width of data
storage and the data storage recording time of the PCM
telemetry system.

2. the Design of System Software

In order to get powerful function, high performance and easy
extensibility, the modularity design can be adopted
according to the different functions. Figure 2 illustrates
the module structure of the system software .

There are four main program modules in the system software.
The hardware system service module can provide the function
related to the system hardware. The user service module is
designed to provide consistent and easily under standable



Figure 2. System Software Modules

interface to user. The functions of data displaying,
printing and storage in micro-computer belong to the manage
module. Telemetry data decomposing and analysis module is
key part of the telemetry data processing. The telemetry
data processing based on large-capacity semiconductor
storage device has some specialities.

TELEMETRY DATA PROCESSING SOFTWARE

The whole telemetry data processing system is designed
basing on large - capacity RAM as data storage device. Using
the telemetry data processing software, it is possible to
identify the frame sync-code -pattern with allowable errors
and to rectify the lost or extra bits in confusion data
which caused by the system' s losing lock.

Through the frame synchronizer , all the words of the frame
is stored in large-capacity RAM in parallel form. If the
variable threhold is adopted in frame synchronizer
correlation detection, even though there are some error bits
in the frame sync-code-pattern, when the correlator output
exceeded some preset threhold, the frame synchronizer can
still detect a sync-code-pattern. Thus, there are some error
bits in data of frame synchronization pattern stored in
large-capacity RAM too.



Two occasions can occur:

(1) there are errors only in one frame synchronization
pattern;

(2) there are errors in different frames'
synchronization pattern,

These situations can also happen in frame synchronizer while
identifing the frame sync- code -pattern. So it is possible
to recognize the frame sync-code-pattern and realize
synchronization strategies logic by the software. So is the
major frame sync-code-pattern.

We know, after the identification of frame sync- code-
pattern by software, individual word representing a
particular sample from a specific minor frame channal, major
frame channel, or super-commutated channel must be fetched
correctly. It can be assumed that the data stored in
large-capacity semiconductor RAM is a data array arranged in
a certain order. To "fetch" is to derive the data by special
rules to form a new data array.

To explain it clearly, supposing the data array stored in
large -capacity semiconductor RAM is K, the fetching
operation is C. After the fetching operation, a new data
array Z can be obtained.
We can express the processing operation as follows:

Z=C ( K) (1)

This means that the data array can be decomposed by the
fetching operation.

In fact, there are many disturbance factors in the
environment which can cause data lost or extra. If we
decompose data K according to the method mentioned above,
the result should be wrong. To solve this problem, we can
pre-process the data. First, we should distinguish whether
there are unusual situations or not in the data stored in
the large -capacity RAM. If there are, the pre-processing
must be carried out in order to form the standard medium
data array M(no lost bits, no extra bits). Supposing the
pre-processing operation is P, We can obtain :

M=P ( K ) (2)



Now, we execute C operation. So,

Z=C (M ) =C ( P ( K ) ) (3)

The detail implementation can be explained as follows:

We suppose frame length is n bits, frame sync-code-pattern
length is m bits. n>m. For the frame format is fixed, the
frame length is fixed too, that is, n is a constant. If the
length of frame sync -code-pattern is 2, the data length
between two frame sync-code-pattern is (n- 2) bits. The
original data array K stored in RAM array can be read into
host computer memory. We define a counter named COUNT to
count the data length between two frame sync-code -pattern.
The COUNT has three possible cases:

When COUNT=n-2, it means that this frame is correct, and can
be write into array M directly;

When COUNT>n-2, it means that there is extra bits in one
frame, We add sync-code-pattern after (n -2) bits, and
delete the extra data, then write them into array M;

When COUNT<n-2, it means that there is lost bits in one
frame, we insert zero in error position up to (n-2) bits,
then write them into array M.

Using the method above, we can effectively solve the problem
of lost, extra bits in confused data in large-capacity RAM
caused by the frame synchronizer' s losing lock. Using this
method the amount of adding or deleting data only depend on
one frame length. As the Figure 3. shows, the closer the
error data position to the end of a frame, that is the
smaller the ( is the length from the error data position
to the end of a frame), the better the result. The
transformation of data from array K to array M is performed
in host computer memory. When the array K and M are larger
than the memory capacity of the host computer, we should use
the method of batch processing. That is, read a part of data
in array K to a buffer called "Buffer1" distributed in
memory. After processing, stored them in another buffer
called "Buffer2" where stored a part of data of array M. The
identifing of frame sync-code-pattern and calculating of
frame length in processing procedure are implemented with



pointer and stack provided by C language , which promotes
the excutive speed of the software greatly.

 (1) Confusion Data

(2) Explanation of Processing Algorithm

Figure 3. Illustration of Data Processing Approach

The data after decomposing should be stored in hard disk of
the host computer in the end. To the large amount of data
processing, we must consider executive speed and efficiency
of software. In one way, we can use optimum simple algorithm
to reduce the operation of files in hard disk. In the other
way, we can distribute memory reasonably, use the extension
memory and vitual disk technology in the host-computer to
promote processing speed .

CONCLUSION

This scheme choose 1Mbits or 4Mbits chips to construct a
micro -computer telemetry information processing system
based on large -capacity semiconductor RAM with the total
capacity of 4Mbytes, l6Mbytes or 64Mbytes. The whole



telemetry information processing system software is
developed based on Turbo C 2.0. The decomposing and fetching
operation algorithm have been successfully applied in the
data processing of a 6.5 Mbps fiber-optic telemetry system.
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Ground Detection System for Re-entry Vehicle' s Telemetry

Lu-Ji san Zhou-Jian yu

KEYWORD

Re-entry Telemetry, Signal Detection, CAMAC Standard Bus

ABSTRACT

This paper abstractly introduces the configuration, main modules, and software of the
ground detection system for re-entry vehicle' s telemetry. It focues on introducing
intellegent high bit rate CAMAC(Computer Automic Mete And Control) modules,
high frequency CAMAC modules, adaption between CAMAC bus and telemetry bus,
and writing high bit rate data into disk under the control of CCU (Central Control
Unit), etc.

MAIN FUNCTION OF GROUND DETECTION SYSTEM

The ground detection system has two main function:

(1) Sample, process and analysis the re-entry vehicle' s on-board status and
other important signals then anslysis the status of the re-entry vehicle for
helping people to get a conclusion of vehicle.

(2) Real-timely record all PCM frames of telemetry, for afterwards evaluting
and trouble analysis and shooting.

CONFIGURATION OF GROUND DETECTION SYSTEM

The configuration of the system is designed according to the following demands:

(l)The configuration should adapt the variance of function, be available and
convenient for extension, be flexible for using.
(2)The hardware and software of the system has module construction, and each
module has its own function, and can carry it out independently.



(3)The system uses three kinds of buses. The meting subsystem has its own bus,
meting bus; the detection subsystem uses CAMAC bus; the interface between
detection subsystem and the computer uses computer bus.
(4)The whole system should have high reliability, because the onboard meting
system works only one time and works under odious condition, and it is difficult
to be repaired.

Ground detection system consists power, power supply subsystem, telemetry
subsystem and detection subsystem, etc.
Fingure 1 shows the structure of the ground detection system.

Fingure 1. STRUCTURE OF THE GROUND DETECTION SYSTEM

Each subsystem consists some individual modules. Fingure 2 shows main modules of
the System. (Please see next page)

CONCLUSION

This system has been successfully used in some different re-entry vehicles' telemetry.
Because of using CAMAC bus, the system has the following advantages:

(1) The interface between CAMAC bus and computer is independent, when we
change computer, we need not to change senser bus and CAMAC bus, the
system is highly adaptive.



(2) When a series of CAMAC modules are designed, the ground detection
system becomes unified and integrated, in stead of being distributed, it includes
telemeting, receiving and modulating subsystem, and it can be extended easily.
(3) The system uses unified modules, that reduced the cost of the system, and
increased the uniformity of the system.

Fingure 2. MAIN MODULES OF GROUND DETECTION SYSTEM

THE TRENDENCY OF DEVELOPMENT OF THE SYSTEM

In order to adapt the ground system to the development of on-board system, it should
improve in the follwing way:

(l) HIGH RELIABILITY
Under a defined level of cost, uses various kind of redundancy check algorithms
to improve the system's reliability. The reliability of on-board system should be
higher than that of subsystems being detected, the reliability of ground detection
system should be higher than that of the on-board system. At the same time the
on-line trouble shooting ability should he imporved.
(2) USAGE OF MULTI CPU TECHNIQUE
The re-entry vehicle's on-board system is a multi-CPU system which focues on
computer, it can carry out various kind of work, such as telemete control, data
process, and communicate, etc. According to above the ground detection system
should use multi-CPU technique to adapt to high bit rate multi data flow.



(3) IMPORVE THE ABILITY OF REAL-TIME PROCESS
This ability is one of the main target of the system. In order to process and
analysis data real-timely, the processing rate and capacity of input and output
should be increased.
(4) USAGE OF EXPERT SYSTEM
In order to increase the ability of trouble analysising and shooting, expert
system should be used in ground detection system, this can detect and inditify
trouble more perfectly than present system.
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Abstract

Recent military theater operations such as Desert Storm have underscored the need for
additional support for theater users. The needs of specific user communities are
varied, and it is appropriate to examine those needs and develop system concepts
which can enable the tactical community to more effectively perform their mission.
This paper examines the needs and requirements of the tactical weather community
and how additional space-based assets could be used to increase the tactical mission
effectiveness. The approach investigated is to augment the current military
meteorological satellite program, DMSP, which operates in low earth orbit with a
geosynchronous platform capable of data collection and dissemination within the
theater. This approach has several advantages, including the ability to provide
focused, long-term coverage over the theater, with real-time downlink directly to the
tactical user. One of the goals of the study was to determine what combinations of
sensors and communications services might be provided from a smaller satellite on
the order of 1000 lbs.

This study was performed to evaluate alternatives to providing the tactical military
user with space-based environmental monitoring information as an augmentation to
the Defense Meteorological Satellite System (DMSS). The effort was driven by the
most recent requirements, the MAC SON 211-89 Tactical Weather Observing System
(TWOS) and MAC SON 216-89 Tactical Forecast System (TFS). Emphasis on the
study was the focus on geosynchronous augmentations to the current set of DMSS
satellites, which included climatical scenarios and requirements analysis, as well as
sensor technologies assessments.



Introduction

As seen in Desert Storm, the nature of the battlefield is rapidly changing; both in
terms of agility and technology. To support future battle operations, intelligent
preparation of the battlefield (IPB) is required and weather data provides crucial
information to this planning process. Also the sophisticated weapon and acquisition
systems being deployed are sensitive to various meteorological phenomena. Weather
data provides critical data to effectively operate and plan the use of these systems.
This weather payload can be specifically tailored to provide additional continuous
real-time data to complement that provided by LEO satellites and could also include
payloads, such as a lightning detection system, which could provide data not currently
available. This resource would be under military control and not subject to some of the
geo-political problems that arise with the usage of civilian meteorological resources.
The links could also be encrypted to prevent their exploitation by adversaries in the
theater. There are also a number of additional weather-related communications relay
and dissemination services which could take advantage of a geosynchronous platform
deployed over the theater. Several potential weather payloads and a number of
communications services are examined in this paper. The communications services
evaluated include 1) the TT&C of the satellite and its payloads, 2) collection of data
from remote ground-based sensors, 3) dissemination and relay of weather data and
voice channels (for weather-related activities), 4) relay of UAV (unmanned air
vehicle) weather payload data, 5) relay of real-time DMSP data, and 6) crosslinking
all or part of the data from one weather relay satellite to another to provide worldwide
coverage and connectivity to CONUS. The evaluation of these concepts included link
performance requirements, satellite sizing, and operational concepts for the individual
services. These services were then combined in various ways to evaluate the size and
weight impacts on the spacecraft. One of the goals of the study was to determine what
combinations of sensors and communications services might be provided from a
smaller satellite on the order of 1000 lbs.

Background

This study was conducted by SPARTA, Inc. and our subcontractor, Pacific-Sierra
Research, under the direction of Air Force Space Systems Division (AFSSD)/DCS
Plans and Advanced Programs. The study was conducted in concert with the Tactical
Weather Alternatives Study Group, which provided review and guidance throughout
the study.

The Tactical Weather Observing System (TWOS) is a validated Air Force Statement
of Need that is complementary to the TFS SON. While the TFS SON deals with the



receipt, processing, and dissemination of meteorological data, the TWOS SON deals
with the need for developing additional observation capability.

There are two driving needs for tactical support identified in the TWOS Statement of
Need. One need outlines the deficiencies in current observation capabilities that relate
to requirements for more data, observed more frequently, with broader, more rapid
distribution. The second need relates to the changing nature of the battlefield and
weapons which require additional observations tn be effectively employed in combat
situations, particularly to support the expanding developments of sophisticated,
precision-guided munitions systems and target acquisition systems whose operations
can be significantly impacted. by various weather phenomena.

The AWS concept of operations outlines the operations for the Air Weather Service to
support the evolving tactical theater. One aspect of this support is the AIRLAND
battle. This doctrine is currently under revision as a result of Operation Desert Storm,
but the main influences will be to increase emphasis upon the rapidity of movement
and agility of the battlefield and supplying resources that can adequately and rapidly
support these types of operations. To support the AIRLAND battle operations,
intelligent preparation of the battlefield (IPB) is needed. Weather data provides crucial
information to this planning process.

The increased agility in the battlefield is supported by employment of air power such
as helicopters. These systems are vulnerable to weather effects and require adequate
information both for planning and information in-flight. An example of the nature of
this information is the sudden dust storm encountered during the Iran hostage rescue
and the dramatic effect upon the success of the mission.

Sophisticated weapons systems and target acquisition systems employ sensing
technology which can degrade under certain weather phenomena. It is import to have
the information available to the weapon system planners to evaluate the effectiveness
of their systems and, in some cases, improve operation by using weather information
to refine their modeling process. Weather also has known effect upon communications
system and can significantly degrade performance.

Orbital Considerations

Operation at a particular orbital altitude carries with it certain advantages and
disadvantages that need to be weighed in light of the goals of a particular mission.
Operation at geosynchronous altitude provides several advantages for tactical support
because the resource can be positioned over a theater and provide continuous,
real-time coverage of a particular area for the period of the crisis. While location at



geosynchronous orbit provides utility to the tactical users, there are certain system
limitations that limit what can be achieved for that orbit; these include limitations in
sensor performance and impacts upon the choice of a launch vehicle.

As mentioned, there are limitations to the resolution available at GEO orbit. This
limitation deals with the range from GEO and the relative aperture size needed on the
platform. The aperture size is limited by the ability to produce large apertures and
place them in orbit. As can be seen in Figure 1, the shaded area shows a range of
apertures that are produced with today's technologies. As can be seen, this does limit
the resolution available. However, this does not imply that useful data cannot be
obtained; it is just not possible to match the resolution that can be afforded by low-
altitude platforms such as DMSP.Sensor resolution performance at geosynchronous
orbit depends on the wavelength desired, the telescope aperture, and the range-to-geo
orbit. The shaded area shows a range of technologically feasible apertures. As can be
seen, the resolution that can be achieved is limited to the thousands of meters.
However, it should be noted that this range of resolution is satisfactory for many
tactical missions.

Figure 1. Diffraction-Limited Ground Resolution

Analysis of the geosynchronous orbit was performed in order to determine the
availability and performance of a METSAT located in that orbit. A primary issue is
the determination of available orbital locations that are not allocated to existing or
planned systems. If a satellite transmits/receives in the same frequency band, in the
same polarization, as another satellite at the same orbital location, then the two
satellites will interfere with each other. Therefore, the ITU regulates and coordinates



the application for all geosynchronous satellites. Interference between satellites is also
a function of the antenna coverage areas of the satellites in question.

Satellites in the geosynchronons orbit that provide meteorological data and data
dissemination are shown in Figure 2. These satellites utilize the UHF, L-band, and
S-band frequency bands. It can be seen that there are few satellites in the
geosynchronous orbit, which, therefore, implies that there would be little problem
locating a new system at this band.

Figure 2. Meteorological Satellites In Geostationary Orbit

The coverage of a geosynchronous satellite has been analyzed in order to determine
the impact on the operational capabilities of the system. A satellite in the
geosynchronous orbit can provide both worldwide and theater coverage.

Worldwide coverage is obtained through the use of crosslinks or earth-coverage
antenna, while theater coverage utilizes area antenna beams of 4- to 5-degrees
beamwidth. The antenna size on the satellite is inversely proportional to the coverage
on the ground. Multiple-beam antennas, however, can provide both high gain and wide
coverage but do not provide this coverage to all area simultaneously. Multiple-beam
antennas are also heavier and more complex than wide-area, single-beam antennas,
which may impact satellite weight.



The coverage of a single, geosynchronous satellite located at 40 degrees east longitude
is shown in Figure 3, with theater-coverage antenna beams superimposed over the
earth-coverage beam. Three minimum-elevation angle 3-dB contours are shown. The
spot beams correspond to an antenna beamwidth of 4.5 degrees. From the satellite
location at 40 degrees east, both the European and Middle Eastern theaters may be
covered.

Figure 3. GEO-METSAT Located At 40 Deg East Longitude

The geosynchronous orbit has been selected because of its great coverage, and
because it simplifies the tracking requirements of a ground-based antenna since the
satellite appears stationary. From a satellite in low earth polar orbit, a satellite in the
geosynchronous orbit (which is over the equator) will be in view from 50% to 100%
of its orbit, depending on the relative angle between the two satellites. If the
geosynchronous satellite is positioned at a longitude 90 degrees from the longitude of
the polar orbiting LEO satellite descending node, then the LEO satellite will be in
view 100% of its orbit. If the GEO satellite is at the same longitude as the LEO
satellite descending node, then the LEO satellite will be in view of the
geosynchronous satellite for approximately half of its orbit (for a typical LEO
satellite, the period is 90 minutes). The geosynchronous satellite could see a Polar
Low Earth Orbiting satellite either l00% of the time or approximately 50% of the time
depending on the longitude of the Geo satellite.



Meteorlogical Payloads

Based on the choice if imaging and sounding technologies, four instruments were used
for the sizing exercise. The rationale for this choice is shown in Table 1 below. Again,
the goal was to provide a representative spectrum of payloads in capability, size,
weight, and power.

Table 1. Meteorological Instruments For Preliminary Sizing Estimates

Table 2 shows the payloads that were identified as potential sensors for the
meteorological mission of geosynchronous orbit. The weight and power of each
payload were estimated and provided to a SPARTA CAD tool that calculates satellite
weight based on input data including payload characteristics, orbit, life, etc. The
spacecraft weights may be considered to be in the TACSAT "class".
Communications System

Figure 4 shows an overview of the potential data links that provide for a variety of
new weather data dissemination and relay capabilities. The weather satellite
(METSAT) is in the Geosynchronous orbit, with crosslinks linking the satellites, a
shown. The METS AT that is in view of the theater receives tactical weather data
from the ground sensors and UAV's that are in line-of-sight. DMSP data may be
downlinked to the theater directly or via the METSAT and/or crosslinked to another
METSAT and downlinked to CONUS in real time. The DMSP satellite must be
modified to permit these communications links with the METSAT. The RF
frequencies utilized for these links are shown in the table. Controllers located in



CONUS can command the METSAT payload, as well as the DMSP and UAV
payloads,via the METSAT in real time. Communications between CONUS control
and theater terminals are also possible.

Table 2. Satellite Sizing Summary Meteorological Sensors

Figure 4. Tactical Geo-Metsat System Communications & Data Links



As an example of the communications analysis performed for this effort Figure 5
shows the link sizing analysis for the DMSP satellite flying in a LEO orbit to the
Geosynchronous METSAT. The achievable data rate is determined as a function of
the METSAT receive antenna diameter and the required DMSP transmitter output
power. For a 250 Kbps data rate, a 20 Watt DMSP transmitter will close the link to a 3
foot METSAT antenna.

Figure 5. Geo-Metsat Communications Analysis, Link 3: Metsat - DMSP
Crosslink

Table 3 lists the characteristics of the various data links, including the RF frequencies
used, the data rates for each link, and the transmit and receive system characteristics.
In some instances, a range of data rate capabilities have been identified. The major
parameters for the transmit function are the antenna size and transmitter output power.
The primary receive system parameters are the antenna size and receive system noise
temperature. If the transmit and receive systems utilize the same antenna, then a trade
between antenna size and transmit/receive performance must be made.

The contents of each of the links identified for the METSAT system are listed in
Table 4. The CONUS station sends commands, as well as uploads data bases, to the
METSAT and receives data telemetry from the METSAT. Also, the CONUS station
can communicate to the theater via the METSAT. The METSAT crosslinks contain
commands, data, and communications. A modified DMSP satellite, as well as a UAV,
receives commands and sends both data and telemetry to the METSAT for relay to the
ground users. A METSAT receives data and communications from theater tactical
terminals and relays commands and communications to theater tactical terminals The
METSAT also receives data from remote earth sensors and sonobuoys for relay to
ground users. The DMSP-to-TACTERM link is the unchanged, existing S-band link.



TABLE 3. Geo-Metsat Communications Link Design Parameters

Table 4. Geo-Metsat Communications Link Contents

Satellite Design

SPARTA has developed a computer tool to quickly estimate the weight and power of
a conceptual satellite in order to evaluate the feasibility of system concepts. An
overview of the algorithm is shown in Figure 6. The program, called SATSYN, runs
on a Sun computer and requires the input parameters listed. Each subsystem weight is
calculated on the basis of algorithms related to hardware and subsystem requirements.

Operational Concepts

As part of an overall assessment of system concepts, it is necessary to investigate how
the proposed concepts might operate. This is particularly important since military



space systems must integrate into a specific architecture and control structure and the
targeted user also has constraints and existing systems which must be taken into
consideration. This task involved a top-level look at integrating the concepts into the
existing space command and control architecture and also looked at each specific user
service to understand how they might operate. Several potential concepts for operation
were presented for each, with some top-level advantages/disadvantages and system
impacts.

The data collection system involves collecting data from remote sensors deployed in
the theater and getting that information to the users in the theater. The most
straightforward concept has the data being collected and downlinked to the theater
user for pressing. There is no payload control from the theater and no crosslinking to
CONUS.

Figure 6. Satellite Synthesis Program Algorithm

Figure 7 shows how a tactically-oriented METSAT could integrate into the space
command and control architecture. The concept shown has no crosslinking capability,
so all command and control is maintained by the AFSCN through its network. The
user might have the ability to command his payload in-theater, if required.

This concept is the same as the previous command and control structure, except the
METSAT has crosslink capability. This crosslink capability could allow real-time
commanding from CONUS and allow real-time health and status data relay back to
CONUS.



Figure 7. Preliminary Command And Control Architecture

Summary

Providing a tactical METSAT at geosynchronous orbit provides several advantages to
the theater user. One of the most important characteristics of GEO is the ability to
provide long-duration, focused coverage over an area of interest and to support that
coverage by providing real-time data downlink to the user in the theater. Current
geosynchronous meteorological platforms provide data to the military, but they are
under civilian control and the downlinks are unencrypted, making the data available to
both sides in a conflict. A dedicated, tactical METSAT system would be under
military control and could employ encrypted links to control usage.

Although the concepts have centered on providing support during conflicts, these
resources would also be available in peacetime and could be used for training and
exercise support. Also, depending upon the sensors being flown, the assets could be
used for meteorological research during peacetime.

Although a GEO platform has many advantages for tactical support there are some
disadvantages, which include limited resolution and the inability of some sensors to
operate that require spacecraft motion. Also, the lift required to place a platform to
GEO orbit drives one to at least a medium-sized launch vehicle.

The analysis described above indicates the feasibility and capabilities of providing
real-time weather data dissemination and relay to tactical forces via a geosynchronous
METSAT. Specifically, relay of data from ground sensors, UAV's, and DMSP data
has been shown to be feasible by utilizing relatively small antennas and transmitters.



Links between the GEO-METSAT and ground users, both in the field and in CONUS,
have likewise required small communication components--i.e., antenna and
transmitters. This analysis implies low to moderate risk for communication
technologies required. Compatibility with communications or existing weather links
will determine the desirability of the RF frequency band to be utilized. The satellite
beamwidth assumed for this analysis has been sized to theater coverage. This analysis
has shown that the satellite weight requires mid-size launch vehicle (MLV).

Although this was not a large study, we were able to reach some conclusions
regarding the utility and feasibility of a geosynchronous METSAT platform. The basic
conclusions are that significant contributions to tactical user's mission satisfaction can
be made available from the augmentation of DMSP with a complementary capability
which can both contribute to observations and observational frequency and enhance
the ability to disseminate that data within the theater.

Additionally, the desired capabilities are feasible with low to moderate risk
technology, and a significant capability can be provided with a 2000-pound class
satellite system.
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ABSTRACT

Highly reliable data storage for satellites and spacecraft is a challenging technology.
The space environment is a unique combination of many environmental factors which
impact the reliability and even the very survival of electronic systems. The need for
space qualified memory is becoming even more important with the advent of on-board
data processing which requires rapid access to large data bases.

This paper describes the unique environmental and design considerations that must be
taken into account for a magnetic disk that is designed to operate for years in the space
environment.

INTRODUCTION

Magnetic hard disks have been the media of choice in commercial mass storage
systems for many years. Driven by the surging demands of the work station and
personal computer marketplace, magnetic disks have reached a high level of
sophistication and have maintained a remarkable capacity growth. Unfortunately,
commercial hard disks have also maintained the reputation as rather fragile devices.
Although early designs were plagued by head crash problems, today the typical
Winchester disk is quite reliable in the office environment. Small form factor drives
are also enjoying success in the portable lap-top and notebook environment.

A magnetic disk which is designed for use in space takes advantage of the
sophistication of the state of the art in commercial drives but must build upon this to



develop a device which is unique and takes into consideration the particular
environmental and performance requirements.

The application of magnetic disk in the space environment is a highly specialized
endeavor which involves many disciplines. The device must be robust enough to
survive the mechanical vibration and shock of the launch vehicle. It must operate for
long periods of time in a vacuum with high and low temperature extremes and it must
survive the natural radiation of space without upset, latch-up or performance
degradation.

The overall design of the magnetic disk must also take into account some unique
design considerations. All materials must be chosen with material outgassing as a
consideration. The design must also provide an operational life of several years of
unattended operation. The reliability of the parts used in the design must meet space
requirements and the qualified design configuration must be controlled to ensure
continued reliability through the inevitable component and manufacturing process
changes.

MEMORY TECHNOLOGY CONSIDERATIONS

This paper is based on magnetic disk technology. It will not address the memory
technology trade-offs which go into the selection of magnetic disk for the space
application. However, recognizing that magnetic disks offer major advantages in
terms of non-volatility, capacity, speed, volumetric efficiency and cost, it is assumed
in this paper that magnetic disks are the media of choice. A trade-off analysis would
compare magnetic disk to the cost, life and radiation limitations of Flash EPROM, the
cost and volatility of rad-hard SRAM and the mechanical complexity, reliability and
limited capacity of optical disk.

SPACECRAFT ENVIRONMENTAL CONSIDERATIONS

The unique combination of environmental factors encountered by spacecraft and
satellites mandate a unique design. The environmental conditions start with the shock,
vibration and acceleration of the launch vehicle and continue with the temperature,
vacuum, angular acceleration and radiation in space.

Launch Vehicle Environment - The magnetic disk must survive the launch into space
without damage. The shock, vibration and acceleration experienced during the launch
and ascent phases is dependent on the launch vehicle used. The typical vehicles are
Titan, Delta, Atlas and the Space Shuttle. The environmental performance required is
summarized below.



Launch Shock 15 G @ 8 Milliseconds Sawtooth
Launch Vibration 15.3 Grms
Pyro Shock (Stage Separation) 3000 G @.25 Milliseconds
Launch Acceleration 12 G

The key to immunity to the mechanical inputs of shock, vibration and acceleration is
the balancing of all moving components. The head actuator must be triaxially
balanced which then nulls all acceleration inputs and allows the drive to ride through
high levels of shock and vibration with no impact. In addition, the mass of these
components must be kept to an absolute minimum which further minimizes the
acceleration effects and has the added benefit of minimizing power consumption and
access time.

Angular Acceleration - The magnetic disk must be able to operate on a spinning
spacecraft where the resultant angular acceleration is several G' s. This requirement is
in further support of a totally balanced design. Additionally, head actuator motors
must be of high enough torque and their controlling servos of wide enough bandwidth
to maintain data access in this high G environment. The magnetic disk is then totally
immune to the effects of acceleration (angular or linear) and conversely is perfectly
happy operating in an absence of any acceleration at all (zero G).

By the same token, the magnetic disk must not import angular acceleration on the
spacecraft by its own momentum during disk spin-up. This effect is counteracted by
mounting two disk drives back to back and counter rotating them simultaneously. The
back to back disk drives have the added benefit of redundancy.

Thermal/Vacuum - The on-orbit thermal environment combined with the effects of a
vacuum require a thermal management system based on a conductive thermal path to a
cold plate to remove all internally generated heat. A major advantage of the uniquely
designed system is the separation of the disk drive mechanism from the controlling
electronics within the box. The disk drives are mounted on shock isolators for good
vibration and shock performance, but these isolators provide poor thermal conduction.
The heat generating control circuitry is therefore, hard mounted separately with
excellent thermal conduction characteristics. Extensive use of thermal ladders in the
control circuitry and generous conduction surfaces provide a reliable thermal design.

The thermal/vacuum environment is summarized below.

On-Orbit Thermal -20 C to +60 C
On-Orbit Vacuum 1 x 10 Torr-7



Natural Radiation - The magnetic disk must be able to operate in and survive the
natural radiation environment of high inclination orbits. The two radiation effects of
concern are Single Event Effects and Total Dose Effects. The magnetic media itself is
immune to the radiation. Only the semiconductor control circuitry is effected.

Galactic cosmic radiation results in the phenomenon of Single Event Effects (SEE) in
semiconductors. Individual electronic devices are upset (SEU) or latch-up (SEL) as a
result of this radiation. The specific technology of the semiconductor device and the
density of the solid state circuitry are the keys to its susceptibility to this type of
radiation.

The hardening procedure to natural radiation for the magnetic disk requires that an
SEE pedigree be determined for each and every electronic part in the system. An
extensive radiation data search is made and devices with no data are SEE tested at an
appropriate lab to determine susceptibility. Devices which upset too frequently or
latch-up are not used. Single Event Upset recovery is also incorporated into the design
to provide an orderly recovery should an upset occur.

The total dose effects also require the establishment of a pedigree for each part. Those
parts which cannot operate for long periods of time in space without degradation or
burn-out are not used.

The basic radiation environment is summarized below.

Total Dose 1 x l0 Rads (Si)5

SEE 1 x 10 error/bit-day SEU10

SYSTEM DESCRIPTION

The Raymond Engineering Space Qualified Magnetic Disk is an adaption of a
previously developed, fully militarized design currently fielded on several airborne
military applications (see Figure 1). The 40 megabyte version has attained over 30,000
failure free operating hours on the F-117 Stealth Fighter aircraft. The 300 megabyte
version is currently being integrated into the Multifunction Electronic Display System
(MEDS) for the Space Shuttle cockpit.

These products are uniquely designed systems specifically developed for severe
environment applications. They have several unique features that make them well
suited for those environments.



*Oversized spindle motor and conservative low stress spindle bearing.

*Totally balanced head actuator with automatic head retraction and parking off
the media.

*Hermetically sealed disk cartridge filled with dry gas.

*Extensive Built-In-Test and self diagnostic capability.

Figure 1. 300 Mbyte Magnetic Disk for Severe Environment Applications

The Space Qualified Magnetic Disk is a 2 Gigabyte (16 Gigabit) growth version of the
previous design and is developed specifically for space applications (See figure 2). It
is a small, lightweight device incorporating two hermetically sealed, 1 Gigabyte disk
cartridges mounted in a counter rotating configuration. The disk drive control and
interface electronics are mounted separately in the same enclosure and incorporate
conductive thermal management.

The system interface is via SCSI (Small Computer System Interface) whose bus
structure allows easy growth with the expansion of additional units.

The space qualified system design incorporates all of the aforementioned features
necessary for the spacecraft environment. Several other design considerations, unique
to the space environment, are also incorporated.

Material Outgassing - All materials and finishes are evaluated for outgassing
properties and suitability for use on spacecraft. A detail material survey is made and



compared with the appropriate NASA requirements. Inappropriate materials are not
used.

Figure 2. Raymond Engineering's Space Qualified Magnetic Disk

Operational Life - Unattended operation for long periods of time is a key requirement
for a memory device in space. Magnetic disk media life is inherently unlimited,
however, the mechanical drive mechanism does have life limits. The number of
moving parts in the mechanism is kept to a minimum but the component with the
shortest life, by far, is the spindle bearing.

The key to spindle life performance is a proprietary bearing design and lubrication
with a unique bearing preload technique. This unique bearing has demonstrated a
continuous operating life of several years.

The operational life of the magnetic disk is further increased with the implementation
of an automatic duty cycle operation where the disk is spun down if it is not accessed
for long periods of time.

Space Class parts - The Space Qualified Magnetic Disk incorporates Space Class
Electronic Components to the largest extent possible.

Configuration Control - The Space Qualified Magnetic Disk configuration, resulting
from the spacecraft environmental considerations and the unique design
considerations, must be continuously monitored and maintained.



SUMMARY

A magnetic disk designed specifically for application in a space environment is
available today from Raymond Engineering. Space based systems can now utilize the
low mass, high data transfer rate, fast access times, high capacity and low cost of
magnetic disks.
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ABSTRACT

The use of video imaging in VME based data acquisitions systems is increasing. Some
systems require the video data to be telemetered. In telemetry systems that require
video data to be sent, a dedicated video data channel is common. It is the purpose of
this paper to present the combination of a video interface and a video PCM channel
into one module. The name of this project is "Video Interface Module" (VIM).

INTRODUCTION

The Video Interface Module was designed for the MSTI satellite program. The series
of MSTI satellites are designed to test different video sensors. The spacecraft's Flight
Control Computer (FCC) is based on the VME bus. Figure 1 shows the block diagram
of a typical VME acquisition system. In order to make a versatile test platform, a
flexible video interface board was conceived. To save power, weight, and board space
the PCM channel was added to the video interface module. The VIM has a variety of
user configurable parameters making it useful for accepting different video camera
formats and different transponder requirements.

VIDEO INTERFACE MODULE

This design is a versatile video data instrumentations interface for VME based
systems. The design includes 1) video data gathering, 2) realtime video PCM, 3)
temporary storage and 4) a path for playback (data retrieval). This video module is the
front end of the instrumentation unit. it directly connects to the video source.



SENSOR INTERFACE

One of the operational requirements is to receive high speed video data with different
data formats. This presents two problems to solve; 1) different pixel sizes (word size)
and 2) different frame sizes i.e. 256 x 256 pixels, 512 x 512 pixels, plus a host of other
formats.

The design solution to the pixel size problem is to use a software setable control
circuit for incoming video data word size. The software sets up the pixel size format
during power up. This board accepts up to 16 bits of pixel video data. The video data
formatter will receive the data (in the specified format) and convert it onto a width of
32 bits. It then stores it in a video memory buffer (refer to figure 2 for the block
diagram). When a complete video frame of data has arrived, the circuit switches the
incoming data to a second video memory buffer and signals the CPU to read (move to
storage) the full frame of data. This technique is known as a "double buffering
scheme". The conversion to a data width of 32 bits is for efficient transfers on the
VME bus, resulting in high speed.

The signals from the video source include "pixel clock", "vertical sync", and parallel
pixel "data bits". To accommodate a variety of video frame sizes, the vertical sync is
used to signal "end of frame". Thus, the end of frame signal provides an automatic
frame sizing. The maximum size of a video frame is 512k bytes.



For data acquisition systems that don't require all available video data a "frame
selection" parameter is provided. This feature also is good for a system that can't store
all data. The "frame selection" discards frames as specified by software, i.e. discard 2
of 3 frames, discard 3 of 4, or 255 of 256, etc.

REALTIME VIDEO PCM

This feature provides the realtime "quick look" of video data. The PCM output may
have a different frame size and bit rate than the video input. The PCM frame sync, bit
rate, word size, and frame size are set by software. The output of PCM is user
selectable for one of the following; NRZ, NRZI, NRZL, and BIPHASE formats. The
PCM encoder detects the VIDEO end of frame signal and fills a PCM buffer with one
(1) full video frame of data. It then converts the data into a serial format. At the
appropriate times (PCM minor frame) the circuit adds a PCM frame sync to the serial
stream. When half of the video data has been sent, a second PCM buffer is filled with
the next video data frame. The incoming data is switched (ping ponged) to the second
PCM buffer when the last word of the previous buffer is shifted to the serial stream.

The video "quick look" rate is dependant on the telemetry rate. This results in some
latency in the data. However, it still provides a uniform video rate to the downlink.
The Video Interface Module supports PCM bit rate up to 4 megabits per second.



PLAYBACK MODE

The playback function provides for the video data from VME bus to the telemetry
stream. The design incorporates two provisions for this function; interrupt driven, or
VME bus master. The interrupt approach is to flag the CPU to full a telemetry buffer.
The bus master approach is to request for mastership of the VME bus. Once given
mastership, the VIM will perform a memory block transfer to move the stored data to
the PCM buffer. Note: during the playback mode the video input is shut off.

This board can be used as a backup PCM encoder board but the software is required to
set up the data in the proper order. This method is not recommended due to the
overhead needed by the CPU.

CONCLUSION

This design fills the need for any VME data acquisition system that includes a video
data source. The incorporation of a PCM channel provides for realtime "quick look"
video data. Consideration for future and existing ground systems was accomplished by
configurable PCM configurations.

The versatility of this module makes it useable for existing and future camera
applications. As this is designed for space applications (MSTI satellites) it can be used
for any environment that uses a VME bus.
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ABSTRACT

Spaceborne wind scatterometers are designed principally to measure radar backscatter
from the ocean's surface for the determination of the near-surface wind direction and
speed. Although measurements of the radar backscatter are made over land,
application of these measurements has been limited primarily to the calibration of the
instrument due to their low resolution (typically 50 km). However, a recently
developed resolution enhancement technique can be applied to the measurements to
produced medium-scale radar backscatter images of the earth's surface. Such images
have proven useful in the study of tropical vegetation as well as glacial and sea ice.3 5 6

The technique has been successfully applied to Seasat scatterometer (SASS) data to2

achieve image resolution as fine as 3-4 km. The method can also be applied to ERS-l
scatterometer data. Unfortunately, the instrument processing method employed by
SASS limits the ultimate resolution which can be obtained with the method. To
achieve the desired measurement overlap, multiple satellite passes are required.
However, with minor modifications to future Doppler scatterometer systems (such as
the NASA scatterometer [NSCAT] and its follow-on EoS-era scatterometer
NEXSCAT) imaging resolutions down to 1-2 km for land/ice and 5-10 km for wind
measurement may be achieved on a single pass with a moderate increase in downlink
bandwidth (from 3.1 kbps to 750 kbps). This paper describes these modifications and
briefly describes some of the applications of this medium-scale Ku-band imagery for
vegetation studies, hydrology, sea ice mapping, and the study of mesoscale winds.



1. INTRODUCTION

Spaceborne wind scatterometers are an important element in future remote sensing
systems because of their proven ability to make all-weather measurements of vector
winds over the ocean . Wind scatterometry is an indirect technique in which the wind4

is inferred from measurements of the normalized radar backscatter coefficient ( )o

using a geophysical model function. Current and planned scatterometer designs have
measurement resolutions in the 25-50 km range which is sufficient for the study ofo

oceanic winds but is generally too coarse for land and ice studies. Measurements over
land have been primarily used for calibration of the instrument.

Recently, a new technique for generating enhanced radar images from low resolution
scatterometer data has been developed . This ground-based signal processing2

technique is based on an image reconstruction technique which utilizes the spatial
overlap in independent scatterometer measurements. Applied to SASS, the resulting
medium-scale images have proven remarkably useful in studies of tropical vegetation3

and ice . Thus, the technique enables more effectively use of the SASS data set as a5

historic measurement for studies of global change. The technique can also be used
with ERS-l scatterometer data (however, since the ERS-1 scatterometer is not a
Doppler scatterometer, the modifications described below are not applicable) and
future scatterometers.

Since the amount of resolution enhancement is dependent on the spatial overlap of the
scatterometer measurements, obtaining sufficient measurement overlap is crucial.
While SASS measurements from the fore- and aft-facing antennas in a single orbit
provide some measurement overlap, this overlap is insufficient to adequately apply the
technique; hence, data from multiple orbits must be used. To do this, the target region
must remain constant during the multiple passes (the "imaging time interval") required
to obtain sufficient overlap. For SASS this required a minimum of several days to a
few weeks to achieve 4-5 km resolution.

Future Doppler scatterometers, such as NSCAT and its EoS-era follow-on
NEXSCAT, can, with minor modifications, provide resolutions as fine as 1-2 km in a
single pass using the resolution enhancement technique. Thus, the technique can he
used as an inexpensive "technique of opportunity" to augment the capabilities of
existing and planned instruments. In particular, the wide-area, frequent coverage of
the enhanced scatterometer data is particularly well suited for large-scale monitoring.
In particular, the enhanced resolution scatterometer data can he used to extend the
results of focused studies, possibly made in conjunction with high resolution sensors,
to much larger (continental) areas. The high absolute accuracy of the scatterometer
measurements and their wide incidence angle diversity can be a significant advantage



for geophysical modeling studies. Further, this capability is available at little
additional cost for planned missions.

In this paper, modifications to future, planned Doppler scatterometer systems of the
NSCAT-class to enable resolution enhancement to as fine as 1-2 km are described
along with possible applications of the enhanced resolution data. The resolution
enhancement algorithm is described in detail in Long, Hardin and Whiting (1993) .2

The paper is organized as follows: First, background in Doppler scatterometry is
provided. This is followed by a description of modifications to an NSCAT-class
Doppler scatterometer to provide higher-resolution measurements with increased
spatial overlap. Then, a description of possible applications of the enhanced resolution
images is provided. Finally, a summary conclusion is provided.

2. DOPPLER SCATTEROMETRY

In this section we briefly review the NSCAT measurement scheme. NSCAT is ao

Doppler scatterometer scheduled to fly in 1996 aboard the Japanese Advanced Earth
Observing System (ADEOS) spacecraft . NSCAT will use multiple antennas to make4

measurements at different azimuth angles. A diagram of the NSCAT antennao

illumination pattern is illustrated in Fig.1. For each orbit, these antennas will provide a
600 km wide measurement swath on each side of the spacecraft nadir track. Each
antenna illumination pattern is resolved into smaller resolution cells by means of
timing and Doppler filtering as discussed below. The fore- and aft-facing antennas use
vertical polarization while the center antennas are dual-polarized. Thus, there are 6
antennas but 8 antenna beams.

2.1 Measurement Resolution

NSCAT achieves along-track resolution by a combination of a narrow antenna pattern
and the timing of transmit pulses . Cross-track resolution is obtained by Dopplerl,4

filtering, the narrow beam pattern, and the antenna illumination pattern azimuth angle
geometry.

2.1.1 Along-Beam Resolution. Doppler filtering was used to achieve along-beam
resolution for SASS and is planned for future U.S. scatterometers (ERS-l uses a
different technique known as range-gaging). Doppler filtering makes use of the fact
that the radar echo reflected from the ocean surface is Doppler-shifted due to motion
of the spacecraft relative to the earth's surface. The return echoes from different
portions of the antenna footprint have different Doppler shifts, with a larger shift at far
swath and a smaller shift at near swath. This difference in Doppler shift can be



exploited to filter the returned echo into cross-track ( along-beam) resolution elements
or "cells."

Figure 1: Illustration of the NSCAT antenna illumination pattern.

While its predecessor, SASS, used fixed-frequency analog filters for Doppler
processing NSCAT will use a sophisticated digital Doppler processor (DDP) . In the1

NSCAT DDP (see Fig. 2), the return echo is split into four processing channels of
differing bandwidth. The power spectrum of each channel is then computed via a 512
point windowed-FFT. Then, in a process termed "binning", the periodogram bins
corresponding to the Doppler shift of the desired 25 km resolution element are
integrated to provide each signal+noise measurement . This binning is repeated1

separately for the signal+noise and noise-only measurements and for each antenna
beam. By adjusting the number (bandwidth) and location (center frequency) of each
cell integration as a function of the orbit location the NSCAT DDP can insure that the
resolution cells remain located at the desired cross-track positions throughout the
orbit .1,4

2.1.2 Along-Track Resolution. Measurement timing is used to achieve along-track
resolution such that the centers of cells measured by each antenna beam are spaced a
nominal 25 km apart in the along-track direction. The desired spacing is achieved by
making measurements for each antenna beam once every 3.74 seconds, the time it
takes for the subsatellite point to move 25 km . Approximately 468 milliseconds are1



used to make a measurement for a given beam (see Fig. 3). during this intervalo

multiple transmit pulses are issued and received for each beam in sequence.

Figure 2: simplified block diagram of the NSCAT DDP.

Figure 3: NSCAT timing diagram and measurement sequence.

2.2 Measurement Cell Geometry

The intersection of the Doppler filter bandwidth and the narrow antenna gain pattern
define the instantaneous cell resolution for a single pulse (see Fig. 4). As previously
noted, multiple echoes are summed into a single integrated measurement. Since theo

spacecraft is moving during these measurements, the integrated measurement cell
resolution is (approximately) a six-sided polygon as illustrated in Fig. 4.



Figure 4: measurement layout cell. a) Integrated b) On enhanced resolution grid.o

For NSCAT (and SASS) there is no overlap in the cells from a single beam in ao

single spacecraft pass, though there is overlap between the fore-facing, center, and
aft-facing beams. This overlap, in which the same region of the ocean's surface is
observed at several different azimuth angles (and two polarizations) is used to
estimate the wind at the overlap point. This overlap, however, is insufficient to
directly apply the resolution enhancement technique. However, every few orbits, the
spacecraft passes over the same region again on either a north-bound (ascending) or a
south-bound (descending) ground track. This produces criss-cross measurement
swaths with multiple overlapping measurements. The overlap is exploited to enhance
the effective resolution by assuming the target does not change between orbit passes.

2.3 NSCAT Downlink Telemetry

For each antenna cycle (468 ms) NSCAT generates a frame of telemetry data. Each
1728 bit frame contains of 896 bits of science data with the remainder being
engineering data. An 8-bit A/D converter in the DDP digitizes the radar signal from
the radio frequency (RF) subsystem while the FFT is computed using 16 bit
arithmetic. A 28 bit accumulator is used to prevent overflow in the power
accumulation binning. Then, to minimize the science telemetry data volume while
maintaining dynamic range, the 28 bit accumulator is coded into a 16 bit
pseudo-floating point value with a 12 bit mantissa and a 4 bit exponent. A total of 26
cell signal+noise power measurements and 26 noise-only power measurements are
included in each downlink telemetry frame. Four channel noise-only power
measurements are also included . The engineering telemetry contains status1

information, temperature and voltage measurements, and measurements of the
transmitter power. These are required to convert the power measurements made by the
instrument to measurements and to monitor the instrument health.o



3. MODIFICATIONS TO FUTURE SCATTEROMETERS

The resolution enhancement method provides estimates of the radar backscatter
characteristics on a rectilinear grid. For example Fig. 4b illustrates a six-sided cello

imposed on this small-scale grid of high-resolution elements. Assuming a noise-free
measurement, the value of observed by the scatterometer will be a weightedo

average of the 's of the individual high-resolution elements covered by theo

measurement. Noting this, a matrix equation relating the observed measurementso

and the values of a high-resolution grid can be formulated. This equation can theno

be iteratively solved using a modified algebraic reconstruction technique and involves
a tradeoff between resolution and image noise which is considered fully in .2

The resolution enhancement algorithm is based on measurement cell overlap. For
SASS (or an unmodified NSCAT), overlap is obtained by combining multiple orbits
over an extended period of time. Increasing the number of orbits combined results in
improved resolution and reduced estimate noise. However, the target's radar
characteristics must remain constant over the data acquisition interval. This represents
a serious limitation for rapidly changing regions such as polar ice.

For future Doppler scatterometers such as NSCAT and its follow-ons, additional
resolution ehancement can be obtained by modifying the measurement sequence. This
permits high-resolution imaging with only a single spacecraft pass, relaxing the target
constancy requirement. The required instrument modifications are relatively minor
and affect only the digital subsystem (DSS). The modifications consist of 1) changing
the beam sequence timing and 2) downlinking the periodogram data. These increase
the data rate from 3.1 kbps to approximately 700 kbps but does not affect the wind
measurement capability. If desired, the higher-rate data need only be collected over
land and ice.

3.1 Instrument Modifications

The NSCAT DDP processes each of its four return channels into many periodogram
"bins" (effectively very narrow bandpass filters). Individually, these bins constitute a
very high resolution measurement. When the bins are integrated ("binned") into the
cell power measurement, this additional resolution information is, in effect, discarded.
Binning reduces the downlink data rate because only the accumulated powers for each
of the 25 resolution cells per beam are downlinked to the ground rather than all the
periodogram bins. While the periodogram bin frequency resolution (i.e., Doppler
bandwidth) is different for each channel, each periodogram bin bandwidth
corresponds to approximately 2.5-3.5 km along-beam distance on the ground (refer to
Fig. 5). The narrow antenna illumination pattern which defines the cross-beam



resolution varies from approximately 7 km at the near swath to approximately 15 km
at the far swath. Thus, for a single transmit pulse each periodogram bin corresponds to
a four-sided "resolution area" on the ground which is 2.5-3.5 km along-track by 9-25
km cross-track (see Fig. 5).

Figure 5: Diagram illustrating the measurement scheme of the proposedo

modifications for an NSCAT-class scatterometer (see text).

In the baseline NSCAT timing, twenty-five consecutive transmit pulse/receive cycles
(468 ms) constitute the signal+noise measurement for a given beam. This is followed
by four additional noise-only "pulses" to obtain the noise-only measurement for that
beam. This beam cycle is repeated for each beam in sequence before returning to the
first beam. While the spacecraft moves ~ 25 km between the measurements on a
single beam, it only moves approximately 110 m between individual pulses.

To improve the distribution of the along-track overlap of the periodogram "resolution
areas," the transmit timing can be modified to interleave the transmit/receive cycles
among the different beams. In the modified scheme, one transmit/receive pulse cycle
from each beam is made (cycling through all eight beams in sequence) before
returning to the same beam. Then, between the individual transmit pulses on a given
beam, the spacecraft will have moved approximately 860 m (refer to Fig. 5). Hence,
the "resolution areas" of the periodogram bins will be on 860 m along-track centers.
Since they are 2.5-3.5 km wide in the along-track direction they have significant
overlap in the along-track dimension. They will have a similar amount of overlap in
the cross-track dimension where they are 10-25 km long.



To further improve the resolution for imaging over land/ice, the antenna beam
sequence can be changed so that only a single beam is used. In this case, the
along-track spacing between periodogram bins is reduced to approximately 110 m,
resulting in more measurements with more overlap between the measurements and,
hence, improved ultimate resolution. This can not be done for wind measurement over
the ocean, since multiple azimuthal measurements of are required to retrieve theo

wind. With the modifications described above the ultimate resolution of the
scatterometer with the ground processing is estimated to be approximately 1-2 km
over land/ice (single beam operation) and 5-10 km over the ocean (multiple beam
operation).

3.2 Telemetry Modifications

These changes discussed above affect only the NSCAT digital subsystem (i.e., the
timing and the downlink control). Even after modification, 25 km
resolution-compatible measurements can still be made; however, we note that if the
periodogram data is collected continuously, the onboard cell "binning" can be
eliminated and can be performed more accurately on the ground.

A possible implementation of the proposed changes is to maintain the existing 3.2
kbps 25 km resolution interface and add a higher rate interface for the periodogram
bin data. Since only unique the periodogram bins which are not affected by
per-digitization filter rolloff, only approximately 180 bins of periodogram per channel
need to be down1inked at 16 bits per periodogram bin. Thus, there are approximately
10 kbits per pulse to downlink (there are four channels). Since each pulse period is
16.13 ms, the downlink data rate is approximately 700 kbps not including frame
synchronization bits. Approximately 14% of the "pulses" will, of course, be
noise-only but are required to compute the of signal+noise measurements.o

While this high rate data can be continuously collected, a "targets of opportunity"
approach could be used instead. In this approach, the data is continuously generated
by the instrument but is collected by the spacecraft only when commanded from the
ground. This will minize the total downlink data volume. If desired, by scheduling the
high-rate data transfer, the operational requirements can be minimized

4. APPLICATIONS OF ENHANCED SCATTEROMETER DATA

Although the best obtainable resolution with this method is significantly better than
the intrinsic resolution of the scatterometer, it is only medium-scale and remains
relatively coarse compared to such sensors as a synthetic aperture radar (SAR).
However, the scatterometer provides a wider swath with more frequent global



coverage. Thus, the enhanced resolution scatterometer images are well-suited for
large-scale global monitoring to augment high resolution sensors. Based on
preliminary studies , the medium-scale resolution scatterometer images have2,3,5,6

significant potential in many areas of geophysical research including vegetation, ice,
and wind measurement.

4.1 Land Imaging

while Ku-band (14 GHz) radar signals have very little surface penetration, Ku-band o

is very sensitive to vegetation, surface water, and land surface type. In a recent paper3

the utility of the scatterometer data for discriminating between broad vegetation
groups was demonstrated. Given the very high accuracy of this classification, it may
be possible to make precise areal measurements of the global tropical rainforest extent
from SASS data taken in 1978. Such measurements can then be compared with
measurements from NSCAT in 1995 to evaluate tropical deforestation. The greater
resolution possible with suitably modified future scatterometers will permit more
detailed studies. The frequent, broad-area coverage afforded by the scatterometer may
also allow for daily vegetation and surface water monitoring as well as studies of
diurnal variation of vegetation over large regions.

4.2 Ice Imaging

Recently, Long and Drinkwater extensively studied the radar response of ice and5

snow for the Greenland ice sheet using SASS data and the resolution enhancement
technique. Their results indicate that the enhanced resolution images can be used to
map the ice facies in the Greenland ice sheet. The data may also be useful for mapping
sea ice. A scatterometer with the proposed modifications would provide a good
measurement platform for polar ice data since it provides 1) frequent coverage and 2)
multiple incidence angle observations. From the latter it may be possible to infer
ice-age as well as snow cover and ice motion. We are currently investigating the use
of our technique for ice studies of Arctic and Antarctic sea ice . Preliminary results6

dramatically illustrate the capability of the enhanced resolution scatterometer data to
map sea ice.

4.3 High Resolution Wind Measurement

With some limitations the technique can also be applied to oceanic wind
measurement. Because of the high variability of the ocean and the limited orbit
sampling of the scatterometer, global measurement of high (better than 25 km)
resolution winds may not be appropriate; however, "target of opportunity" diagnostic



studies of interesting meteorological conditions can be used to improve local forecasts
and for mesoscale studies of air/sea interaction with a resolution of 5-10 km.

5. CONCLUSION

Traditionally, spaceborne scatterometers have been low resolution radar instruments
designed to measure winds over the ocean. Because of their low resolution, the
scatterometer measurements made over land have been used primarily to calibrate the
instrument. However, studies of scatterometer measurements over land have hinted at
their sensitivity to vegetation and ice coverage. A new resolution enhancement
method for obtaining enhanced resolution radar images from low resolution holds
forth the promise of additional scatterometer applications. For traditional Doppler
scatterometers, resolution enhancements of up to 10 times have been achieved (to 3-4
km). With relatively inexpensive modifications, future NSCAT-class scatterometers
may achieve effective resolutions as fine as 1-2 km with a moderate increase in
downlink telemetry bandwidth. Thus, the modified scatterometer can provide
significant additional science return with only a limited budgetary impact. This
relatively inexpensive enhancement of planned missions may yield significant
contributions to future studies of global change.
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ABSTRACT

Rapid setup and verification of 4 automatic tracking antennas, 2 radio frequency
switch matrixes, 32 telemetry receivers with 16 diversity combiners, an intermediate
frequency switch matrix and the signal distribution equipment interface to the analog
and digital fiber optic relay systems was required. This paper provides sample
displays of the station status window, telemetry receiver and test parameter dialog
boxes, mission event log window and test result windows for bit error rate, noise
power ratio, solar calibration and antenna servo tests. Use of the software is apparent
from sample displays so the text concentrates on lessons learned from site surveys,
verification of configuration against mission files, accommodation of change of
plug-in modules (e.g., IF filters in the telemetry receiver), tolerance of equipment
removed from the system for maintenance, built-in test of serial and parallel
communications and modular software design for replacement of equipment.

INTRODUCTION

A typical flight test mission lasts about 1 1/2 hours with a tracker assigned to each
aircraft. During the short winter days the flight schedule may slow to only 7 to 10
missions per day while long summer days may have 20 to 30 missions. Turnaround
time between missions is usually dependent only on the tracking site, data center and
mission control center reconfiguration time since the aircraft flight line facilities have
their own telemetry preflight test systems. Computer assisted setup and verification
was the only way to support the flight schedule.

Site visits were made to White Sands Missile Range (WSMR), Pacific Missile Test
Center(PMTC) and the Western Space and Missile Center (WSMC) to review the



similar systems in use at other test ranges. Ideas were adopted from each of the
ranges. Recent papers on those test range systems are listed in the references. The
willingness of the engineers at each location to share the lessons they had learned
saved us much effort.

One primary stimulus for computer assisted control was the single line, abbreviated
character displays and key pads on the switching matrixes and other microprocessor
based equipment. Operating procedures, checklists and mission logs containing
preoperation verification test results had grown inordinately large. Operations
personnel attended the site surveys with Air Force engineers, Systems Applications
International Corporation (SAIC) systems advisory and technical assistance contract
engineers and us (the technical services contractor engineers) to define the
requirements in terms of replacing existing procedures and forms. After the site
surveys the Air Force directed preparation of a system specification and prototype
screens by the SAIC engineers. Operations personnel have been active as project team
members in every phase from prototype screen development through the many
stepwise refinements made to develop the final program. With the system
specification completed the implementation was then assigned to us.

Since our engineers had experience building this type of system at previous work
locations, we knew that testing is more complex than setup and status monitoring of
the operational in-line equipment. Therefore, the project was scheduled in two phases
- (l) computer assisted setup and status monitoring of the operational equipment as the
primary goal and (2) computer assisted testing and logging. The difference in
complexity between the two phases is apparent from the sample displays. Acceptance
testing of the Phase One program was completed eight months after start of the
project. Phase Two required an additional sixteen months including minor expansion
of the requirements. Implementation was accomplished by two software engineers
dedicated to this project. The WSMR servo test result displays in color graphics are
outstanding and we have followed their example.

THE OPERATOR INTERFACE

The graphical user interface as shown in the sample displays is a strong departure
from the old text based screens that required some operator proficiency in typing and
memorization of commands. The entire tracking station can be set up using only a
mouse. This is accomplished using the Common User Access definitions (menu bars,
popup windows, dialog boxes, check boxes, option buttons, edit boxes, list boxes,
scrollbars, etc.). This type of display is in use in many different systems such as
engineering work stations, nearly all modem PCM decommutator systems, voice



switching systems, etc. They appear similar to an operator whether the operating
system is Windows, Presentation Manager, Open Look, Motif or other trade name.

The main program runs on a 486 based Pc compatible computer with a VGA display.
An eight port RS-232 card in the computer is connected by eight serial data cables to
IEEE-488 bus controllers mounted in the telemetry receiver equipment bays and the
switch matrix bays. A typical bay contains four telemetry receivers and two diversity
combiners plus one bus controller. In this way, the slow devices on the IEEE-488 bus
do not slow each other by contention for the bus. The RS-232 serial ports in the
computer each have individual transmit and receive buffers for simultaneous operation
but they have not been required due to the slow IEEE-488 communications. For
example, a telemetry receiver requires about 250 milliseconds to change configuration
or send a complete status message. All the test equipment is in two adjacent bays and
is connected to a single IEEE-488 controller card in the computer. This computer is
designated as the Telemetry Analyst computer because it is located in a triple low bay
console containing monitor oscilloscopes and a spectrum analyzer as well as
communications panels to the antenna consoles and mission control.

Each of the four antenna consoles also contains a 486 based computer with a VGA
display. This allows each of the antenna operators to make mission logs in real-time or
to test between operations. The five computers will soon be connected by a Local
Area Network (LAN) but no plans have been made to use the LAN other than to allow
all the computers to share the laser printer attached to the analyst computer.

STATION SETUP AND STATUS MONITORING

Figure 1 shows the main status and control window. The same display is used for
status monitoring, editing mission files, setup of equipment and selection of
equipment for test. The display is site specific to display which receiver groups (two
telemetry receivers and a diversity combiner) are connected to which of the four
autotrack antennas. Any or all receiver groups may be connected to any antenna
output in any combination because non-blocking radio frequency (RF) switch matrixes
are used. Non-blocking means any input can be connected to any or all outputs. The
antennas are listed in the top four rows with the receiver groups listed in the columns.
Clicking on one of the boxes, as in a spread sheet layout, causes the antenna output to
connect to the corresponding receiver input when setup is selected from the Edit
menu.

The radio frequency, the intermediate frequency (IF) bandwidth and the video
bandwidth of each connected or selected receiver group are displayed in its spread
sheet box. The background color of the box matches the color of the frequency band.



Light green represents 1435 to 1535 MHz; dark green represents 1750 to 1850 MHz;
light blue represents 2200 to 2300; and dark blue represents 2300 to 2400 MHz. The
colors are not necessary but they make differentiation between groups of equipment
easier. In particular, the combined 10 MHz output of each diversity combiner is
connected to a baseband transmission system through an IF switch matrix displayed
on the lower half of the screen.

Figure 1 - Status Window

Clicking on a receiver group box opens the corresponding receiver dialog box and
associated test parameter dialog box as shown in Figure 2. If the box was clicked
while in the status mode then the status of the equipment is shown. If the Edit mode
was selected from the menu, stored files may be displayed and edited or the operator
can develop a new configuration then store it on disk or setup the equipment. The
preoperation test configuration and test parameters are usually selected at the same
time but they can be added at any time.

The TEST mode is entered from the status display window. Again, the main display
has not changed. However, the area outside the spread sheets has turned red to notify
the operator that he can now radiate test signals on the mission frequencies. The
selection of menu items has changed to allow the operator to select Bit error rate



(BER), noise power ratio (NPR), preoperation or solar calibration testing. Selection of
the equipment to be tested is made by clicking on the receiver group box(es). The
BER, NPR, Preop or Solar menu item is then selected to initiate he test. Sample
windows with data are shown in Figures 3 through 6 for each of these tests.

Figure 2 - Edit Window with Receiver Dialog Box Open

The Event Log window is selected from the status display menu ( see Figure 7). It is
normally used on one of the antenna computers. The antenna servo test program is run
only on the antenna computers that are connected directly to the antenna control unit
via an IEEE-488 interface. Nine sets of tests as listed in Figure 8 can be performed.
The results of the Tracking Error Gradient and Antenna Patterns are plotted on the
screen or on the laser printer. The remaining results are in test or tabular form.

CONCLUSIONS

The computer assisted control, status monitoring and testing of the tracking site
equipment has been readily accepted by the operators. The main advantages of the
software have been in reducing setup and test times while providing hard copy
configuration sheets and test results. The visual displays were quickly learned and



Figure 3 - Bit Error Rate Test

Figure 4 - Noise Power Ratio Test



Figure 5 - Preop Bit Error Rate Test

Figure 6 - Solar Calibration



Figure 7 - Event Log

Figure 8 - Antenna Servo Test

offer a single point for quick look capability of entire station status. Checking function
and driver return calls and the validity of all input and output is required for reliability.
Displaying the corresponding probable error source when checks are not confirmed
provides excellent diagnostics. These diagnostics pinpoint even the most minor



problems such as equipment not turned on or change of front panel controls.
Displaying intermediate test measurements, such as power meter readings during
signal to noise ratio measurements or solar calibrations, as a selectable option
provides an excellent maintenance tool.
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ABSTRACT

Due to the rapid advancement of technology in GUI design tools within Microsoft
Windows , a sophisticated human-machine interface can be developed for telemetryTM

systems. A PC Windows -based telemetry system would effectively provide aTM

"bridge" between the telemetry world and the Windows world, bringing many lowTM

cost off-the-shelf software and hardware tools into the telemetry realm that has been
unprecedented. This paper describes the results of such an approach in the
development of Loral's Visual Telemetry System (VTS) software.

INTRODUCTION

There are two phases involved in setting up a telemetry acquisition system:

Define the information for the system to "lock" onto the telemetry stream.

Define the data to be extracted from the telemetry stream (i.e., define the
data distribution).

The first phase is usually straightforward. It involves defining the synchronization
method, the frame structure, the synchronization code patterns, etc.,. However, there
still exists potential misunderstanding in terminology and, therefore, the actual format
of the telemetry stream. This is especially true when a new team member comes into a



project who is not familiar with telemetry jargon. This can be minimized with a
telemetry acquisition system that provides a graphical representation of the telemetry
stream' s format that clearly illustrates the telemetry stream.

The second phase usually takes the bulk of the setup time. The typical method in
defining the data to be extracted from a PCM telemetry stream is to individually
define "parameters" with word start, word increment, word stop, frame start, frame
increment, and frame stop. This process can be tedious and time consuming. A
spreadsheet approach with associated tools (e.g., cut/copy/paste, auto-incrementing,
color coding, etc.,) can simplify the creation of parameters. Also, the distribution of
the data words for a parameter can be complicated—making it susceptible to errors
(such as misplacement, word/frame offset, overlap, etc.,). Again, a graphical picture of
the telemetry stream's format can minimize, if not eliminate, these errors from
occurring—especially if the data can be defined within the graphical view.

APPROACH

The approach in the design of the Visual Telemetry System software, the VTS, wasTM

to follow the lead of many Windows software products. These products are alreadyTM

well-established to provide an intuitive and effective way to graphically interface with
databases. Many tools for Graphical User Interface (GUI) design are available to
assist in this approach.

TELEMETRY SYSTEM OVERVIEW: THE HEARTBEAT DISPLAY

With the power of a GUI, a graphical representation of the system (shown in Figure 1)
can be designed. All of the main components of the system can be seen "at a glance"
along with their status. Going from left to right, the telemetry signal is input into one
of three connectors into the bit synchronizer. An eyepattern window (similar to an
oscilloscope) gives you visibility of the input signal itself—making an oscilloscope
unnecessary. Status indication (i.e., Lock, Check, Verify, and Search) for the bit sync,
frame sync, and subframe sync are shown. The diagram then shows the parameter
manager (shown far right) which is used to extract data for archiving, outputting to
strip chart, and/or display. The data can also be time-stamped with IRIG time (shown
near the top of the display).

This page illustrates the system' s capabilities and the status of the individual
components "at a glance." We called it the Heartbeat display. It is the starting point
for all functions. To open the Bit Synchronizer window and setup the bit sync, click
the Bit Sync icon. The same is true for all the telemetry icons on the Heartbeat



display. This paper will focus on the Decom, Simulator, and Parameter Database
icons.

Figure 1. The VTS Heartbeat Display

TELEMETRY ACQUISITION SETUP

To give the user versatility in programming the telemetry system, four forms (or
windows) were designed: Decom Setup window, Frame View window, Parameter
Manager window, and Simulator window. These forms are tightly coupled to create
the database that defines the format of the telemetry stream and all the distribution of
the data in the frame format. Making a change in one of the windows automatically
updates all windows.

TELEMETRY FORMAT SETUP

The first step in acquiring a PCM telemetry stream is to inform the acquisition system
of the format of the PCM frame. This is done using the Decom Setup window shown
in Figure 2. All the information concerning the sync code pattern, sync method, sync
strategy, etc., for frame synchronization and subframe synchronization is located in
this window.

When the Decom Setup window is changed, the Frame View window automatically
updates to reflect the telemetry format the system will try to lock onto. The Frame
View window that reflects the Decom setup in Figure 2 is included as Figure 3. This
window clearly indicates the telemetry format with a graphical representation.



Parameters are also automatically created for the frame sync and subframe sync
words, and appear in the Parameter Manager window (see Figure 4).

Figure 2. The Decom Setup Window

Figure 3. The Frame View Window After Setup of Decom



Figure 4. The Parameter Manager Window After Setup of Decom

DATA DISTRIBUTION SETUP

The next step is to define how data is distributed within the telemetry format. This is
done be creating parameters, and there are several ways this can now be done using
the Windows environment.TM

Parameters can be created individually, as they are typically done today, using the
Parameter Manager window. This can be done in the upper fixed portion where all the
information of the parameter is shown. Or, a parameter can be created within the
bottom spreadsheet portion. The parameter information in the highlighted row of the
spreadsheet is always displayed in the upper fixed portion of the window. When
creating parameters individually, the Frame View window automatically updates to
include the parameter. Figures 5 and 6 show how the windows would look after
creating a couple of parameters.

Parameters can also be created using spreadsheet-type edit tools such as cut, copy, and
paste. Also, an auto-increment feature is included for the name, word start, and word
stop. While using these editing tools in creating multiple parameters, the parameter
manager is in a mode in which the frame view is not updated automatically until all
the parameters are edited and/or created. An example of the Parameter Manager



window after defining a block to automatically create parameters with
auto-incrementing is shown in Figure 7. The updated Frame View window is shown in
Figure 8.

Figure 5. The Parameter Manager Window After Creating Two Parameters

Figure 6. The Frame View Window After Creating Two Parameters



Figure 7. The Parameter Manager Window While Creating Multiple Parameters

A block was defined from row 5 (where the last parameter resided) to row 7. The
starting information in row 5 was used to create parameters within rows 6 and 7

incrementing the name, word start, and word stop.

Figure 8. The Frame View Window After the Creating of Multiple Parameters

There is yet another method in creating parameters—within the Frame View window
itself. The name of the new parameter can be typed where indicated near the top-left



entry and inserted into specified locations. There are many methods available for
specifying where to insert the parameter into the actual frame view. One is to select a
location by clicking it, using a mouse, and press the Insert key to place the
parameter. A block can be specified (click starting location and, holding the mouse
button down, move to stop location before releasing the mouse button), then pressing
the Insert key will copy the parameters into the entire block. Holding the Control
key while specifying locations or blocks will automatically place the parameter
without having to use the Insert key. The Parameter Manager window is
automatically updated when parameters are inserted within the Frame View window.
An example of inserting a parameter within the Frame View window is included in
Figure 9.

Figure 9. The Frame View Window While Inserting Parameter "Scattered"

For a parameter that cannot simply be defined using word/frame start/increment/stop,
this last method of creating parameters using the Frame View window enables the
user to get exactly what he wants without "playing games," such as creating the
parameter multiple times to define all the locations. The Parameter Manager window
will have asterisks within the word/frame start/Increment/stop fields of these irregular
parameters.

DATA SIMULATION SETUP

The final step may involve simulating the telemetry stream. Various signals can be
simulated using a Simulator window such as that shown in Figure 10. All the
parameters are available on the Simulator window via a combo box to define a
simulated signal. The user can grab the plotted signal on the display to change the
amplitude and offset without having to type in a number directly.



Figure 10. The Simulator Window

TIGHTLY-COUPLED DISPLAYS

All the displays are tightly coupled to automatically update when a change occurs in
any of the windows and to enable the user to readily get information on a parameter.
For example, by double-clicking a parameter in the Frame View window, the
Parameter Manager window moves to that parameter showing all of its information.
Also, the Simulator window moves to the simulated signal for that parameter. If no
simulated signal exists, then the Simulator window moves to the bottom of the
spreadsheet anticipating a signal to be defined. If a system has a high-resolution
monitor of at least 1024 x 768 pixels, the Parameter Manager window, Frame View
window, and Simulator window can be positioned as shown in Figure 11.

CONCLUSION

The age of the computer Graphical User Interface (GUI) is here. Modern GUIs are
delivering on their promise to improve productivity. The Microsoft WindowsTM

operating environment has emerged as the most popular GUI standard. It provides a
wealth of easy-to-use tools; it is friendly and easy to learn; and it is setting a new,
low-price standard in the industry.



The highly visual environment of the Loral VTS leverages the latest computer
graphical Windows technology and provides a telemetry environment that willTM

deliver faster setup, easier maintenance, and lower training and equipment costs. It
will usher in a new era of telemetry system programming.

Figure 11. The Parameter Manager, Frame View and Simulator Windows
on a 1024 x 768 Monitor
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Abstract

Until the early 80's, telemetry processing systems were commonly run on mainframe
or mini computers running proprietary operating systems and software with limited
portability. The advent of the 'low-cost' workstation reduced the hardware cost but the
software still remained relatively expensive and relatively mission specific. The
workstation itself, although comparatively cheap, was not, and is still not, an everyday
piece of computing hardware Telemetry Processing software has been developed by
Micro SciTech to meet both low-cost hardware requirements and mission
independence. It runs on networked IBM PC compatible computers and can be
re-configured and used for many different missions and experiments without the need
for extensive software rewrites.

Introduction

The real-time or near real-time monitoring of a mission payload, as regards end-users
such as the experiment collaborators, generates the following key user requirements of
a telemetry processing system:

Frame Synchronization
Data extraction and decommutation
Engineering units calibration
Alarm limit checking
Parameter recording
Plotting and display
Data completeness
Commanding
Data archiving and retrieval



Figure 1 Task Data Flow

With so many missions and experiments being performed within a short time frame (<
5 years) there is also a requirement for:

mission independence

All these requirements can be implemented in software and, coupled with the need to
minimise hardware costs, have been implemented as a serially networked telemetry
processing system running on DOS based IBM PCs or compatibles.

By designing software with the goal of minimising processor load and, through the
use of both standard and innovative techniques, the majority of software code can be
written in the C high level programming language and satisfactorily implemented on
computers as old as the Intel 8086 based IBM PCs. Furthermore, if the incoming
telemetry data conforms to the RS232 standard, the data can be read and retransmitted
using the serial port as supplied by default on most, if not all, PCs. The use of a
second serial port enables many PCs to be daisy-chained forming an inexpensive
networked system. The resulting system can process incoming data rates to
115Kbits/sec and serve one, ten or even one hundred users for what is essentially the
cost of a few PCs.

System Description

Software Design Overview

With a strong emphasis on modularity both for maintainability and, perhaps more
importantly, for future migration from a DOS based single-tasking operating system to
a full real-time multitasking operating system, the overall system is split into the
following seven tasks The data flow between tasks is shown in Fig 1.

Executive
Data I/O
Packet Router
Display Processor
Configuration Processor
Command Processor
Maintenance

Whilst on a multitasking system
each task could be executed as a
separate child process of the
executive parent, when executed



under the PC's DOS, they are actually called as subroutines from a single active DOS
program forming the executive.

Executive Task Control

The executive controls the execution of the six other tasks and, since DOS is single
tasking, is free to repetitively loop at the fastest rate the host PC will allow. However,
this has been found to be unnecessary and therefore, with a view to multi-tasking
migration, the loop rate can be slowed down such that the synchronous Packet Router
and Display Processor are scheduled on a periodic 10 msec loop or sub-multiple
thereof. This figure is dependent on many factors but, broadly speaking, it should be
higher than the incoming telemetry frame rate. With a nominal period of 10ms the
frame rates should be less than 100Hz, with 10Hz more typical. The 10ms value can
be changed in real-time if it is found to be too fast or slow.

Apart from the synchronous Packet Router and Display Processor, all other tasks are
asynchronous and executed as background tasks once the high priority synchronous
tasks have completed. Since the executive actually cycles in much less than 10 ms,
these asynchronous tasks are executed many times in the background before the
executive re-schedules the synchronous tasks.

Although this task-scheduling system is, by nature, a true real-time multi-tasking
problem, DOS is not! Furthermore, without resorting to BIOS programming, the PC
timer resolution is limited to 18.2Hz which manifests itself in timer ticks of 50ms and
60ms. Thus it may appear that any figure below 50ms is unattainable.

To overcome the relatively poor timer resolution problem, an averaging method is
employed This averaging has an analogue in the 60Hz power supply generation
whereby short-term fluctuations in frequency away from the 60Hz are compensated
for by long-term high stability. Similarly, TPS loops with a long term stable average
of 10ms but, on a microscopic scale, loops with a markedly fluctuating period that can
be vary anywhere between 1 and 10ms The loop-time itself can also be adjusted; on an
8086 XT, the system can only loop in around 100ms and so the 10ms period has to be
increased to nearer this figure. An 'Autotune' feature can actually automatically adjust
the loop-time for the user.

Data I/O and the Interrupt Drivers

All I/O is interrupt driven as polling for incoming data is inefficient and a waste of
CPU resources. Whenever a byte of data is received or transmitted, a hardware



interrupt is generated and the Data I/O task reads or writes data to or from internal
system buffers.

The I/o system has been flexibly developed with a C programming language interface
to allow for the incorporation of custom-specific I/O routines to handle various
network protocols. The default system accepts RS232 data streams but others, for
instance, Ethernet TCP/IP network packets, can also be read.

By direct programming of the PC UART, processing of incoming data at rates up to
115 kbits/sec has been achieved. At this high rate, which approximately converts to 10
Kbytes/sec, an interrupt is generated every 100 micro-seconds. Using the lowest
specification hardware platform (an 8086 PC) this approximately equates to the
execution of only 30 instructions and thus requires some tightly written interrupt
drivers to handle concurrent input and output. Full interrupt-driven serial
communications software was written in 8086 assembler with higher level I/O
management functions, required to rescue dying interrupts (a problem with
interference and high data rates) and inform users of transmission loss, were moved to
the background Maintenance task.

Packet Router

The Packet Router receives incoming data packets, performs some pre-processing, and
then routes them to other users on the network and also to the display and, optionally,
the local hard disk.

A packet consists of a header plus a variable length data packet. For the first release of
the system, all packets only contain telemetry data and thus a 'packet' is a synonym for
'frame'. Future versions will, however, enable multiple packet formats so the system
can process telemetry, command, voice and video packets all under one common
system.

Packet pre-processing includes the standard data integrity checks such as checksum
computation and packet sequence verification.

Packets can be input from previously archived disk files and need not be directly
telemetred. Archiving is also performed by the system with data stored in one of three
file formats: rawbinary, compressed or ASCII hexadecimal. The ability to replay
mission data is useful for postflight analysis and operator training. The replay speed is
also variable allowing, for. instance, a complete month long mission to be replayed in
a few minutes or stepped through one data packet at a time.



Figure 2 A typical display page

Display Processor

The Display Processor decommutates the packet parameters, optionally performs
engineering units calibration, and then sends them to the display.

Telemetry displays tend to be textual, displaying message strings or numbers such as
scientific parameters. For this reason, and to keep processor overhead low, the system
works on a default text-mode display of 25 rows x 80 columns x 16 colours which is
switchable to 640 x 480 pixel x 16 colours for real-time plots.

Every parameter within a telemetry frame is displayed in its own window termed a
'view port'. The system supports the simultaneous display of up to 256 parameters on a
display page with up to 10,000 configurable pages per PC. A typical display page is
shown in Fig 2.

With up to 256 parameters simultaneously being displayed and updated, the Display
Processor reduces CPU overhead with three stages of optimisation. These stages are
executed by the three hierarchical subfunctions of the display task, namely, the
'Change Checker', 'Display Scheduler' and the 'Draw Optimiser'.

Change Checker: This performs a simple comparison of the raw parameter's byte
between its current and previous values. If a value hasn't changed since it was last
displayed, it is not redrawn.



Display Scheduler: This function basically controls the parameter display refresh
rate. With the system loop-time set at 10ms, the fastest rate at which a parameter can
be displayed is also 10ms. However, most parameters do not change at this high rate.
Furthermore, the eye cannot detect such rapid changes. It is therefore pointless to
display a task at 100Hz and, using the Page Display configuration files, a lower rate
can be set by the user. For the purposes of recording calibrated parameters, however,
parameters may still need to be processed at 100Hz, even if they are not displayed.
This is one reason why the display task itself is called at such a high rate.

If a parameter is not filtered out by the Change Checker and Display Scheduler, it
finally passes though to the Draw Optimiser.

Draw Optimiser: This function inhibits the display of redundant text. After a
parameter is scheduled for display, before being sent to the low-level display routines,
it is converted to an ASCII text string representation (all low level display works on
text strings only). The draw optimiser intercepts this string and actually transmits to
the Basic Input/Output System (BIOS) only those characters that are different from
the prior displayed text. However, there is a trade-off between the extra processor
overhead incurred by this semi-intelligent Display Optimiser and the overhead of the
BIOS in blindly printing all the characters in a brute-force method. For this reason, the
Draw Optimiser is a display option which can be switched on and off by the operator.

An alarm system is incorporated within the Display Processor to monitor the
calibrated parameter values. It enables a parameter, outside of limits, to be logged to
disk with an accompanying sounding alarm and flashing display.

Command Processor

Commanding of the system, itself, for such purposes as changing a page, setting an
alarm and recording or replaying data, is all done via Common User Access (CUA)
style menus and dialog boxes whereby a command is triggered via an 'ALT-key'
sequence as is common to several DOS applications. This usually brings down a
further menu with more options selected by a single hotkey depression.

Actual Mission control through telecommanding is handled using a custom written
command compiler incorporated into TPS via a C programming language interface (as
for the telemetry interface when using I/O systems other than RS232). This allows the
system to handle a multitude of different command systems.



Maintenance Processor

The Maintenance task executes repeatedly in the background, performing diagnostics
and providing internal health-check data. All monitored parameters can be displayed
as for telemetry parameters. The system attempts to off-load as much basic
diagnostics as is possible by performing a complete pre-load checkout of the host
machine and all accompanying software prior to loading. At its most mission-critical,
the pre-load check will only permit TPS to load if it passes ALL checks. This has
shown by experience to eliminate m any run-time problems caused by software
corruptions (intentional or otherwise) and hardware incompatibilities.

Mission Independence and the Configuration Processor

Mission independence is achieved by using flat-format ASCII text files to specify
every aspect of the system configuration for a mission The Configuration Processor
task reads these files upon initial system-load or online page change and re-configures
TPS appropriately.

Major changes between missions usually involve a new telemetry frame format and
several new display pages. Since telemetry frame formats, display page and system
setup are all specified in the text files, adaptation of the system for a new mission only
entails editing these configuration files.

A simple language is used for attribute specification and takes the form, identifier =
option, e.g., backgroundcolor = red. It is deliberately kept very simple and has a
natural language, nested block-structured form so that, for instance, all value-port
display attributes are specified within a '[valueport]' block. The [valueport] block,
itself, has separate sub-blocks for specification of attributes such as the calibration
method to be used.

As regards reading incoming telemetry frames, only the packet header need be
specified The data packet, suffixed to the header, can remain completely unspecified
other than its total byte-length which is embedded in the header and can dynamically
change throughout the mission. Telemetry frame format is reduced to merely
specifying the synchronization pattern, frame counter and sumcheck information

For displaying and recording parameters, their start byte position in the data packet,
byte length (or bit length) and data-type must also be specified in the configuration
files. Acceptable Data types form a superset of the C language in which the majority
of the system is written. Binary and multiple byte hex dump formats are commonly



required display formats but are not featured in the standard ANSI C language and
have thus been added as extensions.

Conclusions

A multi-user telemetry processing system has been implemented on a low-cost
network of PCs and performs the majority of standard tasks as required for small to
medium mission monitoring, Incorporation of a three tier display optimization process
permits high refresh-rate displays (10-100Hz) of many different parameters. With
custom designed serial data interrupt drivers, fast incoming data streams to 115
Kbits/sec, adequate for a large variety of experiments, can be read and re-routed
without data loss. Specification of the complete mission configuration using only text
files removes hard-coded mission specificity thereby eliminating software rewrites
and reducing mission configuration to a simple editing task.

Acronyms used

ASCII American Standard Code for Information Interchange
ANSI American National Standards Institute
BIOS Basic Input/Output System
CUA Common User Access
DOS Disk Operating System
PC Personal Computer
TCP/IP Transmission Control Protocol/Internet Protocol
UART Universal Asynchronous Receiver and Transmitter
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ABSTRACT

With the move toward design and interface standards in data acquisition and
processing hardware and software, the development of open architecture telemetry
processing systems has moved from a goal to a reality. The potential for a system to
support hardware and software from a variety of vendors, allow inclusion of
user-written software and user-provided interfaces, and provide a scalable, growth
oriented processing capability can now be realized. This paper discusses the open
architecture concept throughout the hardware and software components of the typical
telemetry processing system. Utilizing such a system ensures flexibility to support
different configurations, better and faster analysis through greater user
programmability, and overall reduced costs by providing a system that can grow as
future hardware and software components are brought to market.

INTRODUCTION

Historical telemetry acquisition and processing systems have been proprietary closed
systems. This follows the compute platform trend of proprietary system architectures
so prevalent until recently. The real time nature of the processing requirement and the
magnitude of the processing and I/O required has helped to keep telemetry acquisition
and processing systems from following the open systems movement until very
recently.

The typical telemetry system requirement is very I/O and processing intensive.
Historically this has mandated multiple subsystems to perform the various tasks (bit
synchronization, decommutation, data processing), multiple processors to perform the
various processing functions (compression, engineering units conversion, derived



parameter processing, etc.) and multiple data buses to handle the I/O traffic. Often a
proprietary tag and data bus is used to communicate between the various processing
elements. Figure 1 shows a typical closed telemetry processing system architecture.

Figure 1 - Typical Closed System Architecture

Architecturally, early systems were entirely closed architecture with very little user
customization or programmability possible. All hardware was vendor-specific and no
user customization was possible without extensive vendor support. Internal data bus
and processor architecture was proprietary in order to support the I/O and processing
requirements. Similarly, system software was specific to one platform and built
specifically for the system at hand.

Upgrading a system based upon new requirements historically has meant relegating
the old system to the scrap heap and procuring a new system. Differing database
formats required re-entering old data in a new format or writing a translation program.

With the advent of the workstation and PC compute platforms and the standardization/
publication of a number of data bus architectures, the move towards open systems
architectures for telemetry systems began. Recent systems have taken steps towards
providing an open architecture solution by utilizing third party workstations as part of
the system or providing an Ethernet or PC link for display stations. Unfortunately, a
majority of the underlying hardware and software solutions are still been built upon
proprietary tag and data bus architectures. This still prevents extensive upgrade and
user customization. Figure 2 presents a typical recent system with partially open
architecture.

Before discussing why an open architecture is advantageous the term must be defined.
The definition is broken into three components: hardware, software and database
information. Open architecture hardware is defined as that which is based upon an



Figure 2 - Typical Recent System Architecture

industry accepted backplane interface for which numerous third party products exist.
Examples are the PC and VMEbus platforms. Interface specifications are published
(even IEEE-accepted for VMEbus) and there are numerous vendors supporting all
manner of I/O and processing solutions. Open architecture software, again relies on
standards and is not tied to any one hardware platform. TCP/IP networking protocol
software, POSIX-compliant operating systems and windows/Motif graphical user
interface software are good examples. Open architecture database information for the
telemetry world was given a real boost by IRIG Standard 106-93. The telemetry
attributes transfer standard (TMATS) definition provided in this document presents a
format which clearly and fully defines a telemetry acquisition and processing
configuration. Once TMATS is accepted and implemented on various test ranges, the
effort required to pass database information between systems and sites will be
minimized.

ADVANTAGES OF AN OPEN SYSTEM

There are numerous advantages to a totally open system architecture. Consider a
telemetry acquisition system without the typical proprietary tag and data bus
architecture. Removing this constraint allows use of CPUs and other I/O interfaces
from a number of vendors that specialize in making fast, reliable, inexpensive CPU s
with relatively short product cycles. Having the ability to plug any of a number of
different CPUs into a system allows the ability to upgrade processing horsepower
based upon requirements without buying a whole new system.



Specialized board level vendors are typically very competitive and sell large numbers
of boards. There is significant price savings when compared against a proprietary
design which has a much lower number of sales to amortize board development over.

A similar argument may be made for technical upgrades. Board level vendors are
forced to bring new products to market frequently. Vendors are continually
leapfrogging each other in price-performance. It is much more difficult for a
proprietary systems vendor to fuel the R&D fire for the total number of interfaces
provided in his system.

From a software standpoint, an open architecture provides interoperability across
hardware platforms. The XWindows/Motif graphical user interface standard is a good
example, where user workstations from many different vendors may be used as
display stations for a single acquisition front end.

The ability to migrate the real time software between CPUs is also of great
importance. This is provided by working with a widely ported real time operating
system and programming in a standard higher level language.

Another advantage that can be provided on the software end is source code. Users
often need to customize processing, add special displays and integrate custom I/O
interfaces. For these cases, the only option has long been to develop an entire system
from scratch. This is typically expensive, time consuming and the end product often
lives and dies with the developing engineers. Providing the ability for users to
customize their systems without creating them from scratch, while still allowing a
growth path from the hardware standpoint, is an ideal solution.

The TMATS format definition provided in the IRIG 106-93 Telemetry Standards
document provides much needed common interface definition for telemetry databases.
It achieves the goal of providing a common format for transfer of configuration and
processing information between systems and ranges. Once a telemetry configuration is
entered in TMATS format it is complete and may be processed on any system that can
import TMATS. This will require telemetry processing systems manufacturers to
provide programs to import and export TMATS format databases and provide the
translation to the local database format, but it is likely that all competitive systems
manufacturers will embrace TMATS.

In summary, the advantage of an open architecture telemetry system is the adherence
to standards and the growth and flexibility to incorporate boards from multiple
vendors provided by the entire industry adhering to standards.



OPEN ARCHITECTURE SYSTEM EXAMPLE

AP Labs' VMEstation Telemetry System (VTS) is an example of a totally open
architecture telemetry processing system based on the VMEbus. It may be configured
with a wide range of third party off-the-shelf interfaces but the most basic system is
presented here for discussion. Figure 3 shows a VTS system with one telemetry input
stream, a real time CPU, and a real time archival capability. There is a real time
subsystem and a Unix host, in this case co-resident on the same VME backplane. The
system may be configured into a network of Unix host workstations. The tightly
coupled workstation is the only station which is allowed to control it. Other
workstations on the network serve only as passive display devices.

Figure 3 - Open Architecture System Example

In the configuration shown the real time CPU is running the VxWorks real time
operating system and the host CPU is a Sun SPARC running SunOS. The real time
CPU manages the telemetry input and performs the telemetry processing. Processed
data packets are moved into local memory by the Unix CPU and displayed as directed
by the operator. It is not necessary to have the Unix CPU embedded in the real time
system - alternate configurations provide memory mapped interfaces between host and
target or control over Ethernet. The display workstations can be any XWindows
workstations. By virtue of choosing a real time operating system which is supported
across many platforms, any of a number of host systems (Sun, Silicon Graphics, HP,
IBM) and target processors (680x0, SPARC, MIPS, i960) can be configured. The



processing horsepower on both the real time and host configurations is matched to the
data rates of the input stream(s) and the amount of computation anticipated.
Additional CPUs may be added to provide greater processing capacity. For instance,
each input stream may be slaved to its own processor.

A discussion of the data flow through the system is valuable. The system architecture
is much like a classical data acquisition system, rather than the historical telemetry
processing system tag and data bus approach. The decommutator in this example is a
Berg Systems 4411VX which has a pair of onboard data buffers and works as a double
buffered input device. The board collects frames of data as directed (any number of
frames up to a total of 64KB of data) and generates an interrupt on the VMEbus. The
CPU responsible for this interrupt responds to the interrupt and moves the block/frame
of data to its own local memory for processing. No tags need be transferred because
the CPU has the entire frame of tags resident in its memory and knows the appropriate
tag by virtue of the knowing the position of the data word within the frame. This
halves the I/O bus requirement immediately. Assuming that the CPU can perform all
necessary processing for a given stream (typically a good assumption), no additional
bus traffic is required until results are moved to the Unix processor for display.
Multiple CPUs may be used to implement extensive processing if necessary.

Very high rate data and/or large numbers of streams may present a situation where the
VMEbus becomes saturated. In this case the I/O load may be balanced by utilizing
another industry standard I/O bus, the VSB or VME Subsystem Bus, for the interface
between the decommutator and the CPU. The VSB works in parallel with the
VMEbus and does not impact its performance at all. Multiple VSB buses (from 2 to 6
slots each) may be implemented on a single VMEbus backplane. Each VSB bus has
an achievable I/O bandwidth of >20MB/second. The VSB bus acts to balance real
time I/O with the VME bus and effectively takes the place of the historical proprietary
tag and data bus for higher rate systems. Utilizing VSB decommutators, CPUs and
other I/O interfaces allows assembly of very high performance non-proprietary
systems.

Configuring a new/custom I/O interface into the system involves writing a software
driver for the interface and a real time control daemon (task) to handle the interface.
All other VME I/O is handled in the same manner, with a separate task dedicated to
each I/O interface.

Software consists of a Motif/XWindows-based graphical setup and display capability
for the Unix workstation, and real time device drivers, asynchronous I/O capability
and processing daemons for the real time CPU(s). All software is written in C and is
licensed for customers who wish perform extensive customizations.



THE FUTURE OF OPEN SYSTEMS IN TELEMETRY PROCESSING

With the move towards real time video transmitted via telemetry, faster and greater
numbers of transducers and faster CPUs, it is obvious that telemetry data rates will
continue to increase. The need for a higher speed I/O interface will eventually drive
vendors to adopt new standards. The best open system approach available to fill this
emerging need is Futurebus+. This extensible interface standard is in its early stages
but is designed to grow over the next 15 years from its current 100MB/second to
support an I/O bandwidth of >3GB/second. Bridges to other architectures (VMEbus,
Multibus II) are already available as well as a minimum offering of other hardware but
it will not be a viable solution for high speed data acquisition and analysis systems
until a greater number of I/O interfaces are supported.

The goal should be an easy migration of the higher level software from existing open
systems to support the newly developed hardware. Keeping a similar interface to the
display workstations and preserving the TMATS interface should be simple and
provide continuity as well.

CONCLUSIONS

Open architecture telemetry acquisition and processing systems are available today
and becoming widely accepted. The benefits for the user community are a greatly
extended system life cycle, lower system costs, greater user flexibility/customization
and a common telemetry database information format.
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ABSTRACT

This paper describes the Launcher Instrumentation and Data Acquisition System
(LIDAS) that has been developed for real-time monitoring and simultaneous recording
of a diverse set of data buses on a moving MLRS launcher. The launcher onboard
instrumentation consists of a central Bus Data Conversion Module (BDCM) and
several specialized, intelligent "break-in" boxes. The break-in boxes collect and tag
the data by using the IRIG-B standard time-code, and transfer them to the BDCM
using a unique asynchronous scheme. The BDCM is built around an Intel 80960CA
processor board in a VME bus environment. It coordinates all the data traffic and also
stores selected data to an onboard Flash ROM data storage unit. The data from
different MLRS buses are combined into a 1 megabits per second RS4-22 serial
stream and telemetered to a ground station, where the user interface is provided
through an IBM PC/AT type computer with touch-screen controls. The developed PC
software offers several data monitoring options with engineering-unit conversions and
allows simultaneous recording on a hard-disk. Because of its interactive capabilities,
the system is also well suited for personnel training.
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Data Acquisition Systems, Interactive Telemetry, MLRS.

INTRODUCTION

The M270 MLRS launcher is a special purpose vehicle which has been developed for
the U.S. Army. It features various on-board computerized control/communication
systems to meet its critical mission objectives. The launcher has been developed in
evolutionary stages creating a diverse set of data buses for interconnections. As a



result, monitoring and recording the overall system operation presented a major
challenge to the Inter-Coastal engineering team. The Army's first approach to
instrumentation of the launcher was to break into each data bus, run wires out of the
MLRS vehicle into a waiting instrumentation van, and record the data on analog tapes.
The shortcomings of this approach were obvious: (1) the data collection could only be
done when the vehicle was not moving. On the move data collection was not possible,
(2) the data had to be processed off-line. Real-time data processing or monitoring was
not possible.

The first effort to collect this data was made in 1990. Our instrumentation team
developed an instrumentation system for the Army to collect data for the ATACM
Initial Operation Test and Evaluation. This initial effort caught the eye of MLRS
Project Management Office who wanted to build on it. Two years of R &D have
resulted in a rather sophisticated set of instrumentation that can collect data on the
move and telemetry the data to a ground station that can monitor it in real time. The
result of our development work is called the Launcher Instrumentation and Data
Acquisition System (LIDAS). An overview of the LIDAS approach is shown in
Figure 1, which features the following components..

Intelligent break-in boxes to translate data into a standardized format from
different bus formats.
A central unit called Bus Data Conversion Module (BDCM) to coordinate the
operations.
A telemetry transmitter/receiver pair.
A ground station with two IBM PC type 486/33 computers to monitor and store
data, and to remotely control the system.

The first version of LIDAS developed in 1990 only featured the on-board components
(the BDCM and break-in boxes). Although conceptually this first version was very
similar to the one described in this paper, the following differences in implementation
were notable:

Data recording was performed on-board using a 14-track analog recorder, the
current version stores the data on PC hard disks at the ground station.
The first BDCM was based on a less powerful processor Intel 80186, the current
version uses an Intel 80960 processor.
Break-in box capacity was limited to 6, the current version can handle up to 16.

The first version of instrumentation supported testing during 3 field exercises which
included 15 ATACMS and 7 M270 missile launches while successfully collecting
100% of required data. This paper describes the current version now under
development. A prototype set of instrumentation is presently being used at MICOM
and WSMR to support static and live fire testing.



Figure 1. LIDAS System Overview.

DESIGN OBJECTIVES AND PHILOSOPHIES

The LIDAS instrumentation has been designed to meet the following requirements:
"On the move" data collection.
Design for future applications with minimum modification.
On-board multiple data bus recording with IRIG time-tag capability.
Total data bus isolation.
Transparent to existing MLRS systems.
Design for universal data bus monitoring and recording.
Real-time data verification and analysis via telemetry or hard-line link.
Real-time Fire Control Panel display.
Ruggedized, durable packaging.
Compact and portable (allowing shipments by common air-carriers).
Installation into an MLRS vehicle in less than two hours.
Power on self test.
Independent power supply that will operate the system for at least four hours.
MIL-SPEC hardware.
RF protected.

SYSTEM DESCRIPTION

MLRS ONBOARD INSTRUMENTATION:

The MLRS vehicle on-board instrumentation top view is shown in Figure 2. The
system consists of the following components developed by Inter-Coastal Electronics
(I.C.E.):

1. Bus data conversion module (BDCM)
2. Several bus interface devices ("break-in" boxes)



3. Battery isolation unit.
4. Mass data storage unit

and an off-the-shelf Telemetry (TM) transmitter. A more detailed block diagram of the
LIDAS on-board instrumentation along with the existing MLRS systems being tapped
into is given in Figure 3. It can be seen that the break-in boxes need to interface a
large variety of the data lines and buses including:

An RS-423 serial bus
Several RS-232 serial buses
A V.24 serial bus
A non-standard parallel bus
Pixel data bus for a display
Keystroke serial data bus
Various discrete signals
Various analog signals
Miscellaneous other data lines like Resolver, LTVD, and FSK.

Figure 2. MLRS instrumentation location top view.

The heart of the system is the BDCM as depicted in Figure 4. It is built around a high
performance Intel 80960CA processor board with a VME bus backplane. The BDCM
also houses an IRIG board which provides interface to a standard IRIG-B time clock.
The BDCM broadcasts the standard time to the break-in boxes periodically about
every 65 seconds so that their local timers are kept accurate and synchronized. So far



Figure 3. MLRS on-board instrumentation detailed block diagram

12 break-in boxes have been implemented but the hardware is designed to handle up
to 16 boxes. Each break-in boxes collects data from its assigned data bus and
combines the collected data in "packets" with IRIG time tagging within a resolution of
1 milliseconds. The BDCM periodically polls the break-in boxes to check if any data
packet is ready. The data transfers occur through 1 megabits per second RS-422 serial
line under the BDCM control. The collated output is sent to a hard-line and to a TM
transmitter. The transmitter relays the data to the ground station. The BDCM also
sends selected data to a mass data storage unit which is built using Flash ROM
devices. The mass storage unit interfaces with the BDCM through a SCSI (Small
Computer System Interface) bus and has a storage capacity of 128M bytes.

Although break-in boxes are designed unique interfacing needs, they all share the
common architecture shown in Figure 5. They differ only at the front-end data
receiving circuitry and parts of the microcontroller program. This approach makes
additional break-in box designs relatively easy.

The system is normally powered from the MLRS vehicle 28V power supply but it is
backed up by our rechargeable battery isolation unit. It provides security against
voltage surges and also capable of running the system independently up to four hours.



Figure 4. BDCM .overview.

Figure 5. Typical break-in box.



THE TELEMETRY SYSTEM:

The 1 Mbits per second composite data is transferred to the ground station using an
L-band or S-band telemetry transmitter and receiver pair. The current used transmitter
specifications are

2200-2300 MHz (S-band)
Frequency agile in 1 MHz increments
Output power 5 Watts
Input power 24-32 VDC, 1 A.

The currently used receiver specifications are
2200-2300 MHz (S-band)
Frequency agile in 1 MHz increments
Sensitivity: -84 dBm
Input power 115 VAC or 28 VDC.

THE LIDAS GROUND STATION:

The ground station needs to be equipped with at least one (preferable two) IBM
PC/AT compatible computer with following suggested minimum configuration:

33MHz 486 processor
4MB RAM
80 MB 19ms hard disk
EGA/VGA monitor (touch-screen optional)

A special download "interface card" is installed into each PC to be used. This
Inter-Coastal Electronics interface card is used to receive and buffer the incoming 1
Mbits/sec RS-422 data stream from the telemetry receiver. A pseudo-multitasking PC
software that runs under DOS has been developed to read the buffered data from the
interface card, display it in real-time, and concurrently store it on the hard disk.

Data is displayed and monitored on the PC screen using several pages, where a "page"
stands for a screenful of data. Some break-in boxes have their own individual display
pages. But more commonly, various display pages are obtained by combining related
MLRS data from different break-in boxes. One such display recreates the Fire Control
Panel (FCP) of the MLRS vehicle along with its keyboard. Other display pages are
used for monitoring data at different phases of a launch. These displays can be
individually selected using a single PC, therefore a single PC is sufficient for a
minimal ground station setup. However, a two PC setup with one dedicated PC for
monitoring the FCP display and another one for displaying the rest is normally
preferred.



The FCP display mimics the actual FCP on the MLRS vehicle. With the touch screen
system, the user can take control of the vehicle remotely when the PC hard-line option
is used (it is also possible to do this through telemetry, but not implemented for safety
reasons). The other display pages show the incoming data after engineering unit
conversions in a various numeric and text formats, along with the IRIG time, all in
real-time. One particular display page shows miscellaneous analog signals using both
numerical format and bar graphs.

FUTURE DIRECTIONS

There are several directions for improving the current LIDAS system and adding new
features under consideration. First, two more break-in boxes which will include an
analog and a multi-line serial interfaces are planned to be developed. Second, the
capacity of the current (Flash ROM based) mass data storage unit will be enhanced by
incorporating data compression techniques. Another expansion of the LIDAS may
include the capability to interface with a militarized hard disk via the existing SCSI
interface port at the BDCM. The BDCM has a spare card slot set aside for Global
Positioning System (GPS) input by utilizing an off-the-shelf VME card. In addition,
there are plans for the BDCM to house a MIL-STD-1553B programmable bus monitor
card to allow selective recording of 1553 data as the MLRS Launcher progresses
through its future development stages. An IEEE 802.3 ethernet bus is planned for the
new and improved MLRS launcher. If the ethernet system is developed, the planned
upgrade for the BDCM will incorporate an interface to collect selected data from the
ethernet bus.

CONCLUSIONS

The LIDAS is a state of the art system that was designed to collect on the move data
from the MLRS launcher during several phases of operational and developmental
tests. The system was designed to be modified for future additions or launcher
modifications. The system allows for onboard multi data bus recording in addition to
discrete and analog data with IRIG time tag capabilities down to within a resolution of
1 millisecond. The system provides total isolation from the existing MLRS systems
and is transparent. The system is presently used for real time data verifications and
analysis by TM and hard line link. The system has a capability with the built in touch
screen control features to allow for full operation of the MLRS system. The package is
ruggedized and durable portable, is contained in three shipping containers that can be
shipped by all common air carriers for quick reactions. The system was also designed
to allow total installation in less than 2 hours on a production launcher. The system
self test features and independent power supplies to further isolate the LIDAS system
from the MLRS launcher. In summary the current LIDAS system allows testing of the



MLRS launcher in battle type conditions and in severe environments. It is a
state-of-the-art instrumentation system that has wide application not only to testing
but to training. While the LIDAS is designed to support the MLRS Family of
Munitions, the technology can be extended to numerous other systems.
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ABSTRACT

A composite PCM/FM+FM/FM system combines the spectral efficiency of the analog
system with the accuracy of a PCM system when needed for specific sensors and
allows the direct transmission of binary computer words if necessary. A
PCM/FM+FM/FM system combines the bit sequence with the modulated subcarriers
at baseband and the resultant modulates the carrier. In the design of the composite
system it is of importance to determine the impact of the subcarriers on the bit error
rate of the bit sequence and to determine the degradation of the output signal-to-noise
ratio of the subcarrier channels caused by the bit sequence.
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INTRODUCTION

The bit error rate for PCM/FM+FM/FM system is developed in terms of system
parameters for telemetering systems by modeling and simulations. A block model and
the associated mathematical model are developed for an end-to-end assessment of the
performance of the PCM/FM portion of the PCM/FM+FM/FM system in terms of
system parameters. Models are also developed for a single receiver to demodulate and
separate the bit sequence and subcarriers. Computer models and mathematical
representations of the telemetry system are developed and used to simulate the end-
to-end system and establish bit error rates.

The impact of the pre-modulation filter and predetection filter on the power spectral
density of the bit sequence is considered and used to predict the bit error rate. Then the
subcarriers are added and the impact of the subcarriers, both their magnitude and their
placement with respect to the spectrum of the bit sequence, on the bit error rate in



terms of the bit power to subcarrier power interference ratio is given. This allows the
bit error rate to be determined as a function of the deviation of the carrier by the
lowest frequency subcarrier and the frequency of the subcarrier. It was found that the
impact of the lowest frequency subcarrier can be made marginal by proper design of
the overall spectrum. A design procedure is developed in terms of the system
parameters, which includes various tradeoffs, that establishes the best bit error rate for
a particular PCM/FM+FM/FM telemetering system.

PCM/FM+FM/FM SYSTEM

PCM/FM+FM/FM modulation is the result of adding a filtered PCM data stream and
frequency modulated subcarriers at baseband prior to frequency modulation of the
carrier. A Block diagram of the system is shown below.

Figure 1. PCM/FM+FM/FM MULTIPLEX SYSTEM

The system uses one receiver, where the bandwidth of the IF filter is determined using
Carson's Rule of bandwidth and set wide enough to pass both the subcarriers and the
PCM data signals. FSK noncoherent detection is used since the hardware required for
noncoherent detection is much simpler than that of coherent detection.

A PCM/FM receiver is composed of a IF filter, limiter, discriminator, integrate and
dump filter. The composite system receiver has the predetection LP filter before the
integrate and dump block to reduce the interference of the subcarrier.



Block Oriented System Simulator and BOSS are trademarks of Comdisco Systems*

Inc.

Figure 2. PCM/FM+ RECEIVER

SIMULATIONS

The Block Oriented System Simulator , BOSS software is utilized to simulate the*

system and to find the premodulation filter order and it's 3 dB bandwidth, predetection
filter order and it's 3 dB bandwidth, peak data deviation for a given IF bandwidth-for
optimum BER. The system is also simulated to observe the BER of PCM/FM system
with wider IF bandwidth and to find the impact of the subcarrier on the PCM data
stream.
Random NRZ-L data, which is a basic BOSS module, used to simulate the PCM bit
stream. The module outputs ±1 volt for a specified random data seed, with a specified
probability of +1 volt and bit rate.

PREMODULATION FILTER SPECIFICATION

A typically premodulation filter for the PCM data of a PCM/FM system is a 1st order
Bessel filter with 3 dB bandwidth=0.5R -0.8R . For a composite system theb b

premodulation filter is 6-pole Bessel filter with 3 dB bandwidth=0.5R -0.7R . Ab b

higher order filter is used not only to limit the RF spectrum, but also to reduce the
interference of the bit stream in the subcarrier channel.

It was observed that for a wide IF bandwidth, changing the premodulation filter order
from 1 to 6 and varying it's 3 dB bandwidth from 0.5R to R does not haveb b

appreciable effect on the bit error rate (see Figure 3a and 3b).

PREDETECTION FILTER SPECIFICATION

A predetection filter is used to reduce the interference of the subcarrier on the bit
stream. Using 1st or 2nd order Bessel filters as predetection filters and setting the 3
dB bandwidth=0.5R to R does not change the BER significantly ( see figure 4a andb b

4b).



Figure 3a. Figure 3b.

[ for both the plots, predetection filter order= 1, 3 db bandwidth =0.7 , f=0.35 R andb b

BT=10]

OPTIMUM VALUE OF PCM DATA DEVIATION FOR A GIVEN IF
BANDWIDTH

A PCM data deviation of the carrier by 0.35R to 0.4R for a IF bandwidth equal to Rb b b

is found to be the optimum value. For a PCM/FM system a 1st order premodulation
filter is used to constrain the RF spectrum (see figure 5).

In going from a PCM/FM system to a PCM/FM+FM/FM system, the IF bandwidth
must be increased substantially in order to pass the subcarriers.

When the IF bandwidth is widened beyond 2R , 0.35R to 0.4R is not the optimumb b b

value for the peak data deviation. The following plots shows the BER for different
values of peak data deviation, f, in a wide IF bandwidth.

In a PCM/FM system an estimate of the bandwidth is
 B = 2( f + R )if b

 or



Figure 4a. Figure 4b.

[ for both the plots, premodulation filter order=6, 3 db bandwidth = 0.5R , f=0.35Rb b

and BT=10]

From figure 6 it can be seen that for a fixed B , the BER improves as f is increasedif

until the inequality of equation 2 is violated. Therefore, in a PCM/FM system with a
bandwidth in excess of 2R , f should be made as large as the inequality of equation 2b

will allow for the best BER. However, for a PCM/FM+FM/FM system both the
deviation of the carrier by the bit sequence and the deviation of the carrier by the
subcarriers will determine the required bandwidth.

IMPACT OF THE SUBCARRIER ON THE BIT STREAM

The PCM/FM+FM/FM system under study contains only one subcarrier which is the
lowest frequency subcarrier since the lowest frequency subcarrier is the one having
the significant impact on the BER. The spectrum at the input of the FM modulator is
shown in figure 7.

The purpose of this study is to find how close to zero frequency the lowest frequency
subcarrier can be placed without suffering appreciable degradation in the BER. The



BER for the composite system is compared with the BER of the PCM/FM system
having same IF bandwidth, premodulation and predetection filter specifications.

Figure 5.

Figure 6.

Figure 7.



Figure 8.

For the composite system 10LOG(P /P ) should be maintained at or above 4 dB,bit i

where P is the power per bit (P = E /T , E is the bit energy and T is the bit period)bit bit b b b b

and P is the interference power of the subcarrier. Both are measured at thei

predetection filter output. It is seen that for achieving a BER of 10 , the composite-4

system needs only 0.5 dB more CNR in the IF bandwidth.

There are two ways for determining P and P . One- using BOSS magnitude spectrumbit i

plot which shows total average power of the signal. The other method calculates the
ratio using the following approach.

After carrier demodulation and predetection filtering, integration of the spectrum of
the bit sequence gives the bit power



DESIGN EQUATIONS

Although equation 3 is complex, it may be evaluated using numerical integration
techniques. It may be used in designing the system to keep

In a FM/FM system an estimate of the bandwidth[l] is given by

For a PCM/FM+FM/FM system, where f is the deviation of the carrier by the bit
sequence, an estimate of the IF bandwidth for the composite spectrum is

and is referred to as the composite deviation norm. The composite norm may
expressed as

In a PCM/FM+FM/FM system the ratio, R, of bit sequence interference to the power
of lowest frequency subcarrier out of the bandpass filter separating the subcarrier is of
concern and is given by[1]

In order to avoid undue interference of the bit sequence in the lowest frequency
subcarrier channel, a requirement on R is

R <-35 dB 9

In the design of a PCM/FM+FM/FM system, the preemphesis schedule should be
designed first and modified such that the required bandwidth, B is 10% below theif

specified bandwidth. Set f equal to 0.5R to R . Use equation 6 to determine the newb b

B . Because the IF bandwidth is primarily determined by the deviations of the higherifc

frequency subcarriers, f will usually have a small effect on B . Since there is aifc



conflicting requirement on f in the two channels, the next step is to use equations 4
and 9 to determine if the value chosen for f will satisfy the inequalities of these
equations limiting the interference in the subcarrier channel and the degradation of the
BER in the bit sequence channel.

SUMMARY

Design equations for PCM/FM+FM/FM systems were developed. The impact of a
wide IF bandwidth on the PCM/FM BER was determined. It was found that the design
procedure should insure that the ratio of P to the interference P should be greaterbit i

than 4 dB in order that the subcarrier have a negligible impact on the BER. For IF
bandwidths larger than 2R , f should be as large as the design equations allow. Bothb

the interference of the bit sequence on the subcarrier channels and the impact of the
subcarriers on the BER must be addressed in the design of PCM/FM+FM/FM
systems.
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Abstract

Functional integration and validation of complex systems in an operational
environment, prior to delivery or installation, can be expensive. Real-time simulation,
in a lab environment, can replace hardware subsystems to provide the interfaces
necessary to validate and or integrate the test article. The test article can be hardware,
software or firmware.

Multitasking simulations can provide modeling of subsystems and environmental
sensor data for complex system integration. The simulation presented provides the
capability to integrate 1553 remote terminals and provide validation of 1553 bus
controller software.
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Introduction

Simulation of subsystems is valuable as a tool for system development and
integration. Simulation provides a cost effective alterative to integration testing in an
operational environment. System integration at a functional level can be accomplished
in a controlled environment. Repeatability in the lab environment provides results that
can be reduced and compared with previous results for validation of systems.
Simulation is not limited to subsystems. Simulations may include environmental
models, discrete inputs, discrete outputs and communication links. Simulation can
provide a dynamic test environment for functional integration when actual hardware is
not available. Simulation of hardware that is still in the prototype phase provides the
capability of continued system development in parallel with subsystem development.



Simulation requirements.

The primary source of requirements for a simulation is in the system specification(s).
The software specification will also contain requirements the simulation must meet.
The system specification will also reference the 1553 interface specification and the
performance specification for each equipment to be simulated. The simulation must
provide input and output capabilities that satisfy the requirements or a subset of the
requirements in the interface specification. For example in a system utilizing a
MIL-STD 1553 bus the simulated remote terminal(s) or bus controller must conform
to the 1553 protocol as well as the specific message format contained in the interface
specification. In many cases the simulation will also be required to model some subset
of the internal behavior of the subsystem. The performance specification will provide
detail for the internal behaviors required in the software specification.

The simulation requirements for 1553 remote terminal integration are as follows:
1) Use current simulation of the operational environment.

a) Oblate spherical earth
b) Atmosphere
c) Aircraft motion

2) Simulate each of four remote terminals
a) Inertial navigation system (INS)
b) Global positioning system (GPS)
c) Two additional terminals

3) Simulate the following for each remote terminal:
a) 1553 bus interface
b) Environmental data
c) Internal logic
d) External discretes

5) Execute simulation in real-time.

The interface documents will yield message format and content as well as maximum
rates for the messages. The software requirements state that the simulations will only
simulate a subset of the messages and behaviors of the actual INS and GPS
subsystems. The simulations are also specifically required to exhibit asynchronous
behavior. These requirements will form the basis for all decisions pertaining to the
INS and GPS models. A result of these requirements is to also require an earth model,
atmosphere model and a motion model to provide data to the navigation models. In
this case these models already exist in the simulation used to provide data to the actual
hardware in the system under test.



Each simulation will require a set of conversion routines to pack data into the 1553
message format and to unpack data into the internal processor format. These routines
form the 1553 interface portion of the simulation. Unpacking is performed on
messages received during the previous cycle. This data is then used as input for the
current cycle. Packing is performed using model data generated in the current cycle.
The bus controller will read the data at the start of the next cycle. The simulation
execution cycle is discussed further in the System Architecture section.

Each simulation will need environmental data provided directly or derived from the
environmental models. The earth and atmosphere models provide data relating to the
physical environment at the current aircraft location. This data is used by the motion
model to update the simulated aircraft location. Aircraft location as well as velocity
and acceleration are used as inputs to the remote terminal simulations. This data is
either transferred directly or used to derive data for the 1553 interface routines. When
used to provide a basis for comparing test results the internally generated data can be
recorded along with the 1553 data. Used in this manner the simulated data is referred
to as 'truth' data. The truth data becomes the standard to which all other data is
compared.

Some internal logic is required for proper operation of the remote terminal simulation.
For example the ON to OFF and OFF to ON transitions as well as other modes of
operation will be required. The INS will be required to simulate alignment and
navigation modes of operation. The GPS will simulate navigation by providing 1553
data based upon the simulated aircraft position. Internal logic is also used to process
input discretes and condition output discretes.

In terms of system integration, real-time is that time increment that allows the
simulated environment to cycle at least once per system cycle while meeting the
functional and physical interface requirements. The simulation(s) must perform in a
manner that allows the system to function as if installed in an operational
environment. Any deviation from the operational environment due to the simulated
environment must be documented. This documentation allows the integration, test and
evaluation teams to concentrate on those items that are not adequately tested in the
lab. The importance of this documentation cannot be emphasized enough.

Figure 1 is a system level drawing showing a simulation host containing four 1553
remote terminal simulations. Two of the simulations have been designated INS
(Inertial Navigation System) and GPS (Global Positioning System). The requirements
for these two simulations refer to MIL-STD 1553, the respective system interface
documents and to the subsystem performance specifications for the INS and GPS
equipment.



Figure 1. Simplified Architecture

Simulation architecture.

Besides being a product of many factors including the processing platform, the
architecture of a simulation is usually driven by the interface requirements.
Decomposing the simulation into tasks and the tasks into models creates an
architecture that is maintained. The architecture must provide for valid data to be
transferred at the correct time.

Timing
A minimum timing requirement would be for the simulated environment to execute at
least once per system cycle. In example, if the system has a cycle time of 50
milliseconds (20 Hertz) then the simulation would complete at least one execution in
50 milliseconds while meeting the functional and physical interface requirements.
From this initial estimate the timing requirements can be derived and assigned to the
appropriate tasks and/or models. If a model needs to run more than once per cycle then
that model can be executed as many times as is necessary to meet the timing and
interface requirements. If many models have similar requirements then one possible
solution is to group those models within one task. The task would then be executed as



necessary to meet timing and interface requirements. There may also be routines such
as video display routines that only need to execute every 100 or 200 milliseconds.
Often processor resources can be more effectively allocated if routines such as the
video display example, do not execute every cycle.

Many cases will arise where synchronous simulation of asynchronous functions will
satisfy most if not all of the system test requirements. The key factor in this decision
is contained in the interface requirements. If the bus controller is a synchronous
process, then it is very likely that the input and output of data is also synchronous and
therefor the timing of these transfers is or can be accurately measured. On the other
hand, 1553 remote terminals are asynchronous and simulation of this behavior may be
required to fulfill an integration requirement. One method of generating simulated
asynchronous data is to run the model at a rate several times faster than the cycle time
of the bus controller. Multiprocessing is another method of generating asyncronous
data.

The simulation is initiated by an interrupt from the bus controller once per system
cycle. The interrupt occurs at the beginning of the bus controllers cycle. The remote
terminal simulations execute once per cycle. The bus controller interrupt provides
frequency control and stability to the simulation, as it occurs at fixed intervals.

The remote terminal simulations are run synchronously due to analysis of the required
behavior. Later the simulations may need to be asynchronous in order to meet future
test requirements. The consequence of synchronous behavior is that the simulated data
is valid for the same instant in time. Therefor there is no delta or bias between the INS
location and the GPS location.

Tasks
Tasking can be used to solve several problems in the simulated environment. Creating
several small tasks can make the simulation more maintainable. Models can be
grouped in a manner consistent with the operational environment. Asynchronous
behavior can be simulated. Utilizing tasking to run models or groups of models at
multiples or submultiples of the system cycle time is one method of simulating
asynchronous subsystems. Multitasking may require multiple processors to fulfill the
timing and interface requirements.

In Figure 1 the simulation host contains four simulation models. These four models
may be independent tasks or grouped together as a part of a single task. The
architecture is dependent upon the requirements for each individual model. If, for
example, the INS model is required to run at 125 hertz to provide the proper output
and the other models run between 1 and 20 hertz then the INS model may well be a



candidate for becoming a separate task. Whether or not the models need to be
asynchronous is another consideration.

Models
Modeling creates a modular architecture. Models can be added, deleted or moved
within the simulation. Models of subsystems usually start with a requirement or
requirements to accept a set of inputs and produce a set of outputs. The outputs may or
may not depend upon the inputs. The model's internal structure may emulate the actual
subsystem or simply provide enough computation and logic to simulate the subsystem
with the desired fidelity. Modeling of the physical environment i.e. temperature,
pressure, gravity, or modeling an electronic environment i.e. communication links,
also represent sets of inputs and outputs governed by requirements.

The fidelity of a simulation is an important decision. The requirements for a
subsystem simulation must precisely state the function or functions that the simulation
is intended to perform and to what degree the simulation should reproduce those
functions of the actual subsystem. More is not necessarily better in simulations.
Higher fidelity than is needed takes resources from other simulations or functions
running on the same host system, while providing no benefit. Another draw back of
providing higher fidelity than is necessary is higher cost. One goal of real-time
simulation is to provide the most benefit for the least amount of resources consumed.
Small simulation capabilities can often only be achieved at high cost. Cost vs.
capability trade off analysis must be performed.

Models of asynchronous systems may perform adequately as synchronous models. For
functional integration the synchronous model may provide the functionality necessary
to successfully integrate the system. However, a synchronous simulation would output
data with a fixed time step between data points. Two or more models in the same
synchronous task would output the same data at the same time. In order to accomplish
certain levels of integration testing the models should output data with varying deltas.
One solution is to use software to artificially 'vary' the output data, such as injecting
'drift' into one model. Another solution is to run the models asynchronously so the
output data will reflect the necessary characteristics.

The existing environmental models and the motion model are synchronous since the
motion model requires data from the environmental models to properly generate data
for the INS and GPS models. The task containing the environmental models and the
motion model executes once per system cycle. The environmental models may not
need to execute as often as the motion model depending on the capabilities of the
motion model. Since the changes in the environment are dependent on the motion



relative to the earth, the output of the environmental models may not change
significantly from cycle to cycle.

The remote terminal simulations are run synchronously due to analysis of the required
behavior. As discussed previously the consequence of synchronous behavior is that
the simulated data is valid for the same instant in time. Therefor there is no delta or
bias between the INS location and the GPS location. This will cause problems in the
future since the bus controller executes algorithms to determine the deltas and update
the INS position. With zero deltas these algorithms can not be checked in the
simulated environment. Later the simulations will need to be asynchronous in order to
meet future test requirements. The environmental task may be required to execute at
the rate of the fastest subsystem model in order to provide the necessary data, or the
subsystem models will need the capability to calculate the motion occurring between
executions of the motion model.

The INS model simulates the ON to OFF transistion by initializing internal flags and
variables. The INS model correctly simulates alignment, align to navigate transition
and navigation internal logic. These states are required to support the 1553 message
traffic. Data for the messages is obtained from the motion model and packed into the
1553 message buffer.

The GPS model simulates the ON to OFF transistion by initializing internal flags and
variables. The GPS model simulates a subset of the navigation internal logic. Data for
the messages is obtained from the motion model and packed into the 1553 message
buffer.

The remote terminal simulations can be modified and updated as the system
requirements change. This feature of real-time simulation makes it cost effective to
implement system level changes in the simulated environment. Debug test and
validation of new or modified system software can be done in the relative safety and
comfort of the lab prior to installation in the aircraft. Maintaining simulation
compatibility with a prototype remote terminal is yet another advantage of utilizing
real-time simulation for integration.

The remote terminal simulations can be disabled or placed in monitor mode
individually by the operator at simulation startup. This allows the actual hardware to
be inserted/ connected, in order to provide integration testing in the lab environment.
This level of flexibility provides the capabilty to quickly reconfigure the lab system to
support a variety of integration and test scenarios.



The 1553 message traffic for all of the remote terminals is handled via an off the shelf
1553 interface card capable of simulating thirty two remote terminals. Several
displays are available for monitoring data and inserting data anomalies, faults and
errors. These insertions are enterred and cleared manually by the operator. Input and
display are accomplished via touch screen.

Conclusion

Functional integration and validation of complex systems in an operational
environment, prior to delivery or installation, can be extremely expensive. Real-time
simulation, in a lab environment, can replace hardware subsystems to provide the
interfaces necessary to integrate and or validate the test article. Simulation software
can usually be modified to reflect changes in prototype equipment, in a timely manner.

Multitasking simulations can provide real-time modeling of subsystems and
environmental sensor data for complex system integration.

For the cost of a computer system and an engineering team, functional integration of
1553 remote terminals can be performed in a lab environment. A subset of the actual
aircraft systems are necessary to perform the integration. The savings are in the not
needing:

1) Aircraft
2) Flight crew
3) Ground crew
4) Range resources
5) Telemetry

At an estimated cost of $1000/hour for ground test and $10,000/hour for instrumented
flight tests.

The simulated environment may produce products that are useful for the life of the
aircraft. Thus further amortizing the original cost of development for the simulation.

1) Data reduction software
2) Test sets
3) Error insertion and detection tools
4) Facility for development and test of new systems or subsystems
5) Facility to verify defects and failure modes without compromising an

aircraft and aircrew.
6) Facility to update functionality of existing system hardware, software and

firmware.
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ABSTRACT

During shallow water exercises, the performance of acoustic tracking and telemetry
systems is degraded by severe multipath interference. The feasibility of an optical
source attached to the underwater vehicle (UV) and a tracking aircraft-based receiver
was theoretically established. Supporting water absorption and surface interaction
experiments were also performed. The limiting case was the tracking of an unmanned
underwater vehicle (UUV). The requirements of daylight operation, atmospheric
visibility, limited space and weight, self-contained power, exercise duration, sample
rate, optimum search area, robustness in varying scattering and sea states,
non-cooperating (except for low-data-rate communications of information such as
depth) source and receiver, and relative simplicity, lead to two optimum candidate
systems.

One system uses a commercially available 5 megawatt q switched and double laser
diode pumped YAG laser operating at 532 nm and 1 Hz rep rates. The second system
uses a pulsed (2 µsec) zenon flash tube. Both systems satisfy the robustness constraint
by intentional beam spreading. A performance constraint of 10:1 signal to noon solar
upwelling shot noise ratio was imposed. This constraint can be met for water depths of
10 and 5 absorption lengths, respectively, for the laser and incoherent systems. An
optimum search diameter of approximately 700 meters (m) at an optimum aircraft
elevation of 3,000 meters is calculated for both systems. The 4-inch diameter F/1
wide-angle light pulse detection system gates a 4-inch diameter F/1 intensified
charged coupled device (CCD) imaging system that locates the light surface
penetration point. Another candidate receiver that performs both functions is a
positive sensitive photomultiplier tube with crossed wire anodes. A supporting
night-time experiment has been designed and is under construction.
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1. INTRODUCTION

Historically, the tracking of underwater vehicles during test and evaluation exercises
has been accomplished with acoustic differential phase shift keyed signals. These
signals also contain low-data-rate communications of system parameters. Recent
interest in conducting exercises in shallow water environments has led to a search for
alterative techniques. This is due to the severe acoustic multipath and loss of signal
coherence resulting from surface and bottom interactions. Further degradation is
caused by close proximity to surface-generated noise.

The above difficulties have led to a consideration of optical tracking of underwater
vehicles from aircraft. Here the limitations include strong absorption and scattering of
light in the ocean. While pure water has a spectral attenuation coefficient minimum at
a 470 nanometer (nm) wavelength of approximately 0.015m , the presence of-1

particulates and dissolved substances in sea and ocean waters shifts this window
towards the green region (up to 540 nm) with increased attenuation coefficients.
Depending on location and conditions, the attenuation coefficients of interest range
from 0.05m to 0.2m . Because the systems considered involve propagation through-1 -1

the air/sea interface, surface interaction, atmospheric attenuation and cloud ceiling
heights are also important. Theory and experiment for the sea states of interest predict
a ±4 refractive tilt and divergence at the surface. The cloud ceiling heights of interest
are 3,000m, and the typical inverse atmospheric attenuation coefficient is 2,000m. The
dominant noise source is the shot noise associated with solar upwelling.

In this paper we describe the two systems we propose to design, build, and test. The
optimization analysis that leads to these systems is also presented. In both systems the
submerged vehicle being tracked contains a gimbal-mounted upward-pointing optical
source (see Figure 1). The sources are pulsed and wide angle. The systems employ a
tracking aircraft containing a gimbal-mounted optical receiver system. When the
aircraft is within the large irradiated search area, the receiver system detects and
locates the water surface penetration point of the optical pulse. These measurements
are coupled to onboard navigation data (GPS, etc.) and receiver orientation (heading
and tilt) for vehicle tracking calculations. Pulse period encoding of vehicle ID and





depth will also be employed. The collected data will be processed in real time and
stored for off-line processing.

The limiting case of interest is the tracking of a torpedo using the space and weight
capacity normally used by an acoustic pinger system. The requirements imposed
include daylight operation and aircraft altitudes that provide good visibility. The light
beacons must have small size, low weight, and efficient self-contained power for
adequate exercise durations and sample rates. The system must have robustness in
varying scattering and sea states. In addition, the underwater vehicle is not equipped
to track the aircraft, and a 10:1 signal-to-noise (S/N) ratio is imposed. Subject to these
requirements and constraints, an analytical expression for search area is developed.
The optimization of this expression is the basis of most system feature decisions.

The first proposed system uses a commercially available diode pumped five megawatt
q switched and frequency doubled Nd:YAG laser of 532 nm wavelength and 0.1 nm
bandwidth. The laser generates 10 nanosecond (ns) pulses at a 1 Hertz (Hz) repetition
rate. The second system uses a pulsed zenon flash lamp (helix or 5-element linear
array). As shown in Figure 2, both systems employ a receiver consisting of a
wide-angle broadband pulse detector which gates a commercially available image
intensified charge coupled device (ICCD) camera. The broad bandwidth of the pulse
and pulse detector make it possible to achieve the 10:1 signal-to-noise ratio in the
presence of severe noon-time solar upwelling shot noise. Combining the detection
pulse with the intensifier fast gate makes it possible to achieve even greater
signal-to-noise ratio in the image. Through this scheme and CCD camera cooling, the
high performance is achieved in spite of the slow response of the intensifier phosphor
and CCD camera. The enhancement in signal-to-noise ratio for the image is due to the
localization of the signal as compared with the upwelling background. Another
candidate receiver system employs a crossed-wire anode position-sensitive
photomultiplier. A system using this sensor has been built and will be night-time
tested in the summer of 1993.

We will show that the optimization method outlined above predicts a search diameter
of approximately 700 meters at an optimum aircraft elevation of 3,000 meters. This
can be achieved for source depths of 10 and 5 water absorption lengths, respectively,
for the laser and incoherent systems.

2. THEORETICAL DEVELOPMENT

In this section we analyze the tracking system depicted in Figure 1. The approach is to
develop an analytical expression for the search area in terms of average light power,



geometry, receiver characteristics, water and air absorption, and solar upwelling shot



noise. This expression is then used to select system parameters and architecture that
will optimize the search area subject to maintaining robustness and observing the
constraints of available technology and application requirements. With reference to
Figure 1, the parameters of interest are:

Z = water depth
R = aircraft altitude above water
D = irradiated diameter at aircraft elevation
D = detector viewing diameter at aircraft elevationv

= D to match viewing and beacon extreme ray angles
A = D /4 = coverage area2

P = average beacon light powerL

T = search sample intervals

E = beacon pulse energyp

L = water attenuationw

a = water attenuation coefficientw

L = air attenuationa

a = air attenuation coefficienta

L = total optical attenuation
A = receiver aperture arear

df = receiver bandwidthr

Q = receiver quantum efficiency
= light wavelength

d = receiver optical filter pass wavelength range
= light frequency

h = 6.6 x 10 j-sec = Planck's constant-34

N = upwelling solar radiance
= 2 x 10 w/m nm-sr at = 532 nm-2 2

P = upwelling solar power irradiating the receiveru

P = average optical power at the receiverr

E = received optical energy in one search interval Tr s

N = average number of receiver photoelectrons produced by solaru

upwelling within a receiver response time (1/ f )r
dN = Nu = standard deviation of Nu u

1/2

S/N = receiver signal-to-noise ratio
FOV = receiver field of view

From Figure 1 and the definitions above, if the surface and device losses are
neglected, the expected number of detected signal photoelectrons is

N = QP T L L A /(h A).r L s w a r



Assuming the receiver searches the whole coverage are a to detect the presence of a
beacon signal, the expected number of solar upwelling photoelectrons detected within
the receiver response time is

N = QN L AA d /(R h df ).u a r r
2

For the cases of interest, the dominant noise is the shot noise associated with N .u

Thus, the photoelectron noise level is

dN = N .u u
1/2

Constraining the system design so that the signal photons are delivered within a
receiver response time, the signal-to-noise ratio is

S/N = N /dN = {P T L R/A } {L A Qdf /(h N d } .r u L s w a r r
3/2 1/2

Solving this equation for coverage area yields the result

A = {P T L R/(S/N)} {L A Qdf /(h N d )} .L s w a r r
2/3 1/3

Neglecting the path difference between vertical rays and rays at the edge of the field
of view, the air attenuation can be written as

L = exp(-a R)a a

and the coverage areas dependence on R is

A = KR exp(-a R/3).2/3
a

This expression has an extremum at

R = 2/a .a

A typical value for a of 1/2000 m leads to the optimum altitude ofa
-1

R = 4,000m.

Given that the cloud ceilings of 3 km are often available and the anticipated aircraft
(helicopter) has a ceiling height of 3,960m, the choice of 3,000m altitude is made. The
feasibility of this choice hinges on the value of the constant K.



Based on reasonable operational scenarios, available hardware such as a very compact
5-megawatt q switched and frequency doubled diode pumped Nd:YAG laser
operating at 532 nm and 1 Hz rep rates and other identified hardware, reasonable
parameter values are:

T = 1 secs

P = 0.05 watts (50 millijoule 10 nanosecond pulses at 1 Hz)
= 532 nm
= 5.6 x 10 Hz14

R = 3,000m
a = 1/2,000 ma

-1

L = 0.22a

N = 2 x 10 w/m -nm-sr-2 2

d = 1 nm
Q = 0.05
S/N = 10
df = 10 Hzr

8

A = (0.1) /4 = 7.9 x 10 m .r
2 -3 2

When these parameters are used, the coverage area is

A = 6.39 x 10 L .8 2/3
w

Solving for L , producesw

L = 6.2 x 10 A .w
-14 3/2

If the 4-inch diameter receiver lens is photographically fast with F# = 1, the lens focal
length will be 4 inches. Selecting a short delay broadband photomultiplier or large
area avalanche detector with sensor size of 1-inch diameter produces a field of view

FOV = 2 tan 0.5/4 = 14 .-l o

At the altitude of 3,000m, this produces a coverage diameter and area of

D = 6,000 tan 7 = 737mo

A = D /4 = 4.27 x l0 m .2 5 2

For this area the water attenuation is

L = 1.7 x 10w
-5



and

a Z = 11.w

Thus, the water depth can be as deep as 11 absorption lengths and still maintain a 10:1
signal-to-noise ratio. For a = 0.05m Z = 220m, which produces a 41m spot on thew

-1

surface. This is an appropriate size spot to sample the surface sea state and for
adequate tracking accuracy. For the ±7 beam of this case, the ray range above theo

water for the field of view edge is

3,000/cos(7 ) = 3,023m.o

Similarly, the corresponding ±5.3 beam in the water has an edge range ofo

11/cos(5.3 ) = 11.047 absorption lengths.o

Thus, L and L are essentially constant for all rays within the field of view.a w

The case presented above represents the nominal system being proposed. Referring to
Figure 2, the analysis presented is directly applicable to the Signal Present Detector
(SPD). This detector is used to gate on the ICCD camera of Figure 2. This camera
images the water surface to locate the signal surface penetration point. To
accommodate reasonable (5-20 nanosecond) delays in a Photomultiplier SPD and
ICCD gate electronics, an optical delay line may be necessary. This effect may be
reduced by employing recently available large area avalanche breakdown device
detectors for the SPD. A design goal is to minimize the delay.

From the equation for A it is clear that it is desirable to use a large system bandwidth,
f . This can be implemented either by scanning or pulse transmitters. However,r

scanning across a complicated sea state (if Z = 200m, the surface irradiated is 37m in
diameter) can cause several receiver hits during the 1-sec scan time. This significantly
reduces the system performance. A better system is the pulsed one that is likely to find
one or more appropriate sea state slopes and curvature over the 37m surface exit
diameter to direct energy into the receiver at the pulse rate of 1 Hz. Our surface
interaction experiments have confirmed theory that predicts a roughly ±4 spread ino

the beam size for reasonable sea states. Thus, the analysis presented ignoring suffice
deflection and spreading with a ±7 beam is approximate but reasonable. Furthero

analysis of the geometry of the surface interaction, restricts the pulse broadening to
less than 10 ns. Typical water volumetric scattering angles of ±7 are consistent with ao

10 ns pulse broadening. Thus, the estimated 10 ns pulse broadening of a 10 ns q
switched pulse will not significantly degrade the predicted system performance. From



the expression for S/N, the increased pulse width reduces the signal-to-noise ratio to
7:1. This level of performance leads to very low false alarm rates. Finally, the pulsed
system lends itself to superimposed low-data-rate communications of depth
information by the modulation of T .s

In the case of a zenon light beacon, a candidate source is a 5 linear lamp array of size
3 inch by 3 inch. The array requires 100 joules of electrical energy per pulse and it can
produce 2 microsecond pulses at a l-Hz rate. The typical useful spectral water
absorption window is 50 nm. Within this wavelength range, the space available at the
transmitter will accommodate a light projector which can provide a 0.035 joule pulse
with the same 14 FOV as the laser system. The dependence of coverage area on theo

parameters which differ from the laser case is

A = E L (df /d ) .p w r
2/3 2/3 1/3

This area can be kept constant for the zenon parameters of 0.035 joules, 2 µsec, and 50
nm if the water attenuation is reduced to

a Z = 6.0.w

For this the larger optical bandwidth of 50 nm combines with the larger 2 µsec pulse
width to increase the detected upwelling photoelectron count by a factor of 10,000 per
pulse. Correspondingly, the signal photoelectrons per pulse are larger by a factor of
100.

3. CONCLUSION

We have predicted the performance of both a laser beacon and a zenon source beacon
system that is tracked by an aircraft at an elevation of 3,000 meters. The systems are
predicted to achieve a 10:1 signal-to-noise ratio at depths of approximately 10 and 5
water attenuation lengths.
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ABSTRACT

When hundreds of millions of dollars are invested in building, launching, and
command/control of modern military space systems, the developers and operators
need assurance that when their system achieves orbit, it will be able to "talk" with the
ground network, exchanging commands, telemetry and ranging signals. Furthermore,
prior to launch they need proof of compatibility with the ground data systems,
showing that operational ground-based crypto keys, database parameters, and
processing software are in-fact compatible with the spacecraft. This paper describes
Air Force Materiel Command (AFMC), Space & Missile Center (SMC) Detachment
2's four classes of deployable test assets, emphasizing deployable's contribution to
successful on-orbit performance. With not only the huge dollar investment, but even
more important, the ability to execute a vital test or operational mission riding on
compatibility, and launch vehicle and on-orbit test and evaluation operations the
watchwords are "Don't leave the pad without it."

KEY WORDS

Deployable, Transportable, TT&C, Spacecraft Compatibility Test, Air Force Satellite
Control Network (AFSCN), Space Ground Link System (SGLS)

INTRODUCTION

Air Force Materiel Command, Space & Missile Systems Center, Space Test and
Evaluation Directorate (Det 2 SMC) deployable Telemetry, Tracking, and
Commanding (TT&C) systems are on the cutting edge of field test and research for
spacecraft and payload testing. Det 2 deploys and staffs these resources to support



Research, Development, Test and Evaluation (RDT&E) and Air Force Satellite
Control Network operational missions. The test resources can and are deployed to
factories, launch sites, or remote locations to transmit real-time commands, acquire
and record telemetry and to interface with numerous communications systems. Space
Ground Link System (SGLS) compatible, deployables are used for satellite
compatibility testing at a laboratory or factory prior to satellite/payload shipment to
the launch site, testing at the launch base prior to liftoff, additionally they may be used
for launch booster or early orbit test and evaluation support for the satellite by
deploying TT&C systems worldwide to meet user requirements. Finally, these assets
can provide communications via S-band communications satellites between deployed
test resources and the Test Support Complexes at Onizuka Air Force Base, Sunnyvale,
California, or elsewhere, to complete end-to-end connectivity.

Often the first contact between the SMC Det 2 deployable assets and the satellite is in
a laboratory or factory test environment. The Transportable Vehicle Checkout System
(TVCS) usually performs this function. Worldwide on-orbit test and evaluation field
deployments are made by the S-Band Transportable Ground Station (STGS).
Transportable S-Band Terminals (TST) can perform mission communications or
telemetry and commanding support for a early orbit mission or compatibility test.
Another deployable asset, the Transportable Space Test and Evaluation Resource
(TSTR) is available for compatibility and early orbit scenarios. Appendix I lists the
top level characteristics for each of the transportable systems.

COMPATIBILITY TESTING

With hundreds of millions of dollars invested in the building, launching, and
command/control of modern military space systems, pre-launch compatibility tests are
crucial to ensure that the ground and space elements can communicate with each
other. A typical compatibility test scenario begins when the control center (called Test
Support Complex, Satellite Operations Center, or Mission Control Complex within the
AFSCN) responsible for operating the orbiting spacecraft or booster requests the
satellite sponsor to schedule the test. The goal is to run the trial as early as practical so
that compatibility problems, if any, may be corrected with least cost and program
impact. This does not need to be an exhaustive test. Its significance is to show that all
major satellite TT&C paths are functioning in a system end-to-end test with the
control center.

Prior to the scheduled test, Det 2 always conducts a site survey at the test location,
evaluating such items as equipment space, power, communications, satellite access
paths, and transportation requirements. This survey will uncover logistical and



technical items that must be resolved prior to the test date, thereby minimizing impact
on scheduled activities.

The TVCS or TSTR is deployed and set up at the site-surveyed location near the
spacecraft so that it interfaces at the radio frequency (RF) level. Typically, antenna
hats or RF ports are used at the spacecraft end; Det 2 provides an RF coaxial cable and
interface at the deployable equipment end. Figure 1 shows a top level block diagram
for a typical compatibility test.

Figure 1. Compatibility Test Configuration

A signed-off Test Plan/Procedure is followed to demonstrate that the ground control
center and spacecraft are compatible. The plan or script is usually jointly written by
the spacecraft integrator and control center. The spacecraft sponsor is responsible for
overseeing and approving the test objectives and methods.

To demonstrate compatibility, telemetry data is received by the Det 2 deployable
equipment, downconverted and demodulated to baseband, recorded and relayed to the
control center for evaluation. All RF carriers/channels and modulation schemes
planned for on-orbit use are exercised and evaluated during this test. Commands are
initiated at the control center and digitally transmitted to the deployables. There, the
commands are converted to the spacecraft uplink waveform and sent to the vehicle.
Command responses are verified by telemetry response or functional verification. The
spacecraft ranging system is tested by uplinking a Pseudo-Random-Noise code and
synchronizing to the returned code.

The following section describes several examples of Det 2 experience, illustrating
vividly why the pre-launch compatibility testing is so important



COMPATIBILITY TEST PROBLEM EXAMPLES

TVCS DESCRIPTION

The major downlink components of TVCS are two telemetry receivers, a ranging
receiver, digital ranging system, subcarrier demodulators, bit synchronizers, low speed
wireline modulator/demodulators, time code generator/reader, and an Inter Range
Instrumentation Group (IRIG) Wideband Group II 7-Track recorder. For the uplink, a
command formatter translates the incoming commands to satellite format, composes a
modulation waveform and modulates a signal generator that provides the RF uplink.
Other equipment such as convolutional decoders can be added to the basic suite for
mission peculiar operations. With the exception of the ranging equipment and the
command formatter software all other items are Commercial Off The Shelf (COTS)
procurement.

TVCS is packaged in 10 road cases that are stacked in a 3 X 3 configuration at the test
site. The recorder has its own case and is placed adjacent to or behind the stack.



External interfaces are limited to power/ground and the RF cable to the spacecraft. All
internal TVCS connections are via patch panels at the rear of the cases.

TSTR DESCRIPTION

The TSTR is a full scale tracking station packaged to fit in a pair of semitrailer
shelters. One 45-foot long semitrailer contains an erectable, remotely pointed, or full
autotracking 23-foot dish antenna and a 2.25 KW High Power Amplifier (HPA). The
other semitrailer, the 40-foot long core van, contains the uplink and downlink
equipment that either interfaces to the antenna/HPA van or to a satellite via a hardline.
The core van is capable of supporting multiple simultaneous downlinks, up to 5 MBps
each and recording the telemetry data. Normally the core van is connected to the
control center via a 9.6 KBps data link that provides considerable remote control
capability and status collection by the control center. In this scenario the control center
may direct antenna position, switch a transmitter from dummy load to radiate, or send
command data for uplinking to a spacecraft. Other internal configuration parameters
are controlled by a preplanned database build. A capability exists to exercise, or
override, all control functions locally. This feature allows responding to unplanned
events quickly and efficiently.

Addition of the antenna/HPA to the core van provides a solution for early orbit test
and evaluation scenarios that require a relatively high EIRP and a sensitive receive
system. Although large, the total TSTR system provides industrial strength solutions
for difficult applications.

STGS/TST DESCRIPTION

The STGS and TST each have a parabolic dish antenna that provides an RF interface
between the ground and space element. STGS uses the larger 12-foot diameter
antenna versus the 8-foot diameter antenna for the TST. Like the TVCS all hardware
is COTS and is modular packaged for shipping. STGS/TST do not have a PRN
ranging capability but each has an antenna controller and 250 watt HPA for orbital
support.

STGS is designed to provide RDT&E support for low to medium altitude satellites.
Higher altitude, lower-powered satellites such as DSCS and FLTSATCOM cannot be
reliably supported because of poor link margins. The TST can also support mission
satellites if the link margins are satisfactory. Note that STGS/TST can also support
compatibility testing via hardline, by just deploying with the subset of the equipment
needed.



The STGS and TST antenna positions can be controlled several different ways:

1. Azimuth and elevation position can be manually controlled to the angle/time
position by an operator.

2. Azimuth and elevation position can be updated automatically,
once-per-minute. A ±1 degree scan in both axes is initiated by the antenna
controller. The controller then returns the antenna to the strongest signal point.

3. Azimuth and elevation position can be automatically moved to angles
calculated from a NORAD 2-Line Mean Element set. This process is iterative
and extremely useful for satellites with significant orbital movement with
respect to the antenna.

A subset of this method employs two separate NORAD 2-Line Mean Element
Sets with a bridging technique to transition from the first to the second. This
technique is useful when a booster performs high energy burns during a contact.

4. Azimuth and elevation position for the STGS antenna can be controlled by an
optional autotrack receive only feed and electronics assembly. This system is
available for missions that do not require commanding. The TST does not have
this capability.

5. Azimuth and elevation position can be controlled by processing Earth Fixed
Geocentric (EFG) messages from an outside resource in near realtime such as a
range RADAR. The EFG measurands are transformed into local antenna look
angles and the antenna follows the target's position. This enhancement was
recently tested during a deployment to Newfoundland in support of STS-53.

Like the TVCS, equipment can be added or deleted from the basic complement to
tailor the system for a particular mission. Equipment packaging is similar to TVCS
with all equipment mounted in transportable cases for ease of movement. All the TST
or STGS equipment must be sheltered except for the antenna which must be located
outside. The STGS requires the same amount of floor space as TVCS.

LAUNCH VEHICLE & EARLY ORBIT TEST EVALUATION

Transportable equipment is frequently deployed to support early orbit test and
evaluation activities. Usually these deployments take place because critical events
take place outside of view of fixed ground stations. Another reason for deploying
TT&C equipment is that during early orbit test and evaluation the satellite sponsor



may require far more support than the AFSCN fixed antenna schedule loading will
allow. Shifting large amounts of RDT&E satellite support to a Det 2 transportable
frees the network to perform its operational commitments.

A site survey is one of the first items completed for a LEO deployment, just as in
compatibility testing. Again, the reason is to make sure the mission can be supported
on time and as economically as possible. Site survey topics are the same as for
compatibility testing with several important additions. Local obscura is plotted and
compared to predicted orbit paths to ensure minimum interference in the RF line of
sight path. Weather conditions are extremely important and play a major role in site
selection. Coordination with authorities, local or foreign, is always required. Again,
the objective is to find problems early, work them out, or to suggest acceptable
solutions.

The most common scenario is to deploy STGS/TST terminals to the desired location.
For more demanding orbital deployments, the TSTR may be preferred. In addition to
the ARTS core van mentioned earlier, there is a companion semitrailer which contains
a 23-foot parabolic dish antenna and a 2.5 KW HPA. The tradeoff is that TSTR is
large - and relatively expensive to move.

Past deployments have been staged to receive telemetry from TITAN IV boosters.
Other deployments include receiving and relaying telemetry data for the Inertial Upper
Stage (IUS)/Defense Support Program (DSP), IUS/NASA, and Shuttle/Magellan.
Commanding and telemetry support was provided for RME, Shuttle/DSP, and other
national programs. To date, over 85 deployments have been accomplished.

COMMUNICATIONS

In the ideal world the deployable's customer provides communications from the
deployable location back to the control center. Rarely is this the case. Det 2 has
developed the TST to provide this capability. M2P1 satellites are used to transfer
command date outbound to the deployed location and to receive low rate telemetry in
return. The TST and STGS differ only in antenna sizes with the TST utilizing a
smaller 8-foot diameter dish, the rest of the equipment is the same.

The TST typically receives data at rates up to 64 KBps NRZ and transmits at a
maximum of 128 KBps NRZ. Alternately, the 12-foot STGS may be used in case
higher data rates are needed. Alternately the smaller TST antenna may support the
mission satellite while the higher gain/EIRP STGS provides the communications
function - each mission dictates how the equipment is configured to meet
requirements.



Det 2 also has MUX/DEMUX equipment that is used to support multiple data and/or
communications streams. Both the field and home nodes are provided by Det 2. A
STU-III and compatible facsimile machine are also available.

Transportable generators capable of powering the TST and STGS are available if local
power is not suitable. Radomes to protect the antennas and equipment shelters are
available for challenging weather areas.

PLANNED ENHANCEMENTS

Residing on the leading edge of testing and LEO support requires continual equipment
upgrades. Systems must evolve to meet the projected Research and Development
requirements. These are some of the near term changes that are planned for the
deployables that will be visible to the users:

1. Modernization of hardware is undergoing review. The objective is to update
equipment to a modern configuration representative of today's technology.
Particular attention is focused on the RF segments of TVCS, such as receivers,
ranging, and demodulation equipment. Computerized control of equipment is a
goal to decrease set up time, reduce the probability of configuration error, and to
ensure test repeatability.

2. Small generators are available for STGS/TST/TVCS deployments. An
internally derived requirement is to provide the same capability for the TSTR.
There will be sufficient generation capacity to power both the ARTS core and
the antenna and HPA units. Planned fuel capacity is 2 or 3 days of continuous
operation before refueling.

3. There is a need for rapid, economical, worldwide communications between
transportable assets on deployment to the home base and control center. To
provide this capability a portable suitcase sized commercial INMARSAT
terminal is now in the procurement process. Addition of this device will allow
secure voice and low to medium speed data communications between most
deployed locations and the control centers.

4. Some users prefer secure communications. A cellular STU-III has been
requisitioned for these type of missions. The ability to communicate securely
from deployed locations, on demand, and at a reasonable cost, will immensely
enhance operations.



5. Some potential Det 2 customers may extend their uplink frequencies to the
Unified S-Band range of 2025-2120 MHz; some contemplate shifting to the
2300-2400 MHz downlink band. Det 2 is studying the changes necessary if
these changes become requirements.

Other modifications to support future operations will be considered by Det 2.

CONCLUSION

Total system testing between the spacecraft using representative ground station
equipment and a supporting control center makes sense. The potential failures due to
misunderstandings or failure to communicate can be catastrophic or lead to delays in
initializing a new satellite or payload on orbit. Transportable TT&C resources can and
should be used to verify this ability to communicate if fixed ground resources are not
available. After launch, important events occur out of view of the normal ground
resources. The requirements for capturing critical data, or providing command support
at the correct time and place are being met by deployment of Det 2 hardware resources
and personnel. "Don't Leave the pad without it".
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ABSTRACT

Frequently a requirement exists to track sounding rockets or balloons from remote
locations which have no radar capability. Occasionally, there is also a requirement to
provide an alternative to radar tracking at those locations where it exists. TRADAT VI
satisfies both requirements by providing vehicle positional from telemetry. In
addition, it also provides real-time trajectory plots by its graphical display.

INTRODUCTION

A usual requirement associated with any flight of an unmanned vehicle is the
continuous determination of its location. Often this requirement is met by radar
tracking. At remote launch sites where radar is unavailable or unreliable, or in those
cases where a second source of location information is desired a different method
must be used. One such method is to extract positional, or location information from
telemetry transmissions during flight. The engineers at the Electronics Research and
Development Lab at Oklahoma State University have developed just such a technique.

PURPOSE & FUNCTION

TRADAT is an acronym for TRAjectory DATa. The name TRADAT also applies to a
specialized device that resolves and plots the location of a flight vehicle in real-time.
A particular version, TRADAT VI, represents significant improvements in
performance and data presentation from preceding systems. TRADAT VI is a
specialized and dedicated system. It interfaces with telemetry systems to develop
information required to locate a flight vehicle.



A common mode of locating a vehicle in flight is by acquiring at least three pieces of
data: the slant range as measured from a known or reference location to the flight
vehicle, and both the elevation and azimuth angles to the flight vehicle measured
relative from known or reference directions. Typically the reference location is the
launch site, and the reference directions are generally the horizontal for elevation and
true north for azimuth. For the system to work, the ground station must possess a
tracking antenna system capable of resolving the angular displacements of its antenna
relative to known directions. Those angular data along with slant range are sufficient
to locate and plot the position of a flight vehicle.

A technique for constructing a telemetry loop capable of generating sufficient data to
solve the location problem consists of three major elements: the flight vehicle, a
telemetry ground station and a computer. The ground station must be equipped with a
tracking antenna system. The computer must be capable of accepting information
from the ground station and of communicating with the flight vehicle. Such a loop is
shown in figure 1.

The process begins by the TRADAT starting an internal clock while simultaneously
causing a special signal to be generated which is transmitted to the airborne vehicle.
That special signal is the uplink ranging signal. Upon receipt, the ranging signal is
processed by a ranging receiver aboard the vehicle. The electronics of the vehicle
mixes the output of the ranging receiver with the telemetry data. That composite
telemetry signal is then transmitted to the ground.

The ground station tracking antenna intercepts the mixed signal from the flight vehicle
and passes that signal to a receiver tuned to the proper frequency band. The receiver
separates the returning ranging signal from the telemetry data. The ranging signal is
passed to the TRADAT causing the internal clock to be stopped. Elapsed time, from
initial starting of the clock until it is stopped, is used to calculate slant range.

The total elapsed time includes both the times for the hardware (the TRADAT and its
transmitter, the vehicle electronics and the ground station receiving system) to process
the signals and for the round-trip of the ranging signal. The processing time required
by the hardware is found by a calibration procedure. That time is subtracted from the
total. The residue is the round-trip time for the signal. Slant range is then calculated
by:

(1)





Angular measurements relative to known references are passed to TRADAT from the
telemetry tracking antenna system. These angles coupled with slant range are
sufficient to calculate the location of the flight vehicle.

THE HARDWARE

The hardware is grouped into three major components: the input interface, the internal
computer and the output.

The input interface is a custom designed electronics card. That card has four
functions: a. to trigger the ranging transmitter, b. process the returning signal from the
ranging receiver, c. to accept and process angular information from the antenna
system and d. to condition angle and range data for interfacing with the internal
computer. Processed data is also time-tagged for proper sequencing and indexing in
storage and retrieval operations. See figure 2.

The process starts with the generation of a special binary code called frame sync. The
code is filtered and passed to the ranging transmitter. The range delay counter
measures an appropriate length of time corresponding to the previously measured
signal transit time within the equipment loop, and then it starts the time interval
counter. By this procedure the binary count of the time interval counter is a direct
reading of the slant range. This attribute is achieved by offsetting the transit delay
within the equipment through the range delay counter, and by judicious selection of
the clock frequency.

When the returning special binary code is detected by the receiver, it is passed through
the frame sync detector for authentication which stops the time interval counter. At
that time, the time interval counter is stopped and the value in the counter is a binary
number directly measuring slant range in decameters.

When the time interval counter is stopped, slant range, angular and time-tag
information is passed to the data coder. The data coder formats the information as a
data packet. Upon completion of formatting, the data packet is passed to the VME bus
for processing by the CPU.

The internal computer is a customized VME bus machine using a MC68030/68882
system for data manipulation and mathematics. It also uses an inMoss G300 processor
for graphics handling. Using the angular and range information provided by the
electronics residing on the input interface board, calculations are performed to provide
vehicle position with respect to a geodetic Earth coordinate system. One result of the
calculations is the vehicle's spherical coordinate data, azimuth, elevation and slant





range; that data is passed to the graphics handling sub-system for display on a color
monitor. In addition the computer is capable of providing the vehicle's polar
coordinates or it's rectangular coordinates. Both of these measurements are made with
respect to the launch site or any of three other locations as desired by the operator.

There are two outputs from the TRADAT: a hard copy printout of the polar or
rectangular coordinates of the vehicle, and a graphical display of the trajectory on a
color monitor. The graphics are formatted such that two simultaneous displays occur:
a polar plot of azimuth versus range and a Cartesian plot graphing altitude versus
range. For a sounding rocket, the latter plot is generally a parabola. Figure 3 represents
the TRADAT graphics display. The lower left hand corner is the polar azimuth versus
range plot, and the lower right hand corner displays altitude versus range.

THE SOFTWARE

The CPU picks up the data packet from the bus through an input buffer, see figure 4.
The Main Control Program polls the buffer until the frame sync code is found
signifying a valid data packet. Upon frame sync, the data packet is passed to two
separate data pipes. Concurrently, the mathematical processing routines are initialized



and accept data from their respective pipes. There are two processing routines, each
performs its function independently. The math plot routine always calculates the
position of the flight vehicle with respect to the launch site. Math print calculates the
position with respect to any of three other arbitrarily chosen locations. This procedure
was chosen to enable simultaneous display of the trajectory while computing vehicle
location with respect to any other location. All software was written in the C
language. The system uses an OS/9 operating system.

FIGURE 4 - Software Block Diagram

Math plot results are always plotted on the video display as shown in figure 3. Math
print results are also displayed, but in a rectangular coordinate system relative to the
selected site. The results of math plot are stored, as is the raw data directly from the
input buffer. A real-time hard copy of the rectangular coordinates of vehicle position
can be obtained with respect to any selected site. Also the entire scenario can be
re-run at any time with stored flight data.

At the heart of the software system are the mathematics routines found in math plot
and math print. These routines are composed of algorithms which solve a positional
problem as shown in figure 5. The mechanics of solving such a problem requires



extensive modeling. In this case, the geodetic problem is converted to a geocentric
problem. The geocentric system of equations is solved, and the results are reconverted
to geodetic and presented as the output. The algorithms assemble and manipulate a
system of simultaneous equations which categorically solve the positional problem.

CONCLUSION

TRADAT VI has been successful in providing tracking and positional resolution from
a remote site without radar. During 1992 TRADAT VI was field tested at the Poker
Flat range in Alaska. In spite of the fact that the Graphical User Interface was not yet
completed, it was included as part of the ground station for the SPIRIT III experiment.
TRADAT VI's performance during SPIRIT served as proof for the system. The
vehicle was tracked from lift-off until the telemetry signal was lost just prior to
impact. The payload was found where TRADAT indicated it ought to be. The
real-time trajectory display function performed flawlessly, and the system met the
expectations of the engineering team which designed and built it.
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= Geodetic Tracker Site LatitudeT 

= Geocentric Tracker Site LatitudeT

R = Geodetic Earth Radius at Tracker SiteT

R = Geocentric Earth Radius at Tracker SiteT

= Longitude Offset from Tracker to Offset Site
h = Tracker Site Altitude (subscript ‘o’ at offset site)T

= Vertical Tracker Site AxisT

E = East Tracker Site AxisT

N = North Tracker Site AxisT

FIGURE 5 - Positional Problem
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ABSTRACT

The first telemetry tracking system was desired in 1959 for the space program. Cost
was of little concern. The tracking technique used was 3 channel monopulse which is
still today, after all these years, the optimum in performance for any type of tracking
requirement. Telemetry tracking really got off the ground in the early 1970's with the
move from P-Band to S-Band for telemetry. In the design of early tracking systems,
performance was on the top of the list, and cost was on the bottom of the list in
establishing the design criteria. By the beginning of the 1980's cost was approaching
performance in importance. Today, with the demise of the cold war and a considerable
reduction in global threats coupled with the state of the world economy, cost has now
reached the top of the list.

The cost of a telemetry tracking system can be reduced by more than a factor of two
by going to a single axis tracking technique. The lowest cost single axis approach
heretofore has been the use of a cosecant squared (CSC ) distribution. To improve the2

efficiency of a single axis system and increase the overhead coverage capability, the
use of a dual beam antenna has been widely used as another type of single axis
approach. The dual beam technique involves additional costs since two tracking
antennas are required.

Except for satellite tracking, almost all telemetry tracking is performed at low
elevation angles and, like it or not, multipath is there. The multipath fade varies from a
few dB, to over 20 dB depending upon the reflecting terrain. Most general purpose
systems should be designed for at least a 10 dB multipath fade. For all telemetry
tracking applications, the multipath effect is completely negligible at elevation angles



greater than 10 degrees. The Augustin-Sullivan Distribution, in effect, fades away the
multipath margin as the multipath effect decreases. Because ofthe multipath
phenomenon, an antenna beam should not be shaped at the one dB point as is the case
with a CSC distribution, but only needs to be shaped from somewhere between the 152

- 20 dB level based on the mission requirements. This involves a gain reduction from
a pencil beam on the order of 1/2 dB or less, rather than the 3 dB reduction associated
with the CSC distribution. The Augustin-Sullivan distribution does not start shaping2

the beam until shaping is retired, and shapes the beam for constant altitude coverage
from the horizon to zenith. For the first time, coverage is provided from the peak of
the beam to directly overhead with a single antenna and a single axis rotator.

When GPS information is available from the tracked vehicle, the Augustin-Sullivan
distribution, with a single axis rotator and using the GPS-TRAK technique, results in
the lowest possible cost alternate to autotracking.

KEYWORDS

Low cost tracking, Single axis tracking, Augustin-Sullivan Distribution, GPS tracking

INTRODUCTION

The first telemetry single axis tracking systems used a shaped beam antenna utilizing
a CSC distribution. CSC distribution antennas were first developed in World War II2 2

for ground mapping from an airborne antenna system. For ground mapping purposes it
was desirable to have a constant illumination from the maximum distance to directly
below the aircraft. By mathematical analysis this corresponds to a CSC illumination.2

In the early 1970's when telemetry was moved to S-band, the first S-band systems
built were two axis systems since, with the higher space attenuation, considerable
directivity was retired. A few years later, in order to save money, shorter range
missions were performed with single axis systems. To achieve coverage at the higher
elevation angles, the beam was shaped to CSC .2

Experience in the field with CSC systems has indicated that while the beam has2

constant illumination with respect to altitude, there is always considerably more signal
at the higher elevation angles than required for optimum performance. The reason for
this is twofold, at low angles signal fading occurs because of multipath, and low
angles imply maximum range with increased space attenuation. The multipath effect
is appreciable, ranging from 3 dB over rough, highly vegetated terrain to 20 dB or
more over smooth water. At the higher elevation angles, there are no multipath effects.
Thus, the system has considerably more gain than required at the higher angles. CSC2

antennas are shaped from approximately the 1 dB point to usually about 35 degrees



elevation. When the energy is taken from this far forward in the main beam, the gain
is considerably reduced. Almost all CSC antennas have a gain reduction of at least 32

dB from that of a non-shaped paraboloid.

In the late 1970's, Sullivan (1) devised a dual beam approach which eliminated the
gain reduction problem but was more costly since two tracking antennas were
required.

To achieve the maximum gain realizable from a single axis system with constant
altitude coverage to high angles, including an overhead pass, the authors have derived
the optimum distribution called the Augustin-Sullivan Distribution. While the
Augustin-Sullivan Distribution can be used for many applications including complete
auto tracking systems, the combination ofthe GPS-TRAK technique (2) and the
Augustin-Sullivan Distribution results in the lowest cost telemetry pseudo tracking
approach. In addition, because of the simplicity of the system, reliability is enhanced
by an order of magnitude.

DEVELOPING THE CONCEPT

In many ways the design of a two axis tracker is very simple compared to a single axis
tracker. For a two axis tracker, one performs a link budget analysis and determines the
gain, or preferably the gain divided by the temperature (G/T). One then only has to
concern himself with the velocities and accelerations required to perform the mission.
With single axis tracking, the gain or G/T still has to be calculated. After this, the
maximum altitude, dictated by the mission, must be considered. When one determines
the gain or G/T, then a minimum beamwidth is determined. For most missions, single
axis tracking is usually not possible for beamwidths less than 4 degrees.

The majority of telemetry tracking missions today are for tracking aircraft and
missiles, and usually the maximum altitude is less than 50,000 feet. The profile of
most missions allows single axis tracking for antenna gains below 32 dBi. For a dual
beam or multi-beam single axis system, the system must be custom designed based on
the worst case conditions of the mission requirements. This is also the case for the
Augustin-Sullivan Distribution.

To illustrate the technique, an example is chosen of tracking an airborne vehicle with
a maximum altitude of 50,000 feet, at a frequency of 2250 MHz, an EIRP of 10 watts,
a multipath fade of 10 dB, and a polarization loss of 3 dB. This assumes vertical
polarization of the airborne vehicle and circular polarization on the ground. For a 1
MHz data bandwidth and a 15 dB C/N, assuming a general purpose system, which



would necessitate allowing 10 dB reduced margin for multipath, a 4 foot diameter
antenna would allow a range of 200 miles on the horizon.

The multipath phenomenon, with respect to a single axis tracking system, has been
discussed in detail by Chandler (3). Figure 1 is a graph from Chandler's paper showing
the severe multipath effect on the pattern of a 6 foot reflector at L-Band operating over
smooth water. This is a worst case situation; however, a general purpose system must
be expected to perform with multipath fades of at least 10 dB. The structure and
number of multipath nulls will vary as a function of several parameters, especially the
height of the antenna over the reflecting terrain. The multipath effect on the pattern in
figure 1 is completely eliminated for elevation angles greater than 6 degrees. For the 4
foot antenna of our example, mounted between 10 and 20 feet above the surface and
based on typical conditions, the multipath effects will be eliminated for angles greater
than 10 degrees. To illustrate the Augustin-Sullivan Distribution concept, and simplify
the illustrations, we will assume a flat earth and choose a coordinate system with the
ordinate in feet (altitude) and the abscissa in miles (range).

Figure 1. Severe Multipath Effect on the Pattern of a 6-foot Reflector at L-band
Operating over Smooth Water.



For our example, figure 2 shows the antenna pattern coverage for a four foot
non-shaped parabolic reflector antenna (pencil be am) with the peak of the beam on
the horizon. The dotted line represents the antenna coverage with 10 dB allowed for
multipath. The solid line shows the worst case coverage envelope of the reflector
antenna with a 10 dB multipath fade margin with the multipath faded out from the
horizon to 10 degrees.

In developing the Augustin-Sullivan Distribution, it was determined that the exact
nature of the multipath nulls are not important since there will be a worst case
coverage envelope in the multipath environment that defines the range of the system.
Using the worst case coverage envelope, for a general purpose system, the multipath
can be faded out from the horizon to the angle at which the multipath effect
disappears. To achieve coverage to an altitude of 50,000 feet from the horizon to
zenith, figure 2 shows that beam shaping is not required until a range of less than 70
miles is reached. Based on this fact, the required C/N ratio would be met or exceeded
for all ranges between 70 and 200 miles for all altitudes above the line of sight to
50,000 feet. The 70 mile point correlates to approximately the 15 dB point of the
antenna radiation pattern. Thus, beam shaping is not required until 15 dB below the
peak of the antenna radiation pattern. Since greater than 90% of the energy in the
pattern is contained between the 15 dB points, very little gain reduction is realized in
shaping after the 15 dB point. For this example, the gain reduction amounts to less
than 1/2 dB.

Figure 2. Paraboloidal Reflector Antenna Coverage
(Dashed Line) Antenna Coverage with Built-in 10 dB Multipath
(Solid Line) Antenna Coverage with 10 dB Multipath Faded Out



Shaping the beam in elevation so that constant coverage is realized from the 15 dB
point to the 90 degree elevation angle results in the optimum distribution for
maximum gain from the reflector while still providing coverage to zenith. This
optimum distribution, called the Augustin-Sullivan Distribution, is shown in figure 3.
The dashed line of figure 4 shows the antenna radiation pattern required to produce the
Augustin-Sullivan Distribution shown in figure 3. Figure 4 also shows the radiation
patterns of a non-shaped paraboloidal reflector (solid line) and a cosecant squared
antenna (dotted line).

Figure 3. Augustin-Sullivan Distribution Shaped Antenna Coverage
with 10 dB Multipath Faded Out

APPLICATION OF THE CONCEPT

The authors have developed the following computerized programs:

1. Multipath Analysis

2. Link Budget Analysis

3. Reflector Shaping Program

The Multipath Analysis Program is similar to that developed by Chandler (3). The
Link Budget Analysis Program is a computerized version of the system developed by
Sullivan (4). The Reflector Shaping Program is a proprietary program developed by
Augustin, and allows one to quickly derive the coordinates of a reflector to generate a
shaped beam to within less than 1 dB of the desired shape for beams that are shaped
starting from a pencil beam generated by a paraboloid. Most ofthe shaped beam
reflectors built from this program have exhibited conformance to better than 1/2 dB.



Based on these computer programs, one can take the worst case parameters for a
required mission scenario and develop the lowest cost, most efficient tracking system
to yield the required C/N for quality data. This approach can be used with any type of
auto tracking feed.

Figure 4. Antenna Radiation Patterns for a Paraboloidal Reflector, the Augustin-
Sullivan Shaped Antenna Distribution, and a CSC Antenna.2

If the airborne target is equipped with a GPS receiver, and the GPS data added to the
telemetry data, the GPS-TRAK technique described by Sullivan (2) can be used in
conjunction with the Augustin-Sullivan Distribution to afford the lowest possible cost
alternative to autotracking. Figure 5 is a block diagram of a GPS-TRAK system using
the Augustin-Sullivan Distribution. The Antenna Control Unit can now be a simple
low cost personal computer (P.C.) The P.C. receives signal strength from the receiver
and GPS target coordinate data. The coordinates of the Ground Receiving Antenna
System are stored in the P.C. The P.C. then calculates the azimuth angle and range of
the target. The azimuth servo command to the rotator is generated by the P.C. The
P.C. monitor displays a rotating vector. The angle of the vector corresponds to
azimuth and the length of the vector corresponds to range. Azimuth angle, elevation
angle, range, and signal strength are also digitally displayed.



Figure 5. GPS-TRAK Block Diagram

CONCLUSION

Whenever single axis tracking is practical, the Augustin-Sullivan Distribution yields
the optimum performance for the lowest cost. The Augustin-Sullivan shaped reflector
can be manufactured for the same cost as a CSC shaped reflector. The tracking2

system, using the Augustin-Sullivan shaped reflector, will have gain in excess of 2 1/2
dB more than the CSC system, and elevation coverage to zenith. The2

Augustin-Sullivan Distribution will yield results comparable to a dual beam single
axis antenna approach to within 1/2 dB, at considerably less cost. Since only a single
tracking antenna is required, the cost of the Augustin-Sullivan system will be at least
$25,000.00 less than the dual beam system. For $25,000.00, it is easy to find 1/2 dB in
other areas such as a slightly larger antenna size, lower noise figure pre-amplifier, etc..
To equal the gain of an efficient dual beam 48 inch diameter parabolic reflector
antenna one would only have to increase the Augustin-Sullivan shaped antenna
diameter by 3 inches.

By using the Augustin-Sullivan Distribution, a single axis tracking system can be
purchased with hemispherical coverage (for a reasonable altitude) for less than half
the cost of a two axis tracking system. Reliability is increased by more than a factor of
two.

When the tracked vehicle is instrumented for GPS, a single axis tracker, using the
Augustin-Sullivan Distribution and the GPS-TRAK technique, can be purchased for
approximately 1/3 to 1/4 the cost of a two axis tracking system for systems up to 8
feet in diameter.
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ABSTRACT

The paper explores the concept of standardization of datalink systems and makes a
call for industry involvement in the process of defining an approach to
standardization. The objectives are to reduce the Department of Defense (DoD) cost
of Major Range and Test Facility Base (MRTFB) operations, to improve
interoperability, to have the flexibility to meet unique user needs, to have
compatibility with existing systems and standards, and to have the ability to evolve to
a next generation of datalink systems. The paper describes several current DoD
Central Test and Evaluation Investment Program (CTEIP) projects and shows how
dependent and interdependent they are on datalink systems. A new Joint Service
CTEIP project, Standard Interoperable Datalink System (SIDS), will become the
facilitator in the process of defining a standard datalink, including weapon
system/platform telemetry, time-space-position information, target command and
control, voice communications, time correlation data, and possibly video.

BACKGROUND

The origins of datalinks at the Major Range and Test Facility Base (MRTFB) go back
to the 1950's with the use of telemetry in test. These datalinks provide information that
is essential for making engineering and safety decisions during test programs. The
characteristics of these datalinks have evolved over the years, and standards have been
established by the Range Commander's Council (RCC) to facilitate testing at various
ranges. Standards were promulgated by the RCC' s Inter-Range Instrumentation Group
(IRIG) and later by the Telemetry Group. The RCC efforts were supported by the
International Foundation for Telemetering (IFT) which sponsored the Telemetry
Standards Coordination Committee (TSCC). The TSCC reviews the standards by



various standards bodies throughout the world and has been proactive in establishing
telemetry architecture and standards since 1960.

Because the primary mission of development test and evaluation is to provide
information for making risk reduction decisions, either in real time for test conduct or
in post test in support of system program management, the test datalinks have been
essential to the success of the mission. Safety of test or critical engineering parameters
for goodness of test conduct were telemetered while other data were recorded on
board and distributed throughout the country following the test. In the early years,
radio frequency bandwidth generally exceeded the need of the test. Multiple telemetry
streams were used to provide increased data bandwidth. Data from a variety of
sources, e.g. on-onboard instrumentation, time-space-positioning, video, etc. were
merged using standard IRIG time to correctly align the information. The operational
test community and the training community have traditionally had less demanding
datalink requirements. Tracking multiple players and passing "kill" information, e.g.
using aerial combat maneuvering instrumentation, was handled with relatively low
bandwidth systems.

CURRENT DATALINK CHALLENGES

Today, test vehicles, such as advanced fighter aircraft, have instrumentation data
bandwidths that far exceed the frequency bandwidth available for telemetry, even
when employing the best data compression schemes. The test vehicles often operate in
regimes that are difficult for traditional datalink architectures to handle, e.g. low
altitude, terrain masking operations over large physical distances. Use of tactical
datalink systems is now common and test telemetry must operate in environments that
include tactical datalinks and electronic emissions of various kinds.

Greater use by commercial sectors has made the frequency spectrum a constrained
resource. The rapid growth in information and communication needs has resulted in
industry looking to new technology to make communication more efficient and more
effective for its customers. Cellular telephones, wireless digital data transmission
systems, high definition television, world wide satellite transmission, high bandwidth
fiber optic links, etc. are experiencing phenomenal growth. These technologies
potentially encroach on traditional test frequency spectra and may impact test datalink
standards. They may provide new opportunities for lower cost, world wide
communication for the test community.

Interoperability has become increasingly important. In past years, interoperability was
sometimes sacrificed due to frequency availability in various parts of the country or
due to unique data protocols. These limitations were handled as special cases and test



projects found appropriate work arounds. Recent challenges by the Joint Chiefs of
Staff (JCS) have resulted in new, more demanding datalink interoperability
requirements. C4I for the Warrior (Command, Control, Communications, Computers,
and Intelligence) is a JCS program that calls for all DoD C4I systems to be
interoperable worldwide. This creates major datalink system design issues in both the
short term and the long term. The JCS has also challenged the test community to be
interoperable with training ranges and compatible with tactical systems. Modeling and
simulation will be a part of this interoperability concept. Consolidation of test and
training range capabilities was part of the challenge. To consolidate capabilities, it is
important to recognize that test datalink systems cannot interfere with weapon system
datalinks and test instrumentation systems must be nonintrusive with mission systems.

CENTRAL TEST AND EVALUATION INVESTMENT PROGRAM

Current range development projects in MRTFB's are increasingly dependent on
datalink systems. The Deputy Director, Test and Evaluation, Test Facilities and
Resources office in the Office of the Secretary of Defense (OSD) manages the Central
Test and Evaluation Investment Program (CTEIP). This program was created to
enhance the commonality and interoperability of DoD test range systems. The CTEIP
funds new developments in test resources and, because of the nature of its projects,
often provides a view of "things to come" in the range community. The presence of
datalink requirements in several CTEIP projects, see Figure 1, underscores the
importance of datalinks to present and future systems. To provide an integrated
architecture for these projects datalink standards must be incorporated.

Figure 1. Project Communications with Standard Interoperability Datalinks

A prime example of the dependency of CTEIP projects on datalinks is the Global
Positioning System (GPS) based Time/Space Positioning Information (TSPI) system,



portrayed in figure 2, developed by the Range Joint Program Office (RAJPO). RAJPO
pod or plate mounted systems can be used for test or for training community tracking
and control. The system is designed to handle multiple players. The secure datalink
design provides a relay concept based on time division multiple access sharing. Other
test vehicles or relay stations can pass information back to central control or to each
other, thereby permitting use when physical blockage constraints would cause loss of.
data from the primary vehicle.

Figure 2. Global Positioning System - Range Applications

An advanced fighter technology vehicle that used the system was a success story for
RAJPO GPS. Control room engineers were able to obtain TSPI information even
when telemetry and radar information was lost due to low level flight in mountainous
terrain. The data were available in real time versus post test. High accuracy was
attained at long distances as opposed to decreasing accuracy inherent in radar systems.
The test vehicle was not confined to local area by radar or cinetheodolite system line
of sight limitations. Timing sources from the GPS satellites became important for
retransmission and standard alignment of data. One extremely important aspect of the
GPS system was that cost was projected to be reduced compared to radar and
cinetheodolite systems by a factor of four.

The Next Generation Target Control System (NGTCS) project (Figure 3) depends on
uplinks and downlinks to control test vehicles and targets and to provide scoring
information. Timing of the response and high single message receipt probability is
essential for safety of flight. The system must provide feedback to ground operators
depending upon application from 30 to 400 milliseconds. NGTCS must operate over
the horizon to support testing, e.g. testing of Navy ship systems with targets. Many



vehicles and ground systems will be active and must be aware of each other's
presence. GPS TSPI information will be an important source of datalinked target
information for engineers, test directors and other test players.

Figure 3. Next Generation Target Control System

The Common Airborne Instrumentation System (CAIS) project (Figure 4) does not
include a datalink as part of its design development, but is dependent on a datalink to
communicate its information. The CAIS must merge various sources of
instrumentation, including transducers, MILSTD 1553 and high speed data buses,
TSPI, voice, video etc., and provide critical real time information to datalinks as well
as preserve all data on on-board recording systems. Very high bandwidth information
on new weapon systems, e.g. advanced tactical fighter aircraft, will likely result in
multiple streams of telemetry information. Frequency bandwidth constraints will be of
significant concern. GPS TSPI will be the standard.

The Standard Interoperable Datalinks System (SIDS) project office is a new CTEIP
office that addresses the interdependence of range developments. CTEIP helps provide
the resources necessary to investigate the needs for datalinks at the ranges and to look
at the feasibility of employing datalink standards in test. The SIDS manager will act
as a facilitator in the process of investigating the potential of establishing appropriate



Figure 4. Common Airborne Instrumentation System

test range datalink standards and of defining an overall architecture for range datalink
systems. The manager will work with the range community and RCC, with telemetry,
communications, aerospace, etc. industry, with the commercial sector, and with the
TSCC in defining datalink needs across the varied range datalink systems. SIDS must
address the Defense Information Systems Agency (DISA), DoD, and commercial
standards. The manager must face the challenge of a wide variety of needs, constraints
on frequency bandwidth and increased commercial sector use of the frequency
spectrum, financial constraints, and rapidly changing technology. The unique
characteristics of test must be considered and the resulting cost, schedule and
performance tradeoffs must be made. SIDS will include weapon system/platform
telemetry, voice, TSPI, command and control, video, and timing. SIDS must address
severe MRTFB funding constraints and reduce the long term cost of operation.
Requirements definition studies were the initial priority of the project. The SIDS
office may use datalink technology prototypes at MRTFBs, if appropriate, to assess
the feasibility of datalink standards and architecture.

NEW TECHNOLOGY OPPORTUNITIES

The commercial sector has experienced rapid communication and information
processing growth and technology is being exploited to meet the rapidly changing
marketplace needs for capability and capacity increases. Cellular and satellite
transmission systems are growing at a high rate and are using more bandwidth in the
frequency spectrum. Cellular systems have many customers with small bandwidth



needs whereas test systems typically have a few customers with individually higher
bandwidth needs.

Cellular Communication is based on time sharing of information, nonconflicting
frequency allocation, relaying of information, and common definition of protocols
(See Figure 5) RAJPO GPS has a similar concept that uses test vehicles and ground
stations in place of the fixed cellular repeater sites. The RAJPO system uses a single
frequency concept at this time versus multiple cells at various frequencies. Cellular is
expanding to a national and worldwide system that can locate and communicate with
the customer anywhere. This is clearly an interoperability design problem. Cost of
cellular is rapidly dropping because of the large customer base. The size of cellular
systems and variety of systems creates new opportunities for voice and data
transmission the test community. The nature of test information is conducive to time
shared transmission, as evidenced by Pulse Code Modulation (PCM) data systems that
have been in use for twenty years. High PCM data rates were handled by using
multiple words in the data frames. Commercial sector telecommunications technology
might be applicable to test or training systems if real time telemetry data bandwidths
requirements are not high or if multiple data words could be employed to increase
bandwidth..

Figure 5. Cellular and Packet Communications

The tactical community also offers datalink opportunities and challenges. C4I systems
use time shared approach in TActical Digital Information Links (TADIL). The Joint
Tactical Information Distribution System (JTIDS) is one of the most recent TADIL
systems (TADIL-J) and is used by the DoD and by some of the United States allies.
JTIDS uses the L band of frequency spectrum. This is the same part of the spectrum



commonly used by test vehicle telemetry and RAJPO GPS datalinks. The JTIDS
handles hundreds of users in a secure manner. The data rate for TADIL-J is up to 238
Kbits. TADIL-J uses time division multiple access, similar to RAJPO, to share the
time on the frequency spectrum in a predefined way. A variety of training and tactical
systems will be using TADIL-J. Test datalinks must be able to operate while TADIL
systems are operating without interference to the tactical or test data. Test data may be
able to be communicated on the TADIL-J system. Test ranges may be able to use
existing or modified tactical datalink systems to transmit information at lower cost
than developing a test unique datalink system. The resulting secure test datalink
system might have dual use benefits in the commercial sector.

To achieve a test environment that is closer to reality and lower in cost, testing is
involving more players over a wider physical range and modeling and simulation is
becoming an extension of the test environment. The Defense Modeling and
Simulation Office (DMSO) is providing direction and guidance to the test and training
communities for the use and integration of Advanced Distributed Simulation. Inherent
in this concept are datalink systems that use IEEE standard Protocol Data Units
(PDU). The PDU's translate simulation and real data into merged information on
weapon system displays and translate state-of-the-weapon-system information, e.g.
position or kill status, back to other players and to the simulations.

These were just a few examples of new technologies that can create opportunities or
problems for the test data transmission community. Cellular technology is rapidly
evolving. It may meet some test needs as the commercial sector moves to more secure
digital transmission schemes. Tactical C4I systems may meet needs when test is not in
conflict with tactical or training use. Simulation networks and datalinks protocols will
start defining new levels of virtual reality for testing. Dual use of the datalink
technologies involved in these concepts may benefit both commercial and defense
industry.

INTEROPERABILITY

To realize the benefits of the new technology, systems must be designed to be
interoperable. The DoD's newest MRTFB member, the Joint Interoperability Test
Center (JITC), has been chartered by the JCS to certify that systems in C4I are
interoperable. JITC is part of DISA and is one of the Centers of the Joint
Interoperability Engineering Organization (JIEO). (See Figure 6.) JIEO also has a
Center for Standards that can provide assistance in defining applicable interoperability
standards. JITC has expertise to help definitize interoperability requirements, to plan
appropriate tests, and to analyze interoperability test results. JITC has test tools to
help assess interoperability. DISA, JIEO, and JITC have essential centers of expertise



to participate in the datalink definition process and are the DoD focal points for
standard interoperable information systems.

Figure 6. JIEO / JITC Organization

The MRTFB datalink functional requirements definition and allocation to an
architecture is fundamentally a joint interoperability problem. The CTEIP SIDS
program office is being organized to be a facilitator in this process. It will work with
the Range Commanders Council, JIEO, JITC, industry, and standards groups such as
the Telemetry Standards Coordinating Committee. During its requirements definition
and architecture definition phases, SIDS will have the challenge of working with
commercial and defense organizations with potentially competing interests and
technologies.

CONCLUSION

The change in weapon system technology and tactics, the advent of new
communication technology, and the increased use of datalink frequency spectra
demands the rethinking of how Ranges telemeter information. It may be that, in some
instances, the special demands of test cause special design constraints on the datalink
systems. Understanding unique requirements will help defend a need for a special test
datalink.

There are new demands to reduce the cost of operations. Systems must be economical
and still operate within constraints of environmental, security, and frequency
management. Existing systems must be accommodated. Ground processing equipment
cannot be easily replaced due to the need to deal with existing, peculiar test



instrumentation. Systems must be phased in due to funding constraints. The
constraints of cost and frequency spectra capacity will be significant factors in
datalink standards definition.

The Standard Interoperable Datalink System program office, under the sponsorship of
the OSD Central Test and Evaluation Investment Program, has the task of
investigating the needs in the test community for datalinks. The office will be
assessing the feasibility of developing standards and an architecture that provide
interoperable MRTFB datalinks for the wide variety of test systems. The program
office will act as a facilitator in the needs, standards and architecture definition
process and may prototype appropriate technology concepts at MRTFBs to insure
interoperability and compatibility. This approach for standardization of datalink
systems recognizes the diversity of customers and requirements, the dynamic nature of
these requirements, the onset of new communication technology, and the reality of
imposing various resource constraints. The test community, and in particular, the
telemetry community, is challenged to take a step back, reassess basic datalink needs,
view the datalink process from other points of view, and define new standards for
datalink systems.
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ABSTRACT

The Consultative Committee for Space Data Systems (CCSDS) has issued a
Recommendation CCSDS 401.0-B for Radio Frequency and Modulation Systems to
be used in Earth stations and spacecraft. Part of this Recommendation is a
standardized design tool for link budget computations. This design tool is intended to
assist spacecraft designers in preparing the power and performance designs of their
spacecraft for communicating with existing standard ground stations. The present
CCSDS Recommendation addresses a link design typical for that found with the Deep
Space Network (DSN). DSN link analyses use a large subset of link-specific
parameters not of any particular use if the space data link passes through the Tracking
and Data Relay Satellite System (TDRSS). The link architecture also differs in that
the TDRSS parameter set needs to include an extra link through the satellite (two-hop)
link versus a DSN-type link which is single-hop. Conversely, the treatment of ranging,
PN coding requirements, and TDRSS acquisition and data group formalities are either
not of the same format or not present at all on the DSN-type links.

The baseline CCSDS 401 design tool is a Microsoft Excel spreadsheet that can run on
an IBM PC or compatible computer. This baseline spreadsheet has been modified to
account for the differences between baseline CCSDS model and TDRSS link
operations. The paper will discuss the modifications made to the spreadsheet for the
TDRSS system details. We will also present example usages of the spreadsheet.



INTRODUCTION

The TDRSS Link Budget Design Table is a modification of the CCSDS Link Design
Control Table developed by Anil Kantak of the NASA Jet Propulsion Laboratory
(JPL). Kantak based the table on link budgets used by DSN-supported missions. In
addition to the basic DSN databases, the CCSDS Link Design Control Table also
contains antenna system information for missions supported by the European Space
Agency (ESA), French and German national space agencies.

The typical DSN link has one hop, so an uplink signal propagates from the ground
station (Goldstone Tracking Station, California) to the DSN user spacecraft while a
downlink signal traverses the opposite path. There are no data relay satellites in this
kind of network. Consequently, a link budget for a one-hop link will generally specify
transmitter powers, antenna gains, and receiver noise temperatures for both ends of the
link. If the system includes one or more relay satellites, however, detailed
measurements of these link parameters are no longer possible. Instead, multi-hop links
such as those in the TDRSS are described in terms of measured ratios such as the
effective isotropic radiated power (EIRP) and the G/T figure of merit for the system
spacecraft.

In addition to these general discrepancies, DSN and TDRSS links also differ in other
respects. DSN missions support a main carrier modulated by subcarriers with separate
channels for data and ranging signals. With TDRSS, ranging is carried on a dedicated
channel only for forward service links from the ground station (White Sands Ground
Terminal, New Mexico) through either of two Tracking and Data Relay Satellites
(TDRS) to the user. For the return service links, separate channels may be used for
data and ranging or both channels may carry telemetry or payload data. DSN typically
uses sine-wave ranging while TDRSS employs special pseudo-random noise (PN)
codes for range and Doppler (range rate) tracking as well as signal acquisition by
WSGT.

The final important difference between the two space data systems is that DSN
supports either S or X-band transmissions with a choice of four different ground
station antenna system, while TDRSS supports users transmitting in the S or
Ku-bands. Also, TDRSS can handle more than 20 users at a time. DSN is a
single-user system. Therefore, TDRSS requires several modes of operation not found
in DSN. All these differences must be treated in any adaptation of the CCSDS Link
Design Control Table for TDRSS link analysis.



TDRSS LINK BUDGET DESIGN TABLE FORMAT

The link analysis structure used in the TDRSS Link Budget Design Table has been
taken from the March, 1983 version of the TDRSS Telecommunication Peformance
and Interface Document (TPID) by the TRW Defense and Electronics Group. Specific
values used in the Table reflect TDRSS Flight-1 (F1) test results. The CCSDS and
TDRSS tables both use the same basic format. This consists of a link budget
identification page, a page for general link operating conditions, two data input sheets,
and the two link budget worksheets. The modifications made to the CCSDS table in
developing the TDRSS link analysis tool will be presented in the context of this
format. A flow chart illustrating the basic TDRSS link analysis format is presented
below as Figure 1.

GENERAL INFORMATION

The first page of the CCSDS Link Design Table contains information to identify a
particular link budget associated with any mission using CCSDS Recommendations.
This information includes the CCSDS member agency responsible for the mission, the
names of mission and spacecraft, any link budget identification, the date of the
analysis, the computer file for the analysis, the individual directly responsible for the
mission or project, and the person responsible for the proper operation of the network
supporting the mission. Few changes were made on this page of the TDRSS Link
Budget Design Table, since the identifying information supplied here suffices for
practically any space data system project.

LINK OPERATING CONDITIONS

For both link design tools, the second page list basic signal characteristics over all
relevant links within the system under study. For the DSN-type links treated by the
CCSDS Recommendation, there are only two links, an Earth-to-Space Link and a
Space-to-Earth Link. Because of this, the operating conditions for DSN-supported
missions can be conveniently divided by link. The left half of the page details RF
carrier modulation, baseband data, data subcarrier, and ranging signal formalities for
the Earth-to-Space Link along with data on weather availability and spacecraft
distance from the Earth station. The right side of the page does the same for the
Space-to-Earth Link. TDRSS does not consist of single-hop links, but it does have
very well-defined links between each TDRS and WSGT. As such, the space-to-space
links between the user and the two TDRS spacecraft are the only ones really requiring
characterization in the TDRSS table. As with the CCSDS table, the left half of the
second page summarizes qualities of signals directed toward the user (forward
service) while the right half lists those for signals from the user (return service).



Figure 1: TDRSS Link Analysis Flow Diagram



Except for TDRSS-supported space shuttle communications, which are not supported
by the TDRSS table, the space data system does not use subcarriers to modulate data,
so this page of the worksheet provides no such information. Also, being
space-to-space links there is no need for weather availability entries on the TDRSS
table, so only average user-to-TDRS spacecraft distance appears in this section. The
main TDRSS link characteristics required for the link operating condition
characterization are listed in Tables 1-4 below.

INPUT DATA SHEETS

There are two input data sheets included with both the CCSDS Link Design Control
Table and the TDRSS Link Budget Design Table. The first input sheet forms the third
page of the link budget worksheet in both tables. In the CCSDS table this is the
Earth-Space Link Input Data Sheet which lists Earth station transmitting as well as
spacecraft receiving carrier, data, and ranging channel parameters. In addition,
Earth-to-Space path input data appears on this page. Since the command, telemetry,
and payload data for TDRSS missions is transmitted on one forward service channel
and ranging PN codes on the other, the TDRSS table input sheet splits into columns
corresponding to these two channels instead of dividing groups of rows into sectors
for each of the four DSN-type signal channels as is done in the CCSDS table. Also,
because the payload services addressed in the TDRS S table do not use subcarriers nor
have atmospheric conditions generally associated with their operation, the forward
service input sheet does not carry such information, unlike the CCSDS table.
However, the TDRSS table still uses the basic link subdivisions of TDRS transmitting
parameters, TDRS-to-user path inputs, and user spacecraft receiving characteristics
which correspond to the Earth station and spacecraft system parameters found in the
CCSDS Recommendation.

Table 1: TDRS-to-User Link (Forward Service) Parameters

Link Parameter MA SSA KSA
Command, Range Channel Type Unbalanced QPSK Unbalanced QPSK Unbalanced QPSK
Command, Range Channel Format NRZ (L, M, S) NRZ (L, M, S) NRZ (L, M, S)

Command Channel Bit Rate, kb/s 0.1 - 10 0.1-300 1 - 25,000
Transmitting Freq. F, in Mhz 2106.4 2025.8 - 2117.9 13775
Range Channel Chip Rate, chips/s 1461 * F 1461 *F



Table 2: MA User-to-TDRS Link (Return Service) Parameters

Link Parameter Value or Entry
Channel I, Q Type BPSK (balanced or unbalanced)
Channel I, Q Format NRZ (L, M, S), Biphase-L
Channel I, Q Bit Rate, kb/s DGl Mode 1: 0.1 - 50; DGl Mode 2: 1 - 50

(total rate from I and Q should not exceed 50kb/s)
Channel I, Q Rate 1/2
Channel I, Q Constraint Length 7

Table 3 : SSA User-to-TDRS Link (Return Service) Parameters

Link Parameter Value or Entry
Channel I Type DG1: BPSK (balanced or unbalanced)

DG2: BPSK, SQPSK (single data channel),
QPSK(dual data channels)

Channel Q Type DGl Modes 1 & 2: BPSK
DGl Mode 3, DG2: BPSK, SQPSK (single data
channel) QPSK (dual data channels

Channel I, Q Format NRZ (L, M, S), Biphase-L
Channel I Bit Rate, kb/s DG1: Modes 1 & 3: 0.1 - 150; Mode 2: 1 - 150 DG2:

1 - 3000 (must use BPSK for bit rates under 50 kb/s
with either channel)

Channel Q Bit Rate, kb/s DGl Mode 1: 0.1 - 150; Mode 2 or DG2: 1 -150;
Mode 3: 1 - 3000

Channel I, Q Rate 1/2 for DGl Modes 1 & 2, Mode 3 (dual channels),
DG2 (single BPSK or SQPSK), or DG2 (dual
QPSK) 1/3 for DG2 (single BPSK or dual QPSK)
{for Channel Q only, 1/3 also for DGl Mode 3 (dual
channels)}

Channel I, Q Constraint Length 7

Table: 4. KSA User-to-TDRS Link (Return Service) Parameters

Link Parameter Value or Entry
Channel I Type DG1: BPSK (balanced Or unbalanced)

DG2 : BPSK, SQPSK (single data channel); QPSK
(dual channels)

Channel Q Type DGl Modes 1 & 2: BPSK
DGl Mode 3, DG2: BPSK, SQPSK (single data
channel) QPSK (dual data channels)



Channel I Data Rate, kb/s DGl: 1 - 300; DG2: 1 - 150,000
Channel Q Data Rate, kb/s DGl Modes 1 & 2: 1 - 300; DGl Mode 3, DG2: 1 -

150,000 (may use BPSK on single uncoded channel
up to 100 Mb/s or 50 Mb/s on single coded data
channel)

Channel I, Q Rate 1/2
Channel I, Q Constraint Length 7

The other input data sheet found in the two link budget spreadsheets models the
telecommunications link between a transmitting user and a receiving relay satellite or
ground station, as the case may be. Input parameters are sectioned for both tables
similarly to that of the preceding page of the respective worksheets. Of course, the
CCSDS link budget tool characterizes a Space-to-Earth Link as opposed to the
space-to-space User-to-TDRS link of the TDRSS table. In both the TDRSS forward
and return input sheets, however, user spacecraft link characteristics have maintained
the CCSDS format as far as possible, since the user is thought to desire the more
detailed system description possible with the basic CCSDS Recommendation format.
Hence, for the user receiving parameters on the TDRSS forward input sheet the user
may specify design values for user spacecraft receiver noise temperatures and antenna
gains even though these values cannot be measured independently for an operating
TDRS-to-user forward service link. A similar case exists for user transmitting
characteristics on the TDRSS return input sheet. Transmitter power, transmitting
antenna gain, and even design antenna circuit losses can be listed for a user-to-TDRS
link, in spite of the fact that the two-hop nature of the TDRSS return service link does
not permit direct measurement of such user satellite transponder features.

LINK COMPUTATIONS

As with the input data sheets, a pair of link computational or link budgeting
spreadsheets appear in both link design tables. The first link computation sheet forms
the fifth page of both the CCSDS Link Design Control Table and the TDRSS Link
Budget Design Table. The CCSDS table evaluates Earth-to-Space Link performance
in terms of carrier, data, and ranging channel conditions for the transmitting Earth
station as well as the receiving user spacecraft. Earth-to-Space path performance is
also determined on this sheet. The presence of subcarriers as well as four interacting
channels for DSN-type link signals means that detailed calculations for fractional
powers and signal degradations on particular channels due to interference from other
channels are needed with the CCSDS table. On the contrary, the forward service link
budget for TDRSS only requires the transmitting power of the command channel to be
specified relative to that of the ranging channel. This is a fixed ratio regardless of the
type of TDRSS mode or service offered. Also, no link analysis results for rain



attenuation or molecular absorption loss performance appears in TDRSS link budget
calculations, further simplifying the forward service link budget sheet. The TDRSS
table models interference, channel loss, and Eb/No performances at the user spacecraft
receiver and forward signal processors as close to the CCSDS Recommendation as
possible, the main discrepancies arising from the differing channel structures between
TDRSS and DSN noted above.

The last page of the CCSDS and TDRSS link budgeting tools consists of the
computations for links where the user spacecraft is transmitting signals to the ground
station or a TDRS, respectively. The format for each link budget parallels that for the
link going to the user from the preceding page of each worksheet. Again, for the
CCSDS table several fractional power calculations are needed to characterize the
effect of using subcarriers to modulate the transmitted data on Space-to-Earth link
performance. TDRSS only specifies the ratio of the orthogonal return service data
channels relative to one another. As with the forward service, this ratio is standardized
to either 1:1 or 4.1, thus significantly reducing the scope of TDRSS fractional power
computations.

The TDRSS Link Budget Design Table includes one last section for the overall or
end-to-end TDRSS return link performance which accounts for signal processing of
the received signal at WSGT. Through open-loop tests conducted at the TDRSS
Ground Terminal the carrier-to-noise ratio for the overall link can be found with
respect to the point at which the received signal from the user spacecraft enters the
demodulator. This C/N ratio at WSGT can be specified rather exactly due to the
automatic gain control circuitry onboard the two TDRS spacecraft. With this system
feature, the TDRS-to-WSGT links can be said to be strongly defined, thus eliminating
the need for a four-part link budget for TDRSS as one might expect to see for a
two-hop link.

PROGRAM FEATURES

Most of the Excel spreadsheet macros used in the CCSDS Link Design Control Table
were preserved, albeit in a modified form, in the TDRSS Link Budget Design Table.
The CCSDS uplink and downlink power ratio computation macros count as major
exceptions to this rule, however, since the relative forward and return service channel
power constraints with TDRSS serve to simplify fractional power calculations.
Because the TDRSS may choose from a rather extensive variety of services and signal
configurations, a mode selection dialog box was also constructed using the Excel
dialog editor as a user-friendly feature. With this dialog box, the link engineer may
examine several user link design possibilities by selection options offered on the box.
Depending on the options chosen, a command macro attached to the bax may also



enter preset data into some of the entries on the TDRSS table worksheet, thus saving
link analysts some time and effort. Lastly, sample databases for all major non-shuttle
TDRSS user operational modes have been included with the spreadsheet package. The
user can access these databases through Excel command macros or place database
values directly onto the link budget sheet by selecting the appropriate modes on the
mode selection dialog box.

CONCLUSION

The CCSDS Link Design Control Table developed by Kantak works quite adequately
for DSN-supported missions since its structure directly addresses DSN link
configurations, thereby containing link budget entries corresponding to the kind of
link measurements possible with this space data system. With TDRSS, it is not
possible to make such detailed measurements of transponder conditions on the two
hops of the space link, so the CCSDS table parameters in general cannot be expressed
in terms of TDRSS link values. This fact necessitates a link budget structure different
from that addressed by the CCSDS table, though a TDRSS link budget tool certainly
can make use of Kantak's basic structure to the greatest extent feasible with accepted
TDRSS link analysis practice, which has been the main product of the study presented
here.
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ABSTRACT

Recommendations of the Consultative Committee for Space Data Systems (CCSDS)
provide a standard approach for implementing spacecraft packet telemetry and
command interfaces. The Fast Auroral Snapshot (FAST) Small Explorer mission
relies heavily on the CCSDS virtual channel and packetization concepts to achieve
near real-time commanding and distribution of telemetry between separate space
borne science and spacecraft processors and multiple ground stations. Use of the
CCSDS recommendations allows the FAST mission to realize significant re-use of
ground systems developed for the first Small Explorer mission, and also simplifies
system interfaces and interactions between flight software developers, spacecraft
integrators, and ground system operators.

1.0 INTRODUCTION

The Small Explorer (SMEX) program at National Aeronautics and Space
Administration's (NASA) Goddard Space Flight Center (GSFC), Special Payloads
Division, in Greenbelt, Maryland was established in 1989 to provide rapid (3 year
development) low cost ($35M) mission opportunities (about 1 per year) to the space
science community. The first SMEX mission, the Solar Anomalous Magnetospheric
Particle Explorer (SAMPEX) was launched in July of 1992. SMEX missions currently
in development are the Fast Auroral SnapshoT (FAST) Explorer and the
Sub-millimeter Wave Astronomy Satellite (SWAS), scheduled for launch in August of
1994 and June of 1995, respectively. Critical to achieving the SMEX low-cost, fast
turnaround objectives is a reliance on standardization, re-usable designs, and
system-wide interfaces that can be applied to a wide variety of science missions. As
such, the CCSDS recommendations for Telemetry and Command (T&C)



communications have become a key and integral design standard for SMEX
spacecraft and ground systems.

A previously developed GSFC mission, the Gamma Ray Observatory (GRO),
implemented key aspects of CCSDS packet telemetry. Experience with GRO has been
providing valuable experience in the development and operations of ground-based
systems at GSFC [1]. The first SMEX mission, SAMPEX, is the first GSFC mission
to implement the full range of CCSDS recommendations for both telemetry and
commands across all spacecraft and ground systems. Building on this, the FAST
mission has been able to take advantage of significant design carry-over from the
GRO and SAMPEX efforts, albeit with a spacecraft Command and Data Handling
(C&DH) system that differs from SAMPEX.

2.0 CCSDS OVERVIEW

The CCSDS approach yields benefits similar to those realized from other
packet-based layered communication techniques in that it provides a powerful method
for hiding application-dependent information from data transport mechanisms and
protocols. The CCSDS committees have provided both an initial Version 1 set of
recommendations, and a follow-on version known as Advanced Orbiting Systems
(AOS). FAST implements Version 1 to maintain commonality with the previous
SMEX mission. The Version 1 recommendations define up to seven layers for both
telemetry and telecommand, and include numerous optional features. The Version 1
layers implemented on FAST are briefly described.

For telemetry [2], the Packet Layer encapsulates spacecraft application data within
variable length packets, and includes headers that provide length, source
identification, and sequencing information. Below the Packet Layer, the Transfer
Layer supplies the basic structures of the digital telemetry channel through use of
fixed length transfer frames. Transfer frames start with a frame synchronization
marker, follow with header data (for frame and channel identification and status), the
frame data field (packets from the above layer), and end in a trailer (which includes
telecommand error control features). Transfer frames can be interleaved through up to
8 virtual channels, which allows the spacecraft to easily route data into streams
destined for functionally and (possibly) geographically separate ground systems.
Below the Transfer Layer are the Coding Layer, which protects against noise-induced
errors in the space-ground link, and the Physical Layer, which is the modulated RF
signal.

For commanding [3.4], a layered approach similar to telemetry is used, with the
addition of command verification mechanisms at both the sending and receiving ends.



The Packet Layer encapsulates variable-length application-specific command data
through use of packet headers with length, destination and sequence control
information. Below the Packet Layer, the Transfer Layer consists of a transfer frame,
which moves command data from the ground to the spacecraft, and the Command
Link Control Word (CLCW), which flows back from the spacecraft to the ground via
the telemetry transfer frame trailer. The telecommand transfer frame consists of a
header, which includes length, identification, and command control information,
followed by the frame data field (packets from the above layer). The CLCW contains
counters and flags which communicate command verification information between the
Frame Operation Procedure (FOP) implemented on the ground and the Frame
Acceptance and Reporting Mechanism (FARM) implemented on the spacecraft.
Together the FOP and the FARM make up the Command Operational Procedure
(COP), of which three optional levels are specified by CCSDS. As with the telemetry
link, below the Transfer Layer are the Coding Layer, which protects against
noise-induced errors in the space-ground link, and the Physical Layer, which is the
modulated RF signal.

3.0 FAST MISSION AND SPACECRAFT

The FAST mission will investigate the physical processes of auroral phenomena at
extremely high time and spatial resolutions. From a highly eccentric, near-polar, 133
minute period orbit, FAST will repeatedly sample the high altitude charged particle
environment over earth's auroral zones. In order to capture the auroral phenomena
over small time and spatial scales, FAST will utilize high speed data sampling and on-
board software that triggers on various key phenomena, for selecting data for
downlink or for storage in a large burst memory.

The SMEX missions do not utilize the NASA Tracking and Data Relay System
(TDRS) and instead rely on a network of ground stations. For FAST, these are located
at Poker Flat (Alaska), Wallops Island (Virginia), Kiruna (Sweden), and Santiago
(Chile). As backup, FAST will also use the Deep Space Network (DSN) station at
Canberra (Australia). All of these stations will receive FAST telemetry; all but Kiruna
will be used for commanding. A multi-mission Payload Operations Control Center
(POCC) at GSFC will support all SMEX missions (currently in use by SAMPEX).
The FAST mission Principal Investigator (PI) is Dr. Charles Carlson at the University
of California (Berkeley), which is where the FAST Science Operations Center (SOC)
will be located. FAST auroral science investigation requirements dictate a 'campaign'
style of mission operations during the winter. For two months, up to 30 minutes of
telemetry will be scheduled every orbit (10-11 per day), with commands being sent at
least once per day (and be possible every orbit). For the rest of the 1 year mission,
non-campaign telemetry contacts will reduce to 120-150 minutes per day. Downlinks



will be done at the highest rate possible. This mission scenario will yield an average
data volume ranging from 4-5 Gbytes per day (campaign) to 1-3 Gbytes per day
(non-campaign).

The FAST spacecraft is a small, lightweight, orbit-normal spinner with multiple
on-orbit deployables (two rigid axial booms supporting electric field sensors, two rigid
radial booms supporting magnetometers, and four wire radial booms supporting
electric field sensors). The spacecraft provides structure, power, thermal control,
telemetry and communication links, attitude control, and health monitoring support for
the scientific instruments. Details of the spacecraft data system design important to
telemetry and command aspects are shown in Figure 1 and summarized in the
following paragraphs.

Figure 1: FAST Data System

The spacecraft command and data handling (C&DH) system is embedded within the
spacecraft electronics module. This module is known as the Mission Unique
Electronics (MUE), and uses a pair of 2 MHz 80c85 microprocessors, with 72Kbyte
ROM and 320Kbyte RAM. The MUE performs telecommand reception, stored
command processing, telemetry data collection and generation, attitude control, power
management and battery charge control, and spacecraft health and safety functions.
Also within the MUE is an 800Kbyte RAM recorder for capturing spacecraft safe-ing
events. Power, weight and orbit radiation constraints dictated the use of the 80c85s for
the C&DH (in lieu of the 80386/80387 processor flown on SAMPEX). Science
objectives required a processing system more capable than the 80c85, and since the
critical spacecraft functions were being performed by the MUE, the processing system
for the instrument could be less radiation-tolerant. The Instrument Data Processing
Unit (IDPU) uses a 10 MHz 32c016 derivative, with 16Kbyte ROM, 64Kbyte
EEPROM, and 256Kbyte RAM. The IDPU manages and controls multiple instrument
components, including boom deployment. Within the IDPU is a high density 1 Gbit



solid state recorder, which includes a selectable (1-2 Mbyte) partition for spacecraft
health and safety data.

FAST uses a standard 5-watt NASA transponder that receives commands at a data
rate of 2Kbps that are transmitted as Non-Return to Zero (NRZ) bi-phase modulation
on a 16 KHz subcarrier at 2.03964 Ghz. Telemetry data is transmitted at 4 digital data
rates (4 Kbps, 900 Kbps, 1.5 Mbps, and 2.25 Mbps) using NRZ phase modulation
directly on the carrier.

4.0 CCSDS IMPLEMENTATION

These mission, operations, and system design requirements, together with a strong
desire to maintain commonality with SAMPEX ground systems, directly influenced
the CCSDS options and features implemented for FAST. They also drove the need for
considerable data flow between the MUE and the IDPU, shown in Figure 2, which has
been implemented at both the packet and transfer frame level.

Figure 2: FAST Spacecraft Data Flow

4.1 COMMANDS

For simplicity, spacecraft and instrument commands are received by the MUE on a
single COP-1 protocol telecommand channel. COP-1 uses sequential ("go-back-n")
re-transmission techniques to correct any frames rejected by the spacecraft due to an
error. CCSDS recommendations provide a chained control specifier mechanism at the
transfer frame layer for specifying FARM parameters to the spacecraft. Use of COP-1,
a single telecommand channel, and a simplified control scheme reduces the potential
complexity of this mechanism to a single (unchained) control specifier using only two



control commands. For operational commands, spacecraft and instrument command
packets are held to a single fixed length (16 bytes) containing a single command in
order to reduce the processing burden on the MUE. Software memory load and table
load command packets are variable in length, but with no more than 200 bytes of load
data per packet.

The FAST MUE and IDPU make extensive use of CCSDS packet header information
to keep application-specific information hidden, which speeds command management
processing and greatly simplifies software-to-software interfaces. Commands received
by the MUE can be either executed immediately (real-time commands) or stored in
buffers for later activation, according to the value of a timecode in the command
packet header. When executed, all commands are routed to the appropriate MUE
software module based on the application identifier (APID) in the command packet
header. Command packets labeled with an instrument-related APID are sent over to
the IDPU for execution.

4.2 TELEMETRY

At the packet level the MUE samples spacecraft engineering, health, and safety data
(currents, voltages, temperatures, attitude measurements) and creates time-tagged
housekeeping (H/K) packets. Data is allocated on the basis of functionality and
sample rate (e.g., low-rate ACS data, high-rate ACS data, power data) into packets of
various lengths (of order 10 to 100 bytes). Functional allocation optimizes data
transfer from spacecraft subsystems to respective engineering groups, while sample
rate allocation simplifies telemetry processing overhead. The IDPU creates similar
instrument H/K packets and passes them over to the MUE, which merges them with
spacecraft H/K packets into transfer frames.

Data from the spacecraft recorder in the IDPU is read out in 1024 byte increments. To
reduce IDPU processor overhead, all science packets have a fixed length of 1054
bytes and only one packet is inserted in each frame(see Figure 3); total transfer frame
length (not counting sync) is 1072 bytes.

At the transfer frame level, FAST telemetry is separated into 6 separate Virtual
Channels (VCs). VC0 contains H/K packets collected while in contact with a ground
station (real-time data). H/K packets collected while out of range of any ground
station and stored in an on-board recorder are played back in VC1. The primary
science channels are VC2 (continuous survey data), VC3 and VC4 (burst event data),
and VC5 (instrument diagnostic data), all of which can contain either real-time or
playback data.



Figure 3: FAST Transfer Frame with Science Packet

The MUE processor can only generate telemetry frames at the slowest downlink rate
(4 Kbps). This restriction necessitates that the IDPU controls the telemetry generation
process at the three higher downlink rates. To simplify MUE/IDPU interfaces, at the
higher rates the H/K packets are first formatted into VC0 or VC1 transfer frames, and
the interface back to the IDPU is handled at the frame level. During downlink, the
allocation of virtual channels to the physical link is ground controllable and based on
numerous factors. For example, to meet the constraints of the multi-user DSN, which
can only allocate 50 Kbps to FAST at any one time, VC3 functions as a metered
channel for sending VC4 data at this slower rate. In other words, when in contact with
a DSN station VC3 is activated (which carries a sub-sample of burst event data), but
when in contact with other more capable ground stations VC4 is activated (which
carries the full set of burst event data).

4.3 GROUND SYSTEMS

The mission-specific systems developed for FAST (MUE and IDPU on the spacecraft,
subsystem Ground Support Equipment (GSE), post-launch software maintenance, and
the SOC on the ground) must interface and operate with numerous ground systems
already developed and in place at GSFC. As shown in Figure 4 these are: the Payload
Operations and Control Center (POCC) for spacecraft command and H/K telemetry
monitoring; the Level Zero Processor (LZP) for telemetry packet processing
(time-order sorting and error flagging); the Flight Dynamic Facility (FDF) for orbit
calculations and precession command generation; and the Command Management
System (CMS) for command load generation. An integration and Test (I&T) GSE
sends commands and receives telemetry from the spacecraft during spacecraft
development and I&T activities. Each of these systems represent a fairly large



investment in their own right, typically consisting of one or more mid-class
workstations and requisite software for data display and management. In addition, the
5 geographically dispersed ground stations and the NASA Communications
(NASCOM) network provide transparent connections between the spacecraft and the
POCC/LZP, regardless of orbit position.

Figure 4: FAST System-wide CCSDS Data Flow

All telemetry and command data interfaces between these systems are implemented
using packets, transfer frames, or Standard Format Data Units (SFDUs) – the latter
being another CCSDS convention for ground system interfaces [5] – which are further
encapsulated in standard ground system protocols (TCP/IP, NASCOM) as
appropriate. The result has been that, although these systems are complex,
geographically dispersed, and are being developed by many different organizations,
interface definition and system development has proceeded smoothly and with
significant software re-use.

Commonality among ground systems resulting from CCSDS implementation extends
to hardware as well. The LZP system design is derived from an advanced technology
prototype system developed to demonstrate CCSDS ground system usage [6]. This
system uses a multi-processor VME back plane with a pipeline approach for managing
the flow and level-zero-processing of CCSDS packets. The core hardware and
software system was duplicated (with slight modifications) to form the basis of the



SAMPEX I&T GSE, which is also being used for FAST. Additionally, derivatives of
the same core system are also being used in development of front-end systems for the
Kiruna and Poker Flat ground stations.

Definition of application-specific parametric information for PCM-based satellite
systems has historically been complex, tedious, and subject to difficulties in tracking
changes [1]. For FAST, use of CCSDS-based telemetry and commands has
significantly improved the development of ground systems in these aspects as well. A
common database is being used to define commands and telemetry parameters in
terms of mnemonic representation, packet structure information, standard data types,
and data conversions. This database is created during spacecraft development and
exchanged among all ground systems that need to interpret FAST data at the
application level.

5.0 CONCLUSIONS

The genesis of the CCSDS recommendations was the recent trend to large,
multi-instrument, multi-user space platforms which have increasingly greater data rate
requirements. However, as has been shown on FAST, the packet-based
communication approach is also applicable to small satellites. Through judicious
selection of CCSDS-allowed options and features, even modest 8-bit processors such
as the 80c85 can support the CCSDS standards. Packets and transfer frames provide a
natural means of encapsulating data for routing between on-board processors as well
as between software tasks within a processor. Virtual channels provide an effective
means to, at the source, segregate science from engineering data and to meter out
selected data to correspond with the ground station limitations. Hiding of application
data standardizes interfaces and speeds development of both space-based and
ground-based systems while at the same time facilitating software and hardware
re-use among missions.
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USING THE TELEMETRY ATTRIBUTES TRANSFER STANDARD

Theodore Takacs, Jr.

ABSTRACT

Telemetry attributes are the detailed items of information
needed for a receiving/processing system to acquire and
process data from a given test item. There are currently as
many different ways to describe telemetry attributes as
there are different organizations which provide them
(instrumentation groups and aircraft/missile manufacturers)
and use them (telemetry processing systems/test ranges). The
Telemetry Attributes Transfer Standard (TMATS) has been
developed as a method of standardizing the transfer of
telemetry attributes information. This paper describes the
TMATS standard and discusses its purpose and application.
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INTRODUCTION

Current telemetry processing systems are required to
decommutate (or demodulate) the input data, convert it from
raw telemetry units to engineering units, and provide some
degree of further processing and data display for a variety
of test projects containing increasingly large numbers of
measurements to be processed. The set of telemetry
attributes information (format descriptions, calibrations,
etc.) which the system needs to perform these functions is
usually provided in the format used by the organization
supplying it. As a result, a considerable amount of time and
effort must be expended to accept each new format of
attributes information encountered, either by writing
reformatting software or manually entering the information
provided. Also, the organization supplying the telemetry
attributes may have to provide different sets of information
to the test ranges involved, owing to different test
requirements as well as differing capabilities of the
ranges.



The implementation of a standard format for transferring
telemetry attributes information would benefit both parties
involved. The supplying organization could provide one set
of information to all sites where testing will be done,
allowing each of them to use the particular items they need
to operate. A test range would need to develop the ability
to accept only the standard format, rather than repeating
the effort needed to accept many different attribute
formats. The Telemetry Attributes Transfer Standard (TMATS)
has been developed to establish this standard format. The
transfer process using the new standard is shown in
Figure 1.

AN OVERVIEW OF TMATS

TMATS was developed jointly by the Telemetry Group (Data
Multiplex Committee) and the Data Reduction and Computer
Group of the Range Commanders Council. The task began in
October 1989 and was completed in January 1993 with the
publication of the TMATS standard as Chapter 9 and Appendix
H, I, and J of the Telemetry Standards document (IRIG
106-93). TMATS is the first attempt at standardization in
this area, even though the transfer of telemetry attributes
information has been necessary since the development of the
first large scale telemetry processing systems in the early
1970s.

In general, TMATS is based on the previously established
standards for telemetry data as described in chapters 2 thru
8 of IRIG 106-93, but some nonstandard features known to be
currently in use are also included. Although TMATS is
intended to be a transfer medium, it contains sufficient
information (date, test number, and revision number, for
example) to also be used as a permanent means of tracking
successive versions of attributes information for a given
test item, if desired.

The standard includes brief descriptions of the transfer
medium, physical format, and logical format to be used.
Acceptable media are disk (3.5" or 5.25") and 9-track tape
(1600 or 6250 BPI). Any of these agreed upon by the parties
exchanging the information may be used for a specific
transfer. The physical format follows from the medium of
transfer used. Tapes are to be unlabelled, for the purpose
of excluding tape formats readable only by a particular
brand name of computers.



The logical format of each attribute is shown in the
following example:

G\OD:01-17-93;

The item begins with a code name (in this case, G\OD)
followed by a colon delimiter. The code name is a unique
keyword which identifies the attribute - "G\OD" denotes the
attribute "origination date." Following the colon is the
actual data value delimited by a semicolon. This "free
format" approach avoids the wasted space resulting from
fixed field sizes. Also, the use of unique code names allows
the attributes to appear in any order.

CONTENT OF TMATS

By far the largest section of TMATS is devoted to its
content - a description of the attributes themselves and
their relationship with each other. The set of attributes
included in the standard is essentially the union of all
methods of telemetry data processing currently known to be
used. Attributes are not denoted as required or optional,
since the list of attributes included in a given transfer
will depend on the system characteristics of the parties
exchanging the information. The supplying organization
simply includes the attributes needed to describe their
telemetry data, omitting those that do not apply. The
receiving organization can then use the attributes supplied
to prepare their system to receive and process the telemetry
data described, omitting those not needed.

Attributes are divided into functional groups, as follows:

The General Information (G) group gives general identifying
information and lists all data sources. There is one G group
per TMATS transfer.

The Transmission Attributes (T) group defines the data
sources to be transmitted during the test. There is one T
group per live data source.

The Tape Source Attributes (R) group defines the data
sources to be processed from tape. There is one R group per
recorded data source.



The Multiplex/Modulation Attributes (M) group describes the
type of data contained in each data source. There is one M
group per data source.

The PCM Format Attributes (P) group describes the format of
each source containing PCM data. There is one P group per
PCM data source.

The PCM Measurement Description (D) group describes each PCM
measurement. There is one D group per PCM data source.

The 1553 Bus Data Attributes (B) group describes the
characteristics of PCM encoded 1553 bus formats. There is
one B group per 1553 data source.

The PAM Attributes (A) group defines PAM format
characteristics and measurements. There is one A group per
PAM data source.

The Data Conversion Attributes (C) group describes the
conversion of all measurements from telemetry units to
engineering units. There is one C group per measurement.

The relationships among the groups are shown in Figure 2.
Between each pair of groups is the attribute which links
them together. For example, the tie between a D group and a
C group is the measurement name. This allows the
measurement's PCM format information from the D group to be
associated with its calibration information from the C
group.

Individual attributes within each group are described in two
different ways: a tree structure, which shows the
hierarchical relationships among the attributes, and a
table, which lists each attribute and its length, code name,
and definition. Portions of the tree and table which
describe the G group are shown in Figure 3 and Table 1,
respectively. Figure 4 is an example of G group attributes
as they would appear in a TMATS transfer.

APPLICATION OF TMATS

The intended use of TMATS at the Real-time Telemetry
Processing System III (RTPS III) is presented to illustrate
the application of this new standard. RTPS III processes
flight test data for the wide variety of testing done at the



Naval Air Warfare Center - Aircraft Division, Patuxent
River, Maryland. The capability to receive telemetry
attributes information has existed at Patuxent River since
1973, when the original system (RTPS I) could accept such
information on punched cards.

When a set of telemetry attributes information is received,
it must be converted into a set of telemetry instrumentation
files, referred to as a configuration file (C-file). The
process of creating a C-file is automated to allow a timely
response to new telemetry attributes information provided.
For each organization using RTPS III, customized
"translator" software has been developed to read and
reformat their attributes information, resulting in a new
C-file which reflects the attributes provided. The initial
task planned is to develop translator software which accepts
the TMATS format. (Similarly, an organization which provides
telemetry attributes information would need to develop a
method to produce the TMATS format from their own local
format.)

Once the capability to accept (and produce) the TMATS format
exists, the need to develop any further translator software
will be eliminated. Organizations already using RTPS III
could elect to either continue the existing transfer path or
switch over to TMATS. Any new customers needing to use RTPS
III would be asked to provide their attributes information
in the TMATS format.

CONCLUSION

TMATS, the new standard format for the exchange of telemetry
attributes information, is now available to be used. In
order to utilize TMATS, an organization simply has to
develop the capability to convert between their own local
format and the TMATS format - there is no need to change
existing internal storage and use of attributes information.
As the software is developed to produce and accept the TMATS
format and more organizations begin to use it, the
advantages of eliminating the need for customized entry of
unfamiliar formats of attributes information and the
resulting reduction in the time and effort required to
prepare for test support will be realized. It is expected
that this standard will be the basis for future additions as
new attributes not currently in the standard are identified.
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Figure 1

Typical Elements of the Telemetry Attributes
Transfer Process



Figure 2 - Group Relationships



Figure 3 - General Information Group structure

Figure 4 - General Information Group example





INTEGRATED SATELLITE CONTROL
OPEN SYSTEM ARCHITECTURE DESIGN STANDARDS
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ABSTRACT

Design standards defined in this paper provide the framework to implement an open
system architecture to achieve the interoperability requirements for integrated satellite
control directed by USCINCSPACE. Ground segment space operations that
implement these standards will provide the capability to eliminate the artificial
barriers between mission unique ground systems that operate in a stove-pipe manner
today. Through common support equipment and advanced workstations, operator
cross training will become unnecessary. To implement interoperability, it is necessary
to define standard physical, electrical, and communication interfaces and protocols, so
components from different manufactures will operate together. Implementation of
these standards tends to build on the natural infrastructure of today's satellite operation
center and maximize the reuse of common user components for satellite control,
mission payload operations and force management. The infrastructure concept
uniquely blends the requirements for providing a single operator the capability to
perform all tasks for these missions at a single workstation. Prototypes built and tested
by the Air Force have demonstrated the feasibility and payoff of this design concept.

CAPSTONE REQUIREMENTS

Interoperability is clearly defined by two capstone documents: the Integrated Satellite
Control (ISC) Mission Need Statement (MNS) augmented by the Concept for
Integrated Satellite Control, and the Battle Management/Command, Control and
Communications (BM/C3) Operational Requirements Document (ORD) for Global
Protection Against Limited Strike (GPALS). Both documents are approved by
General Homer, USCINCSPACE.

ISC requires that future ground systems be designed in accordance with open
architecture standards and provide the capability to operate dissimilar satellites from
the same ground station, using the same up-down link antenna, with the same military
operators, using to the maximum extent possible the same hardware and software.
This concept emphasizes the use of Common User Components (CUCs) as illustrated



in Figure 1. The design standards to implement interoperability are set forth in the
Standard Mobile Segment (SMS) Standard, an Aerospace Corporation Technical
Operating Report maintained by the Space and Missile Systems Center (SMC) Chief
Engineer. Work on these standards earned SMC and the SMS team the DoD 1992
Standardization Award for Outstanding Performance.

Figure 1–Integrated Satellite Control

ISC requirements have evolved over the last 10 years. It evolved from the Assured
Mission Space Support Architecture (AMSSA) to the ISC Multi-Command Required
Operational Capability (MROC) 04-88. Each of these initiatives clearly articulate the
requirements for normalizing space operations, enhancing the interoperability and
standardizing the designs to reduce life cycle cost. General Horner has extended the
requirements in the MNS to front load the combat forces with space support.

The architecture required to satisfy these requirements is distributed, not centralized.
It requires the capability to rapidly deploy the space system ground segment and
integrate the deployed assets into the theater commanders C4I infrastructure. This
requires direct down-link from the satellite to the theater.

The more difficult operational concept is how best to provide payload control from the
deployed ground segment. This is needed under some situations that have very short
response times coupled with satellites that have taskable payloads for surveillance,
communications, and weapon employment.



One of the USSPACECOM ORDs approved by General Horner for GPALS is the
BM/C3 ORD dated 4 December 1992. This document is also a source of requirements
for Strategic Defense System space element ground segments—called the Element
Operation Center (EOC). The ORD also specifies the requirements for event
validation, space asset management, the need to support non-BMD (Ballistic Missile
Defense) missions, and the requirement to operate autonomously.

Implementation of the open system architecture and design standards are required by
the ORD by stating that facilities must comply with the Fixed and Mobile Standard
(FMS). Additional requirements for the space elements are detailed in the SMS
Standard. For all practical purposes FMS and SMS articulate the same standard in the
common (core) facility requirements. SMS adds standards for three generic mission
areas: Satellite Control, Mission Payload Operations, and Battle Management.

Design options for the core standards are defined to achieve the following objectives:

Define physical, electrical, and communication interfaces and protocols, so
components acquired from different manufacturers will operate together.

Reduce the life cycle cost of satellite control operations by limiting the
design options to require less logistics support.

Ease the use of advanced technology so an officer-in-charge and enlisted
maintainer/operators can operate satellites in a war time environment.

Define natural and induced environment standards so operational units can
operate under adverse conditions.

GROUND SEGMENT ARCHITECTURE

The fundamental concept for implementing the ISC concept in a GPALS BM/C3
architecture is illustrated in Figure 2. Two dissimilar satellite constellation are shown
to highlight the requirements for interoperability. The Early Warning System (EWS)
provides global surveillance from a near-geosynchronous orbit. Brilliant Eyes (BE)
provides surveillance and target tracking from a low energy orbit. The concept is to
provide workstations on a Local Area Network (LAN) and provide the capability for
all tasks to be performed on any mission workstation. The tasks are: Satellite
Operations, Payload Operations, Battle Management, and Terrestrial or Satellite Relay
Communications.



Figure 2–Ground Segment Architecture

All TT&C functions are provided by Satellite Operations in this model. it is the only
interface between the space segment and the ground segment. For direct readout of
space data to a combat force, a subset of the TT&C functions must be packaged as a
receiver and integrated into the deployed C4I theater infrastructure.

Payload Operations include final Mission Data Processing, Event Validation of data
received on the down-link, and Payload Scheduling in response to sensor, weapon,
and communication tasking received from the Battle Manager. The interface is more
clearly described in terms of force execution and force reporting.

Force Execution: Battle Management processes all control directives received from
higher authority and converts them into tasking messages. Payload schedules are
passed to the Command Generator in Satellite Operations who builds the command
upload to the satellite.

Force Reporting: Mission data, engagement results and status are stripped from the
telemetry down-link by the Front-End Processor, sent to Payload Operations for final



processing, then to Battle Management for reporting through Terrestrial and Satellite
Relay Communications to all force managers.

These are the natural interfaces of an ISC ground segment, and this model provides
the basis for implementing a wide variety of open system architectural designs. It is
this implementation that is so controversial, and is the subject of many prototype
developments sponsored by government agencies and contractor Independent
Research and Development (IR&D).

Four levels of interoperability are defined in the ISC MNS:

1. Mission Control Center Interoperability that provides the capability for one
network to access and support another network's satellites.

2. Ground Station Interoperability with antenna interoperability that allows the
mission control centers to interface with and operate through another
network's ground stations.

3. Facilities Interoperability that provide interoperable equipment (not common
equipment) so that each mission control center can operate through another
network's assets to control a satellite.

4. Network interoperability at the operator level that allows a trained satellite
control operator to conduct satellite support from any mission control center
through any antenna to the assigned satellite without excessive additional
training.

INTERFACE DESIGN STANDARDS

To implement the open architecture, all future ground segment designs must comply
with the electrical interface standards defined in the following table.

Software standards are defined by specifying military and commercial standards that
enhance modularity and portability, and that are easily supported. The following
software standards are specified in FMS/SMS Standards:



Table 1–Interface Design Standards



Table 2–Software Standards



Key Technologies

Data Management

Knowledge-Based Systems

Satellite Control Automation

Mission Operations Normalization

TECHNOLOGY BASE

Early analysis by the FMS/SMS
Standards working group and prototype
contractors showed the operator to be the
most critical resource in the operations
unit. As required by ISC, and using a
perceived concept of operations for
Strategic Defense, two or three
operator/maintainers are needed to keep
the equipment running, fly the satellites
and validate the mission events from the
satellite payloads. It is clear that a highly
automated decision support system,
known as an expert system, is needed.
The issue is: How well will this work?

Prototypes are needed to measure human-in-the-loop performance. Simulation models
and analysis of perceived operator response time and work load sharing are totally
inadequate to develop sufficient confidence in the derived requirements for operation
designs.

The Aerospace Corporation continues to develop a technology road map for
implementing ISC. Four key technology areas are defined for the ground segment.

1. Data Management

a Multi-Level Security to implement tactical data fusion.

b. Distributed Database Management implementing an open system
client-server relationship that retains functional packaging modularity with
minimum functional co-dependencies.

c. Database Management System extensions to SQL to store and retrieve
complex semantic data.

d. Optimistic concurrent control and enhanced version control of
object-oriented databases.



2. Knowledge-based Systems

a. Faster and smarter query systems to implement the performance goals.

b. Heuristics to model inferential relationships between the space systems and
its environment, and intrasystem subsystems and components.

c. Human-Computer-Interface Engineering to minimize operator cross-training
and change the paradigm of how the military fly satellites.

3. Satellite Control Automation

a. Real-time Orbit Determination to implement high precision satellite position
and velocity determination without intervention by the operator.

b. Satellite vehicle attitude control models and processes to normalize operator
interaction with these functions.

c. Anomaly management models and processes that implement advanced
decision aids and visualization using multi-media technology.

4. Mission Operations Normalization

a. Standard mission data processing algorithms to reduce operator
cross-training requirements for event validation and response to force
direction from higher authority.

b. Standard message formats and protocols to interoperate in any C4I
infrastructure.

Three Steps to the Technology Roadmap:

1. Define the technology components and their relationships.

2. Identify windows of opportunity for technology insertion.

3. Assess technology contributions and cost effectiveness in implementing the
Integrated Satellite Control goals.

Developing the technology road map requires three steps. First, each of the
technologies described above must be expanded into its component parts and the



relationship of those parts clearly understood. In the Aerospace Design Center, the
technologies are continually being dissected and investigated.

The second step is to define the time windows of opportunity when subsets of the
technology can be inserted into specific satellite development programs. We have
found that windows of opportunity are best defined by the Request for Proposal (RFP)
release dates for initial procurements and major block changes. Concept Definition
RFP defines the earliest opportunity, and Full Scale Development RFP defines the
latest opportunity. Initial Operating Capability (IOC) is used to show when operation
experience is available to the development community for scheduling pre-planned
product improvements.

The last step is to assess how the technology components contribute to achieving the
capabilities required by ISC. In many respects this assessment is what keeps ISC
alive. We never get everything at once, and the ISC technologies scheduled for
insertion need to be justified in terms of their cost effectiveness.

REQUIREMENT VALIDATION THROUGH PROTOTYPING

To implement ISC the functional configuration shown above was developed by the
working groups developing the FMS and SMS Standards. The first implementation
was called Standard Mobile Segment Prototype (SMSP). Two Strategic Defense
Initiative contractors, Loral and IBM, showed that open architecture standards can be
implemented and the fundamental concepts of ISC will work. Of particular interest
was the demonstration that Common User Components (CUCs) form a viable
infrastructure for all missions.

The follow-on to SMSP is EOCT (EOC Tested), Figure 3. It includes the battle
management functions that were not implemented in SMSP. Most of the infrastructure
hardware and software is Non-Development Items/Commercial Off-The-Shelf
(NDI/COTS). Most of the Satellite Control software is NDI/COTS. Mission Payload
Operations software is mostly development software from other applications that have
been re-engineered. Battle Management software is newly developed software for the
most part—it is called BMP (Battle Management Processor). BMP includes two major
components: Message Handling Subsystem (MHS) and Tactical Data Fusion (TDF).

MHS provides the dynamics of force management by processing control directives
from higher authority and generating sensor, weapon, and communication task plans.
TDF provides the capability to correlate or fuse target track data from dissimilar
elements. Combined, BMP adds the important dynamics between the classical space
system ground segment and war fighting component of the force. Considering the



short response time for effective threat engagement, it is important to understand the
interface requirements and dynamics of this horizontal line of communication.

Figure 3–EOCT Functional Configuration

Based on the SMSP functional architecture and the evolving FMS/SMS design
standards, an EOCT hardware configuration was designed that maximized the use of
NDI/COTS components. This configuration is modeled after IBM's SMSP
configuration. EOCT's baseline design, Figure 4, is to use an all Black FDDI Local
Area Network (LAN) and embedded cryptos to interface equipment racks to the LAN.
Two alternate solutions are (1) to use a Red-Black LAN configuration to separate
status and control data from mission data, and (2) all Red LAN to operate system
high. The all Black LAN was chosen to provide the capability to investigate
multi-level security issues.

RISC System 6000 workstations were selected because of their compute power, and
because they were successfully demonstrated in SMSP. Each workstation is
configured with the maximum memory and storage as a hedge against the uncertainty
of requirements.

The Loral 550, with a Global Positioning System (GPS) based Time and Frequency
Subsystem, is the Front-End Processor for telemetry and commanding. SATSIM is the
vehicle response simulator built for NRL and modified for the EOCT. MAS
(Manufacturing Automated Supervisor) is the facility controller built by Honeywell.
All these equipment are VME based NDI/COTS components.



Communication chassis can be swapped
in-and-out to match the interface
requirement. To comply with the
FMS/SMS Standards this equipment must
be remotely controllable by the facility
controller.

Figure 4–EOCT Hardware Configuration

STU IIIRs are used to interface the EOCT
with external data sources such as Early
Warning Radar (EWR), Early Warning
System (EWS) and others. The "R"
designates that capability to remotely
control the STU III from the facility
controller.

Motorola's Network Encryption System (NES) is used to interface the EOCT to the
National Test Facility (NTF) over a T1 line. Crypto transmitters and receivers (KGT
and KGR) and their modems will be selected to match the requirements of the
selected Satellite Control Network (SCN). Both AFSCN and NAVSOC are potential
interfaces.

PERFORMANCE GOALS

The packaging concept and functional partitioning of the ISC ground segment
provides the means to derive performance goals from ISC and the GPALS BM/C3
ORD. Most of these performance goals were demonstrated by SMSP and
operationally by NRL Blossom Point and NAVSOC. We have high confidence that
they can be achieved in any future ground segment. The most stressing goals are
defined below for Satellite Operations and the Human-Computer-Interface (HCI).



Satellite Operations: Ground segment equipment must be modular so that it can be
set up to operate anywhere, either as a self-contained operational unit or as an
operational unit that operates with equipment at the deployed location. Modular
construction and equipment packaging should provide the capability to set up and
operate within 15 minutes. Wartime operations require the capability to switch from
one satellite system to another within 10 seconds. Missile engagement response time
lines require command upload verification to weapons within 5 seconds.

Human-Computer-Interface: Workstations supported by advanced decision support
software need to be built so a Non-Commissioned Officer (NCO) with an officer in
charge can operate the satellites in a war time environment. Throughput within the
operations unit needs to be fast enough so that the operator is notified within 1 second
of information received at the operations unit. Most operator responses must be
completed within 60 seconds after receipt of an event notification. This includes
operator response for event validation, corrective action, force management response,
and reporting.

PAYOFF

Operation Desert Storm has already proven that space elements are vital to the success
of current and future military operations. Integrated Satellite Control, implemented
with Open System Architecture Design Standards, is the logical and necessary next
step in providing field commanders with even more access to space assets.

The payoff from EOCT can be focused in five areas:

First and foremost it provides a government baseline for implementing ISC
in future space system ground segments. At this time we do not understand
the interface dynamics with other BM/C3 components. Nor do we have the
means to test with hardware and operator in the loop. EOCT provides this
capability!

EOCT provides a means to independently test interoperability and
commonality designs that implement USCINCSPACE's need for Integrated
Satellite Control.

Contractors will be invited to demonstrate their design solutions and prove
their concepts can implement an open system architecture specified by the
FMS/SMS design standards in a government provided test article
development environment.



Early products, integrated and tested in the EOCT, will be installed in other
government test facilities (e.g., National Test Facility) to drive out
operational requirements for specific missions.

The government can independently assess contractor on-orbit Flight
Demonstration Satellites (FDSVs), and Test and Checkout Satellites
(TACOs) to collect data for Defense Acquisition Board (DAB) decisions and
gain early confidence in the Engineering, Manufacturing, and Development
(EMD) specifications.

Proving SMS design standards will work provides the design foundation for future
satellite operations. Missions requiring deployable operational units for contingency
support or to augment fixed facilities will be interoperable. Implementing ISC will
provide the capability to support the war fighter in a distributed and autonomous
tactical operation.
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BIT ERROR PROBLEMS WITH DES

Christopher E. Loebner

ABSTRACT

The Data Encryption Standard (DES) was developed in 1977 by IBM for the National
Bureau of Standards (NBS) as a standard way to encrypt unclassified data for security
protection. When the DES decrypts the encrypted data blocks, it assumes that there
are no bit errors in the data blocks. It is the object of this project to determine the
Hamming distance between the original data block and the data block after decryption
if there occurs a single bit error anywhere in the encrypted bit block of 64 bits. This
project shows that if a single bit error occurs anywhere in the 64-bit encrypted data
block, a mean Hamming distance of 32 with a standard deviation of 4 is produced
between the original bit block an the decrypted bit block. Furthermore, it is highly
recommended by this project to use a forward error correction scheme like BCH (127,
64) or Reed-Solomon (127, 64) so that the probability of this bit error occurring is
decreased.
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INTRODUCTION

The Data Encryption Standard (DES) was developed in 1977 by IBM for the Nation
Bureau of Standards (NBS) as a standard encryption algorithm to protect unclassified
information that would be transferred over a channel. The paper by Simid and
Branstad [1] offers a more complete history of the development of DES. DES can be
realized as a 64-binary-bit-block cipher device. It may also be a program which
combines a block of 64 binary bits of data with a user-specified 64-bit block key (8
parity bits and a 56-bit code word) to produces a 64-bit encrypted block of data. In
order to do this, the DES algorithm assumes that the 64 bits of data have no bit errors
as they enter the DES decryption algorithm. Unfortunately, bit errors occur in
transmission and we need to evaluate the consequences for the decryption process.
Therefore, the first major objective of this project is to show what happens after
decryption when a single bit error is introduced to the encrypted block during
transmission. The second objective of this project is to basically show what happens



after decryption if two bit errors occur in transmission of the encrypted block instead
of one and present ways to mitigate against bit errors with error correcting codes.

This research shows that when a single or double bit error occurs in the encrypted data
block, the DES decryption algorithm produces more bit errors in the decrypted data
block. More specifically, in this project we calculate the Hamming distance (this is the
number of bits that are different between two bit blocks) between the original 64-bit
data block and the decrypted 64-bit data block when a single or double bit error is
introduced in transmission.

DES ALGORITHM PROCESS

DES operates in four different modes:
(1) Electronic Code Book (ECB).
(2) Cipher Feedback (CFB).
(3) Cipher Block Chaining (CBC).
(4) Output Feedback (OFB).

Each mode can be used for a particular task. For example, ECB is used for encrypting
keys; CFB is used for encrypting individual characters; OFB is often used for
encrypting satellite communications; and both CBC and CFB can be used to
authenticate data [1]. The National Bureau of Standards Federal Information
Processing Standards Publication (FIPSP) 81 [2] offers a more in-depth view of each
DES mode of operation. For this project, the ECB mode is used because of its
simplicity. The DES algorithm process is best described in the National Bureau of
Standards FIPSP 46 [3].

PROJECT PROCEDURE

The program part of the project will be based on the block diagram in Figure 1.

Figure 1 Program Block Diagram

To get a thorough analysis of the bit error problem, the program will create a file of
1000 blocks of 64 random bits and encrypt each block one at a time. The program



takes each data block from the file and performs the following procedures on each
data block one at a time:

(1) The data block is DES encrypted with a given keyword.
(2) For each of the 64 bits in the block, sequentially perform:

(a) Starting with the most significant bit in the data block, the
program makes that position in error by changing a 0 to 1 or 1
to 0. This simulates a single channel error.
(b) Decrypt this erred data block.
(c) The Hamming distance between the original data block
and the decrypted erred data block is found and stored.

(3) Repeat procedures 1 and 2 with the next 64-bit block in the sequence.
(4) Find the mean and standard deviation on the Hamming distances
found for each bit position that was in error (all 64 positions) for all data
blocks processed.
(5) Perform statistical analysis for all Hamming distances found overall.

To insure that we are not seeing artifacts of a given key and data block, this project is
split into the following three trials.

(1) Trial 1 uses the keyword 0123456789ABCDEF written in
hexadecimal. A data file of 1000 random blocks of 64 bits is created by a
random number program.
(2) Trial 2 uses the same keyword as in trial 1 but with a different set of
1000 random data blocks.
(3) Trial 3 uses the keyword ABCDEFABCDEFABCD written in
hexadecimal and the same set of 1000 random data blocks as in trial 1.

Overall; these three trials will show if the Hamming distance will vary when using
two different key words and two different sets of data blocks.

EXPECTED RESULTS

The expected results on what should happen to the output ciphertext block if a single
bit in the input bit block is changed, is best described by Davis and Price [4]. They
state that, "the effect of a change of one bit in an input plaintext block should ideally
be to change the value of each individual bit in the output ciphertext block with a
probability of one-half" [4]. This is because the designers of the DES algorithm
wanted it to be impossible to find any correlation between the plaintext and the
ciphertext. Thus, this implies that a mean Hamming distance of 32 should be expected



Figure #2        Trial #1 Positions 1-4

between the decrypted bit block and the data bit block when a single bit in the
encrypted bit block is changed.

PROJECT RESULTS

The project results for the 3 trials are shown in Figures 2, 3, & 4 where:
(1) Figure #2 shows the Hamming distances found when bit positions 1
(1sb), 2, 3, & 4 are individually erred for trial 1.

(2) Figure #3 shows the mean Hamming distances found for each bit
position that is erred for trials 1, 2, & 3. The very last position in Figure 3,
position 70, shows the overall mean for each trial.
(3) Figure #4 shows the standard deviation found for each bit position
that is erred for trials 1, 2, & 3. The very last position in Figure 4, position
70, shows the overall standard deviation for each trial.





Overall, Figures 3 & 4 shows that a mean Hamming distance of 32 and a standard
deviation of 4 will occur when a single bit error occurs in any of the 64 possible
positions. Thus, no error in any one position will produce a significantly higher or
lower Hamming distance. Also, having a different key word or a different set of 1000
bit blocks will not produce a significantly higher or lower overall Hamming distance.
When one bit error occurs anywhere in the encrypted block, an average of half of the
bits in the bit block will be wrong after decryption compared to the original bit block
before encryption.

The second objective of this project is to find out what will happen if instead of one
bit error occurring, now two bit errors occur during transmission. Trials 1, 2, & 3 are
performed with bit position 1 (1sb) held in constant error while bit positions 2 - 64
(msb) are each erred. The results are approximately the same as in Figures 3 and 4
where the mean Hamming distance is 32 with a standard deviation of 4. Thus, from
Figures 3 & 4, it can be conclude that the DES algorithm thoroughly mixes up each
individual bit in the output ciphertext block so that the same results are produced for
one or two bits are changed in the plaintext.

ERROR CORRECTING CODES

If a single or a double bit error occurs in the encrypted bit block during transmission,
it can be expected that half of the decrypted bits in the bit block will be wrong. These
errors in the decrypted block can be shown in terms of a coding loss, the BER (bit
error rate) loss due to an extra 31 one errors instead on one which is shown in Figure 5
where a BPSK modulation is used. This BPSK coding loss of the decrypted data block
shows a log (1.5) increase in the BER compared to the BPSK (uncoded) graph before
decryption. Thus, a forward error correcting scheme like the one in Figure 6 would
avoid that one or more bit errors and the subsequent coding loss as much as possible.

Figure #6 Block Diagram of a Forward Error Correcting Scheme
Two possible coding schemes that use a symbol length of 64 bits (one DES data
block) would be the BCH (127, 64) and Reed-Solomon (127, 64) where 127 is code
length in bits and 64 is the symbol length in bits. BCH corrects up to 10 errors and the
Reed-Solomon corrects up to 31 errors [5]. The graph of log (BER) vs. Eb/No for
BCH and Reed-Solomon using a BPSK modulation is shown in Figure 5.

Using a coding scheme like BCH or Reed-Solomon will improve the BER for a given
Eb/No. For example, consider a BER at 1.0E-4, the Eb/No for BCH (127, 64) is (from



Figure 5) 5.5 dB, for Reed-Solomon is 2.5 dB and for uncoded BPSK is 7.7 dB. This
shows a 2.2 dB improvement for BCH (127, 64) and a 5.5 dB improvement for
Reed-Solomon when both are compare to the uncoded BPSK. Thus, coding does
improve the BER but there is a sacrifice of either speed (bit rate) or bandwidth



CONCLUSION

This project has looked at the problem of what would happen to the decrypted bit
block when a single or double bit error occurs to the encrypted bit block during
transmission. The decrypted bit block would have on the average half of its bits would
be wrong. Thus, a coding scheme such as BCH (127, 64) or Reed-Solomon (127, 64)
would be used to decrease the chance of bit errors from occurring at a expense of data
transmission speed or bandwidth. This project could be easily adapted with other
encryption algorithms to perform the same experiment.
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ABSTRACT

The increasing availability of powerful yet relatively inexpensive data acquisition
and processing techniques has precipitated a radical reappraisal of the methods
used to capture, manipulate and store data of all kinds. Some of the recently
introduced recording systems can be used both for fast data capture and for high
capacity archival/back-up applications - effectively bridging a long-standing
divide between these two formerly diverse aspects of data recording and
processing .

This paper offers a brief overview of a new technology known as micro-track
recording, and suggests ways in which system designers and integrators may
take full advantage of its important new facilities and features.

INTRODUCTION

There was a time when magnetic tape recording products could be discussed in terms
of a number of distinct, market-oriented applications - each with its unique
technology, language and even culture. For many years, these entities co-existed with
little or no interaction. Within the last few years, however , there has been a trend for
new techniques, developed to satisfy a user need in one sector, to be adapted and
applied to another.

There is now a requirement to take this process one stage further with the introduction
of a new class of magnetic tape recorder that combines the attributes of the high speed
data recorder with those of the computer peripheral. This need is being driven
principally by highly data-intensive applications where the computer derived



requirements of data analysis or processing carries equal or greater importance than
the traditional approach which has tended to give priority to data capture.

Micro-track recording is a new technology which has been developed specifically to
address the problems of bridging the gap between data capture (instrumentation) and
computer processing.

DEFINING THE PROBLEM

The basic attributes required of a magnetic tape recorder capable of performing
effectively both as a data capture device and a computer input/output peripheral can be
summarized as: convenience of media handling; storage capacity per unit of medium;
data throughput; continuous; variable and burst data transfer; independent read and
write rates; control of data transfer; media/record management; ease of computer
interfacing and control.

MICRO-TRACK RECORDING FORMAT

Conventional continuous data recorders (both longitudinal and helical) do not lend
themselves readily to the fast start/stop procedures fundamental to the efficient
operation of any computer input/output device. Yet their media capacities and transfer
rates generally exceed those of traditional computer storage devices.

Nevertheless, longitudinal recording, in particular has certain attractions as a starting
point for the development of a 'computer-friendly' digital cassette recorder. It is
relatively straight-forward to break a multi-track longitudinal recording into blocks,
although high density digital recorders using IRIG track-widths and tape speeds have
too low a storage capacity (and require too long to start and stop) to be of direct use.

Micro-track recording, as implemented in the new PEGASUS recorder manufactured
by Penny & Giles Data Systems, is essentially a multi-track longitudinal system in
which the track-width is significantly smaller than that of a 28-track IRIG recorder.
With PEGASUS, the 20-track write heads are interlaced to give forty parallel tracks
arranged across a 19 mm wide D-1 tape. Each read head is placed between a pair of
similarly-aligned write heads in order to give read-after-write downstream monitoring
and bi-directional replay capabilities.

Data is first recorded from one end of the tape to the other, and at the end of the first
pass the heads are moved laterally to register with an unrecorded region before
recording continues in the opposite direction. The direction reversal is accomplished
at an inter-block gap and is transparent to the user.



The micro-track recording process differs radically from continuous longitudinal
methods in that writing and reading take place at a single, fixed tape speed and at a
constant data packing density.

Data is always buffered, and written (or read) in blocks of fixed length, regardless of
input or output conditions. Data is written to, and read from tape incrementally, at a
level which ensures that there is sufficient buffer capacity to accept data at the
maximum specified rate. The tape drive has a fast start/stop time and uses 'shuffling'
for maximum tape utilisation, Fixed heads and a single read/write speed contribute
significantly to reliability, and extended life tests have confirmed that the magnetic
media exhibits no observable physical degradation or loss of performance - even after
several thousand start/stop cycles.

The use of buffered, fixed speed recording means that the system is able to accept
write or read clock rates anywhere in the range zero to 120 Mbits/sec (15 MBytes/sec)
without adjustment. User data can be written or read at any rate within the range,
rather than at a limited number of pre-determined ratios, and can be read in both
forward and reverse directions.

An additional advantage of fixed speed recording and reproduction is that the data and
control electronics are significantly less complex than i s the case with a system which
has to operate over a wide range of tape speeds. Multi-speed equalisation circuits (and
their associated calibration procedures) are eliminated and there is no need for a
sophisticated capstan servo system.

Burst data transfers (both input and output) are also accommodated. Data is always
recorded at a fixed density on tape, regardless of input or output conditions.
Furthermore, since the heads do not rotate, and the tape is stationary when there is no
data to be recorded, it is acceptable to leave the recorder in a 'stand-by' condition
indefinitely, without risk of head or tape wear. The buffer ensures that no data is lost
during start-up or direction reversal.

THEORY OF OPERATION

The writing process is initiated by the WRITE command. Data is input to the recorder
under the control of the user's clock (UCLK) and is always converted by the Data
Interface into a 32-bit parallel format before it is passed to the Data Buffer. The Buffer
Controller monitors the state of the Data Buffer and clocks data to the
Encoder/Parity/CRC circuits in blocks of fixed length. Control information (including
date, time, block address, recorder and cassette ID's, interface type and any user event



marking) is also generated. The System Controller initiates the ramp-up procedure and
data blocks plus the control tracks are written to tape.

A user clock must also be provided in order to output data. When the READ DATA
command is received, the System Controller ramps the transport up to speed and
begins to fill the Data Buffer (via the single-speed equalizers, bit synchronizers,
decoders and error correction circuits), Once sufficient data is available in the buffer,
it can be clocked-out on demand.

This initial description is, in fact, somewhat over-simplified, since it ignores the
important hand-shaking routines which should be used to control the flow of data to
and from the recorder. This aspect of the system will be addressed in greater detail
shortly.

Note that other user inputs and outputs (for example, event marking and annotation)
are routed via the control interface, as are all control and status transactions. The
recorder also generates other important record management data, including:
RECORDER ID - a unique serial number which is automatically logged during
recording; CASSETTE ID - automatically assigned to each new or erased tape;
RECORDER TIME/DATE - Used with the FIND and READ commands; DATA
INTERFACE - ECL serial, ECL parallel, TTL parallel; etc.

PEGASUS OVERVIEW

PEGASUS, the first practical example of a cassette data recorder using micro-track
technology, was introduced by Penny & Giles Data Systems in 1993. It is a
self-contained recorder/reproducer incorporating data interfaces, input/output buffer
and error correction. It has been designed to operate in a range of fixed and mobile
environments, including submarines, surface ships and passenger/transport aircraft.

The tape drive handles commercially available D-1 large cassettes in an incremental
(fast start/stop) manner. A fixed tape speed is used for writing and reading and
precision tape guidance provides the high degree of control needed for reliable and
consistent interchange of micro-track recordings.

Initial versions of PEGASUS support two-pass operation (one pass of the tape in each
direction), although the format allows for additional passes in future models. The
two-pass format achieves a data capacity of up to 240 Gigabits (30 GigaBytes) per
cassette.



Heads are warranted for 5,000 hours of operation. The mounting arrangements of the
heads and other mechanical assemblies are designed to allow field replacement. The
inherent simplicity of micro-track recording ensures the highest possible levels of
equipment availability combined with low costs of ownership.

PEGASUS is designed to achieve a Mean Time Between Failures (MTBF) of not less
than 2000 hours and an average Mean Time to Repair (MTTR) of fifteen minutes.

WRITE HAND-SHAKING

For a new class of recorder to bridge the gap between instrumentation (continuous)
and computer (fast start/stop) one critical element is the control of data transfer, as
distinct from the traditional tape movement controls of HDDR and most rotary
recorders.

Data flow is controlled quite simply, during both writing and reading, using a pair of
signal lines (associated with the data interface). These lines are known as DATA
READY and USER DATA ENABLE and are used in the following sequence:

1. The user issues the WRITE command to the recorder, via the control interface.

2. The WRITE command will automatically initiate a sequence to position the tape
at EOD (end-of-data) unless the tape has previously been positioned using the
FIND EOD command.

3. The recorder sends the message READY TO WRITE (at the control interface)
and asserts the DATA READY hand-shake line (at the data interface), indicating
that it is ready to receive data.

4. When the source device is ready to transfer data, it asserts the USER DATA
ENABLE hand-shake line, indicating to the recorder that all subsequent data is
valid and should be recorded. The user's clock should be present and stable before
USER DATA ENABLE is asserted.

5. The user is then able to control the data flow by toggling the USER DATA
ENABLE handshake line to input continuous streams or bursts of data as
appropriate.

6. The recorder will only negate DATA READY during data transfer if one or other
of two conditions should occur. First, if the user's average clock rate should
exceed the permitted maximum, DATA READY will be negated (inhibiting



further data transfer) until the data buffer has been allowed to return to its normal
operating condition. Second, when the EOT (end of tape) point is neared -
indicating that further data transfer is not possible.

7. The recorder remains in the WRITE condition until the STOP DATA command
is issued.

There is an important distinction to be drawn between a temporary interruption of data
flow caused by the negation of USER DATA ENABLE, DATA READY or the
removal of the user's clock (in which case the recorder is still actually in the WRITE
condition), and the negation of the WRITE condition with the STOP DATA
command. STOP DATA causes any user data remaining in the buffer to be flushed to
tape.

Hand-shaking is always recommended but should certainly be used: whenever the
flow of input data is not continuous (commonly referred to as burst transfer); when the
exact time of arrival of data may not be known (for example, automated recording of
satellite data); when the source rate may exceed the system's average input rate.

READ HAND-SHAKING

While the use of hand-shaking to control the input of data is a most valuable feature
for certain recording applications, it is on the replay side where this technique can
often offer the most important advantages. The following sequence is typical:

1. The tape is positioned at the correct starting point either by using an appropriate
FIND command or by using the start and finish extensions of the READ
FORWARD command.

2. The reading sequence commences with the READ FORWARD (or READ
REVERSE) command (with location parameters, if appropriate). Once data is
available for output, DATA READY will be asserted (at the data interface).

3. Data is not clocked out of the buffer until USER DATA ENABLE is asserted by
the target, indicating that it is ready to accept data.

4. Data transfer can be continuous or in bursts, controlled by the USER DATA
ENABLE hand-shake line.

5. Reading continues until one of the following conditions occurs: USER DATA
ENABLE is negated (by the user); DATA READY is negated by the recorder (for



example, at EOT); the stop parameter (timecode or event marker) is reached; the
STOP DATA command is issued; the user's clock is removed.

The control of data flow to the processing device in this manner is arguably the most
important facility offered by the PEGASUS micro-track recorder. When transfer is
re-started following a pause, the next data bits presented at the output are those
immediately following those which were output previous to the pause.

This contrasts markedly with traditional or continuous recorders which require the
implementation of tape movement sequences together with some method of
identifying the exact place where transfer previously ceased. With PEGASUS, the
entire process is handled by the recorder, greatly simplifying system integration .

DATA MANAGEMENT AND CONTROL

It may be useful at this point to summarize the range of management and control
features available with PEGASUS. Much of the operator involvement associated with
the use of traditional data recorders has been eliminated. The various functions have
been designed to simplify the process of classifying, locating and manipulating
records.

During recording: the recorder's input interface can be selected (depending upon the
installed interface types); the WRITE sequence eliminates the possibility of
over-recording existing data; data is automatically tagged with date and time; event
annotation information can be added to assist with subsequent record location; the
read-after-write error monitor can be interrogated to verify recorded data quality; the
tape can be moved to BOT (beginning-of-tape) and EOD (end-of-data) using simple
commands; the recorder's date/time can be set and the amount of tape remaining can
be verified.

During analysis: cassettes can be screened for 'housekeeping' information such as the
recording data interface, date/time, events, source recorder identity and unique
cassette serial number; the read unit can be commanded to locate and read between
specified times or events, using simple commands; the cumulative error count can be
checked periodically to verify system performance.

All commands and status requests use plain-English syntax for ease of programming
and debugging.

A more complete description of the operation and control of PEGASUS, together with
further applications information, can be found in the engineering handbook



Micro-track Digital Cassette Recording, available on request from Penny & Giles
Data Systems.

ADVANCED DATA AND VOLUME MANAGEMENT

At this point it will perhaps be apparent that the ability to automatically tag recordings
with additional information has implications far beyond the simple convenience of
being able to locate and recognize a certain passage of data within a single cassette.
The range of 'housekeeping' data available to the PEGASUS user suggests the
possibility of implementing data management strategies in advance of anything which
may have been practical with previous generations of data recorders.

It will be remembered that each recorded cassette carries the following information:
the unique identification number of the recorder on which the data was written; a
unique cassette identifier; the date and time at which each block of recorded data was
input to the system; the data interface format used for recording, and, optionally,
user-generated event and notation data associated with particular records.

Using the example of a data reduction centre which receives large quantities of
cassettes from a number of separate recording locations, it is possible to see how the
identification and classification of these can be greatly simplified.

In the past, it was generally necessary to make written notes concerning the number
and identities of tapes carrying a certain data set, the order in which the tapes had been
used, details of the recording parameters, and the position on the tapes of particular
test data. Such a process is open to human error, especially in the stressful conditions
experienced in many operational situations.

Frequently, before commencing detailed analysis, staff at the data processing centre
have no option but to mount and run tapes in order to establish, or at least verify, their
contents - a routine often involving a certain amount of ingenious detective work!

The housekeeping data contained within the PEGASUS micro-track format permits
this tedious process to be virtually eliminated provided that an integrated approach to
record management is introduced throughout the data capture and analysis network. A
typical record management strategy might include (as a minimum):

At all recording sites: the development of control and status procedures which take
full advantage of the functionality of PEGASUS; routine reports to the processing
centre concerning the identification of all acquisition systems in use at that site; the
exclusive use of either new or erased tapes (which become tagged with a unique



identifier at the time of use); routine verification of the date and time on all recorders;
the development and use of a network-wide system of event marking and annotation
(test numbering, start and finish of record marking, etc.).

At the data processing centre: the development of processor-based control and status
routines which make the maximum use of inherent PEGASUS features; initial
screening and computer-based logging of the classification of all in-coming cassettes
for: source recorder identification, cassette identification, range of date/time
information, events and standard-format annotations, input data interface used for
recording. In manual media-handling environments, the development of a system for
correlating the physical storage location of all media units with their associated
computer-based record management data; the development of procedures for the
processing of test or mission data which take maximum advantage of the available
data management information.

These thoughts are intended only as an introduction to the subject of how the record
management features available in a recorder such as PEGASUS might be used to
reduce or remove the drudgery associated with handling and managing large and
dispersed data sets.

CONCLUSION

It was suggested at the beginning of this discussion of current trends in recording
technologies that the opportunity now exists to bridge the long-standing gap between
the methods used for high performance data capture on the one hand, and those of
data-intensive analysis on the other, with a single multi-purpose product.

In addition, it has been shown that the very same system can effectively address the
problem of archiving and retrieving large volumes of scientific and similar data. Never
before has it been possible to consider these three facets of data handling in the
context of common media, recording formats, record management strategies and
controlling software.

As we have now seen, micro-track recording, as typified by the Penny & Giles Data
Systems PEGASUS recorder, not only makes such concepts a reality in an innovative
and useful way, but also offers a range of important new operational features which,
when integrated into the user' s total data capture, analysis and archiving strategy, can
be of major benefit in terms of: convenience; flexibility; capacity; data throughput;
simplified system design and integration; media handling; data management;
streamlining of the total data handling process; very long head life; bi-directional data
output; minimal maintenance & alignment; low cost of ownership.



To realize the potential benefits which are now made possible by these new
technologies, a thoughtful analysis and reassessment of acquisition and processing
systems data handling strategy is essential. It is our sincere hope that this short
introduction to the subject will both enable and encourage the user to begin this
exciting process in the context of the activities of his or her own organisation.
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ABSTRACT

Many telemetry stations would like to convert from using digital-to analog converters
(DAC's) to using direct digital inputs to their chart recorders but can't find a suitable
recorder interface. These stations often have hundreds or even thousands of channels
of information being bussed around at very high speeds on propriatary real-time
computer systems. The lack of standardization has naturally presented recorder
manufacturers with problems in selecting the appropriate interface hardware. Standard
parallel interfaces, such as SCSI and GPIB, are usually too slow and not really suited
for real-time transfer, although they can be used in some circumstances which will be
described. The best choice seems to be a general purpose parallel port of at least 16
data bits which can support a large number of addresses. Such an interface can be used
with a high speed network like SCRAMNet as well as with a general purpose
computer or workstation. This paper will describe several available parallel ports
using both TTL and RS-485 (long-line) hardware and some practical implementations
of thermal array recorder use with SCRAMNet , GPIB, and general purpose parallel
busses.

INTRODUCTION

Ever since thermal array recorders became generally available five or six years ago, it
seemed obvious that users would soon take advantage of the fact that DAC's were no
longer required and that digital data could be input to the recorders directly. In
practice, however, this did not happen except in a very small number of installations.
There were, and still are, several reasons for the persistence of analog data transfer.
First, many stations were using thermal array recorders simply as replacements for



pen recorders and already had DAC's in place. Many of these users felt that the
benefits of direct digital transfer were not worth the expense of converting their
installations, unless, perhaps, as part of a general station upgrade - not a frequent
event. Second, even users with the desire and the budget to convert to digital transfer
were having trouble with the actual hardware interface. We have found that there is no
universal solution but that most computer systems can be accommodated with just a
few parallel port options.

DISCUSSION

The first thing to consider is the suitability of an interface to system requirements.
Speed and adressability are usually the primary factors with ease of implementation
secondary. The system capability should be considered as a package taking into
account the capabilities and limitations of the recorder as well as the nominal
performance characteristics of the specific interface. For example, the data
requirements of the recorder format may not fit the most efficient operating mode of
the interface so that extra commands are required or that extra data bytes must be
transmitted. Such practical considerations may reduce the achievable bandwidth to a
fraction of the theoretical maximum. As far as adressability goes, the issue is
straightforward; each interface has fixed, easily identified capabilities.

GPIB (General Purpose Instrument Bus) is a very popular and well known interface. It
has been around for more than twenty years and is generally considered to be very
stable and easy to use. Unfortunately, it is not always the best choice for telemetry
applications because the real-time data rates are relatively low and the adressability is
limited to 15 recorders per controller. However, because GPIB is inexpensive and
easy to implement, it still has a lot of appeal and can be successful in certain
situations. Most of GPIB's limitations are a result of its original design purpose. It was
meant to control a series of relatively simple instruments like volt meters, power
supplies, and frequency generators. It was meant to send set-up commands and
occasionally read data but not necessarily in real time. When used with a modern
thermal array chart recorder, a GPIB system should be capable of handling a sixteen
channel real time rate of about 750 Hz per channel. While this may seem low to
experienced GPIB users, each data point requires two bytes so the total data rate is
over 24 KHz per recorder. This is on the borderline of "high speed" but the per
channel rate is adequate for most telemetry purposes and when used with a distributed
controller system, the aggregate data rate can be quite high.

SCSI (Small Computer System Interface) is also well known because of its popularity
in workstations and high speed disk drives. Like GPIB, SCSI promises a standardized
interface approach and has been very successful in personal computers of all types.



For real-time recording, however, there are problems. First, real-time data rates are
limited. Like GPIB, SCSI is an eight bit interface so that each data point requires two
bytes. In addition, each string of data points requires a six byte command descriptor
block (CDB). In its original application, streaming large blocks of data between
computers and storage devices, this is not burdensome but in a chart recorder this
CDB overhead may represent one fifth of the total transmission. Even so, it's a little
faster than GPIB and should be capable of over 1200 Hz per channel in sixteen
channel mode. The second limitation is that only seven SCSI devices can be supported
by each controller. The third, and perhaps the most important, potential pitfall is the
lack of software drivers for real-time recorders. This is really a user perception
problem rather than a design problem but nevertheless it has stopped many
implementations. The only standard "plug and play" devices for SCSI are disk drive,
tapes, and related peripherals like printers. Chart recorders fall into the "processor"
class of SCSI instrunents which is not as tightly controlled as other classes because of
the extreme variability possible in this class. Consequently, the user must write
whatever drivers are needed, often with great difficulty compared to similar GPIB
drivers. We have found that successful SCSI implementations must be done by
experienced systems integrators; it is too difficult for most end-users.

True high speed recording requires a parallel port wide enough to hold all the data for
one channel and its address in a single word. In practice, this means a propriatory
parallel port although, if designed carefully, such a port can be very simple and easy to
use. This sort of general purpose parallel port has three advantages over eight bit
standard ports. First, each channel needs only one word. Second, no additional address
or command bytes are required. Third, the overall bandwidth is much higher, up to
500 KHz. Fewer words at a higher rate mean big differences at the individual channel
level. A 24 bit parallel port can support a 60KHz per channel data rate in an eight
channel system. Individual channels can be updated at 200 Khz. The disadvantage is
that the port does not follow an industry recognized standard and so requires custom
hardware. On the other hand, it is similar in concept to other 24 to 32 bit wide ports
already in use in the telemetry community and can be readily adapted to existing
systems with a relatively simple interface board. Also, this port can support either
TTL or RS-485 interfaces. When using RS-485, also known as "long-line", the
recorder can be operated at considerable distances from the host computer system; at
least 400 feet and as much as 1000 feet at lower data rates.

The eight tag bits support up to 256 channel addresses in each recorder. The channels
are assigned either locally through the front panel or remotely through the host control
port. Each recorder can have up to 32 different channel addresses although most
telemetrists prefer to limit the chart to eight channels for readability. Therefore, 32
eight channel recorders can be supported on one bus.



A diagram of the parallel port data/command structure:

DATA TAGS Data Ready
Device Ready

24 23 22 21 20 19 18 17 16 15 14 13 12 11 10 9 8 7 6 5 4 3 2 1

ATTN
Reset

Figure 1.

A comparison of an eight channel data stream using the three interfaces described
above:

GPIB SCSI Parallel

Command Operation Code Ch. 1 data
Address Logical Unit No. Ch. 2 data
Ch. 1 MSB Logical Address Ch. 3 data
Ch. 1 LSB Logical Add. LSB Ch. 4 data
Ch. 2 MSB Length Ch. 5 data
Ch. 2 LSB Control Ch. 6 data
Ch. 3 MSB Ch. l MSB Ch. 7 data
Ch. 3 LSB Ch. 1 LSB Ch. 8 data
Ch. 4 MSB Ch. 2 MSB
Ch. 4 LSB Ch. 2 LSB
Ch. 5 MSB Ch. 3 MSB
Ch. 5 LSB Ch. 3 LSB
Ch. 6 MSB Ch. 4 MSB
Ch. 6 LSB Ch. 4 LSB
Ch. 7 MSB Ch. 5 MSB
Ch. 7 LSB Ch. 5 LSB
Ch. 8 MSB Ch. 6 MSB
Ch. 8 LSB Ch. 6 LSB

Ch. 7 MSB
Ch. 7 LSB
Ch. 8 MSB
Ch. 8 LSB
Status



Just a quick look at the relative lengths of the lists gives a good idea of the potential
speed advantage of the parallel port.

IMPLEMENTATION

The first implementation is a good example of a medium speed GPIB system. The
hardware is capable of faster operation but the user only required a data rate of about
7200 samples per second total. It is designed to be a real-time controller and monitor
for an integrated computer system that will support multiple space program needs.
The end user wanted a system with the flexibility to support continued development
so that the overall installation could remain current for 10 to 30 years. Each of the
electronics system consists of a VME bus based UNIX host computer and six strip
chart recorders. Each of the recorders supports up to 12 channels of waveforms at
100Hz per channel and also provides alphanumeric printing for channel identification
and report generation. In addition, the recorders can provide single channel plotting at
1000Hz for high resolution analysis. The size and location of each channel can be
selected independently to give the end user the ability to tailor the chart presentation
to special requirements if necessary.

Figure 2. Sample Chart Format

The host communicates with each recorder using two GPIB ports, one for command
and one for data. While this is not necessary at current data rates, it does simplify
system control software and allows future speed increases. Also, it allows the use of
standard plug-in data interface cards, an important consideration because the end user
wanted a Commercial off-the-shelf (COTS) product to avoid the development pains of
a custom design. The full installation is planned to include 20 six channel systems



phased in over a four year period giving a total of 1440 channels and an aggregate
bandwidth of 144KHz.

Figure 3. Chart recording system

The second implementation is a good example of how to convert a traditional DAC
based system to a completely digital system without changing the basic architecture.
The user is a commercial aircraft manufacturer and the application is in-flight testing.
In this installation, data is acquired by a data acquisition sub system where it is
digitized and recorded in a PCM format. The serial PCM stream is converted to
parallel and scaled to appropriate engineering units. Data that is to be displayed on a
chart recorder is further converted from floating point to integer format. The integer
format data is then broadcast for recording. In the original system, this was routed to a
Processor section which routed selected tags to a series of DAC's which fed analog
signals to the chart recorders. The intent of the conversion was to minimize overall
system impact while eliminating the DAC section. Also, it was considered desirable
to maintain the capability of supporting standard analog input modules if required for
special tests. In fact, this implementation alows digital and analog signals to be mixed
freely and gives the local operator full control of all the normal chart recorders
features.

The recorders will take data from an existing SCRAMNet bus through a fiber optics
interface board. A set of address range switches are used to select a block of tags that
the recorder will recognize. The comparator generates a strobe when the data is valid
and the address is in the selected range. The fiber optics interface board then puts out
a 12 bit word to the parallel port in the chart recorder. The input section of the parallel
interface contains a dual port RAM which holds the data until the recorder is ready to
print. This allows the recorder to operate completely asynchronously from the main
data bus.

Finally , here is a detailed look at how to interface to our DWP-1 parallel interface
board using inexpensive and easy to obtain components. This interface is usable in its
own right with a data bandwidth of up to 20 Ksamples per second but for most



Figure 4. SCRAMNet to DWP-l Parallel interface

telemetry applications its value is more as an example of how to get started with a
system integration plan without committing significant resources. The components
required are a standard PC type computer running DOS and a National Instruments
AT-DIO-32F parallel interface board. The DWP-1 is designed for a direct pin to pin
connection with the AT-DIO-32F if the proper connectors are used. We recommend
AMP "CHAMP" (#554085-1) on the DWP-1 and AMP Special Industries
#2-746483-2 on the AT-DIO-32F. These connectors compensate for the apparent
disparity between the two boards.
The input sequence looks like this:

1. Host sends data and tag.
2. Host raises DRDY to indicate that data and tag are stable.
3. DWP-l responds by lowering /ACK which indicates that host can send new

data and tag.
4. Host lowers DRDY and sends new data and tag.
5. DWP-l raises/ACK.
6. Repeat steps 2 through 5.

The tag assignment is done locally through the front panel display and keyboard. Each
channel must have a unique address although there is no other limit as to sequence.
The default settings are channel 1 to n (8-32) in numerical order. A long-line version
of this board is also available for applications requiring connections over about 15
feet.



CONCLUSION

While there is still little standardization in using digital data interfaces with thermal
array chart recorders, this not necessarily mean that it must be difficult. Often 8 bit
interfaces like GPIB and SCSI can be used effectively if data rates are not too high
and if multiple addresses can be presorted. When higher rates are needed, there are
straight forward parallel ports available even though some custom interfacing
hardware is usually required. Often the implementation cost of minor customizing can
be recaptured on only one or two recorders since one digital board can replace several
expensive analog input boards. Therefore even stations that already have their DACs
installed and paid for should be able to consider digital interfaces for any additional
recorders.



Figure 5.

SCRAMNet is a registered trademark of Systran Corporation
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ABSTRACT

Low cost recording devices for telemetry and other data acquisition applications are of
vital importance in light of today's shrinking budgets and project cut-backs. The desire
to replace large, expensive, multi-channel recorders with smaller, less expensive
recorders is becoming commonplace in government and industry. Many of these small
recorders in the past have been limited to a single recording channel, and to one
particular data type, due to recorder architectures.

The 8 millimeter (8mm) tape cartridge recorder has been looked at in the past as a low
cost recording device, however products utilizing this technology have been strictly
limited in the number of channels, and data types. In response to this need, Veda has
developed a new data acquisition recorder utilizing an 8mm recorder packaged in a
small, flight qualified rugged enclosure with modular, and interchangeable, input
channels. These microprocessor controlled inputs are capable of accepting PCM
telemetry, MIL-STD-1553, voice, IRIG time, and ARINC 429/629 data. The new
architecture allows for multiplexing of multiple channels onto the single channel tape
medium as well as direct playback from the recorder for certain data types. This paper
will discuss the recorder's architecture, design problems solved during development,
and general capabilities.

KEYWORDS

PCM Recorder, 8 millimeter cartridge tape drive

INTRODUCTION

Analog recorders have always been the most flexible, and easiest way to record
multiple channels of data in the traditional telemetry system architecture. Recorders



laid down tracks of data in a parallel recording scheme that allowed users to not only
record several streams with the same recorder but also allowed channels for time
signals and other analog data of interest. Various manufacturers of these recorders
have been around for years and the recorders tend to be large, expensive, and difficult
to ruggedize for airborne requirements.

The goal Veda set out to achieve in the design of a digital recorder subsystem, was to
provide a replacement alterative to analog recorders in applications where budgets
were somewhat limited, but one or more channels of PCM data needed to be recorded.
In examining the problem further it was determined that ruggedization of the recorder,
and design modularity would greatly expand it's usefulness to users. Ruggedization
would allow the recorder to be used in airborne, shipboard, and mobile surface
vehicles. Design modularity would allow users to reconfigure the recorder and adapt
to different operational scenarios.

This paper will present an overview of the recorder subsystem's design evolution. The
problems and limitations, as well as the features and accomplishments will be
discussed in terms of design decisions and architectural trade-offs.

8 MILLIMETER CARTRIDGE TAPE DRIVE

The Exabyte Model 8505, 8 millimeter cartridge tape drive was chosen based upon
previous corporate experience. Previously, an Exabyte drive had been successfully
ruggedized, and integrated into the electronics suite of a United States Navy E-2C
Hawkeye aircraft. Front end electronics had been packaged with the recorder to allow
recording of several streams of digital data. Familiarity with the recorder, and its
requirements for packaging in a rugged environment drove the decision to use the
Exabyte.

The drive's performance characteristics were also within the limits we were looking
at. The Exabyte is an incremental digital recorder, communicated with via a Small
Computer System Interface (SCSI) bus. Both data and commands are transferred over
the SCSI interface. SCSI is a PC compatible, widely recognized and used, peripheral
interface bus. Utilization of this technology allows future interchangeability with new
drives and host micro-processors. Other pertinent characteristics evaluated were:

o) 500KBytes (4 Megabits) per second transfer rate
o) Capacity of 5 Gigabytes on a tape
o) Non-recoverable error rate < 1 in 10E17 bits read



EMBEDDED MICRO-PROCESSOR

In order to provide a recorder subsystem that was highly modular and reconfigurable,
it was decided that a general purpose processor Circuit Card Assembly (CCA) with a
SCSI interface controller would be used in all configurations of the recorder. See
Figure 1. Various input CCAs could then be plugged into the main processor CCA,
allowing different types of input data, but keeping the processor-to-SCSI
controller-to-tape drive path, constant. A Motorola MC68340 high performance 32 bit
integrated processor was chosen as the main processor.

Figure 1 - Processor Circuit Card Assembly

Briefly its major features include:

o) Motorola CPU32 (68000, 68010, 68020) code compatible
o) Unique embedded control instructions
o) Built in two channel DMA controller
o) Built in two channel USART
o) Built in System Integration Module (SIM)

The SIM provides chip select and wait state generation, clock generation, dynamic bus
sizing, 16 I/O lines, external bus interface, interrupt timer, interrupt response, and
power-on reset functions. To enhance the versatile nature of the processor board,
generic memory sockets were used to allow several types of memory devices
including SRAM, (UV)EPROM, Flash EPROM, and EEPROM.



The interface between the processor and the tape drive was accomplished with a
MB87034 SCSI controller chip. This chip was chosen because it provides a dedicated
DMA channel separate from the microprocessor interface. The MC68340 can be used
to set up the controller and handle control/command operations, but a DMA channel
can be used to actually transfer data to and from the SCSI bus. This architecture keeps
the processor free from actually moving data through the subsystem.

INPUT CIRCUIT CARDS

Once the main processor board was specified the interface to the input CCAs needed
to be decided upon. Since the design goal was to utilize a DMA channel to the SCSI
controller chip the interface was fairly straight forward. A FIFO like buffer is required
on the input CCA that uses DMA handshaking to transfer data to the SCSI controller.
Several FIFO designs have been utilized on various input CCAs. A bi-directional
FIFO with DMA channel compatibility from IDT was used for one interface, while a
dual ported RAM chip in conjunction with a custom large scale programmable device
was used on another. The interface type chosen has been dependent upon specific
input data CCA requirements and a more detailed discussion of those requirements is
not within the scope of this paper.

As mentioned previously the initial application use of the recorder subsystem was for
telemetry PCM data. The PCM input CCA was designed to receive and playback up to
four streams of PCM data. The simplified block diagram in Figure 2 depicts the four
PCM streams brought into serial to parallel FIFOs. Each stream is received with an

Figure 2 - PCM Input Circuit Card Assembly

accompanying bit clock. Each stream may be recorded at different frequencies. An
on-board TI TMS320C40 DSP processor handles the time tagging, directory building,
and multiplexing of the data steams into a single stream. That single stream of data is



sent to a FIFO bank and transferred to the main processor board and SCSI controller
via a dedicated DMA channel.

The TMS320C40 multiplexes data during the record process and also performs the
demultiplexing of data during playback. Playback data is loaded into one of four
parallel to serial FIFOs for transmission as PCM output data. The data is clocked out
using either an internal programmable clock or an external user supplied clock. Each
channel may be individually clocked at separate frequencies.

MULTIPLEXING CHANNELS

Multiplexing of data from four channels was the most difficult part of the PCM CCA
design. A method of recording had to be used that allowed the data to be mixed into a
single stream for recording but also facilitated easy demultiplexing during playback. It
was decided that the data would be broken up into blocks using the input FIFOs as
buffers. The processor transfers each block for recording after adding an identification
header. The header contains a sync pattern, channel number, and byte count. The byte
count allows for variable block lengths. Each block with its associated header is
passed to the FIFO bank. During playback the processor syncs to the header and
distributes each block for output according to its header ID.

The drawback to this multiplexing scheme is that some of the recorder's bandwidth is
used by overhead. The input data rate for the recorder is slightly reduced. This is the
price to be paid for emulation of a multi-track analog recorder by a single channel
digital recorder.

ADDITIONAL INPUT TYPES

The design goal stated in the beginning of this paper included the ability to
reconfigure the recorder subsystem and receive different types of data inputs. Until
now this paper has limited discussion to the PCM input CCA. The architecture
utilized in the design of the PCM channel recorder subsystem allows for simple
transition to other configurations. By extending the DMA bus to a second input CCA
and giving the DMA controller some address bits to distinguish between multiple
sources, two channels of analog to digital conversion were implemented. The first
channel was designed for digitizing an IRIG B time signal while the second was
intended for digitizing a voice channel. Playback was accomplished using digital to
analog channels with the design constraint that a digitized channel must be played
back at the same rate at which it w as recorded. This restriction applies only to the
digitized channels, not the PCM.



Next, by removing the PCM input CCA, different data types may be recorded by
plugging in the appropriate input boards. MIL-STD-1553 channels, ARINC 429 and
ARINC 629, as well as serial AMD TAXI data boards can be installed in the recorder.
Embedded firmware may be resident on the processor board, or down-loaded from a
personal computer for the various input CCAs.

CONCLUSION

Alternatives to large, expensive, multi-channel analog recorders for telemetry and data
acquisition systems do exist. Veda's Ruggedized Digital Recorder Unit (RDRU)
provides multiple channels of reconfigurable data inputs for recording on an 8
millimeter cartridge tape drive. The Veda, recorder is relatively low cost compared to
large analog recorders and is a good replacement when data rates are under 4
Megabits per second, and no more than 6 channels of input data are required.
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ABSTRACT

Group delay variations are a potential problem in many communication systems. This
paper is slanted towards the effects of group delay variations in analog magnetic
recorder/reproducer systems but the results are applicable in general. Because it is
difficult to get an arbitrary group delay profile at the output of a recorder/reproducer, a
method of generating arbitrary group delays for bit error probability (BEP) testing was
developed. A 32-bit pattern in which all five-bit sequences appear with equal
probability was selected as the test signal. The amplitude and phase of the discrete
Fourier components were calculated for both non-return-to-zero-level (NRZ-L) and
biphase-level (BI -L) waveforms. Filtering and group delay variations were computer
generated by varying the amplitude and phase of the Fourier components. The
modified signals were then programmed into an arbitrary waveform generator. Noise
was added and the composite signal was applied to a bit synchronizer and bit error
detector. BEPs were measured for various noise levels and group delay profiles.
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INTRODUCTION

The group delay of a system is defined as the negative of the slope of the phase versus
frequency characteristic of the system { ( ) = -d ( )/d }. Group delay is alsog

known as envelope delay. This paper will discuss effects of group delay variations on
pulse code modulation (PCM) signals. A system with constant group delay (linear
phase) will preserve the time relationship of all frequency components. A system with
a non-constant group delay will have a distorted output because the time relationship
of various frequencies is not preserved.



Figure 1. Group delay with phase=000.      Figure 2. Group delay with phase=255.

GROUP DELAY MEASUREMENT

A variety of methods exist for measuring group delay, however not all of these
methods work with magnetic tape recorder/reproducers because of the long delays
between the record and reproduce heads. The most common measurement method for
magnetic recorder/reproducers has been a modified version of the amplitude
modulation method originally proposed by Nyquist and Brand . This method is used in1

the Wandel und Goltermann group delay test set. Several alternative methods are
possible with the availability of digital signal processing equipment. One method
would be to record a low-frequency square wave signal and measure the phase change
between input and output. This method works well at lower frequencies but the low
amplitudes of the higher harmonics seriously degrades the accuracy at the higher
frequencies. Another possible method is to add several equal-amplitude, coherent sine
waves of different frequencies and measure the phases of the Fourier components at
the input and output of the recorder. Random phase angles are used to minimize the
ratio of peak to rms. The output of the recorder is sampled at a rate such that each
1024-point interval contains an integral number of cycles of each frequency. The Fast
Fourier Transforms (FFT) of the input and output signals are performed. The group
delay is then calculated for each adjacent pair of Fourier components by dividing the
phase change between two adjacent Fourier components by the frequency difference
between the components. Figures 1 and 2 compare the results of this method with the
group delays measured with a Wandel und Goltermann group delay test set. The sum
of sine waves signal consisted of 10 frequencies (100, 200, 1000 kHz). The
sampling rate was 10.24 MHz, the analog-to-digital converter (A/D) resolution was 8
bits, and the FFT length was 1024 samples. The two methods agree reasonably well.

The limited resolution of the A/D and the small number of results averaged (five)
limited the accuracy of the sum of sines method. I estimate that the accuracy of my
implementation was no better than ±50 ns. An error of 1.8 degrees in the phase



         Figure 3. Recorder eye patterns.

              Figure 4. FFT magnitudes.

difference between two frequencies separated by 100 kHz is equivalent to a group
delay error of 50 ns.

BEP TEST RESULTS WITH ANALOG MAGNETIC TAPE RECORDER

Tests were performed by recording noisy
NRZ-L, BI -L, and NRZ-L/frequency
modulation (FM) predetection signals with
900 and 1200 kHz carrier frequencies. Bit
rates of 3000 kilobits per second (kb/s),
1800 kb/s, and 800 kb/s were used for the
NRZ-L, BI -L, and predetection signals
respectively. The tape speed was 120
inches per second and the BEP at the tape
recorder input was approximately 1x10 .-5

The top trace in Figure 3 shows the eye
pattern for the NRZ-L signal with good
equalization and no added noise. The
bottom trace in Figure 3 is the result of an attempt to approximate the group delay of
the top trace using the method discussed in the next section. The spread in the
locations of zero crossings is approximately the same for both traces. The NRZ-L
signal was the most sensitive to phase equalization (this signal also had the highest
packing density and suffered the largest degradation in the recording process). The
BI -L and predetection signals were not affected significantly by the group delays of
Figures 1 and 2. It was impossible to achieve arbitrary group delay characteristics
with the recorder/reproducer used for this test. Therefore, an alternate method for
generating group delay was developed.

BEP TEST RESULTS WITH COMPUTER GENERATED GROUP DELAY

Group delay variations can be introduced
by changing the phase angles of the
Fourier components of a test signal. A
common test signal is one in which all
patterns of a certain length are equally
likely. A pattern length of 5 bits was
chosen for this study. A 32-bit sequence
which contains all possible 5-bit patterns
was generated by adding a "0" to a 31-bit
pseudo-noise sequence. The transitions
were smoothed with a sine wave



       Figure 5. NRZ-L and Bi -L patterns.

approximation to minimize high frequency components. The signal w as sampled 32
times per bit, the Fourier transform was performed, and the results stored. This
process was performed for both NRZ-L and BI -L codes. The FFT magnitudes are
displayed in Figure 4 with the NRZ-L magnitudes on top. The NRZ-L signal has most
of its energy at frequencies below 0.7 times the bit rate while the BI -L signal has
most of its energy between 0.3 and 1.4 times the bit rate. The signal was then digitally
filtered by a phase-equalized 6-pole Butterworth filter. The -3 dB frequency of the
filter was 0.7 times the bit rate for NRZ-L and 1.4 times the bit rate for BI -L. Also,
the amplitudes of all frequencies above the bit rate for NRZ-L and twice the bit rate
for BI -L were set equal to zero. The
inverse Fourier transforms were then
performed and the resulting waveforms
programmed into an arbitrary waveform
generator. The resulting eye patterns are
shown in Figure 5 with the NRZ-L pattern
on top. The vertical lines indicate the bit
boundaries. Note that the zero crossings are
not smeared. The bit rate was varied by
using sampling rates of 25, 50, and 100
megasamples per second. At 32 samples
per bit, the resulting bit rates were 781,
1562, and 3125 kb/s.

A predetection signal was acquired by sampling the output of a predetection
downconverter with carrier frequencies of 900 and 1200 kHz. The predetection signal
was generated by using the computer generated NRZ-L signal to frequency modulate
a radio frequency signal generator. The generator output was applied to a telemetry
receiver and predetection downconverter. The predetection frequency was carefully
set so that an integral number of cycles of the carrier occurred every 1024 samples
(1024 samples also contained exactly 32 bits). The Fourier transform of this signal
was calculated and the results stored as above.

The group delay characteristics shown in Figures 1 and 2 can be approximated by a
quadratic function and by a constant for the lower frequencies followed by a quadratic.
The phase angle changes of the Fourier components were calculated to generate these
group delays. Sample phase change and group delay versus frequency plots are shown
in Figure 6 for a maximum group delay of 400 ns. The quadratic group delay is
represented by a solid line plus symbols while the constant plus quadratic group delay
is represented by symbols only. Maximum group delays of 200, 400, and 800 ns were
created by changing the phase angles of the Fourier components by amounts
proportional to the values shown in Figure 6.



     Figure 6. Phase shift and group delay.

     Figure 7. BEPs for 3125 kb/s NRZ-L. Figure 8. BEPs for 1562 kb/s BI -L.

BEPs for various maximum group delays
are plotted in Figures 7 and 8. "Q"
indicates quadratic group delay, "LQ"
indicates linear phase at lower frequencies
and quadratic group delay at higher
frequencies, "L0" indicates linear phase,
and "200" indicates a group delay of 200
ns at 2 MHz. The data in Figure 7 show
that NRZ-L signals are affected much
more severely by the quadratic than by the
linear phase plus quadratic group delay.
This result is reasonable because most of
the energy in the NRZ-L signal is at the
lower frequencies (see Figure 4). Figure 8
shows that BI -L signals are degraded less by the same magnitude of quadratic group
delay than are NRZ-L signals. However, the degradation with linear phase plus
quadratic group delays are similar for the two signals. BI -L is degraded more by
linear phase plus quadratic group delay than by quadratic group delay. Similar results
were achieved when the bit rate was divided by "k" and the group delay multiplied by
the same factor"k". The noise used in these tests was additive and gaussian but the
bandwidth was not wide enough to be considered white. Therefore, the values of
signal-to-noise ratio (SNR) shown on the graphs can not be directly translated to
signal energy per bit to noise power spectral density ratios (E /N ) and should only beb o

used for relative comparisons of the effect of various group delay profiles.

Figures 9 and 10 show eye patterns for the NRZ-L and BI -L signals (no noise added)
with 400 ns and 800 ns maximum group delays respectively. The effect of linear phase
plus quadratic group delays are shown in the top traces and quadratic group delays are
shown in the bottom traces. The zero crossings and eye heights are noticeably



Figure 9. NRZ-L eye patterns  = 400 ns.    Figure 10. Bi -L eye patterns  = 800 ns.g g

     Figure 11. Linear 2 group delay.  Figure 12. Quadratic A group delay.

degraded when compared to Figure 5. The tick marks at the bottom of the plots show
the nominal bit boundaries. Figure 10 shows that LQ800 (top trace) has a larger eye
opening during the first half of the bit while Q800 has a larger eye opening during the
second half of the bit. The data in Figure 8 show that Q800 performs 1 dB better than
LQ800.

Tests were also conducted with digitized predetection NRZ-L PCM/FM signals with
various group delay profiles. The group delay profiles discussed above plus linear and
offset quadratic group delays were generated. The linear and quadratic A group delays
were symmetrical around approximately 1200 kHz while the quadratic B group delay
was symmetrical around approximately 950 kHz. Figures 11 and 12 show the phase
changes and group delays for the linear 2 and quadratic A group delays respectively.
The group delays of linear 2 and quadratic A were the same magnitude at ±781 kHz
from the center frequency while linear 1 and quadratic A had the same group delays at
a separation of ±390 kHz from the center frequency.



    Figure 13. Predetection eye patterns.                    Figure 14. Predetection BEPs.

The top trace of Figure 13 illustrates the eye pattern with the linear 2 group delay
profile. The bottom trace shows the eye pattern with the quadratic A group delay
profile. These eye patterns show more degradation with the linear 2 group delay than
with the quadratic A group delay. Figure 14 shows the BEPs for linear phase, linear
group delay and quadratic group delay. As expected, the BEP was degraded more for
linear 2 than for quadratic A. This result agrees with the data presented by Sunde .2

However, if the criteria is BEP for equal group delays at ±bit rate/2 (linear 1 versus
quadratic A), the BEPs are similar (with linear group delay being slightly lower). The
predetection signals were the least affected by group delay, however the packing
densities of these signals were also the lowest.

SUMMARY

1. Data presented in this paper can be used to estimate the effect of group delay on
BEP.

2. The maximum allowable group delay is a function of profile, data rate, and data
type.

3. Group delay variations of 1/bit rate or greater over the frequency range that contains
most of the energy cause significant increases in BEP.

4. NRZ-L signals were affected the most by group delay variations.

5. Predetection signals were affected the least by a given group delay profile.



6. Arbitrary waveform generators plus digital signal processing can be used to
measure the group delay of magnetic recorder/reproducers and also to generate signals
with various group delay profiles.

7. NRZ-L signals are degraded more by quadratic group delay profiles than by linear
phase plus quadratic group delay profiles.
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ABSTRACT

VME bus has been widely accepted as an industry standard for control and process
computers. The MSTI (Miniature Sensor Technology Integration) series of satellites
employ a VME bus based data acquisition and control system. This system requires a
ruggedized, high-speed, compact, low power and light weight data recorder for storing
digital imagery from payload video cameras, as well as health and status data of the
satellite. No commercial off the shelf systems were found which meet MSTI
specifications. Also, a solid state device eliminates certain reliability and spacecraft
pointing control problems which are encountered when using rotating (disk or tape)
storage systems. The SSDR was designed to meet these requirements and it also has
built-in flexibility for many general purpose applications. The electronic hardware
design, which conforms to the VME bus specifications [1], can also be configured as
stand-alone system. Modular memory array design allows expandability of capacity
up to 320 MBytes.

This paper will describe the design features of the SSDR. Performance capabilities
and system implementation will be discussed. Special approaches required for
application of the SSDR in space or harsh environments are also discussed.

KEY WORDS

Recorder, Solid State, Memory, Versabus Moduli Europa (VME)



SYSTEM ARCHITECTURE

The block diagram of the SSDR is shown in Figure 1. The SSDR consists of a
motherboard and a set of memory array boards. The motherboard includes VME bus
interface module, Error Detection And Correction (EDAC) module and also an
independent interface for receiving the external data. The SSDR is in full conformance
of the VME bus specification. Each of the memory array boards includes 32 Mbytes
of SRAM arrays for data and 12 Mbytes for check codes.

EDAC

The EDAC accepts a 32 bit word and generates a 12-bit check code (two 6-bit check
codes, one for each higher and lower 16-bit segments of the data word). The 32-bit
data word and 12-bit check code are both written to SRAM arrays. When the data
word along with check code is read back, a new check code is generated and
compared with the received check code. If these codes match, no error has been
detected. If a single bit error has been detected for each 16-bit segment of the data
word, it will be corrected before being communicated to the VME bus. If a multiple
bit error is detected it cannot be corrected and an error signal will be generated and
communicated to the VME bus.

VME BUS INTERFACE CIRCUIT

The VME bus interface circuit and the control logic are implemented using a radiation
tolerant field programmable gate array (FPGA) and buffers. The buffered data and
address conform to the requirements of the VME bus specification.

During a write, the 32-bit data words from the VME bus or external interface are
buffered and sent to the EDAC. During a read operation the 32-bit data pass through
EDAC and then get stored into registers. The data can be then selectively read in 32-
bit, 16-bit or 8-bit formats over the VME bus. Also, all possible data transfer
operations per VME bus specifications are supported.

The VME CPU (Central Processor Unit) can address or select and control each of the
memory array boards. This is achieved by decoding the assigned address of each
memory array board. The operating power requirement is significantly reduced by
power management controls in which SRAM arrays are partitioned in to banks and the
only bank which is to be written or read is switched to operating mode while the
remaining banks go in to standby mode.



APPLICATIONS

The SSDR is designed using radiation tolerant components, however, it can also
accommodate the radiation hardened parts. The radiation tolerant devices are
inherently latch-up free and are cost effective compared to fully radiation hardened
parts. The SSDR bare circuit cards can be populated with commercial components to
achieve a low cost system for commercial applications. Up to ten memory array
boards can be employed as required. This provides an excellent flexibility for sizing
the SSDR. Also, the identical design of memory array cards provides the
interchangeability. The SSDR can store external data autonomously through external
interface. The solid state design eliminates any problems related to pointing accuracy
and inertial balancing which are present in the rotating memory systems. The SSDR
requires less power and it is lighter in weight compared to a rotating memory system.
Also, the SSDR can tolerate tougher vibrations and shocks than the rotating storage
devices. The SSDR is not required to be housed in a separate sealed box. Battery
backed SRAM arrays provide non-volatile memory .

FUTURE DEVELOPMENT

Continued advancement in research and development of faster, higher density and
high reliability SRAMs will allow designing of larger capacity memory array boards.
This will further enhance the space, power and weight requirements. Development of
higher density, faster EEPROMS (Electrically Erasable Programmable Read Only
Memory) and flash memory in future could replace the battery backed SRAMs to
provide non-volatile SSDR.

CONCLUSION

The SSDR has eliminated the mechanical problems and mitigated the environmental
problems that are found in the rotating memory systems like tape drives and hard
disks for application in the space environment of MSTI satellite. The design of SSDR
meets the requirements of a radiation tolerant data recorder for spaceborne
applications for a reduced cost, less space and less power. The VME bus based design
of SSDR provides built-in flexibility for use in any general purpose commercial as
well as military applications. There is possibility of enhancement in the design of
SSDR with continued improvement in the components utilized for SSDR.
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ABSTRACT

An original design is presented for a system capable of measuring the relative angle of
a flat surface using reflected ultrasonic wave pulses. No physical contact with the
surface is necessary. The measurement range is from 0 to 54 degrees. Theoretical
resolution is 5 minutes of arc, with actual measured resolution of approximately 20
minutes of arc. The system has performed successfully in limited flight tests, is
capable of rates up to 80 angle measurements per second, and has a solid-state
memory recording capacity of 24,000 bytes. The measurements are time-tagged as
they are recorded and may be transferred to a personal computer at a later time over a
standard RS-232 serial communications link. The system is small (approx. 6 by 4 by
1.5 inches) and uses two standard 9-volt batteries as its power source.

KEY WORDS

Angular Measurement, Ultrasonics, Non-contact Angular Measurement,
Inclinometers, Tip-off Angle Measurement

INTRODUCTION

Various methods have been proposed to measure angular displacement at close range
using optical or ultrasonic methods. Optical angular measurement devices have been
demonstrated involving reflective surfaces, optical code plate sensors, encoded
diffraction gratings [1] [2], and photodiode arrays [3]. These optical methods all
require modification of the object to be measured (such as attaching mirrors) or
contact with the object (such as connection to a shaft). Ultrasonic methods have
proven more useful in applications where contact with (or modification of) the object
to be measured is not possible [4]. Limitations of non-contact ultrasonic angular
measurement systems which have been reported in the past [5] include limited angular



range (less than 20 degrees), large size, and complexity. The system described in this
paper overcomes many of these limitations.

The original purpose of this project was to find a method to measure the tip-off angle
of a cargo pallet as it is being extracted in flight from a C-17 aircraft (Figure 1). The
tip-off angle is defined as the angle between the deck of the plane and the cargo pallet.
Some of the requirements for the system were: minimal modification to the aircraft,
accuracy of at least 0.5 degrees, ability to use the system with any arbitrary pallet (no
pallet modification allowed), a measurement rate of at least 50 measurements per
second, and data recording capability. The system described in this paper was
designed to meet these requirements and test results show that, in most cases, it was
successful.

Figure 1. Cargo Pallet Extraction from an Aircraft

SYSTEM DESCRIPTION

The ultrasonic angular measurement system can be divided into three parts: the
control box, the ultrasonic transducer, and the reflector block (Figure 2). The system
transmits pulses of ultrasound from the transducer which bounce off the cargo pallet,
then a reflector block, then back to the pallet, and finally return to the ultrasonic
transducer. By measuring the time difference between the transmitted pulse and
received echo, the distance that the pulse traveled can be calculated using the speed of
sound in air. The system must measure the air temperature since the speed of sound is
dependent on temperature. The distance traveled by the pulse of ultrasound is linearly
related to the angle in question. Following is a description of each of the three parts of
the system.



The control box receives software instructions from a personal computer, provides
system control, records the data, and sends the data back to the personal computer.
The heart of the control box is a commercially available printed circuit (PC) board
which contains a 6303 microprocessor, an analog to digital (A/D) converter, timers, a
universal asynchronous receiver/transmitter (UART), read only memory (ROM), and
random access memory (RAM). Also included in the control box are RS-232 serial
communications driver circuits, power switches, light emitting diode (LED) status
indicators, an ultrasonic driver module, a thermistor temperature sensor, and two
standard 9-volt batteries. Software is loaded into the control box from a personal
computer via the RS-232 serial communications port (after loading the software the
personal computer may be disconnected). The two power switches control power
on/off and standby/operate modes (standby mode keeps memory active but shuts off
all other power in order to save the batteries). The three LEDs indicate low battery
power, memory remaining, and data recording mode (stopped, waiting for target, or
recording target data). The thermistor temperature sensor puts out an analog voltage
proportional to the air temperature and the voltage is then digitized by the A/D
converter and used for calculation of the speed of sound. The ultrasonic driver module
generates high amplitude electrical pulses of 150 KHz waves which are used to drive
the ultrasonic transducer. The ultrasonic driver module also senses the return echo
signal from the transducer. One of the 9-volt batteries supplies the ultrasonic driver
module and the other supplies the rest of the electronics.

Figure 2. The Ultrasonic Angular Measurement System

The ultrasonic transducer is a piezoelectric device which operates at 150 KHz It has a
beam width of ten degrees and no sidelobes. It converts electrical pulses generated by
the control box into ultrasonic waves. It also generates electrical signals when excited
by ultrasonic waves (echoes of the transmitted waves).



The reflector block is the most unique part of the system. It enables the measurement
of a wide range of angles. The block is machined from a solid piece of aluminum and
has various angled surfaces designed to reflect the ultrasonic pulses back in the same
direction they came from (see Figure 3). The block is divided into two parallel halves,
with each half optimized for a different angular range. The geometry of the system
and theory of how the reflector block works are discussed in the following sections.

Figure 3 The Reflector Block

SYSTEM OPERATION

In order to understand how the system operates, it is first necessary to understand the
geometry. Figure 2 is a side view diagram of the angular measurement system which
shows the path of the ultrasonic pulses from the time they leave the transducer until
the echoes return to the transducer. This geometry is based on the specific application
of measuring the tip-off angle of a cargo pallet being extracted from an airplane, but
the method may be generalized to measurement of the relative angle of an arbitrary
flat surface. Two assumptions are necessary in order for the system to function: 1) the
angle between the plane in which the transducer is mounted and the plane of the
surface whose angle is being measured (cargo pallet) may be varied in only one
dimension (no twist or tilt except the angle being measured) and 2) The intersection
between the two planes must be a fixed line (for example, it would be a violation of
this assumption to maintain the relative angle between the two planes while changing
the distance between them). These assumptions are valid for the aircraft application
since the cargo pallet slides on rollers a fixed distance above, and parallel to, the cargo
deck and tips about the constant pivot line at the edge of the cargo deck as it leaves the
airplane (see Figure 1). In the tip-off angle application, the angular measurement
system is mounted to the cargo deck of the aircraft at a fixed distance from the edge of
the deck and the pallet slides on rollers above the system.



The transducer is mounted at a 48-degree angle relative to the aircraft cargo deck. This
angle is chosen to optimize angular range, system compactness, and the pulse travel
distance versus tip-off angle relationship. The ultrasonic pulses travel at the initial
48-degree angle until they contact the bottom side of the cargo pallet. The pulses are
reflected from the bottom of the pallet at an angle determined by the tip-off angle T

of the pallet. The pulses arrive at the cargo deck at a distance d from the transducer,r

and at an angle relative to the deck. Both d and are functions of the tip-offA r A

angle. The reflector block is shaped such that at any given distance d , the angularr

surface of the block will be approximately perpendicular to the angle . The result isA

that pulses striking the reflector block are reflected back along the same path that they
came from. Pulses returning from the reflector block strike the bottom of the pallet
along their original path and are reflected back to the transducer. (Approximations in
the angles of the surfaces of the reflector block are compensated for by the fact that
the beam width of the ultrasonic pulses is 10 degrees, so that the ultrasonic pulses
actually travel at approximately plus or minus 5 degrees from the beam center.) As the
pallet tip-off angle increases, the pallet eventually becomes perpendicular to the path
of the pulses emitted by the transducer, at which point the pulses are reflected directly
back to the transducer instead of to the reflector block. By measuring time difference
between the transmitted pulse and the return echo, and with knowledge of the speed of
sound, the distance traveled by the ultrasonic pulses can be calculated.

The velocity of sound in air varies with the square root of temperature as shown by the
following equation:

V = 13,044 (273 + T ) (1)S A
½

where V is the velocity of sound in inches per second, and T is the ambient airS A

temperature in degrees centigrade. It is necessary to correct the speed of sound for
temperature in order to obtain sufficient measurement accuracy. In the ultrasonic
angular measurement system the control box contains a thermistor temperature sensor
which is read under software control in order to make this correction.

The distance traveled by the ultrasonic pulses as a function of tip-off angle can be
derived mathematically. Neglecting path length changes due to the reflector block
(assuming that all pulses are reflected at the level of the cargo deck) the distance
equation is given by

[d sin + d cos ] [1 +sin ]t T p T B

S = -------------------------- x ----------- (2)
sin( ) sin(2 + )T B T B



where S is the distance traveled in inches, is the tip-off angle in degrees, is theT B

angle of the transducer relative to the cargo deck in degrees, d is the distance of thet

transducer from the pivot line in inches, and d is the vertical distance between thep

transducer and the bottom of the pallet in inches when =0. In the applicationT

described in this paper, = 48 degrees, d = 22 inches, and d = 1 inch. It should beB t p

noted that equation (2) applies to angles of less than 29 degrees. For angles of 29T

degrees or greater, the path (as mentioned earlier) is from transducer to pallet and
directly back to transducer (bypassing the reflector block).

Operation of the ultrasonic angular measurement system is controlled by the system
software. The software is written such that the system is always in one of three modes:
waiting for valid data, recording data, or halted due to a full data buffer. In the waiting
for data mode, pulses are sent out and the system waits until valid echoes are detected.
Once a valid echo is detected the system changes to the data recording mode. In the
data recording mode, time, temperature, and intervals between transmitted pulses and
echoes are recorded. New pulses are transmitted at the rate of 80 pulses per second.
When non-valid echoes are detected the system reverts back to the wait mode, or, if
the data buffer becomes full, the program halts. System mode, data buffer status, and
battery status are indicated by light emitting diodes under software control.

TEST RESULTS

Tests performed on the angular measurement system include laboratory calibration
and check out as well as limited flight tests. Laboratory calibration was accomplished
using a test fixture which simulated the aircraft installation. The fixture included
mounting brackets for the control box, transducer, and reflector block. The pallet was
simulated by a hinged flat plate with screws that could be tightened in order to hold it
at a fixed angle. The angle of the hinged plate was measured visually using a
protractor. The plate was moved in one degree increments throughout the entire range
of the system and the measured distances corresponding to each angle were recorded.
The data measured in this test are plotted in Figure 4.

The relationship between distance and angle is approximately linear between 4 and 28
degrees and 29 and 54 degrees. The 4 to 28 degree relationship is based on the mode
of operation where the ultrasonic pulses travel from the transducer, to the pallet, to the
reflector block, and back. The 29 to 54 degree relationship is based on the mode of
operation where the ultrasonic pulses are reflected from the bottom of the pallet
directly back to the transducer. Linear regression methods show a good linear fit in
each of the two angular regions (standard error of 0.32 degrees in the low angle region



and 0.49 degrees in the upper angle region). Resulting equations for the two regions
are:

(L) = (1.777)S - 8.242 (3)T

(U) = (3.562)S - 12.934 (4)T

where (L) is the tip-off angle in the low angle (4 to 28 degree) region, (U) is theT T

tip-off angle in the upper angle (29 to 54 degree) region, and S is the measured
ultrasonic pulse path distance. Equation (3) agrees approximately with the
geometrically derived Equation (2) and differences are attributed mainly to the fact
that Equation (2) did not take into account the finite dimensions of the reflector block.

Figure 4. Graph of Distance Versus Angle

Because of the two distinct linear relationships represented by Equations (3) and (4) in
the low angle and upper angle regions, it is necessary to keep track of which angular
region the system is operating in. The transition between regions can be determined by
noting the abrupt change in the slope of distance versus time (dS/dt) which occurs at
the transition.

The theoretical angular resolution of the system can be determined by using Equations
(3) and (4) along with the rated distance resolution of the ultrasonic transducer. The
transducer resolution is rated at 0.04 inches. Changing S in Equations (3) and (4) by
0.4 inches yields a change in measured angle of 0.07 and 0.14 degrees (4.2 and 8.4
minutes of arc) respectively. The angular measurement equipment used in the
laboratory calibration (visual measurement using a protractor) was not accurate
enough to verify this resolution.



Limited flight tests have been conducted in a C-141 aircraft in order to determine if
the system is effected by possible air turbulence and/or ultrasonic noise generated
when the cargo doors are opened in flight. This test was done using the laboratory test
fixture (in order to vary measured angles along with an oscilloscope to visually
monitor noise received by the transducer.) The system was monitored during opening
and closing of the cargo doors. Some noise increase was noted when the cargo doors
were just slightly open, but this was not judged important since the system is intended
to be operated with the doors fully open. Flight tests of the final system with actual
pallets have not yet been completed.

CONCLUSIONS

The ultrasonic angular measurement system described in this paper has proven to be
an important improvement in the ability to measure angles in an environment where
contact with or modification of the surfaces to be measured is not possible. Compared
to other reported ultrasonic angular measurement systems [5], this system uses one
transducer instead of three while increasing the measurement range and resolution.

FURTHER INFORMATION

More formation on the ultrasonic angular measurement system may be obtained by
contacting the author at 416 TS/ENS, 59 N Flightline Road, Edwards AFB, CA
93524-6150, telephone (805) 277-0956 or DSN 527-0956.

ACKNOWLEDGMENTS

This project would not have been possible without tremendous support from the
instrumentation division at the Air Force Flight Test Center. Particular thanks go to
David Crounse, Kevin Medina, Ted Richardson, Susan Harlow, Mary Pottorff and
Tracy Schaerer.

REFERENCES

1. Spillman, W.B.,el al., "Wavelength Encoded Fiber Optic Angular Displacement
Sensor," SPIE Proceedings - Fiber Optic and Laser Sensors VIII. Vol 1367, 1990, Pg
197-202.

2. Ami, M., et al., "Optical Method of Measuring Angular Displacement Using a
Diffraction Pattern," Applied Optics, Volume 26, Number 14, October 1987, Pages
4310-4312.



3. Sato, K.,et al., "Optical Method of Measuring Angular Displacement Using Four
Photodiode Arrays," Applied Optics, Volume 23, Number 23, December 1984, Pages
4450-4452.

4 Canali, C., et al., "A Temperature Compensated Ultrasonic Sensor Operating in Air
for Distance and Proximity Measurements," IEEE Transactions on Industrial
Electronics. Volume lE29, Number 4, November 1982, Pages 336-341.

5. Marioli, D., et al., "Ultrasonic Distance Measurement for Linear and Angular
Position Control," IEEE Transactions on Instrumentation and Measurement, Volume
37, Number 4, December 1988, Pages 578-581.



VIDEO REPEATER FOR THE DRY VALLEYS REGION OF
ANTARCTICA

Michael J. Peebles, code 231mp
William G. Robertson Jr., code 231wr

Naval Electronic Systems Engineering Center
4600 Marriott Drive

North Charleston, SC 29418

ABSTRACT

A repeater is being designed to provide a telemetry and compressed video link from a
remote robot located in the Dry Valleys Region of Antarctica, over a mountain range
to California via McMurdo Antarctica. In return a command link is provided for
control. A simple task normally, but a bit more difficult when considerations include
the unforgiving elements of Antarctica itself. Even with a design using the most robust
equipment, tradeoffs must always be made for the effects of the isolation and the
weather. This paper describes one approach to the design of equipment capable of
insuring the proper bandwidth, power output, and receive sensitivity that can use the
energy provided by Mother Nature to continually charge the primary power source,
and the engineering struggle to use electronic equipment in the severe and harsh
environment of Antarctica.
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INTRODUCTION

Modem day solid state electronic equipment is very reliable. As long as the power
source is stable and the operating environment is reasonably normal, shock and
vibration are minimal, and a system operator can interface and provide preventative
maintenance, the equipment will operate with a prolonged life. The same is true in
Antarctica. The difference comes when all these "normal" services cannot be provided
and sacrifices in performance must be made. Stable power itself is difficult when
Mother Nature refuses to cooperate. Equipment allowed to freeze in its un-powered
state down to minus 60 degrees over a long period of time, will become "cold soaked"
and could be damaged if powered up in that state. Equipment installed in locations so



remote that access is only by helicopter, cannot be operationally verified by a
technician during preventative maintenance. Portable equipment must be shock
mounted for transport by helicopter. Because Antarctica is the most windy continent
on earth, portable equipment in remote locations must be designed for survival in
winds of 175 miles per hour. Outriggers and tie downs become standard procedure.
Blowing gravel and other projectiles must be considered in all mechanical designs.

APPROACH

A communications repeater prototype was fabricated which demonstrated some of the
new technology in batteries and solar cells. The system was transported to Antarctica
for testing during the 1992-1993 season. The prototype was designed for a
communications problem, but lessons learned are being used in the design of the video
repeater. This paper will use the test results of the prototype as the basis for the
capability of the remote video repeater.

The video repeater design will use the physical dimensions of the prototype system.
The prototype is constructed of 2.5 inch diameter aluminum tubing with aluminum "I"
beams as supports for the bottom and the vertical standing tubing. The dimensions are
5 feet by 5 feet on the base, and 5 feet high. The top two foot portion of the cube is
tilted back at an angle of 20 degrees to allow for installation of the solar cells and
provide the proper tilt for the average sun angle. The equipment is self contained in a
removal shelter that is located in the center of the cube at the bottom. The electronic
equipment and the batteries are installed in the shelter and wired to operate
immediately when an external switch is thrown. The prototype system is designed for
helicopter lift with four lifting eyes on the top. The video repeater will use the
identical design with more electronic equipment, larger solar cells, and more batteries.
All electronic equipment and batteries for the video repeater will be located inside the
removal shelter. The total weight of the prototype is 910 pounds, but the video
repeater is estimated to be 1250 pounds because of the extra batteries and equipment.

In the prototype an Omega OM220, Portable Data Logging System (3)* was used to
record solar charging current, battery discharge current, battery voltage, temperature
outside, and temperature inside the protective equipment shelter. Results for a 10
percent duty cycle showed that the temperature difference between outside and inside
was about 10 degrees when the outside temperature was minus 10 degrees Fahrenheit
(F). Originally it was intended to use the heat generated by the equipment to warm the
interior of shelter, but as it turned out the low duty cycle reduced the equipment
operating heat dissipation. This in turn reduced the heat build-up in the equipment
shelter. The batteries used in the prototype were lead acid gel cells and the
specifications stated that the batteries will take a charge until the battery temperature



reaches minus 4 degrees F. Also, the batteries can be discharged as long as the
temperature remains above minus 76 degrees F. The battery system was designed to
be discharged for a long period of time without charge. A problem develops if the
temperature drops down inside the shelter to below minus 4 degrees F and stays there
any length of time. However, in this solar power system it is not as much a problem as
it seems. That is because this solar system was designed to operate only during the
Antarctic spring and summer when the days and nights both have sunshine and the
temperature is not severe. The winter systems that use wind power are the subject for
another paper.

The prototype was transported to Mt. Discovery, 42 miles south of McMurdo, and set
up with the OM220 Data Logger installed to record the operating environment and
parameters. After a week, the system was removed from Mt. Discovery and placed on
Mt. Erebus where it remained until the end of the season. The lowest temperature
recorded was minus 10 degrees F, and the prototype performed flawlessly.

The video repeater will use some of the same basic components of the prototype
except in a higher frequency range. The prototype was in the VHF band (150
megahertz [MHz]), and the video repeater system will be in the UHF band (450
MHz). This way the use of existing, off-the-shelf wide band-width equipment will be
an advantage. The band-width will be approximately 2 MHz to accommodate a
maximum digital data stream of a T-1 link, which is 1.544 Mega bits per second
(Mb/s).

The video and telemetry will be digitized at the remote site prior to being transmitted.
The two video channels will be compressed and multiplexed with the telemetry into
one carrier. Presently the estimates for the video are for two full motion, compressed
digital images represented by 512 Kb/s (Kilo Bits Per Second) per image. The
composite signal containing both the video and the telemetry will then be transmitted
to a nearby mountain where the Video Repeater will re-transmit it to McMurdo. At
McMurdo the signal will go via a microwave link to the Black Island Unattended
Satellite Earth Station (USES), and then via the INTELSAT geosynchronus satellite to
California.

Command signals will come from California via the satellite to USES, to McMurdo,
to the repeater, and into the valley to the remote site.

DISCUSSIONS

The RF (Radio Frequency) link must be designed first to decide the amount of energy
required to deliver the signals to their respective destinations, and what quality of the



signals to expect. This will provide insight to what transmitter power output will be
required to overcome the losses and provide adequate signal to noise at the remote site
and McMurdo. Using the following digital link equation, we can determine the
carrier-to-noise density power ratio (C/N), where the noise is measured in a
normalized one Hertz bandwidth.

(1)* C/N = EIRP - SPACE LOSS + G/T - BOLTZMANN'S CONSTANT, in dBW/Hz
(decibels above a watt per Hertz).

Where: C/N is the carrier-to-noise density ratio.
EIRP is the Effective Isotropic Radiated Power.
SPACE LOSS based on frequency and distance.
G/T is the Figure of merit gain-to-equivalent noise temperature ratio.
BOLTZMANN'S Constant is - 228.6 dBW / K / Hz (dB watts per degree
Kelvin per Hertz).

Yagi antennas with a gain of 12 dBi (Decibels above the gain of an Isotropic Antenna)
are planned for two sites, McMurdo and the video repeater. Both receivers will have a
preamplifier to provide at least a 2 dB noise figure, at UHF frequencies of 425 and
455 MHz. The return command signals will come to the remote site at VHF (150
MHz) on separate omni directional antennas. Separation of these frequencies will
eliminate the need to use physically large filters to prevent de-sensing during the time
when the transmitter and receiver are on at the same time. The Block Diagram of
Figure 1 provides a signal flow for the video repeater system. The continuous digital
data signal from the remote robot will provide telemetry and two video channels from
the remote site via McMurdo to California. This link has a band-width of
approximately 2 MHz and a repeater continuous power output of 2 to 4 watts. The
VHF side is for command signals provided by the operator in California, and because
of its narrow band-width of 25 KHz and a frequency of 150 MHz, does not present
much of a problem.

Calculations for the long UHF link of 62 miles using 4 watts continuous power output
provides the following carrier-to-noise density ratio (C/N).

EIRP for 4 watts power output, 0.5 dB cable loss, and antenna gain of 12 dBi is 17.5
dBW.



Figure 1
Block Diagram of Video Repeater

The space loss for 62 miles at 425 MHz is 125 dB, calculated by the standard
equation:

dB = 36.6 + 20 log f (MHz) + 20 log d (miles)
= 125 dB

G/T is calculated for both identical receiving systems by defining the temperature.

System noise will follow the standard equation of Antenna noise, plus noise
contributions caused by losses, and the noise of the preamplifier, or:

System noise T = Ta/Lr + Tl + Te

Where :

Ta = Antenna noise based on look angle elevation.
Lr = Cable losses.
Tl = Noise contributions by losses (1 - 1/Lr)290.
Te = Noise Figure of the Preamplifier.

For this system, Ta, antenna noise at zero degrees elevation is approximately 150
Kelvin. Lr, cable losses of 0.5 dB (1.12). Tl, noise contributions by losses of (1 -
1/Lr)290 is 152.5 Kelvin, and 2 dB noise figure makes Te 170 Kelvin. Results for
system noise Is 335 Kelvin. Now divide antenna gain by the temperature.

G/T = (12 dBi - 0.5 dB) - (10 log 335 Kelvin)
= 11.5 - 25.3 = -13.8 dB/K.



The carrier-to-noise density ratio then becomes:

C/N = EIRP - Space loss + G/T - BOLTZMANN'S constant
= [17.5 dBW - 125 dB + (-13.8 dB/K) - (-228.6 dBW/K/Hz)]
= 107.3 dBW/Hz

Now that the carrier-to-noise density ratio is known, we can calculate the bit
energy-to-noise ratio so a determination of the threshold can be made. The bit energy,
E, is the product of the carrier power and the bit duration. The bit energy-to-noise
density ratio, (E/N) of the total link is obtained by solving :

(2)* E/N = (C/N)Tb Where: Tb is the bit duration , or (l/data rate). For a T-l link
this is 1/1544000 seconds.

So, the link bit energy for a 1.544 Mb/s data rate is:

(E/N) = (C/N)Tb
= 107.3 dBW/Hz + 10 log (1/1544000)(seconds per bit)
= 107.3 + (- 61.9) = 45.4 dB

This margin will provide a more than adequate BER (Bit Error Rate) for the digital
signals being passed from the remote site to McMurdo. Experience has shown that a
bit energy ratio of 15 dB will provide a BER of one part in ten to the minus eighth
with no problem. As can be seen, there will be no problem operating at even 2 watts
power output if desired to conserve primacy power.

The short link from the robot to the repeater is less than 2 miles, so it is assumed that
no problems will be encountered with the RF link. The repeater receiver will have a 2
dB noise figure and will be receiving with a 12 dBi gain antenna, and the remote robot
system will use a 2 watt transmitter with an omni directional antenna.

On the VHF side the problem is not as severe. Command signals are on an as needed
basis and will only generate a carrier on a duty cycle of approximately 10 percent. A
PM (Phase Modulated) carrier will be used to provide a 9600 baud modem signal. The
antennas will be omni-directional and the transmitter power will be 2 to 4 watts. A
diplexer and filters will be used to maintain isolation between transmit and receive
signals coming from the common antenna.

Power for the system will consist of solar cells with lead acid gel cell storage
batteries. All design features are based on using the system during the Antarctic
summer when ambient temperatures are above minus 20 degrees F.



Because the sun never sets during the spring and summer months in Antarctica, it
provides an excellent opportunity to exploit the capability of solar cells for primary
power. New technology in storage batteries and solar cells lends itself nicely to the
power requirements for remote equipment. The prototype system contained 4 storage
batteries and was designed for a duty cycle of 25 percent with three days storage
capacity with no charge. The end result was that the actual charge rate allowed the
batteries to stay at full charge for the entire summer. This was partly due to the true
duty cycle which was less than 10 percent. With the video repeater things are
different. The discharge rate of this repeater will be a continuous 1.5 amps, with
intermittent 3 amps during command cycles. Of course this will be for 8 hours each
day. No data is available yet on what the duty cycle will be for the command signals.
Our design presently uses a 10 percent duty cycle during the 8 hour day as a best
guess for the command signal.

Four solar cells of 83 watt capacity will be installed in the video repeater located on
all four sides of the cube at the top covering north, east, south, and west. This will
allow at least one solar panel to be facing the sun at all times. Each solar panel is tilted
back 20 degrees to face the average inclined sun. During the month of November the
sun is inclined at about 30 degrees at noon and about 15 degrees at midnight. Six, 90
ampere-hour storage batteries will be installed in the video repeater designed to
operate and be charged during the times when the temperature inside stays above
minus 4 degrees F.

Using 6 batteries at 90 ampere-hours and 12 volts each in parallel, will produce a
system battery capacity of 6480 watt-hours. This value must be de-rated by 0.6 to
provide a maximum discharge depth (approximately 11.25 volts minimum), and
de-rated another 0.6 for a low operating temperature of minus 4 degrees F. The result
is a usable battery capacity of 2333 watt-hours. The load power is 1.5 ampere x 12
volts x 8 hours, or 144 watt hours, + 1.5 amps x 12 volts x 0.8 hours (10 percent duty
cycle of 8 hours operating time), or 14.4 watt hours. So the combination of 144 + 14.4
is 158.4 watt-hours, and with a total capacity of 2333 watt-hours of system battery
capacity, the batteries should maintain primary power for approximately 15 days
without additional charge. This over-design allows the operation of the remote site
during longer days if necessary. For 24 hour operation, the total drain would be 475.2
watt-hours for almost 5 days of no charge. The no charge time is for overcast, bad
weather days that could last for 4 or 5 days in Antarctica.

De-rating is an important factor that provides a safety factor for the batteries. In the
power system, a device will be included to cut off all power when the battery voltage
gets down to 11.25 volts. This serves to protect the battery from too deep a discharge



that adds to the battery life and as long as it has some charge, keeps it from freezing.
After solar charge returns the batteries to 12 volts, the cutoff device is de-activated.

Solar cell charging provided with 360 degree coverage can be calculated using
measured sun data for Antarctica austral summer. As an example, the daily sun hours
during the month of November shows 5.9 hours of sun available on a solar panel
facing the north, 3.7 hours facing the south, and 4.8 hours facing east and west. Even
though there is 24 hours of sun, the system is a square rather than a circle so the
corners facing the sun will be omitted. In real conditions this is not true but this
provides another conservative design point. Actually, tests with the prototype proved
that some charge current was acquired from all solar panels whether they faced the
sun or not. At one site the background was ice and snow and charge currents of 8
amps were observed from four 60 watt panels during the peak of the sunshine. Again,
with batteries it is best to over design and accept extra power as a bonus. So on the
video repeater design, adding these hours for a total of 19.3 useful direct sun hours,
multiply by 83 watts for the solar panel maximum output, gives 1602 watt-hours
available per day during the month of November.

High winds are common in Antarctica so all portable systems must be able to operate
in over 100 mile per hour winds and survive in 175 mile per hour winds. The surface
area of the system facing the maximum direct wind is only 21 square feet of
cylindrical and flat combination surfaces. Considerations for drag coefficients and a
centroid of 2.4 feet above the ground produce a total overturning force of 3200 foot
pounds for 100 mile an hour gusts. Surface tension of the wind on a flat surface was
disregarded to provide additional design margin. The system moment is 1000 pounds
at 2.5 feet, or 2500 foot pounds as the opposing force. To keep the system from
overturning, outriggers will be constructed at the four corners of the base and stored in
the existing base tubing. At the site, the outriggers will be positioned and any nearby
rocks of sufficient size that can be moved, will be placed on the outriggers for added
stability. The outriggers alone provide an additional 3 feet to the moment arm so the
opposing force will exceed 5000 foot pounds.

No precautions against "cold soaking" were taken on the prototype because it was to
be kept inside during the winter and used only during the warm months when the
temperature will never be below minus 20 degrees. However, the video repeater will
have heat strips of 15 to 20 watts for warming the equipment prior to applying power
after storage in very cold temperatures for any length of time. Once the equipment has
been warmed by the strips to an operating temperature according to its specifications,
the power can be applied. Warming the equipment is a precaution to prevent damage
to the electronic components at power up.



SUMMARY

Having experienced the results provided by the prototype, the major video repeater
problems are considered to be solved. One problem still exists that was not mentioned,
sun noise. When the sun is in a westerly direction, it will pass behind the video
repeater during certain times of the year. The receiver has to discriminate between the
signal and the noise. It may not be a problem as the condition will only exist during
certain times of the year and the signal-to-noise ratio is quite high. This particular
problem is to be investigated during the 1993-1994 season.

The end result of combating the elements to provide modern day communications is
that small problems become very large ones because of Mother Nature and the
remoteness of the operation. Every day new technologies produce equipment and
components that makes the job easier and provides new solutions to operations in the
extreme environment. As long as the Antarctic beckons to be explored,
communications will be provided to the explorers.
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ABSTRACT

This paper presents instrumentation and telemetry system techniques used in
free-flight research drop model testing at the NASA Langley Research Center. The
free-flight drop model test technique is used to conduct flight dynamics research of
high performance aircraft using dynamically scaled models. The free-flight drop
model flight testing supplements research using computer analysis and wind tunnel
testing. The drop models are scaled to approximately 20% of the size of the actual
aircraft. This paper presents an introduction to the Free-Flight Drop Model Program
which will be followed by a description of the current instrumentation and telemetry
systems used at the NASA Langley Research Center, Plum Tree Test Site. The paper
describes three telemetry downlinks used to acquire the data, video, and radar tracking
information from the model. Also described are two telemetry uplinks, one used to fly
the model employing a ground based flight control computer and a second to activate
commands for visual tracking and parachute recovery of the model. The paper
concludes with a discussion of free-flight drop model instrumentation and telemetry
system development currently in progress for future drop model projects at the NASA
Langley Research Center.
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INTRODUCTION

NASA Langley Research Center has conducted free-flight drop model testing at the
Plum Tree Test Site in Poquoson, Virginia over the last 2 decades. Drop model testing
is a technique used to conduct flight dynamics research of high performance aircraft,
and is used to augment the research conducted using wind tunnels and computer
simulations. Aircraft can be tested in wind tunnels at high angles of attack up to the



point of stall and subsequent departure into a spin, and in vertical wind tunnels this
can be extended into fully developed spins. The free-flight drop model test technique
provides a research vehicle that bridges the gap between stall and subsequent
departure into a spin and a fully developed spin as illustrated in figure 1. The
free-flight drop model test technique provides a research vehicle that can be used to
study the post-stall dynamics of high performance aircraft.1

Drop models are typically 1/5 scale models of various high performance aircraft. The
models are constructed of aluminum frames and bulkheads, with a fiberglass shell
formed to the shape of the aircraft under study. The X-31 drop model that is currently
being tested is shown in figure 2. The 27-percent scale model weighs in excess of five
hundred pounds and is flown with a closed loop control system that emulates the
system used in the full scale aircraft. The models are prepared for flight at the NASA
Plum Tree facility and then attached to a helicopter as shown in figure 3. The model is
carried to an altitude of approximately 12000 feet and dropped for the flight. When the
model is dropped from this altitude, flight times in excess of 120 seconds can be
achieved. Once the planned maneuvers are completed, the flight is terminated by
flying the model over a suitable landing area on the Plum Tree range. A frequency
modulated (FM) command system is then used to pyrotechnically deploy an onboard
recovery parachute.

SYSTEM OVERVIEW

The drop model system is composed of the airborne system and the ground system.
The airborne system includes the instrumentation system, the control system; the radio
frequency (RF) transmitters, receivers, and antennas; and a radar transponder and
video camera. The model electronic systems are powered by rechargeable
nickel-cadmium batteries. Separate battery packs are used to power the
instrumentation system, the servo actuator and control system and the pyrotechnic
systems used to deploy the parachute recovery system. An overall operational
illustration of these systems is shown in figure 4. A close-up view of the test facilities
is shown in figure 5. The ground system is comprised of a tracker system, an
instrumentation trailer, and a command and control trailer. The model's flight is
monitored by the pilot at the flight control station in the command trailer. The pilot
provides the stick inputs to the flight control computer (FCC) during the flight to
control the model's location on the range and to fly the desired flight profile. The
ground based FCC uses the pilots stick inputs along with the data telemetered from the
model to implement control laws used to generate the control surface commands to fly
the model. The commands are then telemetered to the model to close the loop on the
control system. The airborne and ground instrumentation and telemetry system used to
perform these tasks are described in the following sections.2



AIRBORNE SYSTEM

The recently upgraded airborne system including instrumentation, telemetry systems,
and pulse code modulated (PCM) and FM command system electronics used in the
X-31 drop model are illustrated in figure 6. A sample list of the model state and
control information is presented in table 1. The onboard sensors provide analog
outputs that are processed by a signal conditioner to achieve amplification, level
shifting, filtering, etc., as needed to provide a 0-5 Volt level for input to a new
microprocessor controlled miniature 64 channel, 12 bit PCM encoder. The PCM data
is routed to an L-band FM transmitter for transmission to the ground. A printed circuit
transmitting/receiving antenna array system that conforms to the interior of the nose of
the X-31 model was designed, fabricated, and tested at NASA Langley Research
Center.

The parachute commands and flight control commands are transmitted from the
ground using two S-band transmitters. The commands are received by the onboard
antenna and preamplified for routing to the receivers and decoders. The flight control
commands are received by an onboard S-band receiver and processed by a new
microprocessor controlled miniature 12 bit PCM decoder. The PCM decoder analog
outputs control the various surface actuators; and the discrete outputs control the gyro
caging commands for recently installed attitude gyro's and deployment/retraction of
speedbrakes, etc. The parachute recovery and tracking smoke command signals are
telemetered on the other S-band up-link. The relay outputs of the command decoder
are used to activate the mortar charge to initiate the parachute deployment. The
command decoder has a 100 ms delay timer installed in the relay circuit to prevent
short duration telemetry system drop-outs from accidentally deploying the parachute.
As an additional safety precaution a solid state timer circuit disables the parachute
mortar until 10 seconds after model separation from the helicopter, thereby allowing
the model to clear the helicopter before the parachute can be deployed. The FM
decoder relay outputs also control the voltages that initiate a pyrotechnic smoke
generator used to assist in visually tracking the model during the flight.

GROUND SYSTEMS

The recently upgraded free-flight drop model ground based instrumentation and
telemetry systems are illustrated in figure 7. The model state information is
telemetered down on a Bi-Phase-L PCM data link operating at 252 K bits/second
using a L-band transmitter and is received by a tracker mounted ground antenna and
downconverted to P-band for transmission to a FM receiver in the instrumentation
trailer. The PCM data stream is recorded on an analog tape recorder for post flight
data reduction, and is also routed to a smart PCM decoder for decoding, display, and



conversion to analog outputs. The analog outputs from the PCM decoder are routed to
digital to analog (D/A) converters for input to the ground based FCC, to real-time
chart recorders for use during the research flights, and to a Heads-Up-Display
Computer to generate the displays used by the pilot to assist in controlling the model
during the flights. In addition to the decoded downlink data from the model, the
analog to digital (A/D) converters also convert the analog voltages from the pilot
control sticks for input to the FCC. The FCC generates the computed control surface
position commands which are output by the FCC D/A converters for encoding and
transmission to the model.

The FCC command data used to fly the model is encoded, along with discrete data
used to control various model functions during flights, by a 21 channel 12 bit PCM
encoder that is operating at 252 K bits/second. An example of the channel assignments
which are used on the current model is shown in table #2. The encoder generates a
Bi-Phase-L PCM data stream that is transmitted to the model using an S-band FM
transmitter. The recovery parachute commands and the smoke commands, are
activated by the use of a separate telemetry system. The parachute deployment
commands are activated by either the pilot, the flight engineer or the flight
coordinator. Since the parachute is used to recover the model at the end of the flight
the parachute commands are considered to be the most important and are redundantly
encoded as two discrete tones using IRIG command channels which are transmitted on
a separate S-band link. In addition to being redundantly encoded, the command tones
are also commanded during the flight to not deploy the chute, so that in the event of a
ground system or telemetry failure the parachute will be deployed and the model
recovered. The smoke command is encoded using and IRIG command channel and is
also transmitted on a S-band telemetry link.3

The pilot is provided high resolution video images of the free-flight drop model from
tracker mounted cameras which provide a ground to air view, and a pilots eye view of
the flight from an onboard cockpit mounted camera. The onboard camera data is
telemetered down using an S-band video transmitter. In addition, a computer
generated geographical map with an overlay showing heading and the position of the
model on the range is provided to the pilot during the flights.

The FCC computes the spatial location of the model using the slant range, azimuth,
and elevation data. The slant range data is obtained from a tracking system which uses
a radar transponder in the model and a radar interrogator (Receiver Transmitter) and
processor located in the instrumentation trailer. The azimuth and elevation data is
obtained from position encoders mounted on one of the ground based trackers. This
data is used by the FCC to compute the resulting x, y, and altitude information which
is then presented on a video display in the pilot control station for use by the model



pilot and flight engineer during the flights. All pertinent video signals are recorded on
S-VHS video and U-Matic recorders and are used to assist in post-flight data analysis
and for documentation.

PREFLIGHT CALIBRATION

A preflight calibration and system check is performed on the instrumentation and
telemetry systems prior to each flight. All of the model electronic systems are
energized. The uplink command system is activated and the control surfaces are
commanded to several positions by the ground based FCC. The output of the downlink
PCM decoder is monitored to verify that each control surface control position
transducer (CPT) indicates the level corresponding to the commanded control system
deflection. This verifies the operation of both the uplink command system and the
corresponding downlink data channel. Two angle-of-attack sensors and one
angle-of-sideslip sensor are also checked at several positions. In addition to the
control surfaces and flow direction sensors, other analog data channels are observed in
their ambient position and verified on the downlink PCM decoder. The discrete uplink
channels are activated and the model system response is verified. Each downlink
discrete channel is checked by performing the required action on the model and
observing the change on the downlink PCM decoder discrete channel.

Once the model is mounted on the helicopter the instrumentation and telemetry
systems are energized and a three-point calibration is performed on all the analog
downlink data channels. This calibration is recorded on the ground-based recorder for
use during the data reduction process.

FUTURE DEVELOPMENT

Future development plans call for a significant improvement in the ground based
instrumentation and control system electronics by replacing the current analog
interfaces that are shown in figure 7. This will be accomplished by upgrading the FCC
to a computer that uses a Virtual Memory Extension (VME) bus system, and replacing
the current uplink encoder and downlink decoder with VME compatible plug-in card
encoder and decoder modules installed in a VME expansion chassis as shown in
figure 8. In addition to replacing the PCM encoder and decoder, the data will be
distributed to the other computers in the system using a local area network. These
changes will significantly reduce the system wiring in the instrumentation and
command trailers and allow for improved speed and accuracy in the system
communications.



The changes planned for the model include the addition of a second video downlink
from the model to allow for flow visualization and onboard systems monitoring. This
video link will be added using a S-band link to minimize the chance of interference
with other frequencies on the model and particularly the FM command S-band link
used to deploy the parachute. In addition, the second video transmitter will utilize a
subcarrier to send the data from an onboard Global Positioning System (GPS) receiver
to the ground to investigate the use of the GPS for tracking the model.

CONCLUSION

Versatile instrumentation and telemetry systems were developed at NASA Langley
Research Center that are ideally suited to conduct free-flight drop model research
testing utilizing a closed loop control system with the flight control computer on the
ground. The system reliability, ease and speed of reconfiguring, and the accuracy of
the model state data were significantly improved by the application of a
microprocessor controlled encoder and decoder in the model. Near term replacement
of the A/D and D/A interfaces between the ground based FCC, and the downlink data
decoder and uplink command encoder, with digital interfaces will further improve the
system reliability, accuracy and noise rejection.
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ABSTRACT

This paper presents a history of telemetry at White Sands Missile Range, New
Mexico. White Sands Missile Range is located in the Tularosa Basin between
the San Andres and the Organ Mountains on the west and the Sacramento
Mountains on the east.

Designation of more than one million acres of New Mexico range land as a
testing areas established White Sands Proving Ground on July 9, 1945 as the
Birthplace of Americas Missile and Space activity.

On July 16, 1945 the first Atomic Bomb was exploded at Trinity Site. Project
Hermes began in November of 1944 with a contract to General Electric by the
Ordnance Department to develop a long range guided missile for the Army.
Missile testing began in September of 1945 with the firing of Tiny Tim missiles.
The capture of German V2 rockets led to testing and firing V2s concurrently with
the Hermes. The first two-stage rocket consisted of a WAC Corporal mounted
on the nose of a V2. Bumper # 5 set flight records of 5,150 miles an hour and an
altitude of 244 miles on February 24, 1949.

The paper includes:

Chronological highlights of telemetering events.

Discussion of telemetry systems and events that occurred at
WSPG/WSMR from 1944 through 1990.



Telemetry systems and events from 1990 to the present.

Planned future telemetry systems and probable future systems.

KEY WORDS

telemetry, missiles, rockets, bandwidths, tracking, microwave

HISTORY OF TELEMETRY

Conrad H. Hoeppner in his "Space Electronics and Telemetry" article, 1962
Proceedings of the IRE, lists the following at significant telemetry milestones:

The development of telemetry and remote control for missiles and
spacecraft.

The development of instrumentation recorders employing magnetic tape.

The recognition of data handling as a problem and the subsequent
development of automatic data handling equipment.

The development of automatic remote control for guidance.

The union of telemetry, remote control and automatic computers in a closed
loop.

Industrial uses of telemetry and remote control.

White Sands Missile Range has been present for all test events.

WHITE SANDS PROVING GROUND

The first major event at what is now White Sands Missile Range begin with the
first atomic bomb explosion on July 16, 1945.

Project Hermes began in November of 1944 with a contract by the Ordnance
Department to develop a long range guided missile for the Army. Missile testing
began in September 1945 with the firing of Tiny Tim missiles. Five Hermes
missiles were test fired at White Sands Proving Ground in May and September
1945 and in February and May of 1951. The captured German V-2 rockets were
tested and fired concurrently with the Hermes. The first "Two Stage" rocket



consisted of a WAC Corporal mounted on the nose of a V-2. "Bumper" No. 5 set
flight records of 5,150 miles per hour and an altitude of 244 miles on February
24, 1949.

WHITE SANDS PROVING GROUND TELEMETRY

From 1945 to 1960 as many as 35 distinct mobile and fixed telemetry stations
were used throughout the Range. ln 1965 the Telemetry Acquisition and Relay
System (TARS) was placed in service. This system consisted of three main
fixed acquisition systems: Jig-10, Jig-36, and Jig-56. Three Transportable
Telemetry Acquisition and Relay Systems (TTARS) and seven Transportable
Telemetry Acquisition Systems (TTAS) replaced all but a few mobile telemetry
stations.

The TARS was upgraded in 1972 with the addition of two more TTARSs which
provided better coverage of Range missions as well as support of Ft. Wingate,
New Mexico, Blanding, Utah and Green River, Utah. Jig-67 was established at
Alamo Peak (near Jig-36).

The original TARS basebands were designed to carry eight 500 kHz bandwidth
channels or five 1.5 MHz bandwidth channels. In 1975 the TARS was modified
to accommodate wide-band channel of 2.4 MHz because test programs were
using higher data rates of 1.8 and 2 MB/second. The system was also
reconfigured to eliminate the frequency diversity and the automatic
channel/station selection in order to carry more channels of data to the
Telemetry Data Center (TDC). This upgrade allowed the telemetry system to
send eight wide-band channels to the TDC.

WSMR TELEMETRY ACQUISITION AND RELAY SYSTEM

ln 1965 WSMR acquired a microwave system known as the TARS. The TARS
can carry the acquired telemetry data from on and off the Range to a central
telemetry processing facility at the TDC. This microwave relay made it possible
to support more missions using a standard system consisting of three main
acquisition sites: JIG-10, J-67, and J-56; and five transportable microwave
systems known as the Transportable TARS (TTARS). These TTARS relay the
telemetry data to the three fixed stations where the signal is again relayed to the
TDC.



In the 1966 ITC Proceedings, Mr. Billy B. Boone, WSMR, wrote about WSMR
telemetry modernization:

"ln the past, in order to support the increases in test requirements, additional
stations were installed throughout the Range and operated independently. Each
station contained enough equipment to support acquisition, receivers,
demultiplexing, recording and display. Thus resulting in overlapping of
equipment, manpower and capabilities. ... Much of these requirements were
driven by the fact that the telemetry acquisition system did not have the gain or
the automatic tracking capabilities that present systems have.

Many stations were required to provide coverage of the entire flight trajectory."

Telemetry Ground Station Systems of the 1960s were the only method of
receiving and processing telemetry data. These telemetry ground stations were
state-of-the art at that time. There were many complex missions, with extensive
telemetry data, tested at the same time. Complex mobile telemetry ground
stations were developed to support these missions. Some of the discriminators
in use at that time were the Bendix Model 67F, EMR 210 and 270. Tape
recorders were Ampex Model 309 (two track), FR107 and 500 (7 track). Later
versions included the Ampex Model 1400 and CEC 3700, and the latest Models
are Ampex 3030 and 3025.

WHITE SANDS MISSILE RANGE TELEMETRY

The latest upgrade to the TARS occurred during 1992 when the prime station at
Atom Peak was relocated to Salinas Peak to provide better coverage of Range
telemetry missions. This move allowed the Range to carry three microwave
basebands from Jig-10 and three from Jig-67 directly into Jig-56. The links
between Jig-56 and the TDC were increased from two to four which allows the
Range to carry twenty channels of analog telemetry data to the Telemetry Data
Handling System (TDHS) in the TDC. The Range telemetry relay system is
capable of carrying digital microwave and uses a 45 MB/second digital
lightwave system.

The WSMR TDHS is considered to be the most modern and complete telemetry
data processing facility in the world.

WSMR - 1990 TO PRESENT

WSMR is developing a system which allows transmission of telemetry
information via telephone transmission protocols. FM/FM and PAM telemetry



formats will be converted into NRZ-L PCM signals which will be multiplexed to
create a DS3 standard telecommunication rate that will then be transported by
the WSMR communications system over digital microwave and lightwave
transmission links.

TWENTY FIRST CENTURY TELEMETRY

The telemetry acquisitions systems of the future must be capable of tracking
several objects at the same time. They must be able to provide precision
position information as well as telemetry data. They must be able to operate
remotely and unattended. Multiple beam tracking systems, such as the existing
Multiple Object Tracking Radar (MOTR), can be the models for future telemetry
trackers. A network of multiple object telemetry trackers could support the most
complex test scenarios involving several missiles, aircraft and targets.

Future telemetry data transportation systems will make extensive use of analog
and digital lightwave equipment and fiber optics. The analog fiber optics
technology has progressed so rapidly that the present system can
accommodate 10 GB/second or more radio frequency (RF) bandwidth over
distances of up to 50 miles. The diversity RF signals from the telemetry tracking
systems can be block converted ala cable television and transported over a
single optical fiber to a central telemetry receiving and demodulating facility for
recording and demultiplexing.

Replacement of obsolete equipment with state-of-the-art telemetry equipment is
made possible by technological advances in microstrip antenna arrays, analog
and digital lightwave drivers, multiplexers and optical recording disks.

Applying the technical innovations to future telemetry instrumentation systems
will result in: greater reliability, redundant capabilities, greater data storage
capacity -- and most importantly, more economical operation because of the
reduced manpower requirements. Fewer systems could collect more data in
better ways than current systems.
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TABLE I. CHRONOLOGICAL HIGHLIGHTS OF TELEMETERING EVENTS

1812 Shilling, a Russian, used telemetry in firing mines.

1845 Konstantinov and Pouli developed a telemeter for recording and
analyzing the flight of cannonballs.

1874 Olland developed a meteorological telemeter for measurements on
Mount Blanc.

1901 First aircraft flight.

1941 to FM/FM, PAM and PDM telemetry were under development at Palmer
1945 Laboratories at Princeton University and at the Applied Physics

laboratory at John Hopkins University.

1945 Worlds first Atomic Bomb was detonated at Trinity Site on July 15,
1945. White Sands Proving Ground was established on July 9, 1945.

1947 First V2 carried telemetry for upper atmosphere research.

1949 First two-stage rocket launched on February 24, 1945.

1950 First National Telemetering Conference.

1951 Air Force Missile Test Center established at Cape Canaveral.

1954 First PCM Telemetry System.

1957 The International Geophysical Year (IGY) program started in July.

Sputnik I and II were launched by Russia.

Explorer I and Vanguard I were launched by the United States.

1958 NASA established.

1962 Radio Transmission from Mariner II - 51 million miles.

1965 Digital Radio Transmission from Mariner lV - 150 million miles at 8 1/3
bits/second.



TABLE II. TELEMETRY STATIONS

Jig-l Fixed at Tula Peak-now at King I
Jig-2 Fixed at Army 2
Jig-3 Fixed at Bldg 300-once at Bldg 1512
Jig-4 Fixed at Bldg 316 (east of Bldg 300)
Jig-5 Fixed at C Station
Jig-7 Fixed at Small Missile Range
Jig-8 Relay van used mostly at malpais area
Jig-9 Fixed at Gap Site
Jig-10 Fixed at Atom Peak-now at Salinas Peak
Jig-23 Relay van used in the FIX area
Jig-26 Closed loop telemetry mobile van
Jig-27 Closed loop telemetry mobile van
Jig-28 Shop truck telemetry mobile van
Jig-29 Shop truck telemetry mobile van
Jig-30 Shop truck telemetry mobile van
Jig-36 Alamo Peak, moved to Long Ridge, now inactive
Jig-37 Fixed at fifty mile area
Jig-43 Shop truck telemetry mobile van
Jig-44 Fixed at Navy blockhouse-now at Dry Site
Jig-45 Fixed at Mockingbird Gap-now at South Oscura
Jig-46 Fixed at Rust Site-now at Alamo Peak
Jig-47 Closed loop telemetry mobile van
Jig-56 Fixed at Dry Site
Jig-59 Fixed at Moab, Utah
Jig-60 Fixed at TDU Bldg
Jig-61 Fixed at Mt. Taylor
Jig-62 Fixed at Menefee Peak, Colorado
Jig-63 Fixed at Cold Springs, Blanding, Utah
Jig-64 Mobile Microwave Van
Jig-65 Fixed at Monticello, Utah
Jig-66 Closed loop telemetry mobile van
Jig-67 Fixed at Alamo Peak
Jig-68 Fixed at Green River, Utah
Jig-69 Fixed at Huerfano Peak



TABLE III. TEST PROGRAMS AT WSPG/WSMR FROM 1944 TO 1993

AEROBEE AIM-7
AlM-9 AIR LAUNCHED CRUISE MISSILE
AMRAAM (AIM 120) APOLLO
AIRES ARMY TACMS
ASSAULT BREAKER ASTROBEE
ATHENA B1-B
BLACK BRANT BOMARC
BRIGHT EYES CANNON LAUNCHED GUIDED

 PROJECTILE
CHAPPRAL CONSORT-COMMERCIAL

 RESEARCH ROCKET
CORPORAL COPPERHEAD
DELTA 180 AND 181 DIVADS
ERINT FIREFLY
FLAG E GEMINI
HARM HAWK
HEDl KITE HOUND DOG
HYPER VELOCITY MlSSILE (HVM) ILLUNINATOR
KEM LANCE
LEAP LITTLE JOE
LITTLE JOHN MAULER
MAVRICK MISSILE "A"
MISSILE "B" MLRS
MQM 34 MQM 107
NIKE AJAX NIKE HERCULES
PARTIOT PERSHING AND PERSHING II
RAM RAPIER
ROLAND STS SPACE SHUTTLE
STS-3 LANDING AT WSMR SARGENT
SEA SPARROW SGT YORK
SLAM SRAM AND SRAM II
STANDARD MISSILE STINGER
STORM TALOS
TINY TIM TOMAHAWK
V-2 VANDAL
VERTICAL LAUNCHED ASROC



FUTURE PROGRAMS

Theater High ALtitude Area Defense (THAAD)
Singe State Rocket Technology (SSRT)
Off-Range Tests -- Patriot & Army TACMS from Ft. Wingate and Utah



IMPLEMENTATION OF A LOW COST COMMERCIAL-OFF-THE-
SHELF COMMANDING SYSTEM

Richard J. Grich Jr.
Chris R. Bourassa

Storm Integration, Inc.

ABSTRACT

Traditional satellite and launch control systems have consisted of custom solutions
requiring significant development and maintenance costs. These systems have
typically been designed to support specific program requirements and are expensive to
modify and augment after delivery. Over the past five years, technical advances have
resulted in Commercial-Off-The-Shelf (COTS) products which greatly reduce the
complete life cycle costs associated with satellite and launch control system
procurements. These advances, however, have been restricted to specific functional
areas of the satellite and launch control system - most notably, telemetry processing
and simulation. Until recently, technological advances in the development of COTS
products which support functional areas like commanding and mission planning have
lagged behind. This paper describes the development and application of a COTS
product which provides a highly advanced commanding capability that is tightly
integrated with the processing of telemetry data. This closed loop telemetry and
commanding system forms the basis of a satellite or launch control system at a
fraction of the cost normally associated with systems of this kind.

KEY WORDS

Commanding, COTS, Real-time

INTRODUCTION

During the past few years, significant advances have taken place in the commercial
market to satisfy the need for low cost, yet highly reliable industry standard products
to perform telemetry processing for spacecraft and related applications. Many
companies currently offer telemetry processing hardware and software integrated into
COTS packages. These packages provide a variety of cost effective alternatives to
customers with spacecraft telemetry processing requirements. During this same
period, however, little effort has been invested to develop a commercially available



software package for spacecraft and launch vehicle commanding. Many technical
issues have discouraged potential developers from building a "generic" COTS
commanding package. These issues center around the ability to offer a robust and
reliable system to a sufficiently large customer base while maintaining low
procurement and integration costs.

This paper describes the key design and implementation details of a COTS product
which addresses these issues - Storm Integration's Intelligent Mission Toolkit
(IMT) . In addition, this paper discusses the advantages of developing the initialTM

version of the IMT to be integrated with one of these COTS telemetry processing
systems. Loral Instrumentation's System 500. By developing a system which makes
maximum use of existing COTS hardware and software, for the first time spacecraft
and launch vehicle manufacturers and operators will have low cost options for
satisfying their full-loop command and telemetry processing requirements.

PRODUCT REQUIREMENTS

The first step in the development of this system was to clearly define the design
drivers and requirements associated with a complex command and control system.
The three most important elements of the system were determined to be vehicle
adaptability, system tailorability, the definition of clearly defined interfaces.

The first major consideration relative to the design of a COTS commanding system is
that it must be readily usable by a variety of different types of spacecraft programs
without the addition of new software components. In order to satisfy this requirement,
the commanding system would have to be database driven.

Closely tied to the need for a database driven system is the ability to easily configure
or tailor the system to meet the needs of a specific spacecraft program. Where
appropriate, the system should be configurable by the operators who may not be
computer experts. This means the user interface, the database configuration and the
command plan execution functions should be easily modifiable by the users of the
system. A commanding COTS package which is consistent with industry standards in
the use of relational databases and user interfaces will provide the required
tailorability. System users should be able to configure and tailor the system, however,
this should not be the only method of ensuring that all spacecraft program objectives
are met. A core system which is database driven should be capable of being
augmented by program specific software and hardware, if necessary. In short, the
system should be extendible.



Finally, a clearly defined interface to other spacecraft functions must be provided. The
primary functions to which commanding will need to interface are telemetry
processing and mission planning. An interface to external users may also be required.
This external interface needs to have an element which permits commands from an
external source to be inserted into the commanding database for eventual processing
and transmission.

PRODUCT DESIGN/DEVELOPMENT

Important elements of the IMT product design and development effort included:
commercial product selection, use of an iterative design approach, adherence to strict
software development standards and methodologies, and a belief that product
documentation should begin during the design phase.

The first step in the design process was a search for COTS products which could
satisfy one or more functional requirement areas. The goal was to maximize the use of
commercial products, reducing the overall cost of the product and enhancing the
flexibility and functionality of the system. To ensure the best possible combination of
commercial products, Storm Integration performed an extensive study of products
available in the area of complex command and control. A detailed set of criteria were
applied to this evaluation, however, the characteristics considered most important
were: adherence to industry standards, product flexibility and a willingness by the
vendor to evolve their product to meet the complex requirements of command and
control systems. Products selected during this evaluation included Loral
Instrumentation's 500 series front end telemetry processor, Gensym's G2 Real-time
Expert System, and SYBASE's family of relational database products.

Use of an iterative design process was critical to overall product quality and customer
satisfaction. Storm Integration felt it was important to demonstrate the IMT to actual
system users and within an aggressive and complex system environment. This was to
ensure that the product would satisfy overall system requirements and to elicit detailed
product assessments from people who actually use and operate complex systems.
Storm presented the first IMT system prototype at the International Telemetering
Conference in San Diego, California in October of 1992. In addition, the IMT has
been used to successfully command and control United States Air Force satellites
using the US. Air Force's Satellite Control Network (AFSCN). Comments received
during these and other demonstrations were incorporated into the IMT product design
increasing product usefulness and quality.

To ensure a high degree of quality, the IMT software development effort followed a
strict set of documented corporate software engineering standards and guidelines.



These corporate standards include detailed processes and methodologies in the areas
of software engineering, configuration management, project management, software
testing and product quality management.

PRODUCT DESCRIPTION

Storm's Intelligent Mission Toolkit (IMT) is an open, modular Commercial Off The
Shelf (COTS) package which provides the ability to support multiple satellite
processing applications with a complete closed-loop commanding and telemetry
processing capability. Processes are distributed across an Ethernet or FDDI Local
Area Network (LAN) with functionality resident on UNIX-based workstations and
VME-based industry standard front-end equipment. The user interface is provided via
multiple graphical Human Computer Interfaces (HCI) COTS software packages. The
system is configured and driven by a relational database, making it a generic, high
fidelity commanding capability.

The IMT was designed to meet the complex requirements of a wide variety of satellite
and launch control programs, including the US Air Force Satellite Control Network,
commercial cellular communications programs and launch modernization initiatives.
Storm's extensive experience with commanding systems used by multiple US Air
Force and commercial programs was used to form the necessary core functionality of
the IMT. This experience as used to improve upon the existing, limited commanding
architectures. The IMT has been designed and developed as a "Commanding Shell"
with a supporting toolkit which allows maximum flexibility in system configuration
through the use of sophisticated, integrated database manipulations. In addition. Storm
incorporates an Object-Oriented Design (OOD) methodology so that for unique
installation requirements (i.e. unique hardware interface format), the customization is
encapsulated to a minimal set of objects, usually only one.

Storm has developed the IMT using other, well established COTS products as sub
components. This has been done to minimize overall cost, development time and risk.
The initial release of the IMT uses multiple COTS products which Storm believes,
after detailed product assessment and tradeoffs, to be best of breed for their role in this
application. Storm has selected SYBASE as its relational database manager, Gensym's
G2 Real-Time Expert System as its inferencing tool set and Loral Instrumentation's
(LI) System 500 product line as the provider of telemetry acquisition, processing and
display capabilities. Because of the use of OOD design methodologies, minimal effort
would be required to re-host to or incorporate comparable COTS software products.

The IMT is partitioned into two component sets, a workstation set and a front-end set.
The functions which are resident within each set are listed below.



Workstation

User Interface
Command Database (Command structure, bits and parameters)
Pass Plan Development/Database
Pass Plan Execution
Command Builder

Front-end

Intelligent Command Queue
Transmission Manager
Transmission Driver
Validation Manager & associated Validation Algorithms
Telemetry processing (decommutation, calibration, unit conversion, archival,
etc.)

USER INTERFACE

The user interface is provided via three sources. The first is the ability to enter data
into the database, which is performed via a Storm-developed GUI to the SYBASE
SQL. The second user interface gives the user the ability to execute pass plans through
the use of the G2 GUI. Finally, telemetry data is presented to the user via LI's
DataScope, which is based upon V. I. Corporation's DataViews. The DataScope
product allows the user to build telemetry views containing alphanumeric data,
graphical (dials, gauges, strip charts, etc.) representations, schematic diagrams or any
combination of these presentation methods. The goal of all three user interfaces is to
provide the user the option of having a consistent "look & feel" throughout the IMT
functions. These interfaces are all configurable by the users of the system.

COMMAND DATABASE

The IMT database interface allows command lists (ASCII files containing the vehicle
command bits) and individual pass plans in a specific ASCII format to be entered into
the database avoiding manual entry of this information. Storm utilizes the SYBASE
relational database product line in its initial release of the IMT. These products (SQL
Server, APT Workbench, Data Workbench) combined with a user interface developed
by Storm provide the ability for users to define and store their command structure, the
individual command bits, command parameters and pass plan information.



PASS PLAN DEVELOPMENT

Executable pass plan development can be performed via the ASCII file interface
previously described or via a Motif-like interface which allows the user to define the
commands and ground equipment control directives to be processed during a specific
contact with the satellite vehicle. The result of this IMT pass plan development
process is a set of objects stored in the database which are translated into G2 objects
during the execution of the pass plan.

PASS PLAN EXECUTION

Execution of the IMT pass plan provides system control and flow management to
system users during all periods of real-time operations. The complexity of the IMT
pass plan is configurable by the user. This complexity ranges from manually stepping
through a basic, sequential pass plan to the automatic execution of a complex pass
plan which contains branching based upon real-time evaluation of externally
generated data (telemetry, equipment status, etc.). Operator execution of the pass plan
is augmented by the G2 expert system. Software bridges between G2 and the other
IMT components are utilized to execute steps within the pass plan. The powerful G2
inferencing capability allowed Storm to develop a standard set of rules which control
the flow of the pass plan and perform constraint checking. Additionally, the IMT uses
G2 to provide the structure that allows the user to easily customize or define rules
which functionally validate command execution.

COMMAND BUILDER

As the pass plan is executed, the Command Builder is invoked to extract the command
structure and relevant command bits and parameters from the database. The complete
command is then built and transmitted to the Intelligent Command Queue (ICQ)
module which resides in the front-end. Commands can be built and loaded into the
front-end as early as the user wishes. The storage of these pre-loaded commands is
constrained only by the amount of memory available on the Field Programmable
Processor (FPP) card in the LI System 500 front-end. The standard FPP configuration
provides 2 MB of memory, and can be expanded, if necessary.

INTELLIGENT COMMAND QUEUE

The IMT functions which execute on the LI System 500 front-end are related to the
transmission of commands, the acquisition and processing of telemetry data and the
verification and validation of commands. Telemetry processing is performed through
the use of functions provided by LI. Commands selected for transmission and



constructed by the Command Builder are stored in the front-end in the ICQ. This
queue and associated software hold the binary representations of the commands and
release them according to instructions which are transmitted from the workstation.
The ICQ monitors transmission and validation status in order to determine when
commands can be released. When a range of commands is requested for release, the
command definition of each will indicate whether to release the commands as fast as
is possible (i.e. release after the previous one has transmitted, wait until validation of
the previous command occurs, etc.). The ICQ is also responsible for retries, if this
option has been selected for the command and the command does not validate. Time
critical commanding is initiated by the ICQ, ensuring commands are released to the
Transmission Manager based upon their specified vehicle arrival times.

TRANSMISSION MANAGER

Commands released by the ICQ are received by the Transmission Manager. The
Transmission Manager is responsible for controlling the rate at which commands are
released and for initiating the validation process. The Transmission Manager
generates the correct preamble, interval and postamble sequences and passes the
command to the Transmission Driver. The Transmission Manager controls the time
critical commanding through logic which sends the commands to the Transmission
Driver at precisely the time required to ensure the vehicle arrival time is met. This
time is calculated using the known communication delays.

TRANSMISSION DRIVER

The Transmission Driver performs the final formatting of the command and releases
the command to the hardware device which actually transmits the command from the
front-end. The LI System 500 uses a Differential Input/Output (DIO) card for this
purpose. Prior to releasing the command, the Transmission Driver inserts the correct
count(s) into the command as well as any necessary parity bits, pad bits or other
vehicle/installation specific data. The Transmission Driver is also responsible for the
generation of S tones, if required, during any periods of vehicle contact without
command transmission.

VALIDATION MANAGER AND ALGORITHMS

The Validation Manager, upon notification of command transmission, initiates the
proper validation algorithm for the proper validation window. The IMT currently can
handle loading and utilizing up to 32 different validation algorithms for each vehicle.
If a larger number of algorithms is required for a specific program, the number can be
easily increased by Storm. The IMT is delivered with a set of standard algorithms and



the capability for the user to define customer specific validation routines. The
Validation Manager reports the validation status upon successful validation or
completion of the validation window.

APPLICATIONS AND BENEFITS

The database driven design of Storm Integration's Intelligent Mission Toolkit makes it
possible for a single system to be used throughout the entire life cycle of a satellite or
launch system development program. For example, the US. Ballistic Missile Defense
Organization (BMDO - formerly the Strategic Defense Initiative Organization -
SDIO) Miniature Seeker Technology Insertion (MSTI) program requires concurrent
support for satellite test, training/simulation, launch control and on-orbit operations
for multiple satellites. As one satellite is launched, another satellite may in test or
require training/simulation. The flexibility of the IMT is ideally suited to support all
phases of this or similar program life cycle.

IMT can also significantly improve the effectiveness of Ground Support Equipment
(GSE). An IMT system can be used to capture the knowledge of satellite engineers
and technical advisors as they test a vehicle. This knowledge can then be incorporated
into test scripts effectively eliminating operator error during long tests. During
on-orbit operations, the existence of this extensive technical knowledge-base reduces
the need for satellite and launch vehicle Technical Analyst's (TA) to be involved in
nominal (and even some anomalous) situations. In addition, if TA support is required,
their involvement in the development of the knowledge-base and familiarity with the
system enhances their ability to resolve problems quickly.

CONCLUSION

Storm Integration's Intelligent Mission Toolkit provides a flexible, modular,
commercial product capable of meeting the needs of a variety of complex command
and control systems. Its modular design allows it to be used effectively in both large
and small scale systems. It is capable of operating in a stand-alone environment or
becoming part of an existing system. In addition, IMT's ability to retain the knowledge
of project experts - in a expert system knowledgebase - minimizes the impact
associated with project staffing changes.

The IMT product concept and implementation has proven to be useful to a variety of
new and existing complex systems. IMT has been selected by the United States Air
Force as the commanding and telemetry element for its next generation distributed
mission control complexes. In addition, IMT is currently being adapted to address the
complex network management requirements of NASA and to a variety of Intelligent
Vehicle Highway System (IVHS) programs.
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ABSTRACT

The National Renewable Energy Laboratory (NREL) has teamed up with Zond
Systems, Inc., to provide a rugged, low-cost, advanced data-acquisition system
(ADAS) for use in field test projects. The ADAS simplifies the process of making
accurate measurements on mechanical equipment exposed to harsh environments. It
provides synchronized, time-series measurement data from multiple, independent
sources. The ADAS is currently being used to acquire data from large wind turbines in
operational wind-plant environments. ADAS modules are mounted on rotating blades,
turbine towers, nacelles, control modules, meteorological towers, and electrical
stations. The ADAS has the potential to meet the testing and monitoring needs of
many other technologies as well, including vehicles, heavy equipment, piping and
power transmission networks, and building energy systems.
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INTRODUCTION

The ADAS is comprised of multiple, microprocessor-based data-acquisition modules
(DAMs) designed to be located near the sources of measurement. Each DAM converts
analog signals from up to eight local sensors and transducers into highly noise-tolerant
digital signals. The digital signals are stored in the DAM and can be transmitted or
conducted in a number of ways to a ground station. Each DAM contains sophisticated
signal conditioning capabilities, built-in calibration capabilities, a computer to control
operation and communication, and up to 4 Mb of random access memory (RAM) to
store data. The DAMs can operate in a stand-alone mode, meaning that they can



independently acquire long-term average data to internal memory for durations up to
months. Short bursts of high-rate data can also be collected. The DAMs can
additionally operate in a real-time mode, continuously transmitting updated data to the
ground-station real-time display. The ADAS acquisition rate is user selectable over a
range of 160 samples per second to 10-minute averages. Up to 14 eight-channel
DAMs can be independently located on various components of the system to be
measured to provide up to 112 individual measurement channels. Multiple-DAM data
acquisition is synchronized at rates up to 160 Hz with all 112 channels recording data
simultaneously. Susceptibility to induced noise is reduced by using instrumentation
amplifiers and high-speed integrating converters, and by locating individual DAMs
close to the measurement source. Signals from digital and analog sources are
connected directly to the inputs of local DAMs. A standard personal computer (PC)
operates as a ground station and is used to set up the DAMs, coordinate data
transmission to and from the remote DAMs, display real-time values, and archive
data sets.

BACKGROUND

Over the last few years, NREL has become involved in many cooperative projects
with industry partners to explore new design concepts and evaluate their capabilities.
Many of these projects require loads and performance testing of wind turbine systems
and components. To quantify the benefits and merits of design changes and
enhancements, accurate and reliable field-based data measurement systems are
needed. There are many conventional commercial data-acquisition systems on the
market today, but few are suitable for in-situ testing of large mechanical systems
(such as wind turbines) exposed to a wide range of environmental extremes. Most
conventional commercial systems are designed for use in laboratory applications.
Field-based data-acquisition needs are very different from those of laboratory
experiments. In a laboratory, experiments, equipment, and their environment are
typically controlled to ensure that measurements are appropriately made. Few
conventional data-acquisition systems are designed to operate accurately when
exposed to extremes in temperature, vibration, or gravitational loading. Conventional
systems also typically require signals from sensors and transducers to be conducted
over cables from the measurement source to the data-acquisition system. In a field
environment, cables might be difficult or impossible to use. Most of the hardware
designed for field testing was developed for aerospace and military applications, and it
is usually too expensive for commercial use. NREL and Zond Systems teamed up to
develop the ADAS to provide a low-cost, field-based data-acquisition system that
meets the needs of the commercial industry. Zond has experience in operating wind
plants and has instrumented and tested electrical and mechanical systems since 1980.
This system is based on an expanded version of previous systems designed,



developed, and manufactured by Zond (Cousineau, 1989). The ADAS system was
designed to perform the following:

o Obtain synchronized time-series data from multiple, independent sources.
o Decrease the time and effort required to instrument a field experiment, verify

data validity, collect data, and perform preliminary data analysis.
o Improve the end-to-end accuracy of data collected in field experiments.
o Control all data-acquisition functions (data sample rate, anti-alias filter

setpoints, channel configuration, calibrations, etc.) from the ground station.
o Provide a small and light system capable of making a wide variety of reliable

measurements in rugged environments .
o Provide independent, stand-alone operation by utilizing telemetry and low

power-consumption battery operation with in-situ recharge capability.
o Provide a complete integrated package using off-the-shelf components.
o Develop flexible, expandable hardware that can be integrated with common

experiment control software to provide necessary quick-look data display,
processing, and analysis capabilities.

o Provide a way to easily get experimental data into a standard PC data file
format, thus enabling the use of inexpensive, standard PC-based software
products to perform post-processing analyses and displays.

Obtaining measured values, however, is only a small part of the overall task. It is also
necessary to verify measured values to ensure data accuracy and reliability, and to use
those values to produce results in a quick and efficient manner. This requires
data-acquisition hardware components which work in conjunction with data
processing and analysis software. There are no existing systems which provide a
complete package of hardware and software to meet the specific needs of the wind
industry. NREL has begun to develop the ADAS to meet these needs, and this paper
describes existing capabilities in detail. Further system software developments are
forthcoming as outlined in the Future Plans section below.

THEORY OF OPERATION

The ADAS was designed to provide synchronized time-series data from all
measurement sources. This means that data values are measured on all channels
exactly at time T. At an exact time interval t later (e.g., if the sample rate was 40 Hz,

t would be 0.025 seconds), data values on all channels are measured again, and so
on. This measurement accuracy is necessary to minimize sample phase and skew
effects. A typical application, for example, might require structural dynamic studies
and load-path evaluations using data from multiple sensors mounted in various
positions on a structure.



Taking the ADAS objectives into consideration, the required multiple-channels,
multiple-source synchronized measurements can be performed in either the real-time
or stand-alone mode. In the real-time mode, all data channels are synchronously
sampled, and data are continuously streamed from many potential remote locations to
a central receiving station. A computer at the central receiving station receives,
combines, and stores the multiple stream data in real time. This option becomes
expensive as sample rates and the number of channels increase because higher
communication bandwidth and greater real-time computer processing and storage
capability are required. In the stand-alone mode, all data channels are synchronously
sampled and data values are recorded directly into the computer memory of
microprocessor-controlled remote modules. Data sets are downloaded, combined, and
stored on a central receiving station computer at a later time. This option eliminates
the need for high bandwidth communication links and computing requirements,
because data downloading does not have to occur in real time. NREL has traditionally
operated data-acquisition experiments in the real-time mode. Higher bandwidth
applications (> 100 Hz) have been performed using pulse code modulation
(PCM)-based telemetry systems designed for military and aerospace applications
(Simms and Butterfield, 1990). These types of systems are not practical for the ADAS
because high bandwidth telemetry equipment is not commercially available and costs
are prohibitive for commercial applications. In other experiments, NREL has used
typical personal computer (PC)-based data-acquisition systems to provide real-time
measurement capability (Tangler, et al., 1989). These systems are extremely cost
effective, but they require all analog signals to he conducted directly to the pc
data-acquisition boards. Since PCs are not rugged enough to use in most field
applications, they have to be located in suitable environments to which measurement
signal cables have to be run. These systems do not meet the objectives of the ADAS
because they are difficult to install and debug on wind turbines, especially for
measurements made on the rotor. Analog signals conducted over long distances are
susceptible to induced noise from ground loops, high power sources, and slip rings.
This affects measurement reliability and sacrifices accuracy.

The ADAS compensates for the expense of high-rate digital systems and unreliable
analog systems by combining both the real-time and stand-alone modes of operation.
The real-time mode is utilized for low data rates. In this mode, the ground station
continuously triggers, polls, downloads, and displays results, completing a cycle from
all remote stations in less than one second. This allows real-time monitoring on a
visual display of current conditions which vary at an acceptable rate compatible with a
human interface. This rate is suitable for performing most required visual data checks
and verifications and can be accomplished using inexpensive common communication
technology. The stand-alone mode is utilized to obtain higher rate data sets by
triggering all channels at all remote locations to start data acquisition at the exact



same time. The real-time data values are streamed to internal memory on each
microprocessor-controlled remote data-acquisition module. At the end of a given
period of data acquisition, data are then downloaded. The ground station computer
polls each remote site individually to initiate transmission of its data. The data from
each remote site are sequentially collected at the ground station and then assembled
into a single time-series data set. The advantages of stand-alone operation which
contribute to the cost-effectiveness of the ADAS are as follows:

o Low-cost radio frequency (RF) telemetry is practical since all data transmission
can be done on the same RF system. The need for multiple frequencies and
multiple ground station transceivers is eliminated.

o A high rate mode of digital transmission (e.g., PCM) is not needed. Lower rate
PC-compatible serial communication (e.g., RS-232 and RS-422) can be used.

o Incoming data streams do not have to be multiplexed in real time.
o Full duplex communication (transmission occurring simultaneously in both

directions) is not required.
o Digital data are in standard PC-compatible format and do not require special

decommutation hardware.
o A statistical summary characterizing data in remote memory can be downloaded

and used to determine whether or not the entire time series is needed. This lends
itself to automated test-matrix filling.

The disadvantages of stand-alone operation are as follows:

o High rate data cannot be continuously streamed and, therefore, contiguous
long-period records cannot be saved and unexpected transients may be missed.

o Current conditions cannot be monitored while data from remote modules are
being downloaded.

o The user may have to wait long periods of time between events while data are
being downloaded, which may slow down experiment tasks.

SYSTEM DESCRIPTION

The ADAS is defined as a complete signal-conditioning, data-acquisition, and
data-processing package composed of both hardware and software components. Each
ADAS package is made up of a single Ground Station and one or many DAMs. A
variety of different types of Sensors and Transducers may be connected to the
DAM's Signal Conditioning Cards. Up to eight cards may be installed in each
DAM. These filter and digitize analog signals from the sensors and transducers,
directly input digital signals, and provide data to the DAM's master processor. Each
DAM has a single 68332 microprocessor which controls data acquisition and



communication functions. DAM to ground station interface is provided via a
Communication Link. The ground station utilizes Control and Processing
Software to perform required functions. A sample six-DAM data-acquisition scenario
is shown in Figure 1. Individual components of the ADAS system are further
described and specified below.

Sensors and Transducers

The ADAS works with a wide variety of sensors and transducers and allows them to
be easily connected to the DAMs. The sensors and transducers produce some form of
digital or analog output signal that usually varies linearly, corresponding to changes in
the measured parameter. Sensors and transducers vary widely and are extremely
dependent on the nature of specific tests being conducted. Types of sensors and
transducers typically used in wind turbine experiments are strain-gage bridges,
strain-gage bridge-based transducers (such as pressure transducers or accelerometers),
linear voltage output transducers, DC or AC pulse output sensors, other potentiometer
or LVDT-based devices, and optical-type rotary encoders.

Data-Acquisition Modules

These are located near the source of the measurement to which transducer inputs are
connected. They can be mounted at various locations, including on the hub of a
rotating wind turbine, on the wind turbine tower or in the nacelle, on a meteorological
tower, or in a turbine controller. This enables analog data signals to be digitized as
close as possible to the measurement source to minimize noise induced by long signal
paths. Many DAMs may be used concurrently. The DAMs may be exposed to harsh
environments and are of robust design.

Environmental specifications are shown in Table 1. They are capable of being battery
powered or AC/DC powered. The DAMs are able to accept, condition, and sample
various types of analog and digital input signals from up to eight connected sensors
and transducers.

Each DAM has eight slots which can hold any combination of analog, pulse counting,
or digital signal conditioning cards. The analog card provides input signal
conditioning, external device excitation voltages, anti-alias filtering, and
analog-to-digital (A/D) conversion. A programmable instrumentation amplifier allows
operation over a wide range of analog input voltage values. A/D conversion is
completed in 3.125 ms using a high-speed, integrating converter operating at 160
samples per second and providing 12 bits of resolution (one part in 4096). A 6-pole
Butterworth anti-alias, low-pass filter is also employed with programmable cutoff



frequencies of 20 and 40 Hz. The analog card can be operated without the filter to
provide full Nyquist 80 Hz signal bandwidth. To achieve required accuracy, the filter
attenuates all input frequencies greater than the filter setpoint to a level less than one
least significant bit of the A/D converter range. The analog card provides
ground-station selectable input ranges of ±10, ±5, ±1, ±0.5, ±0.1, ±0.05, and ±0.025 V
full scale per channel. The minimum resolution obtainable on the±~0 .025 volt scale is
12.2 µv at 160 samples per second. Through digital averaging, a resolution of better
than 1.0 µv is obtainable at one sample per second. The analog card also provides
excitation voltage levels of 1, 2, 4, 5, 6, 7, 9 and 10 V DC with ±0.5 mV accuracy.
This represents an error of less than one part in 4096 over a temperature range of -25
to +85 C . Analog card specifications are summarized in Table 2.

Pulse-counting cards. are typically used with AC-output and photo-chopper type
anemometers. Other types of pulse-emitting devices, such as standard single-channel
incremental encoders and tachometers, can also be used with this card. The digital
input cards accept digital status signals (on-off) or up to 12 bits of digital data, such as
from a binary or gray-code absolute position encoder or other digital encoders.
Specifications for the pulse-counting and digital cards are shown in Table 3 and
Table 4.

Each DAM can be controlled from the ground station. Control means selecting various
options which affect the operational characteristics of the DAMs, and the interfacing



between the DAMs and the ground station. DAM operations which can be
ground-station controlled include the following:

o Type of operation: stand-alone or real-time
o Channel type (analog, digital, or pulse) and number of channels used
o Sample rate and low-pass filter setpoint
o Amplification level and excitation voltage level
o Synchronize and initiate data acquisition, initiate data download
o Calibrate.

Each DAM samples data from up to eight incoming channels simultaneously. The
number of operational channels which send data is selected and controlled from the
ground station. A common system-wide sample rate can be selected from the ground
station to provide synchronized data acquisition from all measurement transducers up
to a maximum of 160 Hz. The DAM microprocessor provides slower rate acquisition
by digitally averaging the higher rate data samples in real time to produce lower rate
averaged data over periods up to 10 minutes. By using separate A/D converters on
each channel, all channels on each DAM are sampled simultaneously to eliminate
skew or inter-channel phase-shift effects. With multiple DAMs, all are simultaneously
triggered to start acquisition from the ground station.

Each DAM has space for up to 4 Mb of low-power static RAM. This memory is
provided in 1 Mb modules. Recording space available with this memory is dependent
on the sample rate, but not on the number of channels used. Since each DAM has up
to 4 Mb, a total of 56 Mb of memory is available for 14 DAMs. The recording time for
various sample rates is shown in Table 5. The memory can be used to hold a single
contiguous time series or any number of shorter duration segments. Acquisition
duration for DAMs operating at 1 Hz or less is limited only by the amount of available
hard disk space, since real-time acquisition direct to PC data file can be used at these
rates.

Each DAM can be operated with either AC line power (120, 240, or 480 V AC), a DC
power supply, or a DC battery pack. Each battery pack can be recharged with the same
AC line power supply or by using standard photovoltaic panels. At an ambient



temperature of 25 C, each DAM can operate continuously for 20 hours if configured
for eight full strain-gage bridges with 350 ohm gages excited at 5 V DC, and
communications via the RS-232 port. At 0 C, this will drop to less than 12 hours.
Recharge time is 6 to 8 hours for a fully discharged battery pack.

Communication Links

Communication links are used to provide two-way communication between DAMs
and a ground station. Asynchronous serial communication is used throughout. The
DAMs are able to download their digital-format data by transmitting it using RF
telemetry or conducting it through an interconnecting cable to the ground station.
They are also be capable of being controlled and configured by ground station
commands uploaded over the same cable or RF link. Both RS-232C and RS-422 are
available. RS-232C can be used for short communication distances up to 30 m (100
feet) from a single DAM through a direct-connect cable. RS-422 is used for multiple
direct-connected DAMs at greater distances, up to 1000 meters (3281 ft) at 19,200
baud. Of more importance is the optical isolation provided by the RS-422 converters.
Such isolation solves any ground loop problems that may come about when using AC
power.

RS-232C interfaced radio links are also available for DAM communication. These
eliminate the need to run a cable from the DAM to the ground station. Multiple RF
links can be used, one at the ground station and one at each DAM. Each is capable of
both transmitting and receiving. The RF links provide communication at 19,200 baud
up to 4570 m (2.8 miles). They utilize spread spectrum technology (which uses several
frequencies across a broad band from 902 to 920 MHz), are inexpensive, are
authorized by the FCC, and require no license. Download rate depends on the distance
from the DAMs to the ground station and the type of communication link. Data
download duration options are shown in Table 6. Data cannot be downloaded from
more than 1 DAM at a time; therefore, rates are cumulative for multiple DAMs.



Ground Station

The ground station receives and stores incoming data, and it originates DAM control
commands. It also runs software to present a user-friendly interface to control the
DAMs and produce data in a format easily used by standard PC DOS-based system
software. The ground station is typically located at a convenient central site, such as a
test shed or trailer. It can be any PC-compatible computer and does not require custom
hardware or modifications. The ground station can communicate with up to 16 DAMs
using a standard internal RS-232 to RS-422 converter board. It can be configured with
typical memory and hard disk capacities to suit anticipated data volumes and analysis
software requirements. Standard DOS-compatible devices such as tape backup units
or optical disk drives can be used to provide permanent data archive.

Three basic software functions are provided with the ADAS system to run on the
ground station. The first function enables the operator to configure channels on each
DAM as described above. The second allows data to be downloaded from each DAM
and stored to PC hard disk or RAM (in binary format). This software also provides the
ability to convert the stored data to engineering units by applying linear conversion
factors, combine data from multiple DAMs into a single contiguous time series, and
output binary or ASCII data files. A compatible header file is also produced along
with the data sets to save operator field notes, data conversion factors, and other
information. The third software function allows real-time alphanumeric monitoring
and a display of current conditions in engineering units. The display refreshes at least
the 1 Hz real-time rate reflecting the current status of all channels on all DAMs.
Actual real-time display refresh rate capability varies widely, depending on the
number of DAMs which compose a system. If a system consists of a single DAM with
eight channels, real-time rates of 20 Hz are attainable. A maximum of 10 Hz is
available with two DAMs operating a total of 16 channels, and a maximum of 1 Hz is
available for eight DAMs operating 64 channels. A typical data path from transducer
to ground station is depicted in Figure 2.

FUTURE PLANS

The hardware described is extremely flexible and capable of evolving to meet future
anticipated data-acquisition, display, and processing needs. Two areas of development
are planned for the immediate future. First, work will continue on improving the
download capabilities utilizing new technology communication links in an effort to
decrease download time and increase real-time rates in a cost-effective way. We will
provide the capability to operate the system so that high rate acquisition data are
transmitted to the DAM memory while low rate (1 Hz) data are simultaneously
downloaded in real time, so that real-time monitoring of current acquisition status can



be accomplished. Second, we plan to specify and develop software tools needed to
facilitate the collection, display, calibration, and analysis of multiple-source wind
turbine test data. This will most likely involve interfacing the ADAS hardware with an
existing third-party software package which can meet all required needs. Some desired
options include the following:

o Real-time, quick-look alphanumeric and graphical display of current measured
and calculated parameters.

o Digital filtering, de-spiking, interpolation, fast fourier transform (FFT) for
power spectra, rainflow counting, and other time-series and frequency-domain
signal processing capabilities.

o Test matrix parameter definition and automated test matrix filling.
o Statistical data processing, including standard deviation and higher order

moments, curve fitting, linear and higher-order regression, for the purpose of
calculating transducer calibration coefficients.

o Parameter binning to provide blade azimuth averaging, wind roses, power
curves, etc.

o Data-base capabilities for defining and maintaining information associated with
all measured data channels, keeping track of channel configurations,
parameters, and histories, especially for organizing transducer calibration
records and calculating measurement uncertainties.

o File maintenance system to organize experiment-associated data files and
channel data-base records.

o Test event control and log to define a sequence of experiment events, initiate
appropriate actions, and record results .

o Graphical utilities to provide comprehensive post-processing data display and
presentation.

o Provide all capabilities through a common, easy-to-use, graphical user interface
(e.g., Windows).
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INTRODUCTION

Software techniques for data quality and useability enhancement are used at two steps
in the processing of PCM (Pulse Code Modulation) radio telemetry. The first is a
software group synchronization which is used where traditional method has failed.
The other is a tool for producing a single best quality data file from diverse receivers.

Recovering even small segments of valid information from noisy signals may be of
major concert. The importance in many applications is because poor signal power is
induced by events of great interest such as failure, detonation or exhaust gas
dynamics. The radio receiver and bit synchronizer perform nearly optimally in
processing of low signal to noise transmissions. It is found that the group
synchronization process can be improved with software algorithm.

It is convenient to merge available data from a single test into a single file of best
available data. Detected signals are recorded at dispersed tracking stations with
varying signal quality over time. Upon achieving the best data from each tracking
source the reconstructed data from a collection of all sources is further merged. By
using known content to detect bit errors a single file of best quality data is available
for analysis.

Comparative performance data from use on ICBM telemetry is included. A missile is
an example of application where the data recovery is particularly critical at events
such as staging and launch.



GENERAL

The overall objective is to produce a single file of the highest quality data possible
from an ICBM Flight Test, typically about 15 minutes duration.

Figure 1a shows the hardware configuration. The software, written in Fortran and C,
runs on an HP 9000/850 under UNIX. HP furnished a custom designed interface and
driver for the Loral Data model 8330 Decom.

It is noted that this is not a "real-time" type processing system and thus takes
advantage of this fact with the data manipulations by software algorithms discussed
later.

Processing begins with an operation known as data formatting. Formatting consists of
two "passes" of tape playback, one with the Decom set for "normal mode" and
subsequently set for "bitblock mode". The normal Decom setup uses the usual
SEARCH/LOCK strategies blocking data on frame boundries. Output data are of
course both word and frame aligned and are time tagged. Transfer to computer file
occurs only when in the LOCK mode. Therefore when the Decom drops to SEARCH
mode, due to loss of Frame sync, discontinuities occur in the output data known as
"gaps". It is the purpose of the second playback pass with Decom set for bitblock to
provide data for the software to fill these gaps. The bitblock Decom setup bypasses
the SEARCH/LOCK strategies by setting the entire FSP to "don' t care" and therefore
keeping the Decom in LOCK and passing 100% of the bits from the Bit Sync. These
data are output in time tagged blocks of frame length but of course are not blocked on
either word or frame boundries.

The end result of formatting is two or more data files. One is the normal data file
which may or may not contain gaps. If there are gaps one or more bitblock files are
necessary.

The next step in the processing operations is "filling" the gaps in the normal data file
with bit strings from the bitblock files producing an optimized data file which is used
for subsequent data reduction and analysis. This operation starts by scanning the
normal file for gaps. When a gap is detected the Group Software Synchronization
Algorithm, discussed later in detail, kicks in. The gaps filling operation continues until
the end of the normal file. Figure 1b shows a typical gap in the data file and the
corresponding bitblock file from which filler bits are selected.

Figure 2 plots a parameter with and without software sync processing. This parameter
was chosen to best illustrate the recovery of "lost" data but is not really a good



example of the value of software sync. Here the bad data points are obvious. With
many other parameters they are not.

SOFTWARE GROUP SYNCHRONIZATION ALGORITHM

A software algorithm provides PCM group synchronization where standard techniques
(hardware synchronizer/decom) have not succeeded. The portions of the data stream
where software synchronization is needed are identified as gaps by the hardware
synchronization processing phase. The software synchronizer reprocesses and
reconstructs the data in these gaps then merges the hardware and software processed
data to form a single dataset. The more deliberative non real time software acts on a
PCM stream which has been bit blocked into a file, (ie only bit decisions have been
made, no group synchronization) therefore no data has been discarded.

The software synchronization process adapts to the lack of data quality by applying
more rigorous algorithms as degradation occurs. The simplest is a hardware like
pattern match at predicted locations in forward and reverse direction. Signifcantly, the
reverse search is for sync patterns by "backing into the gap", ie, from good data where
group synchronization has been reestablished. This picks up data frequently discarded
by the hardware synchronizer. The most rigorous involves full searches with weighted
selection based on candidate sync pattern errors and bit count spacing from other
candidate sync patterns. The data frames are reconstructed to correct length by
adjusting (throwing out or adding dummy data), this is also done for bit slips which
are handled by the conventional hardware front end.

A data section for software sync (a gap) must begin and end with bits where a good
hardware sync was achieved, this is to assure that the data can be correctly matched
up when it is merged back into the hardware data source file. The data is not aligned
in any way to data patterns or boundaries, it is a pure string of bits across a buffer in
memory. The size is constrained to what will fit in main memory, this simplifies the
coding and speeds execution, the system used here can handle 20 seconds of 1.5
Mbit/sec PCM. Time of day values are associated with certain bits and fine time
correlation is maintained, the details of this are spared the reader.

The following parameters used: (With FORTRAN style notation.)

FRLNG — Primary telemetry frame length.
RANGB — A range either side of anticipated sync pattern location which

is possibly a valid location for the pattern (set at 6).
SPERR — Tolerance for allowed bit slip (set at 1)



BERR2 — t errors in sync pattern (set at 1).
PATSZ — The length of frame synchronization pattern, bit count.

The algorithm starts functioning from the beginning of data just like a hardware
device in search mode. It slides though all the data bits searching for two word sync
patterns that are spaced exactly by FRLNG, because of the above rule, they must be
found or an abort occurs. From there it continues similar to hardware device in lock
mode. To conserve computation it searches only +/-RANGB space for sync bit
pattern. It allows a BERR2 bit error count and +/-SPERR bit slip in this simple
software process called Hop Mode. This of course may fail eventually, up to that point
the data is synchronized. The bit count to each frame sync word which has been
located is held in a pointer array. An identical process to this is done backwards from
the end of the buffer, this should also fail to find synch prior to "butting up" to the
forward search. This is not surprisingly called Reverse Hop Mode. Note that
depending on how the hardware processing was set up the hop mode could fully sync
on the gap data. In general the hop modes are a computationaly expedient method to
get through clean data and find the very noisy data.

A single routine is used for several purposes and it is helpful to conceive its function.
The Slider is given a set of bit patterns to search for over a specified range in the bit
blocked array (eg. one pattern the group sync pattern). The patterns are compared to
the data at every bit offset in the specified range. The routine returns the bit offset of
the three best matches for each pattern and a count of the bit mismatches at each of
these.

As background observe that scanning through a large number of bits (which telemetry
always has plenty of) to find a typicaly short synchronization pattern will result in too
many successes, particularly if even a few bit non match counts are permitted. It is
essential to consider the spacing between candidate sync patterns to assure that a
correct sync location is found. This can be thought of as lengthening the sync pattern.
Software Syncronization algorithm makes more extensive use of these relationships
than would be practical in hardware. (see Reference)

Between the Forward Hop and Reverse Hop success endings there remains a jumble
of bits which we call the Unknown Space. This could represent as little as a pair of
frames with one obliterated syncpattern to as much as many frames of data with
intervening sections of few discernable patterns etc etc. The entire unknown space is
searched for probable sync patterns. Due to implementation this is done in segments
which overlap by PATSZ - 1 bits, this assures no pattern will be undetected because it
spreads across two search regions. Thus each search range procedes from the last
forward hop success, forward in segments of size FRLNG + PATSZ - 1. At the end of



the unknown space if the bits remaining are less than FRLNG / 2, they are not
searched. The picture at the completion of this search is for each range segment there
are three candidate sync locations (in terms of bit offset from file start) and each is
accompanied by its bit error count, when compared to the sought synchronization
pattern.

In addition to bit errors and bit slip (where bit synchronizer throws away or adds a bit
clock), in the unknown space we may have to contend with bit sync loss. The phase
lock device loses its track of the transmitted bit phase. This may appear as many extra
or missing bit clocks (actual bits) in the Unknown Space. The algorithm assigns a
value to the mean frequency error;

FANGS — mean of possible bit sync frequency error rate (use .012).

The trivial case for unknown space is where its length is in the range of;

2 * FRLNG +/- (2 * FRLNG * FANGS)

(ie. within the drift range, two frames long). In this case the best pattern location in the
middle section of that range (half the above range is chosen), if none were found the
middle of the range odd bit adjusted is used. The pattern evaluation criteria is as given
in the next section.

The nontrivial case is where the unknown space contains 3 to N frames of data. The
sync pattern information is processed forward from the beginning of the Unknown
Space, in fact the software sorts the information to accomplish this. The algorithm is
now searching for the most probable frame boundary locations. A quality value is
assigned to each candidate from the pattern search;

SYNCPNTS — An estimate of quality of the selection.
BPOINTS — Portion of SYNCPNTS awarded for low bit errors.
SPOINTS — Portion of SYNCPNTS awarded for spacing. SPOINTS.F

is to a forward pattern and *.B is backwards.
TLEVELS — Points required to stay "synced" (set at 50).
TLEVELR — Points required for return to "synced" (set at 70).
BERR1 — Maximum admissable bit errors (set at 10 for 32 bit

pattern).
ERR — Bit error count for particular candidate.
BRW — Weighting factor for bit error term (set at 5).
SPERR — Difference from correct frame length spacing between two

candidate sync patterns found by pattern search.



DRIFT — Frame spacing normalizer (set to .01).

BPOINTS = (BERR1 - ERR) * BRW
IF ERR < BERR1 ; ELSE BPOINTS = 0

SPOINTS = ((((FRLNG * DRIFT) - SPERR)) / (FRLNG * DRIFT)) *
25

 SYNCPNTS = BPOINTS + SPOINTS.F + SPOINTS.B

Return again to the last forward hop look ahead for sync candidates that have a
spacing from current offset of;

FRANGE = FRLNG +/- FRLNG * FANGS

Find the best candidate, if any, in the range it is the next candidate,

if candidate's

SYNCPNTS = > TLEVELS
set USNCH true, procede on through the file in this manner, unless SYNCPNTS falls
below criteria (TLEVELS) and thus USNCH is set false. Now the bit synchronizer
drift is assumed cumulative and the algorithm goes to an expanding search range for
the sync pattern. The search range is function of frame count K, in non USNCH;

FRANGE = K(FRLNG +/- FRLNG * FANGS)

In this Search Mode if:

SYNCPNTS = > TLEVELR

set USNCH true and return to above Synch Mode. While in Search Mode continue to
expand the search range. Note that if too high a bit rate drift is allowed that the
algorithm breaks down for long drop out periods, in particular if;

K * FANGS = > .5

trouble ensues. Other anomalies may also occur, the system checks for those which
have been identified, for brevity they are ignored here.

Now after this run through in trying to find sync the task is to estimate the transmited
data positions. The procedure has yielded a set of best estimates of sync pattern



location in terms of bit offset from the start of the file, except in regions of Search
Mode (as defined above) where a special flag is set. In cases where the estimates are
spaced by FRLNG it is merely a tedious matter of shifting all the data to the desired
word and output buffer boundaries. Where this ideal is unrealized bits must be slipped
in or thrown out in order to achieve a nice output. At this point it is application
dependent, the application we have used fixed data patterns such as counters or status
flags in the data stream to decide which bits to throw out or where to insert a fixed
pattern filler stream between the primary frame synchronization patterns. Where the
Search Mode exists the data is blocked at size FRLNG until resynchronization is
achieved, the last frame is then reconstructed based on the known patterns (working in
reverse).

The software synchronized data is merged into the existing gaps with various sanity
checks to assure no data duplication, or time gaps with no data have occured.

MERGING MULTIPLE DATA SOURCES

The premise to this task is that most data analysts care or know little about how the
data was delivered to them. It is least traumatic if the ivory tower is delivered a single
data source or file in computer parlance. A typical test may have many data sources,
in particular in this case of an ICBM test, recordings may be spaced from California to
Kwajalien, with each site using multiple radio reception and detection strategies.

The vagarities of signal propagation, antennae patterns, tracking error, test vehicle
events, tape recording, operators (as in human), are contributors to the complexetity of
a good solution.

Each viable source is processed by the formatting and synchronization strategy
described above, whereupon there is a set of files representing the data of interest. The
selection of the best data can only be poorly estimated by monotonically switching to
each time slice source. It is necessary to look at all sources at each definable data
segment and select the best at each segment. The definable segment is at worst a
major data frame and for application dependent usage may be subdivided by known
data patterns as mentioned previously.

The problems of merging data are solved by assuring that correct alignment is
achieved and maintained. Two anomalies create the problems. One is erroneous time
value associated with data, the other is missing or duplicated portions of data. It is
extremely important to assure that data is correctly merged, errors may be very
difficult to detect and have disastrous consequences.



The above problems are solved by using time only for gross file alignment and
checking file alignment over entire overlap range. Each source file to be merged is to
be assigned a record count offset which when added to each files record count will
provide a value to achieve alignment. A starting point for the offset value is;

OFFSET = (REFETIME - FSTARTTM) / FRMPERIOD

REFETIME - Reference time for all files
FSTARTTM - A particular file start time
FRMPERIOD - Nominal major frame or record duration.

By using these offsets data from any pair of files can be approximately aligned. The
final alignment is achieved by correlation of telemetered data values between all sets
of files that overlap. The bytes to use for correlation should have dynamic content, and
have low autocorrelation over the telemetry frames. The earlier file is called the base
file, the other is the correlate file. The selected bytes from thee frames of the base file
are compared to three records in the correlate file at eleven possible offsets around the
range established by time. The quality of each offset is judged by the bit comparisons.
This comparison process is repeated at selected intervals through the entire overlap
period. The offset adjustment is established by the least bit comparison errors. With
allowances for possible noisy data periods the exact same offset must be found at each
of the check points. (see fig 3)

The same alignment process is done exhastively for all file overlaps. A further check
occurs when a source overlaps two others , they both must achieve relation to the
same base or an error is flagged. This process assures proper alignment and will find
any missing or extra data because offset will change. Time is used only to get started
and if this is wrong the correlation process will not find its minimum threshhold.

The data merging is now a trivial process of selecting the best data segments based on
comparison to known data patterns of which we at least have a group synchronization
pattern.

CONCLUSION

The software synchronization has been in use for over two years, the data merge
system for many more years. They have been used for three deferent telemetry
formats. The systems provide clear advantages in the analysis of ICBM telemetry and
would be an advantage in any similar application. However if the data has a very low
or very high signal to noise nothing will make any difference, the improvement only



occurs in a bit error probability range of 10e-2 to 10e-4 or arguably something
around there.

The software synchronization process if implemented in a shared memory
multiprocessor system could process real time data, but a delay of several frame times
would be suffered. At this point one cannot speculate on the bit rate at which this
might run. There has been no opportunity to obtain quantitative run speed
measurements on the existing system and it has not been coded for speed. The
hardware synchronizer is not dead yet!

There has been little analysis or experimentation on the weighting factors used for
software sync. The algorithm was designed to be programmable and robust. It is most
certainly not optimum but its robustness is demonstrated by extensive use.
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ABSTRACT

This paper describes algorithms implemented by the Magellan High Rate
Processor to recover radar data corrupted by the failure of an onboard tape
recorder that dropped bits. For data with error correction coding, an
algorithm was developed that decodes data in the presence of bit errors
and missing bits. For the SAR data, the algorithm takes advantage of
properties in SAR data to locate corrupted bits and reduce there effects on
downstream processing. The algorithms rely on communication
approaches, including an efficient tree search and the Viterbi algorithm to
maintain the required throughput rate.
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INTRODUCTION

When NASA's Magellan spacecraft was launched on May 4, 1989, it's primary
mission was to map the surface of Venus using Synthetic Aperture Radar (SAR).
Magellan arrived at Venus August 10, 1990, and began it's primary mission. In three
years of operation, Magellan has successfully imaged over 98% of the planet's surface,
and collected more data than all previous planetary missions combined [Ref. 1]. To
date the spacecraft has returned over 700 gigabytes of data to the Jet Propulsion
Laboratory (JPL) which manages the mission for NASA. However, approximately 50
gigabytes of this data was corrupted by the failure of an onboard tape recorder which
dropped bits.



This paper describes the algorithms implemented in the Magellan High Rate (MHR)
processor to recover this data. The next section describes the MHR function and is
followed by the description of the tape recorder failure. This is followed by sections
that describe the recovery algorithms. These algorithms consist of a modified frame
synchronization algorithm, a SAR burst (SAB) header decoding algorithm, and a SAR
data recovery algorithm. The SAB header decoding and SAR data recovery use
communication approaches to detect the positions of missing bits. The last section
discusses the success of the algorithms at recovering of the corrupted data.

MHR PROCESSOR FUNCTION

Because Magellan's high gain antenna is shared by both the radar and
telecommunications subsystems, the SAR data can not be transmitted to Earth
directly. Data are recorded by two spacecraft Data Management System (DMS)
Recorders, each containing four tracks. A nominal mapping orbit only requires four
tracks to record data, but both recorders were used to prevent data loss at track
changes. After each mapping pass is complete, data are played back to one of three
Deep Space Network (DSN) tracking stations. This telemetry is divided into frames
called Radar Composite Data (RCD) frames and are placed on a Original Data Record
(ODR) tape. The MHR operates on the telemetry to produce data that is needed to
form images.

The MHR consists of 4 functions as shown in Figure 1. The first step in processing the
RCD frame is to use frame synchronization to locate a code at the beginning of each
RCD frame. Then, the overlap removal eliminates redundant data from spacecraft
recorders and different DSN tracking stations to produce unique frames. This is
followed by a second synchronization step to detect SAR burst (SAB) frames. SAB
frames are not of a uniform size and change dynamically during the course of an orbit
and, therefore, require detection of a SAB synchronization code. Once a SAB frame is
found, a SAB header, that contains important information for both creating the SAB
frame and the SAR image, is corrected of transmission errors through parity check
coding. The SAB frame is then extracted and recorded on an Experimental Data
Record (EDR) tape which typically consists of 250 Megabytes of data per orbit.



TAPE RECORDER FAILURE

The first indication of a problem with the onboard tape recorder, DMS A, appeared
during the cruise from Earth to Venus. When low rate engineering data recorded on
DMS A, track 2 was played back to Earth, a high number of frames were discarded by
the ground system. All other recorder tracks appeared nominal. Examination of the
track 2 data showed that the 32 bit frame synchronization code at the begin of
discarded frames were corrupted. The corruption caused the bit pattern 1001 to change
to 111. This phenomena was dubbed the flip-a-bit-slip-a-bit problem because one bit
flips from a zero to a one, and the following bit is dropped, causing the remainder of
the frame to slip to the left by one bit.

Two months into the mapping mission, the problem appeared in the high rate radar
data recorded on DMS A track 2. Not only did the synchronization codes between
RCD frames contain the flip-a-bit slip-a-bit corruption, the shortened frame length
between synchronization codes implied that bits within the radar data fields were also
corrupted. A comparison of data recorded simultaneously on both DMS A and B
confirmed that DMS A was corrupting the radar data in a similar manner. When first
detected in the high rate data, the frequency of missing bits was approximately once
per 50 Mbytes of data, and had little effect on the resulting radar images.
Unfortunately, the error rate steadily increased and gradually spread to the other 3
tracks on DMS A. By the time DMS A was turned off, the rate had increased to over
50 dropped bits per 840 bytes.

FRAME SYNCHRONIZATION

The MHR frame synchronization software uses a 32 bit synchronization code at the
beginning of each RCD frame to locate frame boundaries. The software detects sync
codes with up to 7 bit errors and skips (or fly wheels) up to 3 frames without sync
codes to maintain lock on successive frames. When frame lock is lost, the software
returns to the last good synchronization code and searches bit by bit until the next
synchronization code is detected. In order to handle corrupted data, the software was
modified to detect sync codes that are missing a bit. This check is done in parallel
with the normal synchronization code check, The software was also modified to begin
searching for synchronization codes 15 bits before the expected location, If more than
one synchronization code is detected in the following 15 bit region, the position
producing the fewest bit errors is selected. If a synchronization code is not detected,
the software continues as before. Detected frames are passed on to the remove overlap
module along with their frame length.



To properly interpret the SAR data, SAB headers must be located by detecting the
synchronization code at the beginning of each header. Locating the SAB is similar to
the frame synchronization process except that the SAB varies in length. The number
of positions which are searched to detect the SAB sync code is limited by the number
of missing bits in the RCD frame containing the header. The SAB synchronization
algorithm is enhanced by the ability to verify the SAB header detection by
successfully decoding the total SAB header using the algorithm described in the next
section.

SAB HEADER DECODING

The SAB header contains information necessary to interpret the SAR data during
processing of a SAR coherent array. If the SAB header is corrupted, the associated
data is not processed, and the SAR image strip will have a gap. Recognizing the
importance of the SAB header, error correction parity check bits are included to
protect the information from bit errors. Fortunately, the parity check coding is also
useful to counter missing bits in the SAB header. This section describes an algorithm
[Ref. 2] to decode the SAB header in the presence of missing bits that was
implemented by Magellan system.

The SAB header consists of 54 bytes of
information bits and 54 bytes of parity
check bits. The encoding is achieved using
a Golay (24,12) code that has the
capability to detect and correct up to 3 bit
errors and detect up to 4 errors.
Interleaving is used to order the sequence
of bits {x } in the header into 36n

codewords of length 24 bits. Figure 2
shows the interleaving scheme described by the matrix of 36 columns and 24 rows.
Each column of the matrix is a codeword where syndrome decoding is used to correct
errors. A missing bit in the sequence causes a skewing of the data where a column of
data will no longer contain data from a single codeword.

Syndrome decoding, which is the basis for decoding an individual codeword, first
forms a syndrome vector, s, by



where H is the parity check matrix of dimension 24 columns by 12 rows and x is a
codeword. Then, a table lookup determines an error vector that is used to correct the
data.

The basic algorithm for decoding the SAB header in the presence of missing bits is to
form hypotheses for all possible patterns of missing bit positions where a pattern has
up to M missing bits. Then, decoding is performed for each hypothesis. This decoding
is achieved by inserting bits in the missing bit positions to adjust the data prior to
decoding. The synchronization code at the beginning of the SAB header guarantees
that the beginning of the data is correctly aligned and that the insertion of the missing
bits only affects the alignment of the bits after the missing bits. The accepted decoded
data corresponds to the set of missing bit positions that have the lowest total bit errors
for the 36 codewords.

This approach requires an excessive amount of computation, 864 SAB decodings for a
single missing bit and 374,113 for two missing bits. This excessive amount of
computation was greatly reduced by developing an algorithm that reduces the number
of syndrome vectors computed. The algorithm relies on three features:

(1) Grouping the individual hypotheses to allow pruning the hypotheses
(2) Using a tree search to eliminate the necessity of evaluating fully developed

hypothesis
(3) Evaluating the syndrome vectors efficiently

With this algorithm, decoding in the presence of up to 4 missing bits was successfully
implemented for the Magellan application.

The first feature of the algorithm is to group hypotheses of missing bit positions into
subsets of hypotheses. A subset of the hypotheses is a collection of hypotheses where
the missing bit positions occur on specific rows of the data matrix of Figure 2. For
example, consider the subset of hypotheses where each hypothesis has a missing bit
occurring in row i and row j. The totality of the subsets is all row combinations where
missing bits can occur.

By using this subset grouping, one first finds the best missing bit position with the
lowest number of detected bit errors for each subset. This is achieved by employing a
dynamic programming approach described below. Finally, with the knowledge of the
number of errors associated with all possible row combinations where missing bits
can occur, the algorithm selects the row combination with the lowest number of
errors. Thus, the missing bit pattern for the selected row combination is the accepted
pattern, and the associated decoded data is the decoded SAB header.



The approach of evaluating a subset using dynamic programming is efficient because
each of the hypotheses within a subset of the hypotheses does not have to be fully
evaluated. To illustrate this assertion, consider a situation where one bit is missing and
the hypothesis is that the bit is missing in row i. Now evaluating the number of errors
for the codeword in column 1, either the missing bit occurred in column 1 or after
column 1. One constructs the two codewords for these two statements by
appropriately adjusting the codewords associated with column 1, and evaluates the
syndrome vector and determines the number of errors for the two codewords. The next
step is to apply the following recursion for the other columns to determine the
cumulative error count at each column where the cumulative error count for the nth

column is the sum of the detected errors for the first n columns. Suppose for the nth

column, one knows the missing bit position occurring in one of the first n columns in
row i that has the smallest cumulative error count, and the cumulative error count
assuming the missing bit occurs after the n column in row i. Combining thisth

information with the number of errors associated with the two codewords in the n+lst

column that represent a missing bit occurring in row i before column n+l and represent
a missing bit after column n+l, one computes the missing bit position occurring in the
first n+1 columns that has the lowest cumulative error count, Also, the cumulativest

error count assuming the missing bit occurs after the n+1 column in row i isst

computed. When the update for column 36 is computed, the best missing bit position
is determined for a missing bit occurring in row i. This procedure eliminates
hypotheses that have a higher error count than the missing bit position of the final
update. In this way, one has to evaluate the syndrome vector only twice per column as
opposed to 36 times per column for the brute force approach.

The recursion in the algorithm is best described by a state transition diagram where
the number of syndrome vectors evaluated per column to update the states is 2 whereM

M is the number of missing bits. For example assuming there are 2 missing bits, the
state transition diagram is shown in Figure 3. At each node, a decision is made as to
which branch has the lowest cumulative error and the associated missing bit pattern is
assigned to the state. The
recursion described by the
state diagram must be
evaluated 35 times, once per
column for each subset (row
combination).

Further efficiency in the
evaluation is achieved by
using tree search procedures,
the second algorithm feature.



Instead of evaluating each row combination for the full 36 columns, one is more
judicious. The recursion to extend the column for a row combination is only applied to
the row combination with the lowest number of cumulative errors until one of the row
combinations is fully evaluated and the tree search terminates. Thus, each of the row
combinations will be evaluated to a different column depth. This procedure was found
to be efficient, since the bit error rate was low and most of the row combinations are
not extensively evaluated. Figure 4 shows a block diagram of the processing where the
evaluation of the error count is discussed next.

In order for the tree search to be efficient, the evaluation of the syndrome vector must
also be efficient, the third algorithm feature. This is achieved by evaluating at the
beginning of the algorithm quantities that would normally be evaluated many times in
the algorithm to evaluate syndrome vectors. These quantities are

where h is the i column of the parity check matrix .i
th

To illustrate the use of these quantities, consider the case of 2 missing bits and define
the syndrome vector s (i,j) to be the syndrome vector for the n column when bits aren

th 

inserted in the data sequence in rows i and j before column n to correct for missing
bits. For initialization of the tree search, syndrome vectors for the first column and all
row combination of missing bits are evaluated using the recursion

where a missing bit occurring in row 25 signifies that no missing bit occurred. Besides
the initialization, the update of the state transition diagram requires the evaluation of a



series of syndrome vectors. For the case of 2 missing bits, the syndrome vectors
needed to update the states for the n column and for the subset corresponding toth

missing bits in rows i and j are given by

where the ordering of the equations is in the form of a Gray code.

SAR DATA

A missing bit in an RCD frame containing SAR data could corrupt nearly the entire
frame, since bits after the missing bits will be misinterpreted. Misinterpretation of this
amount of data would highly degrade the SAR imagery. To prevent this corruption,
positions of missing bits are estimated and bits are inserted to correct the integrity of
the bit alignment. Fortunately, the image fidelity is tolerant of inaccuracy in
estimating the position of the missing errors. This reduces the requirements on the
algorithm to detect missing bits and allows a statistic communication approach to be
applied. The statistical communication approach models the data with a
communication channel and applies the Viterbi Algorithm for convolutional codes to
estimate the positions of the missing bits. A more elaborate approach that examines
the effect of missing bits on the imagery was rejected because of complexity.

The communication channel that models the missing bits relies on the characteristics
of the radar. The radar samples the radar return in inphase (I) and quadrature (Q) form
using two 8-bit analog-to-digital converters. Then, the Block Adaptive Quantizer
(BAQ) quantizes each I and Q 8-bit sample to two bits, which are a sign bit and a
magnitude bit. Hughes Aircraft developed and analyzed the performance of the BAQ
that is chronicled in Ref. 3. The effect of the BAQ is to make the statistics of the sign
and magnitude bits regular and independent of the scene content, where the sign bit is
0 with probability P (.5) and the amplitude bit is 0 with probability P (.67).s m

Furthermore, the characteristics of the SAR data, before processing, contribute to
making the statistics of the samples stable and independent.

The algorithm to detect the missing bits relies on the difference in probability between
the sign and magnitude bits. This difference is sensed by noting that the bit pattern in
a byte where an even number of bits has been dropped prior to the byte will alternate
sign then magnitude bits, while if an odd number of bits is dropped prior to the byte,
the bit pattern alternates magnitude then sign bits.



The basics algorithm defines a sequence associated with the data stream that describes
whether an even number of bits is missing prior to a corresponding pair of bits. An
information bit is associated with each pair of data bits in the data stream where the
information bit is 0 if an even number of bits is missing prior to the associated pair of
data bits, and the information bit is 1 when an odd number of bits is missing. With this
definition, a discrete memoryless communication channel, depicted in Figure 5,
describes the model. Then, the Viterbi
Algorithm is used to determine the
maximum likelihood sequence where it
will be shown that the sequence
determination can be described by a trellis
diagram. Finally, the positions of the
missing bits occur at the end of the runs,
transition from 0 to 1 or 1 to 0, of the
maximum likelihood sequence of
information bits.

The production algorithm only determines the position of the missing bit to within a
byte boundary. This simplifies the processing without degrading the performance on
the final SAR image since the accuracy of the estimate position is 5 byte., With this
restriction, define the sequence {i(n)} to be the information symbols where i(n)
corresponds to the number of missing bits prior to the n byte, b(n), where there are Nth

bytes in the sequence. The conditional probability, that the likelihood function is
based on, is given by

where (b(n)) is the difference between the number of 1s in even bits of b(n) and the
number of 1s in odd bits of b(n). The equation is in a form to show that only the first
term depends on the information symbols i(n).

The log-likelihood function, which is used to find the most likely sequence {i*
(n)}, is given by

Upon substituting the conditional probability and eliminating terms independent of
i(n), the sufficient statistic of the log-likelihood function is simply given by



Then, the problem reduces to finding the sequence {i*(n)} which has R runs and
maximizes L({i(n)}) where R is the number of missing bits in an RCD frame plus 1
The positions of the missing bits are at the byte boundaries corresponding to the ends
of the runs in the sequence {i*(n)}.

The determination of the optimum sequence {i*(n)} is easily found because the metric
L({i(n)}), an additive metric, is in a form that the Viterbi algorithm for convolution
codes is applicable. The trellis diagram for the Viterbi algorithm for this problem is
shown in Figure 6. Each branch is labeled with an information bit and a distance. At
each node, a sequence of information symbols and a metric associated with the
sequence is determined for each branch going into the node. The node then selects the
sequence (branch) with the largest metric. The sequence associated with a branch is
determined by extending the sequence
associated with the node where the
branch emanates from with the
information symbol attached to the
branch. The corresponding metric of
the branch is computed by summing
the metric associated with the node
where the branch emanates from and
the distance attached to the branch.
Using this update procedure for the
information sequence and metric at
each node, the maximum likelihood
sequence is found when the trellis is
fully evaluated.

The implementation of the algorithm proved to be very efficient and effective at
estimating the position of the missing bits. The efficiency of the algorithm is based on
the property that the algorithm complexity grows only linearly with the number of
missing bits.

RESULTS

The algorithms described above successfully recovered data from 378 of the 415
corrupted orbits. The additional time required to decode the SAB header and correct
the SAR data was easily offset by the software's ability to maintain frame and SAB
synchronization across the corrupted data. Only the most corrupted data required
longer than nominal to process.



CONCLUSION

An important component of the Magellan mission to Venus is the collection of a
global data set. Reimaging the gaps generated by the tape recorder failure would have
required costly mission re-planning and would have competed with other scientific
goals. The algorithms described in this paper provided an effective way to fill in the
image gaps and greatly reduced the area which had to be re-mapped.
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BATCH PROCESSINGOF FLIGHT TEST DATA
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ABSTRACT

Boeing's Test Data Retrieval System not only acts as an interface between the
Airborne Data Acquisition System and a mainframe computer but also does batch
mode processing of data at faster than real time. Analysis engineers request time
intervals and measurements of interest. Time intervals and measurements requested
are acquired from the flight tape, converted to first order engineering units, and output
to 3480 data cartridge tape for post processing. This allows all test data to be stored
and only the data of interest to be processed at any given time.
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Batch Processing, Remote Job, Data Acquisition

INTRODUCTION

The Boeing Flight Test Data System is centered around a large mainframe computer.
Test planning, data processing and maintenance records information are all stored on
this machine. This paper discusses a subsystem of the mainframe computer called the
Test Data Retrieval System(TDRS). The TDRS is a large data store for all Flight Test
data. The test data are recorded on magnetic tape during testing and sent to the TDRS
at the conclusion of each test. Analysis engineers are then able to access specific data
of interest via the mainframe computer. It is important to remember that this is a post
test system used to distribute test data. Real-time data analysis is done during the test
on the Airborne Data Analysis and Monitor System.

REQUIREMENTS

Boeing Flight Test does three types of testing. The first is certification of new model
aircraft. A single aircraft may record up to 9000 measurements per test. And three or
four aircraft may be used concurrently to complete all testing in the time allotted. The



second type of testing is of new pieces of equipment or new aircraft systems to be
installed on a certified aircraft. This requires the recording of up to 3000
measurements and may involve one or more aircraft. The third type of testing is of
aircraft that are in service. This type require the recording of only 100 or less
measurements but for long periods of time. Normal test duration's are from one to
twelve hours. A twelve hour test can generate a maximum of 216 Gigabytes of data.
Requests for data not only include the current days test but often are for tests up to
sixty days prior. There are about ninety analysis engineers needing access to different
tests and times. The analysis engineers are analyzing data in more detail than the
real-time system allowed or creating reports and plots to supply their customers. With
these kinds of requirements keeping all data on line would create a very complex and
expensive data storage facility. Currently the data is recorded on analog
instrumentation recorders. The tape is then stored in the TDRS for playback when
needed. During peak testing the TDRS is operated 24 hours a day, 7 days a week. The
acquisition hardware is computer controlled and communicates over a Ethernet
network. Requests for data allow up to 1500 measurements and support measurement
type processing, engineering units conversion, and algorithm programs. Playback of
data must be faster than real-time to support processing of 160 or more request per
day. Depending on the jobs priority the data must be available to the requesting
engineer in either four, eight, or twenty four hours.

TEST DATA RETRIEVAL SYSTEM ARCHITECTURE

The TDRS is made up of many different data acquisition systems each controlled by a
computer as shown in Figure 1. All systems communicate over an Ethernet network.
The TDRS Job Distributor is a DEC VAX 6310. It is the central communications hub
for all remote batch jobs entering and leaving the TDRS. It receives the batch job and
processes it to determine which acquisition system to send the job to. When the job
has finished it returns a completion message to tell the mainframe computer it can
continue its processing. There are four different types of acquisition systems listed
below in chronological order from newest to oldest. Each system was purchased about
ten years apart and with each new system the speed and processing power increased
significantly.

PARALLEL MULTIPLEXED PROCESSING DATA SYSTEM

The newest system just procured for the 777 program is called the Parallel
Multiplexed Processing Data System(PMPD). This system is a DECsystem 5500 that



controls four Loral Instrumentation 550 data acquisition systems. Each 550 data
acquisition system includes:

1 System Controller.
1 Arbiter/Analyzer.
1 24-bit Decoder.
2 Field Programmable Processors.
2 Small Computer System Interface (SCSI) controllers.
1 Ethernet Processor.

Also included in the PMPD System are:

2 Ampex Digital Cassette Recording System(DCRSi).
4 Exabyte EXB-8500 8mm Cartridge Tape Subsystem.
4 Fujitsu M2481 Cartridge Tape Drives.



MULTI-TAPE MULTI-TRACK SYSTEM

The system used for flights flown between 1980 and 1993 is called the Multi-tape
Multi-track System(MTMT). This system is a DEC 11/70 processor that controls a
EMR Telemetry Front End which Includes:

4 Analog wideband magnetic tape drives, associated tape search units, and time
code translators.

1 Analog switch matrix.
6 PCM decommutation streams with associated I/O Channels.
6 ARINC 429 decommutation streams with associated I/O Channels.
1 Data Compressor/Preprocessor with associated I/O Channels.
1 Status/Time/Interrupt Selector.
4 9-track 1/2 inch tape units.

PORTABLE AIRBORNE DIGITAL DATA SYSTEM

A third system used for small projects or aircraft in service is called the Portable
Airborne Digital Data System(PADDS). This system is implemented in software on
the DEC 11/45 of the STST system and includes:

1 3M HCD-75 High Capacity Data Cartridge Drive System.

SINGLE-TAPE SINGLE-TRACK SYSTEM

The oldest system is called the Single-Tape Single-Track System(STST) which is
used for retrieval of data from flights flown before 1980. This system is a DEC 11/45
processor that controls a EMR Telemetry Front End which includes:

1 Analog wideband magnetic tape drive, associated tape search unit, and time
code translator.

1 PCM decommutation stream.
1 Programmable Data Distributor and computer I/O channels.
1 Analog switch matrix.
1 FM-multiplex discriminator, sample/hold, analog-to-digital converter system for

two sets of IRIG proportional bandwidth channels 2 through 11.
1 9-track 1/2 inch tape unit.



REMOTE JOB FLOW

Flight Test Analysis Engineers request data from the mainframe computer. The
mainframe computer collects the information from its databases needed to process the
request, and launches a "Remote Job Entry" batch job to the TDRS. All job files are
received by the Job Distributor. The Job Distributor maintains a queue of all jobs in
the TDRS and which acquisition systems they are running on. After preprocessing the
database information and evaluating system loading, the job is sent to the appropriate
acquisition system queue. The Acquisition system controllers then processes the job
information to create setup files for the acquisition hardware and control files to
control the peripheral devices. When it is the jobs turn to run, setup files are sent to
the acquisition hardware and a system operator is prompted to mount the correct flight
tape on the input drive and a new output tape on output drive. The system controller
then commands the input drive to search for the start time of the job. When the start
time is found the system controller then starts the acquisition system, input drive,
output drive, and monitors the status of each device. When the end time is reached the
system controller stops the acquisition system and tape drives, tells the system
operator if there were any errors during acquisition that it could not resolve, and sends
a job completion message to the Job Distributor. The Job Distributor in turn sends a
job completion message across the "Remote Job Entry" link to the mainframe
computer telling it the output tape number for that job. After the output tape is
transferred to the mainframe computer it is processed with any post acquisition
procedures requested by the engineer. It is then printed and distributed to the
requesting engineer or saved for access across the network.

DATA ACQUISITION PROCESSING

Data coming into the Acquisition Hardware will follow a data path through the
following processes: Decoding, Time Processing, Data Gathering, Algorithms on Raw
Data, Measurement Type Processing, Engineering Unit (E.U.) Conversion,
Algorithms on E.U. data, and Output Processing. The decoding process will
demultiplex the data streams and pass the requested data. The time is checked for
validity and tagged for further processing. Next, the data gathering process
accumulates the proper data words of a multi-word measurement. Algorithms, if any,
are then applied to the raw data. For a job requesting raw data output, tag, time, and
data words are formatted and passed to the output device. For an E. U. data job, the
data is then formatted by its measurement type to prepare it for output or conversion
into Engineering Units. Algorithms on E.U. data are optionally performed, output
processing is performed, and finally tag, time, and data words are formatted and
passed to the output device.



CONCLUSION

Boeing Flight Test records large amounts of data during testing of it's commercial
airplanes. The recorded test data is used by many different analysis engineers each
looking at different parameters and different times during the test. By using a
mainframe computer to store a large database of test parameters and running
computational analysis of only the data of interest reduces the workload of the
mainframe and yet allows quick access to very large volumes of data.

REFERENCES

1. Eccles, Lee H., "Boeing Flight Test Planning and Procedures," Proceedings of the
International Telemetering Conference, Vol. XXVIII, Instrument Society of America,
October 1992.



AUTOMATED ANALYSIS TOOLS FOR REDUCING
SPACECRAFT

TELEMETRY DATA

T.J. Voss
Lawrence Livermore National Laboratory (LLNL)

Livermore, CA.

Keywords

telemetry analysis, data reduction, software toolkit

Abstract

A practical description is presented of the methods used to reduce spacecraft telemetry
data using a hierarchial toolkit of software programs developed for a UNIX
environment.

Introduction

A project requiring the design, implementation and test flight of small, lightweight
spacecraft was recently conducted. This spacecraft development required hundreds of
tests and integrations of subsystems on several special purpose testbeds, with each test
creating large amounts of telemetered data. This paper focuses on the automated
analysis and reduction of data which is telemetered from one of the key subsystems,
the Probe. The telemetry system for the Probe is described in [1] and in [2]. A typical
telemetry stream from a testbed run averaged 50 Megabytes of raw data, containing
over 1600 system variables. The large telemetry file (raw data) sent from the Probe
was decoded and decomposed into a large number of smaller Break Out Files (BOFs)
containing variables with timestamps, and image files containing camera images. This
decomposition is described in [3].

Motivations and Current Practice

Key motivations for automating the analysis process came from the requirements for
reducing large amounts of data in short time periods into small digestible chunks
which could be used by engineers and scientists to make observations of the
subsystems for which they had responsibility. Without the aid of these automated



tools, the predominant methods of performing data analysis could be described as
repetitive, manual, visual inspection of two-dimensional data plots, followed by
heuristic evaluations. A variety of tools (computer programs) and steps were used by
the individuals performing the analyses. It was common for an
analyst/engineer/scientist to receive complete telemetry dumps from half-a-dozen or
more experimental "runs" in a single day. This meant that each person was repeating
the same data reduction techniques while trying to correlate experimental changes
found in the data to changes in, or attributes of, their respective subsystem. Generally,
an individual could not inspect all the experimental runs.

What was needed was a systematic yet flexible, reusable, set of tools that could be
quickly customized to the needs of the individual analyst in order to reduce the
enormous amount of data into useful information. Additionally, a set of tools that
could grow in complexity to meet the changing needs of the experiment was sought.

Design Approach to Automating Analysis

These steps outline the process of automating the data analysis:

1. Critical subsystems were selected as candidates for automated analysis.

2. Existing analytical practice as it applied to the selected subsystem was studied.

3. Wherever heuristic methods were used they were transformed into numerical
methods.

4. Numerical methods required for any analysis were organized into a hierarchy of
tools by taking advantage of the similarities of different data analysis processes,
and using a top-down approach.

5. A common format was selected for data storage and inter-process
communications.

6. A set of primitives were created that could perform basic numerical and logical
functions, data reductions or comparisons.

7. A set of intermediate level utilities were created that utilized the primitives to
accomplish larger tasks.

8. A set of high level, specialized routines were developed that could organize and
report useful information, again using the lower level codes.



Implementation

An example case is presented which follows this methodology.

The Probe Attitude Control System (ACS) was selected as a candidate for telemetry
data analysis automation.

Existing practice was described and documented by one of the controls engineers
working on the ACS.

Here are the steps taken to automate a portion of the ACS analysis.

The engineer's heuristic method was stated as, "check for consistency between inertial
position information [measured gyro data] and calculated/estimated position
information."

This was transformed into numerical methods as:

i) compute the difference between estimated and inertial (gyro) values for every
available time point for any given run. The existing telemetry stream contained:

estOMEGA(x,y,z) = = estimated positions for each of 3 axes

gyro(x,y,z) = = measured gyro positions for each of 3 axes

gyroBIAS (x,y,z) = = measured/dynamic gyro biases for each of 3 axes
Thus:

estVSgyroDIFF (x) = estOMEGA (x) - 20 (gyro (x) - gyroBIAS (x) ) (EQ 1)
estVSgyroDIFF (y) = estOMEGA (y) - 20 (gyro (y) - gyro BIAS (y) ) (EQ 2)
estVSgyroDIFF (z) = estOMEGA (z) - 20 (gyro (z) - gyroBIAS (z) ) (EQ 3)

[Note: scalar multiply by 20 was needed for units conversion since estimated values
and inertial (gyro) values were scaled differently by the reporting subsystems].

ii) find the mean and standard deviation of this difference over the time-sampled
interval; where mean is given by

 ,



and the standard deviation is given by

 
where n is the number of samples in the interval, and x(i) is the mean difference of the
ith samples.

iii) Define a threshold of acceptable difference, such as a small factor times the
standard deviation:

t = k , where k [1,2,3]

iv) Check and report all points in time where the variable of interest has a
distance from the mean which is greater than the acceptable threshold: if ( µ - x
(i) t) then report x (i) and timestamp (i).

The points reported by this detection then will represent those instances where the
estimated position and the measured inertial position differ by a significant amount,
and deserve closer scrutiny. Further analysis could entail taking the time values of the
points above, x(i) and timestamp(i), and using the tsift_pl primitive to extract other
variables of importance around an interval denoted by each timestamp(i) value, and
then using paste_pl or vmerge_pl primitives to assemble these variables followed by
invoking a graphics plotting tool for visual examination, or other cross-correlation
tools.

Common Data File Storage and Exchange Format

A common format for data storage and exchange between tools is needed. The dot-pl
file used by a local popular interactive 2-D graphics plotting and analysis tool, p.xll,
was chosen because of its simple human-readable, plain ASCII text input format. (The
project widely used UNIX platforms). Additionally, this allowed all the intermediate
results to be readily input to either p.xll or to a popular commercial data analysis
package, IDL/TADA, for graphing and visual inspection.

A dot-pl file has a simple header of a few lines (all denoted by a leading poundsign
"#" or single quote " ' ") containing descriptive comments, title, list of variables
contained in the file by column position, and an end-of-header marker. This header is
then followed by the columns of data as defined in the header variable list, each
column separated by whitespace, and each record of data delimited by a NEWLINE
character. Common practice was to record timestamps in the first column followed by
a family of related variables sampled at that time. Any number and mix of variables



might be present. The variables found in any particular dot-pl file were determined by
the telemetry decoder which dissected the composite telemetry stream into telemetry
Break-Out Files (BOFs).

In order to allow complete flexibility in analysis it was necessary to allow
decomposition of these BOFs into separate files each containing a single variable and
its corresponding timestamps; hence a two-column dot-pl file became the common file
format upon which all of the automatic analysis tools operate; where the first column
gives the timestamp and the second column gives the variable value at that time, (a
consistent Mission Time was used throughout the Probe flight software).

Primitive routines

A set of primitives were created to perform basic file manipulations, numerical and
logical operations, i.e. logical AND of conditions (logical OR can be done by simply
concatenating or pasting the desired subsets of data together). Additional primitives
were created to perform more specialized reductions; i.e. compute mean & standard
deviation and threshold detection, compute duty cycle and peak value, detect and
count zero-crossings, compute linear best fit by least squares, etc. (See Table 1).



Intermediate Routines

Once the data format and primitives were created then a set of intermediate level
utilities were implemented which utilized the primitives to accomplish the larger task
of spacecraft ACS analysis.

In this example case, with the objective of checking the consistency between inertial
and computed position, routines were created to perform each of ten necessary
comparisons for the ACS analysis. These intermediate level codes (See Table 2) used
several primitives to do their computations and analysis.

High-Level Routines

Finally, specialized high-level routines were created to perform a summary reduction
and report the analysis results in a single concise format, which for this example case
was done by routine acsEstimatorConsistency.

Additionally, the routine acsEstimatorConsistency can be invoked as a subordinate
process from routine run_acs, which can be given a list of "runs" to batch process,
allowing the unattended examination and reduction of a series of runs from a single
invocation.

A run summary report is shown in Table 3 which indicates the count of the
occurrences (num_GTL) when the mean difference between expected and computed
position was greater than allowed. Detailed reports are also available as an option
which itemize the points by timestamp to reveal when (in Mission Time) the
anomalies occurred This report gives the controls engineer a quick look at ten
different computations showing the length of the experimental run (Nvals), the mean
difference between estimated and measured parameters (Mean), the standard deviation
of that difference for that run (Std_Dev), the number of points which exceed a selected
threshold difference (num_GTL), and the test/variable names (test).

Following this quick-look, the analyst also could organize these run reports and
perform various statistical operations on them; for example, catalog all the



experimental runs by number of differences exceeding a threshold, as done by utility,
rankAcsByErrors and shown in Table 4.; thus giving an idea of experimental progress
or regression. While this example is straight-forward, the methodology and set of
primitives created allowed for many varied and complex analyses. For example,
variables could be studied over a specific mission time phase, and/or correlated with
combinations of other variables or functions, by using other primitives.

Profile Comparisons and Adaptive Analysis

A data "profile" (example waveform with a specified error margin) could be taken
from previous experimental data, and then used as the basis of comparison for future
runs - updating the profile as needed to refine the system under study. If this feedback



process were used consistently it would form the basis of a simple adaptive
automated analysis process.

This also allows the analysis to be uniquely customized to the system under test
(allowing arbitrary waveforms) rather than requiring comparisons be confined to
computed static numerical functions.

Performance of Automatic ACS Analysis

The quick-look automated analysis summarizes and pin-points areas which require
more detailed analysis, while helping to insure that problem areas do not go
undetected, since all the experimental data can now be examined for every run in a
short time period. A typical ACS analysis took under 3 minutes on a Sun
SPARCstation IPC, with the files remotely mounted from a Sun-4 server over an
Ethernet 10Mbps LAN; and under 2 minutes on a Sun-4/490 with locally mounted
files; thus performing the examination of that batch of half-a-dozen experimental runs
per day in under 12 minutes!

Conclusion

The development of a re-usable, flexible toolkit to perform data reduction and analysis
of telemetry streams from experimental runs helps shorten and simplify the design and
implementation of complex systems. The forte of automatic analysis tools is reducing
amounts of data that humans would find overwhelming and may tend to gloss over,
into consistently analyzed informative reports, which allows the
analyst/engineer/scientist the ability to rank outcomes of experiments and measure
progress.

The approach used provided a hierarchial structure, which allowed for flexible
expansion, while minimizing the amount of effort required to build the toolkit. The
complete set of primitives were completed in a period of two weeks, followed by
intermediate and higher- level routines which often were completed in less than an
hour - this was the result of two beneficial factors: (1) the higher-level routines had
the advantage of calling primitives to organize and perform tasks, and (2) the UNIX
file system and shell environment provided an easy inter-connection and easy
authoring of programs.

Many data analysis packages excel at either batch processing or interactive operation.
Experimental science often demands both - a good interactive tool (typically
graphical) which permits the user to visualize and analyze-as-they-go, and a good
batch processing capability (typically mathematical & statistical) to allow the



consistent reduction of data to be performed automatically once the methods have
been developed; which implies the need for a good language which permits the user to
express their analytical desires and incorporate them into automatic reduction methods
worthy of reuse.

The toolkit discussed contains a few of the many analysis routines one might need to
form a broad-based kit, and it performs its functions in batch processing style resulting
in tabular statistical numeric reports - requiring that the user invoke other routines to
provide interactive graphical interfaces. Two things directly impact the
interconnection of routines: (1) sharing a common data format for information
interchange; and (2) a method of invoking a peer or subordinate routine, which will
operate on any data given to it; In this toolkit the author chose the ASCII dot-pl file
format as the common data format, and the UNIX C-shell language, with its inherent
pipes and redirectors, argument passing, et.al. capabilities, as the means of invoking
subprocesses able to operate on data passed to them.

All of the utilities and their manual pages are available as public domain sources. The
utilities are written in the C programming language and in the UNIX C-shell language.
The dot-pl file header processing is a modular code piece which can be readily
modified to accommodate different storage file formats, thus requiring minimal
changes to the main portions of the codes for those needing to analyze data stored in
other formats.
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