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 A MESSAGE FROM THE
1988 TECHNICAL PROGRAM CHAIRMAN

THOMAS W. ALEXANDER
Technical Program Chairman, ITC/USA’88

The scope of this years technical program will indeed present an
excellent “Preview of TM Technology for the 90's”; our theme for this years
conference. As we face the challenge of the next decade to maintain a strong
national defense and space program posture, in the face of substantial
budgetary reductions, we all must explore and find ways to get the job done
with the limited resources available. You can be certain that Telemetry will
play an ever expanding and critical role as technology allows significant steps
forward in precision measurement, guidance and control systems and as our
expansion into space continues.

It is evident that ITC/USA has established itself as the premiere
conference addressing aerospace test and evaluation electronic
instrumentation. The conference affords the opportunity for beneficial
interchange of ideas between the Government, Industry and academic
communities.

The response to this years “Call for Papers” serves to strengthen this
observation in that the volume, diversity and general quality of the technical
papers received has been outstanding. It has certainly presented me with a
challenge in coordinating and developing the technical program. I do hope
that you enjoy this years conference and find value in the papers included in
these Proceedings. It has been a pleasure arranging it for you.

This year we have included three Student Papers in the technical program
and they are contained in the Proceedings. In addition to the traditional best 



paper award, the conference banquet program will include awards
presentations for these fine papers.

I sincerely want to express my appreciation for the excellent support I
received from White Sands Missile Range, Ms. Jo Sellers of ISA and all of
those who participated in the technical program; Speakers, Authors, Panel
Members and Session Chairmen. I would also like to thank the fine staff
assembled for ITC/USA’88. Without the outstanding, and most importantly,
voluntary efforts of all the dedicated individuals involved, the conference
would not be possible.

Tom Alexander, Technical Program Chairman, ITC/USA’88



KEYNOTE LUNCHEON SPEAKER

C. H. McKinley
Vice President, L TV Missiles and Electronics Group

Mr. McKinley is currently Vice President, Close Combat and Interdiction
Programs (CC&IP) with the LTV Corporation’s Missile Division, Dallas, Texas.
He previously served as the Technical Director of the U. S. Army Missile
Research and Development Command, Redstone Arsenal, Alabama.

Born on January 18, 1937, Mr. McKinley received a BS degree in
Aeronautical Engineering from Texas A & M in 1959. In 1963 he was awarded
an MS degree in Aerospace Engineering from the University of Southern
California and in 1966 received an MS degree in Engineering Administration
from Southern Methodist University.

From 1959 through 1975 he held several positions with LTV Corporation,
Martin Marietta Corporation and North American Aviation gaining an excellent
insight into the aerospace industry.

In 1975, he joined the Government with the Department of Defense where he
provided staff support for both the Under Secretary of Defense for Research
and Engineering and the Deputy Under Secretary for Tactical Warfare
Programs regarding major weapon systems acquisition decisions. He was
responsible for the overall Land Warfare mission area which encompassed
essentially all of the Army’s weapon systems.

In 1978, he became Technical Director of the U.S. Army Missile Research
and Development Command where he was responsible for planning and
execution of research and development programs with respect to and in
support of Army material development.



In recent years he has returned to private industry with the Missile Division
of LTV Corporation serving as Vice President of Missile Development
Engineering where he was the focal point for the Corporation’s transition
from a predominately aircraft product orientation to missile emphasis. He
also served as Vice President, Advanced Tactical Systems with program
responsibility for the Hypervelocity Missile (HPV) weapon system
development, guided projectile development effort and Mission Simulation
Systems.

In his current capacity, he is responsible for all business aspects of the
CC&IP mission area including establishment of programs, requirements
definition, program execution, customer interface and profitability.

Mr. McKinley has received both the Secretary of Defense and the
Department of the Army Meritorious Civilian Service Awards. He is an
Associate Fellow of the American Institute of Aeronautics and Astronautics
and is a member of the Space Research Center Advisory Board of Texas A&M
University and a member of the National Academy of Science Board on Army
Science and Technology.

C. H. (Chuck) McKinley, Keynote Luncheon Speaker ITC/USA’88



FORWARD TO THE 1988 PROCEEDINGS

Dr. James A. Means
General Chairman ITC/USA’88

ITC/USA/’88 is proud to present these Proceedings of our XXIV conference
to participants as a permanent record of our technical program. Our 88 theme
“Preview of TM Technology for the 90’s” is well served by the excellent
papers contained in this volume, and it serves ample testimony to the
excellent technical program administered by the Technical Program
Chairman, Mr. Tom Alexander, White Sands Missile Range. The ITC/USA/’88
committee hopes these Proceedings will serve you well as a professional of
the telemetering community.

Approximately 100 quality technical papers, including several from Asia and
Europe, will be presented at the conference, and most of them are contained
in these Proceedings. They offer a broad spectrum of topics ranging from
improved basic measurement techniques to advanced telemetry concepts.
Educational tutorials and panel sessions will also be included in the program.
Tutorials will be presented by Dr. Elie J. Baghdady and Mr. O. J. Strock,
recognized authorities in the field of telemetry. Major speakers for the
conference are Mr. Walter W. Hollis, Deputy Under Secretary of the Army for
Operations Research, BG Robert L. Stewart, Deputy Commander of the
Army’s Strategic Defense Command, and Mr. C. H. McKinley, currently a Vice
President of LTV Corporation and former Technical Director of the Army’s
Missile Research and Development Command. Our Blue Ribbon Panel will
preview challenges and management thrusts affecting the Army development
and testing communities for the next decade.

One of the other significant aspects of the conference is the Exhibits Hall.
Art Sullivan, our Exhibits Chairman, has done an excellent job in booking
around 100 booths which will expose you to the latest products and services



available in the telemetry and instrumentation professions. The exhibitors are
the mainstay of our conference, which could not succeed without their
financial support. It will help us all greatly if all attendees will take the time
during the conference to tour the exhibits area, visit the booths of interest,
discuss their needs, and look at some of the state-of-the-art equipment
available for their applications.

ITC/USA/’88 is the culmination of the efforts of all the volunteers who make
up the staff, speakers, authors, exhibitors, and our sponsoring institutions. It
is the only conference and exhibit in the USA dedicated exclusively to
telemetry and instrumentation systems, and every dollar earned by the
conference is spent in fostering professionalism in this discipline through
scholarships, grants and conference expenses. The ITC is sponsored by the
International Foundation for Telemetering and the Instrument Society of
America, and we all wish our attendees a very enjoyable conference. We
sincerely hope these Proceedings will fill your needs now and as a future
reference.

James A. Means, General Chairman ITC/USA/’88



OPENING SESSION SPEAKER

Walter W. Hollis
Deputy Under Secretary Of The Army For Operations Research

Mr. Hollis assumed his present position as Deputy Under Secretary of the
Army for Operations Research in December 1980. In this position he
establishes policy guidance and monitors Army operations research
activities. He initiates, conducts, reviews and monitors studies and analytical
reports basic to the justification of Army requirements and programs. He also
initiates studies of interest to the Secretariat and serves as the primary point
of contact and liaison for similar activities in the Office, Secretary of Defense
and other military departments.

Mr. Hollis was born November 13, 1926 and graduated from Northeastern
University in Boston, Massachusetts in 1949 with a Bachelor of Science
degree. For the next two years, he taught in the Physics Department at
Northeastern and engaged in graduate study at Boston University.

In 1951, he entered the Civil Service as an Optical Engineer at Frankford
Arsenal where he held progressively more responsible positions for the next
17 years. In 1968, Mr. Hollis, then Chief, Combat Vehicle and General
Instruments Fire Control Laboratory, became Science Advisor to the
Commanding General, U.S. Army Combat Developments Experimentation
Command. He held this position until 1972 when he enrolled as a student at
the National War College (NWC).

Following graduation from the NWC, Mr. Hollis became the Scientific
Advisor to the Commanding General, U.S. Army Operational Test and
Evaluation Agency where he served until assuming his present position.



Mr. Hollis also holds the degree of Master of Science in International Affairs
from George Washington University.

Mr. Walter W. Hollis, Opening Session Speaker, ITC/USA/’88



BANQUET SPEAKER

B.G. Robert L. Stewart
Deputy Commander, U. S. Army Strategic Defense Command

Brigadier General Robert L. Stewart assumed his current position as Deputy
Commander, USASDC on July 2, 1987. As Deputy Commander, General
Stewart shares in responsibility for directing the Army’s contribution to the
nations Strategic Defense Initiative. Another of his major responsibilities is
serving as National Range Commander, U. S. Army Kwajalein Atoll (USAKA).
In this capacity, he oversees operation of USAKA’s unique test facilities in the
Marshall Islands of the Central Pacific.

He joined the command in January 1987, after more than eight years of
service as an astronaut with the National Aeronautics and Space
Administration (NASA) in the U. S. space program and several years
experience in research, development and testing of Army aviation systems
and systems components.

Born in Washington, D.C., on 13 August 1942, General Stewart graduated
from Hattiesburg High School, Hattiesburg, Mississippi. He received a
Bachelor of Science in Mathematics from the University of Southern
Mississippi in 1964, and a Master of Science in Aerospace Engineering from
the University of Texas in 1972. He received his commission in 1964 through
the ROTC program at Southern Mississippi, where he was a Distinguished
Military Graduate. His military schooling includes the Air Defense Officers
Basic and Advanced Courses, the Guided Missile Systems Officers Course,
and the U. S. Navy Test Pilot School.

In 1966, after completing helicopter training, he was designated an Army
aviator. He then served in the Republic of Vietnam, accumulating 1,035 hours
of combat time during 1966 and 1967. Upon his return to the United States,



General Stewart was an instructor pilot at the U. S. Army Primary Helicopter
School, Fort Wolters, Texas with duties including training rated aviators to
become instructor pilots. From 1972 to 1973, he served in Seoul, Korea, in
operations positions with the 309th Aviation Battalion.

Following completion of the Naval Test Pilot School’s Rotary Wing Test Pilot
Course, he was assigned to the U.S. Army Aviation Engineering Flight
Activity, Edwards Air Force Base, California. His duties there included
directing the integrated systems test division, as well as participating in
engineering flight tests of helicopters and fixed-wing aircraft. He was project
officer and senior test pilot on the Hughes YAH-64 Advanced Attack
helicopter during Government competitive testing. He also participated in
developing an electronic automatic flight control system for the Army’s UH-
60A transport helicopter.

General Stewart’s service with NASA began in 1978. The following year he
qualified as an astronaut. He was mission specialist on two Shuttle flights,
one in 1984 and one in 1985. On Space Shuttle Mission 41-B (Feb. 84), he
participated in two extravehicular activities (EVAs) involving use of the
Manned Maneuvering Unit. This was the first time that astronauts performed
untethered operations from a spacecraft in flight. General Stewart logged a
total of 289 hours in space, including approximately 12 hours of EVA
operations. He has military and civilian experience in 38 types of airplanes
and helicopters and has logged approximately 6,000 hours total flight time.

General Stewart is married to the former Mary Jane Murphy of La Grange,
Georgia. They have two daughters.

Brigadier General Robert L. Stewart, Banquet Speaker ITC/USA/’88
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This tutorial is an examination of trends in telemetry systems as we approach the 1990s. . . 
a look at where we are, and where we appear to be headed in the near future.

Historically, the typical change in our technology is brought about by one of three
conditions. First, users demand performance improvements in order to facilitate their
analysis of test programs. Second, manufacturers make performance improvements
because continuing advances in component technology enable them to offer improved
products for telemetry applications. Third, developments in non-telemetry applications,
both hardware and software, are adapted to our needs by system designers. We will see
the results of all three conditions as we look at trends in telemetry systems.

Trend 1:  Higher data rates.

System users have always wanted more data points and higher frequency response per
point, in order to achieve more thorough testing results. We see continuing changes in
most of these devices in the typical telemetry system to meet these needs:

Encoder Receiver
Tape Recorder Bit Synchronizer
Format Synchronizer Preprocessor/Compressor
Host Processor Peripheral Storage Devices
Software

Trend 2:  More complex formats.

Gone are the days when telemetry data measurements were acquired as analog values in a
simple sequence. Now, many telemetry systems handle data from one or more vehicle
computers; often the computer data is contained in imbedded asynchronous formats. The



data from a MIL-STD-1553 avionics bus must be handled also, plus an assortment of other
data in unusual formats and codes. Some systems are hybrid (PCM and FM) in order to
accommodate both conventional and higher-frequency data. Some of the system devices
which are affected are:

Encoder Format Synchronizers
Preprocessor/Compressor Host Processor Software

Trend 3:  Better Synchronization

For several years, little was done to improve the quality of data synchronization. Now,
improvements are again being made to assure faster, more accurate synchronization. This
involves:

Bit Synchronizer Format Synchronizers

Trend 4:  Data Accuracy.

This relates to the acquisition, transmission, storage, and display of data, and affects the:

Encoder Bit Synchronizer
Format Synchronizers Preprocessor/Compressor
Host Processor Peripheral Storage Devices

Trend 5:  Multiple Users.

A few years ago, we were content in many cases to have a system which could
accommodate only one data analyst. We have moved from that situation to the multiple-
user system, and find that in some applications a system should serve even 10, 20, or 30
data analysts. Contributors to this trend are:

Preprocessor/Compressor Host Processor
Display Devices Soft-ware



Trend 6:  Better Displays.

Since many system users are not telemetry experts nor computer experts, there is a
continuing emphasis on making data displays simple to operate and more meaningful. This
involves:

Preprocessor/Compressor Host Processor
Display Devices Software

Trend 7:  Simpler Setup and Operation.

With complexity of the typical telemetry system increasing from year to year, device
designers, system designers, and programmers are continually working on techniques to
hide this complexity behind an operator-friendly man-machine interface. This involves all
the elements of the system, both hardware and software, and includes the system
documentation and training as well.

One of the most useful trends in this regard is the growing use of data base software, such
that the operator may predefine all data stream characteristics and all measurement
parameter characteristics. These definitions are stored in the system data base, and the
software handles all details of front-end setup, preprocessing/compression, and display
processing automatically.

The system data base and all other operating characteristics are entered via menus. The
software even includes on-line documentation for the operator, available via the HELP
request.

Trend 8:  Simpler Maintenance.

Fortunately, many new devices used in telemetry stations have imbedded microcomputers
for control and housekeeping. The trend is to use this power for diagnostics as well. This,
along with the trend toward construction with modules having well-defined functional
boundaries, helps to reduce the time required for diagnosis and module-level repair. All the
devices in the system are affected, as is the system software and the technical
documentation.

Trend 9:  Expandability.

Each of us has dreamed of designing the system which would serve present-day as well as
well as future needs without modification. Unfortunately, such a system is still in the
dreamer phase. In the real world, today’s system will be inadequate tomorrow. The trend,



therefore, is to recognize this and build devices and systems (both hardware and software)
with that inevitable expansion in mind. This involves modular construction, the use of data
buses, and other techniques. Virtually every part of the system is affected by this trend.

Trend 10:  Move Processing Power:

Even though the processing power of a minicomputer per unit of cost increases each year,
our demands on a telemetry computer increase more rapidly. We are never quite satisfied
with the realtime processing power of our systems. The trend, therefore, is toward
extending the computer’s power by adding a special-purpose hardware preprocessor/
compressor. Proper use of such a device often multiplies the system processor by four to
400. Another hardware device, the array processor, is used in some systems also, to
perform high-speed frequency analysis outside the computer. This trend affects the:

Preprocessor/Compressor Host Processor
Software Array Processor

Trend 11:  More, Faster Data Storage.

In many cases, telemetry data rates are too high for realtime entry into a host computer, yet
the computer must have access to some of the information in near realtime. The new
input/output computer with disk storage offers a solution to the problem, storing data at
rates to 6 megabytes per second and providing backdoor access to the host processor. The
devices affected are the:

Preprocessor/Compressor Host Processor
Software I/O Computer

All of these trends are discussed in the technical session, with detailed examination of the
various hardware and software elements which comprise the typical telemetry systems.
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ABSTRACT

A switched-capacitor technique for realization of one bit serial A/D converter is
presented. A conversion accuracy that is higher than 15 bits can be expected from its
integrated realization. Results of simulation are presented. It is shown that arithmetic
operations on bit serial signals are possible. Using arithmetic operations on delta-
modulated signals, it is possible to build inexpensive options necessary in instrumentation.

Key words: switched-capacitor, delta-sigma modulation, delta-full adder.

INTRODUCTION

The basic circuit diagram of the delta-sigma modulator (DEM) and waveforms at
relevant terminal points are shown in Fig. la, b, c, d, respectively. The control loop acts in
such a way that the average voltage on the comparator input is kept at zero. When no input
is applied, the number of positive and negative pulses must be equal. When an input signal
is applied, the difference in the symmetrical positive and negative pulses is proportional to
the anlog signal. This circuit configuration has made a great impact on low-speed precision
instrumentation because of its stability, linearity and accuracy. Due to the fact that the time
constant of integration of the DEM is large, its direct implementation as a continuous time
integrator in monolithic form is very difficult. To avoid this problem, Kondoh at al.
proposed to use switched-capacitor techniques in dual-slope analog-to-digital converters
[1], [2]. We will use similar charge-capacitor strategy to implement a DEM.



CHARGE BALANCING INCREMENTAL MODULATOR CIRCUIT
DESCRIPTION

Fig. 2a shows the circuit diagram of the switched capacitor A/D converter. The
operation controlled by the nonoverlapping two phase clocks CL and C̄L̄. Switch CLr is
used to discharge C  in the beginning of conversion period when the modulator is used as2

an A/D converter. MOS switches are used. V  is an analog input signal to be convertedx

into positive-negative pulse train with reference voltage V . Capacitors C  and C  act asr   2  1

noninverting integrators controlled with the switches. Capacitor C  is charged dependingr

on the present value of the output of the integrator which is:

V (nT) = V (nT - T) + C /C ) t V  + (C /C ) tVi   i     1 2   x  r 2  r

The offset free and parasitic-insensitive configuration for the integrator is adopted. The
simplified block diagram of this A/D converter is shown in Fig. 3. Positive and negative
pulses are processed in a 2  up/down counter. For DC or quasi DC signals, the modulatorn

generates a repetitive pulse pattern. The counter is allowed to count during N periods of
the clock. If there are n1 up pulses and n2 down pulses, it is shown in [3] that

(n1 - n2) / (n1 + n2) # (V /V ) # (n1 + 1 - n2) / (n1 + 1 + n2)x r

Above formula is valid if C  = C . Total number of the pulses during conversion period is1  r

N = n1 + n2

Thus conversion speed is f /N, where f  is clock frequency and resolution is N. For positivec   c

values of V , the conversion counter contains n=n1-n2 pulses. Thusx

V  = (n/N) V  (*)x   r

The transfer characteristic of DEM in Fig. 2b is presented. It is evident that conversion
accuracy is dependent on the sampling frequency and length of averager (such as the
length of the counter in Fig. 3).

Circuit level implementation of DEM was carried out using CMOS technology and is
shown in Fig. 4. The transient behavior of the circuit was simulated using SPICE
simulation program. To achieve the level of simulation accuracy desired, the circuit was
simulated in different functional pieces. Fig. 5 shows the transient behavior of the
switched-capacitor integrator, which performs the initial processing. As can be seen, the 



circuit performs a clocked integration (i.e. integrates and dumps). The ratio of C /C1 2

determines the time constant. The output of this integrator was fed to a counter using a
comparator with hysteresis.

CONVERSION ACCURACY

The switched capacitor integrator is configured such that the offset voltage of the
Op.Amp. and parasitic capacitance have no effect upon its operations. Also the finite open
loop gain does not disturb the charge balance. This is the effect of the holding capacitor C3

in the integrator. The main error source which limits the resolution is the feed through of
clock signals through the parasitic capacitors of MOS switches. In an IC realization using
advanced MOS technology, the signal to noise charge ratio (C V /Q ) as high as 5x10  can1 x f

4

be obtained.

APPLICATIONS

Besides the application of A/D converter as a digital voltmeter, it can be applied to a
wide range of applications which require measuring voltages. When some degree of
processing is required to derive the measurement parameter, for example, in a resistance
measuring circuit, an analog circuit can be made to produce a proportional voltage. We
show a simple example in Fig. 6, that

V  = (R /R ) u (R /R )Vin  1 2   X r ref

Therefore, using (*), we have
n = N(R /R ) (R /R ).1 2  x r

R  is a ranging resistor and knowing N , R , R , C  and C , the desired scaling can ber       1  1  2  1  n

obtained. This pre-processing of the analog signals is common in low cost instrumentation
systems. The accuracy is limited by the component accuracy and the analog network can
be unstable. Higher performance systems may choose to digitize the primary analog
quantitates directly and use digital signal processing to derive the required results. In the
resistance measurement example of Fig. 4, such an approach would measure the
quantitates V , V , and V  and perform the operations (V  - V )/(V  - V ) digitally.A  B   C     B  C A  B

We propose an intermediate solution: Linear operations on the primary analog
quantities after conversion to the pulse density format, but before the data are assembled
into a binary weighted digital word.

Using arithmetic operations on ordinary LDM signals, it is possible to show that
arithmetic operations on DEM signals are also possible. Fig. 7a shows the case of addition



of analog signals x(t) and y(t) using delta full adder [4]. It is possible to conclude that after
demodulation, sum of the two analog signals is obtained. It is also possible to conclude
from Fig. 7b that this signal is attenuated by factor 1/2 [4]. This problem of attenuation is
possible to overcome using techniques of averaging [5]. Using delta full adder, it is
possible to show the influence of V  instability on the accuracy of conversion. Referringref

to Fig. 8a, it can be seen that when V  = V , Xn = Yn, then Sn = 1/2 (Xn ! Yn) = 0. Ifref1  ref2

Y  has some additional fluctuation, it is possible to show that it has some DC offset.ref2

Fig. 8b shows this offset for a short period of averaging. Larger periods will smooth the
oscillation. Using arithmetic operations on DEM pulse stream it is possible to construct
many useful options which can be implemented in various instruments.

CONCLUSION

A method of one bit analog-to-digital conversion utilizing a switch-capacitor technique
is described. This technique allows us to use monolithic IC realization. High tolerance of
component is not required. On the basis of our simulation results and preliminary
laboratory testing, we expect a conversion accuracy higher than 15 bits.
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ABSTRACT

This paper presents the design and performance of an auto ranging optical sensor (AROS)
built for space applications and capable of measuring pulsed optical energy over a wide
range of pulse widths, energy levels and wavelengths. The AROS measures energy
densities over seven orders of magnitude to a maximum of 0.2 J/cm  and can withstand 12

J/cm  without damage. In addition to its intended use as a laser sensor in multi-sensor2

arrays on target satellites, the AROS is well suited for laboratory use in the measurement
and profiling of high-power laser beams.

INTRODUCTION

The design of a small, accurate, high-speed laser sensor capable of measuring high-energy
densities over a wide dynamic range presents some unique challenges. First and foremost,
the detectors used within the sensor must be capable of tolerating power levels that are
highly destructive. The sensor must convert, with high resolution, optical events that may
last from only a few nanoseconds to one microsecond. The AROS design, described in the
following section, meets these requirements. A summary of the key specifications of the
AROS is given in Table I, and a photo is shown in Figure 1.

DESIGN

A block diagram of the AROS is shown in Figure 2. The raw beam intensity is reduced to
a manageable level by an all metal, diffused gold-plated integrating cavity with a 1 mm
diameter input port. The interior walls of this high-energy black body attenuator diffusely
reflect the beam making the sensor insensitive to laser coherence and polarization (1). The
outputs of the attenuator are four 1 cm diameter ports in which neutral density filters are 



located. The attenuation factor of each filter is chosen such that each output is a factor of
sixteen from one port to the next. This approach yields four overlapping ranges of
measurable input energy covering seven orders of magnitude.

To convert the optical energy into an electrical current, a InGaAs photodiode is located at
each output port behind the neutral density filter. The output of each photodiode is fed into
a charge amplifier which produces a pulse whose peak value is proportional to the change
in charge at its input, and hence to the total energy density (J/cm ) of the pulse. The peak2

value of this pulse is then captured by the peak-hold circuitry. Automatic range selection is
achieved by comparing the four peak-hold outputs and routing the appropriate output to an
11-bit analog-to-digital (A/D) converter. As soon as the conversion is completed, the
analog circuitry is reset and the A/D output is latched into a tri-state bus driver along with
2 bits of range data. This 13-bit data word can now be retrieved on the tri-state parallel
output bus. An external Master Timing Module (MTM) generates the necessary control
signals to orchestrate the data acquisition and retrieval. Up to sixteen buses of sixteen
sensors each can be controlled by one MTM.

The analog circuitry also contains a signal detector which generates a trigger signal if the
laser pulse is above a predefined energy level. This signal may be used by the MTM to
initiate data conversion in one or more sensors.

The control logic is the interface between the MTM and the sensor’s analog circuitry. This
logic section contains a state machine which transforms the MTM’s command signals into
synchronous signals used for control of the data acquisition process.

Upon power up, the control logic is reset and armed to start processing laser pulses. In a
multi-sensor system, a predetermined number of sensors are selected as “trigger” sensors.
When these “trigger” sensors detect a laser pulse, each sends a trigger signal to the MTM.
The MTM then instructs all sensors to begin converting data. A “GO” pulse in conjunction
with a clock resets the state machine counter. Then, on successive clocks, the counter is
incremented. A read-only memory (ROM) driven by the counter generates the sensor
control signals as a function of time and internal and external status signals.

At a pre-programmed terminal count, the control logic is cleared and further counting is
disabled until the next “GO” pulse is received in conjunction with a clock. This has the
effect of a noise filter on the clock line.

Since the state machine algorithim is contained in ROM, control modifications are easily
implemented. This approach permits easy algorithim development and reduces parts count.
Two ROM mappings provide two distinct modes of operation. One is the “auto-ranging” 



mode which is utilized during normal operation, and the other is the “calibrate” mode
during which all four ranges are sequentially polled.

A “Sensor Configuration” connector sets the 4-bit binary address of each sensor via a hard
wired connector plug, allowing up to 16 sensors to be bused together. It also provides the
enable for each selected “trigger” sensor.

TEST

A prototype of the sensor electronics mated to the diffused gold-plated attenuating cavity
was tested using a Quantel International YG581C pulsed Yag Laser. The specifications of
the YAG laser are given in Table II.

The experimental arrangement is shown in Figure 3. The beam intensity was controlled by
neutral density (ND) filters (bulk absorption) of varying values. A filter pack contained
from 1 to 5 filters. An optical diffuser was used to even out the spatial distribution of the
beam energy. The sensor was aligned by eye with its optical axis parallel to the beam axis.
Since the beam center was a rather elusive quantity to define, the broad area where the
beam is fairly constant was used.

A computerized data acquisition system captured the results of a predetermined number of
laser pulses. This system utilized an IBM PC/AT driven by custom software.

Following laser warm-up, forty data sets of ten readings per set (spanning the sensor’s
dynamic range) were acquired. At any given energy level, the maximum variation in sensor
output for a data set was +/!2%. This can be fully attributed to the stability of the laser
beam.

A Laser Precision Corporation RJ7100 joulemeter with an RJP-735 probe was used to
relate the sensor’s output to the incident beam energy density in J/cm . When the2

maximum irradiance that the joulemeter could tolerate (1 Megawatt/cm ) was exceeded,2

neutral density filters were added in front of the joulemeter probe. The average value of
the beam energy density as measured by the sensor disagreed with the joulemeter
measurement by a maximum of 11% at high energy levels. This disagreement can be fully
attributed to the following four error sources. First, the larger input port area of the
joulemeter as compared to the sensor (~ 1cm  versus ~ 1mm ) resulted in a larger2   2

“sample” of the beam than the sensor. Second, the input port of the sensor was not
precisely machined, therefore the port area carries an uncertainty. Third, the additional
neutral density filters in front of the joulemeter heat up and change value at high energy
levels. Finally, the positioning of the sensor and the joulemeter was not precise.



A plot of the sensor transfer function shows the measured relationship between incident
beam energy and sensor output in terms of range and A/D counts (Figure 4). Analysis of
the data indicates a response linearity of +/! 1% (entirely attributable to beam stability and
repeatability), residual electronic noise of +/! 0.15% of full scale for each range, and
67.2 dB of dynamic range (35 nJ/cm  to 0.185 J/cm ).2   2

Cavity damage data was obtained by directly irradiating the interior of the cavity for 5
minutes at a repetition rate of 10 Hz and a beam irradiance of 177 mJ/cm . No damage was2

expected and none was observed. In a second test, the input port was irradiated for 40
seconds at ten pulses per second of 1 J/cm . No damage was observed.2

As a consequence of this last test, the detector for the most sensitive range was irradiated
at approximately 500 uJ/cm  (the cavity attenuation factor is approximately 2000).2

Additional testing was conducted to ascertain whether the detector had been damaged. No
degradation in performance was measured.   None was expected since preliminary tests on
a single detector had shown no apparent damage at a beam irradiance of 4 mJ/cm  for2

90 minutes.

A more accurate characterization of the sensor could be performed if the following steps
were taken. First, the sensor’s input port must be precisely machined and a pinhole of the
same area should be used in front of the joulemeter probe. Second, the sensor and the
joulemeter must be precisely positioned to measure the same spot on the laser beam.
Finally, the neutral density filters in front of the joulemeter must be replaced with a more
exact method of attenuation. Even with these improvements, precise sensor
characterization is not easily achieved due to error sources such as laser beam stability and
drift, and joulemeter detector responsivity (when not fully illuminated).

CONCLUSIONS

The results of this effort indicate that a high-energy pulsed laser sensor accurate to
+/!10%, linear to a few percent over 7 orders of magnitude, and capable of taking the
abuse of 100 MW/cm  instantaneous peak power without damage or degradation, can be2

built by using essentially off-the-shelf parts. Although tested at 1.06 um, the present
detectors can be used from approximately 800 nm to 1700 nm with little loss in
performance. The detectors can be easily changed for other wavelengths, and the analog
front end can be modified for lasers other than pulsed. The AROS’s small size, low
weight, low power consumption and bused output capability lends itself to space
applications for multi-sensor laser target satellites. On the ground, the AROS can be used
for similar purposes, and may prove to be a valuable laboratory instrument for laser beam
profiling and power measurements.
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Table I. AROS Specifications

PARAMETER SPECIFICATION

Measurable Energy Density 35 nJ/cm  to 185 mJ/cm
Dynamic Range 67.2 dB
Maximum Incident Energy Density 1.0 J/cm  (without damage)
Optical Wavelength 800 nm to 1700 nm
Optical Pulse Width 10 ns to 1 us

Maximum Repetition Rate 20 Khz
Absolute Radiometric Accuracy +/!10%
Resolution 0.1%
Output 13 bit parallel bus
Voltage +/!18 V, +7 V

Power 4.0 watts typical
Size 11.5 cm (W) x 12.1 cm (D) x 5.1 cm (H)
Weight 0.9 kg

2   2

2



Table II. YG581C Laser Specifications

PARAMETER SPECIFICATION

Beam Energy Density 1 J/cm
Beam Area (at AROS input port) 0.4 cm
Wavelength 1.06 um
Pulse Width 10 ns
Repetition Rate 10 Hz

2

2

Figure 1. The Auto Ranging Optical Sensor
(AROS) built by Fairchild



Figure 2. AROS Block Diagram

Figure 3. AROS Test Setup



Figure 4. AROS Transfer Function as determined
by testing with a YAG laser
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ABSTRACT

Fine cracks and irregularities on a fast moving conducting surface were detected by the use
of microwave and millimeter wave radio responder techniques. The interrogation angle
was restricted to an oblique incidence angle less than ±0.5 degree from the surface. The
fast moving conducting surface was surrounded by both fast moving and stationary
reflective conducting structures. Experimental methods and results from a fine crack
0.1 mm wide, 0.9 mm deep, and 25 mm long on a conducting surface travelling with a
speed of 20.23 m/s and measured at 10.525 GH  and 73 GH  are presented.z   z

The reflection-type microwave radio responder consisted of a 10.525 GH  50 mW Gunnz

diode cw transmitter, a circulator, and a horn antenna used as the interrogator. The receivr
in the same responder consisted of the same horn antenna, the circulator and detector
diode. The detector diode output was observed with a Norland 3106R digital memory
oscilloscope. A reflex kylstron VA 250 was used as the transmitter signal source for the
millimeter wave responder. There was a distinct difference between the responder output
patterns with uncracked and cracked surfaces. It is therefore possible to use this type of
responder for hair-line crack detection of fast moving conducting surfaces. It was also
found that this type of radio responder can detect the surface irregularity even before the
hairline crack actually occurs. Key words:  microwave radio responders, millimeter wave
radio responders sensors.

INTRODUCTION

The objective of this paper is to report a new finding of microwave and millimeter wave
radio responder capability to sense irregularities of fast moving surfaces. The surface
irregularities involved in this case are hairline cracks on metallic surfaces. Microwave
radio responders (1)(2) are considered to be a form of a degenerated bistatic radar (3)(4).
The interrogating transmitter and the echo-catching receiver are located at the same



location. The surface to be monitored is interrogated by radiation of microwaves or
millimeter waves from a remotely located transmitter. A portion of the back-scattered
waves from the surface is caught by a remotely located receiver. The back-scattered waves
contain information about the surface.

In previous studies of radio responders (1)(2), targets interrogated were stationary and the
interrogating waves were sent at a normal angle to the surface to be monitored.
Appreciable echoes were expected in the past. In this paper the interrogating radiation
beam is sent in an oblique angle to the surface. Therefore very little back-scatter from the
monitored surface can be expected. In addition, the fast moving test surface is also placed
among other moving and stationary metallic objects. Therefore, the echo to this radio
responder contains strong echoes from surrounding structures and very little back-scatter
from the moving surface to be monitored. Under these rather severe conditions, irregularity
monitoring capability of the microwave and millimeter wave responders were evaluated.

A new data processing technique involving a digital memory oscilloscope was applied to
produce the reported sensitivity. In this new technique the radio responder memorizes a
pattern of back-scattered radiation. When the radio responder receives an irregular pattern
of back-scattered waves, the difference will be displayed at the output. By observing the
irregularity of the output display pattern, the observer can detect the presence of hair-line
cracks or even signs predicting the actual appearance of hair-line cracks on the surface.

EXPERIMENTAL SET-UP AND PROCEDURE

Microwave Radio Responder

A schematic diagram of the microwave radio responder experiment is shown in Fig. 1. The
target has a motor coupling disc of 15.16 cm diameter driven by an electric motor with the
speed of 2846 r.p.m. This allowed a tangentical speed of 20.23 m/s. The surface of the
rotating coupling disc was monitored. The two shafts coupled by this motor coupler were
slightly misaligned so that the coupling will develop cracks within a reasonable time
period.

Microwave signals were generated by the use of a 10.525 GH , 50 mW, Gunn diodez

oscillator. Generated microwaves were fed to a X-band 15 dB pyramidal horn antenna
through a X-band circulator. The microwave horn antenna was placed 5 cm from the
rotating surface of the coupling disc with an oblique angle of 0.5 degree from the surface
to be monitored. Microwaves were launched toward the rotating surface of the motor
coupling disc with the oblique angle of incidence 0.5 degree. Therefore most of the
microwave energy hitting the coupling surface bounced forward with little energy
scattering backward from the coupling surface. Within this small amount of back-scattered



energy, the information of the monitored surface condition was included. The small
amount of back-scattered waves was caught by the same horn antenna and the received
back-scattered waves were fed to a microwave detector through a microwave circulator.
The received microwave was detected and kept in the memory of a digital memory
oscilloscope. The oscilloscope memorized the received signal pattern under normal surface
conditions. When an irregularity appears or is about to appear on the monitored surface,
the pattern of detected waveform changes. The display of the difference in the responses
under normal and abnormal conditions signifies the presence of an abnormality on the
monitored surface.

In this microwave experiment the direction of the electric field vector of interrogating
microwaves was set perpendicular to the surface of the coupling disc to be monitored for
better sensitivity. The waveguide components employed in this experiment are all standard
X-band waveguide components.

Millimeter Wave Radio Responder

In the millimeter wave experiments, a test configuration similar to the one shown in Fig. 1
was used. All waveguide components were standard M-band waveguide components. The
motor coupling and the digital memory oscilloscope were the same as the microwave
experiment. Millimeter waves were generated by a reflex klystrom VA 250 at a transmitter
frequency of 73 GH . In this case, to obtain the best sensitivity for hairline crack detection,z

the electric field vector of interrogating millimeter waves was oriented parallel to the
surface of the coupling disc for better sensitivity.

PRINCIPLES OF EXPERIMENTS

Qualitative Explanation

As seen from Fig. 1, microwave or millimeter waves were generated at the signal
generator. The output was fed to the output waveguide which was connected to a
circulator. The circulator sent the microwave signal to a horn antenna but not directly to
the microwave detector Microwaves fed to the horn antenna were launched from the horn
antenna and irradiated the surface of the rotating motor coupling in an oblique angle as
shown in Fig. 1. Microwave radiation hitting the surface of the coupling produced back-
scattering. The amount and response pattern in time domain of the back-scattering
depended on the reflective and scattering condition of the surface. The presence of hairline
cracks or bulging prior to appearance of hairline cracks produced a change in the time-
domain pattern on the back-scattering microwaves. Back-scattered microwaves from the
surface of the motor coupling was received by the same horn antenna as seen in Fig. 1.
The received scattered microwaves by the horn antenna was then sent to the circulator as



seen in Fig. 1. The circulator sent the received back-scattered waves to the detector, not
toward the signal generator. Thus the circulator separated the received microwaves from
the transmitting microwaves. The detected received microwaves were processed using a
digital memory oscilloscope as shown in Fig. 1. The oscilloscope memorized the time-
domain pattern of back-scattered microwaves of a normal surface. When there was a
change in the time-domain pattern due to changes in the surface condition, the scope
memorized the new pattern and the different pattern can be displayed. By inspecting the
correlated pattern, one can recognize the condition of the surface, namely that a hairline
crack is about to occur, or a hairline crack actually took place.

Analytical Considerations

As seen from Fig. 1, in this microwave radio responder system, the information on the
interrogated surface is contained in the back-scattered microwaves. By processing the
signals carried by the received microwaves at the horn antenna, the condition of the
interrogated surface can be determined.

When the surface in question located at co-ordinate radius vector r̄ ' is irradiated by
interrogating microwaves of electric field strength vector Ē ( r̄ ' ) and magnetic fieldi

strength vector H̄ ( r̄ ' ), by Ampere’s Law and Faraday’s Law, the conduction currenti

density J̄ ( r̄ ' ) and the magnetic current density M̄ ( r̄ ' )  will be induced at a point r̄ ' on thei         i

surface in question. The location of the point in question is represented by a spherical
coordinate radius vector r̄ '.

By Ampere’s Law               (1)

where n̄ is the outward normal unit vector to the surface.

By Faraday's Law (2)

Now both J̄  ( r̄ ' ) and M̄ ( r̄ ' ) can be redefined asi     i

                                        (3)

where (4)

This is induced by H̄ ( r̄ ' )i

                          (5)



           •where D is the scattering coefficient.  This current induces scattered magnetic field H̄ ( r̄ ' ),s

but it is supported by H̄ ( r̄ ' ).i

Now (6)

where (7)

This is induced by Ē ( r̄ ' )i

                        (8)

This current induces Ē ( r̄ ' ) , but it is supported by Ē ( r̄ ' ).s          i

Therefore, both J̄ ( r̄ ' ) and M̄ ( r̄ ' ), in turn, re-radiate scattered wave sin differents     s

directions in various radiation intensities. The back-scattered radiation bounces back to the
horn antenna of the radio responder. The electric field Ē ( r̄ ' ) and magnetic field H ( r̄' ) ofs       s

back-scattered microwaves reach the responder horn antenna located at the co-ordinate
radius vector r̄ are expressed by (5)

                    (9)

                (10)

           =                                                                               =
where G   is ( r̄/ r̄ ' ) the Green's diadic of the first kind and (G  ( r̄/ r̄ ' ) is the Green's diatic1              2

of the second kind (4). v' is the volume where J̄ ( r̄ ' ) and M̄ ( r̄ ' ) distributes. T is thes     s

operating angular frequency of microwaves. Therefore if J̄ ( r̄ ' ) and M̄ ( r̄ ' ) correspondings     s

to normal surface are J̄ ( r̄ ' ) and M̄ ( r̄ ' ) respectively then these surface currentsSN     SN

produce normal electric and magnetic fields at the responder horn antenna as

(11)

(12)

                                                                                                                               = If there is an abnormality on the surface to be monitored the currents are no longer J  ( r̄ ')SN

and M̄ ( r̄ ' ).      The currents on the surface turn into different sets of distributionSN

represented by J̄ ( r̄ ' ) and M̄ ( r̄ ' ). This results in different sets of electric field Ē ( r̄ )SA     SA            A
s

and magnetic field H̄  ( r̄ ) at the responder horn antenna.s
A



(13)

(14)

Therefore the field strength differences from the normal surface condition are

… 0 (15)

… 0 (16)

Under normal conditions )Ē  ( r̄ ) = 0 and )H̄  ( r̄ ) = 0. Therefore monitoring )Ē  ( r̄ ), its       s        s

is possible to sense the abnormality of the surface. After repeated observation it is possible
to correlate the time domain pattern of )Ē  ( r̄ ) and the kind of the abnormality. Thes

principles stated about microwave radio responders are also applicable to millimeter wave
radio responders.

EXPERIMENTAL RESULTS AND REMARKS

Microwave Radio Responder
Experimental results of the microwave radio responder operated at 10.525 GHz is shown
in Fig. 2. The time domain patterns of )Ē  ( r̄ ) observed at the memory oscilloscope ares

shown. )Ē  ( r̄ ) for a normal surface and the pattern after a hairline crack of 0.1 mm wides

0.9 mm deep and 25 mm long was produced on the moving surface of a motor shaft
coupler rotating with the tangential speed of 20.23 m/s are shown.



Millimeter Wave Radio Responder

As shown in Fig. 3, when the responder was operated at 73 GHz, similar results as shown
in Fig. 2 were obtained. It can be concluded that, because the VA250 klystron has 10 dB
less power than an X-band gun oscillator, the millimeter wave radio responder is more
sensitive than the microwave radio responder.

If the structure to be interrogated permits the interrogation direction to be other than the
oblique incidence angle and/or the transmission type responder (1) rather than reflection
type responder can be utilized, then detection sensitivity can be increased. Under certain
industrial conditions, this microwave radio responder approach of irregularity detection on
a fast moving conducting surface is not only complimentary to the optical or ultrasonic
approaches, but it exceeds also these alternatives.

CONCLUSIONS

The experimental results show that the microwave or millimeter wave responder
techniques are effectively applicable to detect surface irregularities such as a narrow and
shallow hairline crack on fast moving conducting surface. The surface to be interrogated
can be surrounded by spurious metal structures so long as the interrogation waves can
reach the surface to be interrogated. The interrogation angle is solely restricted to the
oblique incidence angle in this test.
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Fig. 1. A schematic diagram of experimental set-up to monitor moving surface irregularity
by a microwave technique. The electric field vector is perpendicular to the moving
surface for 10.525 GHz experiments and it is parallel for 73 GHz experiments.



Fig. 2  Differential output of microwave radio responder.



Fig. 3 Differential output of millimeter-wave radio responder.
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Abstract - Self-focusing of light in sodium vapor was first observed on a cw basis in
1974. Recently at Northwestern University, efforts to develop a quantum optical
communications network employing squeezed states of light have required quantitative
characterization of the self-action effects. It has been determined that self-focusing and
self-defocusing change the spatial structure of the output beams of the forward four-wave
mixer used in the experiments, thus worsening the homodyne-detection efficiency by
creating a mismatch between the squeezed output beam and the local-oscillator beam.
Consequently, the need to characterize the self-action effects in sodium vapor has arisen.
By characterizing the self-action effects as a function of the sodium cell temperature, input
beam intensity, and the dye laser frequency, it will be possible to modify the local-
oscillator wavefront to compensate for the spatial mismatch, and thus improve the
homodyne-detection efficiency.

This paper reports the results of an experiment carried out in the Fall and Winter
Quarters of the 1987/1988 school year as an Honors Project in Electrical Engineering. The
theories of self-focusing of optical beams and Gaussian beam propagation are developed
early in the paper in order to lay the groundwork for the presentation and interpretation of
the experimental results. A general description of the laboratory setup is given, and the
experimental procedure is described in detail. Finally, the paper concludes with a
presentation and interpretation of the experimental findings.

I.  Introduction

The possibility of self-focusing near an atomic resonance was first proposed in 1966 by
Javan and Kelley.  In their paper, they proposed a model in which an intensity dependent1

index of refraction produced a decreased phase velocity where the beam was most intense,
leading to the self-focusing of an incident beam.



Just seven years later at Bell Telephone Laboratories, Bjorkholm and Ashkin, observed
cw self-focusing in sodium vapor for the first time.  They attributed the self-action effect2

they observed to the intensity dependent saturation of the anomalous dispersion, which
Javan and Kelley had proposed in 1966. In their experiments, Bjorkholm and Ashkin
measured the self-focusing effect for two different temperatures and two incident beam
power levels at a single frequency. A recent literature search has revealed that no further
characterization of the self-action effects in sodium vapor has occurred since 1974.

Recently in the department of Electrical Engineering and Computer Science at
Northwestern University, Dr. Prem Kumar has been developing a quantum optical
communications network employing squeezed light.  Included in the ongoing work is an3

experiment being conducted in order to make theoretical comparison with his Quantum
Theory of Nondegenerate Multiwave Mixing, which includes propagation effects in a
nonlinear medium.  It has been determined that self-focusing and self-defocusing change4

the spatial structure of the output beams of the forward four-wave mixer, thus worsening
the homodyne-detection efficiency by creating a mismatch between the squeezed output
beam and the local-oscillator beam. Consequently, the need to characterize the self-action
effects in sodium vapor have arisen. By characterizing the self-action effects as a function
of the sodium cell temperature, input beam intensity, and the dye laser frequency, it will be
possible to modify the local-oscillator wavefront to compensate for the spatial mismatch,
and thus improve the homodyne-detection efficiency.

In order to improve the homodyne-detection efficiency and the efficiency of the entire
quantum communications network, an experiment was conducted to accomplish the goal of
characterizing the self-action effects in sodium vapor for various input beam frequencies,
sodium cell temperatures, and input beam power levels. This experiment was performed
during the Fall and Winter quarters of the 1987/1988 school year as an Honors Project in
Electrical Engineering. This paper reports the results of the aforementioned experiment.

In order to present the experimental conclusions in an understandable fashion, the
theories of self-focusing of optical beams and Gaussian beam propagation are developed
early in the paper. After a general description of the laboratory setup, the experimental
procedure is described in detail. Finally, the paper concludes with a presentation and
interpretation of the experimental findings.

II.  Self-focusing of Optical Beans

In the introduction, the self-focusing effects of interest were said to have resulted from
an intensity dependent index of refraction. However, in order to understand how an
intensity dependent index of refraction will lead to self-focusing of light, one needs to first
understand the process by which a monochromatic beam is focused by a simple lens.



Fig. 1(a) illustrates a lens, which consists of a medium characterized by an index of
refraction n , surrounded by a medium with index of refraction n . It is common knowledge1          0

that when n  is greater than n , the lens will focus an incoming monochromatic beam. The1    0

process by which the focusing action occurs is easily understood when one examines the
optical path length that an incoming beam traverses.

Figure 1

Mathematically, the optical path length is calculated as the index of refraction of the
medium times the length of the medium (n x 1). Physically, an increased optical path
length (higher index of refraction or greater length) results in a decrease in phase velocity
for a beam of light traversing the medium. For the positive lens pictured in Fig. 1(a), the
index of refraction is continuous throughout the lens, but the length of the medium is
greater on the axis than off the axis. Consequently, the optical path length is greater on the
axis of the lens than near the edges. As a result, as the beam propagates through the lens,
the on-axis light experiences a decrease in phase velocity with respect to the off-axis light.
Due to the decreased phase velocity at the center of the lens, the original equiphase surface
becomes more and more distorted as the beam propagates through the lens. Finally,
Huygen’s principle tells us that the rays propagate perpendicular to the wavefront, and
thus, the beam is focused by the lens.

The situation in which the focusing effect occurs due to an intensity dependent index of
refraction is easily understood if one considers the medium which possesses the intensity
dependent index of refraction as an analogue of the simple lens discussed above. Fig. 1(b)
illustrates a medium characterized by an intensity dependent index of refraction. For a
Gaussian input beam, the typical output of a coherent source, the intensity of the field is
greatest on the axis of the beam. Therefore, as a Gaussian beam propagates through the
pictured cell, the beam will see an increased index of refraction and an increased optical
path length where the beam is most intense. Just as in the case of the positive lens in
Fig.1(a) , the optical path length is greater at the center of the focusing medium than at the
edges and focusing occurs.



In the cases discussed above, the optical path length varies in the transverse direction.
Although in the simple lens, the length varies, and in the material characterized by an
intensity dependent index of refraction, the index of refraction varies, the resulting optical
path lengths vary in the same fashion, leading to similar focusing behavior.

In summary, Fig. 2 is a plot of intensity I on the beam axis versus the distance z that the
beam propagates. The three cases of normal dispersion (a), self-focusing (b), and self-
defocusing (c) are all illustrated.

Figure 2

The self-focusing effect explained above results from the influence of intensity
dependent anomalous dispersion. Close to an atomic resonance, the real part of the
susceptibility experiences a strong dependence on the intensity of the light passing through
the medium. As the intensity increases, the saturation of level population results in the
nonlinear effect observed. To express this nonlinear effect mathematically, the electric
permeability may be written as

(1)

The expression for the index of refraction also contains a nonlinear term and can be written
as

(2)

According to equation (2), as the intensity increases, the index of refraction also increases,
producing the nonlinear self-focusing effect of interest. One should note that in general, the



nonlinear term can either add to or subtract from the non-resonant term, leading to self-
focusing or self-defocusing, respectively.

III.  Gaussian Beam Propagation

Having developed a model which leads to self-focusing and self-defocusing, the
question arises as to how to measure this effect. Since the output beam of the dye laser
utilized in the experiment is Gaussian, an understanding of the effect that a lens has on the
propagation of a Gaussian beam is necessary. For any Gaussian beam, there are two
parameters that characterize the given beam, namely the beam waist and the radius of
curvature. In free space, these quantities are given by the following equations:

(3)

(4)

Given a Gaussian beam characterized by w(z) and R(z), the complex number q(z) ,
which completely characterizes the given beam is calculated as follows:

(5)

Once the complex number q has been calculated, the Gaussian beam will propagate
through free space and a thin lens according to equations (6) and (7), which are illustrated
in Fig. 3(a) and 3(b), respectively.

Figure 3



(6)

(7)

IV.  Laboratory Setup

The optical table used for the experiment was configured as depicted in Fig. 4. A
Coherent Radiation model CR8 argon ion laser was used to pump a Coherent Radiation
model 699-21 dye laser. By use of intercavity elements and active stabilization, single
frequency coherent radiation was delivered at the output of the dye laser. Using plane
mirrors, the beam was directed across the table and into the sodium cell, which was
surrounded by a heat pipe oven. Passing through the sodium vapor, the beam was brought
to a focus by a simple lens having a focal length of 0.10 meters. This lens was utilized in
the setup for two reasons. First, the focusing effect of the sodium vapor was not great
enough to bring the beam to a focus on the table without using additional mirrors. The
second, and most important reason will become evident shortly. Suffice it to say that the
defocusing effects could not have been measured without the beam being brought to a
focus.

Figure 4



Approximately 10 cm. beyond the thin lens, a razor blade oriented in a plane parallel to
the transverse beam profile was mounted on a two-axis translation stage. The axes of the
translation stage were oriented in a manner that allowed the razor blade to be moved in a
plane perpendicular to the direction of propagation of the beam (referred to as the x
direction) and in a direction parallel to the direction of propagation of the beam (referred to
as the y direction) . A potentiometer was attached to the rotating arm of the translation
stage that drove the razor blade in the x direction. The voltage from this potentiometer,
which was proportional to the position of the razor blade in the x direction was fed to an
analog x-y plotter. Finally,-light was collected onto the receiver of a high speed detector
place just beyond the focal point. The output of this detector was fed to the unused port of
the x-y plotter. Thus, the position of the recorder pen was a function of the position of the
razor blade in the x direction and the intensity of the light that was incident on the detector.

V.  Experimental Procedure

Having developed the fundamentals of Gaussian beam propagation and explained the
experimental setup, the experimental procedure can be easily described and understood.

In order to establish a “baseline” from which to start, consider the case in which the
sodium cell has no focusing effect on the light beam. If the beam waist and radius of
curvature of the beam, and consequently q, are known as the beam leaves the laser, one
can use equations (6) and (7) to calculate the value of q after the beam has propagated
across the table and through the lens of f = 10 cm., finally coming to a focus in front of the
detector. An examination of equation (5) reveals that at the focal point, since the radius of
curvature is equal to infinity, the real part of q drops out and that for a given wavelength, q
becomes a function of the beam waist alone. This realization is the key to devising a
simple method of determining the focusing power of the sodium cell. Given the value of q
at the output coupler of the laser, q can be calculated at the input side of the sodium cell by
application of equations (6) and (7). Measuring the beam waist, and easily calculating q, at
the focal point near the translation stage, it is possible to calculate the value of q at the
output side of the sodium cell by working backwards using equations (6) and (7). Finally,
equation (7) can be utilized to calculate the focal length of the sodium cell “lens.” The only
assumption that has been made is that the sodium cell is a “thin” lens. This assumption is
valid as long as the axial thickness of the lens is small in comparison with the distances
generally associated with its optical properties. It was sound that this assumption was valid
for the sodium cell.

The only item remaining to be explained is the method of determining the position and
magnitude of the beam waist. For this task, the translation stage, detector, and x-y plotter
were utilized.



In accordance with the discussion in section II, the self-action effect does not occur
when the frequency of the light beam is far from resonance. In this case, the beam waist
will be found at a position previously referred to as the “baseline.” It is obvious that if the
sodium cell acts on the light in a manner that leads to self-focusing, the beam waist will be
found at a position between the sodium cell and the baseline. Conversely, if the sodium
cell acts on the light beam in a manner that leads to self-defocusing, then the beam waist
will occur at a position between the baseline and the detector. In order to determine the
exact location and value of the beam waist, the razor blade mounted on the translation
stage was positioned near the beam waist location predicted by equations (6) and (7).

To begin the measurement process, the razor blade was translated in the y direction
until it was on one side of the beam waist. Next, the razor blade was fully retracted in the x
direction, allowing the entire beam to impinge on the detector. As the razor blade was
slowly translated across the beam in the x direction, the amount of light hitting the detector
dropped, causing the intensity to decrease. Recalling that the x-y plotter received voltages
proportional to the intensity of the light impinging on the detector and the position of the
razor blade in the x direction, one can see that the plotter pen traced the quantity, one
minus the integral of the Gaussian curve. By referring to a table of values for the Gaussian
integral, the beam waist, defined as the 1/e point in the field amplitude, was calculated by
measuring the distance between the 1/e  points (recall that the intensity and not the2

amplitude is the measured quantity) of the plotted curve. Retracting the translation stage in
the x direction, and subsequently moving the razor blade along the beam in the y direction,
the process was repeated until several values of the beam waist were measured on either
side of the beam waist. By interpolating between y position values, exact values for the
position and magnitude of the beam waist were ascertained. As explained above, once the
position and magnitude of the beam waist has been determined, the problem of calculating
the focal length of the sodium cell lens reduces to algebraic manipulation. This process
was repeated for the intended input beam frequencies, sodium cell temperatures, and input
beam power levels.

VI.  Experimental Results

The results of the experiment are presented in the form of the three-dimensional graphs
that appear below. They present the focal length as a function of the input beam frequency,
intensity, and the temperature of the sodium cell. Before the plots are examined, some
remarks concerning the labelling of the axes are in order. The software used to generate
the three-dimensional graphs that follow, only plots in one quadrant of the three-
dimensional Cartesian coordinate system. Consequently, a shift of variable was made in
order to translate the graphs up into the first quadrant. For example, the x-axis, which
represents the magnitude of the detuning off of resonance (in GHz) , is shifted up so that
the value of 10 corresponds to the center of the atomic resonance. In order to obtain the



actual value in GHz, simply subtract the number 10 from the value shown on the axis. The
y-axis, which represents the intensity of the input light beam in hundreds of mW is self-
explanatory. The focusing effect of the sodium vapor is represented by the z-axis, which
plots the inverse of the focal length in inverse meters. The inverse of the focal length, and
not the focal length itself is plotted, so that a value of infinity for the focal length (no self-
focusing) will be plotted as a zero on the graph. In this way, defocusing will yield a
negative value, and focusing will yield a positive value. In a fashion similar to the x-axis,
the z-axis was shifted by a value of two, so that all the experimental values would be found
in the first quadrant. Consequently, values less than two represent defocusing and values
greater than two represent focusing. Finally, three plot appear, for three different sodium
cell temperatures. The values given correspond to a voltage proportional to the
temperature of the cell. Presently, the sodium cell and heat pipe oven are being rewired to
provide a temperature in Celsius, but until this work is completed, arbitrary units will be
used.

In examining the graphs, one can see that defocusing occurs for detuning below
resonance and focusing above resonance, as predicted by the theory. As the temperature of
the cell is increased, the self-action effects increase as expected. In general, the results that
Bjorkholm and Ashkin produced are reproduced here, but in greater detail and in numbers
applicable to our laboratory setup. By utilizing this data, it will be possible to modify the
local-oscillator wavefront to compensate for the spatial mismatch, and thus improve the
homodyne-detection efficiency as planned. Since the goal of the experiment was to provide
data for this modification, the experiment was quite successful.
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Abstract

This paper gives a new searching criterior of optimum or suboptimum frame sync codes
that escapes from unnecessary calculation and presents a searching method. It has a great
improvement on existing methods (exhaustion technique, and so on) and the computing
time is decreased by 1~2 order of magnitudes. Finally, the optimum frame sync codes with
the length n from 7 to 32 are given.

1.  INTRODUCE

Frame sync codes play a very important rule in PCM telemetry systems. Its
performance effects directly on the quality of signal transmission.

At present, the existing criteriors of the optimum codes are generally classified as two
aspects. The one is a criterior that determines optimum codes from the code construction,
which is that the optimum codes should have good autocorrelation functions and great
different from random data , and the other from the probability of false frame sync and(1)

lose frame sync. Engineers use these optimum criteriors to construct the codes according
to reality. But because there are 2  times of searchs for the sequence with the length n, then

computing time is too astonished to complete the search of the longer codes. Reference [2]
lists only the results of frame sync codes with the length n<30 using ‘exhaustion
technique’. It was said that “While the GSFC Standards for PCM Telemetry allow the use
of codes up to 32 bits in length, but codes of length 31 and 32 have not yet been
determined because of the amount of computer time their determination would require
approximately 60 hours”.(2)

This paper presents a synthetic optimum criterior to improve above method and gives a
now searching algorithm -- the synthetic optimum algorithm and it is simple and efficient.
The computing time is decreased by 1~2 order of magnitudes. In the paper, the optimum
frame sync codes with the length n from 7 to 30 which are recommended by < IRIG
Telemetry Standard, U.S.A.>  are verified and we give out better ones with 7, 8, 9, 11, 16(3)



lengths than those. Finally, we search out optimum frame sync codes with the length 31,
32 and make a comparison with those recommended by ESA PCM TELEMETRY
STANDARD  and METRAPLEX CORPORATION  Our optimum frame sync codes(4)   (5)

are better.

2.  SYNTHETIC OPTIMUM CRITERIOR

2.1  THE CONSTRUCTION OF CODE

The recognition process of frame synchronization is accomplished by a correlation
technique in which a code recognizer in the ground station examines the incoming bit
stream for the frame sync code and makes correlation comparison with the pre-set
configuration of bits within the recognizer (pre-set configuration of bits is called as
recognition pattern). The recognizer has the capability of allowing a selected number of
errors in the received frame sync code to compensate for transmission noise. The incoming
data, with the exception of the frame sync code, is assumed to be random. The region in
which there are all random data and no portion of the frame sync code is seen by the
recognizer is called the ‘random’ region. The region is made up of both random data bits
and one or more bits of the frame sync code, and can be called the ‘overlap’ region. The
relation of all code bits in the recognition process of the frame sync code are shown as
figure 1.

In the overlap region, the number of overlapping code bits in agreement with the
corresponding bits of the recognition pattern in a given overlap position (overlap degree k)
will be called the vector of agreement and be designated as R (k).The random data bits
take 0 or 1 with probability 0.5 respectively. The total probability of the false frame sync is
denoted by P . The probability of the false frame sync in the random region is denoted byf

P . The probability of the false frame sync in the overlap region is denoted by P  . Thenf1                f2

P  = P  + P (1)f  f1  f2

 
Let the data are purely random, stationary binary bits. Then in the random region

(2)

where n is the length of frame sync code and m is number of times in a frame that
comparison is made to pure random data and E is number of error tolerance.

Apparently, P  has nothing to do with the frame sync code. Equation (2) is not used tof1

choose optimum frame sync codes. In order to describe synthetic optimum criterior, we first
discuss the idea condition without regard to all noises in the receiving process.



In any overlap position, each random data bit has a 0.5 probability of agreement
independent of the recognition pattern. Each overlapping bit of the incoming frame sync
code precisely agrees or disagrees with that bit of the recognition pattern against which it is
being compared. In kth overlap position, the vector of agreement is R(k) and the vector of
disagreement is k-R(k). If the number of error tolerance is i, i-[k-R(k)] error bits of random
data are also allowed beside k-R(k) of disagreement bits, and when the other
n-k-[i-(k-R(k))] of the random data bits remain agreement with the recognition pattern, false
frame sync occures. Then under the condition of R(k), the probability of false frame sync is
expressed as

(3)

After giving a frame sync code and without regard to occurence of the error bits of the
code in the transmission process, the probability of the occurence of R(k) is 1. Therefore,
the probability P  follows asf2

(4)

So,

(5)

As the mentioned above, P  has nothing to do with the frame sync code and thereforef2

can form no basis for the selection of the optimum frame sync code. So, we just only need
to discuss P .f2

Due to k- R (k)>0, P  decreases as R(k) after giving n, e. Then, under the ideaf2

condition, we have

(6)

Due to

(7)



So,

(8)

In reality, there are no binary sequences that satisfy equation (8). We only hope the
construction of the frame sync code is close to equation (8) as possible. We use this as the
basis of the restriction of the construction of the optimum frame sync codes.

2.2  THE WEIGHT OF OPTIMUM FRAME SYNC

If the code length is n and the weight is w (number of ones in the code), autocorrelation
function c(k) and the agreement vector R(k) have the following general properties.

(9)

(10)

In reality, it is expected that the number of the false frame sync are few as possible. So,
the frame sync code should have good performance of error tolerance, that is to make C
(or R) Minimum. This leads to the following results,

(A) w = n/2 if n is even,
(B) w = (n-1)/2 or (4+1)/2 if n is odd,

Generally, we extend (A) as follow,

(C) w = n/2-1, n/2 or n/2+1 if n is even.

2.3  THE PROBABILITY OF THE FALSE FRAME SYNC

As we know, there are transmission noise and receiver noise in the data transmission and
receiving data that make the received data changed, Althouth, the false frame sync
probability in the random region has also nothing to do with the code construction, but in
the overlap region, the agreement vector R (k) may be changed so that the false frame sync
probability becomes more complex than equation (5). Jess L. Maury Jr. and Frederick J.
Styles analyze the false frame sync probability in this condition in detail. We only use their 



the results. The interested readers can see reference [6]. The probability P  of the falsef2

frame sync can be expressed as

(11)

Where

E = number of error tolerance
P = the probability that the element of frame sync code will be changed by noise
R(k) = agreement vector
n = the length of frame sync code

We use equation (11) as the basis for the selection of the optimum frame sync code.

2.4  OPTIMUM SYNTHETIC CRITERIOR

According to above analyses, we give a synthetic optimum criterior that is used to search
the optimum frame sync codes as follows

(1)  The restriction of the code construction

Let the threshold levels r , r , (r  < r ), so that optimum frame sync code satisfies1  2  1  2

(12)

and w satisfies (B) or (C). In general, r =1.

(II)  The restriction of the probability of the minimum false frame sync

After (I), to compute the probability of the false frame sync of the codes that satisfy (I)
using (11) and to compare them, the code that has a minimum probability of the false frame
sync is a optimum frame sync code.

3.  THE SEARCH AND COMPARISON OF THE OPTIMUM FRAME SYNC
CODE

As we know, there are (2 -1) binary sequences for the length n. The computing time isn

very much which is made up of the search for binary sequences and their computation of the



probability of the false frame sync in (2 -1) sequences. So, it is a main question in then

search for the optimum or sub-optimum frame sync codes to simple the searching algorithm
and to increase the operation efficiency.

According to the synthetic optimum criterior, it only need to search the codes with the
weight w mentioned above. So, we first give the searching algorithm of the codes of a
given length n with w weight.

Let the decimal number corresponding to binary sequence is called the power of this
binary sequence. The code with w number of ones is expressed as a , a , a ,...a , and the1  2  3 n

carry of ith code element and the number of the carry are denoted by s(i) and m1
respectively. For example, let a =1. Then the algorithm is as follow:

(1). To give a binary sequence with the minimum power and w number of ones. Let
s(1)=1, i=1, m1=0, to get

(2). a , a , a , . . ., a a  = 0 or 11  2  3     n i

If m1 = ( n - w ) then to end
else goto (3)

(3) a 7 s(i) + a , to get its carry s(i+1).
If s(I+1) = 1, then i 7 i+1, m1 7 m1+1  if i = n - w then to end

else goto (3)
else if m1 = 1 , i 7 i+1 goto (4)

else k = 0 goto (4)

(4). Let a,7 1, a  7 1, ... a 7 1, a 7  0, ... a 7 1,2    mi-1-k   mi-k     m1

to get
a , a , a , . . ., a .1  2  3     n

If k = m1 - 1 then i 7 i + 1, s(i) = 1 goto (3)
else k 7 k + 1 goto (4)

If it is insisted on several trailing 0 ’s on the code end, the algorithm only be modified
alittle.

Second, it is noted that for any given pattern, there exist three related the code
configurations. These three related patterns are complement wherein each 1 bit of the
pattern is replaced by a 0 while each 0 is replaced by a 1, the mirror pattern which is
developed by complementing and reversing the pattern. A example of these related patterns
is given below.



1 1 1 0 0 0 1 0 0 1 0 pattern
0 0 0 1 1 1 0 1 1 0 1 complement
0 1 0 1 1 0 0 0 1 1 1 mirror
1 0 1 0 0 1 1 1 0 0 0 mirror complement

The related pattern have the same agreement vector and therefore it is necessary to
examine only one number of each group in the search for the optimum frame sync code of a
given length. The agreement vector of each group is unique. The flow chart of the searching
program of the optimum frame sync codes is shown as figure 2.

In the search for optimum frame sync codes, the most time consuming operations are the
development of the search for the binary sequences and the computation of the probability
of the false frame sync. The consuming time of the probability of the false frame sync is
more. So, it is a urgent question to solve how to decrease this consuming time in the search
for the optimum or suboptimum frame sync codes. The method presented in this paper just
solves this question better, According to this searching algorithm of the code with w weight,
it only need to search times, not 2 times of the traditional ‘exhaustion technique’. After the
restriction of r  and r  , the times of the computation of the probability of the false frame1  2

sync of the code are greatly reduced. For example, giving n = 20, r  = 1, r  = 5, w = 9, there1   2

are three trailing 0's on the code end and n = 24, r  = 1, r  = 5, w = 11, four trailing 0's, we1   2

compare SOA with ‘Exhaustion technique’ shown as table 1.

From table 1, it can be seen that the computing time in SOA is decreased by 1~2 number
of degree, As the length is increased the computing time is decreased more.

4.  RESULTS

We search out the optimum frame sync codes with the length n from 7 to 32 at tolerance
E = 1, P  = 0.1 and examine the optimum frame sync code of <IRIG. Telemetry Standard,0

U.S.A.> at E = 2 P  = 0.1 by our method. When P  = 0.1, n = 7~30, we find the codes with0       0

n = 7, 8, 9, 11, 16 are different from and better than those of <IRIG, Telemetry Standard,
U.S.A.> at E = 1 as Table 3 and when E = 2, its codes   are  same as our’s. We think that
under the condition of the length of code not long, it is disadvantage to choose large
tolerance E. So, we recommande the codes in Table 2 as optimum frame sync codes. But,
when n = 16 and E > 2, the optimum codes recommended as following,

1 1 1 0 1 0 1 1 1 0 0 1 0 0 0 0

It is worth paying attention that the known Barker codes with the length n > 7 are all not
optimum frame sync codes at E = 1 and P  = 0.1.0



We also search the optimum frame sync codes of the length 31,32 under the above same
condition. Table 4 and 5 give the comparison between the codes of the length 31 and 32 in
SOA with those of < PCM Telemetry Standard, ESA > and METRAPLEX
CORPORATION. If the frame sync code of the length 32 with long trailing is needed, we
recommand code ( 2 ) in Table. The codes in SOA are better. 

This paper is a part of our works. We are making the study of the search for the optimum
or suboptimum frame sync codes with the length 40~50. This is presented in other paper.
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PURE SYNC
POSITION

M - Total number of bits in a frame
n - Number of bits in the sync code
m - Number of times in a frame that comparison is to pure random data
2(n-1) - Number of times in a frame that comparison is made to mixture of random data

and a portion of the incoming sync code.

Figure 1.- Frame Sync Detection Process



Figure 2. - Search Program Flow Chart

Table 1. Comparison of SOA and Exhaustion technique

(1) - times of the search for the binary sequences
(2) - times of the computation of the probability of the false frame sync.



Table 2.  OPTIMUM FRAME SYNC CODES



TABLE 3.  Comparison with ESA and “ITIG Tetemetry Standard”

TABLE 4.  Comparison with METRAPLEX CORPORATION

TABLE 5.  Comparison with ESA and METRAPLEX CORPORATION

*. the optimum frame sync code when E = 1, 2, 3, 4
**. the sub-optimum frame sync code when E = 1, 2, 3, 4.
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ABSTRACT
Advanced aircraft require sophisticated instrumentation system designs. New concepts

incorporated in distributed data acquisition systems allow the flight test instrumentation
engineer a selection of hardware with reduced size and weight, which requires minimal
vehicle wiring between components. Improved accuracy and resolution are additional
benefits of the distributed data acquisition systems described in this paper. These systems,
currently being delivered by Aydin Vector for several major flight test programs, allow
conditioning and encoding to be achieved near the sensors through a variety of remote
units. The remote units for these applications differ as the measurement requirements and
test program requirements differ.

We will examine the distributed data acquisition systems used for several test vehicles
and briefly describe vehicle for test program requirements which led to unique designs.
The systems described for these applications are variations of the Aydin Vector
ADAS-7000 System. The common element for these systems is the PMU-700
Programmable Master Encoder.

INTRODUCTION

Aydin Vector provides a family of distributed data acquisition systems which are used
primarily for flight test instrumentation. These systems are identified as ADAS-7000
systems. These ADAS-7000 systems consist of a PMU-700 Programmable Master
Encoder and one or more remote units.

The PMU-700 Programmable Master Encoder is the controlling element of a
distributed data acquisition system. The PMU is programmed through an RS-232 port and
contains EEPROM memory for storage of instructions which can be used for gain, offset,
and formatting of all channels in the system. The PMU-700 can be used with up to 24
remote units located through the vehicle. Bit rates to 2 MBPS and analog encoding to 12



bit resolution are available features. The architecture of these systems is a star structure
with 5 two-conductor cables from the master to each of the remote units. This serial digital
communication is achieved through the use of differential line drivers and differential line
receivers similar to RS-422. A failure in any remote unit will not effect any of the other
data.

Standard options for the PMU-700, which have been developed as part of the programs
described in this paper, include a built in time code generator, tracksplit for reduced tape
recording time, built in test, and special output formatting to a computer and 9-track digital
tape.

The family of remote units which can be used with the PMU-700 have been expanded
to include the following:

a. MMP-900 Microminiature PCM Encoder
b. RSU-700 Remote Slave Unit
c. CEU-901 Rotating Conditioning Encoder
d. CEU-902 Non-Rotating Conditioning Encoder
e. SSC-900 Super Signal Conditioning Unit
f. ARU-800 Analog Remote Unit
g. DRU-800 Digital Remote Unit
h. PBM-1553-RS Programmable Data Bus Monitor
i. PBM-1773-RS Programmable Fiberoptic Bus Monitor

We will now examine several unique flight test applications of the ADAS-700 systems
which led to the development of this family of remote units.

CASE NUMBER 1

The vehicle being tested is a solid rocket booster used for space launches. The
instrumentation requirements include conditioning and encoding of strain gages, bridge
type transducers, resistance temperature devices and thermocouples. The hardware being
supplied for this application required the use of high-reliability components and space
qualified connectors.

The desired signal conditioning for bridges included constant voltage excitation with
individual regulators per channel for fault isolation. Amplification and two-pole pre-sample
filtering was required per channel for these measurements. Solid state shunt calibration
was desired to ensure proper operation under the high shock conditions of launch.
Resistance temperature devices required multiplexed constant current excitation to
minimize self-heating and to compensate for the resistance of the long wire runs.



Conditioning for Platinum-Rhodium thermocouples was required for high temperature
measurement. Small isothermal reference junctions were desired which would allow the
conversion from thermocouple material to copper material to be achieved near the sensor
to minimize the use of thermocouple wire through the vehicle.

A sophisticated built-in-test system was desired to ensure the proper operation of the
entire system during flight. An integral time code generator was desired which could be
preset to zero at some time prior to launch.

The design was implemented using a modified PMU-700 Programmable Master Unit
and RSU-700 Remote Slave Units. The flight configuration consists of one master and
three slave units per solid rocket booster. The PMU-700 contains the ability of
conditioning local parameters in addition to interfacing with the remote units. The
RSU-700 units accept up to 15 plug-in conditioning cards. The conditioning cards which
can are used in the PMU and RSU’s are identified below:

a. Bridge Conditioning Card - contains the signal conditioning circuitry for 8 bridges.
The card also contains shunt calibration circuitry using solid state devices. The
bridge conditioning is achieved through four PDF-203 hybrids. Each hybrid
provides two channels of instrumentation amplifier and two-pole Butterworth
filtering. The filter outputs are multiplexed on the conditioning card and applied to
the sample-and-hold and analog-to-digital converter card.

b. Resistive Temperature Device Conditioning Card - contains the signal conditioning
circuitry for 16 resistive temperature devices. The design uses multiplexed constant
current excitation to the sensors and multiplexes the signals from the RTDs. This
technique is used with sensors up to 300 feet from the conditioning encoder. The
multiplexer output is applied to the sample-and-hold and analog-to-digital converter
card.

c. Thermocouple Conditioning Card - contains the signal conditioning circuitry to
interface with up to 16 thermocouples which have been converted to copper wire in
a CJC-900 Isothermal Reference Junction. This card accepts the reference signal
from the CJC and corrects the data for the temperature of the reference.

The BITE system operates as an internal real time monitor which compares the
digitized signal with the expected digital signal for up to 128 parameters in the system.
Several channels are connected to a precision reference input which is conditioned,
encoded and used for BITE. The encoder is programmed through the RS-232 port for the 



expected value of the digitized signals for these references. This technique ensures that all
components of the system are operational. The following items can be checked using this
technique:

a. Bridge excitation
b. Amplifier-filter gain/offset stability
c. Programmable amplifier stability
d. A/D converter stability

The BITE signals are programmed for “destination” through the RS-232 port of the
PMU. Seven discrete BITE output signals can be used in addition to a composite BITE
signal which ensures that the entire system has passed all tests. These signals can be
incorporated into the output format under program control and are also available as
discrete outputs for use by other systems.

A time code generator is incorporated into the master unit which operated in a preset to
zero mode at some point prior to launch. The generator counts up from zero and outputs
time of day in IRIG format. The time data can be inserted into the PCM data stream under
program control. A serial-IRIG B signal (modulated and unmodulated) is also provided.

CASE NUMBER 2

The vehicle being tested is an European advanced fighter aircraft which is being
instrumented for technology update programs. The instrumentation requirements for this
program are typical of aircraft flight test programs. An advanced system was desired with
minimal ground time and software control over pre-flight operations. A triple data bus
monitor was required which would interface with a fiberoptic version of MIL-STD-1553.
Custom missile interface units were also required which would interface to the vehicle
missile systems. An advanced cockpit display system was required which provided
engineering unit display of parameters in minimal panel space.

The design was implemented using a modified PMU-700 with a new signal
conditioning unit with software control. The PBM-1553-RS was modified for use with
fiberoptic inputs. Two custom remote units were created for this application. A new
cockpit display panel was created.

The signal conditioning remote unit designed for this application is the SSC-900. The
SSC-900 uses the Aydin Vector SSC-2008 Super Signal Conditioner. The SSC-2008 is a
hybrid device which offers the following features:

a. Dual tracking constant current sources.
b. Programmable constant voltage source from 1 to 12 Volts with 4096 steps.



c. Programmable bridge balance with 4096 steps.
d. Programmable amplifier offset with 4096 steps.
e. Programmable gain amplifier with 16 gains (non-binarily related).
f. Selectable 6-pole low-pass Butterworth pre-sample filter (one of four pre-set

values).
g. A sample-and-hold amplifier and 12-bit analog-to-digital converter.

The SSC-900 signal conditioning remote unit consists of 32 plug in conditioning
boards. Each board contains the SSC-900 hybrid and calibration relays. The SSC-900 also
contains the required serial digital interface to be a remote unit to the PMU-700. The
SSC-900 contains an RS-232 interface and EEPROM memory for programming and
storage of the software controlled parameters.

The PBM-1773 Programmable Data Bus Monitor is capable of monitoring up to 3 fiber
optic data buses with MIL-STD-1553 data. The unit is capable of monitoring up to 240
complete messages (of 32 words) from each of the data buses. Each selected message is
stored in Random Access Memory. Individual 1553 data words are extracted from
memory when addressed from the PMU-700 master encoder. The 1553 data is returned to
the PMU-700 in serial digital form.

The advanced cockpit display system consists of an Arithmetic Processing Unit
(APU-700) and a Cockpit Display Panel (CDP-700). This display system is designed to
interface with the PMU-700 master encoder and provide 16 parameters in engineering
units to the pilot or flight test engineer. Switch selection is used to allow four groups of
four channels to be displayed along with the units.

CASE NUMBER 3

The vehicle being tested is a tilt-rotor aircraft which takes off as a rotary wing aircraft,
transitions from vertical to foreward flight through the use of tilt-rotors, and flies as a fixed
wing turbo-prop aircraft. The instrumentation requirements for the vehicle are typical of a
rotary wing aircraft with a large number of strain gages and thermocouples. Many of the
strain gages are on the rotor blades which require precise phase correlation.

Flight tests will be performed onboard aircraft carriers in a severe EMI/RFI
environment. Operation of the complete system in an RFI field of 10 volts/meter is
required with no degradation of data. Connectors with RFI contacts were required to
ensure compliance with the specification.

The system was implemented using the modified PMU-700 and two new remote units
(CEU-901 and CEU-902). The system was modified for operation to 2 MBPS and



incorporates a high speed programmble gain amplifier in the master and remote units. The
high bit rate output was split into four PCM data streams at 500 KBPS to allow tape
recording at lower rates. The PMU-700, CEU-901 and CEU-902 employ 115 VAC 400
Hz power supplies for this application instead of the more typical 28 VDC.

Each remote unit contains 16 plug in conditioning boards which can be configured for
voltage or current for a total of 64 channels per unit. The high level outputs of the
conditioners are multiplexed and applied to the high speed programmable amplifier for
limited software control of gain and offset. The normalized signal is digitized to 12-bit
resolution. The remote unit communicates to the PMU through the standard serial digital
interface. The CEU-901 is designed to operate in the center of the rotor hub. It accepts 64
measurements from the rotor blades and interfaces to the master unit through 10 slip rings.
It is structurally designed as the load carrying member between the rotor blades and the
engine. TheCEU-902 is similar in electrical design but is packaged in a more conventional
enclosure for use in the cabin and nacelles. These signal conditioners accept the following
cards:

a. Universal Conditioning Card - contains the signal conditioning circuitry for 4
channels of voltages or bridges. The input can be configured for bridge, voltage, or
high voltage inputs through molded, encapsulated color coded, plug-in headers. The
card also contains calibration relays for zero and shunt or voltage substitution
calibration. The conditioning uses four Aydin Vector PDF-108 hybrids. Each
hybrid provides an instrumentation amplifier and six-pole low-pass Butterworth
filter. The PDF-108 hybrid is actively laser trimmed for amplitude matching and
phase matching to within 1 degree. The filter outputs are multiplexed on the
conditioning card and applied to the sample-and-hold and analog-to-digital
converter card.

b. Resistive Temperature Device Conditioning Card - contains the signal conditioning
circuitry for 4 resistive temperature devices. The design uses constant current
excitation to the sensors and provides amplification and filtering of the signals from
the RTDs using the PDF-108 hybrid. The filter outputs are multiplexed and applied
to the sample-and-hold and analog-to-digital converter card.

The PBM-1553-RS Programmable Data Bus Monitor is capable of monitoring up to 3
MIL-STD-1553 dual redundant data buses. The unit is capable of capturing up to 240
complete messages (of 32 words) from each bus. Each selected message is stored in
Random Access Memory. Individual 1553 data words are extracted from memory when
addressed from the PMU-700 master encoder. The 1553 data is interfaced to the
PMU-700 through a standard serial port.



CASE NUMBER 4

The vehicle being tested is an advanced tactical fighter aircraft. The remote units for
this system must be very small to fit in locations of the vehicle such as the wings and
vertical stabilizer.

Signal conditioning is required for strain gage and bridge type sensors as well as
synchro signals which are used for precision position measurement. Twelve bit resolution
is required on all analog channels and 14 bit resolution is required on the synchro-to-digital
converters. The remote units must be microminiature and modular in nature to allow the
smallest possible system to be used in some locations. High accuracy is required over a
high temperature range.

The design was implemented using the new standard PMU-700 with operation to
2 Mbps. The PMU operates (in this application) with up to 12 clusters of remote
microminiature conditioning and encoding units. These remote units were created for
analog (voltage and bridge inputs) and digital (bi-level, synchro, resolver, and frequency
inputs). The PMU also incorporated the time code generator option and the tracksplit
option.

The ARU-800 Analog Remote Unit was created for strain gage, voltage or bridge
sensor inputs. The ARU is capable of conditioning and encoding up to 50 channels. The
ARU-800 uses microminiature, modular frames similar to the MMP-900 encoder and uses
thick film hybrid circuitry. The bridge conditioning modules are designed with two
channels per module. Each module contains an excitation regulator, two channels of
programmable amplification, and two channels of six-pole Butterworth low-pass filtering,
and output signal multiplexing. The multiplexed analog signal is applied to the
programmable offset amplifier and 12-bit analog to digital converter. The ARU-800
interfaces to the PMU-700 through the standard serial digital interface.

The DRU-800 Digital Remote Unit was created for all conditioning which used a direct
digital conversion. The DRU-800 will accept the following input data modules:

a. Synchro or resolver - This module accepts a synchro or resolver input signal which
is converted to 16-bit digital word. This data is formatted into two adjacent 12 bit
words in the output format.

b. Frequency - This module accepts two frequency input signals which are converted
to 12-bit digital words.

c. Bi-level Multiplexer - This module accepts up to 24 discrete input signals and
formats this data into 2 12-bit words.



DISTRIBUTED DATA ACQUISITION SYSTEM SUMMARY

Master Remote Units - Unique Features

Application 1: Solid Rocket Booster
PMU-700 RSU-700 - High Reliability, Space Qualified Hardware

Application 2: European Fighter Aircraft
PMU-700 SSC-900 - Software Controlled Signal Conditioner

PBM-1773 - Data Bus Monitor with Fiber Optic Inputs

Other System Components include:

Advanced Multichannel Modular, Cockpit Display
System with Engineering Unit Conversion
APU-700 Processor
CDH-700 Display Head

- Missile Interface Remote Units

Application 3: Tilt Rotor Vehicle
PMU-700 CEU-901 - 64 Channel Signal Conditioning Remote Unit for

CEU-902 - 64 Channel Signal Conditioning Remote Unit for

use in the Rotor Hub

use in the Cabin, Wings, and Nacelles

Application 4: Advanced Tactical Fighter
PMU-700 ARU-800 - Microminiature 50 Channel Bridge Conditioning

DRU-800
Remote Unit with 12-bit Resolution

- Microminiature Digital Remote Unit for Bi-level,
Synchro or Resolver, and Frequency Inputs

Application 5: Engine Test Bed - Standard MMP-900 Encoder with Integral Signal
PMU-700 MMP-900 Conditioning used as a Remote

Application 6: Commercial Aircraft Master Unit was modified for interface to an
PMU-700 Development onboard Compaq 386 computer. Also a selected

data output port was provided for 9 track digital 
tape.

The design allows up to 8 remote units to be “clustered” in a remote location and
interface to a single remote port on the PMU-700. Up to 96 remote units can be
accomodated with the PMU-700 in this configuration.



CASE NUMBER 5

The vehicle being tested in an engine test bed used for flight testing new engine
designs. The user required microminiature conditioning and encoding with the flexibility of
the MMP-900 to be located in the engine area and the sophisticated features of the PMU
for a controller in the cabin area. The design was implemented by modifying the MMP-900
Remote Interface Module to be compatible with the ADAS-7000 family. For this
application, the PMU operates in high resolution (12 bit) mode and the MMP operates in
10 bit mode with 2 filler bits.

CASE NUMBER 6

The vehicles being tested are experimental commercial aircraft. The user had an
existing (lower technology) system which incorporated an on-board computer and 9-track
digital tape. A sophisticated system was desired which offered expandability for more
parameters in the future. The user was in the process of upgrading the computer system to
a Compaq 386 machine.

The design was implemented using a PMU which was modified for the Compaq 386
parallel digital output and also the 9-track digital tape output with the appropriate
handshakes. Both of these outputs offer the capability of pre-selecting parameters which
are a subset of primary PCM output. This compression technique is used to ensure that the
throughput requirements of the computer and tape are not exceeded.

SUMMARY AND CONCLUSIONS:

We have analyzed several applications of ADAS-7000 systems which have used the
PMU-700 Programmable Master Unit with a variety of remote units to solve unique
requirements of various flight test programs. These systems have taken advantage of the
flexible architecture and features of the ADAS-7000 system. Remote unit capabilities,
system speed, and optional features of the PMU-700 have been expanded through these
unique flight test programs.



AMRAAM S-BAND TELEMETRY ANTENNA
THEORY AND DEVELOPMENT

Rollin H. Koontz
Pacific Missile Test Center

Point Mugu, CA 93042-5000

INTRODUCTION

The Advanced Medium-Range Air-To-Air Missile (AMRAAM) is one of our newest
additions to tactical weaponry. Recently the Pacific Missile Test Center (PMTC) was
given the responsibility to develop a new telemetry (TM) package for the AMRAAM that
is warhead compatible. The difficulty of this undertaking can best be appreciated if one
examines a sketch of the missile as shown in figure 1. Note that the sketch reveals a
harness cover opposite top dead center (TDC) for flight that extends over 2/3 the length of
the missile. Within this cover is housed all interconnect electrical cabling for the missile. It
was also within this harness cover that PMTC had to mount the entire TM package
including the S-band antenna. Of necessity there had to be an increase in the height of the
harness cover in order to accommodate the TM package. However, this increase was held
to only 0.10 inches resulting in no significant change to the flight profile. This report deals
only with the design and development of the harness cover mounted TM antenna.

RADIATION COVERAGE REQUIREMENTS

Early in the AMRAAM TM package development, representatives of the Navy, the Air
Force, and PMTC met to establish the radiation coverage requirements for AMRAAM.
Figure 2 presents the agreed upon requirements. I was not involved in these discussions,
but I understand they were predicated on Range requirements together with what was
considered feasible in the field of antenna design. These requirements were presented to
me basically in the form of a specification. It will be noted that there is no coverage
requirement over a 90 degree sector centered below the missile in the roll plane. I suspect
that this was desired to cut down specular reflection from the sea. Since the antenna had to
be mounted in the harness cover directly below TDC, and since it had to occupy a
minimum volume, pattern synthesis was out of the question. Thus, this aspect of the
coverage was summarily dismissed and the operating specification became that of figure 2
with the lower 90 degree sector filled in.



POLARIZATION REQUIREMENTS

Polarization of the antenna was not specified, although there were occasional preferences
expressed for vertical polarization to reduce multipath. In the AMRAAM case the
improvement in multipath is more perceived than real, since tracking will be done near the
horizon at near grazing angles. For such angles, dielectric interface reflection coefficients
for both vertical and horizontal polarization are essentially identical and equal to unity.
Multipath rejection for this case then, of necessity, is related only to the tracking antenna
directivity. The finalized antenna is essentially horizontally polarized.

ANTENNA SELECTION

Because of size and space restrictions, it was evident from the outset that the TM antenna
would most likely have to be composed of a single element design. Some thought was
given to the half-wave rectangular microstrip patch element, but previous radiation pattern
measurements showed the patch to be deficient in coverage in the roll plane. The single-
mode patch also suffers from bandwidth limitations as well as temperature sensitivity
problems. In reviewing the radiation requirements of the antenna, the thought emerged that
a good candidate would be the axial slotted cylinder. AMRAAM has a diameter of 7
inches, which is just right to support good roll plane coverage for an axial slot at TM
frequencies. The problem at hand then was how to implement such a design. As it turned
out, I had a model of a candidate design stuck away in my desk that I had fabricated a year
or so earlier. This model consisted of a parasitically loaded microstrip patch type structure
utilizing an air dielectric. It was an ideal implementation for simulation of the axial slot and
had the added advantage of extended bandwidth as a result of the parasitic loading. It also
was an inherently more stable structure since it was all metallic. A picture of the finalized
antenna is shown in figure 3 and will be discused in detail below.

DESIGN THEORY

Design of the antenna was predicated on a paper by C. Wood . However, unlike the(l)

Wood antennas, the AMRAAM antenna is a completely metallic structure with enclosed
sides. Enclosing the antenna on the sides was done to stabilize its environment and is not
necessary to the design. From an analysis viewpoint, the antenna can be considered as a
quarter-wave driven patch element capacitively coupled to a similar quarter-wave parasitic
element as shown in figure 4. As such, the AMRAAM antenna can be considered an air
equivalent of the Wood design. In the analysis below I will in general follow the Wood
development with some comments of my own.

Note that at the resonant frequency of a patch antenna, the input admittance may be
approximated by that of a lossless parallel resonant circuit composed of elements G, L,



and C. G represents the radiation conductance while L and C make up the equivalent
susceptance. This analogy results from the fact that the patch antenna is in general a high
Q narrow band device. A similar representation can be applied to the parasitically loaded
patch as shown in figure 5 where G now represents the radiation conductance of the slot
between the two patches and C  is the effective coupling capacity. Note that V  and V  arec        1  2

referenced to the edge of the driven and parasitic patch respectively. Analysis proceeds by
investigating the admittance of the antenna Y  taken at the edge of the driven patch.e

Through the application of straight forward circuit analysis to figure 5, Y  is given by thee

expression:

(1)

where

and

Y  and ,  , are respectively the characteristic admittance and effective dielectric constant0  eff

of a transmission line of width W and length R corresponding to the patch dimensions. 8
corresponds to the free space wavelength. G, the radiation conductance of the slot is given
by:

(2)

where
k = wave number in the medium
0 = intrinsic impedance of the medium
a = the aperture height

This equation was taken from Harrington  and represents the conductance of a parallel(2)

plate guide radiating into half space for E field excitation transverse to the slot. For the
AMRAAM case I felt it to be more representative than the equation used by Wood which
was derived from an open circuited microstrip line. The slot also exhibits a radiation
susceptance (B ), again from Harrington, given by the following expression:a

(3)



This susceptance is capacitive in nature and gets lumped in with the coupling to form an
overall effective capacity C . Another equation important to the development is thatc

involving the ratio of the two voltages on the resonators. This ratio, which is readily
derivable from circuit analysis, is given by:

(4)

Returning to (1), the expression for Y , we can define resonance based on Im(Y ) = 0. Thee        e

resulting cubic equattion defines the following three roots for B:

(5)

It is instructive to examine the antenna characteristics for these three roots assuming the
practical situation where B  >> 8G .c

2  2

The first resonance occurs at the resonant frequency of the individual elements. However,
the ratio of voltages for this case is unity. Therefore, there is no excitation of the slot and
thus no slot radiation. Wood considered this a non-radiating mode and attributed any
radiation present due to side wall fields. Our investigation demonstrated strong radiation
present for this mode related to other mechanisms, as will be discussed later.

At the second resonance, the parasitic element will have a much higher voltage excitation
than the driven element causing the circuit to appear as a single driven parasitic element.
This results in no bandwidth improvement over a single driven element. Since B  = -B  forr2  c

this case, the resonant frequency must occur below that of the individual elements in order
for the resonators to look inductive. In our investigation we were not able to demonstrate
the presence of this mode. After reviewing the circuit it was concluded that manifestation
of this mode required a source generator of near zero impedance since the parasitic
element is in series resonance with the coupling capacitance. This was not true for the real
antenna and thus the mode was suppressed.

At the third resonance we have the interesting situation where the voltage ratio equals -1.
This puts the two voltages in phase opposition and results in doubling the voltage across
the slot when compared to a single patch with the same excitation. Doubling the voltage
will increase the radiated power by a factor of four. However the stored energy is doubled,
since there are now two active resonators. The net result is an increase in the ratio of
stored to dissipated energy by a factor of two. Since this ratio, by definition, is
proportional to Q; the bandwidth of the parasitically loaded element operating in this mode 



will be double that of the single element. This resonance also occurs below that of the
individual element resonance and also below the second resonance case since
B  - 2B  = -2B .r3  r2  c

ANTENNA DEVELOPMENT

In principle, the above equations constitute all the information necessary to design the
antenna. Unfortunately, the coupling capacity, and to a lesser extent the radiation
admittance are both difficult to specify exactly. This is particularly true in the AMRAAM
case since the antenna is covered with a dielectric having a dielectric constant of
approximately 5.0. As a practical matter it becomes necessary to model the antenna and
use its measured properties to close on the design. In figure 6 is shown a broad band
sweep of the prototype AMRAAM antenna without dielectric loading. Note the presence
of the two distinct modes referred to above. Verification of the higher frequency B = 0
mode was first done by shorting the slot. It was surmised that this mode would not change
appreciably when shorted and indeed this was the case. Under a short circuit the anti-
phase mode disappears. It was then decided to probe the fields to measure relative phase.
In figure 7 is shown a phase plot of the antenna for probes located at the edge of both the
driven and parasitic elements. Note that for all practical purposes the differential phase
associated with the anti-phase mode is 180 degrees while there is no differential phase at
the other mode. Our conclusion was that the higher frequency resonance definitely
corresponded to the B = 0 mode.

Having established the presence of the anti-phase mode, the remaining effort centered
around tailoring the antenna and getting it on frequency. Since the harness cover loads the
antenna appreciably, and because there was some question as to the exact reproducibility
of the cover, it was decided to incorporate tuning screws in the design. There was also a
more theoretical reason to incorporate them for the analysis tacitly assumes that the driven
and parasitic elements are synchronously tuned. In practice this would not be the case for
physically identical elements when the feed line is present, since it would load or perturb
the natural resonant frequency of the driven element. Thus tuning screws were added to
assure us of exact anti-phase tuning.

Although the B = 0 mode was not the mode of interest for AMRAAM, it was of
considerable academic interest. Through measurements and analysis it appears that as the
parasitic element is brought into the coupled region of the driven element, there is a
splitting of the quarter-wave resonance such that the two distinct modes are established.
What is of particular interest is that our analysis suggests that the polarization of the
radiation associated with this B = 0 mode changes from horizontal to vertical. The 



horizontal polarization is that of a quarter-wave patch while the vertical is that of a half-
wave short circuited dipole. We have yet to verify this through pattern measurements, but
plan to do so soon.

MEASURED ANTENNA PARAMETERS

In figures 8, 9, and 10 respectively are shown the principal plane cuts of the antenna taken
on an AMRAAM missile model including the fins. The antenna meets the radiation
requirements in all respects. There is some skew to the pattern symmetry and there is one
deep null in the pitch cut outside the defined area of interest. This is attributed to the very
close proximity of the missile fins. In figure 11 is shown the return loss for the antenna.
Note that the antenna has a VSWR of less than 2 over the entire TM band of 2.2 to 2.3
GHz. We have had some difficulty in the past achieving this bandwidth even for multi-
mode microstrip elements of equal height. The antenna was tested in a vacuum chamber
for high altitude operation and found to be free of corona discharge up to power levels of
30 watts cw. The AMRAAM TM transmitter has a power output of 2 watts. Temperature
tests have not been completed on the antenna because harness covers were at a premium
early in the program. However, preliminary measurements in the laboratory indicate a
negative temperature coefficient of 0.03 MHz per degree Celsius.

CONCLUSIONS

Antennas for TM application are faced with many stringent requirements. They often must
be conformable, light in weight, and small in size. They also must have reasonable
electrical properties which all to often conflict with the physical properties. The
AMRAAM antenna, although not in the conformable category, meets many of these
requirements. It represents one of the many new techniques to extend bandwidth that have
come forward in recent years. In applications similar to AMRAAM it should serve well.
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Figure 1.  AMRAAM Missile 

Figure 2.  AMRAAM S-band Antenna Requirements.



Figure 4.  Telemetry Antenna Model



Figure 5.  Antenna Circuit Model.

Figure 6.  Broad Band Sweep of Return Loss.
(No Dielectric Loading)



Figure 7.  Broad Band Sweep of Phase for Both Elements.



Figure 8.  Roll Plane Cut.



Figure 9.  Yaw Plane Cut.



Figure 10.  Pitch Plane Cut.



Figure 11.  Return Loss for Mounted Antenna.



HIGH SHOCK, WIDEBAND, MINIATURE, AIR BORNE
FM/FM TELEMETRY SYSTEM
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P.O. Box 328, Newtown, PA 18940 Saab Missiles AB
(Presently, Technical Staff, S-58188 Linkoping, Sweden
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ABSTRACT

Aydin Vector Division has received an order from Saab Missiles AB, Sweden, to develop
an airborne, high shock, wideband FM/FM telemetry system.

During 1985 (within a period of eight months) three such systems (FMT-780) were built
and shipped to customer after successful testing in the plant. The testing included
acceptance and qualification. Later on, the three systems were exposed to high shock
testing/firing in Sweden.

This paper describes the specifications of the system, the design approach that was used in
order to meet these specifications, the systems conceptual mechanical and electrical
structure, the packaging technique and some of the test results.

As a result of the success of the program, Saab Missiles AB, awarded Aydin Vector
Division with an additional order for sixteen, computer based, specially designed,
miniature PCM/FM airborne telemetry systems.

A paper describing these systems and the overall program is going to be published within
the next two years.

INTRODUCTION

The usage of various telemetry systems for testing sophisticated vehicles is very popular.
The developers of these systems are investing a significant amount of money in
multiparameter telemetry systems in order to minimize the number of test objects as well
as the number of days that they have to spend in relatively expensive test facilities.



The usage of telemetry equipment in relatively small projectiles was less popular, but
today, even these small projectiles are becoming more and more sophisticated and their
testing without telemetry is less and less possible.

The situation is more complicated when a vehicle and the telemetry system have to be
exposed to a severe environment, such as very high shock, while the room that is left for
the telemetry system in small projectiles, is obviously small as well.

In this case the selection of the right technology and the packaging technique to be used, is
extremely important.

As a result of the above, the cost of such a system could be relatively high and in order to
minimize the cost of the overall program a requirement for reusage of this sort of system is
quite natural.

In order to design and build a high shock Telemetry System, a significant amount of
pretesting (including testing of potentially sensitive components) is required.

Aydin Vector Division has developed and built both analog and digital high shock
telemetry systems during the years. A lot of experience was acquired and significant
technical feedback from customers in the USA and overseas contributed even more to the
“Aydin Vector’s high shock library” (see ref. [1]).

As a result, there was not a lot of pretesting required to be done in the plant for this
particular system, but some special testing of super sensitive components. The packaging
approach (housing, wiring, ruggedizing, mounting etc.) that is very important while
building high shock systems, was a direct outcome of the experience Aydin Vector
Division had, developing other types of high shock systems in the past.

The electrical design approach depended completely on the special and unique
requirements that the customer has defined. Because of the relatively high number of
wideband data channels, a frequency uptranslating technique was used. As a result of the
requirements to reuse the system, a special nickel cadmium battery package was built so
the system could be recharged. Components, that were very sensitive to a high shock
exposure were preselected carefully and sometimes even pretested for meeting the special
acceleration requirements.



GENERAL SYSTEM SPECIFICATIONS

The telemetry system is consisting of:

Battery power converters;
Charge amplifier/filter section for 13 channels of piezoelectric transducers;
Constant bandwidth voltage controlled oscillator section for 14 data channels and one
reference channel;
Uptranslator, mixer amplifier and transmitter section.

The system withstands at least 5 test firings without any operational degradation.

The signal to noise ratio for each channel from telemeter input to discriminator output is
better than 30dB.

The total operation time for the telemetry (TM) system when voltage supplied from battery
is at least 180 seconds over temperature range.

The frequency range for the vibration measurements is up to 10KHz.

The data measured by the TM-system is valid under the high shock environmental
requirements.

The telemetry system is a 14 channel (plus reference) constant bandwidth FM multiplex
with signal conditioning for 13 channels of vibration data and one channel for monitoring
of the internal power supply (see Figure 1).

The FM telemetry transmitter is crystal-controlled, S-band and has an output power of min
200mW. The deviation for each data channel is adjusted to meet the required signal to
noise ratio. The transmitter operates into 50 ohms.

The battery/power converter consists of an internal power source (battery) and an
internal/external power control. The battery is rechargeable. The capacity matches the
specified operation time. An automatic switch-off device is provided as an option, to
prevent from reverse charging of battery caused by a complete discharge of the battery
pack due to long operation times. It was disconnected at an early stage of the program.
When operated by external power there is no technical limitation of the operation time due
to internal warm up. Switching between internal and external power is without damage to
the system. Reverse polarity protection is provided.



The external power supply to the system is 22.8V. The duration of the internal command
pulse is one second at least. The battery is charged by 32 ±1 VDC voltage with a ripple of
no more than ±50mV for at least 14 hours by a current of 45 ±2mA.

Signal conditioning for monitoring of power supply through one VCO channel as well as a
power converter for internal supply voltages are included. The signal conditioning for the
13 piezoelectric vibration transducers consists of charge amplifiers. The amplification level
is presettable to x0.2, xl, x5 of nominal value for each channel by means of external
strapping. For 5 channels the measurement range is ±40000 m/s  (one of the transducers is2

mounted at the aft) at nominal amplification level (measurement ranges shall be ±20500,
±4100 and ±820 g’s accordingly). For the additional 8 channels the range is ±8000 m/s2

(two of the transducers are mounted at the aft) at nominal amplification level
(measurement ranges are ±4100, ±820 and ±164 g’s respectively). The measurement
frequency range is 50Hz to 10KHz (10KHz/3dB L.P. filtering). The charge amplifiers are
provided with saturation protection in order to accept an input overload without negative
effect to the measurements due to long recovery time.

The VCO section consists of a 14 (plus one reference) channel FM multiplex with one
channel for monitoring of the power supply voltage at the signal conditioning output of the
battery/power converter (VCO bandwidth: 0 - 1,000Hz), 13 channels for vibration data
from the charge amplifier section as described above (VCO bandwidth range 0 - 10,000
Hz) and the reference channel that is used in the ground FM discriminator for frequency
shift compensation.

The telemetry system is mounted in the available volume shown in Figure 2. The weight is
approximately 2.5kg with the center of gravity no more than 1mm from the center line
(x-axis).

The telemetry system meets the environmental specifications as following: Function during
shock and vibration while the acceleration is defined as: 100,000m/s  duration 6ms half-2

sine (x-axis) and ±5000m/s  peak, sine wave 500Hz duration 100ms (y, z-axis) and the set2

back is defined as: ±6000m/s  peak, sine wave 2KHz duration 100ms (x-axis). The2

vibration conditions define the sweeping in each of the x, y, and z directions with
sinusoidal sweep rate of 1 octave/minute in the frequency range 5 - 500 - 5Hz. Number of
sweeps in each direction is 18 and the test level is 10mm peak amplitude or 40m/s . The2

random vibration is defined as 20 - 2000Hz., 4m /s  during 60 sec for each direction.2 3

The system is functioning while being exposed to temperature, humidity and air pressure.
The temperature range is -25EC to 70EC with a relative humidity of 5 to 95%, the air
pressure range is 50 to 300 kPa.



For the battery operation time the temperature range is -10EC to +70EC.

The telemetry system has a calculated MTBF of more than 750h under the environmental
conditions.

TECHNICAL DESCRIPTION

The telemetry standards do not produce a sufficient number of standard subcarrier
oscillator channels to provide for a single multiplex which will accommodate 15 data
inputs having a frequency response of 0 to 10KHz. The maximum of standard channels
that can be selected from the list of available “proportional” bandwidth subcarriers is 3.
This based on the fact that adjacent channels cannot be used when the ±15% and ±30%
deviation channels are used. This judgement is based on operating the subcarriers at a
modulation index of 2 or greater. When subcarriers are operated at a modulation index of
2, the signal to noise ratio can be assured to be better than 34dB when the data is reduced
in the ground station.

The maximum number of standard wideband “constant” bandwidth channels is 5.
However, these five channels have only a bandwidth of ±8 kilohertz. This limits the data
bandwidth to 0-4 kilohertz when operated at a modulation index of 2.

Due to the above limitation, it was necessary to develop a set of special subcarrier
channels to handle the 10 kilohertz data channels. The type of configuration is based on
the 0-10 kilohertz requirement on all channels, and is, therefore, constant bandwidth. Since
the channels are operated at a modulation index of 2, the deviation on all channels is ±20
kilohertz, except for the power supply monitor channel which is discussed later. The
frequency of the lower subcarrier oscillator is selected based on a conservative limit
having to do with the ability to filter the output signal and dispose of the harmonics of the
multivibrator circuit in the subcarrier oscillator. Although ±30% channels are used for
channels in the high end of the multiplex, where the harmonics is out of the multiplex,
placing such a channel at the lower end will cause interference with other channels.

Based on the above, the lowest channel in the multiplex was selected to be 80 kilohertz
(see Figure 3). The selection of the next subcarrier is based on standard rules of spacing.
The channels are spaced at frequencies separated by an increment which is 4 times the
deviation of each channel. This leaves a guard band between channels which is equal to
the total bandwidth of each channel. The increment will then be 80 kilohertz setting the
center frequencies at 80, 160, 240, 320 up to 400 kilohertz. At this point, we reach another
limit. It is best to limit the minimum deviation on high frequency subcarriers to ±5%. The
reason for this is that the actual stability in a subcarrier is a function of center frequency 



and reduction of bandwidth increases the error as a percent of deviation. This factor is
more critical at higher frequencies such as 480 kilohertz.

In order to generate above 400 kilohertz, a group of subcarriers from 160 to 400 kilohertz
are translated up to a higher frequency band. This method has been used in systems
delivered by Aydin Vector to other development projects such as the F-15 fighter and the
B1 bomber. Translated channels are usually de-translated in a ground station during data
reduction. The translator nixes a low frequency multiplexer with a reference to generate
upper and lower sidebands. The resulting output is filtered to remove the upper sideband
frequencies and the residual 880 kilohertz reference signal. The subcarriers generated, are
spaced from 480 kilohertz to 720 kilohertz. The system is consisting of the baseband
group of five wideband subcarriers and two translated groups of four wideband subcarriers
each. The third group (second translated group) utilizes a 1200 kilohertz reference and
generates sideband subcarriers. The input is filtered to remove the upper sideband
frequencies and the residual 1200 kilohertz reference signal. The resulting subcarriers are
spaced from 800 to 1040 kilohertz (see Figure 4). All subcarriers are maintained at equal
amplitude up to the point of summing the two translated groups with the baseband
subcarriers. A 6dB per octave taper is then introduced to set the pre-emphasis of the
subcarriers for equal signal to noise at data reduction. The function is introduced in the
summing amplifier.

A fourteenth subcarrier is added to multiplex to provide for the desired power monitor
function. Since the data response requirement is greatly reduced for this function, an IRIG
channel 1A is inserted in the multiplex below the first wideband channel. A fourth input to
the summing amplifier is the filtered 1200KHz reference channel.

The configuration is limited to a total of fourteen channels. The reason is that the 80
kilohertz channel could not be used in the two translated groups due to filtering limitations.
The highest frequency lower sideband must be passed while the residual reference and the
lowest frequency upper sideband must be rejected.

The system’s charge amplifiers are a modified version of Aydin Vector standard model
MPCA-10 charge amplifier. The new version is defined as model MPCA-40. The
modification was made to provide the presettable feature for the gain of the amplifier. The
standard model MPCA-10 consists of two active circuit stages. These stages consist of the
charge converter and an output amplifier. The MPCA-40 consists of an additional
amplifier stage to accommodate the strapping. The lower frequency cutoff (-3dB) is
10KHz.

The subcarrier oscillators (SCO’s or voltage controlled oscillators VCO’s) for the system
are contained in 3 MPO-40 modules and 1 MPA-40 module. Each MPO-40 module



contains 4 SCO’s. The MPA-40 module contains 2 SCO’s (also contains 2 amplifiers) for
a system total of 14 SCO’s.

The MPO-40 and MPA-40 are new designs required to condence the package to a
minimum to fit the space available. The MPO-40 is design using the basic circuit of the
MPO-10 oscillator. Features not required such as input mode control and input amplitude
control are removed from the design. The power line isolation regulator is made common
for all four SCO’s.

The MPA-40 is designed using the same oscillator circuit as the MPO-40, for the two
SCO’s that it contains. In addition, the package contains two amplifiers. The design of
these circuits follows Aydin Vector conventional techniques, using operational amplifier
circuits.

The purpose of the SCO is to convert an input signal to a discrete FM frequency which
deviates within a limited band around the center frequency in accordance with the input
intelligence to produce an FM band which can easily be multiplex (summed) with other
SCO’s operating at other center frequencies. This signal is transmitted over a single RF
carrier link. The thick-film technology used in this unit has been extended to provide the
smallest and most reliable SCO produced to date. This technique provides the advantages
of micro circuit technology, yet most SCO parameters are comparable to a discrete
component oscillator. All of the circuit elements are fabricated on an alumina substrate.
The substrate is then bonded within the metal case.

The Mixer Amplifier and Summing Amplifier are contained in the MPA-40 module (also
contains 2 Subcarrier Oscillators). The Mixer Amplifier provides impedance and voltage
transformation between the untranslated multiplex and the Summing Amplifier. The
Summing Amplifier provides for the summing of the untranslated multiplex signal, the 2
translated multiplex signals and the 1200KHz reference oscillator. In addition, it provides
impendance and voltage transformation to the modulation input of the transmitter.

The two translators are contained in a MTX-40 module. One translator operates with a
reference frequency of 880Khz and the other with a reference frequency of 1200 KHz. The
function of the translators in this application is to allow the use of three relatively low
frequency multiplexes instead of one multiplex containing some prohibitively high
frequencies. A single multiplex, with the bandwidth required, results in subcarrier
oscillators at frequencies up to 1040KHz. This is unsatisfactory since the stability and
accuracy requirements of the system prohibit the use of SCO’s above approximately
400KHz. By using the translators effective SCO frequencies of up to 1040 KHz are
obtained with the good stability and accuracy of performance of SCO’s operating at
400KHz and lower.



The 880KHz translator accepts a multiplex containing center frequencies of 400KHz,
320KHz, 240KHz and 160KHz and translates these channels to a multiplex of 480KHz,
560KHz, 640KHz, and 720KHz. The 400KHz input frequency corresponds to a 480KHz
translated output frequency. The 1200KHz translator accepts a multiplex containing center
frequencies of 400KHz, 320KHz, 240KHZ, and 160KHz, and translates these channels to
a multiplex of 800KHz, 880KHz, 960KHz and 1040KHz. The 400KHz input frequency
corresponds to an 800KHz translated output frequency (see Figure 4).

The major sections of the translator are input amplifier, reference oscillator, balanced
modulator, output filter, output amplifier and power supply. The output filter allows only
the frequencies in a designated passband to pass through to the output. The passband for
the 880KHz translator passes channels with center frequencies of 480KHz, 560KHz,
640KHz, and 720KHz. The passband for the 1200KHz translator passes channels with
center frequencies of 800KHz, 880KHz, 960KHz, and 1040KHz.

The MPCA-40, MPO-40, MPA-40, and MTX-40 modules are packaged in gold plated
kovar cases. The internally mounted substrates is subjected to a Parylene coating process
to insure reliability in a high shock environment. In addition, the package is hermetically
sealed by seam welding in a nitrogen atmosphere to protect against environmental
extremes and to insure long term operational stability.

The battery supplies the internal power. A DC/DC converter is used to produce +15VDC
for the charge amplifiers (see Figure 5). A capacitor network is used to prevent from short
battery dropouts during the severe in-bore high shock environmental exposure. The battery
consists of 19 rechargeable nickel cadmium cells connected in series to produce
22.8 VDC. The battery contains one tier of 19 cells which is held in place by foam potting.
The battery is capable of supplying 0.5 amps for a period of at least 180 seconds.
Recharging is accomplished over a 14 hour period with 45 mA charge current.

The RF transmitter used for this system is standard Aydin Vector model T-602S (HS) FM
transmitter. A small redesign effort is required in order to modify the transmitter for a
wider bandwidth. Because of relative simplicity and basic reliability the VCXO/PM type
exciter is utilized in the transmitter. To provide the stability and accuracy required by
IRIG-106-80, a crystal controlled oscillator is used as the sole frequency determining
element. The transmitter is used as a chassis, signal ground and system ground connective
point of the system. Those three points are connected together inside the unit.

The excitation power supply consists of a power converter with pre-regulation, full wave
rectifier, and regulator circuit. The input of the converter is filtered to prevent high
frequency noise from the converter leaving the power supply circuit on the power lines.
The output of the converter is rectified and filtered supplying the input to a +15 volt



regulator. The regulator is capable of supplying 350mA and maintain an accuracy of ±1%
over the temperature range.

The power steering network provides system power from the internal system battery,
whenever a command of 22.8 volts is applied to the “Battery Command” input. As an
option the battery power will latch “on” for 4±1 minutes. In this case, the period of time is
defined by an internal timer unit. The battery can be recharged independent of the
application of external power to the telemetry system.

The structure approach taken by Aydin Vector has been dictated by empirical experience
gathered in the field and reflected a design philosophy development for environments
considerably in excess of that demand by the Program (see Figure 2). All the telemeter
components are contained within a single structural member machined from hard
aluminum. The battery and DC/DC converter are located at the base. The battery terminal
assembly and the entire DC/DC converter are encapsulated. The DC/DC converter
assembly serves a dual role in that it functions as a secondary support for the transmitter
mounted immediately above it. The transmitter housing is machined from a solid aluminum
billet some 30 mm thick and machined to accept internal circuit boards. Internally, the
transmitter has integral strengthening webs and is fully encapsulated to ensure a reliable
operation. Additionally, the crystal oscillator is mounted using a technique specifically
developed by Aydin Vector for high shock applications. The subcarrier oscillator section
mounts atop the transmitter with the circuit boards adequately supported in all planes of
movement and a substantial top cover with a special mechanical interface unit for cable
routings completes the assembly (see Figure 6).

SYSTEM DESCRIPTION

The hardware of the telemetry system is comprising of the following major electronic
components (see Figure 2):

* Single Conditioning Modules - 13 Charge Amplifiers.
* Subcarrier Oscillators - 14 Voltage Controlled Oscillators.
* Mixers - 2 Mixing/Summing Amplifiers.
* Translators - 2 Up-Frequency Translators.
* Transmitter - One S-Band Telemetry Transmitter.
* Battery - One Set of 19 Nicad Cells.
* Power - One Power Supply/Steering Unit.

This system is mounted inside a special housing that was supplied by Saab Missiles AB.



The following mechanical subassemblies are building the system.

* Battery Subassembly and Cover.
* Transmitter Subassembly and Power Supply/Steering.
* FM Multiplex Subassembly and Interface Unit.

The charge amplifiers, voltage controlled oscillators, mixing amplifiers and translators are
hybridized according to the following partition:

* 2 each, triple (±114.8pc) charge amplifier modules, Aydin Vector model MPCA-40-1.
* 1 each, dual (±114.8pc) charge amplifier module, Aydin Vector model MPCA-40-2.
* 1 each, triple (±574pc) charge amplifier modules, Aydin Vector model MPCA-40-3.
* 1 each, dual (±574pc) charge amplifier modules, Aydin Vector model MPCA-40-4.
* 3 each, quad voltage controlled oscillator modules, Aydin Vector model MPO-40.
* 1 each, dual voltage controlled oscillator and dual mixing amplifier module, Aydin

Vector model MPA-40.
* 1 each, dual frequency translator modules, Aydin Vector model MTX-40.

The modules are mounted on PCB’s. The partition is according to the following:

PCB No. 1:  MPCO-40-2 and MPO-40.
PCB No. 2:  MPCO-40-1 and MPO-40.
PCB No. 3:  MPCO-40-1 and MPO-40.
PCB No. 4:  Frame only - slot for wires and part of the interfacing unit.
PCB No. 5:  MPCA-40-4 and MPA-40.
PCB No. 6: MPCA-40-3 and some discrete components (7 stage 880KHz filter for the

translators and 3 stage 1200KHz filter for the reference channel).
PCB No. 7:  MTX-40 and some discrete components.

Additional PCB is used as a “Mother Board”. This PCB is acting as the electrical and
mechanical interconnection of the other 7 PCB’s. The small PCB’s (No. 8 and No. 9) are
mounted in the transmitter subassembly. These include the power supply, the power
steering and the timer circuitry.

The main housing has two openings - “Windows”, located symmetrically in the FM
Multiplex subassembly area. Under one of the windows the test point connector is
mounted and under the other, the programming card - PCB, for programming the charge
amplifiers level of amplification.

The telemetry baseband information is modulated and transmitted by a high shock S-Band
transmitter - Aydin Vector model SB-200.



TEST RESULTS

The telemetry (TM) system was designed and developed in close cooperation between
Aydin Vector and Saab Missiles AB. The qualification and acceptance testing of the units
was completed within eight months from program start. Upon delivery, the TM systems
were installed in actual projectile aft bodies, supplied by Saab Missiles AB.

When received, the TM systems were re-calibrated and installed in test projectiles, where
acceleration transducers mounted in different locations of the projectile were connected to
the systems inputs. The transducers used were:

- ENDEVCO, type 2291
- Bruel & Kiser, type 8309

The RF outputs were fed to a nose mounted slot antenna, delivered by Haigh-Farr (model
2194).

The systems have been used for a large number of test firings, using both a rail gun facility
(especially developed in Sweden for projectile testing), and real trench mortars. Good
quality test data has been gathered using fixed receive antennas, a TM receiver and a tape
recorder. The test data has been subject to post firing digitizing and evaluations using both
time and frequency domain analysis. Figure No. 7 and Figure No. 8 show a few typical
measurement signals. Figure No. 9 gives the photo of the system.

The rail gun facility is designed for a smooth recovery of the test projectile. For the trench
mortar firings, the projectiles were recovered after landing in 10-20 meter deep water with
sand bottom conditions. In all cases, the TM systems have survived and were proven to be
very reliable and consistent with respect to the technical performance. More than 10 test
firings have been successfully performed without degradation using the same TM unit.
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ABSTRACT

The miniaturization of Aerospace Systems, has created a demand for effective, compact,
lightweight, and power efficient General Purpose Stand-Alone Flight Computers, as well
as Command, Data Handling and Control Systems, that maintain High Reliability, Full
Redundancy, Radiation Hardness, Explosive Processing Speed, Rapid Throughput, and
High Accuracy. The innovative design techniques used in the uDACS ( Micropackaged
Data Acquisition and Control System) offer a unique and comprehensive solution to this
quandary.

INTRODUCTION

The uDACS unit is a Modular General Purpose, I/O Intensive, Information Management
and Command Processing Control System, designed primarily for use on both Manned and
Unmanned Space Vehicles, Missiles, and Aircraft. The uDACS hardware uses an internal
computer bus that can accommodate many different CPU, Memory, and I/O Cards.
Through the selection of appropriate card types the uDACS can be structured to provide a
multitude of configurations ranging from a simple data gathering system (with or without
CPU) to a full up distributed fully intelligent network capable of data handling, command
processing, and high speed number crunching, that is in closed loop control of a vehicle or
an experiment.

The standard uDACS enclosure including power supply is less than 176 cubic inches
( 6" x 4.88" x 6"), weighs less than 9 lbs, and accommodates up to 1056 I/O channels. An
expanded version is available, with up to 2112 I/O channel allocations. The system
supports High Voltage Outputs, Low Level-High Level Analog Inputs/Outputs, Discrete
Inputs/Outputs, and Serial Inputs and Outputs. In addition the bus arbitration scheme
employed supports up to 6 bus masters allowing for computational throughput to be above



200 Mips, when using the Real Time Control Processor Card (RTCPC). Using advanced
power management techniques power dissipation is typically 13 to 14 watts when uDACS
is completely operational. Power strobing is incorporated to allow standby powers in the
1-2 watt range. Conventional Spacecraft and Aircraft interfaces are supported such as
Space Ground Link Support (SGLS), MIL-STD-1553, IRIG, Flexible Multiplexer
Demultiplexer (FMDM) etc. as well as MIL-STD-1750A CPU. Using a unique no-fault
SCI-Bus up to 28 uDACS units can network forming a distributed system. All I/O cards
support built-in-test, allowing for verification of their operation. The uDACS is
assiduously redundant, to tolerating all single and most multiple failures while maintaining
absolute functionality.

SYSTEM ARCHITECTURE

The diverse architecture provides for high computing throughput, along with both fault
tolerance and fault recovery. The system is very modular and easily restructurable,
allowing for unlimited I/O Configurations. All I/O Cards are cross-strappable. The system
supports both internally and externally redundant configurations.

The established methodology consists of an internal parallel bus and an external serial bus.
The internal bus allows for communication between different cards inside the housing,
while the external bus provides for communication of multiple boxes. This internal bus of
the uDACS consists of two separate parallel buses, the Global Bus and the Local Bus.

GLOBAL BUS

The Global Bus (Figure 1) shared by all uDACS Cards, progresses down the motherboard
allowing I/O and memory cards to be accessed by a Bus Master. Both the address and data
lines are error detected and corrected using a modified Hamming Code. All control lines
on the motherboard are triply redundant. Control line validity is resolved by both voting
and activity detection circuitry. Two isolated 10 Mhz Clock lines, along with two
autonomous clock sources provide sequencing clocks for all I/O cards. Clock validation
circuitry provides for automatic switchover in event of clock failure. These features
maintain system integrity during multiple failures. The architecture permits the uDACS to
be 100% functional, with simultaneous failures on an address bus, a data bus, one of each
of the control lines, and a clock line. Auxiliary failure prevention circuitry (Activity
Detection) is provided on all control lines allowing the control line receivers to follow on y
the lines that have activity on them. This unparalleled feature allows the uDACS to be fully
functional (at a 99.99% probability) with two simultaneous failures on all control lines, and
coexisting failures on address, data, and clock lines!



If an error does occur the uDACS Bus Master that is on the global bus is immediately
flagged that either a correctable or an uncorrectable error has occurred. The error, the type
of error and the location of the error are stored in error status registers that are read by the
Bus Master. The last place of data written to or read from the CPU is contained in a Data
Verify Register. The last address written to that card is loaded in an Address Verify
Register. Should an error occur, the CPU can thus determine if the problem was in the
address or data lines or in the syndrome bits. Control Line Status is contained in the CLS
Register. This register which is located on the system manager bus master allows the
uDACS to monitor the health and status of the control and clock lines. There are also
provisions on all uDACS cards that receives/transmits data or commands to accept
optional reception/transmission of modified Hamming Syndrome bits, allowing the uDACS
to correct for errors in the system it is being interfaced with, or correct for
transmission/reception errors.

In addition to the standard Cyclic Polynomial Codes for error coding, the uDACS
architecture supports Concantenated, Self-Orthogonal, Convolutional Coding etc. error
handling codes.



LOCAL BUS

While any bus master is operating on its own local bus it is isolated from the rest of the
uDACS System. The use of the local bus allows a bus master to operate on its local bus
while another bus master has requested and is using the Global Bus.

BUS ARBITRATION

The uDACS can support up to six different master cards in the box at any one time. A
Master card is designated as any intelligent card (CPU, interleaver, etc.) that can take
jurisdiction of the global bus for data transfers. Since more than one master card can be
contained in the uDACS housing, a bus arbitration scheme is essential to evaluate which
master card can gain authority of the global bus at any given time. There are two bus
arbitration schemes deployed:

1. Normal Priority: Time Tagged Prioritized with Four Programmable Levels of
Priority

2. Emergency Priority: Highest Priority ( Not User Programmable)

NORMAL PRIORITY

The normal bus arbitration is essentially a first-come first-served algorithm in which bus
requests are queued with the first bus request processed first and so on. This first-come
first-served algorithm is true only if all of the Master cards have the equivalent priority
level. In some cases, various Master card will need to have a higher priority over other
cards to obtain the bus. The bus arbiter initializes all priorities upon power up and will
contain a bus priority mask register which can alter bus priorities on the fly. There are 4
different priority levels. In a unit with Master priority levels, the first-come first-served
algorithm is modified to give the highest priority card first chance to take control of the
global bus.

The priorities associated with the various master cards are sorted and placed in the bus
request queue (time 0). Each item in the bus request queue is time tagged to evaluate how
long a bus request has been present in the queue. New bus requests are continually
entering the bus request queue times 1, 2. & 3). If the new requests have a higher priority
than a lower priority already in the queue, then the lower priority is demerited and waits a
longer period of time for service. If the wait for service is determined to be too long by the
time tag, then this lower priority bus request is masked to a higher priority (time 5) and
resorted in the queue (time 6).



In order to furnish arbitration, the motherboard contains six redundant bus request signals
(one signal for each master), six redundant bus grant signals and a redundant bus active or
busy signal. A masters need for the global bus is initiated by that master pulling its bus
request line low. If the bus arbiter has determined that the request will be serviced, then
the arbiter pulls the bus grant line low to that master. The master then responds by
activating the busy line low and keeping this line low until its bus cycle time is finished.
All of these bus arbitration signals are interfaced to the bus arbitration section of the bus
interface gate array (BIGA), contained on all cards. All bus interface gate arrays contain
an arbiter but only one arbiter is deemed the bus arbitration unit (BAU). The BAU has full
control over all global bus arbitration. Each BIGA bus arbitration sections are daisy
chained so that in the event of a BAU failure, full control over arbitration is passed to the
next BIGA and then this arbitration section of the next BIGA becomes the BAU.

On master cards, the BIGA also regulates the local bus (on card) in conjunction with the
global bus. The BIGA is responsible for tristating the CPU from its local on card bus
whenever an off card access of local memory is necessary.

EMERGENCY PRIORITY

CPU failure flags are also located in the BIGA. One failure flag is for local use and
another is accessible globally. Upon power up, the flags are both reset. In the unlikely
occurrence of a CPU failure, the local flag is set causing a reset of the CPU, if the anomaly
then is cleared, this local flag is also reset. If the failure condition cannot be cleared then
the global CPU failure flag is set. There are two global flags that initiate task reassignment
necessary to obtain system recovery /BMFI-/BMFO and /CMFO.

/BMFI:   Bus Master Failure Input - Active low; this redundant signal is a link in a daisy
chained bus master arbiter scheme that lets the next CPU Card in the chain Know that a
bus master has failed. If the next CPU Card is a redundant CPU with power turned off, it
also turns power on.

/BMFO:   Bus Master Failure Output - Active low; this signal is the other link in the daisy
chain described above. This signal is triggered by either a failure on a Bus Masters BIGA
or a time out on the watchdog timer on a bus master. The watchdog timer will be enabled
on power up but be allowed to “Long Cycle” for its first cycle.

/CMFO:   Common Master Failure Out: This active low signal has two functions: Enable
the Redundancy Manager, and Distinguish if the failed bus master is the system manager
(contains the Bus Master Arbiter ), or not. If the failed Bus Master is the system manager
it pulls the /CMFO along with the /BMFO signal low, telling the bus master receiving
/BMFO that the system manager has failed. System manager responsibility is relinquished



to this bus master, at least temporarily. Since /CMFO is routed to all bus masters all bus
masters are cognizant that a failure of some bus master has occurred, however only the bus
master receiving the /BMFI signal knows exactly which master has failed. If the failed bus
master is not the system manager it only pulls /BMFO. The bus master receiving this signal
(/BMFI) then immediately pulls the /CMFO signal, enabling the redundancy manager and
telling all other bus masters that a failure has occurred. In all cases the bus master
receiving the /BMFI signal is immediately granted EMERGENCY PRIORITY status.

Since there has been a critical failure, once a bus master has been granted Emergency
Priority (E.P.) It no longer must arbitrate for use of the global bus. If the bus master with
E.P. requests the global bus it immediately gets the bus. The bus master with Emergency
Priority’s paramount function during this critical period it to determine if there is adequate
processing capability left in the box to fulfill the mission, or to allow the already activated
redundancy manager to power up the back-up side of the box, and power down the failed
side of the box. If the bus master with Emergency Priority Status determines that there is
enough processing capacity left to complete the mission (the bus master only has the
amount of time programmed in the redundancy manager’s watchdog timer to determine
this), three specific data pointers are written to, suspending the time-out process.

REDUNDANCY MANAGER

The Redundancy Manager Card provides totally redundant electronics, including its own
redundant power supply to prevent any number of multiple failures causing a uDACS
System failure. Engagement of the Redundancy Manager initiates a PO28 pulse for 16
msec activating a latching relay in the power supply powering down the unit. A power
down time of 2 seconds is provided for the unit to power down and deactivate all cross-
strapped outputs. A second 16 msec PO28 pulse is then fired actuating a latching relay in
redundant power supply, powering up the backup side of the unit.

There are 8K x 22 bits of Write Keyed Error Detected and Corrected RAM on the
Redundancy Manager. This RAM can be read by the redundant half of the box upon
wakeup to determine vehicle/experiment status. The Write Keyed tactic is used to prevent
a bus master that has failed from thrashing this RAM before its on-board watchdog timer
has timed out. In order to access the Write Keyed RAM, a Bus Master must first write the
three appropriate key words in succession to specific addresses on the redundancy
manager. The bus master is then and only then given access to write to the RAM. Once
that bus masters bus arbitration cycle is complete, the key is reset so the next Bus Master
requesting to write data to the Redundancy Manager RAM must repeat the sequence.

A triple voting technique is used on the card to determine if there has been a failure. Any
two of the three on-card watchdog timers must time out before the redundant half of the



Box is placed in control. Curtailment of the watchdog timer from switchover to the back-
half of the box is instituted by the bus master that has been granted Emergency Priority
writing Key Data to three specific addresses on the redundancy manager.

PROCESSING CAPABILITY

The uDACS SYSTEM supports many different type of CPUs: 80C86RH, 80C286, 80386,
RTX2000, MIL-STD-1750A. Each of these CPU Cards contain memory, programmable
timers, Error Detection and Correction, Vectored/Maskable Interrupt Systems, Bus
Arbitration for Multimastered System, Watchdog Timer, clock validation circuitry and
their own local bus. Each CPU card can contain up to 128K x 22 bits of RAM and 64K x
22 bits of PROM. OP-Code residing in PROM can optionally be loaded into RAM,
allowing for the PROM to be power strobed off. Clock rate control circuitry is contained
on static Processor cards allowing for power management during low processing periods.

The 80C86RH CPU/Memory Card is for for use in systems that require modest CPU
usage (less than 450 KIPS at 8 Mhz), and where power requirements are low, while the
80C286 and the 80386 are for systems that require greater than 1 MIP of throughput. The
1750A CPU is used whenever MIL-STD-1750A requirements are imposed on a program.
The RTCPC, which uses dual RTX-2000 CPUs, is employed whenever an ultra-high
performance real time control system is mandatory. Processing speed with the RTX-2000
can approach 40 MIPS using a single card.

SEQUENCER MODE OF OPERATION

The uDACS architecture allows for simple error-free high speed data transfers both
internal and external to any module without a CPU in any box. All uDACS Data and
Address lines have syndrome bits generated based on a modified Hamming Code. These
syndrome bits are passed down the bus internally to any uDACS unit, and can be funneled
externally to remote assemblies via SCI bus. The following Command and Data
Management functions are implemented in the Sequencer mode.

1. Telemetry Interleaving 4. Acquisition of Data
2. Uplinked Commands 5. Downlinking of Data
3. On-Board-Computer(OBC) Commands

The telemetry interleaver contains an on-card sequencer that can access data according to
firmware. Whenever the interleaver requests data it arbitrates for the global bus by: 
Issuing a Bus Request, Receiving the Bus Grant Signal, and then pulling the Bus Busy
Line Low. During this arbitration cycle the CCI/F (Central Computer Interface) sequencer 



performs health and status checks by operating on its local bus. The interleaver then issues
a command for data to either:

1.  Internal I/O Cards Contained Internally
2.  External I/O Cards Contained in RU-uDACS

In the first of these two cases the I/O Cards Address is merely presented on the global bus,
data read, and then downlinked. In the second instance, the interleaver access the SCI Bus
Card and provides a Remote Unit Address and Card Address in the the form of Data to the
SCI Bus. This Data is placed in the first of three control I.D. Code registers on the SCI
Bus, Data Request Pending. The three I.D. Code Registers on the SCI Bus are:

1.  Data Request Pending
2.  Data Request Issued
3.  Data Received

The interleaver also contains a data request pending register, where it keeps an on-card
status of Pending Requests I.D. Codes that have been issued to the SCI Bus.

The SCI Bus then issues a data request from the remote units by sending out the following
data: 3 Sync Bits, Parity Bit, 16 Address Bits, and 16 Data Bits. The information contained
in the Data Request Pending Registers is passed to the Data Request Issued Registers, and
the Data Pending Register on SCI Bus only is then cleared. Data from the appropriate
Remote and I/O Card is broadcast back to the SCI Bus Card, and the I.D. Code in the
Data Request Issued Register is transferred to the Data Received Registers. The Data
Request Register is then cleared.

On an arbitration cycle the interleaver accesses the SCI Bus and reads the data from a
remote if there is any I.D. Codes in the Data received register on the SCI Bus. The Data
received Registers are then cleared. The I.D. Code read from the SCI Bus is correlated
with I.D. Codes contained in the Pending Request register on the interleaver, if it matches
any of these, the data is downlinked, if it dose not match data is not downlinked. During
this arbitration cycle all data received from SCI Bus, both I.D. Codes and Raw Data from
remotes is written to global memory on the master sequencer card. This operation will be
explained shortly.

Commands that are Uplinked to the system enter the uDACS Master through either the
Decryption Unit - For Receiving Encrypted Commands or through a Transponder Interface
- For Receiving Unencrypted Commands. Should commands enter the system through the
Decryption Unit, they are transferred to registers on the Transponder Interface after
decryption. When a command is uplinked, the transponder interface card issued an



interrupt to the CCI/F sequencer. The sequencer then comes and deciphers the command
from the transponder I/F Card. Commands issued to the system from the Central Computer
enter the uDACS Master through the CC I/F card. When a command is sent to the uDACS
the CC I/F card issued an interrupt to the master sequencer. The sequencer then comes and
reads the command from the CC I/F Card.

Formerly, it was stated that the interleaver writes data to the CCI/F card each time it
receives data form an RU. This methodology is employed so should either the Central
Computer or the Transponder need information from a remote its request as stated above is
transferred to its appropriate I/F Card and then read by the sequencer. If this request is for
information from a remote the sequencer access the SCI Bus card. As with the interleaver
this Data is placed in the first of three control I.D. Code registers on the SCI Bus, Data
Request Pending. At this time a comparison is made between this I.D. Codes and all other
I.D. Codes in all three registers. If it matches any of the other I.D. Codes this I.D. Code is
cleared and thus not issued. This simply means that another device has requested data from
the same I/O Card in a remote and the command need not be issued twice.

The CCI/F sequencer also contains a data request pending register, where it keeps an on-
card status of Pending Requests I.D. Codes that have been issued to the SCI Bus. The SCI
Bus then issues a data request from the remote units, and the information contained in the
Data Request Pending Registers is passed to the Data Request Issued Registers, and the
data pending register on SCI Bus only is then cleared. Data from the appropriate Remote
and I/O Card is passed back to the SCI Bus Card, and the I.D. Code in the Data Request
Issued Register is transferred to the Data Received Registers. The data request register is
then voided.

On a normal arbitration cycle the interleaver and not the CCI/F Sequencer accesses the
SCI Bus and reads the data from a remote. If there is any I.D. Codes in the Data received
register on the SCI Bus the Data received Registers are then cleared. The I.D. Code read
from the SCI Bus is compared with I.D. Codes contained in the Pending Request register
on the interleaver, if it matches any of these the data is downlinked, if it dose not match it
doesn’t. The comparison is made at this time to see if both the interleaver and either the
Sequencer or the Transponder has requested data from the same place, if so both modules
receive the data.

As always during this arbitration cycle all data received form SCI Bus, both I.D. Codes
and Raw Data from remotes is written to the CCI/F sequencer card. The I.D. Code read
from the SCI Bus is compared with I.D. Codes contained in the Pending Request register
on the CCI/F sequencer, if it matches any of these the data is written to the appropriate I/O
Card, if it dose not match it doesn’t. Once transferred the I.D. Code on the CCI/F
sequencer is cleared.



MASS MEMORY STORAGE

In addition to the local CPU memory the uDACS supports a 320K x 22 MASS Memory
Board with EDAC used to provide mass storage internal to each uDACS housing. Memory
types supported on this card are RAM, EEPROM, EPROM, or PROM. The error
detection and correction uses 6 check bits (Hamming Code) so that a total of 22 bits are
required for the memory width. The error checking and correction may optionally be
turned off so that diagnostics may be run to verify correctness of the memory. Two signals
are provided from the error correction circuitry. One signal indicates that the word being
read contains a single bit error. The other signal indicates that the word being read
contains a double bit error. Up to 16 Mbytes of Mass Memory can be contained in a single
enclosure.

DISTRIBUTED SYSTEM

The uDACS system is readily configured for use in a assiduously distributed system. The
master unit contains the Bus Master Controller Card, while the remote units the Bus
Remote Card. The Bus Remote units can be operated with or without a CPU Card,
allowing for distributed processing and preprocessing of data before transfer to the master
unit.

The Bus Master Controller (BMC) card transmits commands on the Serial
Communications Interface Bus (SCIbus) to Remote Units (RU) and receives their
responses. Either a Sequencer or a CPU of the uDACS unit containing the BMC directs
the operation of the BMC, loading commands for transmission and reprieving replies.
Alternatively, the central computer, if present, could run the BMC via CCI/F.

The SCIbus actually consists of two sets of shielded twisted wire pairs, one for commands
and one for replies. Both commands and replies are Manchester bi-phase encoded and are
transmitted at a 4.096M bps rate. Each command is composed of a sync pattern, mode and
function control bits, an RU address, data and parity. The command bus is active
continuously. Dummy commands are sent whenever real commands are not required to
maintain clock synchronization between units. The reply bits are only active when an
addressed RU responds. An addressed RU must always respond to a valid command with
either an acknowledgment or data. The RU must never reply to a command having the
wrong address, improper sync, invalid Manchester encoding, or incorrect parity. The reply
is three bit times times shorter than the command to allow for SCIbus and RU delays. The
interface to the host uDACS consists of 16 data lines, 20 address lines, and 4 control lines.
The uDACS CPU writes to a specific address to write data, reset interrupt, or reset the
BMC. The CPU reads from other addresses to read reply data or read status.



To send a command or information request over the SCIbus, the CPU writes two 16-bit
words containing the unit address and data, most significant bits first. The command is
automatically sent as soon as the second word is transferred. When the BMC receives a
reply, it generates an interrupt. The CPU then reads the data. If an error occurs, the BMC
sets the appropriate bits in a status register and generates an interrupt. Errors detected by
the BMC include no reply, reply parity error, and invalid reply.

The SCI Bus Distributed Concept, supports both ARQ (Automatic Repeat Transmission)
and FEC (Foward Acting Error Correction), error detection and correction.

Redundant SCIbus capability is provided. There is a second pair of command and reply
buses that can be used should a failure occur in the primary pair. Redundant bus use is
command selectable by the CPU, and can be controlled from the command input from the
transponder.

The Bus Remote Interface Card provides each unit that is remote to the Central Control
unit access to the serial data bus. It contains redundant receiver and transmitter stages,
control and timing circuitry, buffers, and direct memory - I/O interfacing circuitry to each
units internal bus. The control and timing circuits perform synchronization, bit-shifting,
unit address decoding word verification, parallel buffering/transfers and monitors process
transactions. Once an incoming word has been decoded as addressed for, that unit, parity
is tested/stripped, function is determined, and the word is passed to the unit via the
DMA-I/O circuits. A response will occur from the unit within the specified time interval,
being transferred into the Bus interface card for transmittal to the central unit. If a response
is not received in time, the response on the bus will be a “dummy” word.

Buffers are used to store data/address information as it is built and routed to the
appropriate control circuits and interfaces. They allow the current word to be processed
while a new input is being received. In addition, buffers are utilized for all serial-to-parallel
and parallel-to-serial transactions and other data shifting functions.

POWER MANAGEMENT

Three modes of power management are supported: Full Operating, Standby, and Power
Strobed. The full operating mode of operation is in effect whenever the card is performing
the function it was designed for. The Power budget for any uDACS card in this mode of
operation is 1 Watt maximum. The stanby mode of operation is in effect whenever the card
is not being accessed by a bus master, receiving or transmitting data, or performing work
such as an A/D conversion on an analog card. Maximum power in this application is 100
milliwatts. All I/O cards contain the following provisions for accomplishing this: Strobing
the Clock OFF whenever the card is in Standby, where possible shorting inputs to analog



parts, such as operational amplifiers and powering off unused drivers and receivers. Power
strobing consists of turning power off to all components on the card with the exception of
the address decode.

DATA ACQUISITION CAPABILITY

The uDACS provides for the acquisition of analog, discrete, and serial digital interface
signals. The analog subsystem consists of an analog multiplexer, signal conditioner, analog
to digital converter, and digital signal Processor card. Discrete signals are handled by the
Discrete I/O Card, while serial data is handled by the Serial Digital I/O Card. Additionally,
the uDACS can be configured receive data from any of the standard shuttle, satellite, or
spacecraft interfaces. All digital input cards have the capability of full verification of the
receivers functionality.

The uDACS has the capability of formatting and outputting either non-encrypted data or
encrypted data in a redundant telemetry stream. Telemetry formats are resident in on-card
PROM, RAM, or EEPROM. Since the TLM Card contains its own sequencer, it can
operate without a CPU in the uDACS unit. This configuration is ideal for simple data
handling scenarios. Formats can be loaded from an external source or loaded from the
CPU if used. The bit Rates are software programmable and command selectable.

Command Functions are uplinked from either ground stations or from satellites (such as
TDRSS) through either single or redundant inputs. Several protocols are supported. The
uDACS provides for software programmable command word size, bit rate, and field
positions within the word. Command verification/validation processes are performed under
software control. The uDACS supports a multitude of command outputs: Discrete Output,
PO-28 Output, Analog Output, and Serial Digital Outputs. All Command outputs have
independent feedback circuits for command verification.

ANALOG SIGNAL PROCESSING

With the understanding that some Sensors need special signal conditioning, the Analog
Signal Processing Card provides the basic interface to Temperature Sensors, Force
Sensors, Pressure Sensors, Flow Sensors, and Level Sensors. The design consists of the
following sections; Anti-Alias Filter, Input Multiplexer, First Gain Stage - software
selectable of 1 or 10, Auto-Error Voltage Nulling, Programmable Offset Voltages,
Common Mode Voltage Sense/Guard Ring Drive, Second Stage Gain - Programmable
under software software control (any one of 4 values between 1 and 50), Track and Hold
Circuit, and Programmable Settling Time. A Digital Signal Processor is located on this
module for Finite Impulse Response Filtering, Infinite Impulse Response Filtering, Fast
Fourier Transforms etc.



FMDM INTERFACE

The MDM Interface provides the slave side of the Flexible Multiplexer Demultiplexer as
defined In JSC Vol. 14. Information transmission takes place in 20-bit words, one
microsecond per bit, Manchester 11 Bi-Phase format. Each 20-bit, word consists of a 3-bit
sync time, 16 data bits, and one parity bit. Data and sync information is transmitted using
pulse code modulation (PCM) in Manchester 11 bi-phase level coding. A logic “1” is a
bipolar coded digital consisting of a logical one followed by logical zero. The clock is
generated by the transmitting device and used in the fabrication of the Manchester 11 code 
format. When receiving data, the clock is derived from the Manchester 11 code as
acquired.

PO-28

Shaped 28 Volt pulsed outputs for up to 96 inductive loads is provided by the PO-28 Card.
The card additionally provides voltage threshold sensing circuits for verification of proper
operation. If the driver circuitry is not populated, the card can be used for a high voltage
discrete input card. Pulse width is adjustable under software control, while rise and fall
times are presetable and load independent.

DISCRETE I/O

The Discrete Input/Output card provides 80 discrete input/output signals that can be used
to control and/or monitor external apparatus. Numerous combinations of inputs and
outputs can be configured, in groups of sixteen including input-only operation. It also
provides the capability to verify the status lines configured as outputs, utilizing the unused
input section of each output. Separate return lines are provided for each group of sixteen
inputs/outputs. Selectable voltage thresholding is provided.

SDIO I/F

The Serial Digital I/O card provides a medium by which a serial message or command
which is in parallel form, i.e. in CPU memory, is stored in one contiguous block of storage,
converted to serial form, and output through one of eight addressable channels. Further, it
provides for loopback confirmation of the transmitted serial stream for bit by bit
comparison with the desired format used for error detection and correction.

TELEMETRY INTERLEAVER

The  Telemetry Interleaver Card (TLM) has the ability to attain and interleave data from
either I/O sources or memory according to a PROM format. The TLM Card can operate



with or without a uDACS CPU/Memory card in  the box. Upon power-up the TLM 
initializes itself prior to inaugurating an operating format and bit rate. The formats are
labeled A, B, C, D and test. The bit rates are software programmable up to 1 Mbit. Once
initialized, the TLM then proceeds to perform the appropriate addressing, collecting, and
interleaving PCM data. The interleaved PCM data is output as Manchester 11 B-Phase,
NRZL and BIO-L. Other outputs of the interleaver are PCM clock, super-comsync, main
frame and data cycle sync.

SGLS/IRIG

The interface to the Space Ground Link Support (SGLS) and the Inter-Range
Instrumentation Group (IRIG) timing signal is provided. The circuitry contained on this
card is used to receive and decode an IRIG  timing signal, and receive uplink commands
through the SGLS.

COMPLEX POLE FILTER CARD

The Analog Signal Conditioning Module Contains only a single pole filter. In some
applications it may be necessary to filter with multiple pole anti-alias filter or a complex
filter. A separate Complex Filter Card will be needed. This card is configurable as a six
pole low-pass filter. In addition the filter can be configured as a Butterworth, Bessel, or
Chebyshev. High Pass filters of the pole type and of the elliptical type are supported, as
well as a multiple feedback bandpass, or as an elliptical bandpass filter, and as a band
reject filter.

PRECISION CURRENT CARD

The current excitation card provides multiplexed, strobe, transducer excitation sources for
use with the 4-wire RTD temperature sensors. Between 1 and 10 milliamps of current is
multiplexed to 1 of 64 outputs. The actual current is set by writing to a 12 Bit DAC on the
card, allowing the card to be set to its correct output current under software control. The
card is memory mapped to the same location as the corresponding Analog Signal
Processing Card. The duration of the output pulse is the same as the settling time
programmed on the Analog Signal Processor.

SPACECRAFT RECORDER INTERFACE.

The Spacecraft Recorder Interface Card (SRIC) controls, and transmits data to/from the
following recorders: Lockheed 4200, Lockheed 4250, Datatape M-14F, and the Oedetics.



I/V CONVERTER CARD

An interface is be provided that transforms low level currents to a precision voltage. This
transresistance amplifier card contains 64 “zero” impedance inputs. After conversion to a
precision voltage, the selected channel is multiplexed to an output pin that intern feeds one
of the inputs on the Analog Signal Conditioning Module.

SYNCHRO AND RESOLVER I/F CARD

The uDACS is designed to allow for various interfaces to synchros and resolvers allowing
for shaft angle measurements and positions. Some of the possible Synchros that can be
supported are: Electromagnetic, Hairspring, Magslips, Transolvers, Slap, Linear
Inductosyn, Rotary Inductosyn, and Multipole.

MiL-STD-1553 CARD

This circuitry provides an interface between the uDACS CPU and a MIL-STD-1553 data
bus. The system performs the complete dual redundant Remote Terminal (RT) and the Bus
Control (BC) functions of the MIL-STD-1653 Data Bus. The card contains a dual bus
redundant, error detection circuitry, on-board RAM of at 1024 words. The RAM allows
for the uDACS CPU to read or write data asynchronously with 1553B bus operations. An
interrupt is used to signal the CPU upon reception of data or of errors.

STAR TRACKER I/F

The uDACS is capable of interfacing to the NASA Standard Star Tracker. This device is
an electro-optical apparatus which uses an image polarizer to search for and track either
stars or sunlit targets. This data is used primarily for spacecraft attitude control or
spacecraft celestial pointing.

INTERNAL REFERENCE ASSEMBLY I/F

This card decodes pulse width modulated signals from an IRA, an produce a 16-Bit word,
that represents a rate change of +/- 3.0 Degrees/Second with a resolution of 0.005
arcseconds/bit. The card receives the following inputs: Four Channels of 1200 Hz Pulse
Width Modulated Data, Two Clocks for PWM decoding (From The Gyros), Two System
Clocks. This circuitry outputs: Four 16-Bit data words representing the accumulated count
and One 16-Bit Status Word representing the sign of each accumulated count and the
number of PWM pulses decoded in each frame.



CLOCK DISTRIBUTION

The reception and distribution of precision clock sources from either “off card” or “on
card” oscillators is made with this assembly. If the redundant clock sources are generated
off card they are received with differential line receivers, which are in turn routed to the
frequency checking circuits and the selecting multiplexer inputs. The differential output
drivers are series terminated differential transmitters. The Master and Distribution Clock
Card both provide pass/fall frequency check for the clocks. This information provides the
CPU with error detection on the master crystal oscillator and the divider counter chain.
The Distribution Clock Card uses the pass/fall checking on both clocks. The status of
these test are input to the control logic to provide control of the selection of input clocks to
the counter chain. The Master Clock Card control logic provides the clock status
information to the CPU and produces an interrupt to the CPU upon clock failure. The
Distribution Clock Card control logic takes the status on the four clock inputs along with
the control signal from the CPU and uses them to control the input multiplexer. The CPU
provides the control logic with a hardware swap inhibit and a software swap signal. The
hardware inhibit signal prevents the hardware from swapping input clock channels
automatically upon a clock failure. The software swap signal allows the CPU to swap
input clock channels without having a clock error occur.

FSK INTERFACE

This card allows for Frequency Shift Keying decoding. The phase lock loop center
frequency is set on the card by an R/C network. The system bandwidth, along with the
loop filter time constant and damping factor is adjustable. The card contains a single pole
post detection filter for the FSK data output. The card contains a lock-detect circuit for
carrier detection.

HIGH SPEED HARDWARE VIDEO PREPROCESSOR

The uDACS is capable of supporting Video Data Processing. The technology provides
interfaces to Video Cameras, invalid Pixel Elimination, Camera Gain Control, Offset
Subtraction, Thresholding, Correlation Tracking, Data Buffering, and Data Compression
etc.

RATE GYRO ASSEMBLY INTERFACE

The Rate Gyro Assembly assembly is a vehicle attitude change sensor that provides data
for use in determining vehicle angular rate and attitude. Each RGA consists of a Rate
Sensor Unit, an Electronics Control Unit and two Rate Integrating Gyros. Each RGA
channel outputs a 1200 Hz PWM data signal and a 302.7 kHz clock signal. The 1200 Hz



PWM signal represents positive and negative incremental angle changes about the gyro
axes. The PWM signal certain amount of logical “1” and logical “0’ time. The ratio of the
high time to low to low time is proportional to the net rotation of the vehicle body about
that gyro axes.

ENCRYPTED DATA

The uDACS has the capability of receiving and transmitting encrypted data. The encrypted
data circuitry is housed in a “isolated” module of the same dimensions as the power
supply. This module provides isolation allowing for Red and Black environs of the
uDACS.

ADDITIONAL I/O CARD INTERFACES

The modular Architecture designed can support virtually any type of I/O function needed.
Interface to the Remote Acquisition Interface to Spacelab can easily be implemented, as
well as interfacing to Low G Accelerometers and Sun Sensors etc.

I/O CARD BUILT-IN-TEST

All command or data output cards either serial or discrete have verification circuitry
located at the output stage of the card, while all command or data input Cards either
discrete or serial have the capability of writing data to the card input stage and reading it
back. The verification circuitry is able to access a preset word. If a failure is flagged this
attribute allows the CPU to determine if the failure materialized on the verification
circuitry or on the absolute functional circuitry.

ENVIRONMENTAL

The system is designed to function during all phases, and conditions typically encountered
during Space Borne and Launch Vehicle missions. All digital control circuitry as well as
the power supply will withstand the harsh radiation environments illustrated in Table 1.

Table 1
Radiation Environments

Total Dose: 1E06 Rads Si,
1E14 Neutrons/Sq Cm Functional After Exposure

SEU: 1E-10 Bit errors/Day,
Latchup-Free

Transient: 1E10 Rads/Sec Functional,
1E12 Rads/Sec Survival



The system operates over a temperature range from -175 Degrees C to + 70 Degrees C in
a vacuum of 1E-8 Torr. With the use of thermofoil electric heaters (below -55 Degrees C.)
the system can “cold” start at -175 Degrees C. All pertinent specifications of MIL-STD-
461 are met.

CONCLUSIONS

The Technology developed in the uDACS system provides high reliable, small, power
efficient, light weight, radiation hardened, stand alone Flight Computers as well as
Control, and Command/Data Handling Systems. The bus arbitration technique provides
respectable processing throughput for most Real Time Control Systems. Since the system
can withstand all single point failures and most multiple failures and provides built-in-test
capability of all I/O cards (with switchover to a back-up card) Fault Tolerance and Fault
Recovery are actually realizable. Combining these characteristics with the distributed
processing capability of the system, a general purpose network with applications in
virtually all Space Borne and Launch Vehicle assemblies is achieved.
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ABSTRACT
Using MicroDACS* SMT ASIC technology, an instrumentation and control system is
designed to meet the low cost, fault tolerant, data handling requirements for advanced
launch vehicles of the 901’s. Advanced launch vehicles will require low cost autonomous,
and reliable measurement circuits. This paper describes many measurements and signal
conditioning applications for various types of analog transducers needed to insure missile
health and safety on boosters of the future.

INTRODUCTION
Large or small, launch vehicles have developed, historically, through a series of test flights
requiring costly and heavily instrumented avionics serving to obtain a degree of confidence
in the vehicles’ design reliability and capability. Future launch vehicles will require higher
reliability and more instrumentation at a lower cost. Measurement circuits continue to
become more sophisticated and demands for total compatibility with the overall system
becomes more critical. Reliability, power, weight, accuracy, and ultimately cost, are all
affected when the transducers are not matched properly to the data acquisition system.

GENERAL
The actual sensor within the transducer, though it is transforming one form of energy to
another, is also sensitive to other environs as well. It is likely to be temperature and
frequency sensitive, nonlinear, and may distort and degrade the information which is
needed. Modern electrical transducers, ideally, correct for most of the undesirable
environmental effects. Hopefully, physical inputs to electrical outputs would be linear, but
it is only true with active devices. Active transducers defined by the IEEE Standard
Dictionary require an electrical excitation voltage which is modulated by the physical
input. Examples are bridges, RTD’s, and some semiconductor temperature transducers.
Generally, their outputs are high levels (>1 Volt). Passive devices, such as thermocouples
and piezoelectric transducers, are linear over very short ranges. Their advantages are
simplicity and repeatability.



Transducers can also be smart. Integrated devices today may contain signal amplification,
filtering, impedance control, and have digitized outputs. In other words, they may be
directly compatible with a computer interface. Optical sensors are also becoming a reality.
The advantages of fiber optics in launch vehicles are many. The normal problems of EMI,
high temperature, and high bandwidth can be overcome with fiber optic sensors.

MEASUREMENT PROFILES
To answer the question: “what types of measurements can we expect on future launch
vehicles?”, a brief survey was performed from a compilation of many currently active
measurement lists. Lists of four launch vehicle programs were analyzed and the results are
shown in Figure 1. The data indicates that relatively few channels are allocated to such
things as flow, RPM, level, and acceleration. An average of 30 percent of measurements
utilize bridge circuits to measure pressure and strain. The great majority of measurements
based on this survey, require an interface to a data acquisition system similar to the circuits
shown in the following diagrams.

Analog Multiplexer
The figures which are presented illustrate typical aerospace sensors which are signal
conditioned and calibrated by MicroDACS Central and Remote Units. The measurement
circuits are currently in use or planned for use by launch vehicle contractors. Overall
accuracy requirements for each measurement may vary, but total error contribution by the
MicroDACS is less than ±0.2 percent. Differential amplifier input impedances for analog
signals are required to be higher than 5 megohms during sampling periods and include
many programmable gain steps. Gains range from 1 to 500 to easily accept thermocouple
level outputs. Ten to 20mV offset steps are needed for positive and negative voltage
measurements.

Filtering
Filtering at the signal conditioner is required to eliminate unwanted noise from the sensor
or for antialiasing caused from the multiplexer scanning rates. In the past, it was common
to install fixed low pass filters to solve both problems. Low pass filtering is still used today
to minimize the effects of noise and aliasing frequencies. This filtering will reduce the error
contribution due to these factors to less than 1 percent. Any other filtering requirements for
measurements following the A/D conversion will be frequency selectable by channel using
digital filtering. Certain predictable aspects of wideband data will be a great advantage in
data processing using digital filtering.

Voltage and Current
Output voltage characteristics vary widely with levels from 30MV to as high as 40 Volts.
Figure 2 is a generalized voltage measurement in a launch vehicle application. It may
require a 2 to 4 wire connection to the transducer. Active transducers may have their own



externally supplied excitation or may require internal excitation from within the central or
remote acquisition units. Ten to 24 Vdc is shown, but other precision voltages are used. It
is preferred that transducer excitation be provided by the MicroDACS to reduce the effects
of high common mode voltages.

Discrete event measurements may be handled in the same way, though precision voltages
are not needed. In the case of passive transducers, such as thermocouples, excitation may
still be required for reference junction compensation. R1, the transducer output impedance,
may be lower than 10 ohms for thermocouples or as high as 10k ohm with high level
discrete or analog voltages.

R2 in Figure 2 is a transresistance device programmable for a range of resistances. It offers
precision resistance and is selected for transducers which are current transmitters. These
currents may range to 40mA, but are typically 4 to 20 mA with linear outputs. Current
transmitters obviously have a distinct advantage in transmitting data over long lines and are
the result of newly developed sensors with built-in integrated circuitry.

Many transmitter type transducers which measure pressure, temperature, vibration, and
other parameters are available to be qualified for launch vehicle environments. Except for
filtering, the built-in linearization and lower output impedances of these devices will
require very little signal conditioning at the MicroDACS units. Even though slightly higher
excitation currents are needed, current transmitting has a special advantage in measuring
force and vibration using high output impedance sensors such as piezoelectric
accelerometers. Over 109 ohms input impedance using charge coupled amplifiers are
commonly required to read piezoelectric type devices. Today, the accelerometer may
contain the circuitry to reduce this impedance to as low as 100 ohms. The transducer can
then drive longer lines into conventional amplifiers.

Thermocouples
Two different thermocouple circuits with built-in reference junction compensation are
shown in Figure 3. The top diagram is a common thermocouple measurement circuit
wherein many thermocouples are used in the same proximity. The advantage is that the
reference junction temperature is measured only once in an isothermal block environment
for all thermocouples. A simple software routine then processes the true milivolt signal and
temperature value. The disadvantage is that all thermocouples must be the same alloyed
pairs. The bottom circuit shows an integrated transducer which is an option when only a
few unique thermocouples are needed. The additional circuitry shown in the remote
MicroDACS unit is an auxiliary circuit for calibration and simulation. Filtering is not
shown.



Bridge Circuits
Figures 4 shows more conventional style transducers which are used normally to measure
pressure and strain. Bridge measurements, typically used in strain gauges and pressure
transducers, may require 4-wire networks . Bridge completion circuits are often needed1

within the MicroDACS signal conditioning circuit (not shown). To reduce contractors cost,
the signal conditioner contains excitation voltage and all remaining bridge elements.
Excitation voltage is typically 10 Vdc. Stability regulation of this voltage is better than
±.05 percent. Full scale sensitivity will likely be 3 to 5 mV per volt of excitation.
Calibration is acquired periodically by resistor substitution. If the transducer contains
current transmitter circuitry (not shown), then it is only a 2-wire device. One disadvantage
to a 2-wire current transmitter however, is developing an acceptable periodic calibration
technique.

Resistance
Figure 5 is an example of a resistor measurement circuit typically used for measuring
RTDs, position, displacement, or level. Many times, 3 or more wires are used to complete
the calibrations and eliminate the effect of long field leads or connection resistances. A
highly regulated constant current supply completes the circuit. As a current transmitter,
only low regulated voltage and 2 wires are needed at the signal conditioner (not shown).
Since current regulation is built-in to the transducer, small variations in wire and
connection resistance will have no effect on measurement accuracy. However, since
normal resistance measurements are accomplished so easily by MicroDACS, the need of a
higher cost current transmitter for resistance measurments is reduced.

Figure 6 shows a variation to the resistance measurement circuit with voltage supplied to a
potentiometer. In this case, and to a large degree, accuracy will depend on the stability of
the regulated excitation voltage supply and the resolution of the potentiometer.

Inductive Transducers
Figure 7 represents a voltage measurement of inductive loads such as Linear Variable
Differential Transformers. With LVDTs the core is allowed to travel within the coil wound
housing causing the effect shown on the curve. Although LVDTs produce excellent
resolution and accuracy, a low voltage ac excitation voltage is required.

Similarly, synchros and resolvers with angular position information are inductive. In this
case, transformer primaries will be allowed to rotate with respect to the 2 or 3 secondaries.
See Figure 8. With these devices, the amplitudes of the secondary outputs contain the
angular information. The primary reference voltage, VRsin wt is used to synchronously
detect these amplitudes. Transformer type transducers are available as dc devices with
built-in invertors and signal conditioning.



Other inductive measurements such as the inductive pick-ups used in RPM and flow
turbines fall into pulse generator categories. At a suitable scanning rate, this data is sensed
as a pulse rate by the same analog or digital signal conditioning used for discrete event
measurements. Usually, pulse totallization for RPMs and GPM is stored in 16 bit registers
to be processed later as total revolutions or total gallons. Additional information such as
rate of change may be contained in the pulse width of the same pulse. Variations of pulse
widths are then measured with the same high resolution counters used to measure the total
period.

Fiber Optic Transducers
Future launch-vehicles of the 90’s will realize many of the virtues of fiber optic sensors
and communications; but first, some barriers in the technology must be overcome.
Ruggedized designs and standardization of fiber optic communications are being
contemplated and military specifications are presently being established for the aircraft
industry. Fiber optic sensors for launch vehicle programs are still in the development stage;
however, research in optical sensors for temperature and strain promises to materialize this
year. The most promising is the embedded  sensor in the missile skin and panels.2

Permanently embedded during the manufacturing stage, the sensor gives an excellent
tracking record of test results of post manufacturing and assembly processes as well as the
launch vehicle flight. The high temperature associated with metal processing precludes the
use of common fiber optic glass or even fused quartz. Exotic materials such as sapphire
embedded into carbon-carbon may be required. Once the airframe assembly is completed,
fiber optic cable connects the sensor to instrumentation such as interferometers or optical
time domain reflectometers.

SUMMARY AND CONCLUSIONS
Many signal conditioning applications were presented to show the significance of the
transducer to the data acquisition interface. Several new transducers utilizing integrated
signal conditioning within the sensor will minimize the problems of impedance matching
over long leads. The most promising advance in launch vehicle measurement technology
may be the embedding of optical fiber in sheet or rolled steel for measuring strain, Recent
disasters caused by ageing or unexpected strain on tanks and panels may have been
prevented by this measurement technique. The data acquired early in the fabrication stage
compared properly with operational ageing trends is the most important virtue of these
transducers.
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ABSTRACT

Recent developments in electronics have made possible the miniaturization of many of the
subsystem components associated with a typical spacecraft data acquisition and control
system. This paper describes a low power consumption, fault tolerant, high performance
data acquisition and control system design utilizing third generation hardware. The system
includes built in test autonomy, redundancy management and fault tolerant communication
busses, and supports multiprocessing with up to five 35 Million instructions per second
(Mips) processors.

GENERAL

A recognized need for hardware having radiation survivability, fault tolerance and
autonomous reconfigurability is growing within the space community. The spacecraft data
acquisition system of the 90s must encompass all of the above features, as well as being
light weight, low volume and must require low operating power. It must be flexible to
allow for various application specific configurations, and must have enough processor
(CPU) cycles to perform reasonably computationally intensive tasks. The system described
in the following paragraphs is built around the SCI microDACS (micro Data Acquisition
and Control System) and embodies all of the desired attributes listed above.

SYSTEM EXAMPLE

The central unit of the system example (figure 1) provides commands to, and gathers
telemetry data from, the remote units, and consists of a redundancy manager board, two
processor boards, two bus control boards, two power supplies, two sets of discrete input
cards, and two data interleaver cards with a split bus arrangement as shown in figure 2.



The redundancy manager uses “watch-dog” timers and majority voted control lines to
provide system switch-over in the event of a failure in one half of the central unit. If some
data loss can be tolerated, the system can be configured such that the stand-by half of the
system is unpowered. As shown in figure 2, both system half’s are powered, with the
redundant half running in the “shadow” mode until called upon by the redundancy
manager. The master unit contains input ports which allow for time code inputs and
uplinked command and data inputs.

Remote units are used to gather the telemetry data and to distribute commands and control
to various remote sites within the spacecraft. The remote units shown in the example of
figure 3 contain a power supply, analog input cards, discrete input cards, a CPU card, and
bus interface cards. The analog input cards accept up to 80 single ended input channels (or
40 differential inputs), and convert each of the inputs to a 10 bit binary number, with a
maximum non-accuracy of 1 least significant bit. The data input from the analog and
discrete cards is passed to the CPU card for data compression and pre-processing,
buffered, sent to the bus interface, and output to the serial bus.

Telemetry data can be passed to the interleaver via DNA transfers to the interleaver RAM,
or can be supplied directly from I/O sources. Output data rates of up to 1 megabit per
second are supported by the interleaver.

RADIATION TOLERANCE

Semiconductor devices exposed to ionizing radiation are subject to damage caused by
trapped charges at bulk semiconductor interfaces and in the gate oxide. These trapped
charges result from the generation of additional carriers in the oxide layer by the high
energy particles, and cause shifts in the threshold voltage of MOS devices when the
trapped charge occurs in the gate oxide layer. Assuming 100% oxide layer charge
entrapment, the threshold voltage shift can be determined as follows (1):
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Where )V   is the threshold voltage shiftT

           (       is the total absorbed dose
          g  = 7.6 x 10  h-e pairs/cm rads(Si)o

12

          q = electron charge
           , = dielectric constant
           t  = gate oxide thicknessox

As can be seen from the preceding equation, radiation tolerance can be increased (ie., the
threshold voltage shift can be minimized) if the oxide thickness is decreased. The



microDACs unit makes extensive use of thin oxide layer CMOS and is designed to
withstand a total rad (radiation absorbed dose) of 1EO6(Si). Further, a built-in error
correcting scheme employed by the microDACs on both the address and data lines ensures
a low system error rate due to Single-Particle-Induced Transient Upset.

FAULT TOLERANCE

Commands and data are sent between the central unit and the remote units via a redundant
serial bus. The commands may be transmitted on either the “A” or “B” command bus, and
reply’s returned on either the “A” or “B” reply bus. Figure 1 shows a typical system
implementation using redundant data busses for increased reliability.

System data and address lines incorporate a modified Hamming-code error detection and
correction scheme. All of the system control lines are triple-redundant. The error detection
and triple-redundancy ensure proper system operation in environments containing high
energy particles (ie., cosmic rays). In systems requiring the highest reliability and fault
tolerance, the system bus may be configured as a split, redundant bus with duplicate
system resources on each isolated half. A redundancy manager using watch-dog timers
monitors the system and controls system switch-over.

The serial bus uses a unique technique of driving the bus in both the voltage and the
current mode. The transmitters and receivers are directional and are thus impervious to
reflections and disturbances on the bus downstream of the unit. Even bus shorts and opens
do not disturb the operation of units upstream of the fault. The directional nature of the bus
allows redundant units to transmit transparently into the bus of the primary unit, allowing
flexibility in cross-strapping for redundant operations. This feature, along with the
redundant bus architecture, provides system tolerance to single, and in many cases
multiple, failures.

FLEXIBILITY

The overall system shown in the example embodies flexibility due to the mother-
board/daughter-board configuration used in the central and remote unit physical packaging.
Many different card compliments and configurations may be used depending upon the
requirements of the end product: As many as 27 remote units may be used on the serial
busses for very large system configurations. Additional flexibility results from the light
weight (under 9 lbs., central unit; under 7 lbs., remote unit), and low volume of the modern
components, allowing full hardware redundancy in less weight and volume than was often
required with previous generation hardware.



The central unit supports a number of different configurations, ranging from a sequencer
based system with no processor, to high speed, multi-processor systems containing up to
five 35 Mips processors with a system throughput (using the 80% rule) in excess of 117
Mips. Up to 16 MByte of memory can be supported by the central unit, providing
sufficient memory for full autonomous systems, artificial intelligence, or other memory
intensive applications.

Various I/O cards can be used in the remote units depending upon the number of signals
and type of conditioning required by the spacecraft system. A CPU in the remote unit is
optional and may be present if required for data preprocessing or remote autonomous
operations

SUMMARY AND CONCLUSIONS

The new generation data acquisition and control systems are flexible and powerful, and
can be configured to match any system configuration required. Full hardware redundancy
is now possible with less weight and power consumption than could be obtained with
previous generation hardware in a non-redundant system. The extensive use of CMOS
ensures low system power consumption and provides hardning for ionizing radiation
environments. Error detection and correction provides protection against Single-Particle-
Induced Transient Upsets, an importaint feature when the system is exposed to high energy
particles and data and control errors cannot be tolerated.
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ABSTRACT

This paper addresses the system issues of applying digital video to modern telemetry
systems and problems. Comparison of typical link budgets, block diagrams, as well as
improvements and limitations for both analog and digital video are included. Encryption
issues are covered from a generic unclassified point of view.

INTRODUCTION

In most telemetry video systems three things are of importance: resolution, signal-to-noise
ratio, and bandwidth. When analog techniques are used, these three elements are highly
interrelated. More resolution requires higher telemetry channel frequency response, and
higher channel response generally requires more transmission bandwidth to send the signal
out. This in turn lowers the signal-to-noise ratio of the received signal unless a comparable
increase in signal strength is achieved through added transmit power or through reduction
in signal attenuation (shorter range). As a rule, analog video systems are designed to
achieve a minimum signal-to-noise ratio of 30 db and, with normal 525 line RS-170 video
(the most common case in the US), have a bandwidth of 4.5 MHz. With normal
narrowband FM this signal occupies an RF bandwidth of about 10 MHz. This FM system
is probably the most common method of transmitting video on US test ranges today.

The drawbacks of this type of analog FM transmission system are many, but the major
problem is the difficulty of reliably encrypting the video signal. Additional considerations
are the difficulty of efficiently mixing other, more classical telemetry data with the video,
the wide bandwidth required to transmit this signal, and the vulnerability of this signal to
noise. But these problems are not insurmountable; a reasonable solution can be found
through the use of digital video.



ADVANTAGES OF DIGITAL VIDEO

Signal-to Noise Ratio and Link Budget

Digitizing 525-line RS-170 (4.5 MHz) video image into an 8-bit pixel array 512x512 at
30 arrays per second closely approximates the original image quality. Without any
overhead or other processing, this raw video image will result in a serial bit stream of
62,914,569 bits per second (bps). Using the recommendations contained in the PMTC
Telemetry Applications Handbook, a link budget can be constructed for each type of TM
link and a direct performance comparison can be made. Figure 1 illustrates the block
diagram of a simple PCM/FM digital video encryption and telemetry system. Table I
illustrates the link budget of the classic analog video FM telemetry system, and Table 11
illustrates the link budget of the comparable digital PCM/FM transmission system.

A quick comparison of Table I and Table II shows that even without any sort of
compression, the PCM/FM system has about 7.5 db more margin than the analog FM
system. With no further changes to the configuaration, the PCM system would have 2.4
times the range of the analog FM system with equivalent margin. The PCM system does
have the drawback of requiring significantly more bandwidth (approximately 7 times, or
8.5 db more,) but it also offers 16 db more noise immunity.

The VCS-500 system hardware provided by LORAL/CONIC will compress this video into
a PCM stream of 8.8 Mbps. Table III illustrates the link budget for this system. In this
configuration, the system is capable of transmitting video in a 1.1 Mbps PCM bit stream at
a reduced frame rate of 3.25 Fps. Table IV illustrates this case. New hardware under
development will soon be available and will employ two- or three- dimensional
compression techniques with compression ratios as high as 85:1. These new techniques
should allow full frame rate, 512x512 pixels per frame, eight bits per pixel, RS-170 video
in a bit stream of less than 800 Kbps. This is very close to the 740 Kbps maximum bit rate
recommendation of the PMTC Telemetry Applications Handbook for an IRIG 106-86 1
MHz telemetry channel. A table illustrating the link budget for this potential system would
be similar to Table IV, but the margin would be 1.2 db greater. Whenever possible the
nearest standard IF bandwidth was used for link calculations as recommended in IRIG-
106-86.

Encryption

Encryption of analog video signals is an unreliable process at best, and requires very
special encryption equipment. This problem is most easily solved by digitizing the video
and compressing the resulting PCM stream. Most ranges support the KG-66 Nobleman
algorithm with commonly available NSA decryption hardware. Although highly reliable,



this low-cost digital encryption hardware is not capable of securing video signals without
digitizing and compression to less than 10 Mbps. The VCS-500 hardware operates at a
wide range of user-programmable output bit rates--all of which are below 10 Mbps. This
hardware allows the use of this class of encryptor and as an option has the KGV-68 built
into the unit. This equipment has been tested for Tempest requirements and found
satisfactory by NSA. The use of compression will allow the implementation of a wide
variety of encryptors which were formerly used only for telemetry.

Mixing with TM Data

Quite often when Video telemetry is required, some “other” telemetry is also needed.
When analog video is transmitted, the most common method of transmitting this “other”
telemetry is by way of a subcarrier oscillator which allows both signals to be transmitted
on the same carrier. This FDM method of combining signals wastes the telemetry
spectrum, since spacing is required to prevent mutual interference between the analog
video and the “other” telemetry. When digitized and compressed PCM video is used,
however, it is a simple matter to digitally merge these two PCM streams into a single
composite stream. This composite stream, if properly formatted to comply with the
requirements of IRIG 106-86 type I formats, could easily be decommutated using existing
decommutators in place on most ranges today. The use of “in-place” equipment would
require the paralleling of the video data expansion unit with the existing range
decommutator; this parallel patching would occur after the decryption hardware. This
approach to mixing TM data would minimize equipment costs, while using existing IRIG
specifications to standardize data formats.

Securing Video Tapes Through the Use of Compressed Digital Video

Great strides in airborne video tape recorders have been made in the last few years. Today
both VHS and 8 mm formats are available in packages reinforced for use in high
performance aircraft or unmanned vehicles. Recording this video on tape (when classified
information is contained in the video images) classifies the tape to the level of the
classified information. This means, of course, that the tape must be controlled and treated
with all the normal precautions granted other classified information. Electronics are
available today to use these same analog video tape recorders to record digital data up to 1
Mbps. This will allow 3.25 frames per second (decimated RS-170) encrypted video to be
recorded today and full frame rate video to be recorded in the future. Within 2 years full
frame rate video will compress to less than 1.0 Mbps in airborne hardware.



CONCLUSION

The application of digital video in modern telemetry systems is a promising concept. Not
only does it offer a solution to the problem of reliable encryption of the video signal, it also
offers significantly higher margin and link reliability, a less expensive and more effective
way to mix TM data, and a better method of securing video tapes--for today-and for the
future.

FIGURE 1



PROJECT NAME......ITC 88

DESCRIPTION....... Analog Video 4.5 Mhz

RANGE SOLUTION EQUATION SOLVED FOR MARGIN AND LINK RELIABILITY
===========================================================================

SYSTEM DATA SYSTEM LOSSES
FREQUENCY 1700.00 MHZ
TRANSMIT POWER 2.00 WATTS TX FEED -1.00dB
MINIMUM SNR 30.00 dB POLARIZATION -3.00 dB
DESIRED RANGE 10.00 MILES WEATHER 0.00 dB
Max Mod Freq 4500.00 KBS OTHER 0.00 dB
IF BW 10000.00 KHz
 ------------
PEAK DEVIATION 4500.00 KHz TOTAL LOSSES -4.00 dB
MODULATION INDEX 1.00

ANTENNAS NOISE FIGURE

TX ANTENNA GAIN 0.00 dB RX FEED LOSS -1.00 dB
RX ANTENNA GAIN 30.00 dB LNA NOISE FIGURE 1.50 dB

                         ------------------ LNA GAIN 25.00 dB
CUM ANTENNA GAIN 30.00 dB CABLE LOSS 3.00 dB

OTHER 0.00 dB
RX NOISE FIGURE 8.50 dB

DIVERSITIES 0.00 dB ---------
SYSTEM NOISE FIG 2.52 dB

************************************************************************************

FREE SPACE ATTEN -121.21 dB
TX POWER 33.01 dBm KTB -174.00 dB/Hz
ANTENNA GAIN 30.00 dB IF BANDWIDTH 70.00 dB
SYSTEM LOSSES -4.00 dB NOISE FIGURE 2.52 dB
DIVERSITY IMPROVE 0.00 dB MINIMUM SNR 30.00 dB

------------ ---------
CARRIER POWER -62.20 dBm USE THRESHOLD -71.48 dBm
FM IMPROVEMENT 0.00 dB
USE THRESHOLD -71.48 dBm

------------
MARGIN 9.28 dB

LINK RELIABILITY 88.19%

TABLE I



PROJECT NAME......ITC 88
DESCRIPTION.........PCM VIDEO 63 Mbps

RANGE SOLUTION EQUATION SOLVED FOR MARGIN AND LINK RELIABILITY
===========================================================================

SYSTEM DATA SYSTEM LOSSES

FREQUENCY 1700.00 MHZ
TRANSMIT POWER 2.00 WATTS TX FEED -1.00 dB
MINIMUM SNR 14.00 dB POLARIZATION -3.00 dB
DESIRED RANGE 10.00 MILES WEATHER 0.00 dB
BIT RATE 62914.00 KBS OTHER 0.00 dB
IF BW 70000.00 KHz ---------
PEAK DEVIATION 22000.00 KHz TOTAL LOSSES -4.00 dB
MODULATION INDEX 0.50

ANTENNAS NOISE FIGURE

TX ANTENNA GAIN 0.00 dB RX FEED LOSS -1.00 dB
RX ANTENNA GAIN 30.00 dB LNA NOISE FIGURE 1.50 dB

---------- LNA GAIN 25.00 dB
CUM ANTENNA GAIN 30.00 dB CABLE LOSS 3.00 dB

OTHER 0.00 dB
RX NOISE FIGURE 8.50 dB

DIVERSITIES 0.00 dB ---------
SYSTEM NOISE FIG 2.52 dB

************************************************************************************
FREE SPACE ATTEN -121.21 dB
TX POWER 33.01 dBm KTB -174.00 dB/Hz
ANTENNA GAIN 30.00 dB IF BANDWIDTH 78.45 dB
SYSTEM LOSSES -4.00 dB NOISE FIGURE 2.52 dB
DIVERSITY IMPROVE 0.00 dB MINIMUM SNR 14.00 dB

----------- ---------
CARRIER POWER -62.20 dBm USE THRESHOLD -79.03 dBm
FM IMPROVEMENT 0.00 dB
USE THRESHOLD -79.03 dBm

-----------
MARGIN 16.83 dB

LINK RELIABILITY 97.92%

TABLE II



PROJECT NAME......ITC 88
DESCRIPTION.........Compressed PCM Video 8.8 Mbps

RANGE SOLUTION EQUATION SOLVED FOR MARGIN AND LINK RELIABILITY
===========================================================================

SYSTEM DATA SYSTEM LOSSES

FREQUENCY 1700.00 MHZ
TRANSMIT POWER 2.00 WATTS TX FEED -1.00 dB
MINIMUM SNR 14.00 dB POLARIZATION -3.00 dB
DESIRED RANGE 10.00 MILES WEATHER 0.00 dB
BIT RATE 8800.00 KBS OTHER 0.00 dB
IF BW 10000.00 KHz ---------
PEAK DEVIATION 3080.00 KHz TOTAL LOSSES -4.00 dB
MODULATION INDEX 0.50

ANTENNAS NOISE FIGURE

TX ANTENNA GAIN 0.00 dB RX FEED LOSS -1.00 dB
RX ANTENNA GAIN 30.00 dB LNA NOISE FIGURE 1.50 dB

------------ LNA GAIN 25.00 dB
CUM ANTENNA GAIN\ 30.00 dB CABLE LOSS 3.00 dB

OTHER 0.00 dB
RX NOISE FIGURE 8.50 dB

DIVERSITIES 0.00 dB ---------
SYSTEM NOISE FIG 2.52 dB

************************************************************************************
FREE SPACE ATTEN -121.21 dB
TX POWER 33.01 dBm KTB -174.00 dB/Hz
ANTENNA GAIN 30.00 dB IF BANDWIDTH 70.00 dB
SYSTEM LOSSES -4.00 dB NOISE FIGURE 2.52 dB
DIVERSITY IMPROVE 0.00 dB MINIMUM SNR 14.00 dB

------------ ---------
CARRIER POWER -62.20 dBm USE THRESHOLD -87.48 dBm
FM IMPROVEMENT 0.00 dB
USE THRESHOLD -87.48 dBm

------------
MARGIN 25.28 dB

LINK RELIABILITY 99.70%

Table III



PROJECT NAME.....ITC 88
DESCRIPTION.........COMPRESSED VIDEO 1.1 MBPS @ 3.25 Fps

RANGE SOLUTION EQUATION SOLVED FOR MARGIN AND LINK RELIABILITY
===========================================================================

SYSTEM DATA SYSTEM LOSSES

FREQUENCY 1700.00 MHZ
TRANSMIT POWER 2.00 WATTS TX FEED -1.00 dB
MINIMUM SNR 14.00 dB POLARIZATION -3.00 dB
DESIRED RANGE 10.00 MILES WEATHER 0.00 dB
BIT RATE 1100.00 KBS OTHER 0.00 dB
IF BW 1000.00 KHz ---------
PEAK DEVIATION 385.00 KHz TOTAL LOSSES -4.00 dB
MODULATION INDEX 0.50

ANTENNAS NOISE FIGURE

TX ANTENNA GAIN 0.00 dB RX FEED LOSS -1.00 dB
RX ANTENNA GAIN 30.00 dB LNA NOISE FIGURE 1.50 dB

------------ LNA GAIN 25.00 dB
CUM ANTENNA GAIN 30.00 dB CABLE LOSS 3.00 dB

OTHER 0.00 dB
RX NOISE FIGURE 8.50 dB

DIVERSITIES 0.00 dB ---------
SYSTEM NOISE FIG 2.52 dB

************************************************************************************
FREE SPACE ATTEN -121.21 dB
TX POWER 33.01 dBm KTB -174.00 dB/Hz
ANTENNA GAIN 30.00 dB IF BANDWIDTH 60.00 dB
SYSTEM LOSSES -4.00 dB NOISE FIGURE 2.52 dB
DIVERSITY IMPROVE 0.00 dB MINIMUM SNR 14.00 dB

------------ ---------
CARRIER POWER -62.20 dBm USE THRESHOLD -97.48 dBm
FM IMPROVEMENT 0.00 dB
USE THRESHOLD -97.48 dBm

------------
MARGIN 35.28 dB

LINK RELIABILITY 99.97%

TABLE IV



SYSTEM ASPECTS OF DIGITAL VIDEO TELEMETRY
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ABSTRACT

This paper describes a completely integrated digital video telemetry system and analyzes
several critical aspects of that system. The typical video network may consist of video
source signals on the ground as well as airborne while the receive site is usually ground
based. Examples of system issues which will be described and analyzed are listed below.

! Multi-mode operation: It is likely that a single receive site must be able to rapidly
switch between video sources having different bit rates and modes of operation. One
technique to achieve this capability will be presented and discussed.

! Error sensitivity: It is important that the coding compression technique be resilient to
transmission errors. Techniques to achieve this robustness for both synchronization
and data signals will be discussed.

! Data Multiplexing: From a system point of view, it is extremely efficient to multiplex
other digital signals (e.g. audio, IRIG time code) with the video signal to form a single
stream for encryption and transmission. A particularly efficient multiplex technique
will be presented.

! Diagnostics: Video telemetry systems are more effective when they contain carefully
designed built-in diagnostics. Advanced concepts for both board-level and system-
level diagnostics will be presented.

INTRODUCTION

Television signals are routinely transmitted for telemetry applications. For many
government applications, these signals must be encrypted. Figure 1 illustrates the resultant
required digital video telemetry system. There are a variety of applications and system
constraints which together dictate the quality of the received TV images, particularly as



regards resolution and motion performance. The foremost system constraint is the
available transmission bit rate. A typical network may consist of several transmitters and a
single receiver. The video source signals may originate either on the ground or may be
airborne whereas the receiver is usually ground based.

This paper deals with four system issues. These are mode control, error control, data
multiplexing and diagnostics. A mode control technique is described that enables a single
receive site decoder to automatically adapt to transmitters which have different modes of
operation and bit rates. Data compressed signals are vulnerable to errors. It is important
that error control techniques are employed which make the system resilient to transmission
errors. Several such error control provisions are described. From a system point of view, it
is extremely efficient to multiplex other digital signals with the TV signal so as to form a
single data stream for encryption and transmission. A flexible approach to data
multiplexing is described. The last section describes a built-in diagnostics approach.

MULTI-MODE OPERATION

It is likely that a single receive site must be able to rapidly switch between transmitters
which have different bit rates and different modes of operation. The technique selected is
to transmit the necessary mode information via the system signalling. Thus, the receiver is
able to automatically adjust to the proper mode without the need for any operator
intervention. The design of the system signalling is intended to be sufficiently generic to
support not only the present system requirements but also to anticipate future one.

Figure 2 illustrates the line signal format which provides the basis for mode control. Each
transmitted TV line consists of a line sync code and a formate code followed by fill bits
and the pixel code bits. The line format code provides information regarding the
transmitter mode of operation. This 10-bit code consists of seven bits which describe the
format or mode of the following line, a spare bit and two subcode bits. Bit one of the
format code is referred to as the Static Parameter subcode bit. Bit seven is the buffer
fullness subcode bit. These subcodes, when examined over an entire TV field, each
provide a 240-bit data field which is used for various purposes including conveying mode
control information.

Table 1 provides a listing of mode control information presently included in the Static
Parameter subcode.



ERROR CONTROL

It is important that the error control techniques employed make the system resilient to
transmission errors. This is particularly difficult for a system of this type where the number
of bits transmitted per TV scan line normally varies as a function of its complexity.

For errorless transmission, the receiver reconstructs the pixels by decoding the entropy
coded pixel data. When the last pixel of the line is decoded, the next eight input bits will
be the line sync code shown in Figure 2. This sync code signals the start of the next line.
When errors occur in the data stream, either as a single bit or as bursts, the decoding
process is upset and the usual result is that the line sync code (LSC) occurs too early or
too late. In either case, the receiver knows the line being received is in error. For the case
where the LSC appears early, and the format code bits appear correct, then the line being
decoded is considered to be invalid. For the case where the LSC appears late, the decoding
process stops until a valid LSC is found in the incoming data. Ideally the LSC should be
uniquely decodable. That is, it should never appear in the data stream. The LSC was
chosen with this in mind. There are, however, certain unusual pixel combinations which
could result in generating the 8-bit LSC. This could only be avoided by lengthening the
code and reducing compression.

The line format signal shown in Figure 2 includes additional information used by the
receiver for error control. Bits eight and nine provide a modulo four line count. Thus, when
the receiver determined that a line or lines are in error, the line count is used by the
receiver to determine the proper line sequence. When it has been determined that a line
was either missed or contains errors, the receiver presently inserts a blank line. Otherwise
missing lines will shrink the TV raster to less than 240 lines per field.

A more serious error condition occurs when the receiver loses field sync. Should this
occur, the receiver initiates a reset sequence in order to reestablish field sync. This
sequence lasts for several fields and thus appears as a major discontinuity on the output
TV monitor. In order to avoid this type of error, considerable redundancy is built into the
system error control. Bits 5 and 6 of the 10-bit format code are reserved for this purpose.
They indicate the position of a transmitted line in the vertical scan. Table 2 illustrates how
they are employed. Other signals used for start of field error control are the modulo four
line count which is also part of the format code. Referring to Table 2, note that the
beginning of each field is signalled on each of the first three lines.

DATA MULTIPLEXING

From a system point of view, it is extremely efficient to multiplex other digital signals e.g.
audio, telemetry, etc.) with the video signal in order to form a single data stream for



encryption and transmission. The technique employed to multiplex external data along with
the video data can be described as follows.

Bit number 42 of the 240-bit static parameter subcode is used to signal the receiver as to
whether or not external data is being multiplexed along with the video data. A ONE
indicates data is included. Bits number 43-52 of this subcode indicate the number of
inserted bits per TV field as shown by Table 3.

Referring to Table 3, when data multiplexing is enabled, the number of bits inserted per
TV field can vary from 1 to 1024 as shown. Thus, at a 60 field per second rate, the
multiplexed data rate can range from 60 to 1024 X 60 = 61,240 bits per second. For a
given transmission, the number of data bits inserted is fixed. When enabled, the
multiplexed data is inserted once per field as a 241st TV line. Extensions of this approach
are possible which permit the insertion of more than one data line per field and thus higher
data rates are possible.

Referring to Figure 1, at the transmitter, the multiplex data clock provided is an interrupted
version of the output data stream clock. One positive clock transition is provided per
expected multiplexed data input bit. That is, the incoming multiplex data transitions should
align with the positive clock transitions. A similar interrupted clock is provided at the
receiver. Receiver output data transitions align with these positive clock transitions.

DIAGNOSTICS

Video telemetry systems are more effective when they contain carefully designed, built-in,
diagnostics. Both the ground-based encoder and the decoder have front-panel-mounted
fault indicator lamps (red/green LEDs associated with each individual circuit board
module. This fault detection capability is designed to isolate most encoder or decoder
faults to a particular circuit board module for quick replacement.

Both the ground encoder and decoder units also include provision for a test mode selected
via front panel switch. For the encoder, when placed in the test mode, its A/D converter
pixel output is simulated with a known test pattern. Under control of the internal computer,
a single test-pattern-simulated TV field is encoded for each operating mode. The buffer
contents are checked in each case to confirm that the proper number of code bits have
been generated for that particular mode. A similar approach is used at the decoder. When
placed in the test, mode an internally generated clock is used to access a PROM based test
pattern which simulates the coded bits for a single TV field. The decoder then converts the
code bits back to a pixel format for viewing on a TV monitor.



FIGURE 1: Digital Video Telemetry System

FIGURE 2: LINE SIGNAL FORMAT



Line
Number(s) Meaning

14 - 17 Pixels per line (16 possible, 9 assigned)
18 Frame or field skip is ON/OFF
19 Skip type is frame/field

20 - 23 Skip ratio (variable or 2:1 up to 16:1)
24 Horizontal interleave ON/OFF
25 Interleave type is field/line
26 Vertical interlace ON/OFF

27 - 31 DPCM kernel identification (1 of 32)
32 - 34 Entropy code identification (1 of 8)
35 - 36 Buffer fullness bit multiplier (1 of 4)
37 - 41 Encoder buffer size: 8-256 Kbytes

42 Data multiplex ON/OFF
59 Data in vertical
60 Data in horizontal

Table 1: Static Parameter Subcode - Mode Information

Format
Code Designated Designated
Bits Line No. Field

5 6

0 0 Line 1-3 Odd
1 1 Line 4-238
0 1 Line 239
1 0 Line 240

1 0 Line 1-3
1 1 Line 4-238 EVEN
0 1 Line 239
0 0 Line 240

Table 2: Start of Field Designation



Number
Inserted SUBCODE BIT NO.

Data Bits

Static Parameter Subcode

42 43 44 45 46 47 48 49 50 51 52

1    1    0    0    0    0    0    0    0    0    0    1
2    1    0    0    0    0    0    0    0    0    1    0
3    1    0    0    0    0    0    0    0    0    1    1
.    .        .
.    .       .
.    .       .
.    .       .
.    .       .
.    .       .
.    .       .

1022    1    1    1    1    1    1    1    1    1    1    0
1023    1    1    1    1    1    1    1    1    1    1    1
1024    1    0    0    0    0    0    0    0    0    0    0

0    0    X    X    X    X    X    X    X    X    X    X

Table 3: Multiplexed Data Length Code
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ABSTRACT

Using a simple, yet flexible, pixel compressor and a frame buffer, a compact digital video
link has been built which allows a trade-off between bit rate, spatial resolution, and frame
rate.

INTRODUCTION

Video cameras can be a useful part of a telemetry system that is required to gather motion
analysis or reconnaissance data. Video can be transmitted in two forms: analog or digital.
The disadvantage of analog video is that it is not easily encrypted and is susceptible to
noise and distortion. Digital video allows the use of standard encryption and error
correcting codes. However, digital video is not widely used in telemetry systems because it
usually requires either a high bit rate or complex data compression circuitry. This paper
describes a simple digital video encoder/decoder suitable for airborne telemetry. Some of
the system design considerations include:

1. Low volume and power.
2. Compatibility with range receiving and recording capabilities.
3. Flexibility, so the system can be adapted to a wide variety of scenarios.
4. Budget constraints which preclude the development of custom chips.
5. A specific mission requirement to multiplex several cameras to the encoder and have a

test pattern generator for an end-to-end system ground check.

DATA FORMAT

Most test ranges can only receive and record up to about 1-10 Mbit/sec and digitizing
video results in bit rates exceeding 40 Mbit/sec; consequently, the video bit rate must be
reduced. The system to be discussed reduces the bit rate by using a pixel compressor to
reduce the number of bits per pixel and a frame buffer to allow the reduction of the spatial



resolution and frame rate. The system can be tailored to a specific application by selecting
the appropriate digitizing format from Table 1.

Table 1: Image Digitizing Formats

Image Resolution For Bit Rate = 7.16 Mbit/sec 3.58 Mbit/sec 1.79 Mbit/sec 0.89 Mbit/sec
320 H x 490 V x 6 bits/pixel: Frame Rate  = 7.5 frames/sec        —        —        —
320 H x 490 V x 3 bits/pixel: Frame Rate  = 15 f rames/sec 7.5 frames/sec        —        —
320 H x 245 V x 6 bits/pixel: Frame Rate  = 15 framestsec 7.5 frames/sec 3.75 frames/sec        —
320 H x 245 V x 3 bits/pixel: Frame Rate  = 30 frames/sec 15 frames/sec 7.5 frames/sec 3.75 frames/sec
160 H x 245 V x 6 bits/pixel: Frame Rate  = 30 f rames/sec 15 frarnes/sec 7.5 frames/sec 3.75 frames/sec

Data is transmitted NRZ-L with the frame format shown in Figure 1. A minor frame
consists of 15 sync bits and 960 data bits. A horizontal line is contained in one or two
minor frames depending on the horizontal resolution and number of bits per pixel. A major
frame consists of 245, 490, or 980 minor frames, depending on the vertical resolution and
the number of minor frames per line.

Major Frame Sync: 15 bits Data: 1st 960 bits (160 6-bit or 320 3-bit pixels)
Major Frame Sync: 15 bits Data: 2nd 960 bits (160 6-bit or 320 3-bit pixels)
Major Frame Sync: 15 bits Data: 3rd 960 bits (160 6-bit or 320 3-bit pixels)

o N = 245: 320H x 245V x 3bit/pix or 160H x 245V x 6bit/pix
o N = 490: 320H x 245V x 6bit/pix or 320H x 490V x 3bit/pix
o N = 980: 320H x 490V x 6bit/pix

Minor Frame Sync: 15 bits Data: Nth 960 bits (160 6-bit or 320 3-bit pixels)

Figure 1: Digital Video Frame Format

This data format allows a simple, synchronous system architecture. A system using a fixed
number of bits per pixel is much easier to implement (at the expense of lower compression
ratios) than one using a variable bit per pixel algorithm like Huffman coding. The format
sends one image every 1, 2, 4 or 8 NTSC (National Television Subcommittee) frames.
Also, the A/D clock, output bit rate and frame rate are all integer sub-multiples of a
14.31818 Mhz system clock, which is also the basis of the NTSC standard [1]. This allows
easy synchronization to and generation of NTSC signals.

DIGITAL VIDEO ENCODER

The digital video encoder is shown in Figure 2. The encoder has inputs for three video
cameras. Camera 1 is the master, and the encoder is phase locked to it. This is done by
feeding the sync from the master camera and the sync generated in the encoder to the PLL.
The 14.31818 Mhz voltage controlled crystal oscillator in the PLL is the encoder system
clock. The other cameras then lock on to the encoder. By changing two jumpers, the



encoder can serve as the master. The sync generator also provides addressing and control
signals needed to reconstruct the test image stored in EPROM.

Figure 2: Simplified Digital Video Encoder Block Diagram

The test image and the three video inputs are DC-restored and fed to the video multiplexer.
A state machine serves as the multiplexer controller. With no camera selected, the
multiplexer is switched to the test image. When any one camera is selected, the multiplexer
is switched to that camera. But when more than one camera is selected at a time, the
selected cameras are time division multiplexed on a frame by frame basis. This allows near
simultaneous digitization of up to three B/W cameras (or one RGB camera) by reducing
the effective frame rate. The controller also superimposes the source ID on the first line of
each frame so that the decoder will be able to sort the received frames.

The multiplexed video is passed through a 3 Mhz anti-aliasing filter and digitized by an
8 bit flash converter at 7.16 Mhz. The data format is determined by jumper settings and the
algorithm that is programed into the pixel compressor. The data acquisition and data
transmission controllers interpret the jumper settings and generate the appropriate control
signals. The data acquisition controller uses information from the sync generator to
determine which pixels digitized by the A/D will be saved in the FIFO. The data
transmission controller and the FIFO are synchronized to the data acquisition controller.
The data transmission controller recalls the data from the FIFO, passes it through the pixel
compressor, and serializes it in the parallel-to-serial converter. The data transmission
controller also generates and inserts sync words into the output bit stream.

The pixel compressor consists of a 64K x 16 bit EPROM and an 8 bit latch (as shown in
Figure 3). Incoming data and the feedback data which has been delayed by one clock cycle



form the EPROM address. The output of the EPROM is the output data and feedback data
for the next address. Many functions of the input data can be realized by programming the
EPROM. For instance, the compressor can be programmed to implement an ALDPCM
(adaptive log differential pulse code modulation) algorithm. It can just as easily be
programmed with an algorithm to dither and truncate the input signal. In the 6 bit per pixel
mode, the EPROM is programmed to compress an 8 bit pixel into a pair of 3 bit data
words in two clock cycles. The compressor is initialized every minor frame by resetting
the feedback data latch to minimize transmission error propagation.

Figure 3: Pixel Compressor

The shaded blocks of the encoder in Figure 2 are implemented with two Altera EP-1800
EPLDs (erasable programmable logic device). The encoder and its power conditioning
circuitry are built on four 3" x 5" PWBs (printed wiring boards) and consume less than
7 Watts.

DIGITAL VIDEO DECODER

Figure 4 shows the digital video decoder. Data enters the correlator, which looks for
possible sync words. These possible sync words are passed to the synchronizing filter for
interpretation. In search mode, the filter looks for sync words occurring at 975 bit
intervals. When several consecutive sync words are found with the correct spacing, the
filter considers itself locked to the data. When locked, the filter ignores spurious sync
words yet recognizes valid sync words with single bit errors and bit slips. The filter
outputs a sync pulse every time it expects a sync word. If the filter misses several sync
words in a row, it drops out of lock and enters the search mode. The decoder uses the sync
pulses to synchronize itself to the incoming data. The correlator also performs a serial-to-
parallel conversion, and passes the resulting 15 bit data words to the multiplexer where it
is parsed into 3 bit words. The data is then passed through the pixel expander, which is the
same as the pixel compressor except that the EPROM is programmed with the inverse
algorithm. The data receiver controller directs data flow from the correlator to the FIFO
and determines the source of each frame of data. The data display controller sends each
frame of data from the FIFO to the proper frame memory. Each D/A continuously
reconstructs video from the contents of its frame memory. The data transfer from the FIFO



to the frame memory is done in a way that allows the same frame to be shown repeatedly
until an entire new frame is ready to be displayed. The sync generator provides all the D/A
control signals and frame memory addressing. The 14.31818 Mhz system clock is
generated by a PLL locked to a multiple of the incoming bit rate.

Figure 4: Simplified Digital Video Decoder Block Diagram

The shaded blocks of Figure 4 are implemented with six Altera EP-900 EPLDs. The
decoder is built on six 3" x 5" PWBs and uses less than 20 Watts. If only a single video
output is required, two frame memory PWBs can be removed, and the total power required
drops to 12 Watts.

SYSTEM PERFORMANCE

The image quality of the system using an ALDPCM algorithm is well matched to human
observers; it exhibits no slope overload and has little noticeable overshoot. The dithering
algorithm is suitable for human and machine observers and is insensitive to transmission
errors. Other algorithms [2][3] can be programmed into the pixel compressor.
Transmission error tolerance has yet to be characterized for this system.

CONCLUSION

A digital video encoder/decoder has been built which is suitable for airborne telemetry.
The system allows the use of multiple B/W or a single RGB camera. The spatial
resolution, frame rate and pixel compression can be tailored to specific mission
requirements. The output bit rate of the encoder can be varied from 0.89 to 7.16 Mbit/sec,
depending on test range capability and RF data link considerations. The output of the
encoder can be coded for increased transmission error tolerance or encrypted for data



security. The system architecture is flexible, yet very simple, leading to a compact design.
Also, the entire system is implemented with off-the-shelf components, thus reducing
development time and cost. The size of the encoder and decoder can easily be cut in half
by using surface mount devices.
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ABSTRACT

In most of the initial applications of digital TV telemetry the video source signal is
monochrome (typically RS-170 standard). However color TV is now employed
extensively in many of the government test ranges, and it is likely that it will be required to
digitally transmit the NTSC color TV signal for security and other reasons. It is also likely
that the bit rates which will be employed for this transmission will range from 1 to 20
mbps depending upon the application.

This paper presents the general issues involved in digitizing color TV signals, describes
alternative color coding techniques, compares these alternatives, and describes one
particularly promising approach in detail.

Alternative coding techniques that will be discussed and analyzed include direct coding of
the composite NTSC signal as well as several component coding concepts - Y, I, Q; Y,
R-Y, B-Y; and the transmission of chroma lines on an alternating basis. Specific
techniques for multiplexing the digitized color component signals will be presented.

It is desirable that the color coding technique be an incremental expansion relative to
existing monochrome coding concepts. One particular technique which shows promise of
meeting this objective is presented and discussed.

INTRODUCTION

TV Signals are telemetered for a wide variety of purposes throughout the U.S.
Government. In air-to-ground situations, TV sensors are located in missiles and high
performance aircraft. In ground-to-ground cases, TV signals are used to precisely measure
the performance of aircraft and test. In many cases it is important that these signals be
encrypted prior to transmission for security reasons. Encryption requires the use of an
encoder at the transmitter to convert the input video to a digital format and a decoder at the



receiver to convert the received digital signal back to the analog TV format. A functional
block diagram of a secure video telemetry system is shown in Figure 1. The typical output
of the TV camera is a monochrome video signal conforming to the RS-170 specification.
However, in some cases there is a need to transmit color TV signals conforming to the
NTSC format. The purpose of this paper is to discuss the various techniques to extend the
technology which has been developed for the monochrome RS-170 signal to the color
NTSC signal.

The bit rate at the output of the encoder varies depending upon the application. For
ground-to-ground communications, transmission channels up to 20 mbps are frequently
available. For air-to-ground transmission, the bit rate can be as high as 10 mbps and as low
as 1 Mbps depending upon a variety of system constraints.

If the input TV signal were to be encoded using conventional PCM, the transmitted bit rate
would be in the range of 60 to 80 Mbps (10x10  samples/sec.; 6-8 bits/sample). To6

achieve the required transmission bit rates data compression techniques must be employed
which reduce the redundancy inherent in the input picture. The objective of the
encoder/decoder is to compress/expand the signal to the required bit rate while maximizing
the quality of the output picture.

Many telemetry applications require the transmission of the full 60 fields/sec without
reducing frame-to-frame redundancy to insure there is no image smear for a moving object.
To achieve an acceptable picture resolution for telemetry the number of pels per line
usually varies between 256 and 512. For the common transmission bit rate of 10 Mbps this
dictates that the maximum number of bits available to define each pel varies over the
corresponding range from 1.3 to 2.6. This is the key figure which defines the data
compression requirement. 

The NTSC signal may be encoded directly, or it may be first divided into components
which are individually encoded. The next two sections of this paper discuss these two
alternatives. The final two sections present one particularly promising approach to signal
multiplexing and draw overall conclusions on the subject.

COMPOSITE CODING

Image compression is possible due to the fact that the brightness of a picture element is
usually highly correlated with neighboring pels. By reducing this pel-to-pel redundancy the
bit rate can be reduced. Unfortunately the 3.58 mHz subcarrier in the NTSC signal
radically reduces this correlation and redundancy. This makes it very difficult to, directly
encode the composite NTSC signal to achieve a high compression ratio while maintaining
reasonable picture quality.



Some systems have been developed to encode the composite NTSC signal using predictive
coding technology. Unfortunately the systems typically require 3 to 4 bits per pixel which
is excessive for most telemetry applications. Work has also been done to investigate the
application of the Discrete Cosine Transform to the direct coding of the composite signal.
Unfortunately, these studies also conclude that approximately 3 bits/pixel are required. The
conclusion is that the 3.58 mHz subcarrier reduces the redundancy of the NTSC signal to
such a degree that compression below 3 bits/pixel is difficult to achieve, and greater
compressions are usually required for the telemetry application.

COMPONENT CODING

For the reasons identified in the previous section virtually all color coding systems encode
color components as opposed to the composite NTSC signal. The first step in
understanding the component coding process is to define the three components (Y, I, and
Q) which make up the NTSC signal. The chromaticity equations and the nominal
bandwidths for the three components are listed below where R, G, and B are the three
primary colors sensed in the camera and displayed on a monitor.

Chromaticity Equation Nominal Bandwidth

Luminance Y = 0.3R + 0.59G + 0.11B 3.0 mHz
Chroma I I = 0.74(R-Y) - 0.27(B-Y) 1.5 mHz
Chroma Q Q = 0.48(R-Y) + 0.41(B-Y) 0.5 mHz

5.0 mHz

The first step in any component encoding system is to decode the NTSC signal into these
Y, I, and Q components. One possible coding system is to digitally encode these three
separate components and then multiplex the three digital signals into one stream for
transmission. If this were done the combined chroma bandwidth of 2 mHz would occupy
40% of the total transmitted signal bandwidth. This approach has two disadvantages. The
40% is a heavy price to pay, and it is rather complex to encode and multiplex three signals
having dissimilar bandwidths.

European countries employ two different color TV standards known as PAL (Phase
Alternation Line-Rate) and SECAM. In both of these systems the two transmitted chroma
signals are R-Y and B-Y rather than I and Q. In addition the CCIR  and CCITT[1]  [2]

standards organizations have defined digital TV systems which employ the R-Y and B-Y
chroma components.

One advantage of the R-Y, B-Y coding over I, Q is that the bandwidths of these two color
components are equal. In general, digital coding systems employing R-Y, B-Y components



define each chroma signal with one-half the number of pels which are allocated to
luminance. In this situation if all three components were transmitted the color information
would occupy 50% of the total bit rate which is a little less efficient than transmitting all
three Y, I, Q components.

For the same reason that the horizontal chroma resolution can be reduced relative to the
luminance without being perceived by the eye, so the vertical resolution can be, and should
be, similarly reduced to effect a bit rate compression. The simplest way to accomplish this
reduction of vertical chroma resolution is to transmit R-Y or B-Y on a line alternating basis
(similar to SECAM) as shown in Figure 2. Figure 3 is an illustration of the corresponding
decoder which operates on the chroma line alternation principle. Important advantages of
this approach are that the chroma information occupies only 33% of the total transmitted
bit rate, and only two encoders are required at the transmitter. For these reasons this
concept is preferred for coding the NTSC signal.

SIGNAL MULTIPLEXING

Figure 4 illustrates a recommended framing structure for the line alternating chroma system
defined in the previous section. The reader will note that nineteen bits are used to
synchronize lines, to define the format of each line, and to provide fill bits if required. This
19 bit field is defined by the Range Commander’s Council Standard 209-88 which will be
issued in the near future. One major design issue is the decision on how to multiplex the
chroma information with the luminance. The chroma bits could be uniformly interspersed
with the luminance bits throughout the line period; or they could be inserted as a burst at
the end of the line as shown in Figure 4. The burst approach is preferred to maximize the
compatibility of color coding systems with monochrome coding systems. This design
approach will permit future color transmissions to be received by RCC 209-88
monochrome decoders which are being deployed today.

The number of bits per line, bits for luminance, and bits for chroma shown in Figure 4 are
average figures. The actual number of bits will vary from line to line as the complexity of
the line varies. It is noted in Figure 4 that the average number of bits per pixel required for
this approach is 1.6. Since the RCC 209-88 standard defines a coding algorithm which
achieves this nominal level of compression  this overall design concept is recommended[3]

as the natural extension from coding the RS-170 monochrome signal to the composite
NTSC signal.



CONCLUSION

A design concept has been outlined for the digital coding of the NTSC color TV signal for
telemetry applications. Highlights of the proposed system approach are listed below:

! Component coding is preferred to encoding the composite NTSC signal.

! The color components selected are Y, R-Y, and B-Y. This has the advantages of
compatibility with CCITT and CCIR standards, and equal bandwidths for the chroma
signals.

! The R-Y, B-Y chroma signals are transmitted on a line alternating basis resulting in
an allocation of 33% of the transmission capacity to color.

! The chroma signal is transmitted at the end of the line on a burst basis to maximize
the compatibility with the forthcoming Range Commanders Council standard 209-88.
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FIGURE 1. - FUNCTIONAL BLOCK DIAGRAM OF A
SECURE VIDEO TELEMETRY SYSTEM

FIGURE 2: DIAGRAM OF NTSC VIDEO ENCODER



FIGURE 3: BLOCK DIAGRAM OF NTSC VIDEO DECODER

 FIGURE 4:
MULTIPLEX CHARACTERISTICS FOR A TYPICAL

NTSC CODING SYSTEM
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ABSTRACT

The need exists to encode NTSC composite video into a serial digital bit stream for
encryption prior to transmission. Further, this need exists in places where power and
volume are at a premium. This paper describes a simple solution using the Continuously
Variable Slope Delta Modulation technique of encoding all lines and fields in real time and
is usable with clock rates from 5 to 25 MHz. The circuits presented use only a 5-volt
power supply and two active devices: a comparator and either a dual flip-flop or serial
shift register.

INTRODUCTION

When designing telemetry systems for weapons carried under the wings of attack and
fighter aircraft, the designer is instantly faced with several constraints:

1. Packaging - the telemetry system usually replaces the warhead and must maintain
the same weight and center of gravity.

2. Power - the telemetry system has limited power available and usually operates from
its own batteries during free flight.

3. Real Time - the closing velocity between the weapons and targets ranges from
hundreds of feet per second to thousands of feet per second with critical data being
generated as the weapon reaches the target. Since the weapon can be destroyed as it
reaches the target, impact with the earth or the target itself, data cannot be stored
but must be transmitted as it is generated.

4. Telemetry Receiving Stations - The maximum data rates are limited by existing
telemetry receivers and there are no standards for telemetered video. The maximum
data rate can be increased with new receivers, however, telemetered video requires
the use of a special decoder box in the receiving station.



This paper addresses the encoding (digitizing) and decoding (restoration) of the original
analog signal of an NTSC composite video signal. The designs presented satisfy the above
constraints and show a simple nonstandard decoder for use at the receiving station. The
driving force is to encode usable video at some minimum data rate--at the Naval Weapons
Center 6 MHz. However, since receivers are available to support higher data rates, the
response of these circuits at higher data rates is presented. Usable video is defined to be
video that can be used for its intended purpose and not necessarily a perfect reproduction.
It is assumed that the reader is somewhat familiar with Delta Modulation (Deltamod) and
NTSC composite video signals.

EVOLUTION

The concepts of Deltamod are documented throughout the text books on communication
theory. References 1 and 2 provide easy reading for those not familiar with Deltamod. Its
use as a potential solution to the described video problem was suggested by Mr. Jim
Reiger; Mr. Jack Huber designed the original flight test circuit in use at the Naval
Weapons Center. It employed a single slope at a 6 MHz data rate, and has been averaging
two flights per month since December 1987. The circuit of Figure 1 is representative of the
original flight test circuit.

A cursory review of the literature on Deltamod gave little help on its use to encode video
signals. Reported results were comparable to Huber’s circuit with no mention of clock
frequency. Reference 1 credits M. R. Winkler with inventing dual slope Deltamod in 1963.
Reference 2 describes the use of Continuously Variable Slope Deltamod (CVSD) for
digitizing voice. Combining the thoughts of References 1 and 2 led to the use of CVSD for
encoding video signals.

SINGLE SLOPE DELTA MODULATION

A Deltamod Encoder is easily accomplished with a comparator, flip-flop, and an RC low
pass filter and is shown in Figure 1. However, its interface with NTSC composite video
requires a 75-ohm, termination, resistor R1, and that a DC component be added to the
signal. Resistors R2 and R3 provide the DC component necessary to keep the input signal
centered in the dynamic range of the comparator. Resistor R4 and capacitor C2 form the
low pass filter.

The output of the flip-flop follows the state of the comparator at the time of the rising edge
of the clock. The filter capacitor charges towards the output voltage of the flip-flop and is
monitored by the inverting input of the comparator. As the voltage on the capacitor
exceeds the noninverting input to the comparator, more positive if the output of the flip-
flop is high--more negative if the output of the flip-flop is low, the comparator and the flip-



flop change states. The net result is an NRZ bit pattern at the output of the flip-flop, which
when filtered, yields an output voltage approximately equal to the video input signal.

There is a compromise that must be considered with Deltamod. The slew rate of the RC
filter must be slow enough to reproduce segments of the picture made up of near identical
gray, such as pictures generated with low light levels, and fast enough to go from white on
the right side of the picture to sync pulse. These tradeoffs are referred to as quantizing
error (slew rate too fast) and slope overload (slew rate too slow), respectively.

The selection of the active components for use with video Deltamod is critical. The first
criteria to be considered is a minim delay though the comparator and flip-flop. The second
criteria is a flip-flop whose output will switch between the full range of ground and the
power supply, namely 0 and 5 volts DC. The nominal delay of the components shown in
Figure 1 is 15 nanoseconds with the Advanced CMOS flip-flop meeting the output
switching requirements.

It is recommended that initial video Deltamod experiments be carried out using a single
slope circuit, an RC time constant of 10 microseconds and a clock rate of 6 MHz. This
will reproduce pictures with indeterminate (fuzzy) black to white and white to black
vertical edges, good low light level performance, and reasonably good sync (except with
bright white on the right side of the picture). Vary the clock rate, the filter slope, and the
video intensity (camera lens opening). Finally, adjust the circuit to operate at 15 MHz. The
picture will approach black and white camera quality with black/white vertical edges being
slightly fuzzy.

CONTINUOUSLY VARIABLE SLOPE DELTA MODULATION

It becomes obvious that if the flip-flop does not change states after two or three clocks
pulses then the filter output is not keeping up with the video input. Solution: use the bit
pattern from the flip-flop to decrease the RC time constant. The result is a filter whose
slew rate can be varied with each clock pulse or CVSD. The insert of Figure 1 shows a
technique to modify the single-slope Deltamod circuit into a two or three slope CVSD
circuit. Table 1 presents the switching logic. In the two-slope system, the RC time constant
will be reduced when the flip-flop has the same state for the last two clock periods. The
three-slope system reduces the RC time constant further when the flip-flop maintains the
same state for three consecutive clock periods.

There is a problem using the two-slope CVSD at 6 to 8 MHz. Consider a DC voltage
applied to the noninverting input to the comparator. There is only one DC level that will
produce on a continuous string of alternating highs and lows, approximately 2.5 volts.
Therefore, the bit pattern will have strings of consecutive highs and lows just to maintain



the DC level of the video input signal; consecutive highs and lows cause the circuits to go
to the high slew rates. The result is smearing (loss of detail) when reproducing video that
was originally generated during low light level conditions. In general, low light level
performance is not as good as with the single slope system. This phenomena clears up at
clock rates in the vicinity of 8 to 10 MHz. Some improvement was made with the three
slope system, however, the right combination of slopes was not found to obtain low light
level performance equal to the singe slope system.

VARIABLE VOLTAGE SOURCE CVSD

There are two options for changing the charge rate of a capacitor:

1. Vary the RC time constant--technique used with previous circuit.

2. Vary the source voltage--technique used in the circuit to be presented.

Figure 2 presents two simple RC circuits with multiple voltage sources and resistors. The
Thevenin equivalent circuit, as seen by the capacitor, is a single voltage source equal to the
open circuit voltage and a single series resistor equal to the resistors in parallel. Tables II
and III show that four or eight Thevenin equivalent voltages can be derived if the source
voltages are set to all possible combinations of 0 or 5 volts, respectively.

Figure 3 presents the CVSD circuit used to evaluate both the two-source and three-source
systems; the resistors shown are for the three-source system selected for optimal
performance at 6 MHz. Resistor R6 is omitted for the two-source system.

The three-source system shown in Figure 3 alleviates the low light level smearing problem
discussed earlier. Notice that the resistors associated with the mid and old bits are identical
and three times the value of the resistor associated with the new bit. These resistor values
lead to the Thevenin source voltages in Table IV. Apply a string of random highs or lows
to the shift register and use the table to determine the equivalent source voltage. It is seen
that small variations in the equivalent source voltage result from various combinations of
one or two consecutive highs or lows. These small variations in source voltage greatly
enhance picture quality at low light levels with respect to the two-source/slope systems.
Three consecutive highs or lows will cause the maximum slew rate; this allows for
satisfactory performance when going from white on the right side of the picture to the sync
level.

Table V gives the Thevenin Source voltages for a two-source system with the resistor
values set to a ratio of 3 to 1. The circuit performance is essentially equal to the two-slope
system.



Below 10 MHz, the three-source circuit gives results equivalent to the single-slope circuit
at low light levels and its performance nearly equals that of the two-source/slope circuits
with respect to slope overload. The performance of the two-source system is equivalent to
the two-slope system with poor performance at low light levels and clock frequencies
below 8 MHz. Above 10 MHz, the two-source system yields noticeably better
performance than the three-source system with respect to black/white edges.

The system setup is relatively easy:

1. Determine the maximum allowable clock rate. Conduct experiments to determine
the system to be used:  three-source system--below 9 MHz; two-source system--8 to
12 MHz; single-slope system above 10 MHz.

2. Use a camera with a manual lens. Set the iris to the minimum expected light level.
Set the RC time constant of the filter to the minimum value (maximum slew rate)
that will give acceptable low light level performance. In both the two-source and
three-source systems, start with a 3 to 1 ratio in the resistors. Maintain these ratios
as adjustments are made. Experiment. There may be better combinations for a
specific application.

GROUND STATION DECODER

The ground station decoder for this system is simple. Leave out the comparator and its
associated input circuitry and clock the NRZ code into the flip-flop or shift register. Filter
the flip-flop/shift register output with a filter identical to the one in the encoder (note that
the filter component tolerances are not critical). Monitor the filter capacitor voltage with a
high input impedance buffer. The resultant voltage is a usable reproduction of the original
video signal.

PERFORMANCE TO BE EXPECTED

The video reproduced with the three-slope system operating at 6 MHz will be found to be
acceptable for many applications. Evaluate the reproduced video to be GOOD ENOUGH
or NOT GOOD ENOUGH for its intended use and not against the original video.
Black/white vertical edges will be fuzzy. This fuzziness is more noticeable in still pictures
than in moving pictures. Video quality improves significantly as clock rate is increased and
slew rates are set to be faster. Use of the two-source system above 8 MHz and the single-
slope above 10 MHz produces very good video. Black and white camera quality video is
approached at 15 MHz.



Although the new circuits described herein were developed in an attempt to reproduce
video with a minimum data rate, there is a bonus when used with higher data rates. The
single slope circuit can be used to encode color video using, clock rates above 15 MHz
with color quality improving as the clock rate is increased. Use a color bar generator and
adjust the slew rates and monitor for optimal color. The picture quality is surprisingly
good.
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FIGURE 1: ONE, TWO OR THREE SLOPE VIDEO DELTA MODULATION



FIGURE 2: (a) TWO-SOURCE, THEVENIN EQUIVALENT CIRCUIT.
(b) THREE-SOURCE THEVENIN EQUIVALENT CIRCUIT.

FIGURE 3: CVSD USING TWO OR THREE SOURCE VOLTAGES



SPACECRAFT TELEMETRY TRACKING
STATE OF THE ART AND TRENDS
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Abstract:

Telemetry Tracking is a method of obtaining trajectory information regarding any flying
body such as an aircraft, missile, satellite, balloon or a deep space probe which signals or
“marks” its flight position by an electromagnetic radiating source.

In a trade-off of costs it is an attractive way to combine Telemetry, Tracking and
Command (TTC) facilities into one integrated system on board a spacecraft and with the
ground receiving and tracking facilities.

The present state of the art of Distance Measuring Equipment (DME) and Angle
Measuring Equipment (AME) integrated with telemetry systems is reviewed. The further
development will be mainly stimulated by the technology evolution of frequency and time
reference sources, microwave components and information processing systems. An
attempt is made to analyse which way the growth of technology will influence various
system parameters.

INTRODUCTION

The term Tracking in aerospace terminology describes the general problem of determining
a vehicle’s position and velocity relative to a reference coordinate system. Three types of
data are used for this purpose:

– Angle Data, derived from the incident wave of the arriving radio signal,

– Doppler Data, the change of the observed RF carrier, frequency due to the vehicle’s
velocity with respect to the earth station,

– Range Data, the measured distance between the radiating source and the point of
signal reception.



At the dawn of the Space Age, tracking was the domain of the RADAR. Along the way,
complex data and tracking systems of such diverse nature were developed for use on-
board and on the ground that it become necessary to reappraise the economics, in
particular to find a more efficient way of using the available RF spectrum. Today
Telemetry, Tracking and Command (TTC) Services have been incorporated into a unified
system employing only one single RF carrier in each direction.

The Unified S-Band System Concept, originally used in the Mars Mariner Mission in 1964,
was adopted by the Apollo Manned Spacecraft Program and has become a worldwide
standard in space operations. At present this technique has been further developed, and
services have been introduced supporting space communications in the S, X and K-bands.

Powerful ground networks like NASA’s STDN, DSN and ESA’s ESTRACK have been
installed. Data Relay Satellites extend the limited coverage of the ground stations, and
navigation satellite systems like the Global Positioning System will have revolutionizing
impacts, when it is fully operational.

So far, the data acquisition and signal processing activities have been primarily
accomplished on ground. From the middle of the next decade with a Space Station orbiting
as a permanent multipurpose facility, accompanied by various low-earth platforms and
space transportation shuttles, their combined data output must be served, requiring an
extremely powerful unified end-to-end data System architecture (1).

On-line guidance and tracking capabilities with an increasing demand for autonomous on-
board systems will be called for, especially to control the orbits of various spacecrafts and
critical operations like rendezvouz and docking manoeuvres.

Interplanetary missions will call for a higher orbital precision to fly complex missions for
deep space exploration,

In the following pages the performance of the present state-of-the-art unified techniques
for spacecraft tracking will be reviewed and a prediction of trends given.

PRESENT STATE OF THE ART

Ranging Techniques

2-way Range Data are obtained by modulating the earth-to-space RF carrier with an
appropriately designed ranging signal. The space vehicle retransmits this signal to the 



ground, reconstructing it before retransmittal. There it is correlated with the transmitted
signal to measure the time delay due to the round-trip transmission time according Fig. 1:

with c ... speed of light, * t ... delay time, f  ... modulated ranging frequency and *n ...m

phase delay of a continous wave signal.

The statistic variance of the phase noise for a coherent demodulated signal is
approximately

with  ... ranging signal-to-noise density and B ... channel bandwith.

The compatibility with telemetry and command data streams favoures the application of
CW-ranging signals, fixed or swept sinusoidal or square wave tones, digitally coded
Pseudo Noise (PN) and rapid acquisition Binary Optimum Range (BINOR) signals.

Standard Ground Networks support the traditional Side Tone Techniques with a major
tone of 100 KHz, minor tone frequencies between 16 and 20 KHz for ambiguity resolution
and further PN binary encoded ambiguity resolving codes with a length between 2  - 22  21

periods, modulated on a sinusoidal tone frequency between 100 KHz and 3 MHz /2/.

The resulting range data inclusive systematic and statistic error components introduced by
bias, phase fluctuation, signal quantization, ionosphere and troposphere have an accuracy
of better than 10 meters rms for a signal-to-noise ratio of 30 dB with a resolution of 0,5
meter, when a standard ESA/NASA S-Band Phase Coherent Transponder is used on
board.

Doppler Techniques

Range data are particularly useful for quickly determining the position of a space vehicle in
orbit, while doppler data are more valuable in measuring changing velocities during
manoeuvres and in establishing accurate orbits where precise curve fitting is possible.



The received frequency on ground inclusive relativistic effects will be

f  ... on board transmitted frequency,  ...T relative velocity, C ... speed of light.

One-Way Doppler (f  = f  - f ) observation was earlier used for rough trajectory fittingD  R  T

calculations or for short term missions mainly. As flight qualified high-stable frequency
sources are now becoming available at reasonable costs, this technique will become more
attractive /3/.

The present standard two-way doppler technique maintaines coherence of the uplink
frequency through the transponder:

G is the transponder factor (221/240 S-Band Standard).

The DFVLR Near Earth-15 m S-band station e.g. gives an accuracy of 1 mm/s with a
sampling interval of 10 sec at a signal-to-noise ratio of 20 dB for the carrier phase-lock
loop and a resolution of approx. 0,1 mm/s (4).

Direction Sensing

Angular information can significantly improve the precision of spacecraft position
determination and the accuracy of the orbit prediction. The downlink carrierfrequency is
used and its direction is sensed, and does not require any modification of the signal
structure.

Interferometric direction finding equipment actually measures the cosine of the angle
between a fixed antenna baseline and the target S.



Generally the difference in travelled way and electrical phase of the arriving spherical
wave at the antennas A , A  of a single-base system is according Fig. 2:x  y

if R is much longer than D the phase difference M is proportional to the direction cosine 2

The total differential of 2 divided by cos 2

shows that the precision is affected by frequency noise, phase noise and fluctuations of the
baseline length. In high resolution angle measurement equipment (AME), D is a multiple
of the wavelength 8 (e.g. an board applications 3, short baselines 10... 10.000,
intercontinental bases 250.000.000!).

Care is therefore needed to resolve the inherent ambiguity, either by operating
simultaneously a coarse and fine resolution array of antennas, or by using different
frequencies at the same time, or a swept-frequency over the time interval or a reference
information gained from other sources or systems. The main constraints of the angle
sensing precision are systematic or of statistical nature introduced by frequency sources
(stability and noise), phase instabilities of electronic components, atmospheric delay and
diffraction, in addition to fluctuations of baseline length due to environmental conditions,
multipath effects and signal-to-noise ratio of the correlated signals.

In modern “state-of-the-art” hetherodyne receivers, the RF signals are converted to a lower
intermediate frequency for phase correlation, either simultaneously in phase-synchronized
parallel channels or time-multiplex over one channel.

MINITRAC was the first VHF instrument for satellite tracking on 136 MHz, designed
with fixed hemispherical low gain antenna arrays with 75E elevation coverage and a field
of antenna baselines for ambiguity resolution (D/ 8 = 3,5 and 4) and fine bases (D/8 = 57).
It enables an angle measurement within 20" at zenith, if carefully calibrated and operated.
DFVLR’s VHF-Interferometer with steerable high-gain antennas (22 dB) controlled by a
coarse tracking antenna, was specified for to give a precision of 4"  (D/8 = 57). A mobile
UHF Interferometer for sounding rocket trajectory plotting (240 MHz, D/8 = 16) was
developed at DFVLR around the same time (5).



The ionospheric influence (signal delay and refraction) diminshes with the square of the
operating frequency, and higher frequencies provide at the same baselines a higher
resolution; the trend was thus directed towards the UHF and SHF range.

A well known system in the sixties was AZUSA, providing position, velocity and
acceleration for impact prediction In real time to a distance of 1000 nautical miles. Its
AME part was designed to operate at 5 GHz with baselines of D/ 8 = 80 and 800, with 25
dB dishes controlled by a conical scan tracking radar as a coarse resolution instrument.
The attained resolution was 1" and the precision 2". The frame specifications of those
systems are given in Tab. 1, including also experimental onboard systems.
Surprisingly, interferometer techniques have not been adopted as a standard procedure for
the trakking of low earth orbiting satellites by the present standard ground networks; this is
in contrary to interplanetary missions, where the angular information is acquired to provide
a significant improvement of tracking data.

Very Long Baseline Interferometry (VLBI) is a technique that was pioneered in 1967 by
radio astronomers to study the structure of compact natural (stellar) radio sources.
Beginning in 1971, CALTEC of NASA/JPL began developing VLBI techniques for space
navigation; the Deep Space Network (DSN) Stations Canberra/Australia, Goldstone/US
and Madrid/Spain provide baselines of 8000 to 10.000 km. At each complex there are at
least two 26 m and one 64 m diameter antenna dishes with system noise temperatures 25
to 30 E K operating in S-Band (13 cm) and X-Band (3,8 cm). The operational system is
able to obtain short term variation measurements of deep space targets and give an earth
orientation determination of an accuracy of 0,002" on a daily or a twice daily basis. A
precise knowledge of time epoch offset (ca. 10 ns), true clock offsets (2 - 4 ns), the exact
location of stations (ca. 20 cm) and earth rotational motion (100 us), precession, nutation,
polar motion, plus tropospheric/ionospheric effects are all very essential to reach this high
degree of precision. VLBI can currently increase the accuracy of deep space radio
navigation by a factor of 5, compared to the traditional one and two-way doppler ranging
and velocity techniques. As the round-trip light time is not particularly important, a
geocentric angle determination with an on-board wideband transponder needs only short
passes of data (e.g. 100 sec.). DSN is presently able to present the results of a position
measurement within 24 hours. In the Voyager programme, spacecraft positions were
determined with Doppler methods to 50 km/AU and with VLBI down to 10 km/AU /6/.

KEY TECHNOLOGIES

The further development of high resolution tracking systems for navigation purposes has
been mainly stimulated by the evolution of the following technologies.



Microwave and Optoelectronic Components and Systems

There is an undoubted trend to higher operational frequencies to refine the resolution and
precision of systems. Solid-state amplifiers will have yet lower noise figures and lower
distortion; frequency sources will yield more stability, less noise and spurious emissions.
High speed PIN diode switches with low insertion losses will allow the realization of high-
speed multiplexing techniques and the design of lobe sweeping phase array antennas for
multiple target tracking. Mechanical pedestals may be simplified or even removed.
Optoelectronics, namly LASERs, will Improve the calibration capabilities of e.g. the
baseline alignment and supervision of RF interferometers.

Time Keeping and Synchronization

Active Hydrogen Frequency Standards have stabilities of 10  over 1000 seconds and of-15

10  over a day. To make full use of the potential of VLBI, the interferometer phase must-14

be measured with an accuracy of less than I radian over one day. This will require
stabilities of one to two orders of magnitude better than presently available. The research
initiated by Vessot on a supercooled active hydrogen MASER should prove fruitful in
approx. 10 years /7/.

While not designed as a time distribution or synchronization system, the Global
Positioning System (GPS) has become the prime favourite for these functions. The
transmissions of the navigation signals, (presently controlled on-board by a rubidium or
cesium frequency standard) are expected to become one magnitude of time more stable,
when Passive Hydrogen Maser Standards (PHMS) are flown on future GPS satellites.

GPS time transfers suffer from the problem, that the path traversed by the signal from the
satellite to each of 2 stations involved is not symmetric. This may in fact be the ultimate
limitation to the technique due to the systematic errors introduced by the variations in the
local atmosphere.

Communication Satellite Time Transfer has been successfully demonstrated by the
Microwave Time Transfer and Ranging Experiments (MITREX) using earth station
antennas of reasonable size, i.e. 5 meters. Each of the stations using the MITREX
modems, simultaneously transmits its own unique PN code, relayed through the satellite to
the other stations. Each station records the difference between the time of signal
transmission and the time of reception of the other stations. Precision of 0.7 ns have been
obtained in clock synchronization using this technique /8/. The accuracy of these
experiments is presently limited due to the unsymmetry of the signal paths of the satellite
transponder.



Table 2 demonstrates the order of ranging error which can be expected with present flight
qualified frequency oscillators, thus allowing the realization of one-way pseudo-ranging
techniques. Even for mission durations of one year the distance error could be kept in the
range of some kilometers.

Information Processing Systems

On-line processing capabilities will be significantly improved by the availability of digital
parallel processing equipment (e.g. Transputers) and high speed data buses (100 Mbps and
more).

The general availability of high speed digital networks, private and public (e.g. wideband
ISDN) will allow a rapid access to enormous data bases and a fast delivery of processed
information products in near-real time to the end user.

These systems will allow an on-line pre-processing of the raw data stream
(synchronization, error correction, formatting, buffering, clock recovery) data cross
correlation (correlation control, error detection, integration, Fast Fourier Transform) in
order to calculate the cross power spectra from the cross correlation function. Further on-
line computing of the corrected ranging direction or position values, considering systematic
errors like the baseline or internal phase fluctuations, statistical errors like phase
irregularities produced by variations of the refractive index of the atmosphere.

The fast access to large data bases will result in a better modelling of the earth orbital
motion and tropospheric and ionospheric phenomena, etc.. For deep space navigation the
radio source catalogue will be refined and the planetary ephemerides will be improved in a
Quasar-relative coordinate frame. To control this complex procedure of on-line processing
with so many different parameters a powerful Data and Information Management System
(DIMS) will be required.

FUTURE SCENARIO

Ranging and Spread Spectrum Techniques

Spread Spectrum (SS) Techniques offer important advantages for a combination of tasks of
space telecommunications (telemetry, command) and tracking.

In practice PCM-data signals will be phase modulated together with a Pseudo Noise (PN)
sequence, expanding the RF modulation spectrum by the spread factor B/b, with the SS-



signal bandwith B and the data signal bandwith b. This technique offers several advantages
over conventional techniques:

– high resistance against selective interfering signals,

– reduction of influence of multipath signals and transponder intermodulation
products,

– codemultiplex of different transmission channels on one RF channel,

– possibility of data encryption and

– excellent time- and phase resolution.

With respect to the ranging technique the distance resolution is determined by the chip rate
and the capability of ambiguity resolution by the length of the PN-sequence.

The Global Positioning System (GPS), which Is expected to be fully operational in 1991 Is
applying SS-techniques allowing at least 4 simultaneous (one-way) pseudo range
measurements for an on-line position determination, worldwide at any instant (9). The
GPS will allow autonomous navigation of spacecrafts in a low earth orbit. Transponders
are under design to translate the GPS signals from the original L-Band frequencies into the
standard S-band range on-board for an unified downlink transmission of telemetry and
tracking Information. As GPS will probably always have a residual uncertainty of civilian
access, e.g. in an international crisis situation it is doubtful whether it will be ever a
standard in civilian spacecraft control.

The SS-technique has been also adopted to the European Earth Remote Satellite ERS-1,
planned for launch in 1989. The experimental earth observation tasks require a precise
orbit determination of better than 10 cm. An autonomous space-based tracking system for
two-way ranging to unattended ground transponders of fixed location has been realized,
called PRARE (Precise Range and Range Rate Experiment). The S-band and X-band
signals are both modulated by a PN-coded sequence of a maximum period 2  -1 and a14

chiprate of 10 MHz. The time difference of the PN sequence in S and X-band arriving on
ground is measured and retransmitted as corrective data uplink in X-band together with the
coherent PN-code (10). The ranging system of ESA’s high performance geodetic satellite
POPSAT, which is presently in the study phase, is of the PRARE type.



Further applications of SS-ranging are under study for precise satellite-to-satellite tracking
and spacecraft rendezvous and docking manoeuvres in the coming Space Station era. Then
signal transmission will take place at frequencies in the visible range of light applying
LASER technology, which will allow to attain precisions of less than 1 mm in position.

Direction Sensing by RF Interferometry

Angle information can improve the accuracy of spacecraft position determination by
almost one order of magnitude compared to situations where only ranging techniques are
applied. A tough drive is seen therefore in the further improvement of direction sensing
techniques, implementing top-level technology (12).

The move towards operations at higher frequencies will be consequently extended to
realize better angle resolution, as required for approach navigation in space rendezvous
and docking manoeuvres, routine in the Space Station age. Present studies consider
designs either in the sub-millimeter microwave range or in the range of visible light,
allowing enormous baselines at such short wavelengths in spite of the limited physical
dimensions of the spacecraft.

Terrestrial interferometer installations will profit mainly from the progress in data
processing and data transmission techniques. Calibration of systems will be done mostly
autonomously to a better degree and in less time, using in-situ measurements of systematic
phase fluctuations, determination of the tropospheric wet component or the electron
density of the ionospheric propagation path. Accuracies equivalent between to 2 and 5 mm
free space propagation, or to 5 to 15 ps should be achieved.

The present method of data reduction in VLBI systems by processing data from recorded
high density tapes is too complex and time consuming. Future deep space navigation will
need very short reaction times.

To realize this, real-time satellite linked VLBI systems are now under study. In the future
Data Relay Satellites (DRS) with phase-error optimized broadband transponders will allow
a phase connection of several VLBI stations and a time transfer of better I ns. Using
cosmic background Quasars as space reference positions the relative phase may be
determined to 10 . A position determination of 1 km/AU is predicted by the end of the-5

century. The microwave technology will permit a move to higher operational frequency
ranges, from the present S- and X-band (13 resp. 3,8 cm) to the Ka-band (I... 1,5 cm); this
should improve the angular resolution by a factor of 3.

A second generation of geostationary Data Relay Satellites at the beginning of the next
millenium, could carry an inflatable antenna system of say 15 to 25 meters diameter into



orbit as a space VLBI segment for deep space communication and navigation purposes,
such as the proposed QUASAT for radioastronomy research. An artist’s impression Is
shown in Fig. 3.

Table 3 shows the improvement of directional resolution, which may be expected in future.

The navigation of the Galileo spacecraft to Jupiter, where it release an atmospheric entry
probe and perform a close flyby of the Galilean satellite lo will be the next challenge,
followed by various planned missions to the inner and outer solar system (12).
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Fig. 3.  Data Relay Satellite as Space VLBI Segment



* In Accordance with radar convention, a zero-mean error distribution is assumed (radar is
properly aligned) and the RMS error is in fact the standard deviation of the distribution, which is
also called its 1-sigma value or simply sigma (F).
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ABSTRACT

Traditionally telemetry trackers have not been required to provide precision space-position
data. Such data, when needed, has required expensive radar or optical support. Currently,
an increasing number of flight test operations have need of precision spatial data, in
conjunction with telemetry data reception, in areas where no radar or optical support is
available. To meet this need, EMP has carefully combined existing technologies to
upgrade the angle output data accuracy of telemetry trackers to the level expected of
precision radars. A TV Boresight Camera and video Tracking Error Detector combined
with the EMP Model ACU-6 microprocessor-based Antenna Control Unit provide the
means to automatically measure and store all of the systematic bias errors inherent in a
telemetry tracking system. The resulting error model is used to provide real-time-data-
correction for each error parameter. Video tracking provides correction for dynamic
tracking errors in real time. Calibrations utilize boresight and stellar targets. The design
goal to reduce dynamic angle data error to <10 arc seconds, RMS , appears to be*

reasonable.

INTRODUCTION

For several decades the derivation of precision space-position data has been in the realm of
expensive radar systems or theodolite complexes, both of which limited testing to a
specific geographical location. Telemetry tracking systems were designed solely for the
purpose of receiving telemetry data. This allowed substantial latitude in the design of the
pedestal and shaft-position sensors. For example, several milliradians of backlash in the



drive train was of little consequence and the angle data, although not precise, was
adequate for the purpose. On the positive side, the leniency certainly resulted in greatly
reduced costs for the tracking systems. Presently, however, there is need on several test
ranges for accurate spatial data in conjunction with telemetry tracking operations in the
absence of radar support. EMP has met the challenge by combining computer technology
with that of video tracking to provide Real Time Data Correction and upgrade the
telemetry tracker’s shaft-angle data output to near-radar-quality at a relatively low cost.

The modification, which can be added to most automatic tracking telemetry antenna
systems, is comprised of a TV Camera mounted on boresight, an Automatic Video
Tracking Error Detector and an EMP Model ACU-6 microprocessor-based Antenna
Control Unit. Many systems are already equipped with boresight TV cameras which may
be utilized and/or ACU-6 units that may require additional PC cards and programming.

The sensitive and very accurate TV Video Tracker and the computing capability of the
ACU-6 are used to automatically measure the various static errors in the system and store
the results in memory. The error corrected parameters are used in subsequent real time
computations. The video Tracker corrects dynamic errors associated with the r-f tracking
loop by modifying the angle position data words, also in real-time.

Determination of the position of a target vehicle in space (space position) is by
triangulation involving at least two tracking systems. A three station solution is preferred.
A single station solution is made possible by the addition of either laser or r-f range
measuring circuitry.

REAL TIME DATA CORRECTION

This paper presents a method for calibrating and error correcting elevation-over-azimuth
tracking pedestals using boresight and stellar targets. The approach is to generate an error
model and then make adjustments in real time.

Consider, first, the present angle data output capability and the potential capability of the
typical telemetry tracking antenna system now operating in the field. The most common
shaft angle sensor is a synchro transmitter with an accuracy of six minutes. Some systems
utilize two-speed synchro packages (1:1 and 36:1) or precision synchros (20 second) for
increased accuracy. The instrument accuracy is unimportant since the synchro error, like
other system errors, is included in the error model and corrected in real time. The angular
resolution of the output data is determined by the synchro-to-digital converter. A sixteen
bit converter provides a resolution of about 20 arc seconds.



Substantially higher resolution can be achieved by use of direct-coupled, optical, shaft
encoders. For example, a 20 bit optical shaft encoder provides a resolution of 1.24 arc
seconds. The addition of an Automatic Video Tracking Error Detector and a TV Optical
Boresight Camera with a 20 inch focal length and a standard pickup area of 2/3 inch
(1 degree field of view) makes a subsystem with a resolution of 1.7 arc seconds a
possibility. While tracking an r-f signal, the antenna may not always be pointed directly at
the target vehicle due to servo acceleration lag or various other factors. At these times the
TV Tracking Error Detector generates delta x and delta y error signals which are added to
or subtracted from the Telemetry Tracking Antenna System’s angular position data in real
time, thus providing REAL TIME DATA CORRECTION.

CALIBRATION

The elimination of various errors inherent in target track data reduction are compensated
for by real time correction from firmware in the ACU-6 Antenna Control Unit. A
Calibration Data Area is provided in the ACU-6’s non-volatile, battery backed BRAM and
contains operator examinable, known error magnitudes. These errors are typically
determined during the installation and then stored for retrieval each time the system
software is invoked. Many of the biases can be assumed constant unless a hardware
replacement or site relocation is performed. Others must be determined prior to each
mission to assure that high accuracy data is obtained.

The TV optical Boresight is a tool for providing the Calibration Data Area. An automatic
star calibration program is provided to enable the operator to completely calibrate the
optics system which is the reference for the TV-tracker and other platform instrumentation
systems. The following pedestal errors are determined by observing a number of well
defined targets (minimum of three). Measurements are taken in normal and plunge mode to
resolve the error components:

a. Azimuth encoder bias
b. Elevation encoder bias
c. Nonorthogonality (also termed Inclination error.)
d. Skew (also termed Collimation error)
e. Droop

Before running a star calibration the operator should run a mislevel slew, and set current
weather conditions using the appropriate variables. In addition, azimuth and elevation
biases should be roughly determined.

The system accuracy is a function of the individual instrument accuracy. The angular
accuracy is determined by the TV-optical performance. Target space position information



relative to time for a two axis tracking pedestal network is obtained by numerical solution
of measurement data from two or more sites. The accuracy of the target space position
information relative to time is a function of the individual measurement accuracies, the
number of sites used in the solution, and the relative geometry of the sights and target.

The optical axis collimation and encoder zero reference coefficients can be refined by
regression analysis after each mission using dynamic star track error determination in the
replay mode. However, the possible lack of target opportunities at the time of specific
need due to meteorological obscuration compel consideration of alternate means for sensor
axis collimation and encoder zero reference checks. The relative optical axis positions are
expected to remain stable over time intervals of hours but have a tendency to drift and
deteriorate over longer periods and intervening tracking systems shutdowns. The sensor
axis alignment coefficients can be adequately monitored and updated by the results of
suitable sensor boresight target (BST) lock-on procedures in the normal and plunge
pedestal attitudes. The simplicity and independence of the quasi-static measurements of
sensor axis coefficients by BST lock-ons present an attractive alternate or back-up for the
more dynamic, but weather dependent star track measurement techniques.

The initial boresight alignment of the optical head relative to the pedestal can be
accomplished using the collimated boresight target as a reference. The lens is focused at a
point near the hyperfocal distance. Conventional optical tracking system boresight
orientation technique applications exist that can be simply adapted.

The optical/r-f boresight target permits accurate and precise determination of the optical
head instrumented line of sight (LOS) axis collimation (orthogonality) coefficient which is
the primary optical reference for the error model determination process. The automated
boresight procedure is conducted in two phases:

(1) Electronic reticle skew alignment and scale factor determination.

(2) Normal - Plunge lock-ons

Electronic Reticle Skew Alignment and Scale Factor Determination

The TV electronic reticle skew and scale factors are determined by an automated scan
routine controlled by the ACU-6. The right-left reticle skew and scale factor procedure
(Figure 1-a) is as follows:

(1) Lock on the boresight optical target in normal position.
(2) Allow for settle time.
(3) Lock the pedestal in elevation.



(4) Drive the pedestal in azimuth ± 3/4 of a degree.
(5) Compute the right-left scale factor (F ) (arc seconds per bit) and display on theA

monitor.
(6) Compute the right-left reticle up-down delta at ± 3/4 of degree points and display

on the monitor in the units of arc seconds.
(7) Enter the right-left scale factor in units of arc seconds per bit, mils per bit and

decimal degrees per bit and skew in units of arc seconds, mils and decimal degrees
into ACU-6 memory for further utilization.

The up-down reticle skew and scale factor procedure (Figure 1-b) is as follows:

(1) Lock on the boresight optical target in normal position.
(2) Allow for settle out time.
(3) Lock the pedestal in azimuth.
(4) Drive the pedestal in elevation with the computer ± 3/4 of a degree.
(5) Compute the up and down scale factor (F ) (arc seconds per bit) and display onE

the monitor.
(6) Compute the up-down reticle skew right-left delta at the ± 3/4 of a degree second

points and display on the monitor in units of arc seconds.
(7) Enter the up-down scale factor in units of arc seconds per bit, mils and decimal

degrees per bit and skew in units of arc seconds, mils and and decimal degrees
into ACU-6 memory for further utilization.

Normal-Plunge Lock-on

A boresight subroutine for computer aided track (CAT) performs all essential boresighting,
control and computation functions with a minimum of effort required from site personnel.
The CAT mode operation is considered necessary to attenuate the optical track noise
effects of atmospheric shimmer, bearing stiction and other sporadic disturbance expected
during track. In the case of abnormally unfavorable BST track conditions, repetition of the
data collection over an extended period (perhaps several minutes) is indicated.

The correlation of the BST lock-on measurements with the azimuth and elevation
coordinates is illustrated in Figures 2 and 3 respectively. The azimuth and elevation
encoder reference corrections are indexed to the lens optical standard.

S , SE = Known true position of boresight targetA

B , B = Pointing axis lock-on encoder coordinatesA  E

(see Figures 2 and 3)
B = [N  + (P  + 180E)] /2A  A  A

B = [N  + (180E - P)] /2E  E



A  = (S  - B ) = Azimuth encoder reference correctedz  A  A

coefficient
A  = (B  - N ) = Collimationb  A  A

E  = (S  - B ) =Elevation encoder reference correctionz  E  E

The normal-plunge lock-on procedural steps are as follows:

(1) Lock-on the boresight tower optical target in normal position in CAT mode.
(2) Allow for settle out time.
(3) Collect data (n =>100).
(4) Compute (N , N ) averages.ao  Eo

(5) Compute standard deviation (F) for each axis.
(6) Delete points > 2F from mean for each axis.
(7) If the number of points edited exceeds 10%, double the data collection time and

repeat.
(8) Compute new values of N , N  after editing.Ao  Eo

(9) Lock on the boresight tower in the plunge position in CAT and repeat Steps 2
through 8.

(10) Compute the mean encoder coordinate values (normal/plunge) for azimuth and
elevation.

a) Azimuth Mean (B ) of the boresight target.Ao

B  = [N  + (P  + 180  )] /2Ao  Ao  Ao  o

where:
N  = Average azimuth reading in normal BSTAo

lock-on position after editing
P  = Average azimuth reading in plunge BST lock-onAo

position after editing
b) Elevation Mean (B )Eo

B  = [N  + (18E - P )] /2Eo  Eo    Eo

where:
N  = Average elevation reading in normal BST lock-onEo

position after editing
P  = Average elevation reading in plunge BST lock-onEo

position after editing
(11) Compute BST encoder reference corrections for azimuth and elevation offset of

MEAN from that of the survey coordinates of the BST.
a) A  = (S  - B ) = (Survey BST - B )Zo  A  Ao      Ao

b) E  = (S  - B ) = (Survey BST - B )zo  E  Eo      Eo

(12) Compute the LOS misalignments for azimuth and elevation.
a) A  = (B  - N ) = optical LOS collimation error correction coefficientbo  Ao  Ao



b) In consideration of term: (B  - N ).Eo  Eo

This term results from pedestal mislevel and if non-zero requires that the
azimuth axis be physically leveled (made vertical) since hemispherical
mislevel cannot be removed based upon the observation of a single point.

(13) Record (in units of arc seconds).
a) A Azimuth encoder reference correction.zo

b) E Elevation encoder reference correction.zo

c) A Optical LOS collimation error correction coefficient.bo

d) K Optical LOS droop character correction coefficient.do

e) N   and F N .ao    Ao

f) N   and F Neo    Eo

(14) Enter the correction coefficients in ACU-6 memory.

A prime objective of the error determination system design is to specifically define an
accurate track system error model in an expeditious and timely manner. Accuracy in this
case means that the systematic error sources of the entire data system must be predictable
within a small residual root sum square error. The ultimate residual systems RMS error
that can be achieved with the automatic error determination concept will best be evaluated
by on-site experiments.

A systems design angle accuracy goal sigma of ± 10 arc seconds or better appears to be
reasonable. This value reflects the scatter of residual systematic errors remaining after the
pedestal angle output data are corrected for all known systematic errors. The achievement
of this goal for the complete system is possible since the basic assumption of the
measurement effort rests on the well defined positions of the stars whose coordinates are
known to a practical accuracy of less than 0.5 arc second.

On-site data processing is designed to allow for a completely localized error model
determination with a minimum of human intervention. Star ephemeris positions are used as
an absolute angular standard. The design utilizes a pedestal mounted primary electro-
optical sensing system which relates optical-sensor and pedestal errors to the celestial star
field absolute standard.

The preferred mode of operation is a real time designation of the pedestal mounted sensor
optics to the reference star using ephemeris angle pointing accuracies of less than 0.5 arc
seconds sigma. The optical sensor measures the off-axis angular position of the star image
and furnishes a digital representation of the angular error sensed.

When using stars (or point sources) as targets the data collected for systematic error
determination is applicable to the electro-optical sensor and pedestal errors.



The heart of the error determination mode of operation is the comprehensive software
package design which mechanizes the functions required to automate the error model
determination process.

CONCLUSION

Telemetry Tracking Antenna Systems can be given the capability to provide very precise
space position data by the addition of optical shaft encoders, video trackers and the
application of real time data correction. Inclusion of range measuring equipment provides
single station solution capability. At the sacrifice of some precision, digitized synchro data
can be utilized in lieu of optical encoders and still produce results which will exceed the
requirements of the majority of operations at a very nominal cost.

FIGURE  1. ELECTRONIC RETICLE SKEW AND SCALE
FACTOR DETERMINATION SCANS



FIGURE 2.



FIGURE 3.
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ABSTRACT

A 5 meter diameter wideband polarization diversity Telemetry Tracking System has been
developed for Eglin Air Force Base. A single solid state feed, with no moving parts,
provides autotrack and data reception in the 1435-1540 MHz and 2200-2400 MHz bands.
The system consists of three tracking antennas, each mounted on separate 75 foot high
towers. The antennas feature continuous rotation capability in azimuth and remotely
controlled stowing mechanisms.

A common console containing test equipment, multicouplers, patch panels, RF switching,
boresight source and control equipment is interfaced with the three (3) tracking antennas,
receiver combiner systems, and boresite antenna.

The complete system features total integration of state-of-the-art feed/RF, tracking, and
control system electronics with a highly versatile sub-system of telemetry receivers,
combiners, RF, and wideband high level video distribution equipment.

INTRODUCTION

Several existing range telemetry tracking antennas have upper frequency limits of 2300
MHz. In order to support future telemetry missions, many ranges are specifying their new
equipment to operate to 2400 MHz. Others will retrofit existing antennas to extend their
operating frequency range.

Higher data rates and tracking performance requirements will place new demands on
existing and future telemetry tracking antenna systems. Higher G/T requirements mean 



higher gain antennas with narrow beamwidths. Larger and stiffer positioners will be
required to keep the narrow antenna beams on target.

Polarization diversity for data reception is becoming a standard requirement. Polarization
and amplitude dynamics, created by multiple signal paths, have and continue to cause
severe tracking problems in some systems. Although often overlooked, polarization
diversity in the autotrack system, is required to insure reliable autotracking of most present
and future range targets.

The purpose of this paper is to describe Datron’s implementation of the Telemetry
Antenna System (TAS) design with emphasis on features that provide an operator friendly,
high performance, and reliable general purpose Telemetry Tracking Antenna System.

SYSTEM OVERVIEW

The fully configured TAS is depicted in Figure 1. It includes 3 antenna systems, 3 control
consoles, a common rack and interconnect cable set.

Each antenna system consists of a 5 meter diameter mesh reflector, quadrapod, Single
Channel Monopulse (SCM) autotrack feed, RF assembly, elevation-over-azimuth   
positioner, SCR servo power amplifiers, and microprocessor based antenna control unit.
The antenna systems are designed to autotrack airborne targets, transmitting signals of any
polarization, in the 1435-1540 and 2200-2400 MHz telemetry bands.

The control console layout is depicted in Figure 2. Each control console accommodates the
receivers, combiners, spectrum display units, RF source/track selector, dual axis position
indicator, antenna control unit, and manual position control unit, for it’s correspondent
antenna system.

The common rack layout is shown in Figure 3. It contains patch panels, multicouplers, RF
switching units, video distribution boresight signal generators and source control panel,
and general purpose test equipment.

ANTENNA SYSTEM

The following features are incorporated into the Antenna System design:
1. Slip rings and rotary joints, in azimuth, for continuous rotation capability.
2. Remotely operated stow mechanism and auto stow position mode.
3. SCM autotrack feed with high scan frequency of 1500 Hz.
4. Contrascan polarization diversity tracking combiner.
5. Both analog and digital antenna position and command position displays.



6. Spring loaded return-to-zero rate controls for easy real time target acquisition.
7. Manual handwheels for fine static position control.
8. Selectable search amplitude and rate.

ANTENNA SYSTEM CHARACTERISTICS

Reflector 5 Meter Diameter Mesh Dish, 2 Piece Parabolic,
0.365 F/D

Frequency 1435-1540 MHz and 2200-2400 MHz

Polarization Simultaneous RHCP and LHCP

Feed Type 5 Element Crossed Dipole Single Channel Monopulse
(SCM)

Sum Channel Gain 33.4 +20(Log(F/1.435)) dB Minimum
F = Frequency in GHz

3 dB Beamwidth 1435-1540 MHz, 2.4 Degrees Nominal
2200-2400 MHz, 1.7 Degrees Nominal

Sum Channel Sidelobes 1435-1540 MHz, -16 dB Maximum
2200-2400 MHz, -18 dB Maximum

G/T (@ 5 Deg. E1) 1435-1540 MHz,   6.2 dB/Deg K Minimum
2200-2400 MHz, 10.0 dB/Deg K Minimum

Tracking Datron Contrascan Polarization Diversity
Tracking SCM

Velocity 30 deg/sec Minimum in each axis

Acceleration 30 deg/sec/sec Minimum in each axis

Ka, Wide BW 4/sec/sec Nominal in each axis

Ka, Medium BW 2/sec/sec Nominal in each axis

Ka, Narrow Bw 1/sec/sec Nominal in each axis



Azimuth Travel Continuous

Elevation Travel Operating mode: -3 to   +88 deg
Primary limits: -5 to +187 deg
Secondary limits: -7 to +187 deg

CONSOLE CONTROL (See Figure 2)

Each Control Console contains 2 Receiver Combiner Sets, RCS1 and RCS 2. Each RCS
consists of a pair of data/track receivers, a data combiner, and a dual Spectrum Display
Unit. The RF Source/Track Selector panel is used to determine which RCS will drive the
autotrack circuitry in the Autotrack Controller Unit. It is also used to determine which of
the 3 antenna systems will provide data to the RCS’s located in it’s Control Console.

The Dual Axis Position Indicator Panel provides a 2-speed (1X & 36X) synchro analog
display of the antenna or slave source pointing angles. The analog position display is
useful to an antenna operator during real time mission support, because it gives him a
better sense of where the antenna is looking than a digital position display does. The
Tracking Combiner controls and indicators, autotrack Acquisition Level Adjustment, LNA
Power and Bypass controls, and Band Select switch, are all located on the Dual Axis
Position Indicator Panel. This Panel is conveniently located above the Autotrack Control
Unit.

The Autotrack Control Unit, also referred to as the Antenna Control Unit or ACU,
provides the controls and indicators for commanding and displaying the Antenna System’s
position, modes, and status. The ACU front panel includes digital displays of the antenna
position and command angles to a resolution of 0.01 degrees. Analog displays of the
azimuth and elevation tracking error and the selected receiver signal strength meter are
also included on the ACU front panel. These displays are useful indicators to aid an
operator in acquiring and locking onto a moving target.

A Manual Position Control Unit is provided for Handwheel control of the antenna position
when operating in the Manual mode. These controls are useful for fine positioning of the
antenna to static angles.

COMMON RACK (See Figure 3)

The Common Rack contains equipment to provide for the interface and switching of RF
signals between the 3 Antenna Systems and the 6 RCS’s (2 RCS are located in each
Control Console). The RF switching is accomplished by solid state switches located in the
2 RF Switching Chassis’. The RF switches are controlled by the RF Source/Track Selector



Panels located in each Control Console. It is possible for each Antenna System to provide
RF inputs to any or all of the 6 RCS’s. Logic within the hardware insures that no more
than one Antenna System will drive an individual RCS at the same time.

Six (6) Active Multicouplers are included in the Common Rack to buffer and distribute the
outputs of the 3 TAS’s to the 2 RF Switching Chassis inputs.

The two (2) Video. Distribution Amplifier Units are used to house the Wideband (DC to
30 MHz), High Level (up to 8 Volts peak to peak input) distribution amplifiers. These
units provide the buffering and line driver functions between the RCS’s data outputs and
the Video Patch Panels.

A Test and Calibration Control Panel provides a means to inject test signals or noise at the
LNA input of each TAS. Separate controls for each polarization of the three TAS’s are
provided. This panel is used for making noise figure measurements and performing signal
strength calibrations.

Two (2) boresight signal sources and a Boresight Source Control Panel are used  to
provide signals to the boresight antenna and select it’s polarization.

In addition to the above, the Common Rack contains other test equipment and facilities to
aid in the set-up, calibration, testing, and alignment of the system.

TRACKING TECHNIQUE

The Tracking Techniques employed in the system were developed as a result or autotrack
failures, experienced almost simultaneously, by several S-Band antennas tracking the same
target at the Kwajalein Missile Range in the 196'’s.

It was discovered that the position and attitude of an airborne target could affect the sense
of received signal polarization at the tracking antenna’s aperture. Subsequent testing and
signal strength analysis confirmed that it was possible for a dynamic target to cause the
received signal to vary between both senses of elliptical polarization. For certain targets,
comparison of RHCP and LHCP signal strength recordings revealed that the received
signal polarization sense would appear to change from RH to linear to LH to linear, etc.
during the course of a tracking mission. These changes in received signal polarization
would cause loss of autotrack and data for SCM tracking systems configured to autotrack
on a single sense of circular polarization.



It was determined that to insure reliable and consistent autotrack performance, a
polarization diversity tracking scheme should be implemented into the autotrack antenna
systems.

Datron developed the Contrascan Tracking Combiner and implemented it in a system
supplied to the U.S. Army, Safeguard Systems Command in 1970 under contract
DAHC60-70-C-004.

CONCLUSION

The WIDEBAND HIGH PERFORMANCE TELEMETRY TRACKING AND DATA
RECEPTION SYSTEM was developed for Eglin Air Force Base under contract F08635-
86-C-0408. The Eglin Specification caused the development of a very versatile, general
purpose telemetry tracking and data reception system for operation in the L,S, and S’
telemetry bands. The sytem was designed for flexibility in configuration and operation. It
also includes convenient controls and indicators not always found in today’s tracking
system designs which incorporate computer and digital implementations of traditional
analog controls and displays.

Figure 1. Telemetry Antenna System



Figure 2. Typical Control Console Assembly



Figure 3. Common Rack
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ABSTRACT

This paper describes the requirement, design and test results for the Airborne Phased
Telemetry Array for the E-9A Airborne Platform.

INTRODUCTION

The E-9A is an airborne platform/telemetry relay system (AP/TM) developed for the Gulf
Range to support test and evaluation programs of air-to-air missiles. A description of the
complete system was given at the ITC/USA/’86 [1]. One of the subsystems of the E-9A is
the telemetry (TM) relay subsystem. The mission requirements, which were the driving
factor in the design of the antenna, are listed in Table I. This paper describes the design
and gives the test results of this unique S-band phased array antenna. The antenna is an
electronically steerable phased array capable of simultaneously receiving five independent
telemetry signals within its field of view. It is a new polarization insensitive phased array
(in conjunction with the receivers) that operates at 2.2 to 2.4 GHz and uses modular parts
to improve reliability and reduce maintenance times. The antenna is mounted on the
starboard side of a DeHavilland Dash 8 aircraft.

PHASED ARRAY ANTENNA SYSTEM DESCRIPTION

The antenna design is a one-dimensional scan, multiple-channel phased array 30 feet in
length with a height of 30 inches (see Figure 1). The 144 column planar array is subdivided
into eight interchangeable subarrays, with each subarray consisting of 18 identical columns
which consist of wideband microstrip patch disk elements. The array features 1728
elements in a rectangular lattice. Each element is designed to provide dual orthogonal



polarization oriented at ±45E with respect to the vertical axis (slant left and slant right
polarization) and provides 200 MHz instantaneous bandwidth. Polarization insensitivity is
achieved by the combination of the dual orthogonal polarization array and the high speed
IF combiners in the telemetry receivers. In addition, polarization diversity considerably
improves the quality of TM reception in the presence of multipath distortion.

Table I

Telemetry Mission Requirements and Source Characteristics

Parameter Requirement

Operating Frequency 2200 MHz to 2400 MHz (S-band)

Signal Sources Up to 5 simultaneous dual emitters spatially separated

Source effective radiated power 23 dBm

Signal Bandwidth 3 MHz

Antenna Coverage in Azimuth -60E to + 60E

Antenna Coverage in Elevation Sea Surface to 25,000 feet

Fade Margin 10dB

S/N Ratio 13 dB

Acquisition Range 75 nautical miles

Tracking Range 50 nautical miles

Based on the specific system requirements shown in Table I, the minimum required G/T
for the antenna system is 5.1 dB. To meet the required G/T in an airborne environment,
emphasis was placed on minimizing losses and maximizing antenna gain. In addition, low
elevation plane sidelobes were necessary to minimize the level of illumination of the
aircraft wing and engine cowling as well as to reduce sensitivity to sea surface multipath.
As a result, the azimuth aperture is uniformly illuminated, and a modified Taylor
distribution is used in elevation to reduce the elevation plane sidelobes.

The technique selected to cover the scan volume was a fan beam (10E BW ) in the3dB

elevation plane and a scan beam in the azimuth plane (0.72E BW ) obtained by phasing3dB

the array. This was considered to be the simplest of all approaches. This technique results
in an array with the largest length to height ratio and the simplest tracking algorithm. To
avoid grating lobes in the field of view (± 60E), the elements were spaced 2.5 inches apart. 



In addition, the spacing provided a convenient implementation of the corporate feed for the
144 columns in the horizontal plane.

Target acquisition is accomplished by a full scan of the scan volume while monitoring the
receiver AGC. Once the target is detected, the system has an adaptive scan technique to
focus on the target. Target tracking is accomplished with a beam dithering technique.
Beam crossover occurs at 0.25 beamwidth to produce 6.7% amplitude modulation.

A diagram of the TM phased array antenna system is shown in Figure 2. All key antenna
parts are shown in this diagram. The radomes are a specially designed A-sandwich
construction that meets rigid mechanical and electrical requirements. The radome is 2.2
inches thick and is composed of two 0.02 inch fiberglass skins attached to a honeycomb
core. Boresight losses at 2.3 GHz are only 0.03 dB mismatch loss and 0.07 dB ohmic loss.
Like the radomes, the elements are specially designed devices that operate over the 200
MHz bandwidth. Element design efforts focused on maximizing bandwidth and minimizing
return loss, particularly at ±60E. The elements are circular hollow disks built from epoxy
fiberglass and mount directly on the elevation combiner. The 12-way elevation combiner
forms the beam in the elevation plane. It is a quantized approximation of a 25 dB sidelobe
(û = 6) Taylor distribution. The quantized combiner network makes appropriate use of
2-way power dividers to provide about -22 dB sidelobes. This device is a multi-layer
stripline assembly built by Triangle Microwave, Inc. with 48 inputs (four for each of the 12
antenna elements).

The dual polarized outputs from each element combiner are fed into a phased array module
(PAM) which contains a bandpass filter, isolator, low noise amplifier, 5-way power
divider and five 4-bit phase shifters. The PAM, built by Electromagnetic Sciences, Inc.,
contains twice this number of components allowing simultaneous processing of both slant
right and slant left polarizations. This unit features a LNA with 0.95 dB noise figure (room
temperature) and 46 dB gain. The PAM contains all the active electronic components in a
single replaceable unit. Each PAM can be accessed and replaced using aircraft access
panels at the bottom of the array enclosure.

The output from each PAM in the subarray is connected to an 18-way azimuth combiner.
These devices perform a final signal summation at a subarray level. There are five 18-way
azimuth combiners in the subarray with the each combiner containing the circuitry for each
polarization. It is a stripline assembly built by Triangle Microwave, Inc. , with 36 inputs
and 2 outputs. The corporate combiner sums all signals from the 8 subarrays. It is a
combination of phased-matched semirigid cabling and ten 8-way azimuth combiners. A
Built-in Test Equipment (BITE) network provides the capability to inject a signal into each
elevation combiner throughout the entire array, including both polarizations. This network
facilitates system checkout and fault isolation.



The outputs from the phased array are fed to the telemetry receivers (Astrolink MTR602)
designed to meet the requirements of the airborne platform telemetry system. The dual
channel receivers are capable of receiving and pre-detection combining of two
(orthogonally polarized) signals. In addition, they have an AM module for each channel to
detect the amplitude modulation induced on the RF signal due to the 10 KHz beam dither.
The two receiver channels utilize common local oscillator signals which are phased locked
to an internal 5 MHz reference oscillator to ensure the best combiner operation. Each
receiver has its own FM data signal demodulator. A third FM discriminator is provided for
the combined signal. The optimal ratio predetection diversity combiner uses AM/AGC
weighted signals that permit the selection of the best signal under dynamic fade rates up to
and exceeding 20 KHz.

The preprocessor interfaces between the TM receivers and the Antenna Control Computer
(ACC). The AM signal from the receiver is synchronously detected and filtered to produce
a track error voltage that is fed to the computer. The receiver AGC is filtered and also
routed to the computer.

The ACC serves as the central processor and controller for the TM phased array antenna
system. Its main functions are: checkout, diagnostics, in-flight status monitoring, and
mission support. Its mission support function includes signal processing necessary for
target acquisition and tracking. The ACC contains a specially designed Beamsteer
Processor (BSP) which performs the processing of the individual phase shift commands for
the PAMs. Eight Subarray Interface Units (SIU) demultiplex the serial data sent from the
ACC and route it to the appropriate PAM for beam control. The SIUs are mounted inside
the aircraft. As part of the BITE function, each PAM can be individually turned either on
or off by the ACC.

SUMMARY OF ANTENNA PERFORMANCE

Two TM phased array antennas systems were built and tested by the Georgia Tech
Research Institute (see Table II). The antennas met all design criteria.



Table II

Telemetry Antenna Assembly Specification

Parameter Specification

Frequency Range 2.2 - 2.4 GHz

Independent Beams 5

Polarization Dual Linear: Slant Left and Slant Right

Azimuth Beam Steering Limits ±60E from boresight

Elevation 3 dB Beamwidth (BW ) 10E3dB

Azimuth 3 dB Beamwidth (BW ) 0.72E at boresight3dB

Nominal Gain (@ 2.3 GHz) Boresight: 35 dB
±60E: 30 dB

Gain/Temperature Ratio 11.3 dB nominal at boresight

Nominal Sidelobe Levels: Azimuth 13 dB
Elevation 22 dB

Squint Loss @ 12 MHz Offset 1.5 dB

Cross Polarization Isolation 20 dB nominal at boresight

Array Face Dimensions 30 feet long, 30 inches high

AngularTracking Rate 2.1 degrees/second (minimum)

Tracking Technique Switched Beam (dithering)

Dithering Rate 10 KHz

Dither Crossover Loss 0.7 dB

Beam Pointing Update Rate 200 updates/second (all beams)

Acquisition Time 1.5 seconds

Acquisition Technique 1 coarse search (± 60E) and 3 fine searches
after initial detection

Acquisition Threshold 10 dB minimum Receiver IF SNR
(software selectable to <0 dB)



Beam Coast Signal fades up to 1.0 second at all angular
rates

Status Reporting Status Display reports beam status (OFF,
SEARCH, TRACK) and tracking angle for all
five beams, receiver status, and system status

Diagnostics Built-in (Status Display) and externally
accessible (Ground Support Vehicle)

Power Requirements 400 Hz, 110 V AC (Computer);
28 V DC (Preprocessor, 4 power supplies and

5 receivers): 95 A max.

Table III presents a comparison of the design criteria and measured results. Figure 3 shows
both an azimuth plane pattern for selected scan angles and an elevation plane pattern at
2.3 GHz.

Table III

Comparison of Design Criteria and Measured Results (@ 2.3 GHz)

Parameter Design Measurement*

Elevation
Plane (boresight) BW 10E 10E3dB

Sidelobe Level 22 dB 21 dB

Azimuth
Plane (boresight) BW 0.72E 0.72E3dB

Sidelobe Level 13 dB 12.6 dB

Gain
Boresight 35dB 35.3 dB

+ 60E 30 dB 30.7 dB
! 60E 30 dB 30.2 dB

G/T
Boresight 11.1 dB 11.3 dB

+60E 6.1 dB 6.6 dB
! 60E 6.1 dB 6.3 dB

Squint Loss 1.5 dB 1.5 dB

*Average of all five beams from measurements of second antenna.



CONCLUSIONS AND RECOMMENDATIONS

Two E-9A aircraft with the S-band phased array antennas are currently operating
successfully at Tyndall AFB, Florida. Preliminary tests (at the time of this writing) have
demonstrated that the phased array antenna meets system requirements.
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a) Phased Array Antenna on the E-9A Aircraft.

b) Subarray under Test.

Figure 1.  Photographs of the Aircraft (a) and Subarray (b).



Figure 2. Phased Array Telemetry Antenna System Diagram



Figure 3. Selected Antenna Patterns at 2.3 GHz.
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ABSTRACT

Phase-tracking discontinuities produced by switching transients in the usual Master/Slave
telemetry diversity combiners under deep-fade conditions, can create data loss in modern,
phase-modulated telemetry systems. This paper presents an innovative, dual-channel
diversity combining system that overcomes this deficiency, has improved phase noise
performance, and maintains full optimal ratio combining for PM, FM, and PSK modulated
PCM telemetry. This is accomplished by a symmetric architecture that does not rely on
either of the two input channels as a master reference to which the other is phase locked.
The new design has the added advantage that the phase noise of a weak master channel is
not superimposed on a stronger slave channel.

INTRODUCTION

The use of space and polarization diversity reception systems to improve the signal-to-
noise performance of telemetry links has been well established since the early 1960’s (1).
These systems help overcome the signal propagation effects, such as multipath and
atmospheric turbulence, that tend to deoptimize reception and cause signal fades in a
single reception channel (2). The combining is accomplished in most current dual-channel
diversity combiners by establishing one of the reception channels as a Master reference to
which the other channel is phase locked. The signals are then weighted by their relative
signal strengths and added coherently before demodulation. A typical dual-channel
combiner diagram is given in Figure 1. It is often the case, particularly for spinning
spacecraft, that both channels undergo rapid, periodic, non-synchronous, deep signal
fades. Under these circumstances, the combiner may lose phase lock temporarily when the
Master channel experiences a deep fade. For PCM/FM data systems this will not usually
cause a loss of data, assuming the channels are properly weighted. The situation is much



more serious, however, for phase-modulated data links since a discontinuity in phase is
likely to occur as the Master channel fades in and out of lock, causing data loss. A more
subtle deficiency in the design of Figure 1 is that since the Master channel provides the
phase reference, the phase noise of a weaker Master will be superimposed on a stronger
Slave channel resulting in non-optimum combining.

Figure 1. Standard Combiner System

This paper presents a new diversity combiner architecture that was developed to
specifically address the requirements of phase-modulated telemetry links, and also provide
improved performance for PCM/FM data links over present combiners.

DESIGN CONCEPT

The patented design is symmetrical in that each channel is treated identically, eliminating
the Master/Slave concept and its associated phase switching transients. A conceptual
diagram of the combiner system is given in Figure 2. The unit provides both pre-detection
IF combining and simultaneous post-detection video combining. Optimal ratio AM/AGC
weighting is implemented for wide bandwidth response to fast fade conditions (2).

A comparison with the diagram in Figure 1 points out several obvious advantages to the
symmetrical design. There is a significant decrease in complexity and component count
and a corresponding increase in reliability. Only a single demodulator is required, rather
than a minimum of two, and it operates on the optimized IF signal continuously and in real
time. Only two VCOs are required compared to three. No upconversion stage is necessary,
eliminating an entire LO, mixer, and filter/amp section, as well as the associated down-
conversion stage. These two frequency conversions of the IF input prior to combining can
degrade significantly the final phase-noise performance and spurious signal content.



Figure 2. Improved Combiner Systems

Automatic Phase/Frequency Control

Coherency in the two channels is achieved by implementing a dual loop phase-locked
loop. An inner “differential-model’ loop is closed about phase detector “A” which
monitors the difference in phase and frequency between the two input receiver IF signals.
This phase error is created by phase differences in downconverters, cable lengths, VCO
variances, and differential Doppler effects of the source, such as in spinning satellites with
multiple antennas. The differential error is split and applied to the channel-1 and channel-2
VCOs with opposite polarity. The VCXOs provide the respective receiver’s second LO
for generation of the 20 MHz final IF. This causes the two channels to be driven in
opposite directions toward a common frequency equally, rather than forcing a Slave
channel to follow a Master channel. An outer “common-mode” loop is then closed using
an AFC or APC signal derived from a demodulator working on the combined/improved IF
signal. The common-mode error signal is then summed with the differential mode errors to
control the VCOs. The common-mode loop keeps the receiver IF signals centered in the
filter passband and provides the tracking of frequency shifts that are common to both
channels such as orbital Doppler.

The gain characteristics of the differential loop are selectable and tied to the loop
bandwidths selected for the common mode in the demodulator. The loop contains an
integration to maintain zero-static differential error. Since the optimal ratio signal
weighting is applied prior to the phase detectors and the combining is continuously
applied, the phase-noise contribution of a weak channel is attenuated automatically. As
one channel fades rapidly in strength, the gradient of the differential detector, hence the
loop band-width, will decrease, deemphasizing the effect of the fading channel noise.       
The common-mode loop maintains constant bandwidth throughout the fade since it is



operating with the combined, normalized IF signal throughout. The normalized,
differential-mode phase detector gradient is given by the formula:

Kd - [2/ (S1 / S2 + S2 / Sl)] (1)2

where:
S1 is the signal strength of channel-1

S2 is the signal strength of channel-2.

AM/AGC Weighting

It has been previously established that optimal combining occurs when each signal is
weighted, before combining, by a measure of its own instantaneous signal-to-noise ratio
(1), (3). Once weighted, the signals can be added coherently to maximize the combined
signal-to-noise ratio. Each receiver provides a narrow-bandwidth average measure of its
signal-to-noise to the combiner via an AGC bus. The diversity combiner provides
wideband AM detectors and log amplifiers on each input channel to augment the receiver
AGC input for fast fade conditions. The augmented S/N output of each channel is then
compared in a differential amplifier to produce a weighting control signal proportional to
the logarithm of the ratio of signal-to-noise between the two channels. The control signals
are applied to variable gain IF amplifiers on each channel to perform the final weighting
function. Since the combined IF must maintain a normalized level of -10 dBm, an internal
common-mode AGC loop is implemented on the final combined IF signal.

The weighting control signals are also applied to similar video combining amplifiers to
achieve post-detection combining of video signals from the two receiver channels.

AUXILIARY FUNCTIONS

All controls for the combiner are executed via an internal micro-processor control module.
Front-panel operator controls and displays are provided by an integrated keypad and LCD
screen in a simple interactive manner. Full instantaneous control and monitoring of the
unit’s complete status, including digitized frequency offsets and signal levels, are provided
on the LCD display and remotely via industry standard RS-232C and IEEE-488 interfaces.
A front-panel view of the Series 934-2 Diversity Combiner is given in Figure 3.



Figure 3. Series 934-2 Diversity Combiner

PERFORMANCE RESULTS

Tests on the symmetric diversity combiner have been performed for phase-modulated
(BPSK) telemetry format signals as well as PCM/FM format signals. The improvement in
S/N as measured by Bit Error Rate (BER) has been measured for both static and dynamic
channel fade conditions. The test instrumentation arrangement is shown in Figure 4. An RF
telemetry signal is generated using a clock generator at the bit rate under test, a PCM data
generator, and an RF signal generator with appropriate modulation. This RF signal is split
into two paths to simulate the various fade and frequency shift effects experienced on the
two diversity paths. Static and dynamic fade effects are produced by the manipulation of
two programmable attenuators under the control of a personal computer. For the dynamic
tests, programs were used that simulate the deep-fade symptoms of a polarization diversity
system confronted with a spinning satellite having multiple transmit antennas on its
circumference of alternating polarization. Differential Doppler shift was simulated with a
function generator frequency modulating two signal generators 180 degrees out-of-phase.
The generators were applied as LOs to mix with the telemetry signals to produce the
desired final RF signals applied to the reception system under test. Tests compared the
combined performance to the performance of the best channel in all cases to arrive at an
improvement factor.



Figure 4. Test Configuration

BPSK TESTING

Static tests compared the BER versus E /N  curves for a single channel to those generatedb o

with the combining system. For these tests the amplitude and frequency modulation was
not activated. One channel was held at an E /N  of 8 dB while the other channel wasb o

adjusted over a range of E /N  values and compared to the theoretical maximumb o

improvement. Tests were run at bit rates between 32 kbps and 8 mbps. Figure 5 presents a
typical comparison showing the improvement relative to theoretical maximum. For all
cases, the improvement levels were within 0.5 dB of theory.

Figure 5. Static Improvement



Dynamic tests were executed with BPSK NRZ-L and NRZ-M data at an initial E /N  ofb o

14 dB and with 30 dB fade depths for spin modulation. Spin rates from 5 to 30 rpm were
simulated with the appropriate differential Doppler applied. The spin simulator assumed
each of the two channels would undergo the same fade conditions, but 180 degrees out-of-
phase. Figure 6 illustrates the two-channel fade modulation produced by the simulator for a
5.5 rpm spin rate. The deep-fade points fall below the system noise level causing deviation
from the optimal combining situation. The combiner senses this condition and essentially
eliminates the faded channel contribution, preventing the unnecessary addition of idle
channel noise to the combined signal. Coherent combination is established again as the
faded channel emerges above the noise floor and differential-mode lock is established. The
telemetry signal generator was AM modulated in addition with a 20% modulation depth at
20 kHz to simulate possible ranging tones. Both pre-detection (IF) and post-detection
(video) combining were tested. The test results verify that BER performance of the
combined signal is consistent with the optimal ratio formula when the E /N  separation ofb o

the channels is less than 10 dB, and the strong channel performance is not degraded in any
situation by a very weak channel approaching the system noise floor.

Figure 6. Simulated SLD T/M Pattern



The bandwidth of the dynamic combiner response was measured using the test procedure
given in IRIG 118-79 (4). This involved the application of sinusoidal AM modulation of
the two input channels while observing the BER of the combined signal. The modulating
AM frequency was adjusted between 0.1 Hz and 50 kHz to generate the combiner’s
frequency response. Figure 7 presents the results of this testing that verifies the more than
25 kHz bandwidth performance.

Figure 7. Combiner Bandwidth

PCM/FM TESTING

PCM/FM signal-testing results indicate the same type of optimal ratio enhancement as was
achieved with the BPSK modulated signals.  This is demonstrated in the results presented
in Figure 8 for PCM/FM data at 1.0 Mbps and deviation of 1 MHz.

CONCLUSION

The performance results indicate that the design goal of producing a superior diversity
combiner appropriate for both phase-modulated and frequency-modulated telemetry
formats has been achieved. Tests with BPSK modulated signals indicate that BER
improvement over non-combined performance is within 0.5 dB of theory for both static-
and dynamic-simulated, spinning-satellite, deep-fade conditions. Measurements of
dynamic combiner performance for fast-fade situations show that combining bandwidth
exceeds 25 kHz. Phase noise contribution of the combiner relative to the best-channel
phase noise is negligible.



Figure 8. Static Improvement
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ABSTRACT

Improvements in the performance and electronic sophistication of Navy missiles require
concurrent improvements in telemetry reception. The Microdyne 2800 Receiver/Combiner,
developed for the Naval Surface Warfare Center (NSWC), provides an improved
shipboard receiving capability to meet this requirement. The Microdyne 2800, or “2800”,
is a dual channel diversity combining telemetry receiver, which, though designed to meet
the unique Navy shipboard environment, provides a capability previously available only
with large shore based receiving systems.

INTRODUCTION

Navy missile firings are supported by both land and ship based telemetry receiving
systems. A significant quantity of firings, however, rely totally upon portable shipboard
receiving installations. The shipboard environment, along with a portability requirement,
limit the maximum size of the receiving antenna to approximately one meter diameter,
restricting antenna gain. Relatively poor radiation characteristics of missile telemeter
antennas and signal degradation caused by multipath phenomena further limit range and
data quality.

Tests performed indicate a 3 to 5 dB dynamic signal improvement as a result of
polarization combining at the receiving site (compared to using a single receiver). Even
greater improvement is attained by the physical separation of a pair of identical receiving
antennas such that multipath nulls do not occur simultaneously in the two antennas.
Computer application software has been developed at NSWC to predict multipath effects
to aid effective multipath management.



Implementation of diversity techniques in a portable shipboard system required the design
and development of a compact receiving/combining system. The Microdyne 2800 is a
result of that effort, offering, in 5.25 inches of rack space, a dual channel receiver and
combiner. The small physical size permits optional employment of a second 2800 to
provide simultaneous combining of two diversity modes (e.g., polarization and space
diversity).

DESIGN AND DEVELOPMENT

Design requirements for the 2800 were based on the Navy’s need for a compact (5.25 inch
maximum panel height), low power consumption, rugged, high performance dual channel
receiver combiner capable of data recovery equal to that of a multipath receiver combiner
system of far greater size and weight.

The constraints required the design team to reevaluate the current concept of dual channel
receiver combiner systems. The 2800 (simplified block diagram shown in Figure 1) is the
outcome of these efforts.

FUNCTIONAL DESCRIPTION

The 2800 incorporates a front panel plug-in tuner module permitting operation on multiple
frequency bands. In addition, each channel (CH1 and CH2) has its own Independent
synthesizer allowing the 2800 to tune to two different frequencies within the plug-in tuner
range (frequency diversity). Tuning resolution is 100 kHz.

Each tuner channel outputs a 160 MHz 1st IF signal to its 1st IF filter module for
amplification and filtering. This module also provides a wideband 160 MHz rear panel
output for use with an external spectrum analyzer.

Each 1st IF filter 160 MHz output is then fed to a 2nd mixer module where it is converted
to the 70 MHz 2nd IF. The local oscillator (LO) signal for each 2nd Mixer is derived from
either the 230 MHz crystal LO or from the 230 MHz VCO module. The selection is
determined by operating conditions and logic commands from the microprocessor unit
such that the VCO is employed in the channel that is in, or has been in, the search mode.

The 2nd mixer 70 MHz output is further amplified and filtered in the 70 MHz 2nd IF filter
module. IF filtering allows a wide range of bandwidths between 1.0 MHz and 36 MHz.
Standard bandwidths shown are 1.2, 3.3, 10, and 22 MHz. Each channel may include up to
four IF bandwidths selected at either the front panel or remotely via IEEE-488 or RS-232
busses.



The amplified and filtered 70 MHz signals are next processed by the IF distribution/AM
detector module and distributed to the Pre-D combiner, other modules, and to the rear
panel. The AM signal is recovered in the IF distribution/AM detector module and sent to
the rear panel and post detection combiner module, where the CH1 and CH2 AM tracking
Signals are combined together to provide a combined enhanced AM tracking signal output
at J22.

The Pre-D combiner module is a unique design capable of combining narrow band as well
as extra wide band RF signals at or near theoretical performance. The unit employs very
wide band phase shifters that allow for a single conversion combining system, thereby
saving space and power. This module also contains the sweep acquisition and loop filter
components.

Phase lock loop parameters were selected from previous successful bandwidths employed
in the proven Microdyne 3200-PC combiner design. The loop bandwidth permits high
phase fade rate tracking while still allowing the unit to phase lock two channels at levels
down to -7 dBm carrier-to-noise (C/N) in each channel, thereby providing for minimum
loop unlock for any given mission. The design allows manual as well as automatic
acquisition. Sweep voltage and loop stress is displayed on the front panel bar graph
indicator.

Output of the Pre-D combiner is fed to the FM demodulator. Four selectable demodulator
bandwidths are available utilizing proven threshold extension designs. Bandwidths range
from narrow to extra wide, addressing narrow and medium bandwidth FM applications as
well as TV video and other wide band signals with deviations in excess of 5 MHz. A front
panel video polarity switch is provided as well as internally switched de-emphasis
networks for wideband or TV video applications. The demodulator is extremely linear and
provides excellent noise power ratio (NPR) performance.

The output of the FM demodulator is fed to the video filter attentuator module where it is
filtered by one of five selectable video filters with bandwidths between 400 kHz and
13 MHz. A bypass mode is available which provides a video response in excess of
15 MHz. This module is also equipped with a programmable video attenuator that provides
attenuator increments from 0 to 53 dB in 1 dB steps. The module’s video amplifier has a
bandwidth in excess of 4.0 VPP into a 75 Ohm load at J16 on the rear panel.

The 2800 also incorporates a three channel down converter module. This module takes the
70 MHz IF output from CH1, CH2, and the Pre-D combined module, and down converts
these signals to any one of seven selectable record carrier frequencies. The standard
frequencies employed are 300 kHz, 450 kHz, 600 kHz, 900 kHz, 1.20 MHz, 1.80 MHz,
and 2.40 MHz. The design allows for optional record carrier frequencies up to center



frequencies of 5.0 MHz. Each channel is independent such that all three channels can be
recorded then reproduced individually for single channel analysis.

The microprocessor (MPU) board incorporates an 80C85 microprocessor using proven
software and hardware design from the Microdyne 1400-MR series receiver. The MPU
board processes all local as well as IEEE-488 and RS-232 remote commands, displays
status on the front panel LED readout, and sends the unit’s status out via a unique status
repeat program on the RS-232 buss. This status repeat program was required by the Navy
to aid post mission data analysis, and will provide the Navy with accurate accounting of
the 2800’s performance during any mission requirement.

AM and AGC control voltages are provided by the AM and AGC logic circuit PC boards.
Here the AM output of each AM detector is processed through a logarithmic amplifier and
summed with the AGC voltage to develop a combiner control voltage equivalent to the
fade pattern at the RF input of each channel.

The Post-D combiner serves two functions in this application. When a single 2800 is used,
the Post-D combiner permits CH1 and CH2 AM signals to be combined. Thus, the AM
tracking signal is enhanced for improved overall antenna tracking operation. However, a
unique wiring and switching arrangement in the 2800 permits an additional function. For
example, when one 2800 (of a pair of 2800s) has its rear panel switch set to the master
mode, the predetected combined video outputs of the two 2800s can be Post-D combined,
providing the capability of implementing two diversity modes simultaneously. Since one
2800 remains in the AM/slave mode, AM tracking signals can also be combined at the
same time for improved antenna tracking performance. This Post-D combiner circuitry was
developed from similar technology developed for the field proven Microdyne 3200-PCA
Diversity Combiner.

CONTROLS AND INDICATORS

The front panel, shown in Figure 2, was designed to simplify user operation. The exclusive
use of high visibility LEDs provides the operator with a wide viewing angle as well as high
visibility under any light condition.

Controls and indicators are positioned for maximum operator efficiency. Integration of the
two receivers and a combiner into a single package greatly reduces the number of controls
as compared to using three discrete units.

Receiver controls and indicators are largely confined to the bezel area, whereas combiner
controls and indicators are located on the opposite side of the front panel. This minimizes
confusion during setup and operation.



The keyboard and programming render local operation extremely user friendly. For
example, function keys, such as scan, Pre-D, and AGC TC, once selected, cycle through
each of the available selections for that function with each subsequent depression of the
function key. Depressing the Freq key causes the display to indicate which channel is
being changed, and prompts the operator for input data.

Both analog and digital LED display indicators are utilized. CH 1 and CH 2 carrier levels
are displayed on analog bar graph devices providing good relative indicators. These levels
can also be displayed in digital form using the front panel Level DVM with its unique slide
switch arrangement. This allows the DVM to serve as CH 1 and CH 2 level indicators as
well as monitor the video output level.

The Demodulator DVM also has a slide switch allowing it to serve the dual purpose of
deviation indicator and demodulator zero indicator for precise demodulator zero control.

The combiner section of the front panel employs a DVM with interlocking switchable
inputs. Each combiner adjustment control is located directly below its associated switch
function for efficient and precise combiner setup.

Other controls and indicators such as demodulator and IF controls are also well defined
and user friendly.

LABORATORY PERFORMANCE

Laboratory and Acceptance Test Procedures were performed on the 2800 to verify that its
performance met the Navy’s procurement specifications. The unit met specifications and
performed at or near theoretical in all aspects including combiner system performance
tests.

AGC vs Signal Level

Figure 3 plots AGC voltage versus input level. A high performance AGC controlled
optimal ratio combiner system requires a linear AGC control signal to provide optimal
combining operation. Note that the CH 1 and CH 2 AGC voltages are not only linear at
low input levels, but remain linear throughout the entire operating range of the system.

The combined AGC curve is also plotted in Figure 3. This is the control voltage supplied
to the four channel combiner circuitry when two 2800s are configured as a four channel
combiner system. Note that this combiner voltage is 150 MV higher than CH 1 and CH 2
AGC voltages indicating a 3 dB improvement in AGC voltage required for proper 



operation of a four channel combining system. Note also that the combined AGC voltage
tracks the individual AGC voltages over the entire operating range.

Demodulator Performance

The FM demodulator is comprised of four selectable demodulator bandwidths utilizing
proven threshold extension designs. Performance for the unit was exceptional, especially in
the area of Noise Power Ratio (NPR) tests. NPR performance is highly dependent on the
linearity of the FM demodulator.

FM demodulator linearity for the medium bandwidth position is shown in Figure 4. Note
the unit is essentially linear over the 1 MHz bandwidth, contributing to NPR performance
in the 45 dB range.

FM demodulator linearity for the extra (EX) wide BW position is shown in Figure 5. Note
that linearity is over a 10 MHz bandwidth. Linear performance over this range will yield
excellent data quality for both wideband and video applications.

S/N vs C/N Performance

Signal-to-noise ratio as a function of input carrier-to-noise ratio for two widely different
system configurations is shown in Figures 6 and 7.

Figure 6 plots the output signal-to-noise ratio for CH 1, CH 2 and combined outputs versus
the carrier-to-noise ratio at the 2800 input channels. Note the excellent FM demodulator
threshold performance for both CH 1 and CH 2 occurring in the 7-8 dB C/N range. The
combiner plot indicates almost the maximum theoretical 3 dB improvement over the entire
range. It is important to note that the threshold for the 2800, using the Pre-D combiner, is
pushed down an additional 3 dB to the 3-4 dB C/N range.

Figure 7 shows a wideband application using EX wide FM demodulator range. Threshold
performance is excellent and typical of the proven performance of this demodulator design
in other video applications. The combiner curve indicates the theoretical improvement of
3 dB over the entire range and lowers the threshold by another 1-2 dB.

Combiner AM/AGC Performance

Pre-D combiner performance under dynamic conditions is shown in Figure 8. In this test
each RF channel is amplitude modulated such that the RF signal has a fade depth of 20 dB,
and the fade pattern of one channel is set 180 degrees out of phase with the other. RF input
to each channel is set such that CH 1 and CH 2 outputs produce a bit error rate (BER) of



10,000 errors per million bits (EPMB). The 2800’s combiner circuits then combine these
two signals and improve the BER to less than 1 EPMB. Figure 8 shows this improvement
to occur for fade rates from 100 Hz to over 100 kHz.

Figure 9 shows the same data as Figure 8 except that each channel BER is increased to
30,000 EPMB to test the limits of the combined improvement of the system. Note that the
BER is still less than 1 EPMB until the fade rate exceeds 35 kHz.

APPLICATIONS

The 2800 was designed to meet the Navy’s immediate and long term specifications. The
unit has the designed-in versatility to function in a wide variety of applications including:

C Dual channel polarization diversity combiner applications
C Dual channel frequency diversity combiner applications
C Dual channel space diversity combiner applications
C Four channel polarization or frequency diversity combiner applications using two

2800s
C Four channel space diversity combiner applications using two 2800s
C Portable applications as well as fixed ground, seaborne, or airborne support
C Enhanced video recovery for commercial or military applications
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ABSTRACT

The ultimate limitations on data rate are set by factors categorized in this paper into
transmission medium problems, equipment problems and signal characteristics in the
generalized spectral dimensions of time, frequency and open space. The limiting factors
and corresponding relieving approaches are briefly brought out in this essentially topical
summary paper. This paper is primarily a topical guide for a much more detailed multiple-
hour tutorial lecture.

1.  INTRODUCTION

Requirements for data rate are continually escalating at aerospace test ranges, target
ranges and for unmanned surveillance vehicle return links. Bit rates have been steadily
rising from the few megabits per second of the 1970’s to the tens of megabits per second
of the mid 1980’s. The recent advent of the NASA TDRSS is spurring the rate to the 450
megabit/second range, real time.

The exponentially rising demand for more data to satisfy rapidly developing
information-intensive requirements has sparked revolutionary trends and developments in
the technologies of signal processing, data processing, storage and computation. The
developments to date barely “scratch the surface” of posibilities opened up by the micro-
systems revolution triggered by the evolution of VLSI, ULSI and VHSIC.

Data rate is ultimately limited not just by available technology, but also by a) the
transmission capacities of the available propagation medium and of the relay links
employed for data collection and distribution; b) the design of the signals for carrying and
for multiplexing, and the counterpart reception, detection and demultiplexing techniques;
and c) the capacities of predetection recording and data storage.



This paper, prepared primarily for supporting a tutorial lecture, is intended to provide a
summary review of the factors that limit the bit rate capability and of the approaches for
corrective actions and for raising the bounds on bit rate in particular situations.

2.  FACTORS LIMITING BIT RATE CAPABILITY

Bit rate capability is ultimately limited by:

A.  Signal transmission medium characteristics;

B.  Equipment characteristics;

C.  Signal design and detection techniques.

Two factors associated with the transmission medium determine the radio frequency
band in which to place the signal power and the necessary effective level of the emitted
power. The first is the transmission loss with distance. Passive sections of transmission
media universally attenuate the signal with traversed distance, and the attenuation over a
given distance is a function of operating frequency. The second is that open radio
propagation media are also generally accessed by other independent sources of radiation
and random noise that share the spectrum with the desired signal, which are also
intercepted by the receiving system, adding background noise and interface to the desired
signal. Independently sourced additive disturbances universally place a threshold for signal
level to ensure acceptable performance. In certain extreme cases, extraneous additive
disturbances may be strong enough to drive a receiver front end into saturation, causing
severe “receiver desensitization” to the desired signal, as well as introducing byproducts of
the resulting nonlinear response to the conglomerate of all signals present within the front-
end passband.

Radio propagation media also introduce effects against which increasing the radiated
signal power provides no remedies. Specifically,

i)  Extraneous random envelope and exponent (phase and frequency) modulations due
to Doppler frequency-shift spreading phenomena, traditionally referred to as “fading,”
which may cause signal drop-outs or “outages.” The medium-induced modulations are
multiplicative to the signal envelope and additive to the signal instantaneous phase and
frequency The spectrum of the extraneous modulation of the signal frequency may in the
important case of telemetry from rocket-powered vehicles overlap and severely disturb the
lower-frequency subchannels in FDM/FM and all TDM/FM subchannels.



ii)  Randomization of diffusion of the reative amplitudes and instantaneous phases of
signal spectral components due to decorrelation in the induced random modulations of
signal spectral components that differ in frequency by amounts that exceed the reciprocal
of the difference between the arrival times (called the “delay spread”) of the earliest and
the latest detectable replicas of the signal. This spectral randomization phenomenon is said
to limit the “coherence band-width” of the propagation medium.

iii)  Quasi-deterministic waveform transmission distortion, which in FDM/FM and
TDM/FM results in nonlinear distortion by an albeit linear transmission medium.

The propagation effects and corresponding corrective/suppressive approaches are
described in more detail in Sections 3 and 4.

The equipment factors that limit data rate include:

a)  Available power.

b)  The high-Q constraint set by practical hardware (and other) considerations. This
limits the bandwidth around a given operating frequency, and hence favors higher center
frequencies for allowing wider bandwidths.

c)  Nonlinearity of receiving system equipment response to the modulated parameter of
the signal (the instantaneous frequency in FDM/FM and TDM/FM).

d)  Limited dynamic range of linear operation of receiver stages preceding the
demodulation/detection stages.

e)  Predetection recorder wow and flutter and limited bandwidth.

f)  Impedance and drive-level mismatches at interstage connections.

The signal design and detection factors relate primarily to the time-frequency plane
characteristics of symbol waveforms. A compacted summary of multiplexing/
demultiplexing methods is presented in Section 5.

3.  CHARACTERIZATION OF PROPAGATION EFFECTS

Two types of propagation are distinguished: Specular and nonspecular.

In specular propagation, a high-Q signal e (t) is transformed toin

e  (t) = Ke  (t - J ) (3.1)out   in   d



where K and J  are essentially constants.d

In nonspecular propagation, the signal energy reaches the receiver by a process of
diffuse scattering from a spatially spreadout conglomeration of scatterers, such as a cloud
of chaff, a swarm of flying objects, a rocket exhaust plume, a changing rough surface, or
passage through a concatenation of regions with different phase shift and delay
characteristics. Nonspecular propagation results in a randomly time-variant combination of
numerous replicas of the signal which individually may well be approximated by
expressions as in Eq. (3.1) with slowly changing K and J . The values of K may not bed

significantly different over the combination of replicas, but the range of values of Jd

(referred to as the delay spread) is what sets the limitation on the bandwidth of any one
signal. The resultant received signal corresponding to an emission e  (t) is thenin

(3.2)

For e (t) Acos Tt, the expression in Eq.(3.2) reduces toin

e (t) = AV (T.t) cos{Tt + N(T,t)} (3.3)out

wherein V(T,t) and N(T,) represent randomly time-variant envelope and phase shift. The
dependence of these upon T indicates “channel dispersiveness.” Equation (3.2) can also
be rewritten in the form

e (t) = 2Re{V(T,t)e  q (A/2)e }out
jN(T,t)  jTt

(3.4)
where

(A/2)e  = Positive Frequency PartjTt

of e (t) = Acos Tt in

The factor
V (T,t)ejN(T,t)

embodies the randomly time-variant envelope and phase modulations imparted to the
transmitted “sinewave” Acos Tt by the nonspecular, dispersive propagation, and hence
represents a “multiplicative noise.”

But modulation of a sinewave spreads its spectrum, giving rise to frequency-shifted
replicas of it. Only a Doppler phenomenon can cause frequency-shifted replicas of the
sinewave. Accordingly, the modulation mechanism over a particular nonspecular path must
be due to scatter or reflections from a multiplicity of separate scatterers/reflectors in
apparent motions relative to the signal wavefront incident on them with a distribution of
relative velocities. Consequently, the propagation modulation is said to reveal a “Doppler
spread” of the spectrum of each transmitted sinewave.



In general, the crosscorrelation function of the multiplicative noises acquired by two
spectral components at different frequencies is a declining function of the frequency
difference. The minimum frequency differences for which the decorrelation cannot be
considered negligible is call the “coherence bandwidth” of the propagation.

The form of expression in Eq. (3.4) for a pure sinewave of zero bandwidth applies very
approximately for any e (t) with a nonzero bandwidth (i.e., containing sinewavein

components at different frequencies) provided that the bandwidth occupied by e (t) is lessin

than the coherence bandwidth of the propagation path. The propagation mechanism is then
said to introduce a purely multiplicative noise on the signal, transforming it into 

e (t) = 2 Re {V (t) e  q E (t)} (3.5)out         in
jN(t)

where E (t) is the Pos. Freq. {e (t)}, andin      in

i)  for diffuse or scatter propagation, V(t) is a sample function of a Rayleigh-distributed
random process, and N(t) is a sample function of a uniformly distributed random process;

ii)  for quasi-specular, nondiffuse propagation, V(t) is a sample function of a log-
normal-distributed random process, and N(t) is a sample function of a Gaussian-distributed
random process.

When the bandwidth occupied by e (t) exceeds the coherence bandwidth of ain

propagation path, or of a medium including more than one propagation path, the effects on
the received signal will include not only the extraneous modulation described as
multiplicative noise, but also randomly characterized linear transmission distortion of the
signal waveform, of the type arising with deterministic linear filters whose amplitude and
delay versus frequency characteristics are nonuniform.

Resultants of discrete multipath propagation are generally distinguished by sharp, often
deep, “nulls” or “fades” in envelope versus time, and in amplitude versus frequency
response, with corresponding rapid instantaneous phase transitions and nonuniform group
delay versus frequency. With the exception of propagation through rocket exhaust plumes
and highly turbulent chaff clouds, individual paths in ordinary multipath propagation are
quasispecular with coherence bandwidths that are much wider than the combination of
paths actually provides. However, a combination of discrete specular, and/or quasi-
specular, and/or diffuse paths, whose individual delay spreads are small in comparison
with delay differences among the combined paths, results primarily in a near deterministic
channel frequency transfer function that shows significant deviations from uniformity in
amplitude and group delay versus frequency. Thus, a combination of such discrete paths
does not limit the coherence bandwidth of the channel but rather its quasi-deterministic
signal waveform distortion bandwidth.



Notoriously notable examples in which both multiplicative noise and random waveform
distortion are introduced are propagation to and from rocket-powered vehicles (Ref. 1) and
propagation via or through turbulent chaff clouds.

4.  APPROACHES TO OVERCOMING PROPAGATION BANDWIDTH
LIMITATIONS

Successful transmission at rates requiring bandwidths exceeding the coherence
bandwidth or the low-distortion transmission bandwidth of propagation can be pursued in
a variety of ways.

First, one may break up the total data load from a high-speed serial-flow regime into a
set of much slower parallel streams, each loaded on a separate carrier within the limited
bandwidth of the propagation medium. This approach sacrifices power utilization
efficiency.

Other approaches address directly the multipath structure or its resultant transfer
function. Such approaches can be categorized into (Ref.2)

a)  Selective capture, or high-processing gain modulation-demodulation;

b)  Adaptive channel equalization;

c)  A combination of partial channel equalization and selective capture;

d)  Diversity interception and optimal selection or combining;

e)  Signal energy collection by matched-filter-type methods;

f)  Separation of multiple-path outputs, followed by optimal selection or combining.

5.  SUMMARY OF MULTIPLEXING TECHNIQUES

Multiplexing techniques can be summarized under the classifications shown on the next
page.
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BASIS FOR
SEPARABILITY TYPE OF MULTIPLEXING

DISJOINT FREQUENCY-DIVISION MULTPLEX
FREQUENCY 
OCCUPANCIES   WITH GUARD BANDS   WITHOUT GUARD BANDS

FREQUENCY-DISCRIMINATION MU-XING (FDM): LEVEL-DISCRIMINATION MU-XING (LDM) 
  Sinusoidal carriers or Subcarriers with linear (AM, DSB, SSB, VSB),   Linear and exponent modulation of sinusoids, with receiver techniques
  exponent (FM, NM) or combined modulation   for capture of stronger and of weaker signal

DISJOINT TIME TIME-DIVISION MULTIPLEX
OCCUPANCIES

SEPARATE PULSE TRAIN MU-XING (TDM): SEPARABLE-PARAMETER MU-XING (SPM): PULSE LEVEL-DISCRIMINATION MU-
Modulation of Different modulations of time parameters of same XING (pldm):
 Pulse ampliture (PAM) pulse train (leading edge, trailing edge, mean Pulses of different, constant amplitudes, with
 Pulse position (PPM) pulse position) modulation of position or of duration
 Pulse duration (PDM)

DISJOINT TIME- ORTHOGONAL CODE MULTIPLEX (OCM)
FREQUENCY
PLANE
OCCUPANCIES

PRODUCT MODULATION (ANALOG OR DIGITAL)
ON-OFF MODULATION
PHASE-REVERSAL MODULATION
T-F CELL HOPPING

JOINT T-F QUADRATURE- MU-XING WITH NEGLIGIBLY CORRELATED SUBCARRIER OR SINUSOID LEVEL SEPARABLE-
PLANE CARRIER MU-XING SYMBOL WAVEFORMS: DISCRIMINATION PARAMETER MU-
OCCUPANCIES, (QCM): MU-XING (SLDM): XING (SPM)
BUT LOW
CROSS-
CORRELATIONS

Linear (product) Waveforms with small Different waveforms Time-shifted replicas Sinusoidal carriers of Envelope as distinct
modulation of two fractional overlap on f- having large TW of one waveform different, constant from time parameters.
carriers or subcarriers axis (Bandwidth Disc. products and sharply having large TW amplitudes, with Pulses:
in quadrature Mu-xing, BDM) or in localized autocorrelation product and hsarply modulation of  Amplitude vs positions 

t-f plane functions localized auto- frequency or of phase  in time of edge or of
correlation function  overall pulse

Sinewaves:
 Envelope vs.
 frequency or phase



CHARACTERISTICS AND USES OF MULTIPOINT RADIO
IN THE 950 MHz TELEMETRY BAND
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ABSTRACT:  Data communications is one of the fastest growing industries today. Many
see data communications as one key to increasing workforce productivity.
Communications circuits are becoming increasingly expensive especially if wireline is
used. A simple solution to this problem is utilized radio. With the advent of the new Multi-
Point distribution Service on the 950 MHz Microwave band, simple and relatively
inexpensive solutions to data communications distribution has been solved. This paper will
explore this new service and its uses as related to data communications.

MULTI-POINT AND THE FCC:  The Federal Communications Commission (FCC)
has set aside a portion of the 950/928 MHz microwave band for Multiple Address Systems
(MDS), on these frequencies MDS systems are protected from harmful interference, this is
a distinct advantage of these frequencies compared to other bands that are designated for
data on a shared basis with voice traffic.

The multiple address radio system as specified in Part 94 serves as a bridge between
fixed point-to-point microwave and land mobile systems.

While the intent of the multiple address system is that it be fixed, it differs from a fixed
microwave system. Rather than having a single path between two highly directional
antennas, the central location uses an omni-directional antenna to reach multiple remote
locations that use directional antennas oriented toward the central location. Putting this in
perspective, one might imagine a conventional repeater system with on mobiles, only
control stations.

Although the multiple address system is not configured as a repeater, the system can be
licensed for transmission from the central site only, or a frequency pair can be chosen to
permit transmission from a central site to remotes and transmission by the remotes to the
central site. Table 1 lists these frequencies that can be used.



USES OF MULTIPLE ADDRESS:  Very little restricts the use of frequencies
allocated for multiple address. Fourteen frequency pairs and eight single frequencies are
available to anyone eligible under Part 94 of the FCC Rules and Regulations; 20 frequency
pairs are earmarked for eligibles under Part 90.63 (Power Radio Service); and 12 single
frequencies are set aside for use by those qualifying under Part 22 (Domestic Public Land
Mobile Radio Service, or RCC’s).

Multiple address systems have been broadly accepted by industries involved in gas
transmission by pipeline, steam generation, utilities and petroleum refining because of its
ability to monitor and report alarm conditions at numerous, unmanned sites.

RCC’s find multiple address a convenient way to eliminate phone lines and time-delay
apparatus on simulcast paging systems.

One of the biggest users of multiple address is the burglar alarm industry. Doing away
with telephone lines allows a cost savings as well as maintenance of a system’s integrity if
a subscriber’s phone lines are cut either accidentally or willfully.

REQUIREMENTS FOR MDS RADIO

Frequency allocation for multiple address is found in Part 94.65(a)(1) of the Federal
Communications Commission Rules and Regulations. Frequencies range from 928.0125 to
928.8375 MHz and from 952.0125 to 952.8375 MHz for paired frequencies, with the
lower frequency designated as “remote transmit” and the higher frequency designated as
“master transmit.”

Single frequencies are available in the 928, 956 and 959 MHz ranges. In both single
and paired frequencies, channel spacing is 25 kHz.

Channel bandwidth also is 25 kHz, and provision is made to assign two adjacent
channels for 50 kHz bandwidth. In order for the FCC to allow 50 kHz operation the
licensee must offer justification for the extra bandwidth and the equipment must meet a +/-
0.00015% tolerance requirement.

In terms of system configuration, the multiple address radio system consists of a central
site (or master site) and one or more remote sites. It is permissible to transmit at both the
remote sites and the master site, and while the remote sites should have directional
antennas with azimuths toward the master site, the master site may have an antenna with
an omindirectional pattern.



Part 94 list the technical requirements of a multiple address system. As previously
mentioned, frequency tolerance is limited to +/-0.00015%. Transmitter power output,
normally is limited to 20 watts in the 952 to 960 MHz range, and may be as high as 100
watts, as long as an omnidirectional antenna is used. The 928 MHz remote transmitters are
permitted no more than 5 watts output power. Effective radiated power of the master site
may be as much as 1000 watts, while the remote sites may have an ERP of up to 50 watts.
When computing system ERP, antenna gains must be referenced to an isotropic radiator,
not to a half-wave dipole as is normally used in land mobile calculations. An antenna will
show an additional 2.15 dB gain when referenced to an isotropic radiator instead of a half-
wave dipole.

A license application for multiple address is submitted on FCC Form 402 and includes
either a frequency search exhibit or interference study exhibit. Although not required, a
map showing master and remote sites is extremely helpful.

Properly designed multiple address radio systems are described by the FCC as follows:

(1) Each individual multiple address master station must have a minimum of four active
remote stations that it controls, activates, interrogates or from which it receives
information. The system must be providing service consistent with the original application.

(2) Those systems using 928/952 MHz paired frequencies must be designated for two-
way interrogate-response communications between a master and its remotes where the
communications are interrelated.

(3) Transmissions from a master station and its remotes must be on the master
frequencies between 952.3625 and 952.8375 MHz for eligibles applying in the Power
Radio Service and between 952.0125 to 952.3375 MHz for other Part 94 eligibles.

(4) Transmissions from remote stations to their master stations must be on the remote
frequencies that correspond to assigned master frequencies.

(5) One-way or Two-way on the same frequency must utilize the unpaired frequencies
in the 956 or 959 MHz band.

(6) Two or more master stations using different multiple address transmit frequencies
may not employ the master or remote transmit frequencies to interconnect with one another
to establish a tiered system.

(7) Two or more master stations using the same master transmit frequency may not use
their assigned frequencies to tier systems in such a way as to extend their operations



beyond the area that would be served by any single master station. Where redundant
master stations are involved, intercommunications between system elements reusing the
assigned multiple address frequencies are permitted except for remote-to-remote traffic.

The FCC has stringent requirements ensuring that co-channel interference will not
occur. If the application is submitted without an engineering study, must be shown that a
70 mile distance separates service are boundaries. This means 70 miles between the
closest boundary of one system to the other not from master to master (see Figure 1).

For example, an existing system has a service area radius of 20 miles. The proposed
system has a master site located 126 miles from the master site of the existing system. A
path length of 10 miles has been specified. Therefore, the separation between the existing
system service area boundary and the proposed service boundary is:

126 miles - 20 miles - 10 miles = 96 miles

This would be enough to satisfy the 70 mile interference requirement.

Figures 2 and 3 show computation of radio service and interference areas.

USING 928/952 MHz FOR LAN DATA

After receiving a license for the MDS radio system one would want to immediately put
it to use. One practical application for this service is wireless data communications
utilizing radio modems. Several units are available for radio data communications with
data speeds up to 19.2 kbps.

Data communications is one of the fastest growing industries today. Many see data
communications as one key to increasing workforce productivity.

There are many unsolved data communications problems that could be handled by FM
radio links in the Multiple Address Radio Service, and the number is growing. The
problems exist, and the regulatory/technology environments have finally caught up.

Data transmissions are usually short, infrequent and randomly time. Also, in most
cases, speed, accuracy and reliability are important. Combined with inevitable cost
constraints, these conditions suggest sharing of communications resources.



For years, telephone lines were the sole medium for data Communications. Telephone
lines are becoming increasing expensive, prone to poor performance and often unavailable.
Radio, on the other hand, lends itself to communicating from virtually anywhere without
the expense and bandwidth limitations of twisted pair alternatives.

If radio is so superior to wirelines for communications, why is it just emerging as a
medium? First, until recently, regulatory agencies discouraged use of radio channels as
alternative to leased phone lines. That has changed with divestiture. Second, there has
been little suitable hardware and software available for turnkey use. This is also changing.

Sending data by radio is not new. Simple systems have been implemented by making
normal two-way radios look like duplex telephone lines and using wireline modems. The
fact that wireline modems were never designed for radio and that voice radios were never
designed for data was not an issue. There was no alternative. As a result, data rates were
limited to around 300 baud. To handle the high error rates that resulted, data formats were
restricted, and redundancy was used to realize some measure of data integrity, but
efficiency was further degraded.

Now hardware and software are available for handling data. The key is packet radio. It
borrows technology form wireline networks to cope with the same problem. Telcos, faced
with growing demand for data communications and a relatively fixed amount of cable,
devised a technique called packet switching to use what capacity they had more
effectively. Packet provided a means for sharing long copper runs among users, each of
whom needed service only a small fraction of the time.

Packet radio began in late 1974 with an experiment at the University of Hawaii called,
“The Aloha System.” It was designed to link a number of terminals and computers
together over terrain where leased lines were either too costly or unavailable. Since then,
the technique has been thoroughly studied and improved. Since 1979 radio amateurs have
been experimenting with the technique and have developed hardware well suited to their
environment. Radio amateurs have long-standing tradition of pioneering new techniques
such as single sideband and radioteletype. Packet radio is the latest in amateur radio
experimentation and development.

All packet systems send user data in an “electronic envelope” called a packet. Like an
envelope, a packet contains an address, a return address and contents. Packet is like
certified mail; the sender receives positive confirmation of accurate receipt by the
addressee.



Packet radio system users broadcast their messages to a channel. Only the station that
recognizes its unique address will respond to a message. After establishing that the
contents are intact, a short confirming message, or acknowledgment, is returned to the
sender. A sender who fails to receive an acknowledgment automatically retransmits a
duplicate message. This procedure takes care of transmission errors caused by noise,
fading or packet collisions.

To the user, this entire process is totally transparent. Well designed systems look like a
dedicated pair of wires, and best of all, there are no transmission errors.

Error detection on packet radio systems is based on a CRC16 (16 bit cyclic redundancy
check) that is extremely accurate. Properly implemented systems will miss no more than
one in a million errors (BER 10E-6). Modem/radio combinations are capable of error rates
of one in 10,000 to one in 100,000 bits transmitted. The total undetected error rate is thus
one in 100 billion (BER 10E-11) bits transmitted.

Since data is addressed, and only the designated receiving station will respond, the
sender can issue a command to some remote device, knowing that only it will receive the
command. In addition, the channel can be shared very effectively by other stations,
provided there is some way of scheduling transmissions. Scheduling can be done using
polling, or in more sophisticated systems, by using carrier sensed multiple access (CSMA)
techniques.

Polling can be likened to a room full of people. One person is designated as the polling
master. He points to each person in the room in turn and asks whether they have anything
to say. He waits for a response, and if it is “no,” he goes on to the next person. If “yes,” he
allows that person to speak before going on to the next person. This process is repeated
continuously.

Polling systems waste vital channel capacity with polls and responses. Since data
messages tend to be bursty anyway, most of the responses are, “no, I have nothing to say.”
Since bandwidth is limited, a more efficient system would provide better response time for
someone who does have something to say.

CSMA systems can be likened to a room full of polite people. If someone is talking, the
other don’t interrupt. When the speaker is finished, anyone having something to say says
it. Speakers are also constrained to keep their messages very short to ensure that no one
hogs the floor. Putting this into perspective, the best packet radio systems operate at the
highest speed possible. At that rate, 4800 bits per second, several lines of this paper can be
transmitted in 100 msec.



Packet radio systems achieve their benefits by using very short burst transmissions. The
higher the bit rate they use on channel, the shorter the transmissions are and the better the
response time.

Limitations of radio systems are:

(1) Radio systems are subject to propagation on line of site which limits the effective
path to approximately 30 miles.

(2) Higher radio frequencies used for clear channel and reserved for data radio suffer
from obstruction interference, especially trees and buildings.

(3) Fading and atmospheric conditions affect these frequencies which wireline is
immune.

System Objectives are for best point-to-multipoint data communications with packet
radio, certain design objectives should be observed they are:

(1)   Transparent RS-232C, ASCII, or binary operations.
(2)   Buffering and flow control of both local and network.
(3)   CSMA and fast polling protocols fully supported.
(4)   Minimum of 4800 bps channel rate on 25 kHz FM.
(5)   Net throughput of at least 75% of channel rate.
(6)   Local and remote diagnostics and statics.
(7)   Built-in data privacy (limited encryption).
(8)   Fully integrated package with built-in radio system.
(9)   Simplex, half duplex or full duplex operation.
(10) Network support with simplex and full duplex.

LAN RADIO SYSTEM DESIGN

The following Appendix information is available from althought not published in this
paper. If you desire anyone of these appendices please let me know by writing to me at: 

Bruce V. Ziemienski
Manager, Electronics & Communications Division

City of Fresno
2101 G Street

Fresno, CA 93706



Appendix 1, is a completed FCC application that the City of Fresno used to obtain
permission and a license from the FCC to operate one of its two point-to-multipoint radio
systems. If one follows this basic outline in applying for a license there should be no
problems in obtaining one.

Appendix 2, provides a Lotus 1-2-3 worksheet program for calculating the a point-to-
multipoint radio system. This program will calculate up to 60 remote sites to one master
and is useful in determining interference ratios with the FCC for licensing purposes.

Appendix 3, is an actual design that the City of Fresno is now using to link IBM
PC-AT’s and XT’s in a radio data link for transmission of information to remote City sites
where telephone wireline is very expensive or non-existent.

Appendix 4, is an FCC public notice for designing antennas to limit the coverage area
of MDS radio. Also I have put together a graph to better able one to plot system coverage
vs antenna height. This is extremely important, without this data computed accurately the
FCC will reject your application for MDS radio service.
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TABLE 1

PAIRED AND UNPAIRED FREQUENCIES
AVAILABLE FOR MDS RADIO SYSTEMS

REMOTE TRANSMIT MASTER TRANSMIT
PAIRED FREQUENCIES (Mrz)

928.0125 952.0125
928.0375 952.0375
928.0625 952.0625
928.0875 952.0875
928.1125 952.1125
928.1375 952.1375
928.1625 952.1625
928.1875 952.1875
928.2125 952.2125
928.2375 952.2375
928.2625 952.2625
928.2875 952.2875
928.3125 952.3125
928.3375 952.3375
928.3625 952.3625
928.3875 952.3875
928.4125 952.4125
928.4375 952.4375
928.4625 952.4625
928.4875 952.4875
928.5125 952.5125
928.5375 952.5375
928.5625 952.5625
928.5875 952.5875
928.6125 952.6125
928.6375 952.6375
928.6625 952.6625
928.6875 952.6875



928.7125 952.7125
928.7375 952.7375
928.7625 952.7625
928.7875 952.7875
928.8125 952.8125
928.8375 952.8375

UNPAIRED CHANNELS

928.8625 928.8875 928.9125 928.9375
928.9625 928.9875 956.2625 956.2875
956.3125 956.3375 956.3625 956.3875
956.4125 956.4375 959.8625 959.8875
959.9125 959.9375 959.9625 959.9875



A SURVAYS ON FADING CHANNEL
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ABSTRACT

This paper discusses one approach to determine a characteristic of West - Java’s air and
ground segment as a block-box to accomodate radio waves propagation, especially in
L-band ranges, by evaluating both the topographical data and radio reception pattern as
measured from ground based telemetry receiving-end system. All the measured signals are
random and assumed to be stationair and ergodic. In order to characterize the channel for
polarization diversity reception, some statistical analysis are applied to the signal strength
measured of both - RHCP and LHCP components of 1531 MHz propagated waves as
transmitted fr om NC212-200 PK-NZJ-aircraft.

Some computer calculated correlograms of measured data are shown herewith, it is
focused for a certain radio corridor at radial 265E relative to the ground based receiving
antenna. More over some curves of predicted multipath gain factor are also presented to
gain more theoretical back ground.

When this paper is written, a further field experiments on the matter concerned is beeing
conducted.

KEY WORDS: Airborne data relay system, correlogram, fading environment, radio
corridor, radio reception pattern, statistical approach.

INTRODUCTION

Back ground

In the early 1987’s, the whole IPTN’s engineering flight test activities at the Kemayoran
Flight Test Center (KFTC) had to be moved from Kemayoran Civil Airport (situated at the



See Adi Dharma S., Fauzi E.R., THE ITPN’S AIRBORNE DATA RELAY SYSTEM*

(ADReS). A SYSTEM CONCEPT AND THE PHASE ONE SYSTEM
CONFIGURATION, - Proceedings of ITC/USA/88, Las Vegas, N.V., Oct. 1988.

northern coast of West Java) to IPTN’s industrial complex at Bandung (situated at the
inland of West Java) after two years served the CN235 prototype aircraft type certification
flight test program. Its regard to the clossing down of the Kemayoran airport as one the
civil airfield in Jakarta from the beginning of October 1986.

As a new flight test base, the IPTN’s industrial complex is more managerialy convenient
and more time effective than the previous. But due to the mountainous land profiles exist in
between Bandung and test areas (see Figure 1) it is almost impossible to get a good
transmitted signal from test vehicle without any other additional supporting system. For
illustration, the height of surrounding obstacles within radius of ± 47 Sta.Mi from test base
are at ranges of about 1400 feets up to 5500 feets as measured from NUSANTARA plane
(IPTN ground as the plane of reference).

Figure 2 gives a good diagramatical impression on the environment situation by radio line
of sight profiles as observed from test base for varous angles of azimuth from 58E up to
352E. Based on the above reasons, such a highly movable flying radio relay system had
been decided to be established to support the whole flight test activities which are
conducted over all the possible flight test areas at West Java. By making use of NC212-
200 commuter aircraft, the ADReS, a short for airborne data relay system, had been
configured and tested in an experimental status since May 1987 .*

However, some major telemetering problems come to the surface which could be
comprehended from the following constraints : 1. The relay aircraft has to be flown near
the test aircraft is a chaser, and it has to be able to cover a certain test configuration over
the ocean as low as 100 feets a.s.1 ; 2. The relay aircraft has to be able to maintain data
transmission to the ground based telemetry system during the mission conducted in
interuption free status.

However, some major telemetering problems come to the surface which could be
comprehended from the following constraints : 1. The relay aircraft has to be flown near
the test aircraft as a chaser, and it is has to be able to cover a certain test configuration
over the ocean as low as 100 feets a.s.l ; 2. The relay aircraft has to be able to maintain
data transmission to the ground based telemetry system during the mission conducted in
interuption free status. From the field experiments, it was monitored that for air to air
telemetry link (between test and relay aircraft), a signal strength received was very
sensitive to the relative position between the two aircraft’s. It seems the matter on the
optimization of antennas location in both aircraft’s. Whereas for air to ground telemetry



link (betwen relay aircraf and ground based receiving antenna), the link reliability was
seems predominantly affected by the wave propagation anomalies which might caused by
the ground multipath interference and waves diffraction. Therefore to see deeper the above
phenomena quantitatively, especialy for air to ground link, the West Java area is observed
further and it is consider as a black-box exist in between aircraft mounted transmitting and
ground based receiving antenna. This research is a portion of the flyght test radio
telemetering network establishment program conducted since June 1988.

When this paper is written, a further survays is being performed and the method involved
in this research is continously verified and developed. It is the reasons that some
conclussions included in this paper is the subject might to be revised in the future.

Objective

The objective of the paper is to describe one approach to determine a characteristic of the
West Java area by both topographical and statistical analysis for flight test radio
telemetering aims, in conduction with the IPTN’s telemetry network supported by ADReS.
The analysis is focused to characterize the transmission medium (the space in between
where the waves is propagate) in conjunction with the utilization of polarization diversity
techniques radio reception at frequency range of 1531 MHz.

APPROACH

The concept.

The signal as received by ground based receiving antenna could be expressed
mathematicaly as the following :

y(t) = x(t) + n(t) (1)

Where x(t) is the signal which is perturbed by the noise free environment, and n(t) is
assumed to be zero mean white Gaussion random process with two sided spectral density
of N /2 Watt/Hz Further related to the transmission medium, the perturbed signal could be0

expressed as follow :

(2)



Where c(A,f,t) is time variant transfer function of the channel and s(f) is spectrum of the
signal. Equation 2 is the expression of x(t) in frequency domain. As the derivative of input
signal s(t) (it means the waves transmitted from aircraft mounted antenna and “supplied”
to the medium), x(t) could be written in the other expression :

 (3)

where : 

(4)

In our discussion, C is the parameter what we are concern to, whic is contributed by a
sever factors, those are :

(1) Multipath fading due to the ground reflection. It is depending on the relative position
between the aircraft and ground based receiving antenna.

(2) Edge scattering and diffraction effects due to the dynamic motion/ movement of the
aircraft which will generate such a dynamic obstacles (by aircraft stuctures) in the
direction of ground based receiving antenna.

(3) Time varian losses due to the atmospheric and cloud absorptions.

The third factors is difficult to be predicted. It is also depend on the aircraft slant range
from receiving antenna.

In order to minimize the influence of this factors, it has to be convinced that the aircraft
will fly in such a good weather and “clear” space.

In our case, the first and the second factors are seems to be the dominant parameters. They
will give a negative fading deeps in signal reception during inflight data transmission. The
edge diffraction effects caused by the aircraft structures could be calculated and predicted
by computer simulation using geometrical theory of diffraction ( GTD ). When this paper
is written, the simulated edge diffraction effects is beeing examined and evaluated.

To have illustration on the influence cf ground reflected signal, the multipath gain effect
could be predicted over a real land profiles according to the following expression :

(5)



where :

By single reflecting point model, the gain of reflecting ground could be expressed by :

(6)

where :

G  could be calculated for either horizontal (H) or vertical (V) polari ze d waves followingM

reflection coeficient calculations. For rough surfaces :

(7)

where :

(8)

)h is standart deviation (from its mean value) of the reflecting ground e levation, R  isi

grazing angle of the wave.

The multipath fading prediction will give a sufficient explanation on where the aircraft
could fly over ( at a certain altitude ) whithout any “fading trap” will occur. The combined
analysis over topographical data, multipath gain prediction and field experiment data will
give a rough figure on the characteristic of observed areas.

The Evaluated data.

Study and analysis are performed over the three kinds of data, those are : 1. Data on the
topographical landprofiles of the West Java area, 2. Data on the multipath gain effect as
computer calculated, 3. Data on the received signal strength got from the field



experiments. The first kind of data is needed to derive such a radio line of sight profiles of
the area observed from test base, as depicted in Figure 2. From the diagram we could find
further a suitable test area which has possibility to link the data to the test base either
directly or indirectly. As shown in Figure 1, there are three test areas available, and only
one area as condidate, whereas three radio corridors are available to link the test area with
test base. The radio corridors are exist in the radial of 111E, 260E and 280E, relative from
the test base.

As previously mentioned, the second kind of data will give illustration on the expected
areas which has no negative fading trap. After evaluating the first data, then the predicted
gains of reflecting ground are computed over dry reflecting surfaces (g  = 3.5 ; F = 0.0001r2

mho. m/m ) for each radio corridors for various slant ranges and various aircraft altitudes.2

Those G  are diagramaticaly illustrated as depicted in Figure 3, 4 and 5 respectively. ForM

first approximation, calculations polarized waves. From Figure 3 (a, b, c and d), negative
fading trap are gradualy occur at slant range of 5 Sta. Mi up to 13 Sta. Mi for horizontaly
polarized waves. The negative fading deep as high as -62 dB is occur at slant range of
11 - 12 Sta. Mi. Radial 265E (see Figure 4) gives more fluctuation in G  for both polarizedM

waves. Slant ranges in between 15 Sta.Mi and 35 Sta.Mi gives the best choice for the
aircraft will hold over, whereas slant range of 50 - 55 Sta.mi will be the other choices.

The third data got from the field measurements is required in this survay to see
quantitatively the influences of the environment (both air and ground segment) to the
transmitted signal in relation with reception with reception reliability. The signal of 1531
MHz is transmitted from the NC212-200 PK NZJ/ ADReS aircraft over a certain radio
corridor for various altitudes and various slant ranges. The signal is received by L-band
parabolic tracking antenna in both left handed and right handed circularly polarized (LHCP
and RHCP). The variation of signal strength received will be represented by the variation
of AGC signal of the L-band receiver and then recorded by strip chart recorder. In order to
get stationair data during measurement, the aircraft will fly in a circle pattern and perform
both clock wise (CW) and counter clock wise (CCW) flight movements. Figure 6 show the
structure of the above mentioned measured data which should be got from the field
experiments, For data analys is purposes, those field strength data (in analog form) then
will be extracted in a numerical quantities to be staticaly computed for finding both its auto
and cross correlation functions, according to the following approximation formulas :

(9)

for autocorrelation function, where:

(10)



(11)

are approximation of the autocovariance function and estimate of mean value 
respectively; and

(12)

for approximation cross corelation function, where :

(13)

(14)

are approximation of the crosscovariance function and estimate of mean value 
respectively.

FIELD EXPERIMENTS

The field experiments are pointing to the following main objective s : 1. Observing a
telemetry coverage distances for both air to air (from test aircraft to relay aircraft) and air
to ground (from relay aircraft to ground based receiving antenna) telemetry link, 2.
Observing the reception pattern as influenced by the environment, for a certain aircraft
position, 3. Observing reliability of the data received as transmitted from test aircraft and
then relayed by relay aircraft (ADReS) to ground station.

Figure 8 show the configuration of the system field experiments. Moreover to have more
illustration on the ADReS hardware involved in this test, a hardware layout of the ADReS
inside NC212-200 PK-NZJ aircraft shown in Figure 7.

In thsi test, a simulated PCM data is modulate 1531 MHz carrier and transmitted from test
aircraft (IPTN’s CN235-20X) and then relayed by NC212-200 PK-NZJ/ADReS aircraft to
ground station. A signal strength are recorded both on board of relay aircraft and at ground
station. Reliability of PCM data received, which is represented lock and loss status of
PCM decommutator is also recorded on ground. Figure 9 show a typical data recorded as
previously mentioned. From Figure 1 and 2, and refere to the flight test requirements, it
could be concluded that the test area No. II is the best area available. From this area, the



data could be linked to ground station (flight test base) via relay aircraft. The last
mentioned aircraft will fly (in a circle pattern) over radio corridor No. II (radial of 265E),
at distances of about 80 Sta. Mi (HS  see Figure 1) from test base and of about 40 Sta. Mi1

from test aircraft.

For the above reasons, the most inflight measurements were conducted over radio corridor
No.II.

TEST RESULTS.

It could be concluded from the field experiments, as the followings :

* Reception reliability due to the fading environment :

From link test obtained that ± 265E radial/ ± 69 Sta. Mi, ± 111E radial/± 75 Sta. Mi
and 280E radial/ ± 23 Sta. mi are the most suitable holding space for relay air craft to
cover the second and the third test area, includsboth northern and southern region
emergency airports. Due to the existance of the northern obstacles (± 6800 - 7300
feets a.s.l. height at 12 Sta. Mi from test base), it is impossible for relay aircraft to link
the first test aircraft to link the first test area with test base.

From link test conducted over the second radio corridor (radial 265E, as the best
choise to link the second test area with flight test base), the max. distance for air to air
TM link was only ± 23 Sta. Mi, whereas for air to ground link the maximum link
distance was ± 82 Sta. Mi. Reliability of the data reception was very sensitive with the
relative position between aircraft (transmission antenna) and ground based receiving
antenna which might caused by aircraft edgr diffraction. The multipath effect is might
the other reasons to reduce the reception reliability. During test aircraft - relay aircraft
- ground station TM link experiments, it was detected such a kind of r.f. coupling from
transmitting to receiving antenna of the relay aircraft in order between 25 up tp 35 dB
which depend upon the aircraft position relative to the ground surfaces, and occured
when the aircraft flown below 4000 feets.

This coupling cause receiver’s sensitivity degradation.

*  Phase diversity techniques applied.

From analysis through both autocorrelation and cross correlation function of both
LHCP and RHCP (received) signal (see Figure 10, 11 and 12), phase diversity
techniques is not proper to be used in this such a transmission medium. It was not give
such an “overlay effect” between LHCP and RHCP signal. It could be comprehended



from Figure 12, that there is meaningless improvement by using of circularly polarized
phase diversity technique in the system. The pattern of autocorrelograms, as depicted
by both Figure 10 and 11, are not much differ with their cross correlogram as shown
by Figure 12.

From Figure 13 and 14 it also could be summarized the influence of the above factors
(i.e. edge diffraction, multipath) to the reception pattern of ground based receiving
system for various aircraft heading, is very evident especialy when the aircraft fly over
a radio corridor No II.

CONCLUSION

The concept, field experiments and the test results on the Western Java area as a fading
channel are discussed. From the test results, it is temporary concluded that the radial of
265E is the sufficient radio corridor available to link the second test area (over the
Indonesian Ocean) with the IPTN fligth test Base. However, due to the fading environment
exist in between relay aircraft and ground based receiving antenna, signal reception using
polarization diversity techniques is not sufficient for the systems. The utilitation of
frequency diversity techniques has to be considered. To have the optimal solution for the
telemetry system as a whole, it has to be examined further.
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Figure 1 - A situation of Western Java as a flight test area. IPTN flight
test base is located at the center of iland.

Figure 2 - Radio line of sight profiles of Western Java as observed
from IPTN flight test base.



Figure 3 - Multipath fading estimation due to dry earth reflection, relative to the ground based receiving
antenna, at f  = 1531 MHz for azimuth 111EE. (a) Surface profile; G  for (b) 7000 feets (c)0          MV,H

9000 feets altitudes. (d) 11000 feets altitudes.



Figure 4 - Multipath fading estimation due to dry earth reflection, relative to the ground based receiving
antenna at f  = 1531 MHz for azimuth 265EE. (a) Surface profiles; G  for (b) 7000 feets, (c)0          MV,H

9000 feets and (d) 11000 feets altitudes.



Figure 5-- Multipath fading estimation due to dry earth reflection, relative to the ground based receiving
antenna, at f  1531 MHz for azimuth 280EE (a) Surface profiles; G  for (b) 7000 feets, (c) 90000         MV,H

feets and (d) 11000 feets altitudes.



Figure 6 - Data structures as collected from the field experiments.

Figure 7 - Instrumented NC212-200 PK NZJ aircraft as ADReS. (a) Telemetry
front end system, (b) L-band amplifilter unit, (c) L-band am -plifier #1,
(d) R  antenna #2 (bottom of tail cone, (e) L-band Tx antena (bottom ofx

fuselage).



Figure 8 - The field experiment system configuration.

Figure 9 - The typical pattern of signal strength received at both reley aircraft
and ground station during inflight experiments. This data was catched
up when the relay air craft flown at altitude 10000 feets at azimuth
265EE relative to the Bandung VOR and 64 SLa. Mi . slant range from
the base station, whereas the test aircraft flown over Indonesian Ocean
at 2000 feets and 23 Sta. Mi from relay aircraft.



Figure 10 - Autocorrelograms of received RHCP signals at f  = 1531 MHz, for various aircraff headings at0

azimuth 265EE and 10000 feets altitude. (a) heading N66 E, (b) heading E66  S, (c) heading S66 W, (d)
heading W66 N.



Figure 11 - Autocorrelograms of received LHCP signals at f  1531 MHz, for various aircraft headings at0

azimuth 265EE and 10000feets altitude. (a) heading N66 E, (b) heading E66 S, (c) heading S66 W, (d)
heading W66 N.



Figure 12 - Total auto and crosscorrelograms of both RHCP and LHCP signals
at f  = 1531 MHz, for various aircraft heading at azimuth 265EE and0

10000 feets altitude. (a) R /RHCP, (b) R /LHCP, (c) Cross R /R-x   x    x

LHCP.



Figure 13 - A horizontal reception pattern diagram of ADReS transmitting
antenna as measured by ground based receiving end system; relative
aircraft position from base station “ 265EE azimuth, 64 Sta.Mi slant
range and 10000 feets altitude : (a) 360EE turn right, (b) 36EE turn left.

Figure 14 - A horizontal reception pattern diagram of ADReS transmitting
ntenna as measured on ground; test location : runway 07 - 25,
Soekarno-Hatta International airport. (a) 360EE turn right, (b) 360EE
turn left.
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Abstract

Power capture is the characteristic of one signal overpowering the others in contention
for a receiver. In a multiple access network which employs contention protocol,
occurrence of capture helps a receiver distinguish correctly one signal given that multiple
transmissions overlap over the common channel. It has been reported in the literature that
performance of radio networks could substantially be higher in the presence of captures
than it is without captures. The captures involved in radio networks are primarily FM
captures. In this paper, we examine the effect of baseband captures on performance of
contention bus networks. In particular, we show that signal attenuations on a cable channel
could produce a significant chance of captures and hence greatly lift the throughput.

1.  Introduction

For communication networks that use contention protocols, such as ALOHA and
various CSMA (carrier sense multiple access)[1], signal collisions occur randomly due to
multiple transmissions overlapping in time. Normally, collisions result in a loss of channel
capacity since all the signals involved in collisions are destroyed and have to be
retransmitted. The capture effect is known as the phenomenon that, in the presence of a
collision, a signal is received with acceptable accuracy if this signal has a sufficiently
stronger power than its contenders at its receiver. The impact of this effect on random
access protocols was first reported by Roberts [2] concerning ALOHA radio networks.
With the capture effect, a collision may turn out to be a success, and thus the throughput of
a given system should be higher than it is without the effect.

Abramson [3] studied the capture effect in packet radio channels where different
distances between the users and the receiver cause different signal levels among
contending packets. Kuperus and Arnbak [4] and Namislo [5] analyzed the capture effect
on mobile radio networks where varying distances as well as channel fading cause



different signal levels at the receiver. Shacham [6] analyzed the capture effect on the
throughput-delay performance of a ground-radio star network in which captures are related
to geometric locations of transmitters. Results were obtained for various capture
capabilities for the receiver. All of these studies concluded that captures can greatly
improve throughput of multiple-access networks.

Since the capture effect can improve channel utilization, an interesting question is
whether or not it can be “created.” This question was first answered by Metzner [7] who
proposed that users can be divided into two groups; one uses high transmitted power and
the other low transmitted power. The high-power group then enjoys the benefit of captures
when single user of this group collides with user(s) of the low-power group. The same idea
was later generalized to more sophisticated networks [8-9] and to the cases where users
are divided into more than two power groups [6]. To overcome the disadvantage of
assigning fixed priorities to users, a random power selection approach was recently
proposed and analyzed by Lee [10]. All these works [6-10] concluded that artificial means
of producing captures could further the positive impact of capture effect on the throughput
of contention networks.

So far, research work concerning capture effect consider, implicitly or explicitly,
network environments for FM captures. In other words, emphasis has been placed upon
radio networks. Captures in baseband transmissions caused by signal attenuations in wave-
guided transmission media remain to be an unexplored issue. In this paper, we address this
issue and study the effect of captures on contention bus networks. We assume that no
repeater exists in the network and therefore applications are primarily on local area
networks (LAN). In Section 2, we discuss the capture environment of contention bus LAN
and present a capture model for baseband transmissions. In particular, practical constraints
of LAN (cable attenuation rate and network size, in particular) limit the chance of captures
to primarily cases where there are only two concurrent transmissions. However, with two
simultaneous transmissions heading for different receivers, it may happen that both
transmissions are successful due to “double captures.” In Section 3, we study the
probability of capture assuming two simultaneous transmissions. Using the result of
Section 3, we obtain in Section 4 the throughput of a contention bus network which
complies with IEEE 802 standards for baseband bus networks.

2.  The Capture Environment for a Baseband Bus

We shall consider a baseband packet-switched bus network which employs a
contention protocol for channel access with no collision detection capability (like the one
used in Ethernet). In addition, the channel is assumed to be slotted so that a collision
always involves packets in their entirety.



Let D (meters) be the length of the bus and N the number of stations which are equally
spaced on the bus. We label the stations such that the transmission distance between
station i and station j is:

D(i,j) = *i-j* D/(N-1) (1)

Let " (dB/meter) be the attenuation constant of the bus channel. All the stations use the
same power level P (dBm) for packet transmissions. Then in the absence of collisions, the
minimum received signal power is given by

P  = P - "D (dBm) (2)min

which is the case for communications between Station 1 and station N. Therefore, Pmin

should be sufficient for a receiver to decode a packet. Baseband networks typically employ
Manchester or differential Manchester signaling [1] for which the pulse amplitude
determines signal power. Let A  = K(10 ) be the corresponding amplitude level formin

P/20

P , where K is some constant depending on the dimension of amplitude used. When twomin

colliding packets are present at the receiver of one of them with different amplitude levels,
say A  and A  with A > A , then the packet having A  is certainly destroyed, though the1  2  1  2      2

other may survive depending on the magnitude of (A - A ). Specifically, if the interfering1  2

packet is the weaker one (i.e. the one having amplitude A ), then it will reduce the strength2

of the packet of interest such that the latter has only (A - A ) available for decoding. If1  2

(A - A ) $ A , (3)1  2   min

then apparently the packet will be successfully received. We shall use (3) as the condition
for capture, even though it is somewhat conservative.

For baseband bus LAN the network parameters are such that collisions involving more
than two packets could not result in captures. Therefore, we will focus on the case where
collisions result from two stations transmitting in the same slot. Let one of the
transmissions be from station i to station j and the other be from station k to station q,
where stations j and q need not be distinct. Then station j will be able to decode station i’s
packet if

A(i, j) - A(k, j) $ A (4)min

where

A(m, n) = 10 (4a)[P-D(m,n)"]/20



is signal amplitude of the packet from station m when it arrives at station n. Likewise,
station q will be able to decode station k’s packet if

A(k, q) - A(i, q) $ A (5)min

It is interesting to note that (4) and (5) may hold at the same time and thus two captures
occur concurrently. This would be the case if the two communication pairs involved are
sufficiently far apart. Nevertheless, the probability that only one of (4) and (5) holds is
higher as will be seen in the next section.

3.  The Probability of Captures

In this section, we evaluate the probability of captures when there are exactly two
concurrent transmissions. Specifically, we shall obtain, for some practical network
parameters, the probability p  that exactly one of the two transmissions is successful and1

the probability P  that both transmissions capture their intended receivers. We assume that2

every station in the bus network has an equal probability to transmit and that a
transmission is equally likely to be addressed to any of the other stations on the bus. The
analysis will begin with enumerating all the possible pairs of transmitter-receiver pairs
[(i,j), (k,q)]. It is then followed by calculating the number of such pairs that would result in
captures.

For convenience, we will use a quad-tuple (i,j,k,q) to represent concurrent
transmissions from station i to station j and from station k to station q; where
1 # i, j, k, q # N. Apparently, the number of possible couplets (m,n) with 1 # m, n # N and
m…n (a station does not transmit to itself) is

m-N(N-1) (6)

Therefore, with the constraint that i…k (a station does not transmit two packets
concurrently), the total number of possible quad-tuples is given by

M=m[m-(N-1)]/2 = N(N-1) /2 (7)3

Let Q be the set that contains all these quad-tuples with *Q*=M. In terms of capture effect,
the set Q can be partitioned into three subsets:

Q = Q  U Q  U Q (8)0  1  2

where Q  contains all the quad-tuples that produce no captures (i.e. both transmissions0

fail); Q  contains all the quad-tuples that produce exactly one capture (i.e. one packet is1



successfully received, the other destroyed); and Q  contains all the quad-tuples that feature2

double captures (i. e. both transmissions are successful). Then we have

p  = *Q */*Q* = 2*Q */N(N-1) (9a)1  1   1
3

and

p  = *Q */*Q* = 2*Q */N(N-1) (9b)2  2   2
3

Unfortunately, explicit analytical expressions for *Q * and *Q * were found to be1   2

unattainable. In the Appendix, we present an algorithm that evaluates *Q * and *Q * and1   1

then computes p  and P  using (9a) and (9b) respectively. Basically, the algorithm inspects1  2

each element of Q and classifies it to Q , Q , or Q  according to (4) and (5). Listed in0  1   2

Table 1 and Table 2 are some numerical results for p  and p . The network parameters1  2

used are as follows:

Table 1:

N= 50 stations
D= 500 meters (row 1) and 1000 meters (row 2)
"= 0.0228 db/meter (standard 50-ohm, .4-in. diameter coaxial cable, e.g.,

RG-213/U, operated at 10MHz)

Table 2:

N= 50 stations
D= 200 meters (row 1) and 500 meters (row 2)
"= 0.0456 db/meter (standard 50-ohm, .2-in. diameter coaxial cable, e.g.,

RG-58/U, operated at 10MHz)

It is seen that the probability of capture is very significant. This implies that a
substantial number of collision events result in successful packet transmissions. Therefore,
the channel throughput for the contention bus network should rise. In the next section, we
study such throughput improvement on a slotted ALOHA baseband bus network.

4.  Throughput of ALOHA Bus with Captures

The probability of captures obtained in Section 3 implies that a significant gain in
channel throughput can be expected for contention bus networks. In this section, we
examine this gain for networks that comply with IEEE 805 standard, 10base5 or 10base2
[11], for baseband bus LAN and employ slotted ALOHA for medium access. For 10base5



and 10base2 baseband bus systems, the channel rate is 10 MHz, the cable segment lengths
are D=500 meters and D=200 meters, respectively, and the cable specifications are such
that Tables 1 and 2 are applicable. In particular, we shall study N=50 stations case and use
Tables 1 and 2 for throughput analysis of the contention bus networks under consideration.

Throughput analysis for slotted ALOHA is typically based on a Poisson packet arrival
rate assumption [l]. Let G be the Poisson rate for packet arrivals, including new and
retransmitted packets. Then, the probability of k transmissions within a slot is given by:

p(k)=G e /k! (10)k -G

Without captures, k$2 represents unsuccessful transmissions and thus, the channel
throughput is given by:

S=p(l)= Ge (11)-G

which reaches a maximum of 0.368 at G=1 [1]. With potential captures, the throughput
becomes:

(12)

where

captures *k concurrent transmissions) (13)

With the bus network parameters assumed, it is readily shown that

q(k)=0 for k$3 (14)

Therefore, we have for the baseband bus network under consideration:

S =p(l) + p(2)q(2) = p(l) + p(2)[p  + 2p2]) = Ge  + (p +2p )G e /2 (15)c       1      1 2
-G  2 -G

where p  and P have been defined in Section 3 and can be computed by the algorithm in1  2 

the Appendix. Recall that p  is the probability that both packet transmissions are2

successful given that there are exactly two concurrent transmissions. As far as channel
throughput is concerned, two captures for two concurrent transmissions are double
success, and hence the factor 2p  in (15).2



The maximum throughput (also known as network capacity) can be obtained by
differentiating S  with respect to G and solving for the zeros of this equation. This resultsc

in the value of G, namely G , where S  is at its peak:m   c

(16)

which is then used to compute S  of the system. Listed in Table 3 are the values of pc(max)

obtained in the previous section along with the corresponding G  and S , where p-0.0m  c(max)

corresponds to no capture. We can see how captures impact the maximum throughput.

Figure 1 and Figure 2 show S (throughput without captures) and S  (throughput withc

captures) versus traffic rate G for the 10base5 ALOHA bus and 10base2 ALOHA bus,
respectively. It is seen that S  (the middle curve) is significantly larger than S (the lowerc

curve) except for small G’s where collision probability is insignificant. Also included in
Figure 1 is the throughput S  (upper curve) for D=1000 meters and in Figure 2 the same forc

D=500 meters. It is observed that throughput gain increases sharply with cable length. In
fact, constraints on bus length are primarily due to attenuation considerations.
Nevertheless, we have just shown that longer cable length could provide higher throughput
for contention bus networks due to capture effect. Therefore, as long as P  (defined inmin

Sec. 2) is acceptable for packet decoding, network designers and standardization
organizations should seriously consider extending segment length for contention bus.

5.  Conclusion

We have studied the effect of baseband captures on contention bus networks. We
showed that signal attenuation on cable bus indeed cause significant probability of
captures. Consequently, the channel throughput is substantially lifted by the events of
capture. Although numerical results reported in this paper are restricted to baseband buses
complying with IEEE 802 standards, the analysis is readily extendable to baseband buses
with various parameters. It is expected that the probability of captures and hence the
improvement on channel throughput would increase with cable length, provided that the
same type of cable is employed and that P  is acceptable for packet decoding.min

The problem considered in this paper is limited to natural captures. Like radio networks
it may be possible to develop random-signal-level access methods [10] for contention bus
networks so that the possitive impact of capture effect can be furthered. In this direction,
power constraint for the transmission medium will be a major factor, however. Another
area of possible extension of this work is concerning the throughput analysis of baseband
buses which employ more sophisticated contention protocols, such as 1-persistent,
p-persistent, and non-persistent CSMA [1].



Fig. 1. Throughput vs Offerred Load
with and without captures

Fig. 2. Throughput vs Offerred Load
with and without capture



D p p1 2

  500m 0.229 0.0425

1000m 0.501 0.1552

Table 1

D p p1 2

 200m 0.1067 0.0130

500m 0.501 0.1552

Table 2

p  =2p G S1 2 m c(max)

0.0 1.0 0.368

0.133 1.066 0.393

 0.314 1.1535 0.430

0.812 1.355 0.542

Table 3



Appendix: Algorithm Compute Capture Probabilities

Var
i,j,k,q:integer (indices for the quad-tuples)
A(i,j):Array(1..100,1..100); (army to hold the station distances)
dum:Integer; (flag for categorizing into Q1 or Q2)
A , (minimum amplitude receiver decodes)min

p , p :Real; (Probability of capture)1  2

Q, (total number of quad-tuples)
Q , (number quad-tuples with one capture)1

Q :integer; (number quad-tuples with two captures)2

Const
N=50; (number of stations)
D=500; (length of bus in meters)
"=.0228; (rate of decay in db/m)

(create a function which calculates the distance between all the stations)
  Function D(i,j:integer):real
Begin

D=abs(I-j)“"”D/(N-1)
End

Begin
For i=1 to N do (create an array which holds the
  For j=1 to N do   amplitude of a signal attar it

A(ij)=10   propagates from station i to station j)(P- D(i,j)")/20

Amin=10 ; (compute A )(P-"D)/20
min

For i=1 to N do (count up all the quad-tuples)
 For j=1 to N do
  For k.=i+l to N do
   For q-1 to N do

if i…j and k…q then (station can’t transmit to itself)
  begin

Q=Q=1; (count quad-tuple)
(set flag then make the comparisons)

Dum=0;
if (A(i,j)-A(k,j) $ A  then dum=dum+1;min

if (A(k,q)-A(i,q)) $ A  then dum=dum+l;min

(Add one to Q  if one of the comparisons were met)1

if dum-1 then Q =Q  +1;1 1

(Add one to Q  if both comparisons were met)2

if dum=2 then Q =Q +1;2 2

end(f)
   end(for)
  end(for)
 end(for)
end(for)
p =Q /Q1 1

p =Q /Q2 2

end.
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ABSTRACT

In the areas of space technique, It is required that telemetering systems have higher
reliability then the observied monitor systems. However, the reliability of telemetering
systems themselves are generally lower then that of required. For this reason, this paper
discusses the necessity of designing Fault-Tolerent Telemetering Systems, and the main
methods to improve the reliability of Non-Fault-Tolerant Telemetering Systems. This paper
also discusses the objective, principle, methods to designing Fault-Tolerant Systems, and
presented the analysis results of reliability assessment

INTRODUCTION

As the development of science technology and industry production, especially the
development of space technology, higher reliability to the telemetry systems is raised. Like
in the cases of synchronous satellite operation, spacecraft and spacestation, carrier rocket
and missile tests, in these areas, any unreliable factors to onboard telemetering systems
will possibly cause telemetering systems failure, bring about great lose in time, capital and
financial resources. On the other hand, because telemetry systems are the monitors to other
systems, It is required that they be much more reliable than the being monitored systems.
Especially when some faults are appearing in flight operation, these requirements become
more prominent. Highter reliability is mainlly based on the subsystem units and
components. But since the component reliability is limited by some factors like technology,
manufacture, cost, time, etc. It can’t be improved limitless. Therefore, It is required by
using current components to design high reliability systems. Further requirment is that
when fault is appearing on some compoment or unit, system functions, like command,
telemetering, can’t be influenced. This is the task of Fault-Tolerant Telemetry systems.



FAULT-TOLERANT TELEMETRY SYSTEMS CHARACTERISTICS

1.  System key unit/component or each system unit/component should have standbies,
when some fault is appearing, standby parts are immediately in active to keep system
functions.

2.  Systems have self-fault-examining ability. They can locate the fault, isolate the fault
part from system.

3.  Systems have self-organizing ability to keep operation continuously.

4.  Systems have self-repare ability.

5.  Repared units/components in the waiting state, are being the standby units/components 

6.  Fault shouldn’t disturb system operating state, executing programs, data acquisiting,
converting, communicating, etc.

OBJECTIVE TO FAULT-TOLERANT TELEMETERING SYSTEMS DESIGN

Design objective is to increase systems measurming reliability, increase systems mean
service life time. Whenever faults occur to the system, hardware or software, by unit
converting to postpone the first time system fault, increase the systems reliability.

PRINCIPLE TO DESIGN FAULT-TOLERANT TELEMETERING SYSTEMS

1.  System exist ability under the pertetual and instantaneous faults.

2.  Transparency to software design

User needn’t design fault-tolerant program. All the fault-tolerant functions are
performed by hardware. When expend system, software compatibility will not be
influenced.

3.  Modular systems

In order to ensure the system operating normally when faults are appearing, system
units should be designed as indenpendant function modules.



4.  System dynamic adjust ability

For the reason of system measurment and communication, supported by the program,
systems are continuously carrying dynamic adjustment and equalization.

5.  Systems realtime property

Because of the realtime requirment to telemetering systems, in existing fault state, It is
required that system examine, remove faults in realtime.

SEVERAL BASIC OPERATION MODES TO FAULT-TOLERANT
TELEMETRY SYSTEMS

Fault-Tolerant Function is achieved by using redundancy technology. If some module
breaks down, another valid unit in the system will replace it simultaneously. These
redundancy modules are to increase system reliability. They don’t influence system
performance. They are considered to be redundancy.

REDUNDANCY MODES

1.  Hardware redundancy

Key system modules are multipled.

2.  Message redundancy

Fault examining and correcting codes are added to data messages.

3.  Time redundancy

Repeatedly performing important measurment. It’s may be sampling the same
parameters repeatedly or add more subsystem diagnostic programs.

4.  Software redundancy

To all important operations, there will be more exchangeable programs or the same
program be executed with several version redundancies.



Following are hardware redundancy modes

1.  Mass redundancy system

All the modules in the system carry out the same operation. All the outputs of each
equivalent modules are sent to majority voted unit. If fault is found by voted unit, the
influence of the fault is shielded by the redundancy unit almost at the same time.

Figure 1. shows triple-modules redundancy mode.

2.  Standby redundancy system

System has M operation modules. When some module is breakdown, system replaces it
with a standby module. If all standby modules have been used to replace fault modules,
and fault takes place again, system will failure. In this system, there are explicit bound to
fault examining, locating, recoverying and switchover.

3.  Hybrid redundancy system

Composed with mass redundancy as nucleus and standby redundancy system, when
nucleus module is breakdown it is replaced by standby module.

4.  Successive degradation redundancy system

When some module is failure, system attempts to compose new system with reduced
modules to achieved degraded recovery. When some failures are appearing after all
standby modules being used, system can still operate.

DETECTION SUBSYSTEM DESIGN

Detection subsystem is the core of fault-tolerant telemetry system design and the
prerequisite to achieve fault-tolerant function.

Method to design detection subsystem

1.  According to the principle that can explicitly decide system state and fault reasons,
select telemetry module detecting parameters, design auxiliary circuits.

2.  Select detecting mode

3.  Decide module/unit failur criterion
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4.  Fault emulation

5.  Create fault list(fault dictionary)

DESIGN OF SYSTEM MODULE

Modules in the system should involve the following:

1.  Function circuits

These modules perform telemetry function, such as transmitter, sampling/ coding units.

2.  Detecting circuits

Considering the possible faults, select detecting parameters, design detecting circuits,
should note the problems that may be caused by multi-states/multi-parameters being
detected integratedly, should consider the problem that detecting circuits influence function
circuits.

3.  Link circuits

These circuits perform the functions of switching on/off the circuits connective and
logical connective between modules and system.

4.  Protection circuits

To reduce the influence of detection circuits and link circuits to function circuits and
system, add production circuits at the power circuits and input/output circuits.

EXAMPLE AND RELIABILITY ASSESSMENT TO FAULT-TOLERANT
TELEMETRY SYSTEM(deleted)

CONCLUSIONS

The development of computer and large scale integrated circuit has promoted the
design of FAULT-TOLERANT TELEMETRY SYSTEMS. Its prospect is very wide-
spread. In addition to the application in aerospace engineering, fault-tolerant telemetry
systems combining with other electrical systems are also being used in the auto-production
line supervisory system. auto-contral system, in railway, aviation and traffic supervisory
control systems, unattended data sample system, in the case of requiring that systems work
in reliability for long time or in the case of when fault is appearing to the system it will
cause great lose, In order to improve the reliability and practicability, step into intelligent
system, fault-tolerant telemetry system will gradually move into the expert system.
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ABSTRACT

The Test Support Facility Integrated Flight Data Processing System (TSF IFDAPS) has
recently been developed and installed for the Air Force at Edwards AFB. The TSF
IFDAPS incorporates a number of new capabilities designed to satisfy today’s advanced
requirements for high performance and flexible telemetry processing. This paper describes
some of the advances accomplished by the TSF IFDAPS.

INTRODUCTION

As aircraft and spacecraft technology advances, the requirements for sophisticated
telemetry processing to support the testing of these advances also increases. The need for
increased data rates, more complicated data formats, an increased number of
measurements, additional measurement computations, high-resolution real-time displays,
increased data storage, and concurrent analysis of recorded data necessitate the
development of new designs in the hardware and software that make up telemetry
processing systems. In developing the system required to support testing at Edwards
AFB’s Test Support Facility (TSF), CSC addressed each of these areas. The resulting TSF
IFDAPS represents a giant step forward for telemetry processing systems.

Like most advanced systems today, TSF IFDAPS was not developed strictly from scratch.
This system represents a third generation in telemetry processing, starting with the
Telemetry Integrated Processing System (TIPS) at Vandenberg AFB and continuing
through the baseline IFDAPS system at Edwards AFB. These systems demonstrate
continuously improved designs originating in the early 1970’s and progressing into the
1980’s. (See Table I for a capabilities comparison.) Development of TSF IFDAPS was
started immediately following final installation of the baseline IFDAPS in late 1985 and
was designed to satisfy operations running into the 1990’s. Although the system was
designed specifically to support the TSF at Edwards AFB, it is flexible enough to satisfy
the telemetry processing requirements of many advanced testing centers.



Without going into excruciating detail, the following sections describe the advancements in
design provided by TSF IFDAPS.

SYSTEM OVERVIEW

As shown in Figure 1, TSF IFDAPS includes three identical Flight Monitoring Systems
(FMS), each supporting a separate Mission Control Room (MCR); a Time Space Position
Information (TSPI) processor; a Storage Archival Subsystem (SAS); and an Engineering
Work Station (EWS). All processors in the system are connected via Network System
Corporation’s (NSC) HYPERchannel data bus.

Each FMS consists of a Telemetry Preprocessing System (TPS) connected to a triad of
Gould CONCEPT computers. The use of a triad of processors enables each of the three
main functions of telemetry processing - data conversion and processing, data display, and
data recording - to be handled by a single dedicated processor. The three Gould processors
are connected through Gould’s high speed reflective memory, which allows data written
by any of the three processors to a location in reflective memory to be copied to the same
location in the other two processors. Each FMS triad includes an Acquisition processor
(ACQ), a Display Processor (DPS), and a History Recording Processor (HIS). The ACQ
processor is also configured with a separate array processor for special frequency analysis
applications.

The TPS includes the Aydin Monitor System 2000 (S2K) which performs frame
synchronization, engineering units conversion, data compression and other basic data
processing on PCM and FM data. As shown in Figure 2, the S2K has a modular, bus-
based architecture that includes separate cards for decommutation (FSC012 and FSC005),
Digital Signal Processing (DSP001), transferring data to the host computer (CP1006), and
receiving data from the host computer (IOC005). In addition, the S2K can be configured
with a Simulator Module (SIM004) and a Serial output Code Converter Module (SOC001)
to provide a controllable, simulated PCM data stream for system testing. The remainder of
the TPS consists of Aydin Monitor 338 bit synchronizers connected directly to the FSC
cards and FM discriminators connected to a Tustin X1500 Analog to Digital converter
which outputs digitized FM data to the S2K via an Interface Control Module (ICM002). A
separate time code processor allows the CPI006 cards to time tag the data to a resolution
of 10 microseconds.

Each of the three MCRS is designed to provide a comprehensive, user support
environment for realtime operational testing. Each MCR contains eight terminals with
high-resolution, realtime color displays; two repeater display devices which are switch
selectable to show the displays from any of the eight terminals; two 50" x 50" large screen
displays; eight 16-channel strip chart recorders; ten 8-light discrete light panels; two



separate graphics hardcopy devices; two laser printers; two Front End Status Displays;
plus communication equipment and video tubes at each of the ten users consoles.

The TSPI processor provides realtime range safety support based on radar and optics data
input. It is a separate subsystem with its own set of processing and display requirements
independent of the telemetry data processing. The TSPI subsystem can support three
operations simultaneously with multiple targets per operation using one high-resolution,
realtime graphics terminal plus one large screen display in each MCR. The TSPI
subsystem can transfer processed measurement data to each TPS as input data for FMS
processing. It can also receive telemetry measurements, such as Inertial Navigation System
(INS) data, from each FMS for its own processing and display.

The SAS processor serves as a large, long-term storage repository for the realtime data
recorded by each FM and the TSPI subsystems. The data recorded within each subsystem
can be transferred across the HYPERchannel to the SAS at a rate of one megabyte per
second. Currently the SAS is configured with multiple high-density, non-removable disk
drives plus high-speed digital tape drives. Design efforts are currently underway to
augment the system with online access to a library of VHS tapes with up to 5.2 gigabytes
of data recorded on each tape. A software database on the SAS maintains location, size
and other pertinent information on each archived file. Through the use of network and file
access software, users on any system connected to the HYPERchannel can access data
archived on the SAS.

The EWS is a 10 MIP, Gould Powernode 9080 processor designed to serve multiple
engineering work station users. The primary purpose of the EWS within TSF IFDAPS is to
provide a processor upon which users can perform preflight preparation and postflight
analysis of operational data. To support these activities, software has been developed to
allow users access to data files on any TSF IFDAPS processor via the HYPERchannel.

DATA ACQUISITION PROCESSING

it seems that a basic requirement for advanced telemetry processing systems is to process
more measurements at higher data rates with an increased amount of processing required
for each measurement. TSF IFDAPS chose to handle this primarily through the use of the
newly designed front end hardware that constitutes the S2K. The basic goal of TSF
IFDAPS is to process 10,000 separate measurements at rates of greater than 100,000
samples per second. (A sample consists of 32 bits of data, 16 bits of ID and 16 bits of fine
time.) Of the 10,000 measurements, 2,000 are intended to be derived through
computations in either the DSP001 cards or the ACQ processor. Also each FMS is
required to process two separate PCM streams simultaneously or an FM data stream from
an analog tape.



 To support special PCM decommutation, CSC and Aydin Monitor worked closely to
design the FSC012 card which contains 64K of programmable memory and can handle
data rates of up to 20 megahertz. Each S2K is configured with two FSC012 cards and one
FSC005 card (4K memory and a 5 megahertz rate) for each of the two PCM streams. Each
card is fully programmable and can send or receive data from either of the other two cards.
This provides tremendous flexibility and easily handles difficult problems such as
decommutating imbedded streams. The cards can be programmed automatically according
to simple English-like user inputs using CSC’s telemetry compiler.

The real power of the S2K lies in the DSP001 module. The DSP001, which is also
programmable using the telemetry compiler, can perform engineering unit conversion using
table lookup or polynomials (up to seventh degree ) as well as compression of
measurement data. It is also capable of splitting or combining measurements to form new
measurements and performing logical or arithmetic operations on the data. The S2K is
configured with three DSP001 cards operating in parallel. With each card able to process
up to 300,000 fifth degree polynomial computations per second, the TPS provides a
tremendous data processing capability independent of the host processor.

Once the data has been decommutated and the measurement processing is complete, a
CPI006 card transfers the processed data directly into a daisy-chained series of buffers
within the ACQ processor memory for further data processing. The ACQ processor is a
Gould 32/9780 which provides powerful, flexible extensions to the measurement
processing available in the DSP001. This processing includes algebraic functions,
transendental functions and limit checking. These computations can be performed on one
measurement, or several measurements can be combined to form a new one. New
functions can even be defined through the use of assembly language. Once the requested
processing is complete, the results are moved into reflective memory for use by the DPS
processor. System testing has successfully demonstrated the ability of this design to
acquire and process data at sustained rates exceeding 100,000 samples per second.

REALTIME DISPLAY AND ANALYSIS

A major requirement of today’s advanced telemetry systems is the ability to provide
realtime analysis and display capabilities. This not only allows critical realtime events to
be identified, but also allows engineers and test conductors to make key decisions in a
timely manner. Particularly in the case of advanced aircraft testing, the more decisions that
can be made while the vehicle is still airborne, the fewer separate flights are required; thus,
greatly reducing the cost of testing. The Mission Control Room within TSF IFDAPS was
designed specifically to fulfill the needs of realtime analysis.



First of all, display processing is relegated to its own Gould 32/9780 processor. Data to be
displayed are accessed through reflective memory to minimize transfer times and increase
the currency of the displayed data. Next, Megatek Corporation and CSC worked together
to design a new realtime graphics device termed the CSC-1000B. This unit provides a
high-resolution, rasterized, color display. Additionally, the CSC-1000B includes one
megabyte of graphics memory, a one megabyte parallel graphics interface through a
standard Gould HSD, a separate serial, text-overlay interface, and specialized software for
block data transfers, additional display types and a nonimpact hardcopy capability. The
DPS processor drives seven of these devices in addition to the two large screen displays
and the two Megatek hardcopy units. The distance between the DPS processor and the
separate MCRs presented a problem which was resolved using a CSC-developed fiber
optics interface (OHSD) between the Gould HSD and the Megatek graphics controller.
This interface easily satisfies the required 350-foot data transfer, and can drive displays as
far as 6 km from the host processor.

Through the use of CSC-developed software, a user can define up to 1000 separate display
formats for use on any of the display units during a realtime operation. Numerous formats
are available including cross plots, bar graphs, scrolling strip charts, page plots, time
history plots, artificial horizons, scrolling limits and many more. The display formats are
all user-defined using either a batch facility or a newly-developed, Interactive Display
Generator (IDG). The IDG is actually a sophisticated, user-friendly display editor which
can be used to create new displays or edit existing displays. The IDG even allows new
displays to be defined or existing displays to be modified and used during realtime. A user
creates or edits displays in a windowed environment, using a trackball and keyboard to
select display formats, resize displays, position displays, select measurements, define and
position text, label axes, etc. As each change is made, the updated display is shown on the
screen exactly as it will appear during realtime.

Of course, telemetry systems must accomodate strip chart recorders as well as displays.
These devices represent the tried and true way to display, analyze and preserve specific
sets of measurements. TSF IFDAPS provides eight 16-channel units distributed among the
flight test engineer positions in the MCR. These units are able to display any of the
measurement data processed in the TPS or the ACQ processor. This includes derived
measurements and discrete data. Setup time is reduced by allowing operators to modify the
processing for a channel or to change measurements or groups of measurements output to
each recorder during realtime. Operators can also temporarily stop output to any channel
or recorder and send a calibration signal to that channel or recorder without affecting data
on other channels.



In conjunction with the SCRs, each operator position also has a Discrete Light Panel
(DLP) consisting of eight light buttons that can be activated by user-defined algorithms
based on any of the processed measurement data.

Another important function of realtime analysis is the ability to accommodate unique
processing requirements. For TSF IFDAPS this includes frequency analysis of vibration
data. Frequency analysis makes tremendous demands on a processor. The data are
typically acquired at high rates and require that complicated algorithms be applied to large
arrays. To accomplish this requirement, each ACQ processor is connected to a Floating
Point Systems 5310 Array Processor through a Gould HSD interface. The ACQ processor
buffers up incoming array data and transfers the arrays to the array processor. Based on a
prioritized set of control queues, the array processor performs the requested processing
and sends result buffers back to the ACQ processor. These result buffers are available both
for recording by the HIS processor and display by the DPS processor using specially
designed display formats. Control queues represent ordered sets of array processor
primitives which provide specific frequency analysis results. Users have the capability to
develop new control queues and to select the control queues executed during an operation.
The control queues currently available within TSF IFDAPS are defined in TableII.

HISTORY RECORDING AND RECALL

Another significant functional capability of any telemetry processing system is the ability
to record all the data that is acquired and processed. For TSF IFDAPS this means
recording realtime data at approximately 100,000 samples per second and recording FM
playback data at rates up to 200,000 samples per second. Additionally, TSF IFDAPS users
require that recorded data be available for recall or postflight analysis while it is being
recorded. To meet these stringent demands, CSC uses a combination of high performance
hardware and specially designed software. A further requirement to record data at an
average rate of 30,000 samples per second for an eight hour flight is satisfied with high
capacity hardware.

The hardware design employs a separate history processor for the sole purpose of initiating
and controlling the input and output involved in recording and recalling the measurement
data. The HIS processor is a Gould 32/67 that accesses data through reflective memory.
For the processed PCM data, referred to as low-rate data, history data buffers in reflective
memory are filled by the ACQ processor. For the FM playback data, referred to as high-
rate data, a separate set of history buffers are filled directly from the TPS through a
dedicated CPI006 interface card. The recording of low-rate or high-rate data is mutually
exclusive and is controlled through software in the ACQ processor.



The recording media used by the HIS processor is a CDC XMD-II 9772 Extended Mode
Drive connected via the Gould MIDP interface. This drive has a 3 megabyte per second
transfer rate and an 858 megabyte unformatted capacity. Each HIS processor is configured
with four of these drives on each of three disk controllers resulting in a total capacity in
excess of the seven gigabytes required to support an eight hour flight.

The software utilizes the disk drives in such a way as to support a 1.6 megabyte per
second (i.e., 200,000 samples per second) recording rate and to also allow concurrent
access to the data. This is accomplished by creating history slices that span three disks
(one disk on each of the three disk controllers). The history slices are filled by sequentially
writing track size buffers to each of the three disks. When these are filled, the next set of
three disks are used. This theoretically permits writing data to the disks at an aggregate
rate of approximately 3.8 megabytes per second. During system acceptance testing, the
system demonstrated its capability to record high-rate data at 200,000 sample per second
and to sustain a recording rate exceeding 100,000 samples per second for low-rate data.

Since separate disk controllers are alternately being used to write the data, data can be
read using one controller while another one is being used to write data. In this way, it is
possible to provide concurrent access to the data as it is being recorded. To ensure that
recalling data does not interfere with recording data, the recall task is set at a lower
priority than the recording task. To make recall useful, it must be possible to quickly
access specific pieces of data. This is made possible by providing time indexing
information along with the recorded data. During a mission, the user also has the option of
identifying events and maneuvers, which are directly related to time. Therefore, when
requesting data by time, event or maneuver, the index information identifies the specific
data record that corresponds to the time associated with the requested data. Eliminating the
need to read data from the start of the flight saves enormous amounts of time when
recalling data from an eight hour flight.

POSTFLIGHT DATA ANALYSIS

TSF IFDAPS does not neglect the capability to process and analyze the data after the
operation. Even though a tremendous effort is needed to acquire, process, display and
record the realtime data, a substantial effort must still occur after the mission to analyze
the enormous amount of data obtained from a single operation. The engineers assigned to
analyze this data require sophisticated software tools. TSF IFDAPS not only provides such
tools, but the system is designed with a common file format methodology that allows
immediate use of realtime files and eliminates the need for file conversions by any of the
postflight software. In addition, multiple concurrent access and implicit internetwork
capabilities relieve the engineer of the responsibility of subsetting the data of interest and
prevent proliferation of duplicate data files.



Engineers are provided with a quicklook analysis tool which can select the data of interest
by time slice, maneuver or event as well as by specific measurement names or
measurement groups. The data can then be displayed or scanned using Human Design
Systems (HDS) 200g terminals or output to laser printers in user-defined formats. Users
may also use this tool to edit specific measurement or time values and to merge files in
several different ways. This software executes on any of the TSF IFDAPS processors and
can be run during realtime as well as in postflight.

The most significant postflight capability is provided by the Review and Analysis
software. This package allows the analyst and engineer to interactively review and refine
recorded data using their own plot definitions and analysis tools. The user-defined plot
formats may be applied to any time slice of any file containing the measurands which are
defined for the plot. The user has the option of selecting either autoscaling based on the
data displayed on each plot page, or the axis scales may be held constant for visual
consistency between successive pages. In addition, unit conversions to the defined plot
axes are performed dynamically. Forward and backward paging of time history and cross
plots allow the user to review large amounts of data and to quickly identify the data of
interest. Data subsets can then be selected through the cursor-controlled plot editing
capability.

Analysis tools are provided which allow the user to extract data subsets, to subsample or
interpolate compressed data at selected rates, to define and calculate derived
measurements, and to extract data averages, minimums, and maximums. Any data
produced by these tools are immediately available for graphic plotting or hardcopy listing,
for output to the Ingres relational database, or for processing by the next selected analysis
tool. These analysis tools are part of a growing analysis library to which the user may
dynamically add new programs. A data access shell for Fortran programs is provided
which shields the analyst from problems involved in data input, output and formating.

The user may execute these functions on either the high-resolution Megatek graphic
devices or on the more abundant HDS terminals. The user also has the option of executing
in either an interactive or a batch mode. Graphic output from the batch mode may be
reviewed interactively after the processing is complete. Also, any graphic output, whether
produced during an interactive session or a batch run, may be routed to any of a wide
variety of plotting devices including 60-inch Calcomp plotters.

SUMMARY

Using the latest state-of-the-art hardware and sophisticated software techniques, telemetry
processing systems continue to expand in scope and performance to satisfy the stringent
requirements of today’s aerospace technology. The TSF IFDAPS, installed and soon to be



operational at Edwards AFB, CA, is one example of the advanced systems being
configured to meet these demands. This system in no way represents a stopping point; it is
only another step in the evolution of the systems needed to support tomorrow’s
technology.

Figure 1.  TSF IFDAPS OVERVIEW



Figure 2.  Telemetry Processing System



Table I.  Comparison of Telemetry Systems Capabilities

TIPS BASELINE IFDAPS TSF    IFDAPS

Number of
“streams”

6 5 3

For each stream

FM Input N/A 10K sps/channel 200K sps/channel
36 Channels 72 Channels

aggregate 250 sps aggregrate 300 sps

PCM Input 5 Mbit/ 5 Mbit/secon 1.2 Mbit/second
1 Source 3 sources 2 Sources

per source per source

Engineering
Unit Conversion

N/A 20K sps 100 sps

Recording
EU - N/A EU - 20K sps EU - 100K sps
Raw - 20K Raw - 35K sps Raw - 200K sps

Maximum
Number of 4096 4096 10,000
Measurement

Graphics 0 6 11

Alphanumeric 6 plasma 6 1

Strip Chart
Pens

256 128 128

* A “stream” is the subset of the system that is required
to support one mission (i.e., one aircraft) .



TABLE II.    CONTROL QUEUES AVAILABLE WITHIN TSF IFDAPS

NAME PROCESSING DESCRIPTION

Power Spectral Density (PSD) Compute the PSD of a vector

Cross Correlation Compute cross correlation with window and
ensemble averaging

Auto Correlation Compute auto correlation with window and
ensemble average

Transfer Function and Coherence Compute the transfer function and coherence
over multiple channels

History Record Write result buffers on history disks

Recall Read result buffers from history disks

RMS, Min, Mean, Max Compute the RMS, minimum, maximum and
mean values of a vector

Auto Spectra with Peak Hold Compute the auto spectra function (the average is
sent to the host on every Nth iteration).

Cross Spectra with Peak Hold Compute the cross spectra function (the average
is sent to the host on every Nth iteration).

Auto Spectra with Ensemble Compute the auto spectra function (the average is
Average computed using an iterative formulation of

average).

Cross Spectra with Ensemble Compute the cross spectra function (the average
Average is computed using an iterative formulation of

average).
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ABSTRACT:

Today’s large missile testing ranges are demanding sophisticated processing and displays
of telemetry data for real-time decisions. These present-day requirements created a need
for better data handling and processing than those of the past. These requirements are
driven by higher data rates, more complex formats, and increased real-time decision
making (i.e., flight safety area).

White Sands Missile Range’s (WSMR’s) initial real-time Telemetry Data Processing
System was provided by IBM in 1969. This system was augmented several times by
adding higher-speed telemetry front ends and preprocessors. However, this was not
adequate to keep pace with requirements for data processing and display at WSMR.
Presently, WSMR has Fairchild Weston Systems, Inc. (FWSI) under contract for a new
Telemetry Data Handling System. This FWSI system will support WSMR’s anticipated
demands for now, for the next decade’s planned growth, and beyond.

This paper defines data-handling tasks at WSMR, explains how these tasks were handled
in the past, and how they are presently handled. Next, the new system is described
explaining how it fits into WSMR’s present and future plans; and how it provides all the
telemetry data handling, storage, processing, and display capabilities to support these
tasks. Both hardware and software are discussed for this totally turn-key operating system.



TELEMETRY DATA CENTER FUNCTIONS AND CAPABILITIES

The Telemetry Data Center (TDC) was originally envisioned as the interface between
WSMR’s telemetry system and its central computing complex. TDC was planned as the
telemetry center, which was dedicated to condition and perform limited processing on all
classes of telemetry data.

The original TDC system was installed in January 1968 and was operating in early 1969.
The original TDC system consisted of six major subsystems and two control units: 
(1) Telemetry Data Handling Subsystem (TDHS), (2) Digital Data Handling High Density
Recorder/Reproducer Subsystem (HDRRS), (4) Display Quick-Look Subsystem (DQLS),
(5) Timing Subsystem (TS), (6) Test and Control, Calibrate and Status Subsystem
(TCCSS), Telemetry Data Control Unit (TDCU), and Output Data Control Unit (ODCU).

TDC had the system capability of accepting input of twelve telemetry multiplexes [two
PCMs (from 10 bps to 1 Mbps), six PAM/PDMs (from 1 pps to 50 Kpps), and four FMs]
for input into four control memories. The four control memories were contained in the
TDCU: one for each PCM, one for the six PAM/PDMs, and one for the four FMs.

The TDC function was to demultiplex, digitize, display, record/reproduce, edit, linearize
and scale, identify and time-tag the input telemetry data (telemetry data that was received
from outlying sites via the microwave system). Prime emphasis was placed on performing
these functions during a real-time test. In a post-test mode, these functions could also be
performed. TDC could convert telemetry data to formats suitable for digital processing and
recording. All digitized data, time tagged to a resolution of 0.01 milliseconds, could be
recorded (combined average input rate of 634 KW/second) on magnetic tape while
selected data could also be routed for display and/or to a remote processing computer. The
TDC equipment could demultiplex, select, process and display up to 512 data sources
from the total system input. The combined average throughput rate of the selected data
being processed was effectively 10 KW/second.

EXISTING SYSTEM CAPABILITIES

As the modern weapon-system telemetry formats became more complex, FM and PAM
telemetry formats were used less frequently in favor of PCM formats. Therefore, the
original TDC had to be upgraded to meet these changing requirements. It was necessary to
update the original TDC system with piece-meal WSMR actions. These piece-meal
solutions for TDC problems fall short of their goal.

The existing TDC has the capability of accepting an input of two separate six telemetry
data streams. These data streams can consist of mixed PCM, FM and PAM telemetry



formats with the emphasis on PCM formats (83 percent). The data rates for the PCM and
PAM data streams are up to 10 Mbps and 250-K channels/second respectfully. Each of the
six data streams are input to two separate multiplex preprocessors for a combined
throughput rate of 300 KW/second for scaled data, and 100 KW/second for selected and
tagged data. The scaled data is used for strip-chart recorders, digital and analog displays
(for projects and flight safety), and selected and tagged data is output to remote computers
for logging, video displaying, listing, and chart recording. Also, the existing TDC can
interpret (process) missile burnout and relay it to the remote computer. The TDC has the
capability to set up the front end equipment and the preprocessors with one data stream
group being set up at one time. Addressable DACs can also be addressed via a word
selector unit, thus reducing DAC patching errors.

NEW SYSTEM DEMANDS

In 1980 WSMR made a study for future requirements in telemetry processing systems. It
became obvious that WSMR could not continue to upgrade the existing system and meet
the demands of the future. More data parameters at higher data rates were being processed
in PCM, FM and PAM. The formats were becoming more complicated, such as embedded
asynchronous subcomms and dynamic format changes. These format changes may be
identified by a unique event in the data stream. More real-time decisions had to be made
for mission safety, verification of location, and mission success. WSMR needed a more
versatile system that would synchronize, process and display higher data rates with more
accuracy than it had at this time.

DEFINITION OF OPTIMUM SYSTEM

A comprehensive investigation for data processing was conducted to define the optimum
data processing system. This study involved personnel from the Instrumentation
Directorate along with personnel from the Data Processing and Analysis Directorate.
Every effort was made to define a system that had the flexibility and power required, and
yet maintained a simple man-machine interface that the average telemetry systems operator
could operate. By an integration of the facts derived from all of these inputs, the following
general system characteristics began to develop.

C The system should be a mission test tool, with the mission controller in control of
the data analysis process through real-time system activity.

C It should have a very high availability factor.
C It should use distributed processing techniques to obtain the processing power

required.
C Man-machine interface should be via CRT display terminals with a straight-forward

telemetry systems language for the Telemetry Operator.



C It should reduce man power required for mission support.
C Time tagging of real-time data.
C Real-time data analysis should emphasize display of analytical results rather than

raw data in an effort to reduce post-mission processing.
C Multiple-mission configuration information should be stored on system disk files

with rapid set up for a particular mission. This should include a library of flight test
analysis routines.

C Versatile, and flexible with a minimum capability to process all IRIG Standard
Formats.

C It should have the capability to process multiple missions simultaneously.
C Modular for future expansion.
C Multiple data displays with modern microprocessor-controlled color graphics with

large screens.
C A set of diagnostics software to aid in troubleshooting the system problems and

minimizing the downtime.
C Capable of processing complex data formats, and higher data rates to support

WSMR testing for the next decade.
C Real-time data logging.

These characteristics were incorporated into a specification in 1983. WSMR submitted
this specification to vendors, for which we received 5 responses. Out of these, Fairchild
Weston Data System Division was selected to supply the system which is known as the
Telemetry Data Handling System. (TDHS).

GENERAL SYSTEM DISCUSSION

As these desirable characteristics were examined in detail by FWSI, it became apparent
that there were several requirements for TDHS that were unique. These requirements
included PCM bit rates up to 20 Mbps, PAM rates up to 250,000 SPS, and higher
frequency FM data rates. The PCM formats had embedded asynchronous formats with
several hundred words-per-minor-frame. Processing rates were sufficiently high enough to
require higher compression ratios and higher real-time processing rates to accommodate
the real-time requirements. The man-machine interface must be straight forward enough to
guarantee acceptance by mission test personnel, while supporting multiple missions
simultaneously.

The TDHS system consists of seven major subsystems. A high-level system overview is
shown in Figure 1-1. These subsystems are:

C Input Signal Distribution and Control Subsystem
C Telemetry Front-End Equipment



C Calibration and Simulation
C Preprocessing Subsystem
C Timing and Tape Transport Control Subsystem
C High-Speed Host Computer
C Data Outputs, including Graphic Displays, Video Generation and Strip Charts

The software that brings all of these subsystems together as one operating system is a
Telemetry Data Acquisition and Processing System, which is written in FORTRAN.

The data-rate requirements dictated the use of a high-speed data preprocessor in the
system. The preprocessor multiplexed digital data streams, converted data to Engineering
Units, performed data compression, and distributed the processed data. This allows the
host to perform more real-time functions in analyzing and displaying data.

The system characteristics are:

C Simultaneous Inputs
Six PCM data streams
Two PAM data streams
Four FM data streams

C Real-Time Processing
Data synchronization and formatting
Data compression
Conversion to engineering Units
User defined procedures

C Simultaneous Real-Time Outputs
Raw data to disk (1.6 Mbyte/second)
CRT data displays (Graphic and Tabular)
Strip-Chart Recorders
Instrumentation Tape Recorders
Closed-Circuit Video Displays

INPUT SIGNAL DISTRIBUTION AND CONTROL SUBSYSTEM

This subsystem functions as a central facility to distribute all input and output telemetry
signals, such as predetected and preselected signals from the range, IRIG A and B carrier
timing, and analog recorder signals. It provides the man-machine interface for control and
operation of the system. It includes: distribution amplifiers, FM multiplexers, analog tape
recorders, FM demultiplexers, and patch panels.



TELEMETRY FRONT-END

The Telemetry Front-End includes three major functions: PCM synchronization, PAM
synchronization and FM demultiplexing and digitizing. Each of these receives their input
signal via the patch panel in the Input Signal Distribution Subsystem. These signals may be
from either RF receivers, analog tape recorders, land lines, or simulation.

The PCM section is composed of six: EMR 8000 Series Bit Synchronizers, Frame/
Subframe Synchronizers, and Digital-to-Analog Converters. These units operate up to
20 megabits per second, have local or computer setup, and on-board diagnostics. Each unit
is capable of storing up to four unique formats to provide for fast format switching. For the
main data path into the telemetry preprocessor subsystem, the appropriate signal (receiver
output or tape output) is selected at the patch panel for input to the bit synchronizer. The
bit synchronizer obtains bit sync, reconditions, and outputs the signal along with a clock to
the frame synchronizer. The frame synchronizer obtains frame/subframe sync, performs
serial-to-parallel conversion, and outputs parallel data through three output ports. The first
one outputs all data to the telemetry preprocessing subsystem. The second one outputs
embedded data to the preprocessing subsystem. The third one outputs selected raw data to
the digital-to-analog converters. The digital-to-analog converter receives and selects data
from the frame sync, performs scaling, bit stripping and bit packing, and converts selected
words to an analog voltage. It outputs analog data and selected discrete bits for recording
on strip charts. The frame synchronizers are capable of handling data formats with variable
word lengths (of up to 32 bits long), and asynchronous subframes.

The PAM section is composed of two EMR 700 Series Channel, Frame and Subframe
Synchronizers, and two EMR 8000 Series Digital-to-Analog Converters. These units are
capable of operating up to 250,000 samples per second with subcommutation capability,
and have local control or computer set up. For the main data path into the telemetry
preprocessor subsystem, the appropriate signal (receiver output or tape output) is selected
at the patch panel for input into the channel synchronizer. The channel synchronizer
obtains channel synchronization, reconditions, and outputs the signal to the frame
synchronizer. The frame synchronizer obtains frame/subframe sync, digitizes each data
sample to twelve binary bits, and outputs in parallel to two ports. Port one outputs all data
to the preprocessor. Port two outputs all data to the DACs. The digital-to-analog converter
receives and selects data from the frame sync, performs scaling, bit stripping and bit
packing, and converts selected words to an analog voltage. It outputs analog data and
selected discrete bits for recording on strip charts.

The FM section is composed of four EMR 8000 Series Digital Tunable Discriminators,
eight EMR 400 Series Analog Tunable Discriminators, two EMR 4080 FM Calibrators,
one EMR 8000 Series Digital-to-Analog Converts (DACs), and patching facilities to



enhance the flexibility of data distribution within the system. For the main data path into
the telemetry preprocessor subsystem, the appropriate FM multiplex is selected at the
patch panel for input into the tunable digital discriminator. The tunable digital
discriminator will demultiplex, filter and digitize up to twenty-four channels of FM data,
proportional bandwidth or constant bandwidth, in one multiplex. It will tune to any
subcarrier center frequency between 200 Hz and 2 MHz, with deviations between
+/-1 percent and +/-40 percent. FM errors induced by tape recorder speed variations are
compensated for within the discriminator up to a speed variation of +/-3 percent. The unit
has three parallel and two serial output ports. One of the serial output ports is output
through a selector switch to the DAC unit. The DAC unit receives and selects the
programmed data words, performs scaling, bit striping and bit packing, and converts
selected data to an analog voltage. It outputs analog data and selected discrete bits for
recording on strip charts.

The other serial port is patched into a PCM bit sync and processed as any other PCM
stream. The parallel ports can be input directly to the preprocessor. The single channel
tunable discriminators are used to demodulate pre-d signals and single channel FM
subcarriers. There are two five-point frequency calibrators, one PBW and one CBW, to
help calibrate and setup the FM subsystem.

CALIBRATION AND SIMULATION SUBSYSTEM

The Calibration and Simulation subsystem is comprised of three EMR 8000 Series PCM
simulators, and one PAM simulation, one perturbation generator, one noise generator, bit
error rate tester, and five low-pass filters. The three PCM simulators are independent
simulators that perform the same functions. This will assist in verifying the system is ready
to support independent multiple missions. The simulators are configurably locally and
remotely by the host computer. They will simulate all standard IRIG formats at bit rates up
to 20 megabits per second. Each unit will generate up to 64 unique defined words. The
simulator will output a serial PCM data stream, and a 16-bit parallel data output. The PAM
simulator will also simulate and output all IRIG PAM formats. The perturbation unit in
conjunction with noise generator and low-pass filters are included with the simulator
subsystem to perform perturbations on the serial output for system check out under
adverse conditions.

The bit error rate tester is used to test the data hardware paths, such as a bit synchronizer,
communication path, etc.



PREPROCESSING SUBSYSTEM

The Preprocessing subsystem is the EMR 8715 Multiplex Preprocessor. This unit is a
high-speed preprocessor that multiplexes multiple data streams with up to three
independent time sources. In this system the preprocessor is designed to accept twelve
data inputs, each up to 32 bits wide, however, the flexibility is built in to expand the
number of inputs with plug-in cards. The asynchronous input data streams are accepted by
the preprocessor where each parameter is assigned unique identification tag. The time is
merged with the data where each parameter may be time tagged if desired, or the time can
be merged in with the data for processing and output at the highest resolution of the
incoming time.

The data and tag is routed to the Distributed Processing Units (DPUs) via a high-speed
bus. The bus is 80 bits wide and runs at 10 megawords. The DPUs accepts the data from
the bus and processes the data based on the programmed algorithms. The DPU has the
ability to chain multiple unique algorithms for each parameter. Each DPU has an on-board
FIFO which is 1024 deep, thereby guaranteeing that each of the three DPUs could accept
data at a 1,000,000 wps rate for one millisecond without data loss.

The total effective throughput rate of the preprocessor is 750,000 words per second with
the following algorithm mix, 80% linear conversions, 10% 5th order polynomial
conversions and 10% 32-point look-up table. This rate can be increased to a maximum of
2,000,000 wps by adding DPU modules. The DPU module is a high-speed word slice
floating point processor that performs high speed 32-bit real-time data processing. It has a
dual port data memory, arithmetic unit, and microcode instruction memory.

Each module resident on the Priority Command Data (PCD) bus, including the input
modules, has a priority assignment. The assignments are used to arbitrate which module
may have access to the bus whenever two or more modules request such access
simultaneously. The PCD bus operates on a 100 nanosecond clock and is capable of
transmitting a 32-bit command word and a 32-bit data word simultaneously on each clock
cycle. Simultaneous data from any two input ports can be input within a 0.2 microsecond
period.

The preprocessor has the capability to demultiplex up to 128 operator selected measurands
and route those measurands to internal arrays for subsequent transmission out of the array
output port. Each array is double buffered to assure no data is lost, and may be up to 512
samples maximum, operator selectable.

One of the most important task of the preprocessor, and also one of the more simple ones,
is the task of data distribution. The ability to multiplex multiple data streams, tag, process



and then distribute the data on a parameter basis relieves the host computer of a task it is
not suited for with high speed data. The preprocessor has seven unique outputs, these can
be expanded by adding output cards. The seven outputs are:

C Host computer Log Output Port. This module accepts data from the PCD bus and
outputs tag/data for integer data and tag/data/data for floating point. Time will be
output in sequence with the data with minor time being output each millisecond and
major time being output each second. Time correlation of data will be guaranteed by
virtue of the fact that time is merged at the input port. This data is normally stored
on a mass storage device in the host for post mission processing.

C Host Process Output Port. This port is identical to the log output port. This data is
selected processed data input to a Current Value Table in the host for real time
display.

C There are two high-speed output ports for DAC data, the tag associated with each
data parameter will define which specific DAC the data sample is routed to within
the DAC subsystem.

C There are two output ports provided to interface with a second computer. These
ports are identical to the log output port for the host computer.

C Array Processor Output Port. This module accepts data from the array modules via
the PCD bus and outputs that data in block DMA transfers.

TIMING AND TAPE TRANSPORT CONTROL SUBSYSTEM

The Timing and Transport Control is composed of three each Bancomm Model M80
Timing and Tape Control subsystems. Each unit is capable of receiving IRIG-B timing
signals from the analog tape units or range time, automatically synchronizing to the input
timing signal, and maintain synchronization to within 10 microseconds. The unit will
decode the input timing signal and generate parallel binary and BCD time. This parallel
time will be merged with the data in the preprocessor. Should the incoming timing signal
be interrupted the unit will automatically continue to generate valid outputs. When the
incoming signal becomes valid again the unit will resynchronize to the input. Time will be
displayed on the front panel in time of day format. The generator can generate time, using
an internal or external oscillator.

The timing and transport control subsystem includes remote tape transport control, up to 6
tape transports per timing subsystem. The functions controlled remotely are; speed select,
record, stop, fast-forward, fast-reverse, run, and reverse. It includes automatic tape search
control. The tape search is operator-selectable for each tape transport. The tape search will
initiate a series of transport commands to search the tape to locate a preset start time, put
the transport into “RUN”, and playback until the operator-selected preset stop time is
reached, then terminate the process.



The timing and transport control subsystem has the ability to generate a “Magnetic Tape
Identification” (MTID), incorporating it into the IRIG-A or B timing, for the purpose of
identifying a magnetic tape. The MTID includes a 30-character alphanumeric message.

THE HIGH-SPEED HOST COMPUTER

The Telemetry Control Processor Subsystem is composed of a super minicomputer and
peripherals, Model 3280 manufactured by Concurrent Computer Corporation. The
Telemetry Control Processor serves as a central control point for all programmable
functions implemented in the TDHS System. As such it interfaces with all other
subsystems within the TDHS for setup of the subsystems and accepting data from these
subsystems. The processor has three internal buses, one medium speed bus to support the
lower speed peripherals, and two high speed buses to support DMA devices. The two high
speed buses provide an aggregate I/O bandwidth of 20 Mbyte/second. The performance of
the Model 3280 processor is achieved using features normally found in mainframe
computers. these features include a four-stage instruction pipeline, multiple caches, and a
parallel multiplier.

The processor accepts the log data from the preprocessor and logs it on high speed disk or
tape. The real time display data is retrieved from the Current Value Table in processor
memory and outputs it to the real time displays.

The processor peripherals include 1.8 Gigabytes of disk storage, four Tri-density digital
tapes, eight line printers, and five CRT display stations.

DATA OUTPUTS

The Data Output Subsystem is composed of two each Tektronix 4236 graphics terminals,
Digital-to-Analog Converts (DACS), and video generator output. The two interactive
graphic display subsystem is interfaced to the host processor and provides a medium for
the display of high resolution graphics. They provide high quality graphics output in both
real time and post mission environments on a 19-inch display.

The DACS are the EMR Series 8000, with 160 DACS and 256 discretes. They are
programmed by the system controller to accept digital data and tag from the various TDHS
sources. This data is converted to analog voltages and discrete digital bits and outputted to
strip chart recorders.



The Video Generator System (VGS) will accept data and instructions from the host
processor, convert the data to video and output it through six video channels. The data
transmission between the host processor and the video generator system is DMA, allowing
the VGS to accept and display alphanumeric and graphic data twice per second per
channel in color.

SOFTWARE

Figure 1-2 graphically portrays an overview of the TDHS Software system. The TDHS
System operates in three basic modes; (1) File Maintenance, (2) Acquisition,
(3) Interactive Display. During the File Maintenance Mode, the user enters system
variables for the Telemetry Front End and for the data parameters and specifies data
routing for the Host Computer. The user is now ready to load the TFE followed by
initiating the data acquisition mode to collect the telemetry data, display in real time and
log it to disk or tape. During acquisition of data to disk users can examine data using the
interactive display software at the alphanumeric or graphic displays. After the telemetry
data has been acquired and logged, the user can replay the data from disk and display it on
the screens.

Users enter setup and control information via the File Maintenance and Real-time
Processor Functions and store this information on the system disk.

This information may be accessed by the acquisition and analysis display software. The
acquisition mode supports real time data from an RF link, land line or analog tape play
back. In the acquisition mode data is archived on disk and displayed on CRTs in real time.
In the analysis mode data is recovered from disk and displayed on the screens. This
software will be covered in more detail in a separate paper.

CONCLUSION AND FUTURE TRENDS

In summary, the TDHS as designed will process the telemetry data that WSMR encounters
today, and probably for the next ten years. In specifying the TDHS WSMR looked to
future trends in telemetry as a guide. This included areas such as; higher bit rates,
MIL-STD Bus Data, complex formats, user outputs, and more processing power. The
unknowns of the future dictated a modular system that can be upgraded by replacing
subsystems.



The TDHS has been designed with the latest technology available to assure a longer useful
life. The areas that are state-of-the-art and will maintain this status for some time are:

C Twenty megabits per second PCM front-end
C Flexibility of the PCM front-end
C Tunable Digital Multiplex Discriminators
C The Telemetry Preprocessor Subsystem
C The Host Computer

ach subsystem is capable of being expanded or upgraded with minimum cost. For example,
the processing power required in the system can very easily be increased by adding
processing cards to the preprocessor and/or the host processor. The preprocessor can be
expanded into a third chassis without affecting the software design. The host processor can
be closely coupled to other hosts to increase its capabilities.

A companion system, designated TDHS-B, essentially identical to the system described
above is in the contract as a follow up option.

With this system design concept WSMR feels confident in accepting more challenging
telemetry data processing requirements.
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ABSTRACT

Software development is becoming less an art form and more an engineering discipline.
Methods of software development which leave as little as possible to chance are constantly
being sought and documented. However, the gap between what is written and what is
actually applied is usually quite wide. The only way this gap can be narrowed is through
practical application of these very detailed and complex methods. Since it is unlikely that
the complexity of these methods will be reduced, automation must be employed wherever
possible in the software development process. This paper addresses the successful
development of software for the Navy’s Realtime Telemetry Processing System III
(RTPS III) using practical application of existing methodology in conjunction with a
Computer Aided Software Engineering (CASE) tool. Based on this experience, the
conclusion presents implications affecting software development the 1990s.
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INTRODUCTION

On February 5, 1987 Computer Sciences Corporation (CSC) was awarded a contract to
provide a telemetry processing system for the Naval Air Test Center, Patuxent River,
Maryland. The good news was: We had won the contract! The bad news was: We had
won the contract! It was a fixed price contract with a very short fuse. In one year we were
to integrate two systems which, between them, contained over 75,000 lines of reuseable
code. In addition, we were to write another estimated 75,000 lines of new code. Further,
the contract had been costed for a one year duration, and past experience had shown that
original estimates are usually somewhat ambitious. One function, for example, was
originally costed at 250 lines of code. It became apparent within the first two weeks of
contract award that this particular function would probably exceed 1000 lines of
executable code. Projecting this particular error across the total original estimate provided
a very unsettling feeling for the beginning of a new project. As if that weren’t enough,
long-lead hardware items had yet to be ordered, giving even the most optimistic of
planners reason for scepticism. How would we write the interfaces to hardware that wasn’t
scheduled to be delivered for six months? And that’s if it were on time and worked as
specified.

It was also difficult to believe that DoD Standard documentation and attendant review
cycles would leave us with much time to do the “real work.” Finally, design on the front-
end of the development cycle and integration and testing on the back-end of the cycle
would probably take around half of the total development time. This left no more than six
months to integrate two existing systems of significant complexity and prepare what was
beginning to look like an optimistic estimate of 150,000 lines of code for delivery to the
Navy (the final figure was something over 170,000 lines of executable code). A
recognizeable pattern was emerging; one common to most problem software development
efforts. Even if everything went well, the budget was in serious jeopardy if techniques
weren’t found to aggressively streamline the development process. Since the proposal
effort we had been investigating Computer Aided Software Engineering (CASE) as one
way of improving productivity, but to initiate this approach on an already time-critical
project contained risk. We had some hard decisions to make and little leeway for error.

THE GOAL

Our goal, and that of our customer, was to produce a system that would upgrade the
Navy’s existing capability to a state-of-the-art telemetry processing system. This meant
implementation of a loosely coupled system originally consisting of two “streams,” but
expandable to as many as eight. These streams would be connected to a file system that
would provide the files describing telemetry formats, measurement attributes, and 



processing rules necessary to support Navy flight test operations. Several of a stream’s
salient features were to be:

! Process Four 10 Megabit PCM links.
! Process up to 64 FM channels at an aggregate sampling rate of 200 Ksps.
! Perform 200 Ksps EU conversion.
! Record EU samples at 160 Ksps.
! Feature five distinctly different types of display devices to display graphic plots, color

graphics, out-of-limit conditions, critical measurements and strip chart plots.
! Perform recall of telemetry history for plotting in real-time.
! Provide real-time calibration of sensor data.

Because of a prototype system built by the Navy, they were able to write a very definitive
specification. The basic architecture of a stream was dictated by the specification. This
architecture consisted of a telemetry front end, telemetry preprocessor, display processor
and a dedicated application-specific processor all linked together through shared memory.
All streams were to be interfaced to a single file system consisting of two processors with
a common shared memory interface (See Figure 1). The Navy’s prototype system
consisted of this very architecture, but with only a small subset of the required capabilities.
There was considerable overlap between the Navy prototype functions and those in
existing CSC built systems, especially in the areas of telemetry preprocessing and inter-
processor interface functions. The Navy had specified that Adage vector refresh hardware
be used for graphic plots. This particular software was unique to the Navy prototype
system and was a good candidate for integration into RTPS III.

We had to either produce approximately 150,000 lines of executable code from scratch in
less than a year or we had to find a way of effectively combining reuseable code from two
distinctly different software architectures into a homogeneous system. Providing the two
systems would be successfully integrated, there still remained a significantly large coding
task to satisfy the remaining requirements.

THE PLAN

Thanks to the Navy’s unusually good specification, the problem was well defined. But it
was not an easy problem and the time frame was very short. To subject this project to the
normal development cycle with the same procedures that had been used in the past was to
invite a cost overrun of significant proportions. At the same time, to take short cuts in
design and documentation could place the project at substantial risk. We had to find a way
of shortening the development cycle without bypassing any procedures that could cause
the final outcome to be in doubt.



Staffing

At first glance staffing would appear to be one place to shorten the schedule. If 10
programmers would take two years to write 200,000 lines of code then 40 programmers
should logically take six months to accomplish the same task.

To seriously consider this option would be to come face-to-face with the “Mythical Man
Month” addressed by Fred Brooks in his book of the same name. Resources simply were
not available to support such a staff, to say nothing of the management task. Staffing had
to be accomplished top-down, with team leads being brought on first to do the design,
followed by programmers to implement that design. Within this context the team leads
were considered the most critical single element in the development process. Once the
team leads were in place, the design task could begin. Further staffing from then on could
be based on the team leads’ need for programmers to implement their design. The
philosophy was to do as much work up front as possible with as few people as possible.
This would preserve the budget until coding tasks had been defined and budget could be
most efficiently allocated. Since the code and debug phase of the project was only six to
eight months, rapid staffing and down-staffing were necessary. The only reasonable
approach in accomplishing this was liberal application of consultants. This we did by
staffing with half consultants and half CSC employees.

Tools

We had an adequate set of programming tools for use in software development and they
had been used effectively in past projects. What we didn’t have were any tools to assist us
in the design process. A time consuming problem on past projects was that of meaningfully
communicating design to those who needed it, when they needed it. Typically, design
starts with the requirements, matures inside one or more system architects’ heads, and
spills onto engineering pads, notebooks and backs of envelopes. It is then given to Data
Entry and Drafting to produce a document. Two weeks after the design is conceptualized it
is available for review or for programmers to implement. In the meantime, the design
changes to some extent and that update is sent through the same procedure. This is all very
time consuming and confusing. Further, costly errors are introduced into the system by
each layer of communication. And whatever the errors, there is no real methodology, save
for design reviews, for finding and correcting them until they appear as bugs in code.
Finally, the emphasis on the resultant design documentation is often influenced more by
the DoD-STD format than the necessity to communicate design. Often the end result is that
the design and documentation become separate processes and errors are not detected until
late in the development cycle.



We decided to use a Computer Aided Software Engineering (CASE) tool to help solve this
problem. There was risk involved because CASE represented new technology and there
would be a learning curve. But the possible benefits were considered worth the risk. A
designer would be able to create and maintain his own design diagrams and process
narratives and they could be easily proliferated by giving CASE file access to those who
needed the design. The result of using CASE is that the latest design documentation is
always in the hands of those who need it. With DesignAid by NASTEC, the CASE tool
we selected, information is entered into a design dictionary which is used to “validate and
balance” the design flows automatically. Potential design errors (especially interface
errors) are brought to the designer’s attention so they can be corrected in the design phase.
When we showed the Navy the way we were using the CASE tool and how it satisfied the
intent of DoD-STD documentation, they encouraged and supported our approach. This
represented a radical departure from past DoD contracts with which I had been involved.
The resulting documentation was both more practical to use and much less costly to
produce and maintain. The top three levels of Yourdan/Demarco standard data flow
diagrams printed from DesignAid files are shown in Figures 2, 3 and 4.

Unit Folders

Unit folders were to be the result of the top down design process. The team leads were to
decompose each subsystem down to codeable modules or units, each represented by a unit
folder providing:

! Name of source module, programmer and charge code.
! Specification requirements to be satisfied by that unit.
! Design path (hardcopy from CASE tool) showing relationship to the system, including

semi-detailed interface description.
! Unit test section.
! Design notes.
! Coding standards.

The Unit Folder provides the medium for the designer to communicate definitive
requirements and design to a programmer. It, in turn, provides the medium for a
programmer to communicate his solution to the designer. These unit folders were to be
kept simple and informal. They were to be produced using clerical assistance to lessen the
burden on the technical staff. In practice the support staff built the original folder for the
team leader who, in turn, presented it to the programmer as an assignment. It was hoped
that through use of the unit folder, programmers would be able to become productive much
more quickly, and that they would be able to adapt more easily to a predetermined
structure.



Approach

We really weren’t planning to do anything that hadn’t been tried before or at least anything
to which extensive “lip service” hadn’t been given. Top down design wasn’t a new
concept, though application of CASE technology to this concept was relatively untried.
Unit folders were not a new idea, but they had to be made more practical by being made
the repository for useful information. Administrative drudgery had to be off-loaded to the
support staff so that the technical staff could concentrate on solving the technical
problems. Documentation had to reflect the actual design as it occurred and it had,
ultimately, to reflect the end product. This meant probable deviation from DoD standards
which couldn’t be done without the confidence and cooperation of the Navy.

Peer reviews would be conducted informally by the team leads. This wasn’t the original
intent for these reviews, but it was decided that there wouldn’t be enough time to have
programmers review each other’s code. Units were generally small enough (60-80 man-
hours) that it would literally be cheaper to rewrite a module if necessary than to expend
significnt time performing peer review on all modules across the board.

Within the constraints inherent in this plan, team leads were given the authority to progress
with the development of their respective subsystem as they deemed necessary.
Administrative tasks were off-loaded from them to the software manager and support staff
as much as possible so that team leads could concentrate on technical issues.

DEVELOPMENT

Development on RTPS III consisted of allocating unit folders to the programming staff so
that programming could begin. In conjunction with this, logical milestones were defined to
mark the progress of the development. On RTPS III the milestones consisted of builds
which represented stages in the system development that must be reached before the next
stage could reasonably be accomplished. The first build consisted of the integration of two
existing systems: The Navy’s “Adage-peculiar” display software and Computer Sciences’
telemetry acquisition and processing software. While three staff members were performing
this task, others were coding Build 2 software. Build 2 contained most of the functions that
were considered necessary to support an operational system. Build 3, the last build,
contained functions which were less critical to system operation, or functions which were
dependent upon completion of Build 2 functions.

Unit folders were used to provide the framework for software development. These folders
were fairly informal and provided a repository for everything a developer or maintenance
programmer could ever want to know about the program(s) represented by that folder.
There were 107 unit folders divided among 20 programmers (including the team leads).



Team leads controlled the unit folders. Related unit folders were assigned to a programmer
to be completed on a sequential basis. The scheduling of a module was dependent upon
when the hardware or software it required were to be available and/or when that module
would be required by another software element.

Predictably this didn’t work as well as we would have liked due to unforseeable problems.
Like it or not, we were in a dynamically changing environment. It made following any plan
very difficult. To help alleviate this situation, we created a dynamically changeable status
board containing a time-relative representation of all modules to be coded. These modules
were rescheduled (moved around on the board) on a weekly basis subject to unforseen
problems. This board provided management visibility into areas which were the most
critical so that action could be taken immediately when something didn’t happen as
planned (such as delivery of a hardware component). This area is a good candidate for
automation in the 1990s.

When fully staffed, we found that we had a full range of programming ability represented.
The fastest coders were an order of magnitude faster than the slowest coders. As the faster
programmers finished their “line” of modules, they were assigned modules from other
programmers’ area of responsibility. We reassigned slower programmers to other areas
where they were still able to make a valuable contribution to the project.

INTEGRATION/TEST

There was a separate group assigned to perform integration and test of the RTPS III
system. This group was responsible for the writing of the test plans and procedures for
each build as well as providing the focal point for system integration. Test procedures
were written to the specification paragraph level as opposed to addressing each specific
requirement. The philosophy was that the programmer informally perform and document
the detailed “shall-level” testing at the unit level and that the system testing be formally
documented and performed by the Test and Integration group. This was fine as long as the
programmer held up his end of the bargain. As might be expected, not all programmers
were equally motivated to perform (or at least document) unit testing for their assigned unit
folder. The test group, in cases where the unit testing was deficient, performed and
documented the unit test themselves, with some “hand holding” by the responsible
programmer.

When a defineable capability (consisting of one or more related modules) was complete, it
was held by the software development staff until the Test and Integration staff was ready
for it, then it was officially turned over. These mini-builds or “bundles” could then be
integrated into the existing system regardless of whether or not it was time for another
build. This provided an even flow with no “big bang” build test at the end of a build. The



build concept was still used, but more for purposes of preparing test procedures and
configuration management than for control of system development.

Approximately 10% of the team leads’ time was originally allocated to assist in system
integration. The team leads, who in effect, became members of the integration team spent
at least the originally allocated percentage of their total time in this endeavor.

SUMMARY AND CONCLUSION

Computer Sciences Corporation (CSC) was awarded the RTPS III contract the first week
in February, 1987. The system was shipped the second week of March, 1988, 13 months
after contract award. Software delivery consisted of over 170,000 lines of executable code,
over half of which was new code. Including design, code and debug, test and integration
and design documentation, the total cost for this software development was less than $10
per line of code. This unheard of (by this author) accomplishment was due to:

! A technically astute customer who knew what he wanted and was willing to work in
cooperation with the contractor to get it.

! Use of CASE technology in design and documentation of the software.
! Extremely talented team leaders in each of the three major subsystems.
! Dedicated software staff doing whatever it took to meet reasonable schedules.
! Timely inclusion of reuseable code.

In the decade of the 90s, as in the past, successful software projects will be predicated on
hard work and intelligent application of accepted principles of system development. This
author predicts that CASE will dominate software development in the next decade. This
will go hand-in-hand with a modification of DoD Standards to accomodate the automated
design process. If current standards don’t change fast enough to keep up with new
methods, DoD customers will look favorably upon contractors presenting them with
reasonable alternatives to DoD standard documentation.



FIGURE 1. RTPS III SYSTEM CONFIGURATION



FIGURE 2. RTPS III CONTEXT DIAGRAM



FIGURE 3.  RTPS III ZERO-LEVEL DATA FLOW DIAGRAM



FIGURE 4.  TELEMETRY ENGINEER SUBSYSTEM OVERVIEW
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ABSTRACT

The typical aircraft development program of the 1990’s will use multiple airborne
MIL-STD-1553 Data Busses to provide control of the avionics subsystems. These
programs have created a need to process data from these busses in a standard format. This
format is proposed for Chapter 8 of the IRIG-106 document. This paper describes EMR’s
MIL-STD-1553 PROCESSING SYSTEM to acquire and process data in accordance with
this new standard.

This fully integrated and already available system consists of two basic elements:

! An All-Bus Instrumentation System(ABIS)
! A Ground Processing Station (GPS)

The ABIS monitors the MIL-STD-1553 airborne communications busses, and formats all
data in a standard IRIG serial PCM stream suitable for on-board recording and/or real-time
transmission on a radio link. Each ABIS will handle all data from one to eight busses.

The GPS provides both real-time display and post-flight processing of data captured by the
ABIS.

INTRODUCTION

With the proliferation of MIL-STD-1553 data busses on each airframe, there is a need for
a common way to acquire and analyze the communications on the busses. The IRIG
Standards Committee has created a standard for an airborne and ground station system to 



do this. The general objectives of the IRIG MIL-STD-1553 100% ACQUISITION
STANDARD are featured below.

Each Airborne System must:

! Acquire all messages from up to 8 separate MIL-STD-1553 Data Busses.
! Monitor both Primary and Secondary sources.
! Allow for merging of time and other miscellaneous discrete information.
! Identify each word of a message with a tag identifying word type and bus number.
! Encode all information into a standard PCM code to allow utilization of existing IRIG

airborne tape recorders.
! Provide recording of each MIL-STD-1553 bus on an IRIG Standard Instrumentation

Recorder with bit rate selection and track spreading for efficient tape usage.
! Provide the ability to merge all MIL-STD-1553 busses together in a composite stream

to be output to a serial link at user selectable rates.

The Ground Processing System must:

! Playback recorded MIL-STD-1553 tapes on any standard IRIG ground station
recorder.

! Use existing IRIG PCM ground equipment such as Bit Synchronizers, Frame
Synchronizers, Pre-processors, Host computers and Data Bases.

! Provide processing of selected data from the MIL-STD-1553 busses for analysis.

In order to meet these objectives, a complete MIL-STD-1553 PROCESSING SYSTEM
was required. This system encompasses both the acquisition and processing of MIL-STD-
1553 communications.

SYSTEM DESCRIPTION

The MIL-SID-1553 Processing system consists of an Airborne Acquisition System and a
Ground Processing System (see Figure 1). This end to end system furnishes a complete set
of hardware and software tools to capture and process 1553 data. The airborne portion
consists of an EMR 5500 All Bus Instrumentation System (ABIS), an IRIG standard
instrumentation recorder, and a telemetry link. The telemetry link could be a radio
transmitter or rotary head recorder system.



Airborne Acquisition System

The EMR 5500 acquires data from up to eight MIL-STD 1553 busses, eight discrete
inputs, one analog input and IRIG Parallel BCD1 time. The EMR 5500 can output the
1553 data simultaneously in two ways: Split Stream Format and Composite Format.

In the Split Stream Format, the EMR 5500 monitors each 1553 bus, decodes each word as
it appears on the bus, merges time with a microsecond resolution per message, and outputs
the data words as one, two, three or four serial data streams in a standard IRIG PCM
format. Each 1553 input bus has it own set of serial PCM outputs for output to an IRIG
standard Instrumentation Recorder.

In the Composite Format, the EMR 5500 merges the data from all the 1553 busses and
outputs one composite IRIG serial PCM stream to a telemetry link.

Ground Processing System

The Ground Processing System consists of an IRIG Standard Instrumentation Recorder,
Telemetry Link, Telemetry Front End (TFE), and Host Computer with Parameter Data
Base.

The IRIG Instrumentation Recorder is used for playback of data recorded on the airborne
recorder.

If the composite output feeds a Telemetry Link such as a radio, it could be used to monitor
real time data during the flight. If the composite telemetry link is a high speed rotary head
recorder, the ground station rotary head recorder would be used for playback. Both
sources may feed the same telemetry front end
.
The Telemetry Front End (TFE) decommutates the serial data streams, selects and
decodes the messages from the MIL-STD 1553 busses, and processes selected data words
for output to the computer for disk or tape storage and quick look display. The TFE also
processes selected data for output to stripchart recorders.

The Host Computer performs setup and control of the Telemetry Front End, formatting of
data to disk or tape, quick look data displays, and post mission analysis of all stored data.

EMR 5500 ALL BUS INSTRUMENTATION SYSTEM

The EMR 5500 All Bus Instrumentation System (see Figure 2) resides in an airborne
qualified chassis. The unit measures 5 inches high, 7.5 inches wide, and 10 inches deep.



The unit contains a modular, nine card slot backplane. Any EMR 5500 card may reside in
any slot. The box is self configuring and allows cards to be added and removed as needed.
For example, to monitor eight MIL-STD-1553 buses simultaneously, eight 1553 Receiver
Cards and/or one Serial Output Card are inserted into the chassis.

The 1553 Receiver cards may be either transformer or direct coupled to a MIL-STD-1553
bus. The 1553 Receiver accepts all messages from a MIL-STD-1553 primary or secondary
bus. Each bus message is tagged with a microsecond time word and the response time of
the remote terminal to the bus controller is computed (optional). A Discrete Word is
sampled each frame. Each word is tagged with a seven bit tag, consisting of a three bit bus
identifier and a four bit Word Type. The 1553 Receiver Card is the source of the split
PCM streams. The data may also be sent to the Serial OutputCard to be merged with data
from other 1553 busses. The Serial Outputthen outputs the composite PCM stream.

In the split PCM stream output mode, the Receiver card produces one, two, three, or four
RNRZ-L serial streams. There are four output rates available on the board. Other rates
may be chosen by changing crystals. For each stream, a frame of 256 words of data is
composed. Each contains a frame synchronization pattern. All data words are inserted
across the output streams as they are received. Words are not positionally located within
the frame. Fill words are inserted when no data is available.

In the composite output mode, the Command, Status, Data, Microsecond Time, Response
Time, and Discrete words are converted to 24 bit parallel data words. The parallel data
words are then sent to the Serial Output card over a sub-set of Fairchild Weston’s
powerful Priority Command Data Bus (PCD) used in the EMR 8715. This version is called
the PCD Jr. Bus. The PCD Jr. bus uses 24 bit data words and operates at 3 million words
per second. Each Receiver Card may be disabled from merging to the PCD Jr. bus. Thus,
the user can have split streams of an input bus with no data input to the composite stream.

The Serial Output card receives the data from the receiver cards, one analog input, and
IRIG Parallel BCD 1 time. The Serial Output card digitizes the analog input using a 12 bit
analog to digital converter. The digitized information is sampled and input to the merged
data stream at eight times per frame. The IRIG Parallel BCD 1 time is converted to a
binary count by the Serial Output card and Microsecond Time is generated and
synchronized with the input time. This card produces the High Order IRIG Time(HOIT),
Low Order IRIG Time (LOIT), and Microsecond Time words (uSEQ which are used on
the Serial Outputand sent to the Receiver Cards.

The Serial Output card builds a frame of 256 words (including the Frame Sync Pattern).
Each frame is time tagged with HOIT, LOIT and uSEC time. As the frame is built, time,
data and the digitized analog words are inserted into the frame. The frame is output as a



continuous NRZ-L serial PCM stream. When there is no data available to be merged, the
Serial Output card inserts Fill words in order to maintain a continuous output rate.

1553 GROUND PROCESSING STATION

The 1553 GPS (see Figure 3) processes either split stream 1553 data recorded on an IRIG
standard instrumentation tape or composite 1553 data from the telemetry link. Each stream
is processed first by bit synchronizers, which achieve synchronization of the data in the
presence of noise and other perturbations. They reconstruct square-sided NRZ-L signals
with zero degree clocks.

These NRZ signals and clocks are input to Frame Synchronizers. The frame synchronizers
perform frame synchronization, recreating the original 24 bit created by the EMR 5500.
The type of words include; command, status, data, error, time, response time, discrete,
digitized voice, buffer overflow status, and fill words. The frame synchronizers route the
1553 words to a 1553 Decoder.

The 1553 Decoder is a FWSI DPU (see below) with processing algorithms developed for
processing the IRIG format. The Decoder merges the split 1553 data streams, deletes fill
words, decodes 1553 messages, and checks for errors. The composite 1553 data stream is
handled in the same fashion as the split streams. In this case the 1553 Decoder separates
the merged 1553 words as it receives them. Each stream is decoded, checked, and
assigned indexing information used by the Data Mapping Module before being sent to the
Data Mapping Module.

The Data Mapping Module performs data selection and system routing. Data words may
be routed to multiple locations or routed multiple times with a unique command ID for
each transfer. The Data Mapping Module assigns tags to data words and deletes any
undesired or unprogrammed words.

The Distributed Processing Units (DPU’s) process each data word according to its own
algorithm processing chain. The DPU’s perform such processing functions as data
compression, word formatting, engineering units conversion, alarms checking, and DAC
scaling. The DPU’s output the selected processed data to the computer resident Current
Value Table (CVT) memory for use by the Quick Look Displays. Processed data is also
sent to the computer DMA interface for archiving data on disk for analysis. Selected data
may be output to a DAC/Discrete unit for driving strip charts and display panels.

The Host Computer provides setup and control of all Ground Station equipment. Setup
information is stored in a central data base. This data base is accessed by the setup
software, display software and analysis software. The user gives each parameter to be



processed and all parameters derived from other parameters, an alphanumeric parameter
name. Once a parameter has been defined, it can be accessed using the parameter name.
Multiple formats may be defined and stored on the host computer. This allows for multiple
test formats to be stored.

Conclusions

The MIL-STD-1553 Processing System has been designed to conform completely with the
new IRIG MIL-STD-1553 100% ACQUISITION STANDARD. Standard IRIG PCM
equipment is used. Other data such as PCM streams and high speed parallel data,
additional busses such as PAVETACK, SRAM, and ARINC 429 may be merged into the
composite stream for later analysis. The system software minimizes end user tasks for
setup, display and analysis, and maximizes concentration on the test missions. In short, a
complete processing solution, with flight test data acquisition, real time data monitoring
and post mission data analysis, exists today.
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FIGURE 2  1553 AIRBORNE ACQUISITION SYSTEM DATA FLOW
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ABSTRACT

The amount of information necessary for a computer to setup and process data through a
telemetry system is increasing rapidly, The complexity and number of telemetry formats
often requires a variety of front-end setups to be kept in the computer. Also, as hardware
preprocessors become more common, there is a need to maintain in the computer all
information used to direct real-time processing of individual parameters. The need for
storage of those setups and parameter definitions, and rapid retrieval of this information,
has led to the use of databases in well-designed telemetry systems.

INTRODUCTION

One requirement for proper use of databases is the optimum division of information into
separate modules. This permits modules of one system database to change and not result in
modification of the data contained in other modules of the database. Another requirement,
and possibly the most difficult problem to solve, is to create a man/machine interface
capable of presenting database setup information to the operator in a usable format. This
interface must give the user the ability to configure all resources in the system while not
being overpowered with endless options.

Experience has shown that division of the information in three separate areas is best. These
three databases are;

! Parameter related or format internal definitions
! Stream related of format external definitions
! Telemetry system configuration.

This paper will focus on the first of these three databases, the parameter database.



PARAMETER DATABASE

Definition

The parameter database provides a standard location and format for the storage of
information specific to each attribute being measured by the telemetry system. The items
being measured, such as vibration, or velocity, are referred to as “parameters”. The
database, while it does not contain actual measured values for these parameters, contains
the information which other system software needs in order to store actual values and
convert them for display and analysis. Parameters received in all streams of the system
may be defined in one database. Alternately, separate database files can be maintained to
distinguish a telemetry stream (PCM, FM, PAM), or group of streams, from each other.

Storage Format

The parameter database is a set of three types of files containing fixed length records. The
first file type is a key file. These files contain primary parameter file record numbers
grouped by the various key values that have been used. The second file type is the primary
parameter data file. The database primary file contains information which is required for
all parameters being defined. This includes parameter name, parameter type, position and
length in the telemetry format, engineering unit name, etc. The third file is the secondary
parameter data file. The database secondary file contains real-time data processing
information in the form of algorithm sequences and arguments. There can be multiple sets
of secondary records, each set define a processing path. A processing path is a sequence of
algorithms and algorithm arguments that define the operations needed to support any
processed output (i.e. archived data, display data or DAC/strip chart data).

The primary and secondary file construct is used to utilize file space efficiently since the
amount of data used to define a parameter can vary greatly. The database storage format is
based on this series of files containing fixed length records. The key files have very short
record structures thereby allowing for very rapid access and small storage size. The
primary and secondary files contain larger records but they are still fixed length. In the
primary file there is one record per parameter, while the secondary file contains as many
records as necessary to contain all of the required information.

Information typically stored in the parameter database includes parameter name, parameter
type, stream type, engineering unit conversion constants, and preprocessing algorithm
specifications. The data is organized by a predefined format, called a schema. Refer to
Figure 1 for the representation of the interaction of these three file types.



PARAMETER DATABASE ACCESS

User applications will extract all the information needed about a particular parameter from
the parameter database. The particular piece of information needed will define whether the
application has to access the secondary data or if the information at the primary level will
be sufficient. Typically, host computer based operations, data display and report
generation, will need only primary information. Secondary information is needed for setup
and configuration of the preprocessing hardware and real-time software.

All user applications must start their database access with a call to an initialization routine.
This will open the necessary files and setup data structures common to the entire system
and private to the user application. The first call the application makes for data will be a
parameter access routine. The application will supply as many of the key values as needed
to uniquely identify the requested parameter or group of parameters. Each record in the
database contains key fields. The following are examples of possible key fields;

! Stream Name (PCM, FM, PAM, etc.)
! Parameter Name (16 characters alphanumeric)
! Parameter Type (analog, digital, discrete, time)

Each record in the key files contain key field values of a particular parameter and the
record number in the database primary file where that parameter’s primary information is
stored. Indexing into the key files is done by using a hashing function. A hashing function
uses some attribute of the key and produces a numerical value. This value is record
number of an entry in the key file. This record number defines the beginning point and
limits the bound of the linear search for an exact match on the user specified key value.
The primary record file number associated with the matched keys is read from the primary
file and its contents returned to the calling application. The information returned includes
parameter name and type, stream name, engineering unit name plus a series of pointers
into the secondary file.

At this point the application has three different options for continuing database accesses.
The first is a new parameter access call. This will extract an entirely new parameter’s
primary record information based on the supplied key field values. The second option is a
next parameter access call. Assuming that not all of the available key field’s were
specified in the original access call, a next parameter call will return the primary record
information associated with the next parameter in the database that has the same key field
values. If the application had originally specified only a stream name, the returned
parameter would be the next parameter in that stream definition. If the application had
originally specified a stream name and a parameter type, the returned parameter would be
the next parameter of the specified type in that stream definition. The lost option is a



database access call that would produce a detailed processing definition for one of several
processing paths that parameter will take through the telemetry preprocessor. This
sequence of operations is shown in Figure 2.

PARAMETER DATABASE EDITOR

Menu Standards

In any man machine interface, three items must be present. First, the information must be
displayed in a concise and orderly fashion. Second, entries must be validated to the extent
possible when entered. Third, and possibly the most important, no piece of information
should be requested in more than one place and never defined in more than one way.

A data entry protocol needs to be established for the menus. An example of this protocol is
described in the following statements.

! The currently selected entry will be highlighted.
! The type of input required will be shown by a prompt on the bottom line of the

display.
! Operator input will be echoed following the prompt until the <CR> is entered.
! Invalid input will produce an error message on the bottom line of the display. The

message will remain until acknowledged by pressing the <CR>.
! The “DELETE” key will backspace to permit the correction of typing errors.
! The “ARROW” keys will select the next entry in the indicated direction.
! Vertical “ARROW” key movement “wraps-around” between the top entry and the

bottom entry.
! Horizontal “ARROW” key movement “wraps-around” and also moves up or down

to the next row of entries.
! The “RIGHT-ARROW” moves down the screen when it “wraps-around” while the

“LEFT-ARROW” moves up.
! The “CONTROL” keys may direct system actions as indicated below.

C P - Print screen
C U - Cancel current operation
C D - Delete current parameter
C R - Return to previous menu
C Z - Terminate current operation



Man/Machine interface

The operator communications are accomplished via interactive menus which run on a
terminal or work station. Examples of these menus are shown in Figures 3 through 5.
Options are provided to create, edit or delete parameter definitions. It should be noted that
once a parameter has been edited and saved that the previous definition data is gone
(overwritten by the new definition data). In addition, due to the possible combinations that
the telemetry frontend equipment can be adapted to, the editor may not be able to perform
adequate cross checking on the parameter definitions. It is the users responsibility to
ensure the correlation of all the parameters with themselves and with the intended system
configuration that the defined stream is to be run on.

The database editor uses operator input and the menus as the principal means by which a
user may interact with the parameter database system. Standard menu techniques are used
to manipulate the screens, with the addition of a virtual page feature. This virtual page
feature will allow inspection and editing of data sets which are too large to fit on a screen
all at once.

The virtual page menu screen will contain a “window” through which a fixed number of
lines of parameter information may be inspected or edited. The operator will be able to
scroll up or down through the lines, by either one line at a time or a specified number of
lines in either direction. This type of display will allow the user to view or edit large
amounts of parameter information on one menu screen, instead of on several different
screens, thus avoiding any confusion that might be associated with using multiple screens
to display parameter information which is related.

Error messages are displayed at the bottom of the screen in the prompt field. These
messages must be acknowledged by a carriage return before editing may continue. The
error messages are also preceded by a mnemonic which denotes the source and number of
the error. For instance, DB09 might represent an over limit validity check within the
parameter database editor.

An editor is used to create and maintain the parameter database. The user starts this editing
or creation processing by specifying the key file values for the desired parameter. If a
parameter with these keys exist the session is assumed to be an edit session. If there is no
direct match of the key values, a new parameter is created with the supplied key values.
This is accomplished by using the menu screen shown in Figure 3. The operator
acknowledges that the correct values have been entered by entering a “GO” command
(CTRL G). This sends him to the parameter identification, output and process selection
screen shown in Figure 4.



The parameter identification, output and process selection screen is split into four separate
sections. The top section repeats the parameter identification information entered on the
previous screen. The bottom section is set aside for entering miscellaneous information.
The center left section defines the source of the data. The center right section defines the
uses of the data.

The miscellaneous information is normally information needed by the host computer for
the purposes of data display and report generation. The section defining the source of the
data will change based on the system configuration. If the source of the data is a frame
synchronizer, a data tagger or a MIL-1553 bus the prompts will change and request
different pieces of Information. The uses of the data are again dependent on the system
configuration. Typical data usages are archive storage, data displays and DAC/strip charts.
These all have different data processing requirements and require different processing
algorithm sequences. All information to this point has been at the key file and primary
database file level.

Taking the scenario one step further is show in Figure 5 the processing path setup screen.
This screen shows the parameter identification information entered on the fist screen as
well as the sequence of algorithms that will transform the input data to the desired output
format. Definition of the arguments for each algorithm makes the execution of that
algorithm unique for the this parameter.

CONCLUSION

During the 1990’s, the use of databases in telemetry systems will become common place.
There will be two areas that will become of great interest to the managers and users of
these database oriented systems. First, the ability of the system to accept and maintain the
database information. Second, the ability to transfer the database information from one
vendors equipment to another.

The method for presenting the information will be selected without regard for the
underlying system architecture. Many operators will want a mouse and a graphical
interface while many others will prefer arrow keys and text entry. Man machine interfaces
currently being utilized in the personal computer market will soon become a part of the
telemetry community. Operator interfaces will vary between vendors and selection will be
made by personal preference.

The transfer of information between different vendors equipment will be a much more
difficult problem to solve. It will require the participation of a governing body such as ISA
or the IRIG.



Figure 1:  Parameter Database File Structure



Figure 2:  Parameter Database File Access

Figure 3: Parameter Selection Screen



Figure 4.  Parameter Identification, Output
and Process Selection Screen

Figure 5:  Processing Path Setup Screen
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ABSTRACT

This paper presents a general overview concerning McDonnell Douglas Helicopter
Company’s experience with the recording of Mil-Std-1553A/B MUX Bus traffic. There
are several interesting aspects to this general overview. Included in this paper is a
historical development review, a chronological development outline, general methodology
involved, past and present application details, and speculation about future application
possibilities.

The historical background of the Company’s 1553 MUX Bus recording efforts are traced
— from our earliest involvement up to our current status. Several significant developments
have led up to, and contributed to, the present level of experience with 1553 MUX Bus
recording technology. A chronological list of important related events is also presented to
complement this historical review (See Appendix A).

Examples of McDonnell Douglas’ applications of 1553 MUX bus recording are
highlighted. Several examples are discussed from different related projects. A general
overview is presented with regard to methods used by the Company to record 1553 MUX
bus traffic. Several projects undertaken have involved new hardware/software
development as a result of 1553 MUX bus recording efforts. Mention is also made of the
Programmable MUX Bus Monitor — one of the most recent applications of this
technology by McDonnell Douglas Helicopter Company.

Rounding out this paper is some speculation about the future use considerations for this
technology. The Company’s experience with 1553 MUX bus recording was initially
developed as a result of association with the Higher Harmonic Control aircraft and the
AH-64 Apache Helicopter programs. However, once some of the basic techniques were
established, and the technology was refined and improved, expansion into other unrelated
or indirectly related (to the Apache) project types occurred.



INTRODUCTION

McDonnell Douglas Helicopter Company explored the possibilities for recording the
Mil-Std-1553 Multiplex Bus (or MUX Bus) during the early development phases of the
AH-64 Apache helicopter program. It was clear that the extraction of data from the bus
would be of great value for system development and would provide a source of data
without effecting any given subsystem via installation of special “direct” instrumentation.
As a result of this persistent exploration, a method was devised to successfully use the
MUX bus as a source of data. The particular techniques and capabilities associated with
this accomplishment have passed through several stages of evolution to reach their current
status. The results of these efforts represent an extremely important part of our current data
acquisition capability and are viewed as important for future systems development.

During the mid-1970’s, MUX bus users were increasingly interested in monitoring the
1553 bus traffic and in using predetermined subsets of the traffic as “data”. At the time
there were a great many MUX bus users and a consequent large number of varying
approaches to resolving the problem of extracting MUX bus data. The results derived from
the early trials were largely unsuccessful and could typically be categorized in one of two
ways, either no data was obtained or the extracted data would not match the desired data,
as determined by preselection. These failed attempts led to some rethinking and new
approaches. During this period, the focus of the investigative measures turned towards
recording of the MUX bus in its entirety, on board the aircraft.

MUX data recorded on the aircraft was removed for postflight reduction for information
that might be helpful for troubleshooting or system operational compliance. This method
created mountains of data and a potential for data requestor abuse. To alleviate this
problem a selected number of parameters were paralleled to the aircraft data stream using
the Fire Control Computer programming. This method provided data but was limited by
the number of parameters that could be processed and by the software changes constantly
required. The failures and shortcomings led to the development of special units needed to
satisfy the goals of MUX bus recording. Several generations of MUX encoding and
decoding devices have been developed over the years at McDonnell Douglas with the
latest generations including programmable capabilities.

DISCUSSION

The 1553 multiplex system on the AH-64 Apache helicopters utilizes a primary and a
secondary bus with Manchester Coded information alternating between the two at a
1 MHz frequency. Message transmission sequences on the bus consist of three different
types of 20-bit words. These are: Command, Status, and Data words (See Figure 1). Data
words of course, contain information of interest. However, the Command and Status words



are of equal importance since they serve to describe the nature and direction of the data
being transmitted. It is therefore essential to look at the entire bus. Synchronization is
accomplished by using the first three bits of each word. The data words are distinguished
from Command or Status words by generating the Data word synchronization bits 180
degrees out of phase from the Status or Command word synchronization bits (See
Figure 2).

A certain sense of history has now been generated from the continuous efforts at recording
and using the information from the MUX bus. Each of the stages of evolution has provided
satisfying results along with a page of the Company’s history. Developmental
improvements have been a result of refinements in MUX bus recording and reduction
methods. These refinements were at times natural, evolutionary advancements stemming
from new insight and desire to make improvements. At other times the refinements were a
result of necessity, driven by the design requirements of new projects. The improvements
in techniques and capabilities led naturally to an expansion in the number of possible ways
to apply the technology. The technology for recording and using the MUX bus data
became applicable on an expanding variety of projects.

Development

In 1978, the requirement to record the 1553A Multiplex data bus was established. There
were several meetings and discussions to weigh the advantages and disadvantages of
possible techniques for recording the bus traffic. As a result of these meetings four viable
possibilities emerged:

1) Recording of selected parameters from the MUX bus utilizing an off-the-shelf PCM
system;

2) Recording the complete MUX bus utilizing an existing video recorder;

3) Programming of the Fire Control Computer to output selected digital and/or analog
signals to be conditioned and input into an existing onboard PCM system;

4) Recording of the complete MUX bus using the existing onboard data acquisition
recorder (Ampex AR700).

What followed were detailed investigations to determine which, if any, of these methods
would satisfy the data collection requirements on the AH-64 program.

Top priority was given to the first method as it was initially believed to be the most
promising of the four options. Basically, the method consisted of decoding selected



parameters from the bus and encoding these into PCM format. During this same time
frame there were other companies in pursuit of similiar goals. In particular the use of the
Base 10 PCM system was explored. Extensive research revealed that certain technical
obstacles and expenses would eliminate this as a viable option. In addition, research
revealed that this method would be limited by the number of parameters that could be
monitored with the Base 10 system and that this limited number would not satisfy future
needs. Thus this option was eliminated due to difficulties, expense and insufficient
capacity.

The next phase of investigation involved the use of a video recorder. Several attempts
were made to record the MUX bus onto a video recorder cassette and then to play back
the MUX signal from the cassette. Early attempts at testing seemed to yield promising
results. However, after repeated attempts it became clear that this option was not feasible.
The blanking caused by the two rotating heads could not be tolerated. The output signals
from each head and synchronization on the MUX serial bus could not be merged to yield a
satisfactory result. This eliminated the video recorder method from contention.

The third method, programming the Fire Control Computer to output selected MUX bus
parameters, was previously mentioned. Relatively simple to implement, the techniques
were successfully developed and did provide a limited selection of data for the then current
Apache flight test program. This method created what was then known as the
MUX/MRTU/PCM list of parameters. There were two major drawbacks to using this
method. The first drawback was insufficient parameter capacity. Only a limited number of
parameters from the bus could be monitored during testing. The second problem was
cumbersome handling. Flight test data requirements varied so widely and so frequently that
it was necessary to continually update the Fire Control Computer software configuration.
This updating increased the potential for introducing error into the test program and was
not looked upon favorably, thus making it essential to limit the number and types of
changes. This method was not then considered for future expansion.

The fourth method was also used, that of recording the entire MUX bus onto the airborne
recorder (See Figure 3). This would allow in-depth analysis of any parameter on the bus.
Data Link Terminal Units (DLTU’s) were added to terminate the MUX bus into the
AR700 recorder. The 1 MHz signals from the primary and secondary buses were input
into different tracks of the recorder, requiring a tape speed of 60 IPS. This allowed only
20 minutes of record time and produced a limited amount of success. Problems
encountered included numerous data dropouts, signal level changes and severe zero cross-
over problems. Recorder maintenance was very critical because of the high data rate. This
method appeared to hold promise when using a fresh, finely tuned recorder, but a few
hours of operation would result in increasing signal degradation.



Recording the entire bus returned promising results and seemed to offer a firm foundation
from which to expand. To support this method a MUX data encoder was designed to
interface between the MUX bus and the airborne Ampex AR700 tape recorder. The
encoder output 100% of the data from the primary and secondary buses for recording on
the data tape at a rate of 500 Khz per track. To reverse the process, a decoder was also
designed in order to remove the data from the tape and return it to its original state for data
processing at the ground station. This first generation (See Figure 4), although prototype in
nature, was used successfully on the Apache flight test program between 1980 and 1983.
These units being prototypes, were awkwardly packaged in rather large containers but did
provide a method for capturing 97 to 98 percent of all data traffic from both buses.

In response to design requirements associated with the Higher Harmonic Control (HHC)
program, the design for a second generation of MUX bus encoder/decoder (See Figure 5)
was necessary (especially for the airborne encoder portion). The improvement goals were
targeted at two major areas: 1) decrease or miniaturization of the units’ packaging design
and; 2) increase in the amount of recordable data traffic. The encoder and its supportive
power supply, which had previously been packaged separately, were consolidated together
into one smaller, lighter package (Ref. Table 1).

Testing with the second generation units produced a recording of 99.97 to 100% of the bus
traffic on two recording tracks at a 500 KBPS data rate per track and a recorder speed of
30 IPS. Three other hardware items were developed during this second generation: 1) the
MUX Data Validity Unit checks the output of valid data from the encoder during testing;
2) the MUX Percent Valid Data Unit checks the quality of taped data prior to its input to
the decoder and; 3) the MUX Word Generator simulates the MUX system data for bench
checking the encoder and/or decoder.

There was also a third generation of MUX Encoder/Decoder units developed for use on
the HHC program (See Figure 6). While the packaging envelope size remained essentially
unchanged, several internal changes were incorporated. It was intended that this generation
would be able to record 100% of the bus traffic on a single track of a standard wideband II
analog data recorder at 30 IPS. This was successfully exhibited. The other major
improvement derived from the development of this third Generation MUX encoder, was
the ability to transmit a single MUX data stream from the test specimen to a ground station
using a standard L-band transmitter. This third generation represented a major
breakthrough and led to a patent application (pending) by McDonnell Douglas Helicopter
Company.

Knowledge gained during the development and use of the MUX Encoders, Decoders and
their peripherals formed the basis for still further developments. These developments were,
in general, represented in three different ways:



1) Test Equipment - At many points in the development, McDonnell Douglas has
pioneered new directions for this technology and as a result been forced to invent much
of its own test equipment.

2) Applications - Several application-specific configurations were created for MUX bus
recording to fill requirements from different test programs both from within the
Company and for other companies. This will be discussed later in the paper.

3) Combinations - The MUX Encoder and Decoder were used in conjunction with other
pieces of test equipment as components of data acquisition or reduction systems.

Thus the work completed during the first three generations form the core of this technology
and have led to further advancements in the field.

APPLICATIONS

The creation of a core technology for recording and utilizing MUX bus traffic led to the
ability to apply this technology in an ever increasing number of ways. It was natural that
the developed encoding and decoding units would be used on the company’s own
helicopter programs. The units were used to gather data in support of the different phases
of AH-64 Apache flight testing, both prototype and production. The units have also been
used on the OH-6 helicopter in support of the HHC program, as previously mentioned.
Outside customers, learning of the progress at McDonnell Douglas, began inquiring about
the availability of this technology. These inquiries led to many unique application
opportunities.

One of the first of these opportunities to apply this technology occurred when the U.S.
Army at Fort Hunter Liggett approached the Company about applying its expertise on the
troubled Sgt. York program. As part of the process of evaluating the performance of the
Sgt. York vehicle and its subsystems, the Army needed to record and retrieve data from
the onboard 1553 MUX bus. To satisfy the Army’s requirements, a third generation MUX
Encoder was installed to record the bus in its entirety for post-test reduction. McDonnell
Douglas Helicopter Company also developed a “Smart MUX Unit Interface box” which
monitored the bus and extracted selected parameters for downlinking to a ground station
during real-time casualty assessment testing (See Figure 7).

As the casualty assessment testing associated with the Sgt. York program expanded, the
Army at Fort Hunter Liggett increased its data acquisition requirements. Due to the
accumulated experience with earlier testing which employed MUX recording, especially
with the Apache, the Company was requested to provide Apache MUX bus to ground
station uplink/downlink communication capability for real-time testing. To accomplish this



task, McDonnell Douglas developed the “Smart MUX Unit Interface” box (See Figure 8).
This unit monitored the MUX Remote Terminal Unit (MRTU) instead of monitoring the
bus directly. This not only allowed data to be downlinked to the ground station for real-
time use, but also allowed casualty data to be uplinked from the ground station to the
aircraft MUX bus. Uplinked casualty data was subsequently displayed on the Optical
Relay Tube (ORT) in the Apache’s cockpit.

The “Smart” units created for the Army’s casualty assessment testing at Fort Hunter
Liggett were the forerunners in the development of the Programmable Bus Monitor
(PBM). The PBM was created in response to Army requests for support of AHIP OT II
testing at Fort Hunter Liggett. It was installed and used on both the AH-64 and OH-58
helicopters during testing. The PBM is a stand-alone, compact airborne data acquisition
device which interfaces with any Mil-Std-1553 data bus. It provides user selected MUX
bus data which is output to either parallel or serial ports. A stand alone peripheral
simultaneously developed for use with the PBM is the Programmable Bus Monitor
Programmer (PBMP). This unit connects to the PBM and allows the user to select bus data
and assign this data to the PBM output ports. The PBMP is then disconnected and the
PBM is ready for use (See Figure 9).

McDonnell Douglas designed and built a quick reaction instrumentation “pod” or “tank”
from an existing external, helicopter auxiliary fuel tank (See Figure 10). A complete data
acquisition package was assembled for quick response to spontaneous or unusual Apache
testing. The package included a third generation MUX encoder as one of its constituent
components. This data acquisition package has the capability of recording 100% of the
MUX bus traffic on a single track at 30 IPS, or of transmitting MUX data directly to the
ground station. The requirements for this data acquisition system led to yet another MUX-
related peripheral unit. This was known as the MUX Data Bus Reader. It was designed to
scan the bus for transmitter and recorder ON/OFF commands and to relay the command
messages to the control interface.

DATA REDUCTION

The majority of the text has thus far focused upon data acquisition and the MUX encoder.
Recorded MUX data is, however, of little use if it is not reducible. The MUX decoder was
developed in conjunction with the MUX encoder development in order to insure that the
process of encoding the MUX traffic was reversible and, therefore, usable. Figure 11
depicts two different methods for MUX data reduction. On the Apache program,
successful recording of the MUX traffic and the subsequent ability to reduce this data
meant that approximately 3500 parameters were available for postflight analysis. The
increase in opportunities for the Company to record MUX data for outside customers, led 



to a corresponding increase in opportunities for MUX data reduction. The field of MUX
data reduction presented its own opportunities for expansion and improvement.

At the request of the U.S. Army at Fort Bliss, Texas, McDonnell Douglas participated in
the candidate vehicle competition for the Pedestal Mounted Stinger (PMS) program. In
addition to serving in an instrumentation advisory capacity, the Company also provided
other tangible instrumentation services. A MUX encoder was installed on the candidate
vehicle which used a 1553 MUX bus. The remainder of the candidate vehicles used either
ARINC-419 or RS-232. During data reduction efforts, the Company’s MUX decoder was
used directly or after conversion occurred (RS-232 to 1553 or ARINC-419 to 1553). This
data conversion, required the building of another peripheral unit. Most significantly, the
PMS program allowed McDonnell Douglas the opportunity to develop a data reduction
ground station using the MUX decoder and off-the-shelf equipment (e.g., SSA-100 Serial
Bus Analyzer). This ground station (See Figure 12) was used to develop a nine-track
digital face composed of selected MUX parameters taken from the analog recording of the
entire bus traffic. This nine-track digital tape was then ready for mainframe analysis.

METHODS

The MUX encoder and decoder have, over the years of development, passed through three
different generations (See Figures 4, 5 & 6). The first generation represented an
improvement to the technology available at the time. Each following generation of the
Company’s MUX encoders and decoders made improvements to the previous, superceded
generations. The changes which occurred from generation to generation included but were
not limited to mere packaging improvements. While the need to record and use MUX bus
traffic has remained and the practice has retained its importance, the techniques for
accomplishing these goals have changed and improved considerably.

The first generation MUX encoder was known as a “flip-flop buffer box”, a name derived
from the technique applied for encoding the bus traffic. Signals from the primary and
secondary buses were first shaped and merged through an “OR” gate. This was possible
since the data traveling through the system alternated between the primary and secondary
buses. The single stream of data was fed into two serial to parallel converters where the
data was converted from 20-bit Manchester coded words to 40-bit NRZ-L words. In the
presence of controlled timing, these 40-bit words were passed through parallel to serial
converters. These were then changed in a bi-phase converter into two sets of 20-bit, bi-
phase output for recording onto two separate tracks of the data tape recorder.

The second generation of MUX encoder included considerable hardware and functional
improvements over the first generation. Again, the alternating input signals from the
primary and secondary buses were shaped and merged through an OR gate into a single,



one megabit per second data stream. A Harris HI-15530 decoder was used in place of the
many discrete chips used in the first generation MUX encoder. The combined data stream
was fed into this Harris chip and converted to an NRZ-L data stream. This data was input
to a serial to parallel converter and emerged as 16-bit data.

The data was then input to parallel to serial converters in the presence of a unique set of
clocking devices. At this point there were two 500 KBPS, 16-bit NRZ-L data streams
which were converted to 20-bit Manchester coded information using the Harris chip, the
clocking devices, and a synch and parity-bit generator. This resulted in the recording of
100% of the bus traffic at 1 MBPS with a 30 IPS tape recorder speed.

The front end portion of the third generation MUX encoder was nearly identical to that of
the second generation. Shaping and merging the data from the two buses into a single data
stream was still a necessity. The similiarities basically end there. Using a company
proprietary, unique combination of encoding and data compression techniques, the data
emerges as a single data stream at a 500 KHz data rate. With this third generation MUX
encoder (U.S. Patent Pending), 100% of the MUX bus traffic is now recordable on a single
track at 30 IPS on a standard wideband II recorder. In addition, it should be noted that by
using a Data Tape recorder with double-density heads, 100% of the MUX bus traffic may
be captured on a single track while recording at 15 IPS.

CONCLUSIONS

McDonnell Douglas developed these MUX encoding and decoding techniques in response
to some “direction” to satisfy internal needs for using data from the 1553 data bus. A look
at the aerospace industry in the mid to late 1970’s found the Mil-Std-1553 bus in use,
mostly on fixed wing programs. The technology for recording and using bus traffic existed,
but was not generally available to satisfy the requirements of the Company and its Apache
helicopter - the first helicopter to utilize the 1553 MUX bus. This prompted Company
engineers to develop the techniques and hardware to satisfy the requirements unique to the
Apache program. After several years of experience and innovations, McDonnell Douglas
emerged with state-of-the-art ideas and found itself at the forefront of MUX recording
technology. This created the opportunity for the Company to expand into other areas.
McDonnell Douglas Helicopter Company has applied its knowledge not only to rotary
wing projects, but to ground and fixed wing areas as well.

A synopsis of McDonnell Douglas’ past and current status in the field of MUX bus
recording has been presented. Several past and recent applications were cited. The future
undoubtedly holds unlimited possibilities for using MUX bus traffic in one way or another.
MUX bus traffic will certainly continue to be an important source of test and evaluation
data. The hardware and software techniques will certainly increase in sophistication,



allowing for greater usage flexibility and capacity. McDonnell Douglas is currently
working on programs or considering areas which have considerable implications for the
future. These include MUX bus traffic and its relationship to:

1) Fly by Wire Technology

2) Artificial Intelligence

3) Unmanned Vehicle Development

4) Remote communications with onboard systems during testing and fielded operations

5) Enhanced diagnostics for maintenance of fielded air and ground vehicles.

PHYSICAL DIMENSIONS

ENCODER Length Width Height Weight
MODEL (in.) (in.) (in.) (lbs.)

Generation 1 10.75 6.5  3.25
Encoder 10.0 6.5 5.0

----------------- ---------- ---------- ---------- 14.4
Powcr Supply

Generation 2 4.0 3.0 2.68 1.6

Generation 3 4.15 3.15 3.5 1.6

TABLE 1 — Encoder Evolution - Physical Dimensions



Figure 1 — MUX Bus Word Formats

Figure 2 — MUX Bus Word Synch,, By Word Type



Figure 3 — Direct Recording of 1553 MUX Bus

Figure 4 — 1st Generation Encoder



Figure 5 — 2nd Generation Encoder

Figure 6 — 3rd Generation Encoder



Figure 7 — Monitoring of Selected Parameters - Sgt. York

Figure 8 — Monitoring of Selected Parameters - AH-64



Figure 9. Programmable MUX Bus Monitor

Figure 10 — Quick Reaction Data Recording Pod



Figure 11 — Data Reduction Station / MDHC

Figure 12 — Special Projects Data Reduction Station



APPENDIX A

— CHRONOLOGICAL DEVELOPMENT —
1553 MUX BUS RECORDING/REDUCTION

1978— • Determined the requirement to record 1553 MUX bus
( Early 1978)

• Developed approaches to recording 1553 MUX bus
(Late 1978)

1979— • Recorded 1553 MUX bus from a DLTU on two tracks of a standard IRIG
wideband II analog tape recorder utilizing adirect-record amplifier

• Developed first generation MUX Encoder and Decoder that allowed the
complete MUX bus to be recorded on two tracks of a standard IRIG
wideband II  analog tape recorder — this ping-pong method of MUX bus   
recording with the first generation encoder/decoder was used from 1980
— 1983

1983— • Developed a second generation encoder and decoder for the HHC
program which allowed the MUX bus to be recorded on two tracks of a
standard IRIG wideband II analog tape recorder at 30 IPS.

• Developed a third generation encoder and decoder to record the complete
MUX bus on a single track of a standard IRIG wideband II analog tape
recorder at 30 IPS.

• The third generation encoder allowed the single MUX data stream to be
transmitted on a standard L-Band transmitter.

1984— • Developed the Smart MUX Unit Interface box for the Sgt. York

• Used a third generation encoder on the Sgt. York

1985— • Developed a Smart MUX Unit Terminal box to be used on the AH-64 for
uplink and downlink of MUX bus data.

1986— • Developed the Programmable Bus Monitor to capture selected words or
bits from the MUX bus to support Real-time Casualty Assessment on the
AH-64 and the OH-58 helicopters at Fort Hunter Liggett.



1987— • Used the third generation MUX encoder on LTV candidate during
Pedestal Mounted Stinger (PMS) testing at Fort Bliss.

• Developed an RS-232 to 1553 encoder to allow recording of the RS-232
bus on the Boeing PMS candidate.

• Developed an ARINC-419 to 1553 encoder to allow recording of the
ARINC-419 data bus on the General Dynamics PMS candidate.

• Utilized a modified third generation encoder/decoder on LTV’s Line of
Sight - Forward - Heavy candidate during FAADS testing.

• Recorded 100% of 1553 MUX bus traffic using our third generation MUX
encoder on a MARS 1400 Data Tape recorder with double-density heads
at 15 IPS.
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ABSTRACT

A new family of recording devices has emerged which are user-friendly, 19mm cartridge-
based use a MIL-STD format, and are capable of high transfer rates for diverse
applications.

INTRODUCTION

Since 1985 a bold new adaptation of recording technology has emerged with 30 times the
storage capacity of most digital longitudinal recorders, to meet a broad range of user
requirements. Not since the early days of the IRIG (Inter-Range Instrumentation Group)
has there been such focus on establishing an on-tape data format which assures
information interchange among users as well as nonproprietary avaialability to all
manufacturers.

STANDARDS

The new format is based on a 19mm tape cartridge originally designed by the SMPTE
(Society of Motion Picture and Television Engineers) subgroup of the ANSI (American
National Standards Institute) for its broadcast D-1 standard for digital video recording. The
activity surrounding the establishment of this standard included demonstration of the
technology, development of hardware by several manufacturers, crossplay testing and the
development of tape and cartridges specifically to support the required level of quality and
data interchange.

Instrumentation users have been quick to recognize both technical and economic potential
of this new high quality format and have begun to set standards for their use. Most notably
the U.S. Department of Defense started early in 1985 to formulate its needs and evaluate
what changes, if any, were necessary to adapt the D-1 format to accept arbitrary forms of



data without pre-specifying any company’s techniques. The intense industry-government
discussion and analysis process resulted in MIL-STD-2179(AS) on 30 January 1987 and
its supercedent MIL-STD-2179A  on 24 December 1987, targeted at but not limited to a(1)

user rate of 480 Megabits per second.

TABLE I.  Minimum tape length and nominal play time
at 240m bits/s user rate).

Cassette Tape Tape Play
Thickness Length Time

(micrometers) (meters) (minutes)

Small 16 190 8
13 225 9

Medium 16 587 24
13 708 24

Large 16 1311 55
13 1622 68

In 1986, another subgroup of ANSI, X3B6, started an independent effort to establish an
industry-based 19mm standard known today as draft ID-1. Over the past several years the
ANSI draft and the MIL-STD have come close to being a unified document but are not in
fact interchangeable, primarily because the MIL-STD’s are contractual documents no
longer at liberty to change without financial penalty to the users. Nonetheless, these
documents fully specify the on-tape format (Figures 1, 2, and 3), the maximum storage
capacity (Table 1), tape characteristics and overall system nominal figure of merit.

CRITICAL PARAMETERS

In developing an instrumentation variant of the digital video standard the key element that
has been held immutable is the head to tape technology. This has resulted in a marked
similarity of the magnetic patterns on tape. Figure 4 is helpful in understanding the
conceptual flow of signals in a generic recording system. Specifically the trace angle, trace
length, trace width and spacing as well as longitudinal track geometries are identical. The
flux density is virtually identical. All of these factors give the instrumentation community
the benefit of low introductory risk despite the innovation of a new format. Nonetheless
certain significant changes in encoding and mapping were necessary since the original D-1
format was conceived with the data being video imagery, the human eye being the
analyzer, and error concealment being an acceptable practice. The resultant format has a
recording channel code of 8,9 NRZI-1 to immunize the system from unacceptable d-c
content regardless of the patterns contained in the inputdata streams and a Reed-Solomon



error detection and correction system with byte-wide segment interleaving to correct for
random bit drop-outs as well as greater than 2K byte burst drop-outs.

FUNCTIONAL CAPABILITIES

The 19mm instrumentation data recorder which meets MIL-STD-2179A can record a
variety of user data rates from the very low, e.g. under 1 Megabit per second, to the very
high, e.g. over 400 Megabits per second, all on the same on-tape format. This versatility
may be found in a single recording device or may be spread across a family of devices
which have been optimized for ranges of rates, package considerations and cost. In any
case the broad range of rate flexibility allows for time-compression or expansion as with
longitudinal recorders but accomplished with the additional consideration given to keeping
the scanner tracking angle in step with the traces on tape. Suffice it to say that there are
several architectures put forth to accomplish compatible on-tape 19mm recordings which
use different numbers of head, data channels, scanner diameters and rotational rates to
achieve the same user data throughput. Each of these need to be evaluated by the user for
performance, margin, head-wear, life-cycle and acquisition cost.

Included in the format are provisions for three longitudinal tracks; one reserved for sync
reference and two for user specified functions such as voice, time code and annotation.
Some systems have begun to utilize these tracks by combining time code as a digital word
with computer or host-system supplied digital data on one track and voice on the other.

Other systems which have no preference for voice have put time code on one track and
computer data on the other. So far there is no universal convention on the use of these two
tracks but there are attempts by segments of users to establish network wide agreements or
standards to facilitate automated data interchange. We need to pass over this area, in order
to appreciate the potency of the elements in the format for ancillary functions such as
search, sequencing and synchronization. Although individual manufacturers may
implement their hardware differently there should be no need for additional overhead in the
format to accomplish the ancillary functions since swipes are identifiable and spare data
bits are available to the user in the preambles to lock tapes together as appropriate. The
modern 19mm recorder/reproducer should therefore be able to search to a footage, a time
marker, a user-specified event marker, and a data block (swipe) without the need for
external search equipment since the necessary keys are contained in the format or are
intrisic to conventional hardware.

One area so vital to a system’s use and implementation that is also not universally defined
is that of interfaces. Fundamentally, these are not universally defined for today’s systems.
Therefore, the hardware can be expected to accommodate serial, 8 bit, 16 bit or wider data
interfaces, a computer interface, e.g. MIL-STD-1553B or SCSI, voice/time-code, as well
as control and diagnostic ports in RS-422, for example. The main point here is that the on-



tape data format does not change with respect to system interface preferences thereby
assuring broad network data interchange.

APPLICATIONS

Having stated the previous we should now address classes of data applications to
understand the applicability of this new format. Typically data falls into several categories
which have distinguishing characteristics which in the past have presented challenges to
recording devices. These can be expressed as digital data coming from signal sources
including imaging and non-imaging, single or multiplexed, asynchronous or time-coherent,
and as coming form computer of host-system sources. The use of completely digital
recording will allow for all classes of signal source within the data rate limits, however if
the data is a burst some provision for capturing the data during the start-up of the recorder
needs to be made. This is a classical problem with recorders in general. Specifically
rotary-head devices often have a standby mode which allows the device to achieve its
maximum record rate in a few hundred milliseconds, thereby easing the potential burst-
mode solution. In the case of multiple asynchronous input data streams, significant input
and output buffering may have to be used if these are to be combined on the same recorder
and if the input time domain mapping is to be preserved. The last challenging class of data
is from computer or host-system sources. These data are typically non-redundant and often
require near perfect to perfect recovery. For this type of information additional safeguards
must be used such as redundant data recording, read-after-write triggered re-recording and
swipe-cluster interleaving to allow for and guarantee perfect recovery of data. In any event
this type of data fidelity will demand additional overhead one way or another even though
the basic on-tape format of swipes does not change. The management of swipes will
change, therefore the total amount of computer-like data stored will be less than that
allowed for other more fault tolerant classes of data.

CONCLUSION

In this brief perspective, we have seen that the new 19mm MIL-STD-2179A format can be
expected to satisfy recording and reproducing needs for a variety of data rates, modes of
operation, and types of data with on-tape compatibility. This will allow for a broad
industrial base to support the users and provide device versatility, i.e., minimize
obsolescence of purchased hardware, when used for a diverse range of applications.
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ABSTRACT

A detailed review of spaceborne magnetic tape recorder technology from the late 1970s to
the Space Station era is presented. Background information indicates the oft maligned
space tape recorder has continued to demonstrate improving reliability since the marginal
performances throughout the 1960s. Specifically, the SPOT recorder is reviewed in
technical detail to show evolution through LANDSAT 6 and 7 versions, JERS-1, and
finally the proposed ultimate version for Space Station/EOS. Enabling technologies include
active tape tracking, magnetic recording head advances, and extensive use of ASIC
devices to reduce the EEE piece part count. Suitability of the proposed Space Station/EOS
recorder technologies for even more advanced future applications are discussed with data
rates to 1 Gbps and storage capacities to 1 X 10  bits.12

BACKGROUND

The 1970s clearly demonstrated the viability of the magnetic tape recorder to provide
suitable life and reliability for a variety of space missions. Added to the ever present
concern for longevity was evidence that technology was available to achieve the higher
rates and data capacities driven mainly by imaging sensors such as those on earth resource
satellites.

The French space agency (CNES) needed a tape recorder to provide global coverage for
the SPOT satellite because there was no Tracking and Data Relay Satellite System
(TDRSS) like the United States LANDSAT 4 and 5 had assumed when they eliminated
on-board image storage. Odetics started studies and limited hardware demonstrations
under contract to CNES in 1979. Recorders were ordered for both SPOT 1 and 2
spacecraft in 1980, including necessary development and qualification testing. Recorders
were delivered by 1985, and the first SPOT satellite was launched with two recorders on
February 21, 1986. Unfortunately, one of the recorders suffered a random mechanical



failure on August 31, 1986, which has led to an extensive failure review board action
among CNES, JPL, and Odetics. The conclusion of the board was that an excessive drag
torque anomaly occurred within the capstan drive assembly that ultimately resulted in a
stalled condition. The specific failure could not be determined based on the limited
diagnostic telemetry data. However, a “most likely” scenario listed a bearing, floating
particle, or belt as possible causes. This first and unfortunate mechanical failure was taken
as an impetus to completely upgrade all process control and testing for the Kapton drive
belts. Other stringently controlled processes and tests were already being used for bearings
and loose particles so little improvement was possible in these areas.

Authorization to proceed on two additional recorders for the SPOT 3 spacecraft was given
on August 12, 1986. This seemed a clear acknowledgment that the high level French desire
to use a French tape recorder was premature for SPOT 3 and perhaps even questionable
for SPOT 4.

LANDSATs 6 and 7, coming after the operational problems with the TDRSS, are planning
to once again use tape recorders for on-board image storage.

A contract was issued in February 1986 to supply two recorders each for LANDSAT 6
and 7 spacecraft. Although the overall LANDSAT program has been in considerable
jeopardy from a funding standpoint, Odetics has been fortunate in having had a continuous
contract since the inception.

TECHNICAL EVOLUTION

The SPOT tape recorder represented several firsts for an image storage system to be used
on an earth resources satellite. An important first was longitudinal recording rather than
rotary head transverse recording as had been employed on recorders for LANDSATs 1, 2,
and 3. Related benefits of longitudinal versus rotary head include fixed heads and
elimination of high RPM scanners to achieve the necessary tape/head velocity for high
data rates. With benefits often come tradeoffs, and such was the case with longitudinal
versus transverse recording. The benefits of longitudinal recording were clear, even in light
of the historical mechanical failures attributed to space tape recorders that were flown in
the 1960s. The tradeoff in recording longitudinally comes from the increased electronic
component count. Whereas for a data rate of 15 Mbps such as was required for
LANDSATs 1, 2, and 3 the rate for SPOT satellites 1 and 2 was 50 Mbps and 85 Mbps
for LANDSATs 6 and 7. Longitudinal recording of digital data achieves its advantage over
rotary head recording by spreading the data across the width of the tape at proportionately
decreased data rates. That is, the assumed single channel input to the recorder is divided
into multiple data streams for recording by a shift register designated to the function of
serial to parallel conversion. This process, including other functions of format change,



error correction overhead and encoding for recording on tape, are all accomplished by the
record or write electronics. The reproduce or read electronics operate at first with low
level signals that are amplified, phase corrected and, finally, bandwidth limited leading to
digital signals that are then decoded, deskewed, and converted back from multiple parallel
data streams to a single output channel as was received for an input. Also accomplished in
the reproduce electronics is the removal of the error correction overhead for the purpose of
correcting all but the most severe tape caused burst errors. So powerful is the Reed-
Soloman error correction algorithm that a three order of magnitude improvement in
uncorrected versus corrected bit error rate is easily achieved. This results in essentially
error-free performance with carefully chosen design choices of track width, linear bit
packing density, and screened magnetic tape. This process of parallel channel signal
conditioning requires 38 data tracks in a 50 Mbps SPOT recorder but would have taken 15
or less for the earlier 15 Mbps LANDSAT recorders had they been designed with
longitudinal rather than rotary head recording.

The final embodiment of the 50 Mbps SPOT recorder involves 10,800 electronics parts,
2,900 of them being integrated circuits. Late in the 1970s when the SPOT recorder was
conceived, the only choice for space qualified digital electronics was to interconnect
discrete integrated circuits via solder connections or welded leads. Analog devices were
made somewhat more manageable and reliable by the use of hybrid thick or thin film
technology, but space qualified suppliers were and continue to be a challenge.

As SPOT recorders were fabricated, assembled, and tested, it became apparent to Odetics
as it has to competitors that a simplification in electronics should take a high priority in
future space recorder designs. Not only was this a pragmatic decision but also one of
looking at the recorder’s predicted failure rate as a result of all the electronics involved.

In retrospect and with thanks to a knowledgeable customer at the time, this tradeoff of
mechanical versus electronic reliability issue was foreseen and some carefully chosen
commandable redundancy was added. Since the major portion of the electronics is
involved with the channel related signal conditioning and not the power, servo, or control
functions, it was only logical to add spare channels of electronics. Electronic piece part or
head/tape track related degradation or failures can be overcome by channel substitution.
Determination of when a channel should be substituted is accomplished by noting down-
link diagnostic telemetry. An up-link command selects the defective channel for
substitution. The SPOT recorder design has one spare channel of electronics for each error
corrected grouping of 19 data tracks. This results in two groupings for 50 Mbps with two
separate full electronic channels to replace any one of 19 within a grouping. The means of
determining either a degraded or failed channel via telemetry was accomplished by using a
low bandwidth representation of the analog signal level from the reproduce electronics.



The electronic channel redundancy was a meaningful addition to the SPOT recorder design
and has remained a signature of each recorder design to follow. When the number of
groupings goes up as with the future Space Station/EOS design, the redundancy still stays
in the same relationship to the channels/tracks within a grouping.

Even though redundancy was helpful to improve reliability of the more advanced space
recorders, it was not enough. The need for more electronic functions per substrate or chip
became clear as it had many years prior in commercial and consumer electronic products.
A space recorder design is forced to go slow in this direction, mainly because of the need
for reliable space qualified electronic devices. Special concerns for qualified line parts,
precap source inspection, radiation survival, and single event upset are a few of the
reasons progress was slow in this direction. A U.S. government customer was convinced
enough in the future of magnetic tape recording in 1983 that he started nonprogram related
contracts to provide risk reduction funding for high rate and capacity recorders for the
future.

Over the last 4 years, these contracts have led to the following technologies:

C Active Tape Tracking

C 84 Track/Inch Magnetic Heads

C Linear Packing Densities to 40 Kbpi

C Application Specific Integrated Circuits (ASICs)

C High Speed Word Generator to 300 Mbps

C High Speed Error Rate counter to 300 Mbps

Of these contributions to the future of the advanced space tape recorders, no area was as
potentially beneficial from a reliability standpoint as the development of the ASICs. They
started with a standard cell from CTI which used CMOS/SOS technology. This device was
specified, tested, and qualified on the risk reduction program but quickly incorporated into
the next flight program, which was a recorder for the ESA known as ERS-1. Engineering
and Qualification model recorders have been delivered to the customer with flight models
destined for shipment in 1988. Additionally, two more units have been approved through
long lead part procurement for the ERS-2 spacecraft.

The second ASIC tackled was an ECL device from Honeywell using 2.5 micron
technology. This device will be in both the LANDSAT 6 and 7 recorders and the Japanese



JERS-l earth resources satellite. A third ASIC from CTI is another CMOS/SOS device
implementing an octal buffer function. Presently the interest is in attacking the hybrids
since they still continue to provide a procurement challenge and potential area for
reliability improvement. The approach chosen is that of going to monolithic devices, which
are presently available from Tektronix with the potential for space qualification.

The ASIC devices make a dramatic improvement as evidenced by going from 2,900
integrated circuits on the SPOT recorder to only 950 on either LANDSAT or JERS-1
along with a total EEE parts reduction from 10,800 to 6,900. While the ASICs made both
a real and calculated improvement, other technologies were equally important to enable a
conservative design baseline for the future Space Station/EOS type recorder. A secondary
but important benefit of the ASIC devices is the reduction in power consumption
compared with discrete IC devices. This not only makes the tape recorder more attractive
but also helps to reduce the heat dissipation problem.

Magnetic head technology from the Omutec division was essential in achieving the
necessary higher track count to keep linear packing density and tape velocity moderate.
Odetics has developed a pattern of off-line testing head technology by investing resources
only in a .25 inch wide version as a start. All aspects of track pitch and width, crosstalk,
efficiency, and adherence to predicted short wavelength roll-off and spacing losses can be
determined effectively with fewer risks on the narrower tape format.

Active tape tracking was conceived originally to solve a tracking problem with 2-inch wide
tape. Tape widths above approximately .75 inch become decreasingly able to be
influenced by the well established crowned guide roller concept used by nearly everyone
in space recorder tape transport designs. The SPOT tape recorder is designed without
active tape tracking. An active tape tracking design had not been conceived and proven in
the late 1970s.

All SPOT recorders are less forgiving to the process variations of tape manufacturing and
therefore require more time in selecting an acceptable flight tape. Over the years, a series
of proprietary tape processing and screening techniques have been developed to insure a
full life tape will go on each flight recorder. Active tape guidance makes the tape selection
process easier and also provides an end-of-life assurance that tracking will remain as it
was during acceptance testing. The active tracking concept for the LANDSAT and JERS-1
recorders was simplified and modularized as compared with the earlier 2 inch tape version.
This was so successful that nothing in the basic SPOT transport’s tape path was changed.
All benefits of the previous life and qualification testing of the SPOT recorders remained
valid even wth the single movable guide roller added to each side of the symmetrical tape
path. Sensing for the active tape tracking was accomplished by the use of an optical beam
splitter, which takes the output from a single infrared diode and sends it over the top and



bottom edge of the magnetic tape. A differential implementation of two phototransistors
achieves the necessary feedback signal to close the control loop. A tilting motion is
imparted to the single movable roller by a small limited rotation brushless motor coupled
through a linkage. The overall simplicity and minimal power demands of the active
tracking make this an attractive feature even for tape widths less than approximately .75
inch (i.e., .5 and .25 inch). As track widths continue to become narrower and closer
together, the benefits of a proven active tape tracking system that can hold .001 inch
accuracy can truly be appreciated.

Space tape recorders tend to differ from most ground based or other flight recorders in that
they are LIFO systems. The reason for last data first is simply to improve life. Rewinding a
recorder to get first data first is an unnecessary 2:1 reduction in tape/head life in addition
to any other tape pass related failure components such as tape tensioning springs in smaller
recorders. Nearly all space recorders, except some for deep space missions, share the
LIFO feature. For testing purposes, the digital data must, of necessity, be taken in reverse
for purposes of bit error rate (BER) measurements. Commercially available word
generators and bit error measurement devices have left this special space tape recorder
requirement out of their latest products. Odetics was therefore forced to develop a suitable
BER measurement unit. The subsequent word generator with built-in error counter is
capable of providing a single channel stream of NRZ-L data and clock up to 300 Mbps.
Other special equipment essential to both recorder development and manufacture is the
Error Distribution Analyzer (EDA) and the Transition Interval Analyzer (TIA). The EDA
provides a print-out record of all raw BER activity on a per track basis. This allows the
tape error rate signature to be analyzed independent of what the error corrected serial data
stream may be indicating. The TIA which has been offered as a stand-alone product by the
Kode division is a means of quantifying the familiar eye pattern used in margin analysis of
digital data channels. The model 3100 TIA with a 100 ps resolution is capable of analyzing
channel/track rates as high as 100 Mbps.

SPACE STATION/EOS RECORDER

Odetics has used a model DDS-9000 designation for the Space Station/EOS recorder. The
DDS-9000 is currently proposed into Work Package 3 from NASA GSFC via RCA. Prior
to the GSFC requirements for Space Station data storage, Odetics had been extrapolating
various head and electronic channel technology in anticipation of a future EOS recorder
opportunity. A previous paper given by the author in December of 1985 alluded to the
possibility of a recorder operating at a record data rate up to 1 Gbps with a capacity of
1 X 10  bits. The reason for the high record rates was to allow for synergistic recording of12

multiple high rate sensors. Reproducing the data assumed only the present TDRSS and
therefore a maximum rate of 300 Mbps was envisioned.



Two areas of evolving technology have allowed for what now is being called the
DDS-9000. The first is magnetic head related and allows the prerequisite data tracks to be
handled on only 1 inch wide magnetic tape. This was very important in that all past and
present Odetics recorders for earth resources missions have used 1 inch tape (ERS-1 with
.25 inch tape is an exception). The ability to maintain the life testing and multiple
qualification status is very attractive to a customer who rightfully views the mechanical
portion of the recorder as the most sacred. Equally important, but without the emotion
involved with moving parts, is the electronics. Reductions in size, weight, and power are
always critical issues with a space tape recorder. The ASIC devices already in the
DDS-6000-EC models for LANDSAT and JERS-1 will allow the Electronics Unit (EU) to
remain the same for the DDS-9000 as in the DDS-6000-EC. With a 6X factor data rate
and 3.8X capacity increase between the SPOT recorder of 1980 and the proposed
DDS-9000 for 1990 maintaining the volume and form factor of the EU constant is
considered an achievement. Only a few comparisons will be cited in this text since an
associated chart provides further details. Total EEE parts are only up 10%, thanks to the
ASICs, and discrete integrated circuits are down 42%.

The hermetically sealed Transport Unit (TU) is where not only the tape unit is housed but
also the low and high level analog circuitry along with various servoes, control and power
functions. Of those functions, the analog devices increase in direct proportion as the
channels are increased. The use of monolithic devices has been identified as the way of
reducing the area of printed circuit board space necessary in the DDS-9000. With only
four different monolithic designs, the entire 76 channels of analog electronics can fit within
the existing DDS-6000-EC TU. To summarize, the proposed Space Station/EOS
DDS-9000 recorder will remain identical in size and weight to the SPOT/LANDSAT/
JERS-1 recorders. Power consumption increases 60% in record and 10% in reproduce
modes. The ability to minimize power increases is attributed mainly to the ASIC devices.

THE FUTURE

Whether for an advanced EOS or some other future mission, Odetics still feels higher data
rates and capacities may be desired for future space tape recorders. The credibility of the
proposed DDS-9000, which benefited significantly from U.S. Government risk reduction
funding, leaves little further risk when revisiting the larger 2 inch tape transport for the
future.

An operational feasibility model of a 2 inch tape transport has been demonstrated with full
active tape tracking (six active guide rollers). The transport was designed for 15 inch
diameter tape reels which can hold up to 10,500 feet of splice-free tape. An easy estimate
of capability for such a large machine would be to assume a 2X capacity for 2 versus
1 inch wide tape and add 14% for increased tape length. This would yield a 5.35 X 10  b11



capacity. Data rates would double such that 600 Mbps would be readily achievable with
twice the number of channel related electronics. A more ambitious areal bit density for the
2-inch tape transport would involve 120 track/inch head technology. This head technology
has been successfully demonstrated with a two-head stack configuration (double interlace).
With a three-head stack (triple interlace) approach, the resulting 240 tracks would support
12 groups of error corrected tracks which can provide a 1 Gbps record data rate. Total bit
capacity with a 49 Kbpi linear packing density would be .96 X 10  b.12

A reproduce data rate of up to 1 Gbps is achievable as an extrapolation from the
DDS-9000 at 300 Mbps, but all indications are that most presently foreseen mission
usages of a recorder of this type would be able to only handle a down-link rate of 300 to
500 Mbps.

Long life space recorders requiring rates above 1 Gbps with capacities greater than
1 X 10  b may eventually be required. It is difficult to envision any dramatic12

breakthroughs that can occur assuming the use of longitudinal recording. Two possible
developments that would allow significant areal bit density improvements would be some
form of long life rotary head technology or the advent of an erasable magneto-optic roll-up
media. Either of those breakthroughs could produce the future space recorders for the
twenty-first century.

CONCLUSION

Space tape recorder technology from the late 1970s will be flying throughout the
remainder of the twentieth century.

Operational or multi-spacecraft earth resource programs that lock in or qualify a fixed
space recorder design preclude the natural evolution of technology towards improved
performance, extended life, or both. Nothing shows this more clearly than the comparison
of the SPOT recorder to its successors; i.e., the LANDSAT 6 and 7 and JERS-1 recorders.
The Space Station/EOS recorder as proposed for Work Package 3 benefits from all of its
predecessors plus a number of fortuitously timed risk reduction technologies provided by
our government. The specific technologies for the Space Station/EOS recorders are
mature, and many are fully qualified with others to reach that status well before any
hardware deliveries would be required. Seldom, if ever in the past, has such an important
U.S. space program had the luxury of not needing a high risk space recorder development.
Advanced recorders for the twenty-first century may be able to extrapolate from present
designs if the implied size, weight, and power increases can be tolerated. Where quantum
jumps in performance are required, breakthroughs in rotary head or magneto-optic roll-up
media may be necessary.



 



Detailed Recorder Comparisons
Performance and Design Parameters

1980 1986 1986 1990

SPOT-1, 2 JERS-1 LANDSAT 6/7 SPACE STATION/EOS
DDS-6000-EC DDS-6000-EC DDS-6000-EC DDS-9000

DATA RATES (Mbps)
RECORD 50 60 85 10 - 300
REPRODUCE 50 60 85 150/300

CAPACITY (BITS) 6.6 X 10 7.2 X 10 7.7 X 10 2.5 X 10
RECORD TIME (MIN.) 22 20 15 14-420
BER < 1 X 10 < 1 X 10  < 1 X 10 < 1 X 10  
TAPE WIDTH (IN.) 1 1 1 1
TAPE LENGTH (USABLE) (FT.) 8900 8900 8900 8900
TAPE TYPE AMPEX 799 AMPEX 799 AMPEX 799 AMPEX 721

TAPE SPEED (ips) 80 87 117 120
PACKING DENSITY (Kbpi) 22 23 25 41
AREAL DENSITY (Mbpi2) .62 .67 .72 2.34
TRACK WIDTH (IN.)

RECORD .018 .018 .018 .008
REPRODUCE .016 .016 .016 .008

TAPE GUIDANCE PASSIVE ACTIVE ACTIVE ACTIVE
SIZE (IN.)

ELECTRONICS UNIT 12 X 20 X 15 12 X 20 X 15 12 X 20 X 15 12 X 20 X 15
TRANSPORT UNIT’ 20 X 20 X 13 20 X 20 X 13 20 X 20 X 13 20 X 20 X 13

WEIGHT (LBS.) 160 160  160 160
POWER (WATTS)

RECORD 150 156 177 232 - 242
REPRODUCE 280 254 255 298 -302
STANDABY 48 48 48 48

INPUT VOLTAGE 23 - 37 23 - 37 23 - 37 23 - 37

10

-7

10

-7

10

-7

10

-7
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 Detailed Recorder Comparisons
Tape Track Organizations

1980 1986 1986 1990

SPOT JERS-1 LANDSAT 6/7 SPACE STATION/EOS
ODS-6000-EC DDS-6000-EC DDS-6000-EC DDS-9000

NUMBER OF ECC TRACK 2 2 2 4
GROUPINGS

ECC TRACK GROUPING
IDENTIFICATION

DATA TRACKS 16 16 16 16
PARITY TRACKS 2 2 2 2
GROUND SELECTABLE 1 1 1 1
SPARE TRACKS

TOTAL TRACKS PER GROUPING 19 19 19 19

TRACK SUBTOTAL 38 38 38 76

SERVO TRACKS 2 2 2 4

UNUSED TRACKS 2 2 2 N/A

TOTAL - ALL TRACKS 42 42 42 80

EDGE WEAR BARS YES YES YES YES



Detailed Recorder Comparisons
EEE Parts

1980 1986 1986 1990

SPOTI JERS-1 LANDSAT 6/7 SPACE STATION/EOS
DDS-6000-EC DDS-6000-EC DDS-6000-EC DDS-9000

ASICs
CTI (STANDARD CELL) DISCRETE 38 38 76
CTI (OCTAL BUFFER) DISCRETE 60 60 120

HONEYWELL (GATE ARRAY-ECL) DISCRETE 8 8 16

HYBRIDS
HEAD PREAMPS 10 4 4 4
INTERMEDIATE AMPS 20 29 29 N/A
(4-CHANNEL)
ZERO CROSSOVER DETECTOR DISCRETE 19 19 N/A

MONOLITHICS
HEAD PREAMPS N/A N/A N/A N/A
10-CHANNEL INTERMEDIATE N/A N/A N/A 24
AMPS
10-CHANNEL ZERO N/A N/A N/A 8
CROSSOVER DETECTOR
10-CHANNEL ALL PASS N/A N/A N/A 8
NETWORK
OUTER ENCODER/DECODER N/A N/A N/A 12

STANDARD ICS 2,933 951 951 1,700

TRANSISTORS 241 208 208 175

DIODES 413 522 522 680

PASSIVE AND OTHER 7,156 5,074 5,074 9,031

TOTAL EEE PARTS 10,773 6,913 6,913 11,854



SPOT Versus Space Station/EOS
(DDS-9000) Recorders
Detailed Comparisons

CATEGORY 1980 1990 FACTOR

SPOT SPACE STATION/EOS
DDS-6000-EC DDS-9000

PACKING DENSITY 22 41 1.86
(Kbpi)

AREAL DENSITY .62 2.34 3.8
(Mbpi )2

Mb/CU. IN. 7.5 28.4 3.8

Mb/LB. 410 1,560 3.8

Mb/WATT 230 830 3.6

Kbps/CU. IN. 5.7 34 5.9

Kbps/LB. 310 1,870 6.0

Kbps/WATT 180 990 5.5

ASICs 0 212 212

HYBRIDS 30 4 -7.5

MONOLITHICS 0 52 52

STANDARD ICs 2,933 1,700 -1.73

TRANSISTORS 241 175 -1.38

DIODES 413 680 1.6

PASSIVE AND OTHER 7,156 9,031 1.3

TOTAL EEE PARTS 10,773 11,854 1.1

EEE PARTS/BITS 1.6 X 10 .47 X 10 -3.4-7 -7

EEE PARTS/Mbps 215 39.5 -5.4



 



A HIGH DATA RATE AIRBORNE ROTARY
RECORDER WITH LONG RECORD TIME

VICTOR LEUNG

DATATAPE Incorporated
a KODAK Company

Pasadena, CA

1.  INTRODUCTION

Application of instrumentation recorders for data acquisition in hostile environments has
for years been accomplished by means of longitudinal recorders specially designed for that
application. DATATAPE Incorporated has been the leader in providing such recorders
beginning with its MARS series. Two recent trends have impacted the applicability of
these machines: the need for record times longer than can be provided by the longitudinal
machines and the trend in the instrumentation industry to utilize digital recording
techniques.

2.  PROBLEM

The need for increased record time has been addressed in longitudinal machines by
increasing the number of tracks used for recording, and by increasing the density of the
recorded data. The high data rates needed for both tactical and reconnaissance missions
has severely strained the capacity of longitudinal systems, however.

In addition to the operational requirements, a recorder must be able to operate with high
reliability and high data integrity in the hostile environment. Our previous experience in the
design of both analog and digital rotary recorders used for instrumentation applications
convinced us that a digital system should be developed due to the lower cost of ownership
and the volumetric bit capacity possible with a rotary system. The following operational
and performance goals were established for the system:

DATA RATES - Up to 200 megabits per second

BIT ERROR RATE - Less then one error in 10E9 bits

RECORD TIME - At least five hours at 100 megabits per second



SIZE - Less than 1.5 cubic feet for total record capability

VIBRATION - Per MIL-E-5400, class 1, 10 G curve

TEMPERATURE - -55 C to +55 C operating

SHOCK - 15 G’s for 11 msec, 30 G’s crash safety

EMI - Meet MIL-STD-461 & 462

WEIGHT - Less than 75 pounds including tape

Operation under the above conditions requires that special attention be given to the
mechanical design of the transport, particularly since a rotary format is used. Rotary
systems achieve higher areal densities than do longitudinal systems through the use of
shorter in-track wavelengths and higher track densities. Both of these are possible due to
the much higher head-to-tape speeds possible on a rotary system. At the same time, the
mechanical design becomes much more important to insure that adequate tracking
tolerances are achieved under the environmental conditions specified.

The major mechanical elements of the transport must be mounted to a rigid frame for
operation in the shock and vibration environment expected. Of particular importance is the
design of the scanner and the precision plate to which the other elements are mounted.
Also, the packaging of the transport to allow operation in the temperature and humidity
environment must be considered.

The nucleus of any successful rotary recorder design is the scanner. A typical scanner
assembly is shown in Figure 1. It consists of three subassemblies: an upper cylinder or
drum, and a carrier which holds these two drums together in proper alignment. The lower
drum contains a motor, shaft, and a headwheel, which as the read and write heads mounted
on its periphery. As the headwheel rotates, the the transducers contact the tape for
recording and reproduction. The heads are electrically connected to head drivers and
preamplifiers by means of rotary transformers. Entrance and exit guide rollers, mounted on
the carrier, guide the tape across the scanner so as to insure that the proper helix angle is
maintained.

In the past, DATATAPE has used modified scanners of the SMPTE B format for
instrumentation applications, both analog and digital. Such scanners were not designed for
a hostile environment. A review of these designs identified a number of elements which
would have to be modified, improved, or eliminated:



Typical Scanners Assembly
Figure 1

a) Commercial headwheels/optical tachometers do not allow for convenient adjustment
of the coplanar relationships of the heads, which is necessary to insure adequate
tracking on the narrow tracks used.

b) The glass headwheel material is inappropriate for the environment.

c) Internal springs must be eliminated.

d) The mechanism for precisely locating the rotating assembly must be made more rigid.

e) Existing guide rollers are unbalanced and would misguide the tape during vibration.

f) Bearings on existing scanners (as well as bearing retention) are inadequate, causing
large tracking errors.

g) Existing bearing lubrication is inappropriate for the temperature, speed and storage
requirements of the rotary machine.

3.  APPROACH

In order to insure a stable platform for the transport, an iterative design approach was
used. The initial design was based upon the same precision plate used on our MARS
recorders; longitudinal machines which have operated in this same environment
successfully for many years. This design was computer-modeled using Finite Element



Analysis techniques. Actual vibration tests were then performed and the results used to
modify the model. This process continued until the design was able to meet the vibration
and resonance requirements. The design was complicated by the desire to minimize the
weight of the system, while maintaining the structural rigidity required. A photograph of
the final design is shown in Figure 2.

Final Transport Design
Figure 2

Various elements of the scanner were redesigned and modified. The glass tachometer was
replaced with an all metal reflective tachometer. The headwheel was designed to be of one
piece construction. The original design goals for the system required that the system be
easily expanded to handle a data rate of 200 MBPS. Thus, the headwheel was designed to
accommodate twice as many transducers for simple expansion. Initial co-planar accuracy
was assured by first grinding the spindle with the scanner motor running to minimize
runout. In addition, a screw adjustment was provided to allow the heads to be adjusted
after the headwheel is mounted on the shaft. Figure 3 shows the scanner with a close-up
view of the co-planar head adjustment.

To insure proper alignment of the upper and lower drums and the carrier during vibration
and temperature excursions, a special stainless steel was selected as the material of choice.
The upper and lower drums were fastened together and rotated on a central shaft for
grinding during fabrication.

The shaft and bearing mounting were also crucial to proper operation. Special bearings
were selected to minimize axial variation of headwheel motion and headwheel wobble.
Again, stainless steel was selected for the shaft and housing to preclude temperature shock
effects.



Headwheel Assembly
Figure 3

By means of edge guiding, the entrance and exit rollers determine the location of the track
on the tape. Of most importance here is that translatory forces due to vibration will not
cause the roller to wobble.

Finally, the effects of temperature, humidity, and altitude were considered. To operate in
the environmental range desired, the tape transport must be contained within an enclosure.
The enclosure not only controls the conditions of the air around the transport, but also
provides a convenient location for the mounting of shock and vibration isolators.

Rapid descent from high altitude (cold/dry conditions) to sea level (warm/humid air) leads
to moisture condensation at the tape/transport interfaces such as rollers, guides and heads.
To prevent this, several measures have been taken. First, heater blankets, incorporated into
the interior surface of the enclosure are automatically activated when the temperature in
the enclosure is less than 5 degrees C. Variations in atmospheric pressure are limited by
seals on the cover and by pressure relief valves located in the cover. A dessicant is also
included in the case to remove excessive moisture. The dessicant acts on the incoming air,
since it is necessary that the humidity be limited to less than 60%. Further, to insure that
thermal problems are not encountered, high dissipation components are used and packaged
to provide good thermal conductivity to the enclosure.



4.  RESULTS

The DDR-100 Rotary Digital Airborne Recorder was developed to meet the need for long
record times at high data rates and low bit error rates without tape certification. This
recorder is now undergoing qualification testing. A photograph of the DDR-100 is shown
in Figure 4, functional Block Diagram in Figure 5. Table 1 shows the features of the
DDR-100.

DDR-100 Airborne Recorder
Figure 4

! 12.5 to 100 MBPS
! BER better than 1 in 109

! Three aux tracks, analog or digital
! Up to 15" dia. NAB reels
! 5.7 hours @ 100 MBPS, 45.6 hours @ 12.5 MBPS per reel
! 28 VDC, MIL-STD-704, 85 watts
! Vibration per MIL-E-5400
! Less than 1.5 cubic feet

DDR-100 Features
Table 1



Functional Block Diagram
Figure 5

The system accommodates a single 100 MBPS data channel or two 50 MBPS channels,
and nearly 6 hours of record time at those rates.

To simplify tape handling, a unique locking hub design has been incorporate into the
DDR-100 system. Thus, when tape changes are made, the only loose hardware is the reel
of tape itself.

Transport operations and system status are controlled via a serial RS-422 data bus. A
control panel allows selection of one of eight operating modes, namely:

POWER OFF RECORD
STOP FORWARD (REPRODUCE)
FAST FORWARD LOAD
FAST REVERSE POWER ON

The DDR-100 incorporates Built-In-Test Equipment (BITE), status monitoring, and
confidence monitoring. The BITE tests the DDR-100 by recording and then reproducing a
pseudo-random signal in an end-to-end fashion, and through determination of the BER,
determines whether operation is meeting specification, and, if not, identifying those system
elements contributing to the out-of-spec condition. Status monitoring, which detects a
portion of the recorded signal on each scan, is used to alert the user when recording is not



being achieved. It determines that all of the scanner heads are recording, that the tape and
scanner are running at the proper speed, and that the control track is being recorded. A
slant track monitor reads the preamble recorded at the beginning of each helical scan. A
display shows the user that data is being recorded and at what rate, providing the user with
95% confidence that recorder operation is satisfactory.

5.  Data Rates

The DDR-100 has been designed to operate over an 8-1 data rate range. The current
design handles record and reproduction between 12.5 and 100 MBPS on a single channel
without operator intervention. Alternatively, dual channel operation at rates between 6.25
and 50 MBPS can be used. The DDR-100 has been designed to allow expansion to a 200
MBPS data rate through the incorporation of additional heads on the scanner assembly and
electronics to support these additional channels.

6.  Bit Error Rate

The DDR-100 has been designed to provide a bit error rate (BER) of better than 1 in 109

without the need for tape certification even when recording data in a MIL-E-5400
environment. This is achieved through the use of a Reed-Solomon Error Correction Code.
As compared to conventional Error Detection and Correction schemes, which normally
utilize parity checks to detect errors, Reed Solomon utilizes code words to not only detect
errors but to identify their location. Randomization is also used to physically place the data
on tape so as to minimize the impact of burst errors upon the data stream.

Data acquired to date confirms that the RS-3 scheme used in the DDR-100 provides at
least four orders of magnitude improvement in BER over the raw error rate, giving user
results as good as ten times better than our specification without preconditioning or
certification of the media used.

7.  Auxiliary Tracks

The DDR-100 provides three auxiliary longitudinal tracks to the user. Each of these can be
used for the recording of analog or digital information, with a bandwidth of up to 64 KHz
analog or a comparable digital data rate.

8.  Record Time

As indicated in Table 1, the DDR-100 provides almost 6 hours of record time at the
maximum data rate of 100 MBPS. Longer record times are possible if data rates are less
than the maximum, since the DDR-100 has been designed to provide a constant packing



density on tape. This is done automatically as the data rate changes, providing a record
time inversely proportional to the data rate. For example, at a single channel data rate of
50 MBPS, the record time will be doubled, providing over eleven hours with the present
configuration, with no operator intervention required.

9.  Environmental Considerations

The DDR-100 is designed to meet its performance specifications while being subjected to
the rigorous environment of MIL-E-5400, Class 1.

10.  Weight

Without tape, the DDR-100 weighs only 60 pounds. The inclusion of a fifteen inch reel of
tape increases the weight to 75 pounds.

11.  Reproduction

At the present time, a Digital Reproduce Monitor Unit (DRMU) is available for ground
playback. The DRMU is designed to accept the output of the DDR-100 and provide the
digital data stream to the user. It includes all the necessary decode electronics, as well as a
built-in BER Tester to provide calibration capability prior to a mission. A photograph of
the DRMU is shown in Figure 6.

Under development, as Project HERON, is a miniaturized recorder/reproducer for ground
applications. A conceptual configuration of the system is shown in Figure 7. Utilizing the
results of the VLSI miniaturization program, the HERON will be packaged into an
USH-32 size enclosure.

12.  SUMMARY

The DDR-100 recorder is the only system available today which provides high digital data
rate capability in a relatively small, lightweight package, and which is capable of operating
in hostile environments. It provides by far the longest record times at these data rates of
any other system, either airborne or ground based. Product improvements planned will
extend its capabilities even further. DATATAPE Incorporated has manufactured and
delivered to customers more rotary digital instrumentation recording systems than any
other manufacturer in the world. The experience gained in delivering these systems has
allowed us to develop the DDR-100 and to offer its users confidence that it can be used to
meet their data acquisition needs.



Digital Reproduce Monitor Unit (DRMU)
Figure 6

 Conceptual Drawing “HERON”
Figure 7



TAPE CERTIFICATION TODAY AND IN THE FUTURE

Tony O’Sullivan Harold Book
BOW Industries, Inc. BOW Industries, Inc.
Chantilly, Virginia Chantilly, Virginia

ABSTRACT

The advent of high density digital recording has required the development of sophisticated
tape certification equipment which allows the user to test tape for dropouts at his actual
system bit packing density and to clean and program wind tapes with the same equipment.
By using two sets of reproduce heads with dual threshold and duration controls tapes can
be graded as to their suitability for use with HDDR systems or far less exacting analog
applications.

INTRODUCTION

The rehabilitation of magnetic tape has been an established practice for the last 10 to 15
years. Air Force regulation #300-6 requires the reuse of tapes whenever economically
feasible and most of the major users have in house facilities which rehabilitate and recycle
used tapes back into inventory. The term rehabilitation describes the process of cleaning;
testing for dropouts; average amplitude testing; precision winding and repacking. Testing
methods vary between facilities, but in general the test methods adhere to one or a
combination of federal specifications on magnetic tape. As system bit error rate in HDDR
systems is very dependent on the quality of tape, as measured by the number of dropouts,
many users find it a valuable precaution, if not a necessary procedure to test and clean new
tapes prior to use. HDDR systems incorporate error correction which effectively corrects
random errors. However, “burst errors”, those which occur over several tracks
simultaneously or within sync words, can overload the correction capabilities and result in
the loss of critical data. Testing on all tracks at the system bit packing density with a
printout of which tracks have exceeded dropout criteria within a given footage increment
identifies which tapes should be discarded and those which can be used repeatedly.

SPECIFICATIONS AND DEFINITIONS

The current federal specifications dealing with tape are NASA specification #L-14-19-17,
GSA specification #1553, DOD specification #L14-3. They all require testing for dropouts
as a quality measure of the tape. DOD specification L14-2 addresses tape rehabilitation



and recommends winding profiles. A dropout is defined as an instantaneous loss of signal
amplitude over a specified time period and at a specified frequency or wave length. The
time period is known as duration and measured in micro-seconds.

The signal amplitude, known as threshold level, is measured as a percentage decrease from
maximum (normal) signal level. For example, a 10 usec duration setting at a 50% threshold
setting would record one dropout when signal level drops 50% (-6 db) for 10 micro-
seconds. The following table shows the variation between specifications for hi resolution
or wide band tapes; those used on equipment recording 2.0 MHz @ 120 ips, which is the
equivalent to bit packing density of 33.3K bit/inch.

TABLE I

TAPE SPECIFICATIONS

SPECIFICATION THRESHOLD DURATION FREQUENCY

L-14-3 50% 40 usec 1.2 MHz
L14-19-17 50% 10 usec 1.0 MHz
WT-1553 50% 10 usec 1.0 MHz

For comparison, wave length when specified, has been converted to frequency. Wave
length on tape is equal to speed divided by frequency resulting with a typical wide band
recorder.

120"/sec.
—————— = 60 micro-inch, wave length
2.0 x 10  -/sec.6

There are two flux reversals per wave length. The various coding systems used with
HDDR all depend on the number of flux reversals to determine the presence or absence of
a bit, A 0.1 mill wave length @ 120 ips, there are 2.4 x 10  flux reversals/sec or 0.416 x6

10  seconds per flux reversal, therefore, one 10 usec dropout (24 flux reversals/10 usec)-6

per 100 ft. of tape correlates to a bit error rate of 2 x 10 , if one bit equals one flux-6

change. Many of the specifications are being revised or may have already been revised to
reflect HDDR requirements and tape manufacturers’ are offering tested tape (at a
premium) which measures dropouts at 75% threshold levels for 1 usec. It is desirable then,
that the certification equipment be flexible enough to test to all the specifications, which
includes testing standard and hi coercivity tapes.



CLEANING

In the past decade instrumentation and video engineers have come to realize the need for
tape maintenance as information packing densities increase.

Intimate contact between the recording or playback head and the oxide surface of the tape
is critical to good performance. When an instantaneous loss of signal (dropout) occurs, it is
usually caused by an imperfect contact between the head and oxide at that point.

Separations of only 7 millionths of an inch between the head and tape will often result in
over 50% loss of signal. (1 MHz @ 60 ips = 60 u inch wave length, spacing loss = 55 db
per wave length, Wallace formula). Research has shown most dropouts are only 4 to 10
thousandths of an inch long, but just one in the wrong place can affect the integrity of
critical and possibly irretrievable data.

New tapes need cleaning because manufacturing (slitting) debris is left on the surface.
New tapes need burnishing because they are abrasive. The abrasiveness in this case is not
from dirt, but from the manufacturing process itself. Even dirty used tapes are less abrasive
than new tapes; clean used tapes are better yet. Since a dirty oxide surface is abrasive,
proper cleaning of both new and used tapes is the solution to reduce abrasiveness and dirt,
and to give the best life expectancy to expensive heads.

While manufacturing defects can sometimes cause imperfections in the oxide surface,
contamination is the most common cause of performance problems. Some contaminants
are elements of the tape’s environment - dust, smoke, fibers, hair, finger prints, cigarette
ash and alcohol residue. But most are from the tape itself  - shedding oxide, fractured base
film (mylar) and debris from slitting. About 80% of these contaminating particles are loose
and can be wiped off to eliminate transient errors. The other 20% have become embedded
causing permanent errors and must be scraped off.

Experience has shown that a sapphire blade provides superior removal of embedded dirt
particles and smooths abrasive oxide surfaces of new tapes. This very hard gemstone blade
has a long life and is resistant to nicking and wear grooves from the tape.

Tissue stations are positioned upstream of the blade to remove loose dirt and downstream
to remove dirt loosened by the blade. Designed for maximum efficiency, the tissue stations
maintain a firm contact point with optimum radius and have a special non-shedding long
filament nylon fabric that automatically advances so there is always clean tissue contacting
the tape.



WINDING

Cleaning alone will not guarantee the integrity of tapes; it must be coupled with precision
winding. Long lengths of thin tape (9200 feet .001 inch tape and thinner) are susceptible to
damage during shipping and handling. The Department of Defense devised a specification
for conditioning tape prior to handling in order to preserve good physical characteristics.
This specification, L14-2, covers several aspects of winding including a precision stack
and a stable pack.

A precision stack leaves no protruding edges (scattered wind). It centers the tape between
flanges; this keeps the tape from rubbing against the flanges and wearing or curling the
edge of the tape. Degaussing (erasure) and handling can damage the edges of a non-
precision stack. A scattered wind can also contribute to skew on the tape recorder. This is
why cleaning and precision winding is so important before use, degaussing, storage, or
transporting.

A tight pack inhibits lateral shifting that can occur from shock or vibration because trapped
air has been removed to improve layer-to-layer friction. A stable conditioned pack inhibits
longitudinal shifting which can occur from changes in temperature and humidity.

Normal winding, that is winding with constant tension or constant torque, is insufficient for
conditioning because it produces areas of negative tension in the tape pack resulting in
poor layer-to-layer friction. This can cause microscopic shifting which degrades tape
performance. If allowed to advance, it will cause cinching and permanent damage to the
tape. Contaminants and poor winding can cause considerable damage to expensive
magnetic tape.

PROGRAMMED TENSION WINDING

Using empirical data derived from research, the government developed a programmed
tension winding system that protects against longitudinal pack shifting aggravated by
shock, vibration, temperature and humidity changes. Tape certification stations conform to
this profile, as illustrated in FIGURE I.

Virtually every major tape rehabilitation center uses a programmed tension winding system
on instrumentation tape prior to returning the tape to service. It is the only known method
of meeting government defined temperature/humidity cycle requirements for 1/2" and 1"
instrumentation tape.



TAPE CERTIFICATION EQUIPMENT

Testing for dropouts at tape rehabilitation centers has been established for several years
and prior to the availability of dedicated tape certification stations many used a commercial
tape recorder reproducers together with “in house” designed and built dropout testing
circuits. In all instances separate equipment was required for cleaning and precision
winding. The initial equipment cost was high and the process time consuming, because as
many as three passes of the tape were required to achieve what a certification station
accomplishes in one pass.

Tape certification stations evolved from BOW Industries earlier experience with winders
and cleaners. Those transports were designed to have the most gentle tape handling and
precise tape guiding characteristics available. The addition of heads and electronics to
record and reproduce; test for dropouts while simultaneously cleaning and winding
resulted in an optimum cost effective system.

Key to the BOW approach is flexibility in defining a dropout. Since different recording
techniques exhibit varied reactions to a given magnitude of signal loss, the most
meaningful tests are tailored to the recorder, data and tape in use. With the adjustable
threshold feature you can set a threshold level to establish one of the two requirements for
a dropout. The second requirement is length of time or duration. With adjustable duration
you can select how long this low signal should last to be considered a dropout. When the
playback signal remains below the threshold level for the time interval you selected, one
dropout is counted. The threshold level is indicated by meter as a percentage of reference
signal and the duration length intervals are marked in micro-seconds opposite the switch.

Internally two oscillators provide output signals to drive the record amplifier. A switch is
used to select either the high or standard resolution. Any two frequencies between 20 KH
and 4.0 MH can be selected for the desired packing density at 120 ips or alternate tape
speeds.

A single adjustable-current record driver amplifies the continuous tone sine wave to the
full-width record head. Solid ferrite heads are used to provide head life in excess of 3,000
hours and systems have been supplied which test 28 tracks on 1.0" tape at 3.8 MHz
(63.3K bit/inch). Recalibrating playback amplitudes is an obsolete toil. The preamplifiers,
located at the head, integrate an automatic gain control function from the amplifier outputs.
Amplifiers have a fixed gain, preset at the factory for optimum performance at the two
frequencies chosen by the user. The AGC’s very wide dynamic range compensates for
amplifier drift, head wear and variations in tape output, without technician intervention. At
the final stage, an automatic zero referencing feature centers the playback envelope on the
zero axis before it goes to the dropout detectors. Both positive-going and negative-going



amplitudes are recognized by the dropout detectors. This method is far superior for
sensitivity and accuracy than the alternate method of full wave rectification. Duration is
determined by a high speed oscillator and counter with precision that is an order of
magnitude better than the traditional “one-shot”. Intervals as short as 5 usec (1 usec
optionally) are measured with uncanny repeatability.

Knowing the error count with respect to length is essential for determining a tape’s merit.
A limitation on errors per 100 feet is specified in GSA, NSA and tape manufacturers’
criteria as an average for a given reel and used in most rehabilitation centers.

A tape certification station goes a step beyond the average number and determines actual
errors in any 100 foot section of tape. A unique “moving bucket” circuit continuously
compares 100 foot totals for each track with the respective fail criteria selected on
thumbwheel switches. The 100 foot running totals are maintained by discarding dropouts
from the first 10 feet as the section length reaches 100, so there is always 90 to 100 feet
under consideration. If the 100 foot total in any section reaches its fail criteria the track
number and tape footage are recorded by a printer and that total is reset to zero. The
accumulated total for the track is not reset however, nor are the 100 foot totals associated
with other tracks. The printer also records the total length of the reel when the test is
completed.

Leaders receive an inordinate amount of abuse from threading and can cause an
abnormally high dropout count. An inhibit circuit prevents testing 50 to 100 feet from
stopping at either end of tape.

In testing new tape it is helpful to know if there are any long term variations in coating
thickness from one end to the other. Chart recorder outputs provide a means of monitoring
the activity of the AGC and consequently plotting average amplitude. The response of
5 msec (determined by the typical chart recorder pen deflection) will also reveal areas of
very long signal losses.

OTHER CONSIDERATIONS

Tape certifications stations use the same IRIG head formats as used by recorder/
reproducers; 50 mil track width for 14 track systems and 25 mil track widths for 28 tracks.
It is possible for a tape defect to occur between tracks or on the edges of the track which
would not show up in electronic (write/read) testing. A tape tested on a 14 track system
may be unuseable on a 28 or 42 track system. Magnetic Tape Inspectors also known as
Optical Inspectors were developed to detect physical damage and oxide voids across the
entire surface of the tape.



An array of phototransistors are arranged in three rows, offset for overlap, opposing a
corresponding array of infra-red emitting diodes to achieve total surface coverage. The unit
is adjusted so that tape threaded through the slot occludes the emitters light from the
sensors until a flaw permits light transmittance to trigger the circuit. Each phototransistor
measures .035 inch for excellent signal to noise ratios on flaws measuring as small as
.020 inch. diameter.

Tape defects such as; oxide voids, frayed edges, stretched tape, pin holes and curled edges
are detected and a record made of their location on tape. As physical damage cannot be
corrected in the tape cleaning and winding process and tends to get worse with time, early
detection and elimination of damaged tape is further insurance against loss of data.

FUTURE REQUIREMENTS

Rotary recorders using helical scan technology and auto loading cassettes are starting to
replace conventional longitudinal reel to reel recorders for digital applications. The video
industry has been using rotary recorders for many years and tape evaluators have been
developed for helical scan reel to reel recorders, which record multiple tracks
longitudinally and correlate dropouts to expected loss of video signal. A similiar approach
has been suggested for instrumentation systems, however the small track widths used
(0.001") would require virtually total tape area testing requiring many more tracks per
inch. Cassettes limit the amount of space available to mount heads and although advances
are being made with smaller printed circuit heads, the number of cables required will still
present a problem.

Improvements in optical scanning technology are anticipated which would detect physical
defects in the order of 0.001", and as more sophisticated error correction schemes are
developed it may be sufficient to inspect tape either optically or with a laser, reducing the
need for magnetic dropout testing.

CONCLUSION

Tape certifications stations provide the means to test new tape to government and
manufacturers’ specifications. Considerable cost savings can be realized by reusing tapes
with the confidence they meet original specifications. Contaminated tapes and in some
instances new tapes can be seen to improve with successive passes. Tapes can be graded
as to their quality for use with various applications and lower cost tape screened for use
with HDDR system.
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A NEW MICROCOMPUTER-BASED REEL SERVO SYSTEM
IN THE INSTRUMENTATION MAGNETIC RECORDER

Xiong Rui and Shao Yunxiang
Beijing Research Institute of Telemetry

Beijing, China

ABSTRACT

This paper describes the design of a adaptive microcomputer-based reel servo system in
the instrumentation magnetic recorder. When the reel parameters and load characteristics
might vary during recording, the newly designed adaptive reel servo system is capable of
compensating for these variations. The new reel servo system consists of a single-board
microcomputer (QJ-80) and two D.C. motor actuators. A model reference adaptive control
was chosen as the basis for adaptive reel controller design. The experiment results show
that the new microcomputer-based reel servo system effectively eliminates the affect of the
parameter variations. The performance of the whole transport system is improved therely.

INTRODUCTION

The purpose of the reel servo system with tension arm in the instrumentation magnetic
recorder provides constant tape tension so that the whole tape transport system moves the
tape in constant speed. However, the design procedure for the overwhelming majority of
reel servo system with tension arm is that the system is considered as time-invariant, then,
the classical control theory is applied to control system design. One of drawback of this
type of reel servo system design is that the reel diameter variation is ignored so that it
affects the performance of the system during operation. Actually, it is a problem of design
for time-variant system. So, it is very difficult that this reel servo system designed by
classical control method has a better control performance.

Now, a type self-adapting controller which can compensate for the parameter variations
might solve this type of time-variant system problem. The experimental results show that
this type of new control system can act to maintain better system performance.

For improving the performance of reel servo system, in our work, we have studied the
application of an adaptive cotroller for the reel system and the possibility of using a single-
board microcomputer to implement the adaptive controller.



THE ADAPTIVE REEL CONTROL

As the transport running, reel diameter changs. If power amplifier, drive motor and reel are
considered to be a combined controlled plant, then it would be a time-variant system of a
slow-variant process. In the controller design, a model reference adaptive control (MRAC)
system was chosen as the basis for adaptive controller design in this project. This was
done, it can give a exact definition of the desired response of the system in term of a linear
reference model. This reference model is the desired system operating in parallel with the
controlled plant in reel-time. The basis MRAC system used for the reel control is
illustrated in the block diagram of Fig. 1. By modifying parameters in the adjustable
controller, the adaptive mechanism makes the combined controller and plant response
match the response of the linear reference model. During operation, this adaptive
mechanism continually act to drive the state error , to zero. In the diagram, the phase
compensator is used to compensate for the fast dynamic response of the system.

Fig. l. Model reference adaptive control applied to reel control.

The derivation of the adaptive control law derived on the basis of the Lyapunov stability
approach. The adaptive controller algorithm uses Parks’ design method. The design of
resulting continuous-times adaptive controller was converted into discrete-time form for
direct implementation on the microcomputer-based controller. The complete sampled-data
adaptive reel control system model is shown in Fig. 2. Adaptive compensation for change
of reel system gain is achieved through the adjustment of gain K2. Adaptive compensation
for change of tape speed is achieved through adjustment of gain K1. Adaptive controller
gains B1, C1 and B2, C2 determine the adaptive response time of the system.



Fig. 2.  Complete  model of  the  sampled-data  adaptive  reel  control  system.

THE MICROCOMPUTER CONTROLLER

Consequendly, microcomputer incorporates all the hardware and software required to
implement the sampling operation, A/D conversions, pulse width-modulated (PWM)
output, and the arithmetic operations of the controller for this application uses a QJ-80
single-board microcomputer in which there are 16K bytes of RAM for program and
variable storage, a 8-bit A/D converter and two PIO (parallel I/O port). The A/D converter
converts the position error (e) of the tension arm into the digital signal. Z80-CTC provides
tape velocity input signal. The velocity transducer is a digital tachometer. PWM output
provides the controller output to the power amplifier driving D.C. motor.

The QJ-80 has an internal assembly language interpreter and a serial I/O port, which
provide a simple user interface for entering or modifying control parameters from a
standand terminal. All the softwares are written in assembly language with fixed-floating-
point arithmetic. A block diagram of the single-board microcomputer-based controller is
shown in Fig. 3.



Fig. 3.  A  block  diagram  of  the  single-board  microcomputer-based   controller.

EXPERIMENTAL RESULTS

Laboratory tests were performed on the complete adaptive reel servo system to evaluate
the adaptive performance under the conditines of varying reel diameter during operation. A
sampling period of 10 ms was used in the controller. Figure. 4 shows tension arm position
state error from the experiment test.

Fig. 4 (a) shows the state error of reel servo system without adaptation when the reel tape
diameter is changed when the reel takes up tape. In the same case, when the adaptive
control law is enabled, the controller automatically adjusts the gain to compensate for the
increase in the reel diameter to make the state error cut, as shown in Fig. 4 (b). Fig. 4 (d)
and (c) show the state error with adaptive and without adaptive respectively, when the reel
diameter vary when the reel supplys tape. The adaptive controller appears to cut the state
error as desired. In both cases, stability of the system operation was observed, in case the
digital controller algorithm adapted to the changes in reel diameter was employed.

SUMMARY

The results of study in this paper show that time-variant control system design problem,
such as that of reel system, can be solved by adaptive cotrol techniques. By using a
relatively simple single-board microcomputer-based controller, it is possible to implement
adaptive reel servo system in the instrumentation magnetic recorder. Only a small amount 



of hardware and software are required for the full implementation of the scheme. So, the
new microcomputer-based reel servo system is effectively availabe for the magnetic
recorder.

Fig. 4. The tensioh arm position state error from the experimental test.



DRAFT STANDARD FOR DIGITAL TRANSMISSION OF
TELEVISION IMAGES
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ABSTRACT

This paper describes the characteristics of the HORACE digital protocol intended for
transmission of black-and-white standard television images and associated data through a
digital channel and reconstruction of an NTSC standard television picture at the receiving
end, using adaptive transmission to allow maximum picture quality at a selected data rate.
Tradeoffs are discussed for transmission rates in the range from near DC to over 40
Mbits/second. The HORACE protocol will be a government test range standard to be
issued by the Telecommunications Group [TCG] of the Range Commanders’ Council as
RCC Document 209.

BACKGROUND

Various means exist to digitize television pictures, with most systems locked into a
specific communications rate, generally from 2.048 Mb/s on down or 22 Mb/s on up. The
higher bit rate systems are used for “entertainment” television, not for transmission of
pictures viewed for instrumentation purposes; lower bit rates are for teleconferencing
applications and do not deal well with objects in motion--a serious failing when object
motion is the aspect to be measured. The specification described here is a digital protocol,
independent of the type of transmission medium used or the logic family and voltages at
both ends (which may differ), and offers various user-adjustable characteristics to allow
transmission of an optimized picture from an NTSC black-and-white sourcee to allow
maximizing the “important” aspects of the picture sent, whatever they are. The standard,
issues related to encoders and to decoders, and the standard’s features (both fixed and
optional) are taken from the draft of Range Commanders’ Council [RCC] document
209-88, now in preparation. A published standard allows multiple equipment sources, and
allows cross-playability of signals received from a variety of sources within and between
government test ranges.



THE HORACE STANDARD

1.  System characteristics. The HORACE protocol is a digital data format for transmission
of NTSC television pictures and incidental data via any digital channel. The protocol is
defined in binary terms, and consists of variable word and frame lengths. For the purposes
of this standard, a word may consist of from one to eight (or more) bits as defined herein.
Words are grouped together into what are here called lines which correspond to lines in
the reconstructed picture or lines of binary data. Lines are in turn grouped into pages,
corresponding to picture fields. Standard telemetry terms “frame” and “subframe” are not
used hereafter in reference to the digital signal to avoid confusion with the word “frame”
as it applies to picture images.

1.1  Video input and output.

1.1.1 Inout. The video input shall conform to EIA RS-170 standards, except that field
repetition rates of 59.4 to 60.6 and horizontal rates of 15,562.5 to 15,938 shall be
permitted, with or without interlaced scanning.

1.1.2  Output. Sweep rates at the output shall conform to sweep rates at the input
within ±1% and change no more than ±0.3% in the duration of a single field sweep.
When in variable skip mode, video output sweep rates shall be derived from an
internal crystal within ±0.25% of nominal or 60 Hz power line lock and shall not
change by more than ±0.1% during the duration of a single field sweep.

1.2  Transmission format. The digital transmission signal shall be a continuous
binary digital data stream at a fixed rate. A synchronization pattern and data header
shall be sent at the beginning of each line transmission, followed by a variable-
length set of variable-length words.

1.2.1  Line types. Lines transmitted shall be of two types:

1.2.1.1  Picture lines. Each picture line transmitted represents a physical line of
picture information. Picture line format shall be as described in §1.9 ff.

1.2.1.2  Data lines. Transmissions sent in between picture fields of serial data not
intended to be part of the reconstructed picture. Data line format shall be as
described in §1.10 ff.

1.3  Active picture lines. The number of active picture lines transmitted and
displayed per field shall be exactly 240.



1.4  Interlace. The encoder shall operate in all modes with input signals from interlaced
(262.5 lines/field) or noninterlaced (262 lincs/field). If interface is present on the input
picture, information regarding odd/even shall be sent in the picture format codes (see
§1.9.2.5). Noninterlaced fields shall be identified as odd fields.

1.5  Error handling.

1.5.1  Error correction systems. Perfect reception and decoding of a television picture
encoded as described herein requires a noiseless channel.

1.5.2  Error recovery. When an error in data occurs such that the resulting picture or data
line is garbled, the decoder shall display an error indication and shall immediately
commence seeking the start-of-line code for relock.

1.5.3  Clock slippage. After any clock slippage, the decoder shall reacquire line
synchronization after reception of one valid start-of-line word (see §1.9.1), and page
synchronization after reception of no more than three video lines or one data line. Video
output signal shall be correct within less than one page.

1.6  Vertical data channel. Data may be emplaced in bits 61-98 and 101-238 of the vertical
data channel (see 1.9.2.1): Bits 61-98 are assigned to a time-code transmission coincident
with the start of the vertical scan; bits 101-238 can transmit data that changes or fixed data
such as a source identification number. When any of these data bits are used, bit 59 is
transmitted as a ONE. The vertical data channel is separate from the data transmissions
described in §1.10 ff. The vertical data channel is not displayed as part of the picture.

1.7  Pixel interleaving (stagger). When selected in encoders so equipped, alternating lines
(line stagger) or fields (field stagger) shall be such that on staggered lines the first pixel on
the line is delayed by half a pixel. When a staggered original is presented to the decoder,
the decoder shall display the picture staggered as in the original. In field stagger, the
undelaycd field shall be field one; in line stagger the undelayed lines shall be the odd-
numbered ones.

1.9  Frame/field skipping option. The encoder may be provided with a field- or frame-and-
field skipping capability. The user selects whether a frame or a field is transmitted (field
skipping is recommended when motion is present in the picture; frame-skip option is not
available on all encoders). This option provides better horizontal and gray scale resolution
at a loss of temporal resolution. The display repeats the previous field or frame until a new
one has been received. The frame or field selected for transmission is made of a single
field or frame respectively, not a running composite of the input. Skipping is of two types:



1.8.1  Selected. The user may select the option of sending every other, third, fourth, etc.,
down to every sixteenth field (not all values need be present on any unit). The adaptive
functions of the encoder are still engaged, so the encoder transmits the best picture
possible for the bit rate.

1.8.2  Variable. When the variable rate is selected, the encoder transmits the picture with
the full selected horizontal resolution and with entropy coding, transmitting a new field or
frame, whenever the buffer is low enough to handle a complete new one. Variable skipping
transmits the best still picture possible, but the temporal rate will vary with picture
complexity.

1.9  Line format. Each line shall consist of the 8-bit start-of-line code, a ten-bit format
code, fill bits (if present), a fill terminator bit, fixed- or variable-length pixel codes of a
number indicated by the format code, and tail codes (if present).

1.9.1  Start-of-line code. The start-of-line code shall be 00000001. NOTE: This pattern
can occur within a picture line or data line but must be constrained in tail codes. When the
pattern occurs in a data or picture line, the pattern is ignored by the decoder because of
position, since data in the format codes that follow can differentiate the two occurrences.

1.9.2  Format code, picture lines. The ten-bit format code that follows the start-of-line
code shall be defined as described below:

1.9.2.1  Bit one: static parameter subcodes. Format bit one varies with its position in the
field as specified below. Because the bit stream separated from this bit has one bit per line,
it is also referred to as the vertical data channel.

Line number Meaning Values

1- 3 Start of field [Note 1] 000

4- 13 Alignment code [Note 2] 0101010010

14- 17 Pixels per line (full resolution): 128 0000
160 0100
225 1000
256 0001
320 0101
450 1001
512 0010
640 0110
900 1010

18 Frame/field skip ON [Note 3] 1



19 Skip type is FRAME [Note 3] 1

20- 23 Skip ratio [Note 3] variable 0001
 2:1 0010
 3:1 0011
 4:1 0100
   :    :
15:1 1111
16:1 0000

24 Horizontal interleave ON [Note 4] 1

25 Interleave type is FIELD [Note 4] 1

26 Vertical interlace ON [Note 5] 1

27- 31 DPCM kernel identification [Note 6] 00000

32- 34 Entropy code identification [Note 7] 000

35- 36 Buffer status multiplier (bytes/line) [Note 8] 64X 01
128X 10
256X 11
512X 00

37- 41 Encoder buffer capacity (bytes) [Note 9] 8K 00001
16K 00010
24K 00011

:       :
248K 11111
256K 00000

42 Data multiplex ON [Note 10] 1
43- 52 Multiplex line length [Note 11] 1 0000000001

2 0000000010
3 0000000011

 :        :
1023 1111111111
1024 0000000000

53- 58 Field number (mod 64) [Note 12] (varies)

59 Data in vertical [Note 13] 0

60 Data in horizontal [Note 14] 0

61- 98 Date/time [Note 15] (varies)



99 Tail codes present [Note 16] 1

100 Color/3D indication [Note 17] X

101-238 Undefined spares [Note 18] 0 (all)

239-240 End of field [Note 19] 00

NOTES:

1.  The format data bit in the first three lines of a field shall be ZERO. These bits may be
used for error handling.

2.  Format data bits 4 through 13 are used to establish synchronization f the format data bit
channel.

3.  When the frame/field skip format bit (18) is a ONE, fewer than during all frames or
fields are being sent by the encoder. When format bit 19 is a one, frames are being sent; if
format bit 19 in a ZERO, fields are being sent. Bits 20-23 indicate the ratio of pictures
input to pictures sent. When skip ratio is variable, a frame or field is sent at any time the
encoder buffer can hold an entire new picture. When frame or field skipping is ON, the
decoder repeats the previous picture until the next picture is received, and switches to the
new picture during vertical blanking.

4.  The interleave function, when engaged, causes the A:D converter to sample selected
lines of the video signal at a point midway between the normal sampling points for each
pixel. When line interleave is engaged, alternate lines in each field will have the sampling
points delayed on all of the odd lines of the field. When field interleave is selected, field
one of each frame will be sampled in the normal position and field two will be sampled in
the delayed mode. Format data bits 24 and 25 are used to inform the decoder of the
presence and type of interleaving in use. The decoder uses this information to properly
interleave the display as an exact reproduction of the encoded picture. See also §1.14 of
the standard.

5.  Format data bit 26 is ZERO when the input picture is not interlaced and ONE with an
interlaced source.

6.  A DPCM kernel consists of a set of normal DPCM codes, high-level DPCM codes, and
two-bit delta DPCM codes. The set defined in §§1.9.5.1-1.9.5.3 are identified as kernel
00000. If other kernels are defined, they will carry a different identification and be
addenda to this specification.



7.  The entropy code identification number defines the variable-length coding scheme used
for the transmitted codes that use it. The table in §1.9.5.4 has been assigned the entropy
code identification 000. Any other code defined in revisions of this specification will carry
a different identification number.

8.  These bits indicate the multiplier to be used to obtain the encoder buffer status. The
number of lines having bit seven (see §1.9.2.6) set to a ONE is multiplied by the value
given (64X to 512X) to obtain the buffer level in bytes.

9.  These bits specify the encoder buffer capacity in (8-bit) bytes, and are fixed for a given
encoder.

10.  When this bit is set to a ONE, the encoder should expect at least one data multiplex
line in the following page (see §1-10 ff).

11.  When data multiplexing is enabled, these bits specify, the number of bits in each data
line. Normally this will be fixed for a given transmission (volume). If the number varies,
the number applies to the page that follows the page in which the number is transmitted
(see §1.10.5).

12.  The modulo-64 field number is used to identify missing fields resulting from frame or
field subsampling. Starting point is arbitrary. Numbered fields are input fields, not fields
sent.

13.  When static parameter bit 59 is a ONE, it indicates that a binary data signal is sent at
the edge (normally the left-hand edge) of the picture and is intended to be an attribute of
the displayed figure. When this capability is used, horizontal unblanking timing and pulse
duration an more critical than when this feature is not used.

14.  When static parameter bit 59 is a ONE, it indicates that a binary data signal is sent at
a horizontal edge (top or bottom) of the picture and is intended to be an attribute of the
displayed figure. When this capability is used, vertical unblanking timing and pulse
duration are more critical than when this feature is not used. Encoded data should be
confined to lines 24 to 262 counting from onset of vertical blanking in the individual, with
a test to ascertain that compatibility exists.

15.  Format data bits 60-97 shall be used to transmit day of year and time of day in hours,
minutes, and seconds time coincident with the start of vertical unblanking (i.e., the first
picture line) in the input picture. Code assignment shall be as described in §1.15. When
not used, theme format data bits shall be all ZEROs.



16.  When tail codes an present (for color or anaglyphic separation), static parameter bit
99 should be a ONE. If tail codes are not present, static parameter bit should be set at a
ZERO since the absence of tail codes when known can assist in error recovery. Tail codes
an discussed In §1.12.

17.  When tail codes an not present, vertical channel bit 100 shall be a ZERO. When tail
codes are present and 3D separations are being sent, vertical channel bit 100 shall still be a
ZERO. When tail codes are present and color is being sent, vertical channel bit shall be a
ONE.

18.  Undefined spares, shall be transmitted as ZEROs.

19.  The format data bits in the last two picture lines of a field shall be ZERO, and may be
used in error handling.

1.9.2.2  Bit two: DPCM type. When format bit two is a ZERO, DPCM with entropy
coding is engaged for the line. When format bit two is a ONE, two-bit DPCM without
entropy coding is used for that line.

1.9.2.3  Bit three: horizontal subsampling. When format bit three is a ZERO, horizontal
subsampling shall not be engaged for the line indicated. When format bit three is a ONE,
horizontal subsampling shall be engaged, and only the odd-numbered samples sent for that
particular line. When a subsampled line is received, the decoder shall display each
received pixel twice. Any field may consist of lines that are subsampled and lines that are
not.

1.9.2.4  Bit four: coarse/fine. When format bit four is a ZERO, normal delta coding
(“fine”) shall be engaged. When format bit four is a ONE, high-level (“coarse”) delta
coding shall be engaged, both operating with the entropy code described in §1.9.5 ff. Any
field may consist of both types, but only one type may be transmitted on any single line.

1.9.2.5  Bits five and six: line type. Format bits represent the position of a transmitted line
in the vertical scan, and can be used in conjunction with format bits 8 and 9 for error
handling (see 1.9.2.7). Format bits 5 and 6 are 00, for the last line of field two (even) and
the first three lines of field one (odd). For the next-to-last line of all fields, bits 5 and 6 are
01. For the last line of field one and the first three lines of field two, bits 5 and 6 are 10.
For all other picture lines, bits 5 and 6 are 11. For noninterlaced pictures, or even-divisor
field subsampled pictures, all fields shall be treated as a field one.



1.9.2.6  Bit seven: encoder buffer status. Format bit seven in conjunction with static
parameter bits 35 and 36 (“buffer status multiplier”, see §1.9.2.1, note 8) indicates the
fullness of the transmit buffer in thermometer style. This information is used by the
decoder to establish output picture line rate. The more ONES transmitted, the fuller the
buffer. Buffer status is reported only once per field. This feature is not used in variable
frame/field skip mode.

1.9.2.7  Bits eight and nine: modulo-four line counter. Bits eight and nine shall provide a
modulo-four count of lines transmitted, starting with 00 for the first line of the field and
line five, nine, thirteen....(4N + 1); 01 for line two, six, ten....(4N + 2); 10 for line three,
seven, eleven....(4N + 3); and 11 for lines four, eight, twelve....(4N); N an integer.

1.9.2.8  Bit ten: spare. No meaning is presently attached to format bit ten, which should be
sent as a ZERO. Any assignment of a meaning to format bit ten will be made in extensions
of this standard.

1.9.3  Fill bits. The encoder shall transmit one to 960 fill bits per line when required to
prevent buffer underflow. Fill bits shall be ONEs.

1.9.4  Fill terminator. The fill terminator signifies the end of the fill bit interval, or indicates
that no fill bits were transmitted in a line. The fill terminator is a single ZERO.

1.9.5  Pixel codes. Pixel codes are variable length or two-bit fixed length codes which
indicate the change in brightness from the previous pixel (or from black at the start of each
line). Pixel codes can represent one of three different schemes, which may be used
adoptively in a single system. (The decoder identifies the type of pixel code sent in any
given line from the format codes (see 1.9.2 ff). Only one type of pixel code is used on any
line.) At least one bit per pixel is present on each line (corresponding to a black line with
256 pixels per line) to 7200 bits (the 8-bit L-code at 900 pixels per line), although pictures
resulting in very long lines are uncommon.

1.9.5.0  Clipping levels. When any pixel code is transmitted that would cause the resulting
pixel value to be greater than 127 or less than 0, the resulting pixel value shall be clipped
at 127 or 0, respectively. No out-of range pixels shall be permitted, and rollover shall not
be used.

1.9.5.1  Delta codes, normal DPCM kernel 00000. Eight jump values are used,
corresponding to brightness changes between the predictor and the input pixel over the
128-point (7-bit) range between 0 (black) and 127 (white). For normal DPCM these values
are:



L-code number Jump value
1    0
2 + 3
3 - 3
4 + 8
5 - 8
6 +20
7 -20
8 Maximum jump (see 1.9.5.1.1).

1.9.5.1.1  Maximum jump. When L-code #8 is called, it indicates a jump of 60 brightness
steps in the direction that the largest jump can be taken; i.e., if the previous pixel value
were 30, a maximum jump would take pixel value to 90. If previous pixel value were 63, a
maximum jump would take pixel value to 123. If previous pixel value is 64 or more, the
maximum jump would subtract 60 steps.

1.9.5.2  Delta codes, high-level (“coarse”) DPCM kernel 00000. Eight jump values are
used, corresponding to brightness value changes between the predictor and the input pixel
expressed in the 128-point range between 0 (black) and 127 (white). For high-level
(coarse) DPCM these values are:

L-code number Jump value
1    0
2 + 4
3 - 4
4 +10
5 -10
6 +25
7 -25
8 Maximum jump (see 1.9.5.1.1).

1.9.5.3  Delta codes, two-bit DPCM kernel 00000. Four jump values can be expressed in
two bits, corresponding to brightness value changes between the predictor and the input
pixel expressed in the range between 0 and 127. Since entropy coding is not used with
2-bit DPCM mode, the code value is transmitted directly. For 2-bit DPCM, these values
are:

Code value Jump value
00 + 4
10 - 4
01 +20
11 -20



1.9.5.4  Entropy code table, kernel 000. When either normal or high-level entropy delta
coding is engaged, the transmitted code is determined by the previous code value, as
shown. The “previous” L-code level is shown on the left (rows); the “next” level is shown
in columns.

    * 1 2 3 4 5 6 7 8
1  * 1 001 01 00001 0001 0000001 000001 00000001
2  * 1 01 001 0001 00001 000001 0000001 00000001
3  * 1 0001 01 00001 001 0000001 000001 00000001
4  * 001 01 00001 1 000001 0001 0000001 00000001
5  * 001 00001 01 000001 1 0000001 0001 00000001
6  * 0001 001 00001 01 000001 1 0000001 00000001
7  * 001 00001 0001 0000001 01 000001 1 00000001
8  * 1 001 01 00001 0001 0000001 000001 00000001

1.10  Data line format.

1.10.1  Data line identification. Data lines may be transmitted to send data not intended to
be part of the reconstructed picture. Data lines, if present, are usually inserted between
picture pages (fields). Data lines commence, as do picture lines, with the code 00000001,
followed by the format code 1101010110 and the fill terminator 0, followed by the data.

1.10.2  “Data lines present” identification. The presence of data lines in a signal is
identified by the presence of a ONE in bit 42 of the vertical channel (see §1.9.2.1,
note 10).

1.10.3  Data line length. Length of the data line is indicated by codes in bits 43-52 of the
static parameter subcodes described in §1.9.2.1, note 11.

1.10.4  Number of data lines. Any number of data lines may be transmitted, as long as they
are all of the same length. When lines are transmitted between fields (pages), they carry
line numbers from 241 up, for reference purposes, since 240 picture lines are sent per
page. For any given transmission rate, the larger the data lines in length and number, the
lower the resolution of picture that is sent, as a direct consequence of the added data
overhead.

1.10.5  Dynamic switching, of data lines. The number and length of data lines may be
varied dynamically within the constraints of a single data volume. When this is done, the
subcodes sent on lines 42-52 on a given page, they are effective on lines 241 and beyond
on the following page, not the page that contains those changes.



1.10.6  Message constraints. No constraints arc placed on the data transmitted in a data
line, which may therefore contain synchronization codes including those in §1.10.1.

1.11  Level extensions. While eight brightness level changes arc defined herein for the two
entropy-coded modes, the system is not limited to eight levels. Extensions can be made to
define more than eight brightness changes, thus lengthening the entropy code tables.

1.12  Tail codes. Picture-related data may be transmitted at the end of each picture line
after the identified number of pixel values are transmitted. The presence of tail codes is
indicated by a ONE in bit 99 of the vertical channel. The status of vertical channel bit 100
identifies the meaning of the data sent, as described in note 17 of §1.9.2.1.

1.13  Data in picture. In accordance with RCC/OSG 452-86, data may be added at the left-
hand edge of the picture, appearing as a white dot where a ONE is sent. Pulse duration is
3 ± 1 microseconds, or at least 7 pixels duration at the lowest resolution (128 pixels/line).

1.14  Pixel stagger. Pixel stagger (or interleave) is defined as an operating mode where
alternating lines or fields have pixels delayed by half a pixel interval, so objects in the
picture tall enough to cross two lines in a single field (line interleave) or frame (field
interleave) can be located to half-pixel accuracy, doubling resolution of such
measurements. Staggered transmission is identified by bits 24 and 25 of the vertical
channel (see §1.9.2.1, Note 4).

1.15  Time and date code transmission. Bits 61-98 are assigned for time and date
transmission, as described in §1.9.2.1, Note 15.

1.16  Vertical channel spares, Bits 101 through 238 of the vertical data channel may be
used for fixed data (such as the system identification) or data that changes from field to
field.

2.  Encoder characteristics. Encoders can take any size and shape, so long as they conform
to the HORACE interchange protocol specified in §1 above. Encoders need not be capable
of all output data rates nor all resolutions, and in some uses need not have all operating
modes.

2.1  Output levels. The encoder produces an output at standard TTL levels, and can be
specified to have sufficient drive to operate into 50- or 75-ohm coaxial lines. When an
external clock signal is applied, it should also be at TTL levels, with one unit load (3000
ohms to the +5-volt rail) maximum load.



2.1.1  Auxiliary output interfaces. Other output interfaces may be required to use with
other equipment.

2.2  Input characteristics.

2.2.1  Video signal. The input video signal fed to the encoder should be a standard RS-170
black-and-white signal with one-volt peak-to-peak amplitude for termination with
75 ohms, or as otherwise specified. The video signal may be either AC- or DC-coupled.
Synchronization pulses should be negative. The encoder can operate with NTSC signals
with 525 lines per frame, or with noninterlaced signals consisting of fields with 262 or 263
lines. The encoder accepts vertical sweep rate of 60 Hz ±1%. Color burst should not be
present.

2.2.2  Data inputs.

2.2.2.1  Data lines. Data inputs for data lines (see §1.10) are accepted at TTL levels with
one unit load maximum. The number and maximum length of data lines is fixed at
manufacture.

2.2.2.2  Vertical channel data inputs.

2.2.2.2.1  Timing inputs. Parallel inputs to the vertical input channel bits 60-97, if used, are
provided at time of manufacture.

2.2.2.2.2  Undefined spares. Fixed patterns in the undefined spares positions (bits 101
through 238) are specified at time of manufacture. Variable inputs shall be loaded in
parallel.

2.3  Status indicators. Status indicators can be provided to indicate the status of certain
internal circuits not otherwise easily verified, and video outputs can be provided to drive a
monitor (video display and/or waveform monitor) with the picture produced by the
encoder’s predictor.

2.4  Maximum clock rate. Maximum clock rate is defined by the user. The HORACE
protocol operates at any data rate, but serves little purpose at data rates below 9600 b/s or
above 60 Mb/s.

2.5  User-selectable options. For a given bit rate, the user must select the number of pixels
per line and the frame/field skipping to produce the desired picture quality.



2.5.1  Pixels per line. The encoder has one or more choices for the number of pixels per
line in the highest-resolution mode (when the encoder approaches overload due to picture
complexity, the horizontal resolution is cut in half on selected lines).

2.5.2  Picture skipping.

2.5.2.1  Selected. If field skipping (if available) is engaged, picture quality (i.e., number of
pixels per line and/or use of fallback modes) is increased at a loss of temporal resolution,
which is preferable in some instances. Frame (rather than field) skipping preserves all
vertical detail on interlaced originals, but blurs any object in motion.

2.5.2.2  Variable. If variable field skipping (if available) in engaged, picture quality will be
at the encoder’s resolution mode selected by the user, with no fallback modes used.
Pictures will be sent as often as possible for the resolution selected, hence setting a lower
number of pixels per line will increase the number of pictures (pages) sent.

3.  Decoder characteristics. The standard defined in §1 does not specify a particular
package style for the decoder. When not specifically part of the requirements,
characteristics of the decoder are identified as optional or recommended.

3.1  Operation. The decoder shall operate and produce an NTSC-compatible picture when
fed the data signal and 0  clock signal, without any adjustment, internal or external.o

3.1.1  Input characteristics. Clock and data signals shall be at TTL levels. For other levels
or transmission formats, a bit synchronizer/signal conditioner [BSSC] or line adapter card
(see 3.1.2) shall be used. Input impedance at the TTL ports shall be 75 ohms, produced by
a resistor located near the inputs. When this resistor is removed, input impedance shall be
as a single TTL unit load (3000 ohms pullup) or less. Data polarity at the decoder input
shall be as the encoder output. The decoder shall operate with a rising clock edge
(measured at the 50% point) coincident with and up to 9  following the onset (rising oro

falling edge) of data.

3.1.2  Optional plug-in cards. Provisions shall be made on the decoder to allow use of
plugin cards to facilitate certain additional uses or interfaces on the decoder. These
functions may also be provided by separate boxes, connected to the decoder inputs and/or
outputs.

3.2  Operating bit rates. Any decoder shall have a specified maximum operating data rate.
No minimum data rate need be specified, but data rates have a lower limit because of
practicality. Any decoder shall operate at any rate up to and including the maximum rate,
when a clock signal of appropriate frequency and phase is presented to it.



3.3  Pixels per line. The decoder shall respond to signals with 128, 225, 236, 320, 450,
512, 640, and 900 pixels per line, and adjust automatically to display any of these rates
received. Decoders with a maximum input data rate of 20 Mb/s (see §3.2) are not required
to decode 512, 640, and 900 pixel per line inputs unless specified at the time of purchase.

3.4  Interlace. Input signals containing alternating field information (see 1.9.23, Note 5)
shall be reproduced with interlace in the correct order. Signals containing one field only
shall be reproduced without interlace or by replication on alternating vertical sweeps. Line
interpolation shall not be used.

3.5  Status indicators. The HORACE protocol is such that status indicators can be
provided on the decoder to indicate proper operation and modes of operation when an
input signal is present.

3.6  Environmental conditions. Decoders are normally intended for rack mounting
applications in a benign (generally manned) environment. Nothing in the standard prevents
manufacture of smaller environmental decoders; smaller or more rugged decoders can be
made if the maximum bit rate and number of modes and outputs is reduced, thus executing
a smaller subset of this standard.

FEATURES OF HORACE

The HORACE protocol is an adaptive system, which adjusts gray-scale and horizontal
resolution on a line-by-line basis to provide the best possible picture without overloading
the transmission channel. If the (user-selectable) full-scale horizontal resolution is selected
correctly, “most” pictures can be sent with a minimum use of the lower-resolution fallback
modes. If higher resolution is desired than can be obtained at the bit rate selected, frame or
field subsampling can be used to get higher picture quality at a fixed bit rate. The variable
frame/field transmission rate is generally set to operate in the highest resolution mode only,
transmitting a new picture anytime the channel can accept another. When picture
subsampling is used, the decoder displays the last picture received until replaced (during
vertical blanking) with a new one.

The HORACE protocol is coded in the horizontal direction only, so no degradation of
vertical resolution occurs. No interframe coding is used, which would blur of objects in
motion.

When high-resolution measurement of the space between two objects or the distance
between an object and either edge of the screen is critical and the resolution of the original
picture is high enough to warrant it, pixel stagger can be engaged. When line stagger is
engaged, the beginning pixel on even-numbered lines in a single field is delayed by one



half pixel period on the original encoding and on the display. Objects that are at least two
lines tall in any field can thus be resolved in horizontal position by half a pixel period,
creating 1800 distinct locations when 900 pixel-per-line transmission is used. The
resolution thus obtained, even with 256 pixels per line, generally exceeds that obtainable
with analog transmission links and analog tape recorders, and many CCD-based cameras.

The HORACE signal is a highly-compressed version of the original analog video signal,
and consists of variable-length words and lines to make best use of the data channel. Long
runs of ONEs can result from the compression algorithm, and the distribution of ONEs and
ZEROs is not symmetrical. As a consequence, bit slippages and lack of low-frequency
response introduce system errors and decrease overall data quality. Consequently, a stable
clock is required on systems where data dropouts may occur, and use of randomization or
encryption of the type that will produce high transition densities for any data and remove
DC components is advised. Experimentation has shown, however, that operation in an
AC-coupled system without randomization is possible.

The HORACE protocol allows transmission of data not intended to be part of the picture
display in two ways: (1) One or more lines of data may be transmitted in between fields of
the picture. The number of lines transmitted is fixed at the time of manufacture of the
encoder; line length, which can be from one to 1024 bits per line may be fixed or varied
depending on the type specified. Loading of the data on data lines is serial, with a
strobe/clock stepping in the data serially from an external (user-supplied) buffer. External
buffer fullness can be used to modify the number of bits transmitted on any set of lines.
When the number of bits per line is allowed to vary (if more than one data line is used, all
must be of the same length) the change in line length transmitted on bits 43 to 52 of the
vertical channel (see next paragraph) pertain to the transmitted page that follows, not the
data lines transmitted at the end of that page. A single data line of 933 bits and a 60
page/second rate (no field skipping) can supply a T-0 data or voice signal. (2) Bit one of
the format word that follows the horizontal synchronization character is used to produce a
data channel which has one bit per picture line, or 240 bits per page (bit one in data lines,
if present, is not considered to be part of the vertical channel thus defined. Some of the
vertical channel bits are constrained or serve various housekeeping channels (see 1.9.2.1);
others are available to the user for external parallel inputs if specified at the time of
encoder manufacture. Vertical channel bits 61-98 are assigned for use in transmitting time
codes; bits 101-238 may be used for other data.

The HORACE protocol allows transmission of data signals added to and intended to be
part of the picture, so long as those signals are not wholly nor in part located within the
vertical or horizontal blanking interval. Vertical edge coding, per RCC 452 is supported.
Data codes in picture lines below line 23 are removed by the encoding process and cannot
be used for data transmission.



The user determines the bit rate and pixels per line when setting up the HORACE encoder.
The standard supports pixel-per-line resolutions from 128 to 900, although not all choices
may be present on all units. The decoder will automatically determine (from the codes
transmitted in the vertical data channel) what is being sent and adjust to decode and
display it accordingly. The user sets the data rate, by selecting any of the several internal
clock rates available on the encoder, or feeding the encoder an external clock if the
encoder is to be driven in synchronization with something else (the camera, a computer, a
channel bank, etc.). The user selects whether pixel stagger is to be engaged or not, and
frame/field subsampling used.

Since the HORACE system is adaptive, it strives to present the best picture possible for
any scene. To determine the highest rate needed for any combination, one assumption is
made: the eight possible brightness changes allowed, can be represented by a three-bit
number (because eight is two to the third power), are distributed in such a way that
entropy coding is at least as good as sending the codes as three-bit numbers. (In a complex
(“busy”) picture, the figure for a HORACE-encoded picture is on the order of 2.2 bits per
pixel). Then the bit rate needed for any given horizontal resolution is calculated by taking
the nineteen-bit overhead on each line, (8-bit sync, 10-bit format, one-bit fill terminator)
plus three times the number of pixels per line, and multiplying the result by 240 (the
number of lines per field) and multiplying by 60 (the nominal number of fields per second).
By so doing, we obtain:

Pixels/line Required bit rate

900 39,153,600
640 27,921,600
512 22,392,000
450 19,713,600
320 14,097,600
256 11,332,800
225   9,993,600
160   7,185,600
128   5,803,200

The HORACE system, when operating on a totally black screen input, uses only one bit
per pixel because of the entropy coding (since “no change” is the most likely value of the
“next” pixel and each line starts at black). These values are:

900 13,233,600
640   9,489,600
512   7,646,400



450   6,753,600
320   4,881,600
256   3,960,000
225   3,513,600
160   2,577,600
128   2,116,800

Variations in the vertical sweep rate will change the numbers shown; variations in the
horizontal rate do not affect these numbers. If tail codes or data lines are added, these
figures will increase.

When the picture gets too “busy” to allow full resolution at the given pixel rate, the
encoder goes first to a more coarse quantization (reducing the number of steps in the gray
scale) on a line-by-line basis, then switching to a two-bit-per pixel code without entropy
(thus the number of bits per pixel is fixed at two), and finally to a horizontal subsampling
which decreases the number of pixels per line by a factor of two. “Fill” bits are added to
selected lines to make the data rate stay constant. At the lowest resolution fallback mode
rate (i.e., two bits per pixel, horizontal subsampling), if engaged for all lines, the data rates
are the same as the second table.

On a “real” picture, the required number of bits will be somewhere between the two sets
of values, since almost any picture contains areas where there are no contrast changes. For
a given number of pixels per line, a bit rate between the minimum and maximum values
shown in the tables above is the proper choice; experimentation with the actual input
picture will determine what will work most optimally. A system with a 5.1 Mbit data rate
can produce a slightly better picture than one with a 5 Mbit/second rate. No specific rate is
“golden”; the system can be used on whatever rate is available that will cause an
acceptable picture.

With frame- and field skipping, the channel bit rate may be greatly reduced. The reduced
temporal resolution rate allows greater latitude for horizontal resolution. Sending
alternating fields (ie., every second field) reduces the motion rate to 30 per second, still
higher than motion picture film.

Variable field skipping may be used when full horizontal resolution is desired but motion
is not a serious concern. When variable skipping is engaged, a full resolution, entropy-
coded picture is sent at the (fixed) data rate and then no picture is sent until a complete
picture can replace the last one sent in the encoder buffer. The decoder outputs the last
complete picture received until the next is received. Because entropy coding is used, time
required to send a picture is a function of the data rate and picture complexity, but should
generally be less, as much as one-third the time, necessary to transmit a picture at 3 bits



per pixel. For a 256 pixel/line picture, and assuming three bits per pixel, a single field
contains (19 + [256 X 3]) X 240 = 188,800 bits; at one bit per pixel the number is 66,000
bits. At the 56 kb/s rate proposed for ISDN, then, pictures could be transmitted at a rate of
one every two seconds or so. At the T-1 rate of 1.544 Mbits/second, about ten pictures
could be transmitted per second, approximating what many teleconferencing systems do.

When the channel to be used dictates the bit rate, the HORACE system can be externally
clocked to operate at whatever data rate is available, including the standard T-3 rate of
44.736 Mb/s. The signal produced by the HORACE encoder does nor produce long runs
of ZEROs, which can cause trouble in maintaining synchronization; long runs of ONEs are
possible, but do not cause a synchronization problem because of the alternating polarity of
ONEs in such a system. At the 44.732 Mb/s rate, a 900-pixel/line signal can be sent, about
twice the resolution available with good NTSC equipment. With pixel stagger, resolution
of 1800 points is possible. Even at this highest resolution rate, two pixels can differ by the
maximum jump value, or nearly half the distance from full black to white. Such a system
requires utmost care in selection of cameras and video displays, and cannot be recorded on
any known analog videotape recorder. At the T-3 rate at least 4 Mb/s is available or data
transmissions between fields as described in §1.10 of the standard.

CONCLUSIONS

The HORACE standard, with extensions for color and three-dimensional images, is a test
range standard that will allow interchange of data between and within ranges through
various systems. Because it is a published standard, multiple vendors are anticipated. RCC
publication of the standard will occur in late 1988.
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ABSTRACT

This paper will attempt to present algorithms commonly used for video compression, and
their effectiveness in aerospace applications where size, weight, and power are of prime
importance. These techniques will include samples of one-, two-, and three-dimensional
algorithms. Implementation of these algorithms into usable hardware is also explored but
limited to monochrome video only.

INTRODUCTION

Compression is possible in video images because of pixel redundancy in those images.
This redundancy is, in a way, a measure of entropy. The more entropy a video image has,
the less it can be compressed. There are several useful methods for compressing images
with one-, two-, and three- dimensional algorithms--each method more complex than the
last. One of the largest problems facing the future of digital video in aerospace applications
is the lack of a recognized standard. Typical examples of the most common of the many
available techniques are presented in the following sections. The last sections will cover
how these techniques relate to realizable aerospace hardware.

One-Dimensional Spatial Redundancy Reduction Techniques

Differential Pulse code Modulation (DPCM), is sometimes referred to as predictive
encoding and is by far the most popular and simple spatial redundancy algorithm technique
used today. Though apparently very simple this technique, when implemented to achieve
large compression ratios and high image quality, is more complicated than it would first
appear. Compression ratios of 4:1 are quite common with 8:1 being about the pragmatic
limit. The DPCM algorithm is often combined with entropy or Huffman encoding to
achieve these higher compression ratios.

The terms “predictive quantizing” and “differential pulse code modulation” (DPCM) are
used interchangeably and will describe a special kind of predictive communications system



coding. A predictive communication system is one in which the difference between the
actual signal and an estimate of the signal, based on its past, is transmitted. Both the
transmitter and the receiver make an estimate or prediction of the next pixel value based on
the previously transmitted pixel(s) using a set of previously defined rules. The transmitter
subtracts this prediction from the true value of the pixel and transmits the difference. The
receiver adds its pixel prediction to the received difference signal, yielding the true pixel. 
Highly redundant signals, such as television, are well suited for predictive transmission
systems because of the accuracy possible in the prediction thus yielding a small difference.
A one dimensional DPCM system only computes or transmits differences based on
previous pixels occurrences from the same line. A block diagram of systems of this type is
shown in Figure 1.

ADAPTIVE OR VARIABLE LENGTH DPCM

The most prevalent shortcoming of traditional DPCM techniques is slope overload. Slope
overload occurs when a predictive quantizer encounters a large unexpected change of the
data that cannot be closely predicted. These large prediction errors cannot be properly
quantized by traditional DPCM fixed length encoders. Properly implemented VLDPCM
can effectively eliminate the slope overload limitation of DPCM.

In traditional DPCM, a fixed number of bits is used to encode the value of the current pixel
by quantizing it into one of 2  possible quantization levels centered around the predictedn

pixel value. Extensions of DPCM schemes in which the predictor and/or quantizer are
adaptive to the local characteristics of the image are sometimes called Adaptive DPCM
(ADPCM) or Variable Length DPCM. Substantial compression gains can be achieved by



making the number of bits sent for each pixel adaptive on the basis of information from the
neighborhood. In smooth regions of the image, fewer quantization levels are needed to
encode most pixels. A large change in the intensity level is always a possibility and in
traditional DPCM would cause slope overload. A means of estimating the number of bits
required for a given pixel, and of encoding an unexpected change if it occurs, would be
useful for keeping the image quality high while keeping the number of bits transmitted per
pixel low.

One effective solution to this problem is to use an error-bit to specify whether or not the
estimated number of bits required to code the next pixel is sufficient. This pixel-by-pixel
adaptive approach is simple and efficient. To estimate the number of bits required to
encode a given pixel, an estimate of the degree of smoothness around the pixel must be
made. The estimate of the smoothness in the area of the predicted pixel is made from the
deltas of previous pixels. If the maximum error between the predicted value and the actual
value for a number of local preceding pixels is used to estimate the maximum expected
error this can be used as a measure of smoothness.

Smoothness = MAX value of (error pixel 1,...,error pixel n)

Smoothness is then used to select the estimated number of bits required to encode a given
pixel. The value of smoothness determines a range of expected quantization levels around
the predicted pixel value. If the actual intensity value is within this range the predicted
number of bits (possibly 0) is used. The table below illustrates the allowed levels for
various values of smoothness. Q1 to Qn are quantizer levels.

Smoothness Additional Quantizer Max Prediction
value bits/pixel Levels Error

0, 1 0 0 THR
2 1 +/-1 (Q1 + 02)/2
3 2 +/-2 (Q2 + Q3)/2
4, 5 3 +/-4 (Q5 + Q6)/2
>5 4 +/-8 (Q8 + Q9)/2

For a given smoothness, if the pixel error is less than the maximum value, the given
number of bits/pixel plus a “0” error-bit are used to encode the pixel. Otherwise, a
different code scheme is implemented to reach the quantization levels outside the expected
range. If smoothness is less than two, the only expected quantization level relative to the
predicted pixel value is 0. In all other cases, an even number of quantization levels
arranged symmetrically around the value of predicted pixel value is used. When the error-
bit is “1”, the predicted number of bits is inadequate. A code word is then constructed



consisting of a sign bit followed by a “0” for each quantization level skipped, and
terminated by a “1” at the desired quantization level. The table below illustrates the pattern
of code words for smoothness value of 4.

Pixel error Additional code bits
value

+Q6 10001
+Q5 1001
+Q4 101
+Q3 11
-Q3 01
-Q4 001
-Q5 0001
-Q6 001001

The error-bit, if left uncompressed, would set a lower bound on the DPCM coding of
1 bit/pixel. When entropy coding is used to compress the error-bits, however, coding rates
well below 1 bit/pixel are possible in smooth areas of the image.

HUFFMAN ENCODING

Huffman encoding is a method of transforming a stream of PCM data into a stream of bits
containing the least amount of redundancy. This technique is sometimes referred to as
entropy encoding. The principles governing the operation of this algorithm depend on
knowledge of the statistics of the source that is to be encoded. In other words, more
probable characters can be given shorter length codes and less probable characters can be
given longer length codes. Developing a good statistical representation of the source data
is done by collecting statistical data on a very large sample of data and developing a code
book. Blocking the input data and calculating the probabilities of the characters in each
block (Blocked Huffman), or by keeping a running count of the encoded characters and
predicting that similar statistics will follow (Adaptive Huffman), are other ways to use
Huffman coding. The Statistical Huffman technique is most widely used for video
transmission because the statistics of the data (video) are easily gathered, and since they
are required to be known before encoding, they need not be transmitted. The Blocked
Huffman is a “two pass” algorithm and requires that the tree structure (or code book) be
stored and transmitted along with the data. This technique is also popular in video
compression schemes with the code book being transmitted every line, field, or frame.



Two-Dimensional Techniques

Two dimensional techniques introduced by this paper will be 2D-DPCM, transform
techniques, and fractal geometry techniques. The most promising techniques for two-
dimensional video compression, both from an airborne hardware and compression ratio
standpoint, are two-dimensional predictive techniques and two-dimensional transform
techniques. The first method is the simpler from a hardware point of view, but the latter
methods, while more complex with relation to hardware, yield much higher compression
ratios.

Two-Dimensional Predictive or DPCM Techniques

The two dimensional DPCM approach we describe in this section achieves both high
quality and compression ratios only slightly better than other sophisticated DPCM
techniques. As with most DPCM schemes, the first field is coded recursively, in raster
scan order, from left to right. The decoder, when reaching the location of the current pixel,
has access to all intensity values of the reconstructed image including history pixels above
and to the left. The values of the reconstructed intensity of previous pixels around and
above (from previous lines) could be used to construct the intensity of the current pixel.

In traditional DPCM, a fixed number of bits, n, is used to encode the value of the current
pixel by quantizing it into one of 2  possible quantization levels centered around thisn

predicted value. A set of quantization levels derived from psychophysical experiments
which gives excellent image quality using 5 bit DPCM is 0, 2, 5, 8, 13, 20, 27, 36, 47, 59
72, 86, 100, 116 and 128.

This technique, though improving The accuracy of the predicted value and therefore
requiring fewer bits to encode differences helps somewhat, but compression ratios more
than 8:1 are beyond reasonable application of DPCM.

Transform Techniques

Various transforms exist that can be computed with “fast” algorithms. Some of these, the
Walsh-Hadamard transform (WHT), discrete Fourier transform (DFT), Haar transform
(HT), and the slant transform (ST), are all orthogonal transforms that can be computed
with fast” algorithms, and have been considered for various compression applications. The
performance of these transforms is generally compared with that of the Karhunen-Loeve
transform (KLT) which is known to be optimal with respect to the following performance
measures: variance distribution, estimation using the mean-square error criterion, and the
rate-distortion function. Although the KLT is optimal, there is no general algorithm that
enables its fast computation.



A discrete cosine transform (DCT) is also interesting as a compression algorithm because
it can be computed fairly quickly. The DCT can be computed with one of several “fast”
algorithms, called Fast Cosine Transform (FCT) algorithms. One of the most efficient that
has been developed is based on the FFT. It can be shown that the performance of the DCT
or FCT also compares more closely to that of the KLT relative to the Performances of the
DFT, WHT and HT.

The performance of the DCT with KLT, DFT, and the identity transforms, can be
compared using the rate-distortion criterion. This performance criterion provides a measure
of the information rate that can be achieved, while still maintaining a fixed distortion, for
encoding purposes. Using this criterion it can be shown that the KLT and DCT compare
more closely than the KLT and DFT.

DCT distortions are graininess, loss of edge detail and a blocked appearance. The
graininess and loss of edge details are associated with the loss of or incorrect quantization
of the higher frequency components through quantization. When these components are
eliminated, edge details become less sharp. When the higher frequency components are
incorrectly quantized, a grainy or noisy pattern occurs. The blocked appearance is
associated with implementation of small transformation: sub-blocks. The boundaries
between the sub-blocks become apparent because of the different quantization
characteristics within each sub-block.

FRACTAL Geometry Techniques

Researchers at the Georgia Institute of Technology have developed compression methods
that can reduce the amount of information needed to store and reproduce digitized images
by a factor of more than 10,000. The technique was developed by mathematics Professors
Michael F. Barnsley and Alan D. Sloan using fractal geometry.

Using stored fractal codes to generate geometrical shapes that are compiled to simulate
landscapes is not new, and has been used by cinematographers for generating special
effects since large super computers used for image processing have been available to the
motion picture industry. However, Barnsley and Sloan have developed the ability to start
with an actual image and then find fractals that will reproduce the image to almost any
level of detail required. The result is a highly compressed, image reproduction data set.

The process begins by taking a digitized image of the subject. The image is then broken up
into segments using image process techniques that include edge detection and texture
variation analysis. The segments are then checked against a library which contains
relatively compact sets of numbers called iterated function codes that will reproduce the
fractals required to develop the image segment. The library is cataloged so shapes that



look similar are located closely together with nearby codes corresponding to nearby
fractals. The structure of the catalog permits automated library searches for fractals, which,
when combined, will approximate the segment.

Once the iterated function codes are found for each segment the original digitized image
can be discarded and the codes transmitted. To reproduce the image, the received codes
are put into a random iteration algorithm. The algorithm will produce the same image
repeatedly, independent of the sequence of random choices that are made.

Selection of the proper iterated function codes is currently very time intensive, and the
image encoding and decoding process requires a great deal of computations. Presently,
complex images require many hours to encode and decode using hardware and techniques
available today.

The major draw back of fractal geometry techniques is the “cartoonish” quality of the
reconstructed images. This distortion is usually considered acceptable for military
aerospace application such as target recognition or surveillance.

Three-Dimensional Techniques or Temporal Redundancy Reduction

Inter-frame coding is used to remove redundancies between consecutive frames. This is
usually achieved by applying DPCM on the temporal axis. Thus, a prediction of the current
frame, based on the previous frame, is used to exploit the correlation between frames. This
prediction can further be improved by motion compensation. The displacements of objects
in the image can be estimated and taken into consideration by the predictor to help
minimize prediction errors. The resulting prediction error can then encoded via an intra-
frame technique such as transform coding or predictive coding.

Displacement estimation is required to compensate for moving objects in the scene. Most
of the displacement-estimation algorithms fall into one of two groups: recursive algorithms
and block-matching algorithms. With pixel-recursive algorithms an initial estimate is
updated iteratively, while the recursion may be horizontal, vertical, or temporal. The
displaced frame difference (DFD) is defined as the difference between a pixel and the
corresponding previous frame pixel, shifted by the displacement estimate. The pixel-
recursive algorithms minimize DFD.

Block-matching consists of defining a block of pixels in the current frame and correlating
it with pixels within a search area in the previous frame. The best match is located at the
point of the correlation peak. In practical applications, maximizing the cross-correlation
function may be replaced by minimizing the mean square error or the mean absolute 



difference. To reduce the number of steps in finding the best match, several search
techniques can be used: 2D-logarithmic search, three-step search, and modified conjugate-
direction search.

Availability of Promising Techniques as Aerospace Hardware

Many types of compression hardware are available today using a multitude of algorithms
that all claim to be the best available. Most of the available hardware is large and not
rugged enough for many aerospace applications. Much of the video compression research
and hardware development has been done by commercial industry in search of the “Dick
Tracy” video phone which will potentially replace the standard telephone. Aerospace
applications have benefitted from this work as well as also benefitting from developments
in military electronics in the general field of signal processing. Aerospace hardware
employing DPCM is available today with DCT hardware in development today, and more
advanced 3D hardware in the algorithm and breadboard stage.

DPCM

Aerospace hardware implementations of DPCM techniques are available today from more
than one company. One-dimensional Variable-length DPCM has been implemented on
VLSI chips, and is the heart of a real-time, video compression machine capable of
compressing real time video down to 8.8 Mbps and less. This same hardware has built-in
encryption and a multi-rate modem capable of bit rates down to 1.1 Mbps. These lower bit
rates are achieved by decimation of video stream. This hardware is 120 cubic inches,
weighs 5.5 lbs, and consumes about 20 watts of 28 Vdc power.

TRANSFORM CODING

The transformation itself has always been a computational “bottleneck” in real-time image
coding. General purpose digital signal processing chips are becoming more commercially
available every day, and some special purpose signal processing chips optimized for
DCT’s or FFT’s are presently available as standard chips. Chips available for this function
today are slow in relation to real time video, or 8 megapixels per second, and must be used
in tandem to process blocks of pixels in parallel. This makes this technique very
expensive, power-hungry, and larger than DPCM hardware available today. Hardware of
this type, if built today for aerospace applications, should achieve compression ratios of
20:1, in a package of 100 to 200 cubic inches, weighing about 6 pounds, and consuming
about 75 to 100 watts of 28 Vdc power. It is estimated that military transformer chips
capable of speeds usable with real time video will be available within 1-2 years.



INTER-FRAME CODING

This technique is very promising since it can achieve compression ratio as high as 100:1
and would allow transmission of full frame real time video with a channel bandwidth of
less than 1 Mbps. VLSI designs for displacement estimation are becoming possible with
existing technologies. Special purpose motion-compensation chips may be available within
2-3 years. Algorithm simulation and optimization work is in progress today and more
rudimentary algorithms are presently being breadboarded as the first step to aerospace
applications. As with hardware described above initial 3D hardware will be more complex
than 1D or 2D hardware when introduced, since it will more than likely be a combination
of these techniques. This complexity will translate to larger boxes consuming more power.
More than likely initial 3D hardware will not employ motion compensation but will be a
combination of 2D wit 1D added temporary. The need for this hardware is very real and is
driven by the continual decrease of available RF bandwidth.

CONCLUSION

In this study, one-, two-, and three-dimensional video compression techniques have been
explored and hardware implementation of both current and potential techniques has been
considered. Because a great deal of research and design is presently dedicated to
improving methods of video compression, this paper has sought to present algorithms
which are now commonly used for video compression techniques, as well as those
techniques that hold promising possibilities for future application into telemetry systems.
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ABSTRACT

The Wideband Data Protection Program was necessitated from the need to develop
digitized, compressed video to enable encryption.

BACKGROUND

In 1980 the Office of the Secretary of Defense released memorandums requiring all
Department of Defense and Navy activities to protect weapons systems by encrypting data
during all test and evaluation programs. There is existing technology to protect telemetry
data and voice communications. However, the area of video protection is very limited.

A poll was taken of the tri-servicc community addressing the requirements for the
protection of wide bandwidth data. It was determined that there were three basic areas of
wideband video: missile/aircraft, metric, and surveillance.

At the time of the survey comments and inputs as to useful data rates were solicited. None
were received, thereby causing NWC to determine the data rates desired. In as much as
the program was being undertaken by the Telemetry Program Office, 5, 10, 20 and 40
Mbps were chosen because of telemetry interests. These data rates can be whatever the
user desires, from below 9600 to over 70 Mbps. All the user need do is specify.

REQUIREMENTS

Requirements for a video protection program had to be identified and defined. Through
research and survey these requirements were determined to be:

a.  To produce a video compression system which would accept and produce a standard
Electronic Industries Association RS-170/National Television System Committee (NTSC)
television video signal.



b.  To convert the video signal to a single binary serial (NRZ) non-return to zero bitstream
for transmission through any digital channel.

c.  To have the desired system adaptive in the sense that veritical and horizontal resolution,
as well as grayscale and perhaps field rate resolution be a function of picture complexity.

d.  Since the maximum bit rate is limited by channel capacity, no variable bit rates would
be acceptable, but a synchronous idle signal would be allowed for full system resolution
with even the simplest pictures.

e.  For the applications in missile/aircraft and metrics, motional blur is not acceptable, so
inter-frame dependency is not allowed.

f.  The system was not required to “drop” frames or fields. (This is an NWC requirement
that will be discussed later.)

g.  The digitizer in all cases must provide the data and a 0E clock signal at 75 ohms
impedance and at TTL levels to the encryptor transmission channel.

h.  At the receiving end the signal would be converted to a standard NTSC picture for
display and/or recording on standard, unmodified NTSC equipment, or recorded in digital
format either encrypted or decrypted, when and if a digital recorder was desired.

i.  All systems decribed were to operate in black and white (monochrome) only, with a
possible “compatible” color extension.

DEVELOPMENT OF A SYSTEM

Once the requirements had been identified, a Statement of Work was written. Five
proposals were received and a contract was awarded to Delta Information Systems, Inc.
(DIS), of Horsham, PA. DIS developed a brassboard system (see Figure 1) that could
operate at 5, 10, 20 and 40 Mbps that was delivered to NWC in August of 1986. Tests
were performed in a variety of areas to determine the versatility of the system for the many
intended uses. This system was designed and developed to comply with protection/
encryption of video data. Much care and thought has gone into interfacing with other types
of video systems, even though this was not the original charter of the program. RCC 209-
88 which NWC, in particular, James Rieger, wrote for the Range Commanders Council
Telecommunications Group (RCC TCG) specifies interface capabilities.



The 40 Mpbs feature of the DIS system has been discontinued for NWC telemetry uses,
but the capability is still in existence for anyone who would care to specify it in their
procurement. At 44.736 Mb/s a black and white picture for superior to standard NTSC can
be produced.

Bit rate selection depends on what channel capabilty is available, what picture quality is
desired, and what use is to be made of the picture. Above a certain bit rate (70 Mbps) no
further picture quality will be apparent without some compatible extensions to the
grayscale choices. However, the picture produced at 44.736 Mbps with a quadraphonic
hi-fi soundtrack and color is well beyond the current capability to display, record, or
produce.

The Wideband Data (WBD) development has been a three phase program. Phase I was the
feasability/engineering model. In this phase it was determined through a brassboard
demonstration that video compression/expansion could be achieved with the requirements
specified.

Phase II was the development/prototype stage. The brassboard was taken two steps
further, 1) to a ground station capable of transmitting and receiving up to 20 Mbps of data,
2) to a vehicular model, 40 cubic inches in size, and capable of 5/10 Mbps transmission,
with reception at the ground station. Phase II enabled the writing of specifications for
procurement of compressor/expandors to a users needs. The specification calls out five
different model/types of compressors; Type I, rack-mount unit; Type II, 40 cubic inch with
connectors; Type III, 12 cubic inch with connectors; Type IV, tar-block with pins and
headers; and Type V, hybrid package (see Figures 2 & 3). The decoder specification is
compatible with all types. The specification has also been expanded into RCC 209-88
Standard for Digital Transmission of Television Images.

Phase III is the development of a 12 cubic inch compressor to be delivered in FY 89.
Phase III is also to verify that systems can be built to and compatibile with the NWC
specifications 2421 (Encoder, Digital Video) and 2422 (Decoder, Digital Video).

FEATURES

As the program progressed it became evident that the ability to drop fields or frames could
have some useful applications. Since the bandwidth is so limiting in the Major Range Test
Facility Bases (MRTFB), it is possible to process the video at the 10 Mbps rate, transmit
every other frame, and receive at the 5 Mbps rate as an example. This allows the user to
visibly have the 10 Mbps quality and yet save half the bandwidth. This works well on
aircraft transmissions, but is not acceptable for some missile applications. The system has
two modes; the capability of skipping every other field or frame. every third, fourth, etc.,



down to every sixteenth field or frame; and a variable rate where the encoder transmits the
picture with the full selected horizontal resolution and with entropy coding. This also
allows transmission of a new field or frame whenever the buffer is low enough to handle a
complete new one. This feature could be particularly useful in the teleconferencing
community or for surveillance.

A number of “lines” of data (of fixed or variable length) may be transmitted between
fields. The maximum line length is 1024 bits. Each line sent has a bit rate of up to 61,440
b/s. Multiple lines can be used to increase this rate limited only by the requirements of the
channel. This line length can be varied so that an enternal data buffer can be kept near half
full. Data related to be picture is of fixed length, and may be strobed into the encoder
between fields, when the camera shutter (if on is used) is open. Camera position, sound
and data can be transmitted in this way.

Slowly varying date can be transmitted in the 100+ bits available at a rate of one per line in
the picture on those lines where the “vertical channel” is not otherwise assigned. Vertical
channel data bits are normally accepted in parallel and stobed at the start of the vertical
sweep.

ERROR MANAGEMENT

In some digital TV sources, transmission ends abruptly. To correct errors that are more
than one bit-time in length, data must be transmitted in a different order than generated, to
allow recovery, which introduces delay. The better the error correction technique, the
greater the delay. Any data not sent is lost--so delay should be avoided.

Depending on which data is received incorrectly, missing data will cause a disturbance on
the picture produced by the compressor/expander. The more data is compressed, the more
serious the loss. The WBD development system contains no vertical sync. Therefore, a lost
vertical sync pulse cannot occur. If an error occurs in the transmission of a horizontal line,
it will either be in the horizontal sync character, the next ten bits (which has
synchronization and housekeeping data) or in the fill or data bits that follow. Since the
sync signal is a small portion of the total, isolated errors will rarely be in the sync area but
in the video data, causing the rest of the line after the error to be improperly decoded.
Most objects appearing on the screen are at least two lines tall. Therefore a loss is
unfortunate--not fatal.

Errors occurring in the synchronization header will cause a loss of an entire line and some
picture tearing may be evident. Use of encryption will irritate this condition. The amount
of error mitigation in the decoder can be increased if characteristics of the transmitted
picture are known. Replacing a bad or missing line (or part of one) with the appropriate



portion of the previous line or an average of the previous and succeeding line (called
vertical “interpolation”) can be implemented. However, this may not be appropriate if data
fidelity is more important than cosmetics. Recovery algorithms are not part of the WBD
development system but these provisions could be included if the user so desired.

If data correction is implemented, it would almost certainly be after encryption. If error
correction were implemented before encryption, very little error correction would be
possible. NWC is not aware of any such systems in use at this time.

LIMITATIONS

Limitations currently exist at various MRTFB ranges which precludes the use of the full
capabilities of the WBD compressor/expander. NWC has a 5 Mb/s telemetry ground
station bandwidth capability. The WBD development system will exceed this. None of the
MRTFB ranges currently has the capacity to transmit and receive over 5 MHz of
bandwidth. There are also problems in that recording of information is limited due to the
low bandwidth digital tape recorders on the market and the lack of standards relating
machines to higher bandwidth capacities. NWC is currently under contract to procure a
digital tape recorder written to a statement of work identifying our needs. It is anticipated
this effort will finalize in a standard enabling range wide compatibility.

EXPANSION/ADDITIONS

While the WBD development system provides a signal which is optimum for certain
purposes, certain extensions or modifications can be made to optimize the transmitted code
for other purposes.

COLOR

Because the response of the eye is lower to color changes than to changes in brightness, it
is possible to greatly restrict the color separation image compared to the black and white
representation of the scene. In the WBD development system, low resolution color
separation signals will be transmitted at the end of each line rather than simultaneously as
it is in NTSC. If the color is derived from and displayed as a three-color signal, it may be
free of some of the artifacts which identify an NTSC-multiplexed signal. Color images
contain three picture-like signals, each a black and white image. When combined through
the appropriate color filters, this produces a picture which resembles the color of the
original scene. The differences between three color separations are considerably smaller
than the differences between three totally different images. The resulting color would be as
acceptable as NTSC encoding.



NWC currently has a Small Business Innovative Research contract with Optivision, Inc.,
of Davis, California. Optivision is implementing the color feature into the WBD
development system. When completed, the color standards will be added to the RCC 209
standard by revision.

ANAGLYPHIC IMAGES

Anaglyphic images are stereo pairs generated from aiming two synchronized cameras,
horizontally spaced a small distance apart. They are then aimed at the same scene in such a
way that objects at “infinity” make identical pictures. Objects that are closer to the
cameras appear displaced in the horizontal direction. The displacement increases as the
objects get closer, hence, displacement is a measure in the third dimension. Either picture
can be used to determine the first two dimensions. Viewing the image is done with a two-
color screen and red and blue glasses; on two side-by-side monitors with a mirror box used
to reduce eye strain; or by alternating the views and using glasses with alternating shutters.
If alternating fields are used in the latter case, the NWC/DIS system may be used with no
degradation. In simultaneous transmission the difference between the two scenes is small
and is the result of horizontal displacement only. Transmitting the difference in the tail
codes permits the entire system resolution to be used on both pictures without significant
overhead. If a requirement is identified, the standards for anaglyphic separation with be
added to RCC 209.

CONCLUSION

The WBD development system has demonstrated the capability of digitizing. compressing
and expanding video enabling encryption. Further study continues to improve product,
integrate upgrades, and address other video protection needs.
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ABSTRACT

This paper presents a working Variable Length Differential Pulse Code Modulation
(VDLPCM) video compression/decompression and encryption system. Included are theory
of operation and performance characteristics, as well as a study of packaging problems
which arise from using this hardware for severe environmental applications. No classified
issues are covered.

INTRODUCTION

Recently, an improved algorithm for video compression was formulated, simulated, and
implemented. Utilization of this algorithm avoids many of the problems associated with
classical DPCM. The VCS-500 VLDPCM video compression/decompression and
encryption system, was developed by Loral/Conic and successfully uses this improved
algorithm to compress full frame rate, real time video into an 8.8 Mbps encrypted bit
stream. Many user programable features were built into this hardware, including a multi-
rate modem. This variable bit rate feature enables the user (through an RS-232 port in both
the airborne and ground equipment) to select a wide variety of frame rates and horizontal
or vertical resolutions. These are used to reduce the transmission bit rate to as low as 1.1
Mbps. This hardware uses a proven card set employing the KGV-68 to provide encryption
if required. All necessary TEMPEST safeguards have been employed to protect the
encryption process. This equipment conforms to all NSA requirements for this class of
equipment and has passed all required NSA testing. Packaging that allows the airborne
Data Compression Unit (DCU) to withstand harsh airborne environments was a prime
consideration during the development of this system.



SYSTEM DESCRIPTION

This section provides a detailed system description, and includes the theory of operation,
hardware implementation, and a module-by-module description of this off-the-shelf
hardware. It should be noted that the ground Data Expansion Unit (DEU) was designed
and built with both airborne and ground applications in mind. To date only the ground
DEU has been built, but the airborne package for the DEU is currently in development.

Description of the Compression Algorithm

An evaluation of existing compression algorithms found them unsatisfactory in several key
parameters: excessive “smearing” and loss of contrast due to slope overload, loss of
“shading” detail due to quantization noise, and lack of standardization features needed to
allow easy compatibility with higher-level algorithms. To overcome these deficiencies, an
improved algorithm was developed and incorporated into this hardware. This algorithm
uses an 8-bit (instead of 7) A/D converter to provide higher dynamic range and shading
detail. Full frame storage (512x5l2x8) is also used to insure a fixed image for processing,
thus inhibiting smearing and other frame distortion effects. As an added benefit, full frame
storage allows a standardization that is compatible with future algorithms. Most algorithms
of this type use two or three look-up tables for error quantization (L-codes). This improved
algorithm, however, employs 30 tables--which allow sudden contrast changes without the
usual slope overload effect. With high activity images, the use of many tables also
alleviates the unwanted necessity of shifting into lower resolution and/or lower frame rate
in order to prevent output buffer overflow. The following is a detailed description of this
VLDPCM or adaptive algorithm.

ADAPTIVE OR VARIABLE LENGTH DPCM

The most prevalent shortcoming of traditional DPCM techniques is slope overload. Slope
overload occurs when a predictive quantizer encounters a large unexpected change of the
data that cannot be closely predicted. These large prediction errors cannot be properly
quantized by traditional DPCM fixed length encoders. Properly implemented VLDPCM
can effectively eliminate the slope overload limitation of DPCM.

In traditional DPCM, a fixed number of bits is used to encode the value of the current pixel
by quantizing it into one of 2n possible quantization levels centered around the predicted
pixel value. Extensions of DPCM schemes in which the predictor and/or quantizer are
adaptive to the local characteristics of the image are sometimes called Adaptive DPCM
(ADPCM) or Variable Length DPCM (VLDPCM). Substantial compression pins can be
achieved by making the number of bits sent for each pixel adaptive on the basis of
information from the neighborhood. In smooth regions of the image, fewer quantization



levels are needed to encode most pixels. A large change in the intensity level is always a
possibility, and, in traditional DPCM would cause slope overload. A means of estimating
the number of bits required for a given pixel, and of encoding an unexpected change if it
occurs, would be useful for keeping the image quality high while keeping the number of
bits transmitted per pixel low.

A very effective solution to this problem is to use an error-bit to specify whether or not the
estimated number of bits required to code the next pixel is sufficient. This pixel-by-pixel
adaptive approach is simple and efficient. To estimate the number of bits required to
encode a given pixel, an estimate of the degree of smoothness around the pixel must be
made. The estimate of the smoothness in the area of the predicted pixel is made from the
prediction errors of previous pixels. The maximum error between the predicted value and
the actual value for a number of local preceding pixels can be used to estimate the
maximum expected error as a measure of smoothness.

Smoothness (S) = MAX value of (error pixel 1,...,error pixel n)

The value of smoothness determines a range of expected quantization levels around the
predicted pixel value.

Smoothness is then used to select the estimated number of bits required to encode a given
pixel, using the following format:

Transmitted pixel error = N/H Bit \ Sign Bit \ Data Bits (1-3)
where N/H = Normal or Huffman Code

EXAMPLES:

Encoded Value Significance

0 1 bit S, Normal, 0 quantization error
01 2 bit S, Normal, + 1 quantization error
00 2 bit S, Normal, -1 quantization error

010 3 bit S, Normal, + 2 quantization error
. . .
. . .

01111 5 bit S, Normal, + 7 quantization error



Assume that the error is + 8 in 5 bit S, then go to modified Huffman code, where:
111 = +8

1101 = +9
11001 = + 10
10001 = -1

.       (For Error > 1 in 2 bit S, the process is similar)
.  

Huffman encoding is a method of transforming a stream of PCM data into a stream of bits
containing the least amount of redundancy. This technique is sometimes referred to as
entropy encoding. The principles supporting this algorithm depend on knowledge of the
statistics that apply to the source to be encoded. More probable characters can be given
shorter length codes, while less probable characters can be given longer length codes.

This algorithm surpasses previous classical DPCM methods, and, as stated above, is used
in the VCS-500 system. In order that the system be better understood, details of
packaging, environmental considerations, and hardware descriptions are provided in the
next section.

Packaging and Environmental Considerations

The unit is packaged in a 7.10 x 5.20 x 3.25 in. case, weighs approximately 5-1/2 lbs., and
complies with all TEMPEST requirements for safeguarding the encryption process. The
VCS-500 has been designed to meet the military standards and MIL-STD-461 for
EMI/EMC considerations. Additional environmental specifications are listed below:

Temperature: -25C to + 70C
Humidity: MIL-STD-810, method 507.1, Procedure IV
Vibration: 0.2G2/Hz, 20-2000 Hz (20 GRMS)
Shock: 10Ms each axis, 30G
Acceleration: Constant 100 G

HARDWARE DESCRIPTION

The VCS-500 is a real time secure image transmission system consisting of a Data
Compression Unit (DCU) and a Data Expansion Unit (DEU). The DCU is usually a
component of an airborne image-transmission subsystem which transmits video images to
an image-receiving subsystem. The receiving subsystem contains the DEU. Both units
allow existing analog image transmission systems to provide efficient, secure, and reliable
digital image transfers. In a modified configuration, an airborne Data Expansion unit with
the bit synchronizer and the KGV-68 contained within the package could be provided.



In the VCS-500 system, the sensor (camera) composite RS-170 or CCIR video signal is
interfaced to the DCU where this signal is digitized, compressed, encoded, encrypted, and
conditioned (premodulation filtered), prior to modulating the transmitter. The DCU output
bit stream then modulates the transmitter and is transmitted to the receiving system through
the antenna system. The receiver demodulates the received signal and passes it to the bit
synchronizer where data bit decisions are made and clock is recovered from the data
stream. The recovered NRZ-L data and clock are passed to the KGR-66/SO-66 decryptor,
then reconverted into the serial plain-text bit stream and interfaced into the DEU. The
DEU converts this data and clock back into RS-170 or CCIR video.

With the addition of the VCS-500 hardware, the typical image transmission system
described above can many times be implemented from an analog transmission system.
Most real time analog video transmission systems have an analog bandwidth of 4.5 Mhz.
and will allow the VCS-500 to operate in all but the 8.8 Mhz mode. peration at the
8.8 Mhz rate is quite often possible with only minor adjustments to the data link. The DCU
consists of three major functional blocks: the Compressor Card set, the Crypto Card set,
and the Power Supply. Figure 2 illustrates the functional block diagram of the DCU.

FIGURE 2
DCU BLOCK DIAGRAM

The compressor card set provides video acquisition, image storage, data compression, and
man/machine interface for the DCU. It is composed of four cards, the analog-to-digital
card, the compressor card, the microprocessor card, and the motherboard, which integrates
the card set.



The A/D card synchronizes to the sensor output video and converts this image data to
digitized pixels. It contains the video digitizer/sync generator and the frame memory
circuits. The A/D converter quantizes the video into 8-bit pixels, which is essential for
clear image shadings and image distortion. In addition to A/D conversion, the digitizer
provides horizontal synchronization, vertical synchronization, even/odd field indication,
and a 9.38 MHz pixel clock. The frame memory employs 65K x 4 video RAMs and stores
a complete frame of 512 pixels x 512 lines x 8 bits. A specially-designed custom VLSI
controls the frame memory and allows the compression circuitry to interface with video
RAM memory. This frame memory can be used to freeze an image in the DCU for
continuous or delayed retransmission.

The compressor card performs the compression algorithm described above on the digitized
pixels stored in the A/D frame memory. In addition, the card contains the FIFO circuits,
the FEC circuits (26:31 Hamming Codes), and the output formatting circuits. The
compression circuit is comprised of two custom VLSIs that were developed to implement
the compression algorithm. Timing circuitry divides the compressed data into data blocks
that include correlation sequence and synchronization information.

The microprocessor card provides the man/machine interface for the DCU as well as
general coordination land control for all DCU functions. It contains a 8031 CPU running at
11 MHz. Under a PROM-stored default mode or externally-derived mode control, mode
control data is input to the CPU via standard RS-232. The CPU responds to the RS-232
signals by setting up pixel and line resolution, frame rate, data rate, FEC on/off, freeze
image on/off, and reference (test) image on/off. The microprocessor card also develops
control and timing for the frame memory controller as well as for the compressor and
formatting circuits. Additionally, the CPU sends data-rate information along with
compressed-video data (in a NRZ-L format) to the crypto card set.

The Crypto Card set generates the system clock, encrypts the data from the Compressor
Card set, and provides data outputs for a telemetry link. This set consists of the encryptor
card and the output card.

The purpose of the encryptor card is to take data from the compressor and encrypt the data
by using the KGV-68. Data is clocked through a flip-flop both before and after encryption.
The encryptor card is powered off system voltages and has “keep alive” battery flexibility
with optional features such as an on-card lithium battery (sized below hazard shipping
level), internal rechargeable battery, 5-volts loop back available for bench testing, an
external battery option (which is filtered and protected from reverse polarity and over-
voltage), and a non-volatile keying option. The non-volatile key storage has no pre-erase
requirement. It is loaded automatically upon power-up. The erase command of the key 



storage can overwrite the key with random data a multiple number of times, and disables
the encoder during fill. All lines of the fill interface are buffered to protect the KGV-68.

The purpose of the output card is to generate the system clock, which is programmable,
and to translate the data into one of three output types: TTL, RS-422, or a filtered output
for transmitter modulation. The output card has an isolated and independent power supply
with 40 volts overvoltage (22 to 34 volts typical) and reverse polarity protection. The bit
rate is programmed by the microprocessor to the selected data rate but has a frequency
range of from 10 Kbytes per second (bps) to 9Mbps. The outputs consist of a TTL clock
and data, a RS-422 clock and data, a NRZ-L or BiPhase-L data format, and a filtered
output. This filtered output has a minimum harmonic attenuation of 50 db. The output has a
drive capability of 50 Ohms, which allows it to drive high or low impedance circuitry. This
output signal is available on an isolated SMA connector, and has an optional feature that
will adjust the output amplitude proportionally to the bit rate, which allows for constant
deviation ratio or modulation index.

The power supply requires aircraft quality (MIL-STD-704) +28VDC prime input power
and provides all the voltages required within the DCU as well as providing for
independently filtered camera and transmitter power. The internally-regulated supply is a
DC/DC converter that accepts the filtered and preregulated 18V from the series pass
regulator to create all the required system voltages. Because the VCS-500 includes analog
video signals, it is desirable to synchronize the switching frequency of the DC/DC
converter with the VCS-500 sampling signals. This prevents converter switching spikes
from occurring during the sample interval. The power supply will be synchronized to
operate at the video line rate. With the loss of the sync signal, the frequency of the power
supply is determined by its “natural” frequency. This frequency is governed by a L-R
circuit with transformer feedback in the collector circuits of the driver transistors. The
unsynchronized operating frequency for this application will be approximately 15 kHz.

The DCU also has built-in diagnostic capabilities. Test signals are available to “failure
isolate” the internal modules of the DCU. The micro processor card also has a
maintenance mode which will allow troubleshooting of the three-card compressor card set.
An internally-generated reference image is also useful in system check-out or failure
isolation at the system, black box, card, and component level.

The image-receiving hardware consists of a ground receiver, a bit synchronizer,
decryption hardware, and the Data Expansion Unit (DEU). The receiving system antenna
and receiver acquires the transmitted RF signal and demodulates the carrier to reconstitute
the encrypted serial NRZL bit stream. The selection of ground receiver specifications
ultimately depend upon the specifications of the transmitter and the data rate selected.
Because a PCM serial bit stream received through a data link is subject to contamination



from various noise sources, a bit synchronizer (bit sync) is necessary to reconstruct the bit
stream and clock. Since the system is capable of operating at bit rates from 1.1 Mbps to
8.8 Mbps, a bit synchronizer capable of the rates the user intends to implement is required.
System dynamics, doppler, instrumentation tape recorder, wow, flutter, and other
application specifications will determine the bit synchronizer track range and loop
bandwidth requirements. The airborne DCU is crystal- controlled and provides an output
bit rate stability of better than 0.1% with very little jitter and should not be a significant
consideration factor in the bit sync specifications.

The decryption hardware uses the standard KGR-66 or SO-66 to decrypt the received
data. It accepts clock and cipher text data from the bit synchronizer and outputs clear text
to the DEU.

The Data Expansion unit accepts plain text and clock; it reconstructs the transmitted video
signal for display on a video monitor. It is packaged in a 19-inch rack mount chassis
(5 1/4 inches high) containing a card cage for cards of the same size as the airborne DCU
and a 100 watt 115 Vac power supply. The cards that are contained in the unit and are
discussed below are the microprocessor card, frame storage card, decompressor card, D/A
card, discrete cosine transform (DCT)/disc controller card, and the communication
(modem) card. The DEU not only reconstructs the digital bit stream into an analog video
signal, but has the ability to freeze images, software-enhance frozen images, mark and
annotate frozen images, compress frozen images using a DCT algorithm, store DCT
compressed images on disc, and transfer DCT compressed images between DEU’s.
Figure 3 illustrates the block diagram of the DEU.

The microprocessor card provides the man/machine interface in addition to the general
system timing and control for the DEU. The card is based on a 80186 microprocessor. it
serves as the main system controller and management device, and performs the loading of
operational parameters for all functional circuits as well as interfacing user-communication
via the RS-232 interface link. This card consists of 512 kbytes EPROM, 64 Kbytes RAM,
8 kbytes EEPROM, an interrupt controller, and a UART.

The timing card contains bit synchronizer/crypto interface (clock and data receivers) and
correlator circuitry to decode the beginning of the transmitted data block. Included are
timing circuitry for the block synchronization, FIFO chips for the received data, CPU
interface, and a Hamming decoder. Self-test circuitry is also included on this card.

The decompressor card takes the synchronized incoming plain text and does the actual
pixel expansion. It is composed of three main blocks: the expander block, the memory
interface, and the display interface. The expander block performs the decompression
algorithm using two VISIs that have been developed to implement that algorithm. 



Controlling the stream of data from the decompressor to the frame memory is the function
of the memory interface, which includes FIFO chips and interface. The display interface,
includes PLL circuitry and timing interface to the D/A card, which allow the reconstructed
digital pixels to be displayed.

The frame storage card has a memory which is functionally divided into compressed-image
memory and display-image pixel matrix memory. The digitized or expanded image is
stored to this memory, and the image can be retrieved from it, pixel by pixel, to be
displayed on the monitor or compressed for either storage or transmission. The displayed
image memory is implemented via dual-access 64Kx4 DRAM ports (one port is for
sequential access and the other for random access) which are dedicated for video
implementation circuitry. Each pixel is represented by 8 bits of data which allow a display-
image memory of 512 x 512 pixels. A special memory controller (gate array), which
includes advanced addressing techniques for each input/output data bus, has been
developed to provide multi-access capability. Up to three frame storage cards can be used
in the system: the first for storing the received data and for providing data to the D/A card
for display; the second for image dissemination at slow rates of transmission; and the third
to enable freezing, displaying, and processing of an image.



The reconstructed pixels are converted into an analog video signal by the digital-to-analog
(D/A) card. The digital data pixel is an 8-bit word transferred from memory into the D/A
card which contains a look-up table of 256 words that can be used to modify the gray level
of the pixel data before the reconstruction of composite video. This look up table is user-
definable in the video enhancement mode through the microprocessor and the RS-232 port.
This card also provides all logic for the generation of horizontal, vertical, and blanking
signals. An optional part of the D/A card is an intelligent graphic processor, which is
controlled by the microprocessor card. This graphic processor generates the graphic
overlay that is combined with the pictorial information. The graphic overlay can contain
alpha-numeric, symbol, or any graphic information.

The DCT/disc controller card allows frozen, uncompressed digital images to be
recompressed, allowing storage on disc in the minimum space or image dissemination
through the modem card in the shortest possible time. The DCT/disc controller card
consists of a TMS-320 digital signal processor (DSP) with all peripherals necessary to
support image processing. The local memory has space to store the firmware of 64 Kword
of PROM and to handle the temporary image data and parameters of up to 32 Kword of
RAM during compression or expansion. A local data bus serves the hardware internal data
flow between the memory and the microprocessor. This card contains all interfaces
required to access the image frame memory under operational instructions from the
microprocessor and RS-232 port. The disc controller circuitry (optional) allows DCT
compressed images to be stored or retrieved on disc. This function is under control of the
operator through the microprocessor card and the RS-232 port. The circuitry is comprised
of a WD33C93 single-ended SCSI bus-interface controller which includes all interface
circuitry necessary for the transfer of data to and from the system’s main memory. The
maximum data transfer rate of this controller is 1 Mbyte per second--working with data
bursts of up to 4 Kbytes.

The communication (modem) card (optional) allows the DEU to transfer frozen DCT
compressed images from one DEU to another DEU--through voice grade communication
facilities such as telephone. It is a communication and modem interface-controller
subassembly that consists of a communication processor, a system-controller interface, a
main memory interface, an RS232 interface, a radio interface (16 Kbytes per second at
X-MODE), data and clock multiplexers, a frame synchronizer, and data FIFO. Based on
the Intel 80688 microprocessor, this communication controller loads operational
parameters from the system controller, implements forward error correction coding,
performs communication management, and executes self-testing. Interface with
communication equipment can be performed through a RS232/MIL-STD-188C interface
or radio interface. The communication interface is performed by two gate arrays: Frame
Synchronizer and FIFO Controller under control of the communication controller.



AIRBORNE DECOMPRESSION HARDWARE

An airborne version of the Data Expansion unit described above is in development to
allow the use of the DEU in airborne applications. These requirements call for changes
such as weight reduction, aircraft mounting instead of NEMA rack mounting, a 28 volt
power supply, harsher environmental considerations, and replacement of non-military parts
with military parts. In addition to these changes, the bit synchronizer and decryptor will be
packaged on cards within this same airborne package.

CONCLUSION

The VCS-500 uses an improved compression algorithm to avoid several problems such as
excessive smearing, loss of contrast, slope overload, and loss of shading detail. The unit is
expertly packaged to comply with military environmental specifications and provides
encryption. Developed with careful planning and great attention to detail, the VCS-500 is
at the forefront of video compression and decompression systems using advanced Variable
Length Adaptive Differential Pulse Code Modulation (VLADPCM) techniques.
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ABSTRACT

This paper discusses the development of a standard for compressed digital video. The
benefits and applications of compressed digital video are reviewed, and some examples of
compression techniques are presented. A hardware implementation of a differential pulse
code modulation approach is examined.

INTRODUCTION

Video signals are widely used to test and evaluate hardware, and are an integral part of
many tactical systems. The bandwidth required for a video data link and need to secure
this information present many technical problems. Digitization of the video signal
significantly increases the bandwidth. At least 60 Mbps is required for full digital video,
[1] but when combined with compression, digitization offers a viable solution to this data
acquisition problem. For many applications, a compressed signal from 15 to 1 Mbps can
provide sufficient video fidelity.

The resultant compressed digital signal not only lowers the transmission rate, but also
reduces the storage volume. The link offers an improved immunity to noise, and provides a
greater protection against jamming, especially when used with error correction techniques.
Digital encryption hardware can be used to secure the data. Finally, digital processing and
storage systems can be readily applied to the video information.

Digital video has many commercial as well as military applications. However, the issues
discussed here deal primarily with test and surveillance applications. Video signals
produced by missiles and remotely piloted vehicles are chief examples. Information from
test vehicles which help evaluate performance and establish time and space position are
also prime candidates. Typical elements of this type of data link are shown in Figure 1.



Figure 1

Methods for reducing the bit rate of a digital video signal can be categorized in three
classes. The first is the removal of the deterministic portion of the signal. Approximately
twenty five percent of the duration of a video signal is occupied by the timing components.
The horizontal and vertical synchronization can be removed at the transmission terminal,
and inserted at the receiving station. Algorithms used to reduce the bit rate of the video can
be classified as time domain coding or transform domain coding.[2]

Differential pulse code modulation (DPCM) is the primary time domain technique. For
most images the values of adjacent pixels are highly correlated. This correlation in the data
allows us to predict the value of the next pixel based on observed pixel values. The
difference between the actual value and the predicted value is sent, thereby reducing the
magnitude of the bits required to code the sequence.[3]

The most commonly used transform domain algorithms are the discrete Fourier transform
(DFT) and discrete cosine transform (DCT). Data compression is achieved by an energy
preserving transformation which produces coefficients which are less correlated.[4]

STANDARDIZATION ISSUES

The benefits of standardization are obvious. However, we must keep in mind that the
document should not be a specification for a particular technique, compression algorithm
or piece of hardware. The standard should be flexible enough to handle the data
compression formats used in current hardware such as the China Lake and Loral Conic
systems, and also be capable of expanding to future methods.



The digital video protocol should be compatible with related documents such as EIA-RS-
170, EIA-RS-343 and IRIG 106.

DIGITAL VIDEO STANDARD

Video information is naturally grouped together in lines, fields, frames or groups of pixels,
with algorithms for compression corresponding to one or more of these groupings.
However, the output of a particular routine often results in variable words, frames or
output rate.

Our first requirement is that the output data stream be continuous with a constant bit rate.
We recommend that the variable word or frame data and fill bits be placed into a major
frame structure which conforms to IRIG 106 as shown in Figure 2. This would create a
carrier frame for the video data. The video data would not have to be synchronous with the
carrier frame. This would increase the overall bit rate, and standard decommutation
systems would not be able to decode the video data field. However, decoms would be able
to verify link continuity by locking onto the carrier frame. In addition, many decom
systems today are based on a modular architecture which would allow for the development
of decoder subsystems to process particular compression formats and output video
information. Fields could also be set aside within this major frame for other telemetry data.
This information would be consistent with IRIG 106, and hence could be decommutated
by standard hardware.

SYNC DATA ID VIDEO DATA FIELD

SYNC DATA ID VIDEO DATA FIELD

C
C
C

SYNC DATA ID VIDEO DATA FIELD

Figure 2

VCS-500

Loral Conic has recently introduced a video compression system called the VCS-500. The
system consists of an airborne digital compression unit and ground digital expansion unit.
The dimensions of the airborne unit are 5.2" x 7.1" x 3.25". The ground unit can be
installed in a standard 19" rack.



The compression unit encodes the raw video at approximately 64 Mbps and uses a
variable length, adaptive DPCM algorithm to compress this bit rate to 8 Mbps. Further
compression capability is available in steps down to 1 Mbps. A full frame store is used to
eliminate smearing of the image.

The expansion unit receives the digital video data and reconstructs the video for output to
a monitor. Capabilities of image enhancement, freeze frame and graphics are included in
the ground hardware.

Forward error protection is a protocol option which provides greater noise immunity. A
data protection module is available for the airborne unit to provide for encryption of the
data stream.

SUMMARY

A standard for compressed digital video that is in concert with IRIG 106 would stay within
the design of existing hardware and provide major operational benefits to users of the
hardware.
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ABSTRACT

Trellis-Coded Modulation, TCM, combines the processes of modulation and encoding to
achieve an overall coding gain that is usually greater than that achieved by performing the
operations independently. This paper is concerned with utilizing TCM and 8-PSK to
achieve a spectrally efficient modulation scheme with a constant envelope. Since TCM
involves Euclidean distance as a metric, the concept of a quantized decoder is developed
to decrease the decoding time.

INTRODUCTION

The function of modulation and error-correction coding in traditional communication
systems are separate operations. In order to improve the bit error rate conventional
encoders add redundant check symbols to a fixed number of information bits. This
decreases the information rate. In order to compensate for this, a higher order modulation
scheme is used with an increased power requirement or an increased modulation rate is
employed with an attendant increased bandwidth. Using these two operations separately
gives marginally improved performance. For example, going from 4-PSK to 8-PSK and
using a 2/3 binary convolutional code and a complex 64 state Viterbi decoder, the
performance is similar to that of an uncoded 4-PSK system (1).

Ungerbock (2) (3) and others have developed a Trellis-Coded Modulation, TCM,
technique that combines the processes of modulation and encoding. The coding gain varies
between 3 and 6 dbs. depending upon the complexity of the system. There has been
substantial work in this area during the past six years. The CCITT has adopted a TCM
format for the use in high data rate modems over voice band channels and uses a QAM
constellation. For many telemetry systems this is unsatisfactory because the envelope of
the modulation is not constant, the equipment necessary is fairly large and the data rate
may not be adequate.



This work is concerned with the utilization of TCM in telemetering systems. Specifically,
the concept of a quantized Euclidean soft-decision maximum-likelihood sequence decoder
(Viterbi decoder) is developed which increases the speed of demodulating and decoding.

TCM ENCODING PROCEDURE

In trellis coded modulation, m information bits are encoded by means of a R = m/m+l
convolutional encoder into m+1 bits which are mapped into one of the 2  signal set.m+1

Although the 2  signal set has a reduced minimum distance, compared to the original 2m+1            m

signal set this is no longer the limiting factor. The dependency created by the convolutional
encoder between the transmitted symbols make the Euclidean distance between the
allowed sequences the determining factor.

Specifically, whenever m information bits are to be transmitted per symbol of the
  m̂

expanded signal set, m̂ of the in bits are expanded into m̂+1 bits by the —— rate
 m̂+1

convolutional encoder.

The remaining uncoded m-m̂ bits are fed directly into the mapping process as shown in
Figure 1.

The mapping is achieved according to the following rules (2):

Rule 1: All parallel transitions in the trellis receive maximum Euclidean distance.
Rule 2: All transitions diverging or merging into a trellis state receive the next maximum

Euclidean distance.

The above rules are implemented by using “set partitioning”.

That is, a conventional trellis is established by the convolutional encoder. This trellis is
then expanded by adding parallel paths. For example, in expanding a 2  (when m=2) orm

4-PSK signal set into a 2  or 8-PSK signal set m̂=1 and m-m̂=1.m+1

DECODING PROCEDURE

The Viterbi algorithm is a maximum-likelihood sequence estimation that determines the
allowed sequence with the shortest distance from the received sequence. This is achieved
in a recursive manner by computing the distance between the received symbol and the
allowed transitional symbol between node k and node k+l for each branch. This metric is
then attached to the respective branch. The branch metrics for the branches entering each
node are compared and only the smallest is retained as a “survivor” at that node. This
process is repeated for the k+l to the k+2 node and so on. The metrics for the extended



paths are computed until a sequence of transmitted zeros drive the paths to the all zero
path. At this point the shortest path is selected.

It should be noted, however, that the Viterbi Decoder utilized in TCM uses Euclidean
distance as a metric and path lengths will no longer be determined by simply binary
addition. In order to reduce the longer computational time required for Euclidean
operations, a quantized Euclidean model is developed and studied but not simulated; hence
refinements are anticipated in this development.

8-PSK TRELLIS CODED MODULATION
UTILIZING A QUANTIZED EUCLIDEAN DECODER

The 8-PSK TCM format seems attractive because of its simplicity and the 3db coding gain
over 4-PSK. A block diagram for the encoded 8-PSK system is shown in Figure 2. An 

       1
expanded version of the R = & convolutional encoder is shown in Figure 3-a and a trellis 

       2

diagram strictly for the convolutional encoder is shown in Figure 3-b. Once the encoder is
in one state there can only be two outputs from the given state depending upon whether X1

is a 1 or a zero. The insertion of X  the uncoded bit now requires four outputs from each0

state depending upon whether X  X  are (0,0) (0,1) (1,0) (1,1). Parallel transitions are0 1

introduced and the resulting trellis is shown in Figure 4-a.

Set partitioning is now used according to the above two rules to map the binary transition
outputs into the expanded symbol set. Set partitioning also aids in understanding the
transitions from state to state in the TCM trellis.

The set partitioning is shown in Figure 5-a. Figure 5-b shows an eight PSK signal set with
the “set partitioning” assignments achieved by using Figure 5-a and Figure 4 and according
to Rule 2. The four signals assigned to the four branches entering or diverging from a node
are either B0 or B1 and have the next largest Euclidean distance. The two parallel paths
entering or leaving a node are selected from C , C , C  or C  since these signals have the0  1  2  3

greatest distance. The impact of these assignments will be seen shortly in the Viterbi
decoding.

8-PSK TCM DECODING

In order to gain insight into the decoding procedure an example will be given. Whenever
one of the eight PSK signals is received, it is demodulated resulting in an I and Q
coordinate. Say cos 270E was transmitted and with demodulated coordinates indicated as a
star on the unit circle of Figure 6. The initial decoding need only determine if 001
(cos 270E) or 000 (cos 90E) was transmitted. This decision is made outboard of the
decoder and compares the two signals with the maximum distance giving a gain of d /d  or3 0



3db when compared with deciding which of two nearest neighbors was transmitted. The
decoder then operates on the four nearest neighbors only. In this case 001, 011, 101, and
110. This decision concerning 000 or 001 immediately eliminates 4 of the 8 paths between
nodes allowing only 1 of each of the paths in parallel. Hence the trellis of Figure 4-a
becomes the trellis of Figure 4-b. The distance from the received coordinates to the four
signals is attached to each branch as a metric. This process is repeated for each received
signal until the process is terminated and the shortest path is chosen.

Several observations are in order.
 i). The outboard decision eliminates half the paths that would have to be added and

compared in the Viterbi Algorithm.
ii). In the Sig to noise range of practical operation only single error events or nearest

neighbor errors have a high expectation of occurring.

The implications of ii and Rule 1 and 2 is that whenever the decoder exists in one state,
and since no nearest neighbors are allowed on exit branches by Rule 1 and 2 and even if a
nearest neighbor detection error is made (and although a non-zero metric will be added to
that branch,) the error will be corrected at the end of the Viterbi algorithm. Nearest
neighbor type errors are the primary ones to be concerned with.

An example of a sequence with a correctable or nearest neighbor error is given next.
Assume the decoder is in the zero state and a sequence is transmitted as follows:

TABLE I

Binary Code Symbol Time Increment
111 cos(T t +180) 1o

010 cos(T t +45E) 2o

001 cos(T t +270) 3o

101 cos(T t +315) 4o

011 cos(T t +225) 5o

100 cos(T t +135) 6o

111 cos(T t +180) 7o

The transmitted sequence is shown in Figure 6 with continuous lines and the received
sequence is shown with a dotted line. A fairly sever 15E phase error due to fitter, say, is
built in each received signal as a worst case. The fourth symbol transmitted is
cos(T t+315) and is detected as a nearest neighbor error, cos T t. The correct path iso           o

shown in Figure 7. This path was selected by the Viterbi algorithm as shown in Figure 8
since it had the smallest total path link between it and the detected sequence.



Note the non-zero metric that was added to the correct path during the fourth time period
increases the length of the correct path but it is correctable because the detected symbol is
not allowed. That is, the decoder, on the correct path is in state #1 and the allowed exit
symbol from that state once the received coordinates determine which 180E region to work
is cos 225. This is the result of Rule #2 that prohibits nearest neighbors from being in the
same exit set.

THE QUANTIZED EUCLIDEAN DECODER, QED

In order to decrease the demodulating time a Quantized Euclidean decoder model was
developed. Since TCM decoding requires Euclidean operations instead of simple binary
operations, quantization of the Euclidean space will reduce the processing time.

The concept of the quantized model is developed next. For 8-PSK the signal constellation
is shown in Figire 9. The 45E sector between each symbol phasor is quantized into 15E
segments. The dotted fines in Figure 9 shows the quantization. Whenever a set of cartisian
coordinates is obtained by demodulation and falls into one of the quantized sectors, it is
stored as the closest quantization sector coordinates. Since the distance from the quantized
sector to the four nearest neighbors is in memory only 4 look ups are necessary to
determine the metric to attach to each branch in the Viterbi decoder. The decoder will be
making soft decisions as required. That is, without qunatization and in order to make soft
decisions the demodulated I  and Q  coordinate must be used to compute d  = (Q  - y )  +i  q       j  q  j

2    2

(I  - X )  to the four nearest neighbors where Y  and X  are the cartesian coordinates of thei  j        j  j
2

four nearst neighbors for j = 1, 2, 3, 4. This metric, d , from a continum range of values isj

the metric that would be attached to the 4 paths. The quantization process reduces the
above Euclidean operations to a look up process.

The TCM sequence given above in Table 1 was processed by a Quantized Euclidean
decoder. With the exception of the error inserted in the sequence in the fourth time frame
all signals were assumed decoded correctly but with a phase jitter that resulting in being
quantized to the sector 15E fromt the correct symbol. The resulting paths and the
associated metrics are shown in Figure 8. The paths eliminated due to having the largest
metric of the two paths going into a node is shown with an X. The box attached to each
path has the cumulative incremental d 's and d 's in the upper part and their sum in the0   1

lower. The distance between the demodulated quantized signal and the allowed signal is
given in terms of d  and d  on the branches. The correct path determined by the shortest1  0

distance is the heavy line.



CONCLUSIONS

The overall system studied has an asymptotic coding gain of 3db when compared to an
uncoded 4-PSK system and a spectral efficiency of 2 information bits/sec/Hz. Since 8-PSK
has a constant amplitude format, it is amendable to transmission using the S-Band. Further, 

      1
the R = & convolutional encoder is simple and small and is on the transmission end of the

      2

TM link whereas the more complex decoder is located at the receiver. For communication
links where the high data rates are one-way such as in flight evaluation TM systems, TCM
with a quantized decoder to decrease decoding time appears to have extremely desirable
characteristics.
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ABSTRACT

The Fast Fourier Transform (FFT) technique has long been used for spectral analysis but it
has not been fully exploited for data compression purposes. This paper presents the
concept for compressing telemetry data using the FFT in such a manner that the time
domain waveform can be recovered. The sampled time-domain data is transformed into the
frequency-domain data and only the significant components are selected and transmitted.
Actual flight data is used to simulate the data compression performance. Some
comparisons are made between this FFT approach and other possibilities.

INTRODUCTION

We examine the possible application of the Fast Fourier Transform(FFT)/Inverse Fast
Fourier Transform(IFFT) techniques to telemetry situations where data compression is an
objective. It is shown using actual flight data as examples that transmission bandwidths
can be reduced by as much as 5 to 1 and still retain good time fidelity. For signals likely to
be encountered in flight test telemetry, it compares favorably with other data compression
techniques [l],[2]. This is accomplished by performing a complex FFT and keeping only
the most significant spectral lines.

Filtering in the time domain can be accomplished using the FFT/IFFT pair where certain
spectral lines are removed while in the frequency domain. When this process is made
adaptive in the sense of keeping the significant spectral lines rather than a fixed subset,
data compression can usually be effected. The penalty for this technique is that the
overhead necessary to identify the significant lines must be included in determining net
bandwidth saving. It has the important advantage that usually no significant information
will be lost. It is necessary to be selective in the lines retained because no data
compression results if all the spectral lines from a time to frequency transformation are
retained. A situation that might be of considerable interest is where the signal comes from
a vibration sensor. Here, a resonance or set of resonances above a background of random



signals would be preserved using this technique. The merit of the technique in this situation
is that the resonance can be located over a wide frequency span without being lost. A
limiting case occurs when the lines become sensibly equal in amplitude (i.e. white noise)
making selective retention of dubious value. In this event a special selection process might
be employed which preserves total signal amplitude.

THE TECHNIQUES

The Fourier Transform pair allows signal to be described equivalently in both the time and
frequency domains. By taking a sampled time domain signal and applying the discrete
version of the Fourier Transform, we can display the frequency components of the signal.
The frequency resolution of the result depends on the number and time resolution of
samples going into the process. It is necessary that both real and imaginary components of
the result be retained if the time waveform is to be recovered using the inverse transform.
The net result is that the total number of samples required in the two domains is the same.
No data compression results from this direct operation. One way of reducing the amount of
data is to combine lines into fractional octave intervals. However, this is only useful if
energy per band is the parameter of interest. Data reconstruction in the time domain is no
longer possible after this has been done. Typically a large fraction of the lines in a real
signal are small in amplitude which can be ignored at only a small cost in overall data
fidelity. Figure 1 shows a typical signal segment in which the original and reconstructed
version are compared after nearly 75% of the lines were deleted before the inverse
transform was performed. As fewer lines are retained, the error of the reconstructed
waveform increases. This is shown in Figures 2 and 3. It becomes the responsibility of the
system design to make the appropriate compromise weighing accuracy versus available
bandwidth. If information about possible high frequency components is most important,
then the thresholds can be tailored to deemphasize the low frequency components. It is
evident from the example signal segments that the largest potential errors occur at the
discontinuities of the data sets. This is the result of windowing and can be improved by
slightly overlapping the FFT data sets. An overlap of 10% is sufficient for the range of data
set sizes considered here. Before an estimate can be made of the potential savings in
transmission data rates, the approach to line identification overhead needs to be examined.
A worst case can be determined by simply binarily coding each potential line location and
attaching it to the complex number data value for each retained line. For example, in a 256
point FFT, there are a maximum of 128 lines. A seven bit code uniquely identifies each
one. Against a complex pair of 8 bit data words this represents a 44% overhead. For a 512
point FFT 256 lines result requiring an 8bit code or 3 words for every 2 words of 8 bit
data.

More efficient techniques are possible. For example, a linear map of line locations can be
created.(i.e. a ‘1’ if the line is to be retained and a ‘0’ if deleted) When organized into 8bit



words this comes to 16 words for the 256 point FFT. If more than 16 lines are retained,
this method is superior to the one above. At 32 lines, for example the penalty is only 25%.
Table 1 has been prepared where this approach as well as the binary coded location
approach are shown. Only the bits necessary for proper line identification are counted with
no attempt made to beat the results into a particular word size. The data values themselves
are assumed to be 8 bit. For 1/4 of the lines retained the net bit rate is 34% of the original
time representation and for 1/8 of the lines retained, it becomes 20.8%. Without overhead
these numbers would be 27.7% and 13.9% respectively. Under this approach the savings is
independent of the number of points assumed in the FFT. A 10% overlap was assumed.

COMPARISON WITH OTHER TECHNIQUES

It is useful to compare the result in data fidelity and timeliness using the subject approach
with other possibilities. The basis for compressions will be that the available transmission
bit rate is fixed and is inadequate for a particular signal using conventional sampling
guidelines. One situation is typified by the signal shown in Figure 4. Here resonances or
oscillations exist on an otherwise well behaved signal. It has already been shown how a
256 point FFT, where 1/8 of the samples are retained for the inverse transform does a
respectable job of portraying what is going on in the time domain. With overhead added,
the net data rate for that case is 20.8% of about 1/5 of the original. By lowpass filtering the
signal such that a bit rate of 20% of the original is safe from an aliasing point of view, the
presence of the resonances would never have been known. This is shown in Figure 5.
Simply sampling the signal at 1/5 the rate would result in aliasing errors. Figure 6
compares the original with the reproduced signal after such inadequate sampling. This is
sometimes the only choice available to the telemetry systems engineer where the
bandwidth just isn’t there.

The transmission bit rates for Figures 4, 5 and 6 are all the same. The selective spectral
line retention technique provides a much more accurate picture of the real situation.

The delays involved here are dominated by the time spanning the FFT data sets and might
range from 10msec to 250msec depending on FFT size and sampling rates. For a 256 point
FFT and sampling a 2KHz vibration signal it would be no more than 50msec. This is much
less than might be experienced in schemes using a flexible buffer memory such as
described in reference 2. Signals associated with a catastrophic event might be lost if the
latency of the data is too long.

CONCLUSION

The increasingly available number of DSP type products capable of performing FFT’s in
real time makes this a viable technique in telemetry situations. The bandwidth necessary to



telemeter a typical signal is only a fraction of that needed using pure PCM techniques.
Alternately a severalfold increase in the number of signal sources that can be serviced over
an available data link is evidently possible.
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-----------------------------------------------------------------------------------------------------
FRACTION OF LINES

------------------------------------------------------
FFT SIZE 1/4 1/6 1/8
------------- ------------------------ ------------- ------------- --------------

128 LINEAR MAP 34.4% 25.8% 20.6%
BINARY CODED 37.8% 26.0% 18.9%

256 LINEAR MAP 34.4% 25.8% 20.6%
BINARY CODED 39.5% 27.1% 19.8%

512 LINEAR MAP 34.4% 25.8% 20.6%
BINARY CODED 41.3% 27.8% 21.5%

1024 LINEAR MAP 34.4% 25.8% 20.6%
BINARY CODED 43.0% 28.9% 22.3%

2048 LINEAR MAP 34.4% 25.8% 20.6%
BINARY CODED 46.4% 29.8% 23.2%

------------------------------------------------------------------------------------------------------
TABLE 1  DATA COMPRESSION EFFICIENCIES



FIGURE 1 ORIGINAL AND RECONSTRUCTED WAVEFORMS
RECONSTRUCTION USED 32 COMPLEX FOURIER
COEFFICIENTS



FIGURE 2 RECONSTRUCTION USED 16 COMPLEX FOURIER
COEFFICIENTS



FIGURE 3 RECONSTRUCTION USED 10 COMPLEX FOURIER
COEFFICIENTS



FIGURE 4(A) TIME DOMAIN SIGNAL IS RECONSTRUCTED WITH 16
FOURIER COEFFICIENTS



FIGURE 4(B) MAGNITUDE SPECTRUM. SOLID LINES REPRESENT
RETAINED FOURIER COEFFICIENTS AND DOTS
REPRESENT DELETED DATA.



FIGURE 5 FILTERING HAS REMOVED EVIDENCE OF OSCILLATIONS



FIGURE 6 RECONSTRUCTION AFTER INADEQUATE SAMPLING OF
SIGNAL IN FIG. 4
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ABSTRACT

Shaped omni and modular array antenna concepts are being baselined for use on
operations with the NASA Space Network and the High Resolution Solar Observatory
(HRSO) Satellite Free Flyer Concept. This mission requires 16 MBPS return links,
1 KBPS multiple access links, and a completely redundant set of gimballed antennas to
support these links with 90% continuous coverage from TDRSS (Tracking and Data Relay
Satellite System). This presentation will discuss in detail how the flexibility of these
components enabled mission planners to tradeoff spacecraft options without sacrificing
mission objectives.

INTRODUCTION

Under NASA’s Research and Technology Objectives and Plans (RTOP) Program the
Goddard Space Flight Center (GSFC) has developed a series of antenna concepts that will
provide flexible design alternatives for all space satellites that work with NASA Networks.
The High Resolution Solar Observatory (HRSO) Satellite Design provides a case history
of how NASA Data Link Module (NDLM) components can be assembled to meet various
mission requirements (1).

SHAPED OMNI ANTENNA

The shaped omni antenna provides hemispherical coverage and can be used in tandem to
provide omnidirectional coverage for deployment and retrieval operations.

The design of the shaped omni antennas employs two basic components, the radiating
element and the baffled ground plane BGP . At S-Band cardioid beam shapes are radiated
by a quadrifilar helix element. The helix is fed by baluns which are tuned across the
TDRSS S-Band frequency range 2106 MHz to 2287 MHz .



At higher frequencies, such as the International Data Relay Satellite Ka-Band, a crossed
bowtie antenna may provide the required bandwidth without a matching network.

The BGP concept can probably be scaled for higher frequencies. It enables the shaped
omni to drop from unity gain - at an angle approximately 85 degrees off boresight, to a
level of -35 dBi at 120 degrees off boresight - reducing back radiation and interferometric
patterns when used in pairs. The cardioid pattern of the radiating element is attenuated at
the high end of the bandwidth by the closely spaced baffles on the interior of a low profile
cone, the outer baffles are spaced to provide attenuation for the low frequencies. At a
single frequency very sharp cutoff can occur, but the spacing was varied continuously to
effect a slower cutoff over a wide bandwidth.

With analysis it was shown that only a 4% reduction of 4 pi steradian coverage occurs
when two hybrid coupled antennas’ composite beamwidth shows interferometry. These
antennas can also be combined in a switched mode to avoid that region of interferometry
and reduce the 3 dB insertion loss from the hybrid combiner. Tests on a 12 inch diameter
BGP with a 4 foot x 8 foot metallic mounting interface showed that these low profile omni
antennas can be mounted directly to the side of the spacecraft (2).

MODULAR ARRAY CONCEPT

High gain antennas have been developed using a modular concept. Microstrip arrays
developed at S and Ku-Band are enabling NASA network users to configure their antenna
system to satisfy the best combination of power, weight, and data rate to comply with their
requirements.

The basic antenna elements are the 44" x 11" S-Band transmit/receive array and the
11" x 11" Ku-Band transmit array. The S-Band arrays employ interleaved disk shaped
microstrip elements tuned at 2287 MHz and linear elements tuned at 2106 MHz for
orthogonal beam pointing. The Ku-Band subarrays use a corporate feed that allows for
attachment of active elements at the center feed of one or more subarrays. Various
combinations of antenna array sizes and numbers of power amplifiers yield the same
EIRPs.

Solid State amplifiers have been designed for direct coupling to the microstrip subarrays,
therefore additional losses from the feed network are avoided and failure of one active
component will only slightly degrade the antennas. The subarrays use aluminum
honeycomb for a lightweight and thermally dissipative backing material. A waveguide feed
network is employed to feed a single amplifier’s output to two or more subarrays with
minimal losses.



Autotracking of the narrow beamwidth (1 deg-narrowest required) Ku-Band subarrays may
be achieved without a Ku reciever. A method of amplitude and phase comparison at
S-Band successfully pointed a ground based 4' x 4' Ku- Band array in Phoenix, Arizona
through TDRS to the White Sands Ground Station in New Mexico (3). This capability to
point the Ku antennas is presently being implemented in the NASA Standard Transponder
at S-Band.

Current multiple antenna modular arrays are being evaluated as complexes of colocated S
and Ku-Band antennas that can be steered with the same gimbal. The effects of mutual-
coupling interactions are part of the current investigations as are the thermal, mechanical,
and other electrical interfaces.

HRSO DESIGN CONCEPT

The High Resolution Solar Observatory HRSO Project has a demanding 16 Mbps data rate
as it’s primary science link. The goals of the system planners were to find components that
would satisfy this primary objective to complement the components used for standard
S-Band command and telemetry.

To satisfy the free flyer mission the following data rates are required to be supported:

- Ku-Band Transmit Single Access (requires scheduling with TDRSS)
16 Mbps

- S-Band Transmit Multiple Access - Housekeeping and Telemetry
2 Kbps

- S-Band Receive Multiple Access - Command and Control
1 Kbps

- S-Band Transmit Backup Multiple Access - Deploy/Retrieve/Emergency
100 bps

The last two links will be supported by the shaped omni antennas which are hardwired into
the HRSO RF subsystem. The omnis will be optimized for the final flight design by
changing the size of the baffled ground plane to achieve the best tradeoff of weight, size
vs. low angle cutoff. The current baseline is a 2 pound, 12 inch diameter omni - 4%
interferometry model already tested during our development program. Receive and
transmit channels can be switched in to work with our gimballed antennas. The entire
gimballed antenna is a redundant system to provide additional coverage through TDRSS
data links. The narrow beam Ku signal will be steered with the NASA Standard



Transponder and four S-Band arrays on the Ku antenna periphery that sense amplitude and
phase differences for autotracking (There is no Ku-Band monopulse receiver required).

Figures 1 and 2 show the system block diagrams and planar array layout of the two best
options we traded off in the HRSO study. Table 1 shows the tradeoffs in power, weight,
and antenna array size for three configurations that meet the data rate requirement.

Figure 1 shows a 16 subarray Ku antenna fed by a 20 Mbps data channel. Redundant
antenna mounted amplifiers provide full output power right at the antenna feed. The
shaped omnis are the default S antennas for deployment and retrieval operations. They are
still hardwired in to the S-Band network when the Tracking antennas are switched off the
attenuated lines. The omnis in Figure 1 are also switched to give the user 3 dB additional
link margin.

In Figure 2 an 8 subarray Ku antenna also supports a 20 Mbps data channel by using two
sets of redundant amplifiers feeding 4 subarrays each. This RF system diagram also shows
how the shaped omnis can be hybrid coupled into one composite beam which eliminates
the possibility of failure from an RF switch, but takes away the additional 3 dB margin
from the 125 bps data link.

Table 1 indicates combinations of antenna/amplifier weight, size, and power requirements
that were traded off for the Ku transmit antenna options that were considered for HRSO.

Table 1 Combinations of Modular Array Components that meet HRSO Requirement

Ku Array Data Rate # of Amps Total Array* Total DC Type of
Wt. w/amps Power Input Redundancy

2' x 2' 20 Mbps 4 14.0 lbs 142.8 W 112 data
rate some
degradation

2' x 4' " 2 14.4 lbs. 75.6 W 1/4 data
rate some
degradation

4' x 4' " 1 (1 spare) 22.4 lbs. 42 W requires
redundant
amp

*includes weight for source, modulator



The 4' x 4' antenna is the combination currently being used for the HRSO baseline design.
A 4' x 1' S-Band transmit array is mounted on the same backplane to provide the Multiple
Access Return Link through TDRSS.

The author would like to acknowledge Charles Gilbert of Ball Aerospace Systems
Division for his contribution to the development work done on these antennas.
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ABSTRACT

The continuing growth of the telecommunications industry has created a steadily
increasing need for higher performance communications systems - systems that can
transfer data at faster rates while meeting stringent bit error rate requirements. In the case
of satellite and mobile communications these same systems must also maintain minimum
size and power consumption requirements. To help implement this industry demand
computer simulations of communications systems can be a viable tool. Simulators can be
used to demonstrate feasibility while maintaining minimum research and development
costs during the design phase of these new and more complex communications systems.

One type of system where simulation has proved helpful has been trellis-coded-
modulation (TCM). This paper documents a simulation of a four-state trellis-coded eight-
PSK modulation scheme currently being researched at New Mexico State University
(NMSU). In the past simulations of convolutionally coded schemes have used binary
symbols in the decoding process. In TCM the Euclidean space components of the
modulation scheme are used in place of the binary symbols. The simulator under
development incorporates these Euclidean signal components which are taken from an
eight-PSK signal constellation. Soft-decision maximum likelihood decoding using trellis
trace-back techniques are then applied to the Euclidean signal components to recover the
simulated transmitted data. The simulator supplies the user with the number of undetected
errors generated during a simulation as well as the bit error rate for a given signal to noise
ratio.

This simulator is intended to provide an environment for investigating improved
communication system designs and it is hoped that the results that are obtained from such



telecommunication simulators will help satisfy the ever increasing demands of the
telecommunications industry.

It should be noted that the research being conducted at NMSU on TCM is being
directed by Dr. Frank Carden. The development of the simulator was conducted by the
author to assist Dr. Carden in the continuing investigation of TCM.

INTRODUCTION

Computer simulation of communication systems has been expanding with the
corresponding improvements made in digital system technology. It is becoming
increasingly easier to find computers in the market place that can handle the large
quantities of data that are generated in many communication simulators. Today’s
computers can offer greater through-put at faster rates and at lower costs than ever before.
The ease with which simulations can now be devised, executed, and evaluated makes this
a welcome trend to the telecommunications industry.

These improvements in digital system technology have even crossed the bounds into
the personnel computer (PC) market. The PC now has the capability to handle large
quantities of simulated communication signals. Simulations of hundreds of thousands and
even millions of communication events are now possible with a PC without exceeding
acceptable run-times. This paper documents such a simulation.

The communication system that was simulated is 4-state trellis-coded 8-phase-shift-key
(PSK) modulation. Trellis coded modulation (TCM) is a relatively new communication
scheme that combines the traditionally separate areas of coding and modulation into one
system. It combines convolutional encoding with signal set expansion and restrictive signal
constellation mapping to achieve substantial coding gains and provide forward error
correction. State diagrams that resemble trellises can be used in the decoding process.

For the simulator the TCM scheme was applied to 4-PSK modulation of two data bit
words. With TCM the first data bit is sent through a one-half code-rate convolutional
encoder and the second is given directly to the modulator. The resulting three bit word is
mapped into an 8-PSK constellation thus demonstrating signal set expansion. The TCM
block diagram for 8-PSK is shown in figure 1.

The second data bit from the two bit word is used to identify four nearest neighbors in
the 8-PSK constellation. The first data bit from the two bit word which has been converted
into two convolutionally encoded bits is used to select one of the four nearest neighbors in
the 8-PSK constellation. Because of the nature of convolutional encoders only certain
sequences of 8-PSK signals can be selected. Further the mapping of signals is such that the



four nearest neighbors in the 8-PSK mapping that are selected will be opposite from the
other four phasors in the constellation only with respect to the least significant bit of the
8-PSK three bit word. An 8-PSK mapping for the TCM system in figure 1 is shown in
figure 2.

Figure 1. TCM block diagram.

Comparing any four nearest neighbors in figure 2 with the other four constellation
phasors it is possible to see that they are opposite only with respect to the least significant
bit. This demonstrates the redundancy of the signal set expansion. Redundancy combined
with convolutional encoding leads to maximum Euclidean distance in signal constellation
sequences and a corresponding coding gain. Gottfried Ungerboeck has shown [1] that
4-PSK expansion to four-state trellis-coded 8-PSK will lead to an asymptotic 3dB coding
gain as shown in figure 3.

Figure 2. Signal constellation for 8-PSK TCM.



The demodulation of TCM involves trellis decoding using the Viterbi algorithm. In
convolutional decoding binary distances are mapped onto the trellis state model branches
and cumulative Hamming distances are determined to decide which state transition path
represents the maximum-likelihood transmitted path. For TCM the actual Euclidean space
distances between the received 8-PSK phasor and its four nearest neighbors are mapped
onto the trellis branches. The cumulative distances are compared as in convolutional
decoding to determine a maximum-likelihood transmitted sequence determined by the
shortest path. A trellis is shown in Appendix 1.

Program Development

The simulation was written in Turbo Pascal on a Macintosh SE. In its present form it
consists of two programs. The first runs the simulation and provides an output file
containing the identification numbers of the communication symbols that were decoded
erroneously. The second program counts the number of erroneously decoded symbols and
reports it to the user. Then for a given signal-to-noise ratio (SNR) that was used to
generate the channel noise the bit-error-rate (BER) is calculated and reported to the user.
Changing the SNR to several different values and repeating the simulation it was possible
to generate a curve similar to that of figure 3. This was considered to be the objective of
the simulator. Since Pascal is a highly structured programming language it was easy to
divide up the different components of the simulation into different programming
procedures. This turned out to be a necessary approach since the simulator had to
demonstrate performance capability each time a new section of code was constructed.

Figure 3. Errors vs. SNR for 4-state trellis-coded 8PSK [2].



Since the program currently exceeds 15 pages of code it is not included in its entirety
with this report. However a flowchart is included and can be found in appendix 2. The
basic steps of creating a communications simulator are described below. First the data to
be transmitted is generated. Second white Gaussian noise (WGN) is added to the signals
thus simulating transmission. Third the signals (plus noise) are demodulated and decoded.
Fourth the decoded data is compared with the generated data and the number of errors
determined. This final step allows a symbol error or error-event probability to be
determined thus characterizing the system being simulated.

There are two techniques for TCM simulation that were investigated to determine how
best to create the program. Execution time and ease of implementation were the concerns
in this investigation. The techniques apply mainly to how best to simulate a Viterbi
decoder. This decision would set the format for how the entire simulator design would
proceed so it had to be decided upon first. The two techniques are the register exchange
method and the trace-back method [3]. According to the Viterbi algorithm for four-state
trellis decoding the first technique would require that each of the four surviving
information paths into the four states at any point along the trellis be stored in a matrix.
Then moving to the next point in the trellis the new stored surviving paths would be a
function of the last four paths and the transition branch between them.

“Each time a new branch is processed by the computer, the registers are
interchanged corresponding to which sequences survived the comparison, a
new symbol is added at one end of each register, and the oldest symbol in
each register is delivered to the output decision device” [4].

From a software simulation standpoint this means that at each new point in the trellis the
surviving path matrix has to be recalculated and rewritten to a memory device. This is a
very time consuming process for a serial computer. Further it is difficult to implement
without the help of matrix mathematics intensive software.

The trace-back method is easier to simulate and it is faster than the register sequence
technique in a serial computer environment. Trace-back involves retaining the cumulative
distances into each state or node. After a certain number of signals are received trace-back
begins. This is done by looking at the cumulative distances that represent the possible
transmitted paths into any state and deciding what the maximum-likelihood path back to
the last state is. This process determines the perceived transmitted symbol that resulted in
departing the last state and arriving in the current state. By this technique the entire
simulated data-stream can be partitioned into blocks and decoded in the same manner. It
should be understood that in a high speed real communication environment parallel
processing would be a necessity and would facilitate using the register exchange method in
hardware implementation.



Using the trace-back technique it was decided to use data blocks of 25 symbols. A loop
was used to multiply the runs of 25 symbols and achieve runs of 250000 symbols. This
was a sufficient number of symbols to determine the symbol error probability. Currently
the computer takes approximately thirteen hours to process 250000 symbols.

Data generation was achieved by using the random uniform distribution algorithm
resident on the motherboard of the Macintosh SE. There are four possible paths leaving a
node in the trellis as can be seen in appendix 1. A random number between 0 and 4 was
generated to determine which path to take out of a node. The resulting choice provided
both a transmitted symbol and a destination node for the next transmission event. This
destination node then provided the restrictions for the next possible four paths. The data
generator generates 21 data symbols starting at node one and time zero which would be
the upper left hand corner of the trellis. Then data samples 22 through 25 are added on to
drive the transmitted path back to zero. This is done to simulate an end-of-transmission
condition assuming a return-to-zero data format. Listed below is a programming sample
demonstrating the data generation process.



The first two statements check the variable node to determine the current position in the
trellis. Then the variable datasample is analyzed to decide which node to go to next and
which path to take there. The transmitted values for the phasor coordinates are assigned
(realx and realy) and noise is added to them. Also node is reset for the next symbol
generated.

The noise generator presented special problems in its conception and required normal
distribution generators to create white gaussian noise. Since the random distribution
resident internal to the Macintosh is a uniform distribution a conversion routine had to be
used to generate two normally distributed random variables which could be added to the
generated data. Once again speed of execution played a part in the decision on which
convertor to use. Equally important to speed are accuracy and distribution limits.

The first convertor investigated was a simple application of the central limit theorem.
Simply stated for this application: the sum of any number of similarly distributed random
variables results in a normal distribution. This attempt yielded poor results. The sum needs
to be large to get a reasonable distribution and this took excessive time. Sums of up to 16
samples were attempted but none met with acceptable results. The number of errors
generated was too excessive for the given signal to noise ratio. This may be attributed to
the fact that because the uniform distribution used in the central limit theorem is a bounded
distribution so is the approximated normal distribution. This appeared to have a tendency
to raise the tails ( x > 2F) of the distribution and could account for excessive errors.

The second convertor that was investigated is one that is popular with many software
simulators and games. It jointly generates two random variables that are normally
distributed from two uniform distributions. The resulting distributions have a mean of zero
and a variance of one. Further this method has no mathematical bounds of any
consequence provided the uniform distribution is prepared correctly. It is a time consuming
method but is still considerably faster than the central limit theorem approach of summing
many uniform distributions. The dual algorithm is shown below where RI and R2 are
uniform distribution samples and N1 and N2 are normal distribution samples.

As can be seen from the root argument it is necessary to keep RI less than one. Both
distributions as generated by the computer conformed to the algorithm restrictions by their
boundary conditions of being greater than or equal to zero and less than one. After the
normal distributions were generated the only thing necessary to do was to multiply them by
a constant representing the standard deviation for the noise in an 8-PSK modulated system



with a given SNR. It is assumed that the symbol power E  is normalized and equal to one.s

For the example below assume a SNR of 9.0dB.

The normal distribution is then multiplied by this standard deviation to arrive at a normal
distribution with a mean and variance that conform to the noise model for the 8-PSK
modulation scheme. As was mentioned above these noise values are then added to the
transmitted signals and the resulting sums passed to the receiver.

The first part of the receiver is the four nearest neighbors algorithm. This part of the
simulator decides which four phasors are closest to the received noisy phasor. The
resulting four phasors indicate which member of each of the eight pairs of redundant paths
the trellis should use to calculate the Eculidean distance. A sample of this algorithm is
shown below.



The section shown above represents the 4 nearest neighbors determination for two 45
degree sectors in the Cartesian plane. These particular two represent the third quadrant.
Once a received phasor is determined to be located in a certain sector it is assigned four
possible transmitted phasors. At this point the redundancies in the trellis are removed and
the four sets of coordinates are used to calculate the distance between themselves and the
actual received coordinates. This process is shown below.

The variables tx and ty are used to store the eight trellis branch phasors that remain after
removing the redundancies and are assigned according to the four nearest neighbors for
that state n. The variable d contains the distances which are summed and examined
according to the Viterbi algorithm.

Once the decoding process has started and the four nearest neighbors have been
determined for all 25 symbols there remains two paths arriving at any node. According to
the Viterbi algorithm the one with the smallest cumulative distance is determined to be the
survivor and is chosen to move on through the trellis. This is relatively simple to
implement in the simulator with several storage matrices. The trick comes in getting the
process started. Since the paths always start at node one for a given block of 25 symbols
and keeping the possible exit paths from any node in mind it is possible to see that for the
first event nodes 2, 3, and 4 will have no survivor to pass on to the next state. Likewise for
the second event nodes 3 and 4 will not have any outgoing survivors. The result is that
these first two events must be evaluated differently from the rest of block of symbols. They



must be limited as to the survivor determinations that can be made. The other 23 events
can be analyzed in the same manner utilizing a simple comparison loop. The survivor
determination process for the first two events is shown below.

The only critical point that can occur in the survivor determination is when the two paths
into the same node have the same cumulative distances. Then ‘a coin is flipped’ to
determine which one to pick as the survivor. Actually a random number between one and
two is used to make the decision. It should be noted that the choice must be retained
because it may be needed during trace-back.

Once the survivors have all been determined trace-back begins. Starting at event
number 25 the four surviving paths are compared and a winner is declared. The program
will not execute trace-back if there is not a clear winner after 25 symbols. The path of the
winner is then traced back to event number 24. From event 24 down to event 3 the process
is the same. The winner is traced back one event at a time always looking at the results
from the survivor determination to decide where to go. Each time a destination
determination is made the trace-back technique outputs the assumed transmitted symbol.
The symbol represents the trellis branch taken by the trace-back technique during its
propagation backwards along the maximum likelihood path. Any time two paths coming
into a node have the same cumulative distance during trace-back the simulator looks at the
decision made during survivor determination to decide where to go. At event three the
trace-back technique terminates. Events one and two are handled differently because of the
unique situation that occurs with regard to the lack of a full compliment of survivors. They
are merely assigned there assumed transmitted paths based on where the maximum-
likelihood path is when it has worked its way down to the third event.

Now that the assumed true path has been determined it must be compared with the
correct transmitted 25 symbols and any resulting errors that have occurred must be written
to an output file. The number of the error which is between one and 250000 is what is
actually written to the file. The Cartesian coordinates of an assumed transmitted phasor are
compared with the actual transmitted phasor’s Cartesian coordinates and any discrepancies
are considered to constitute an error.



To achieve runs of 250000 symbols the process of analyzing 25 symbols at a time must
be repeated 10000 times. Once this is completed the output file is examined. The number
of errors is counted and the corresponding error event probability is determined. This is
simply a ratio of the number of errors that occurred to the 250000 symbols transmitted.

SIMULATOR RESULTS AND CONCLUSIONS

After the a run of 250000 samples returns an error event probability the simulator is
reset with a different standard deviation for noise corresponding to a different SNR. These
data points are then plotted on a graph as in figure 3. The tabulated results and the plot
from the simulator are in appendix three. Also included in the plot is the simulation that
was conducted by Ungerboeck in his article of references [1] and [2]. Although he gave no
details has to how the simulation was carried out it is interesting to compare the two. The
graph demonstrates that the simulator design is working. It also demonstrates that there is
room for improvement. The deviation from the theoretical 4-state trellis-coded 8-PSK
curve ranges from approximately 1.5 dB to around 2.5 dB Several areas are going to be
investigated to determine how best to improve the simulator.

The highest priority is with the random noise generator. It is believed that there is still
room for accuracy improvement. The uniform noise generator performs many important
tasks in this simulator and the algorithm used by the Macintosh SE may need to be altered
to improve its performance. The simulator is going to be up loaded to the campus main
frame computer at New Mexico State University for comparison runs there and it is hoped
that this too will provide some information as how to improve the simulators performance.

Speed is the second concern. Source code refinements are under consideration at this
time. The matrix manipulations are of particular concern here. APL an older programming
language that has Strong matrix mathematics abilities is being investigated for possible
simulator implementation. Long range plans for the simulator include applying TCM to
other modulation schemes. Quadrature amplitude modulation (QAM) and 8-PSK are two
of the candidates.



APPENDIX 1

The trellis for TCM.

Note that the actual Eclidean space distances are not mapped onto the branches. This was
done for clarity. The symbols representing the 8-PSK signals as shown in figure 2 are
included instead. These represent the reference phasors from which the received phasor is
subtracted. Each difference which represents the distance between received signal and
possible transmitted signals is then applied to the Viterbi algorithm.



 APPENDIX 2

Simulator Flowchart



 APPENDIX 3

The Simulator Results

Signal to Standard Number Error Event
Noise Ratio Deviation of Errors Probability

7.00 0.315853 8447 0.033788
8.00 0.281504 2226 0.008904
8.50 0.265757 908 0.003632
9.00 0.250891 377 0.001508
9.50 0.236856 160 0.000640
10.00 0.223607 46 0.000184
10.50 0.211098 2 0.000008



REFERENCES

[1]  Trellis-Coded Modulation with Redundant Signal Sets, Part 1: Introduction, Gottfried
Ungerboeck, IEEE Communications Magazine, Institute of Electrical and Electronics
Engineers, New York, Vol. 25, No.2, 1987.

[2] Trellis-Coded Modulation with Redundant Signal Sets, Part 1: Introduction, Gottfried
Ungerboeck, IEEE Communications Magazine, Institute of Electrical and Electronics
Engineers, New York, Vol. 25, No.2, 1987.

[3] Error-Correction Coding for Digital Communications, George C. Clark, Jr. and J. Bibb
Cain, Plenun Press, New York and London, 1981, pg. 261.

[4] Error-Correction Coding for Digital Communications, George C. Clark, Jr. and J. Bibb
Cain, Plenun Press, New York and London, 1981, pg. 261.

BIOGRAPHY

Brian T. Kopp was born in Greenwich, Connecticut, on August 25, 1964. He is a senior
in Electrical Engineering at New Mexico State University. He will begin his final semester
for a B.S.E.E. in the fall of 1988.

Currently he is doing research with Dr. Frank Carden in the area of Trellis-Coded
Modulation, a proposed communications scheme for the NASA space station Flight
Telerobotics Servicer.

Brian is a member of Eta Kappa Nu and the IEEE Aerospace and Electronics Systems
Society.



REACTION TORQUE MINIMIZATION
TECHNIQUES FOR ARTICULATED PAYLOADS

Kevin Kral Roberto M. Aleman
Honeywell-Sperry Space Systems Instrument Division, Code 720

19019 N. 59th Avenue Goddard Space Flight Center
Glendale, Arizona 85308 Greenbelt, Maryland 20771

ABSTRACT

Articulated payloads on spacecraft, such as antenna telemetry systems and robotic
elements, impart reaction torques back into the vehicle which can significantly affect the
performance of other payloads. These disturbances can degrade the quality of the data
obtained by other on board experiments and systems.

This paper discusses ways to minimize the reaction torques of articulated payloads
through command shaping algorithms and unique control implementations. The effects of
reaction torques encountered on the LANDSAT satellite are presented and compared with
simulated and measured data of prototype systems employing these improvements.

INTRODUCTION

Articulated payloads on spacecraft, such as antenna telemetry systems and robotic
elements, impart reaction torques back into the vehicle which can significantly affect the
performance of other payloads. These disturbances can degrade the quality of the data
obtained by other on board experiments and systems. Structural dynamics of the vehicle
can amplify the effects of reaction forces and torques posing even larger disturbance
environments.

Reaction forces and torques of articulated systems occur during both slew and tracking
maneuvers. Their magnitudes are dependent on payload mass and acceleration profiles.
Slew maneuvers, because of their relatively high payload accelerations impart the largest
forces and torques back into the vehicle while tracking maneuver reaction torques are
significantly less.



However, tracking reaction torques are often a larger problem to on board experiments
because of their continuous presence. While slew maneuvers can be controlled to occur
during non critical experiment processes tracking maneuvers are often needed during these
processes to relay data and telemetry of the experiment.

To address these issues and determine torque disturbances prior to in flight operations
the NASA Goddard Space Flight Center is funding a development contract with
Honeywell Satellite Systems to measure and predict the reaction torque disturbances of
articulated payload systems. The development work will evaluate control techniques and
implementations to minimize reaction torques and will culminate in a facility known as the
Dynamic Offset Gravity Balance (DOGB).

The DOGB facility will allow full up testing of articulated systems by off loading
gravity effects to the experiment under test and measuring the actual reaction forces and
torques under various operational maneuvers. Measurement capability of the facility will
allow post processing of the reaction torque data to predict on orbit disturbances with
given structural models of the spacecraft. The complete facility located at the Honeywell
Satellite Systems Division in Phoenix, Arizona will allow the industry a means to measure
reaction torque disturbances of articulated systems in a simulated microgravity
environment prior to in-flight operation over near full operating motion ranges.

PAST IN-SPACE EXPERIENCE

The need to measure and predict torque disturbances of articulated payloads is best
realized by experiences encountered on past missions. One example is the LANDSAT 4
satellite. The LANDSAT 4 payloads include a Thematic Mapper (TM) and a Multi-
Spectral Scanner (MSS). Both sensors are imaging instruments sensitive to on board
disturbances which collect spectral radiation data of (lighted) land masses. Data
communication between the satellite and on board experiments with the ground based
receiving stations is through an on board Tracking and Data Relay Satellite (TDRS) high
gain antenna system.

Sources of on board torque disturbances include the solar array drive, TDRS antenna
system, Attitude Control System (ACS) gyros, and moving components within the MSS
and TM. During in orbit operation the disturbances from the TDRS antenna system are of
particular interest.

Attitude deviation data of the satellite is available to the ground from the combined data
of the on board computer ephemeris, the ACS (DRIRU) gyro (dc to 2.2 Hz), and an
onboard Angular Displacement Sensor (ADS) (2.2 Hz to 125 Hz).



Figure 1 shows a typical attitude deviation response in the roll axis during a TDRS
antenna program track start-up. This operation is a slew type maneuver to point the
antenna and acquire the TDRS satellite. In this maneuver relatively large peak to peak
deviations are experienced ( >400 arc seconds).

Figure 1
LANDSAT 4 Attitude Deviations During TDRSS Antenna Track Start up

 The magnitude of the reactions under this type of maneuver and resulting attitude
disturbances are determined by the acceleration profile of the antenna mass and response
of the attitude control system. Controlled profile techniques can be applied to minimize
peak attitude deviations if they pose significant problems to the on board experiments.

Figures 2 and 3 show amplified response characteristics of Figure 1 prior to a TDRS
track start-up and after TDRS acquisition. In Figure 2 the attitude response shown is with
the Thematic Mapper on and the both the MSS and TDRS antenna system off. The
primary source of disturbance in this configuration results from the moving elements within
the TM. As shown in Figure 2 the peak to peak disturbance is approximately 2 arc
seconds. Even with this relatively small disturbance environment, the data from the TM
required post processing to cancel these effects.

Figure 3 shows the attitude response of the system after the TDRS satellite has been
acquired with the TDRS antenna system in a tracking operation. The TDRS antenna
system on LANDSAT 4 employs a step motor drive with a pulse frequency spread
between 0 and 3.9 Hz. As shown in Figure 3 the attitude disturbance response of the 



Figure 2
LANDSAT 4 ADS Roll Data Before TDRSS Antenna Track

system due to the TDRS tracking operation is more than doubled with a peak to peak
deviation of 5 arc seconds.

Clearly the reaction torques of the articulated antenna system can impact the
disturbance environment for other on board experiments. As spacecraft and experiment
pointing requirements become more critical these reaction torques and their effects become
an even larger concern. The solution is to determine and measure the disturbance
characteristics prior to flight operation in a simulated zero gravity environment and test,
evaluate and optimize the compensation techniques to reduce reaction torques back into
the spacecraft.

Utilizing this data with the structural models of the spacecraft, disturbance
environments to on board experiments can be better predicted.

An approach to this solution is provided in the development of the Dynamic Offset
Gravity Balance (DOGB).



Figure 3
LANDSAT 4 ADS Roll Data During TDRSS Antenna Track

DYNAMIC OFFSET GRAVITY BALANCE (DOGB) FACILITIES

The Dynamic Offset Gravity Balance (DOGB) is a facility that provides full up testing
of articulated systems in a simulated microgravity environment to measure and predict
their in orbit characteristics and reaction torques back into the vehicle. To provide
autonomous gravity off-loading capability over the relatively large excursions of
articulated systems, the DOGB employs three active control loops. These loops track
payload horizontal motions and maintain a constant vertical gravity off loading force on the
payload. Figure 4 shows the DOGB facility with a test antenna pointing system.

To off-load gravity effects a cable attaches on or near the payload center of gravity
(CG) through a three degree of freedom Hooke’s joint. The Hooke’s joint accommodates
payload rotations and insures a vertical cable at the payload attach point.



Figure 4
Dynamic Offset Gravity Balance

A constant cable tension is maintained by an active control loop in the vertical or Z
axis. The cable tension is selected to equal the gravity off loading force required for the
articulated system under test. This active control loop is closed around a pulley/load cell
arrangement and a motor/drum assembly as shown in Figure 5.



Figure 5
DOGB Z Axis Control Configuration

Cable tension is maintained by the motor/drum assembly through feedback from the load
cell. Large payload motions in the Z axis are accommodated as the cable winds and
unwinds on the drum assembly.

To counteract the gravitational force, a constant vertical force must be applied to the
payload. Any deviations from a true vertical force result in force components along the
horizontal axes. To maintain a vertical cable (i.e. vertical counter force) the components of
the Z axis active tension loop (motor, drum, load cell) are mounted on a carriage/bridge
assembly as shown in Figure 4.

Active position loops are closed around a torque motor/ball screw arrangement to move
the carriage or bridge assemblies in a horizontal plane. Motion of the carriage and bridge is
controlled by local position loops closed around position sensors monitoring the payload
cable.

As the experiment payload moves, the cable moves away from the position sensor null
point. This motion is detected by the loop which commands the torque motors to move the
carriage or bridge to force the position error to zero. The resulting system tracks the
payload horizontal motions and the Z axis loop maintains a constant vertical force; thus the
payload is off-loaded over large motion excursions.

This active gravity off loading technique finds particular application in testing and
evaluating articulated payloads such as gimballed antenna pointing systems. By selectively
determining the payload attach point and cable tension based on the mass properties of the



payload and intermediate gimbal structures the net gravity induced torques at each gimbal
are cancelled. This allows the system to be tested over nearly full operating excursions in a
1 g environment.

Some of the current dynamic properties of the DOGB facility are given in Table 1

TABLE 1
DYNAMIC OFFSET GRAVITY BALANCE CHARACTERISTICS

Payload Weight 5 to 100 pounds (can be upgraded)
Static Balance < 5% gimbal Torque Capability
Z Force loop Bandwidth >20 Hz 3 dB closed loop)
X & Y Position loop Bandwidth > 5 Hz  3 db closed loop)
Payload Motion (X,Y,Z) >± 2 feet

To measure reaction forces and torques of the system under test during operational
maneuvers the DOGB facility incorporates a six degree of freedom Force Measurement
System (FMS) mounted on the floor beneath the DOGB fixture. The FMS is composed of
a wide range dynamometer and control electronics package. The dynamometer consists of
four 3 component force measurement sensors which are used to provide three axes of force
and three axes of torque measurement capability. Table 2 summarizes the characteristics of
the DOGB FMS.

 TABLE 2
DOGB Force Measurement System Characteristics

Range Fx & Fy ±20 kN ±4500 pounds
Range Fz 10 kN to +40 kN 2250 to +9000 pounds
Force Threshold < 0.01 N <0.00225 pounds
Range Tx & Ty ±3.12 kN m ±2300 ft lb
Range Tz ±6.14 kN m ±4600 ft lb
Torque Threshold <3.0 * 10 3 N m <2.2 * 10 3 ft lb

With the given off loading and reaction force and torque measurement capability the
DOGB system allows better dynamic interactions and performance predictions to be made
for articulated systems prior to in flight operation. This includes payload reactions, mast
properties, and support mount characteristics.

The current status of the DOGB facility is a full size working demonstration unit with a
simulated payload and gimbal pair for off loading verification. These simulated gimbals are
in an elevation/lateral configuration (Figure 4) and are based on those used for High Gain



Antenna System on the Solar Maximum Mission satellite. Also included is an active
gimbal pair for control law verification and later DOGB integration.

The active gimbal pair are digitally controlled and in an elevation/azimuth
configuration. In this configuration the azimuth gimbal requires no gravity off loading in its
degree of freedom and the elevation gimbal can be counter balanced with weights to
overcome gravity induce torques. This allows control law testing of the gimbal without the
DOGB fixture. Later testing with the DOGB fixture will demonstrate DOGB performance
with an active system.

As an overall effort to measure and improve reaction force and torque disturbances on
spacecraft the DOGB study contract is also evaluating unique control law
implementations. These evaluations include adaptive slew maneuver control and
static/slow moving tracking type reaction control.

ADAPTIVE SLEW MANEUVER CONTROL

The active test gimbals of the DOGB facility are digitally controlled and based on the
Air Force standard ADA programming language referenced to MIL STD 1750a
compatible microprocessors. The microprocessor based system allows complete control
over all articulated functions including torque commands, position feedback, and external
sensor processing. In addition to conventional control law algorithms the DOGB study is
evaluating adaptive control for slew maneuvers.

These adaptive control techniques include calculating the spectral responses of given
slew profiles and modifying them using FFT algorithms to selectively remove frequency
content that may be exciting unwanted structural modes. These algorithms will then
generate new slew profiles adoptively to minimize exciting the selected modes.
Incorporating these algorithms in the articulated system with remote sensors on the
spacecraft will allow the system to adapt in orbit if unanticipated structural modes are
encountered.

The reaction force and torque measurement capability and active gimbals of the DOGB
system allow these algorithms to be easily evaluated in determining their ability to
extinguish selected spectral content of commanded slew profiles. Preliminary work with
these slew algorithms will be complete in late 1988.

STATIC / TRACKING REACTION CONTROL

Implementing complete digital control for articulated systems allows the flexibility to
control individual elements in the system for adaptive applications such as slew profiles.



However, often these implementations result in undesirable limit cycles inherent in digital
systems. These limit cycles can result from the finite quantization within the control loop.
In the functional control block diagram of Figure 6 a dominant quantization parameter
affecting gimbal pointing performance and reaction torque transmissions is the quantization
of the position feedback.

Figure 6
Functional Control Block Diagram

Commonly resolver to digital (R/D) converters are used for position feedback. The R/D
converter provides a digital representation of the gimbal angle for processing by the
computer which determines the appropriate torque command to maintain gimbal control. A
limit cycle can result if the error to the compensation is not zero.

This can best be seen for 1/2 lsb command input. Because the output of the R/D
converter can only change in one lsb increments the error to the compensation can never
be zero. If the error is not numerically zero the free integrator in the compensation will
ramp up or down forcing the torque motor to rotate in an attempt to force the error to zero.
A free integrator is often required in the compensation to overcome friction and
disturbance effects on the gimbal. As the gimbal rotates the R/D converter will eventually
flip one lsb, the error will then change sign and the compensation will begin to ramp in the
other direction resulting in a one lsb limit cycle. The frequency of the limit cycle is near the
bandwidth of the gimbal position loop. The impact on the overall performance of the
articulated system due to a limit cycle is dependent of the quantization step size, loop
bandwidth, and allowable reaction torque disturbances. Each lsb correction produces a
step torque command to the gimbal resulting in a step reaction torque back into the
vehicle. The magnitude of the torque step size is related to the quantization step size and
system bandwidth. For a constant system bandwidth the best way to minimize the effects
of a quantization limit cycle is to decrease the quantization step size (i.e. increase sensor
resolution). Often increasing sensor resolution implies costlier more complex
implementations which may not be warranted by the overall system accuracy requirements.



Therefore the DOGB study program has been investigating techniques to minimize these
limit cycle problems without imposing costlier devices.

The DOGB active gimbal pair uses a single speed resolver and 14 bit R/D converter for
position feed back information. The angular resolution of this configuration is 0.022
degrees (1 lsb). The accuracy of the system is ±2 lsb’s or ±0.044 degrees which is
adequate for anticipated antenna pointing applications. Thus the implementation of costlier
more complex angle sensors for increased resolution are not warranted by the accuracy of
the 14 bit device. However the resulting limit cycle of the configuration with a 1.5 Hz
position bandwidth loop, as shown Figure 8 is certainly undesirable. The top trace shows
the resulting error signal to the compensation with a constant zero command input. The
middle trace shows the resulting output from the 14 bit R/D converter. And the bottom
trace shows the resulting torque step commands being commanded to the gimbal torque
motor.

Figure 8
Quantization Limit Cycle Results



To minimize the quantization effects and effectively eliminate the torque limit cycle, a
unique compensation technique for systems employing quantized digital feedback is being
developed as part of the DOGB work. The technique increases the effective resolution of
the R/D converter by employing a multi-variable feedback approach.

Preliminary results using this approach to minimize the limit cycle effects are are given
in Figure 9. The traces clearly show the improvements. The data on the left shows the the
quantization limit cycle with conventional feedback and the data on the right shows the
results utilizing the multi-variable feedback approach. Note the significantly reduced
torque commands. The implementation is used to eliminate static limit cycle reactions.

Figure 9
Quantization Limit Cycle Results with multi-variable Feedback

The multi-variable feedback approach is being incorporated in the digital control
algorithms of the DOGB active gimbals and evaluations will be complete in mid 1988.

SUMMARY

The development of the Dynamic Offset Gravity Balance (DOGB) and its associated
algorithms for controlling articulated payloads provides a new approach for predicting,
measuring and correcting reaction torque disturbances on spacecraft which can impact
other on board experiments. The complete facility located at the Honeywell Satellite



Systems Division in Phoenix, Arizona will allow the industry a means to measure reaction
torque disturbances of articulated systems in a simulated microgravity environment prior to
in flight operation over near full operating motion ranges. The measurement capability
allows the user to verify system performance and predict in flight disturbances. The control
algorithms being developed will enhance the next generation of articulated systems to
better meet the ever increasing pointing and jitter requirements of future spacecraft.
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ABSTRACT

Two candidate modem structures for use in the Space Station Multiple Access
Communications System were simulated using a software simulation package to obtain
symbol error rate curves. These systems represent an evolutionary QPSK through 8-PSK
modulation format for the input data streams. It was found through the simulations that the
use of phase-staggered QPSK modems would give lower expected implementation loss
than a modem based upon the Polarity Costas Loop method. However, the latter would
represent a simpler hardware investment to realize the modem structure for both QPSK
and 8-PSK.

INTRODUCTION

The proposed Space Station (SS) communications system will contain a subsystem called
the Multiple Access Communications System (MACS) to carry the space-segment
communications traffic between the SS and various Program Elements (PE). These PEs
will generate forward and return traffic within the MACS at different data rates and
intrinsic power levels. The load on the MACS will be driven primarily by the requirements
for 25-MHz video data. This load will be 10 simultaneous video links from all SS PEs
during the initial operational phase to as many as 23 simultaneous links in the growth
phases. These links will include three simultaneous video channels from the Mobile
Servicing Centre and up to four simultaneous video channels from the Flight Telerobotic
Servicer. All of these links will need to fit in the allocated return bandwith along with
lower rate telemetry and audio data (1). It is anticipated that the MACS return link will be
confined to a 300-MHz bandwith in Ku band (2). These requirements will not allow for
typical Binary Phase Shift Keying (BPSK) or Quadrature Phase Shift Keying (QPSK)
techniques to be used on the video channels because during the final SS phases, over
700-MHz bandwidth would be required if BPSK was used and over 350-MHz bandwidth
would be required if QPSK was used. For this reason, higher modulation orders than
QPSK were investigated and simulated for possible use in the SS MACS.



This paper presents the results of simulations using the Bock-Oriented Systems Simulator
(BOSS) on candidate modem structures for the SS MACS. These simulations were
performed to obtain preliminary indications of which modem structures would be the most
promising. They are limited in that the effects of bandwidth limitation and non-Gaussian
channel noise are not incorporated in the models. In the following section, the modem
models and test systems developed with BOSS will be presented. Then, the symbol error
rates as a function of the signal-to-noise ratio based upon these Monte Carlo simulations
will be presented.

SIMULATION MODELS

Because of the increased bandwidth efficiency required to support all of the SS PEs on the
single MACS, a higher modulation order than the baseline QPSK system was investigated.
The design drivers which were used in this investigation were

a) provide for an evolutionary path from the QPSK modulation presently used on shuttle
systems,

b) provide bandwidth efficiency at “reasonable” signal-to-noise ratios,

c) not represent high-risk technology.

A preliminary estimate was made that 8-ary Phase Shift Keying (8-PSK) modems would
be acceptable systems for meeting these requirements. Two contending 8-PSK realizations
were then developed: a modem based upon using two phase-staggered QPSK modulator
and demodulator components and a modem based upon the phase-staggered QPSK
modulator and a Polarity Costas Loop demodulator.

The phase-staggered QPSK modulator is an implementation of the method for producing
8-PSK from a QPSK base system by mapping the three data bits into four corresponding
modulator input bits which will produce the correct 8-ary phase. This method is discussed
by Lindsey and Simon (3) and was proposed to NASA by Udalov and Dodds (4). The
BOSS model used to simulate this modulator is given in Figure 1. This model uses
complex-envelope representation of the signals and does not provide for any bandwidth
limitation on the signals. These modifications, however, can be easily added to the model.
This particular realization of the modulator allows the user to select either QPSK or 8-PSK
modulation of the output at the simulation time. This feature was added to emulate a
system which could be made evolutionary from QPSK to 8-PSK. Naturally, if QPSK is
selected, only two of the three input bits are used in determining the modulation state.



The phase-staggered QPSK demodulator uses two QPSK demodulators with a relative
phase shift between them to re-construct the four input bits used in the modulator. These
four bits then can be re-mapped back to the original three data bits. This demodulator
structure was also proposed to NASA by Udalov and Dodds (4) The complex-envelope
BOSS model for this demodulator is given in Figure 2. Like the modulator, the
demodulator could be set into a QPSK or 8-PSK mode corresponding to the input state.

The Polarity Costas Loop (PCL) is a generalized version of the typical QPSK Costas Loop
demodulator. The PCL uses a multi-level limiter to estimate the I- and Q-channel levels for
modulation orders higher than QPSK. This demodulation technique was developed by
Osborne (5) and the complex-envelope model for this demodulator is given in Figure 3.
Like the modulator, the demodulator could be set into a QPSK or 8-PSK mode to
correspond to the input state.

The BOSS test systems for simulation using the dual QPSK and the PCL modems are
illustrated in Figures 4 and 5, respectively. Both use the same modulator as a source for
the demodulators. Only white, Gaussian noise was added to the modulated carrier. The
noise levels were determined by specifying the desired carrier-to-noise levels at the
simulation time. Once each symbol period, the input symbol and the recovered symbols
were compared and if found to be different, an error counter was incremented. Simulation
lengths ran from 2000 symbols at high error rates to 50,000 symbols at low error rates.

SIMULATION RESULTS

The symbol error rates as a function of signal-to-noise ratio for the two candidate modems
along with the theoretical estimate for the 8-PSK error curve are presented in Figure 6.
From this figure, two primary results are apparent:

a) both modems require an input carrier-to-noise ratio greater than 10 dB for realistic
tracking of the signal while signal strengths lower than this do not produce graceful
degradation of the recovered signal but will produce essentially noise outputs from the
demodulator;

b) the dual QPSK demodulator appears to have a better performance curve than the PCL
based upon the simulations performed here with the PCL having a 2 to 3 dB
“implementation loss” while the dual QPSK held closer to the theoretical curve.

The dual QPSK results are not as complete as desired due to the extremely long simulation
times required to obtain realistic error rates. With carrier-to-noise ratios greater than
12 dB, an insufficient number of errors was generated to accurately estimate the error rate.
At this point, more than 100,000 symbols would need to be generated to correctly estimate



the error. The fact that more than twice the number of symbols would be needed to
generate an error estimate for the dual QPSK system over the PCL system is what leads us
to expect the dual QPSK system to be superior, within the bounds of the simulation
environment, to the PCL system.

Another result which is not illustrated by the symbol-error rate curve but which was
discovered during module testing and verification is that the PCL demodulator, in its
8-PSK state, can also be used to demodulate QPSK generated by the 4/8-PSK modulator
without any modifications to the carrier tracking loop. The output symbol decoding to
logic states can be accomplished by simple level-comparison logic. The dual QPSK
demodulator, however, would need to deactivate one-half of its hardware to demodulate
QPSK from this modulator.

CONCLUSION

By these simulation studies, it was determined that 8-PSK modems could be constructed
for use in the MACS which would meet the design goals. It was found that the dual QPSK
method should provide a lower implementation loss than the PCL method for
demodulation. However, the dual QPSK demodulator represents a more complicated
hardware realization than does the PCL. The PCL also has the added advantage of being
able to demodulate both QPSK and 8-PSK from the evolutionary 4/8-PSK modulator with
the same hardware and thus could be implemented for both modulation formats.

Further studies are needed to determine if either modem design has an advantage in
bandwidth-limited and non-Gaussian noise channels.
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Figure 1. 4/8-PSK modulator used in simulation studies.

Figure 2. The dual QPSK demodulator used in the simulation studies.



Figure 3. The PCL demodulator used in the simulation studies.

Figure 4. The dual QPSK test system used in the simulation studies.

Figure 5. The PCL test system used in the simulation studies.



Figure 6. Simulation-derived symbol error rates.



Projects Supported by The Science Fund of The Chinese Academiy of Sciences*

FLIGHT TEST OF SDM TELEMETRY SYSTEM

Zheng Ming and Zhang Qi-shan
Beijng Institute Aeronautics and Astronautics*

Beijng, China

ABSTRACT

Orthogonal functions are the mathematical foundations of implementing multiplex
transmissiom. Walsh functions are a set of functions which are orthogonal, normalized,
and complete. They can also be used to accomplish multiplex transmission---constituing a
new kind of telemetry system. In this paper, the constitutive principle of Walsh function
telemetry system is introduced, the Walsh function telemetry system has already been
built, the experiments performed recently on this system and the results of flight
experiment are comprehensively discussed.

INTRODUCTION

As everyone knows, the mathematical foundation of forming a telemetry system is the
orthogonal functions. For instance, sine and cosine functions are orthogonal, and they have
been used to constitute the frequency division multiplex telemetry system. Walsh functions
are also a set of orthogonal functions, as can be seen from the following:

(1)

Can we use sequency division to accomplish the multiplex transmission---constituting a
new telemetry system?

In the early 1980s, some theoretical investigation has been carried out on the possibility of
implementing multiplex transmission using Walsh functions, and the prototype of multiplex
transmission system on the baseband has been built. The results have shown that the
principle is feasible and the effect is fairly good.

For the further investigation of its practical properties, a Walsh function telemetry system
applying to engineerings has been set up according to the environmental conditions for



equipments on an airplane and the operation requirments. The transmitting and receiving
sections at P wave band are also supplemented to the base band transmission system. In
order to read the experimental records accurately and conveniently, calibrating apparatus
have been installed in the transmiting section of the telemetry system on airplane; the
design for minimizing the airborne telemetry transmitting equipment has been adopted to
fit the installation on the airplane. The equipments for receiving, modulating, displaying
and recording are all built in one truck becoming a mobile telemetry earth-based station.
Then, the assessment of such experiments on the whole system as combined experiment,
environmental experiment, and distance stretching experiment on the ground is made.
Recently, with the telemetry transmitting equipment being set on airplane, the test on the
flight experiment is performed. The results of the experiments carried have shown that not
only can Walsh functions be used to make a practical telemetry system, but also this new
kind of telemetry system has some special advantages over the traditional frequency
division multiplex (FDM), and time division multiplex (TDM) telemetry systems.

BRIEF INTRODUCTION OF THE SYSTEM

The main specifications on performance of the Walsh telemetry system are as follows:

1. Type of modulation: WAM-FM
2. Number of channels: 15
3. Frequency rang of signals measured: 0-1000Hz
4. Amplitude of input signal: ±2.5Vp-p
5. Radio frequency wave band: P band
6. Power of radio frequency: >0.8W
7. Transmission accuracy of the system: better than 3%
8. Working distance of the system: 130Km(the height of the transmitting equipment:

10Km)

The block diagram of the telemetry transmission equipment is shown in fig.l.

The block diagram of the telemetry earth-based station is shown in figure 2.

The working principle of Walsh function telemetry system is briefly described as follows:

15 signals to be measured are fed to the input terminals of the gate circuits respectively
after they have been adjusted to the range of -2.5V-+2.5V by the conditioner in each
channel. Other terminals of the gate circuits are connected to a high precition level which
is used to calibrate the system before the experiment. The output signals of the gate
circuits are conveyed to integrators which integrate the signals in every period T of Walsh
function. Sample-holders sample the final levels of the integrated voltages and hold these



levels in the period T. Thus, signals from all the channels become the step waves with
period T after the processing of integrators and sample-holders. The step waves from
every channel are multiplied by Walsh functions respectively in the multiplier, the outputs
are Walsh waves (WAM) that have already been amplitude-modulated. 15 Walsh waves
modulated are added in a SUM stage and the synchronous flag pulse is brought into the
composite signal, then , the synthetical wave U  (t) with synchronous flag is transfered to,

the radio frequency transmitter to be frequency modulated at P wave band. The radio
frequency carrier is brought to the transmitting antenna to be radiated into space after the
amplification by the power amplifier.

Calibrator produces high precision levels with ten steps which are put to the input
terminals of the gate circuits in every channel. The recording equipment of the telemetry
system will take down these high precision steped level to be used as the criterion for
reading the singals before recording in the experiment.

The receiving antenna on the telemetry earth-based station conveys the radio frequency
signal to the P wave band receiver which demodulates the receiving signal to get the
synthetical U  (t) corresponding to that in transmitting equipment. Synchronization,

detector detects the synchronous signal from the synthetical signal U  (t) to control Walsh,

generator in the earth-based station in order that it synchronizes with Walsh generator in
the transmitting equipment. Two kinds of signals U  (t) and Wal(j,t) are simultaneously fed,

to the input terminals of the multipliers, the product of the multiplication of the input signal
is as follows:

(2)

According to the multiplication theorem of Walsh functions:

(3)

For the addition of modulo 2, when i=j, irj=0, thus, equation (2) becomes:

(4)



Therefore, the multiplier has picked out the desired signal Aj at the j channel from the
synthetical signal U  (t). Signal Aj can be processed through the integrator and sample-,

holder to get the step waves with period T and recovers the original signal measured after
passing through the low-pass filter. The 15 signals recoverd are conveyed to the output
ports of the system and all kinds of equipments for displaying, recording and processing
can then display, record and process these signals.

SYSTEM EXPERIMENT

For the Walsh function telemetry system that have been made, the environmental
experiment on the ground and the flight test of the system have been performed.

Environmental Experiment: This experiment is carried out on the telemetry transmitting
equipment in accordance with the standard environmental condition of the equipment on
board airplane. The items of the experiment include: high temperature, low temperature,
shook, vibration, acceleration, high temperature with damp, low temperature with low
atmospheric pressure,etc.

Combined Experiment: This experiment tests if the whole performance specifications of
the Walsh telemetry system achieve what have been designed in the condition of
laboratorial environment. Four kinds of analogue signals are applied to the 15 input
terminals of the system: direct current, square wave at 30Hz. sine signals at 200Hz and
1000Hz. The results of the processing to the experiment recordings from the 15 channels
show that the transmission precession of the system is better than 3%.

Working Distance Experiment On Ground: The telemetey transmitting equipment is placed
in laborary with the height of the transmitting antenna being about 20 meters. The
telemetry earth-based station on truck moves apart from the transmitting antenna, and the
receiving antenna is in the direction of the transmitter. We can conclude from the results of
the processing to the recording from the 15 channels that the working distance on the
ground is 15Km provided that the system transmission precision is maintained.

Flight Test: The aims of the flight test are to examine the main electrical specifications,
properties of the mechanical structures, and the maxmum working distance in space while
keeping the system transmission precision of Walsh telemetry system in the real
enviroment unchanged.

The telemetry transmitting equipment is mounted on the airplane. Three set of analogue
signals are connected to the input terminals of the 15 channels respectively: direct current,
sine signals at 300Hz and 1000Hz. Two earth-based station on trucks are arranged near
the airport. The flying height is 10Km, and the speed is 900+20Km/h. The plane circles



once after its taking off and then keeps the horizontal flying status all the time, meanwhile
the receiving antenna on the earth-based stations tracks the plane, then the equipment for
displaying, recording on the ground displays and records the signals from the whole
channels. In order to verify the repeatability of the experiment, three times of flight have
been performed on the same experimental condition. In these processes, transmitting
equipment on airplane and the telemetry earth-based station are operated normally all the
way, trouble has never occured. The signals to be measured can be received and
demodulated within the distance of 200 Km. The results of the processing to the whole
experiment records show that the maximum working distance is 130 Km with regard to
maintaining the system transmission precision.

CONCLUSION

1.  Orthogonal Walsh functions can also be used to constitute a multiplex transmission
system. The examination in reality to the flight test has proved that Walsh function
telemetry system has practical value.

2.  Under the circumstance that the capacities of two systems are the same, the cross
interference of Walsh function telemetry system is obviously small than that of frequency
division multiplex (FDM) telemetry system.

3.  Compared with frequency division multiplex (FDM), and time division multiplex
(TDM) telemetry systems, Walsh function telemetry system (SDM) is stable in
performance, good in reliability, simple in structure, mainterance and operation.
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Fig.1 Block diagram of transmitting equipment

Fig.2 Block diagram of telemetry ground station
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ABSTRACT

To support the telemetry data rates and meet the needs of telemetry data users in the next
decade, telemetry data capture systems will have to be radically different from today’s
systems. At Goddard Space Flight Center, the Mission Operations and Data Systems
Directorate is developing the capability to build user specific data capture systems from a
library of high performance hardware and software elements that satisfy standard data
capture processing requirements.

One or more telemetry functions are encapsulated in a single standard open bus system
(e.g. VME, Multibus II, NuBus etc.) with supporting software to form a user data capture
system. Each subsystem module (card or board) includes a local microprocessor supplying
on board intelligence and programmability for changing requirements. Many of these
subsystem designs include custom very large scale integration (VLSI) components to
increase speed while minimizing cost and size. A standard hardware and software interface
to each card subsystem is employed to simplify system integration in the open system
environment.

INTRODUCTION

Imagine the following scenario: A scientist needs a telemetry system to capture data from
his experiment aboard the Space Station, perform error correction, and extract and process
“quick look” packets of science data. From his office workstation, he logs on to the
Telemetry Component Library Processor at the Goddard Space Flight Center (GSFC).
Information on the capabilities and availability of all telemetry processing components,
both NASA specific and user specific, is housed in the system’s database. Through
interaction with the Processor, the experimenter defines his data capture needs on a high
level. The intelligent Processor resolves any design ambiguities through queries of the user



and the detailed component information stored in the database. Finally, the user specific
system is assembled and installed in a large data handling facility, or provided, fully tested,
to the user for remote operation. While this scenario is far from reality today, early efforts
to prototype a functional component architecture may help make it a reality in the future.

A functional component approach to telemetry data capture systems is being developed in
the Mission Operations and Data Systems Directorate at GSFC which could support
telemetry system needs in the next decade. The goal is to develop a library of functional
modules which perform common telemetry functions. These components are then available
off the shelf, to be assembled on a standard platform, in a user specific configuration. The
one time effort to build a component, and its subsequent reuse in many systems is an
important advantage of this approach. Smaller, faster and less expensive systems will
make telemetry data capture capabilities available to a wider range of organizations and
budgets. This opens up the possibility of decentralized telemetry data capture, where
functionality and performance can be tailored to meet particular customer needs.

Some common telemetry data capture functions include NASA Communications
(NASCOM) Block processing, frame synchronization, Reed/Solomon decoding, packet
processing, and virtual channel sorting/multiplexing. One or more of these functions are
modularized into a VME card(s), along with supporting software, to make a functional
module. Generally, a data capture system is made up of a number of these modules
combined in a standard open bus system with the necessary system support hardware and
software.

CURRENT SYSTEMS VS. FUTURE NEEDS

Current telemetry systems are generally software intensive and application specific
machines. They were built using medium scale integration (MSI) technology for special
front end data capture with Mainframe CPUs used for actual data processing. These
systems adequately support the data rates needed for many current missions. In contrast to
the functional component approach, no standard platform exists for these data capture
systems. Instead, completely separate custom systems were built for each facility despite
the similarity of functions they perform. Many of these systems exist within NASA today,
and many more will be needed with the advent of new missions and the Space Station era.

The functional component approach seeks to meet the needs for telemetry data capture of
both current and future missions. The standardization of telemetry functions will facilitate
this approach. Recommendations for advanced telemetry systems in the Space Station Era
are being developed by the Consultative Committee on Space Data Systems (CCSDS).
These recommendations include standards such as data formats, and error detection and
correction codes. The standard data format will be the CCSDS frame with variable length



packets contained inside. The error detection and correction scheme will be a Reed/
Solomon code, and data rates will range up to 300 Mbps.

GENERAL DESCRIPTION OF A COMPONENT BASED SYSTEM

Each component built telemetry system is a hierarchical combination of commercial
hardware, NASA specific custom hardware and multitasking software. Discrete modules
on hardware and software, with consistent interfaces, allow complex data capture systems
to be configured to a user’s specific needs. The following sections describe the hardware
and software structure of a component based telemetry data system prototype which has
evolved over the last three years at the Goddard Space Flight Center.

SYSTEM LEVEL HARDWARE

The standard hardware platform for this prototype is a multiprocessor architecture with
two bus systems housed in a triple height (9U) VME card cage ( see figure #1 ). A master
processor is dedicated to system control, while the other processors provide an interface to
the master and local intelligence on the telemetry data processing modules. Commercially
available VME cards are used wherever possible to minimize cost and engineering time
with custom designs limited to NASA specific functions.



A telemetry processing module is a combination of NASA specific hardware and a
commercially available single board computer which together form a triple high VME
card. This single board computer contains a Motorola 68010 processor and 512 Kbytes of
dual ported RAM in a single height VME card format. Other commercial hardware
consists of a processor card containing a Motorola 68020 microprocessor and one Mbyte
of RAM, a two Mbyte DRAM card, a Winchester/Floppy Controller card to drive the 20
Mbyte hard disk and 800 Kbyte microfloppy, and an Ethernet card. Dual bus systems are
used to separate the telemetry data stream from control and status data. The dedicated
“telemetry data pipeline bus” is used for the high speed transfer of telemetry data between
processing modules, while the VMEbus is used for passing control and status information
between the system master and the modules.

With the above configuration, a great deal of processing power remains available in the
VME environment. Additional user specific functions, such as “quick look” of specific
data sets, could be custom developed by users or provided by commercially available
VME components, to meet their particular application needs. These new modules could
then be added to the library of available telemetry data system modules.

SYSTEM SOFTWARE

The software to manage this system is also designed as a generic shell on which a user
develops his particular application. Software functions common to all systems include the
setup of all hardware and software for processing a specific data stream, the reporting of
status about the processing, and module level testing and diagnostics. In the component
built system, the master’s software must be flexible enough to handle any card placed in
the system. This is accomplished by a highly modular design where generic software is
linked with card specific software to support the hardware components included in a
particular configuration.

Each system is a set of microprocessors, with one acting as the system master controller to
command and monitor each telemetry module’s local processor, which in turn controls and
monitors the module’s accompanying NASA specific hardware (see figure #2). Each
processor’s software runs under the control of a commercial realtime operating system.
Using its multitasking services, the software is partitioned into a number of tasks which
together implement the functions of the particular module. The master’s software
interfaces with the system operator and the individual telemetry processing modules, to set
up the system and monitor its activity. These actions are supported by peer software
running on each module.



MASTER CONTROLLER

A commercial realtime operating system provides the basic software development and
operational environment. The operating system supports many processor cards which
incorporate the MC680XX series processors and will accommodate upgrades to advanced
processors as they become available. As the VME system controller, the master controller
drives the system clock and reset lines, and serves as the bus arbiter. To implement its
functions of controlling and monitoring the system, the master controller software consists
of an operator interface task, a driver task for each module in the system, a system status
task, and tasks used for system initialization, debugging and maintenance.

The tasks work together in the following manner. The operator interface has one or more
setup and display pages for each module on which setup data is entered and status data is
displayed. The information on these pages is packed into messages that are transferred
to/from the corresponding module driver tasks via intertask communications. The module
drivers send the data to their assigned module using the interprocessor communications
layer software. The status task gathers individual module status blocks, on a timed cycle,
and builds a system status block for the operator interface task to display. At the core of
the control software, interprocessor commands and data are passed between the master



controller and the module controllers. Each command reflects an action that the master
controller wants the telemetry module to perform, for example, the initialization of a chip
set based on operator or scheduled local reference table inputs.

TELEMETRY PROCESSING MODULE HARDWARE

Each telemetry processing module implements NASA specific data processing functions in
a unique triple height (9U) configuration. A module consists of a single height (3U)
processor card connected to a double height (6U) custom hardware card via a unique side
connector (see figure #2). All three connectors are used on the card cage backplane: the
standard VMEbus on PI and P2 and a custom “telemetry data pipeline” bus is on the P3
connector. This configuration is adequate for many telemetry functions with rates up to 20
Mbps. For still higher rates or more complex functions, custom or new CPU designs could
replace the commercial single height CPU as long as the generic system level protocol is
maintained. In this way, high level integration is indifferent to various performance levels
required by individual users.

Application specific VLSI chips in combination with various configurations of buffers,
FIFOs, and other control logic make up the telemetry module’s custom hardware. To
achieve a reduction in size and an increase in throughput, many data processing functions
previously performed in software are implemented in hardware. NASA specific VLSI
components handle many of the standard telemetry processing functions. For example,
correlation, NASCOM block processing, frame synchronization, and statistics
accumulation are incorporated in present VLSI chips. Complex erasable programmable
logic devices are also extensively used to implement local hardware functions such as I/O
control.

High throughput rates are achieved by using a dedicated telemetry data path (a custom
design on the P3 connector) for transfer of data blocks and frames, separate from the
VMEbus. Telemetry data entering a module on the data pipeline is processed by VLSI
components on board with very little software intervention. These devices interrupt the
local processor at key points in the data flow triggering software service routines. Setup
and status data are passed over the VMEbus under software control, where speed is not as
critical.

Each module performs extensive power up self diagnostics which include a check out of
the local data pipeline and the components surrounding it. Each module includes a VLSI
Test Pattern Generator Chip, also designed at Goddard, which simulates a data stream
through the data pipeline. Command driven software triggers and reports on each module’s
self-testing.



TELEMETRY PROCESSING MODULE SOFTWARE

Each module’s software expands on the capabilities of the accompanying hardware;
together they implement the module’s specific functions. The software consists of the
following: interprocessor communications task, card level status gathering task, data
processing tasks and interrupt handlers, and a “debug” task.

The interprocessor communications task executes the module’s specific command set. The
commands allow the module’s custom hardware and software to be set up and monitored
by the master. The status task collects the card status from various hardware devices and
software tables, formats a status block and writes it to dual ported RAM, where the master
expects it. A status block may include information such as the number of frames input,
frames in error, frames filtered, as well as information on the card’s health and operational
state. Realtime processing of the pipeline data is accomplished by a varying number of
tasks which are typically interrupt driven. The number and design of these tasks is
dependent on the hardware and the functions required of the module. Functions such as
data filtering, routing and accounting are handled by these processes. The debug task
localizes code that would normally be spread throughout the tasks of the module and also
allows interactive setup and monitoring of the module’s hardware and software without the
need for a master processor.

CONCLUSION

To fully develop the science and application potential of future space activities, NASA’s
telemetry data systems must do more than simply meet specific technical requirements.
They must provide for reliable, low cost, and modular systems which NASA and its user
community can easily tailor in size and performance to particular needs. These systems
must allow for growth and expansion in the years to come.

The new Telemetry and Command system (TAC), from which the component approach at
GSFC was born, utilizes functional modules combined in the VME open system. This new
system represents a major ground breaking effort. Many new techniques and technologies
were developed during the design of this first component data system.

This functional component approach to telemetry data capture systems has been under
development in the Mission Operations and Data Systems Directorate at the Goddard
Space Flight Center for over three years. We now have a variety of NASA specific CMOs
VLSI, components which perform standard telemetry functions (e.g. correlation, frame
synchronization, NASCOM deblocking, etc.) and special support VLSI components such
as the Test Pattern Generator chip. These components have been used alone or in
combination to develop generic telemetry processing modules (cards) such as the



Synchronizer Module which has the capability to perform NASCOM Block processing
and frame synchronization on a single VME board at up to 20 Mbps. An Emitter Coupled
Logic (ECL) version of this card is now under development for support of data rates up to
300 Mbps. Other telemetry processing modules currently under development include
virtual channel sorting/multiplexing, packet processing, and Reed/Solomon decoding.
Telemetry processing modules to perform support functions, such as data simulation and
time decoding, are also being developed in support of end-to-end system level
functionality, testing and verification. An Ethernet hardware and software interface, a
standard feature of this system, can be used to support control and status functions of a
network based, data handling facility. Future enhancements include the adaption of
NASA’s Transportable Applications Environment (TAE™) as the basic user interface for
system development and operation.

As described in this paper, the design and development of VLSI components to perform
standard telemetry functions, the use of one or more of these components to form
functional modules, and the integration of these functional modules to form a functional
component telemetry data system, demonstrates a prototype system which could provide
the architecture to meet many of NASA’s future systems requirements.
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ABSTRACT

Mass storage systems used in the Space Station era must be able to store, retrieve,
process, and distribute data, in near real time, at rates up to 300 Mbps and with fast access
storage greater than one terabit. To meet NASA’s required speed, capacity, flexibility, and
reliability at a reasonable cost, these systems will need to employ modem techniques of
data presorting, disk stripping, and parallel redundancy. These systems will, also, have to
include special, NASA specific subsystems which pre-process telemetry data in order to
reduce direct CPU loading and overall system complexity.

Commercial storage systems and components available today do provide the fundamental
elements required for the development of such a high performance mass storage system. In
particular, new commercial parallel drive array systems and parallel drive controllers
provide an opportunity to develop and prototype architectures which are suitable and cost
effective for NASA’s applications. In addition, by utilizing experienced already gained in
the use and application of VLSI technology, various required NASA specific functions can
be integrated with these commercial storage components to develop an intelligent mass
storage system prototype. This paper describes the architecture, components, and technical
approach for such a mass storage system prototype.

1.  INTRODUCTION

Space Station era ground data processing will require an enormous increase in NASA’s
present capability to process, store and distribute spacecraft data. The extent of this
problem is exemplified by NASA’s projected average daily spacecraft telemetry volume of
2400 gigabytes expected by mid 1990’s, as compared to the 1985 volume of 1 gigabyte
per day (1). To accommodate and process this volume of data, new system architectures
and storage subsystems are needed which can support this growth by accommodating
projected improvements in storage component technology. Various studies have verified



the potential mass storage problems awaiting the space communications network in the
Space Station era and have suggested actions needed to arrive at approaches to these
problems. Beyond requirement changes, these approaches depend on early experience with
the advanced storage technology and components. This includes the development of new
architectures and custom subsystems suited to the high performance telemetry data
systems of the Space Station era. The Data Systems Technology Division at Goddard
Space Flight Center (GSFC) has the responsibility to explore, develop, and validate
technologies applicable to NASA’s specific data processing and communications
problems. As part of this effort, the Data Systems Section has undertaken the investigation,
design, development, and test of a prototype Space Station era Mass Storage System.

While initial efforts indicate that a fast access read/write disk buffer (300 Mbps, 1,000
Gbit store) suitable for working storage and rate conversion applications (e.g. Level Zero
Processing) is possible with current technology and at a reasonable cost, the same situation
does not seem clear with respect to very large store magnetic or optical tape systems for
data capture applications. A selection of tape storage systems seem sufficiently mature to
satisfy line outage protection in the 1992-1998 time frame but they are generally quite
expensive. Automated tape libraries and jukeboxes seem best suited to data protection and
deferred delivery needs but they are also expensive and are either new or soon to be
released commercial products. In any case, these systems will require fast access staging
buffers to efficiently interface to the other processing levels. As a result, the Mass Storage
System described in this paper is intended to prototype a potential architecture utilizing
commercial parallel drive arrays and custom controllers and interfaces, primarily, to meet
NASA’s projected 1992 ground data processing requirements for a fast access working
storage buffer. Tape storage is included in the prototype in order to gain more experience
with high performance VCR digital tape technology and to insure compatibility with this
technology in the basic prototype architecture.

The architecture selected was tailored to provide both a high probability of meeting
storage and buffering requirements and for direct development with commercially available
components. Other key criteria includes cost, reliability, use of commercial standards for
interfaces/data structures, size, and facility requirements. In order to minimize prototype
development time and to optimize compatibility with on-going VLSI based telemetry data
systems projects within the Data Systems Technology Division at GSFC, the prototype
design of this system is based on the VLSI generic telemetry data systems developed
within this division. As a result, direct testing and validation of this system with such
projects as the Customer Data Operation Service (CDOS) testbed and the First Element
Launch FEL) / Data Interface Facility (DIF) prototype is possible (2). Various NASA
specific functions such as those required for the Level Zero Processing (LZP) function
(e.g. source packet ID sorting, data reversal, overlap deletion etc.) were included in the
design and development of the prototype Mass Storage System’s architecture.



Additionally, this system will take advantage of such special projects as the Packet
Processor card development at GSFC.

2.  PROTOTYPE MASS STORAGE SYSTEM

2.1  SYSTEM REQUIREMENTS

The prototype mass storage system is being designed around a single generic architecture
that can be configured to satisfy a variety of NASA data storage requirements. The
primary data storage needs call for such functions as line outage recording, rate buffering,
data archiving, and level zero type processing. The types of data storage functions that are
needed for tomorrow’s systems will vary; however, a number of the primary data storage
needs can be satisfied by a system that can be configured to provide three basic types of
storage:

1) Block storage, where data is stored in fixed size blocks and accessed by a unique
block ID number.

2) File storage, where data is stored into variable size files and accessed by file name.

3) Data driven storage, where data is stored and processed according to its type and
accessed by its sequence within this type.

The prototype mass storage system hardware will be configurable to support all three
modes of operation at up to 300 Mbps.

2.2  GENERAL ARCHITECTURE

The system architecture consists of two distinct components: a configurable high level
mass storage control system and basic storage kernel (see FIGURE 1 - HIGH LEVEL
BLOCK DIAGRAM OF THE MASS STORAGE SYSTEM). There will be only one mass
storage control system, while, there could be multiple basic storage kernels.

The mass storage control system provides an interface between a generic telemetry data
system element (e.g. FEL, DIF, or packet processor) and one or more basic storage
kernels, but it will contain no commercial mass storage devices itself. It will act as the
master data flow director and control the data flow in and out of the basic storage kernels.
It win be used to direct the activity of the basic storage kernels and to perform overall
database management functions as required by the system. Additionally, if more than one
basic storage kernel is used, it will be responsible for stripping the data across them.



The basic storage kernel acts as a “data sponge” and contains all of the system’s
commercial storage devices. It will consist of a configurable arrangement of multiple high
performance commercial parallel drive arrays and multiple VCR tape units for data
storage. Also, it will include high rate input and output subsystems and local intelligence to
perform kernel level data base management functions as required. It will directly control
the data flow in and out of the storage devices and provide overall quality blocks for this
data.

Functionally, the basic storage kernel may be viewed as a tightly coupled collection of
high performance commercial parallel drive arrays, very large data storage VCR tape units
for short term storage, and specialized single board computer data processors. These units
are all bound together by a single centralized data bus (VME bus) that controls multiple
storage device buses (SCSI bus).

The control, status, and processing functions required for the system operation will be
optimally distributed across system elements and may be implemented in hardware,
software, or some combination of both (see FIGURE 2 - TOP LEVEL FUNCTIONAL
DIAGRAM). Exact distribution and implementation will be defined during the design
concept stage of development which will include compatibility and integration with on-
going VLSI based data capture systems work at GSFC. Some of these functions include:
data preprocessing (e.g. source data sorting and time ordering); management and 



distribution of high rate streams over multiple disk controllers; data capture, backup, and
recovery; generation of user data and quality packages; rate translation; and overall system
control and status.

2.3  SYSTEM COMPONENTS

2.3.1  THE MASS STORAGE CONTROL SYSTEM

The mass storage control system will be configured to meet the particular system
requirements. For lower cost, lower rate telemetry data systems (under 150 Mbps), it will
be a single compatible plug-in card that directly interfaces with the generic telemetry data
system. This configuration controls only one basic storage kernel. For high performance
telemetry data systems (up to 300 Mbps), it will be a separate card cage with a custom
interface to the generic telemetry data system. This configuration controls two basic
storage kernels in order to achieve the necessary data rate and capacity.



The mass storage control system will control the data flow in and out of the basic storage
kernels. It will provide data blocking and quality information accumulation on those
blocks. It will provide rate smoothing to ensure a near constant 150 Mbps data movement
in and out of the kernel.

For lower rate systems (single kernel systems, under 150 Mbps) that need only simple
block storage or file access storage, the mass storage control system can be fairly simple.
It will be used primarily as an interface between the generic telemetry data system and the
basic storage kernel. The basic storage kernel will perform most of the data base
management functions via high level commands from the mass storage control system.

For systems that need data driven storage (e.g. level zero processing systems), the mass
storage control system will be much more complex. It will include specialized VLSI gate
arrays to perform such NASA specific functions as data sorting and blocking. It will be
functionally divided into two areas: a data storage control subsystem, to control the data
flow from the generic telemetry data system to the kernels; and a data output control
subsystem, to control the data flow from the kernels to the generic telemetry data system
and/or local area network and common carrier interfaces.

The data storage control subsystem will be further divided into three areas: an input
section, for handling the incoming data from the generic telemetry data system; a sorting
section, for sorting the data by unique ID into blocks; and an output section, for
multiplexing and transmission of the data blocks to the basic storage kernels.

The data output control subsystem also contains the input and output sections, but will not
contain the sorting section. Also, the output section will control data flow not only to the
generic telemetry data system, but also, to external local area network and common carrier
interfaces.

2.3.2  THE BASIC STORAGE KERNEL

The basic storage kernels form the core of the mass storage system. They contain all of the
system’s commercial storage devices. A basic storage kernel can be configured with
interfaces for simple block storage, file storage, and data driven storage modes. Physically,
the basic storage kernel will consist of a single VME bus based card cage, multiple parallel
drive arrays, and VCR tape units. A single kernel can provide from 9.6 to 400 Gbits of fast
access storage. Fully expanded, at 400 Gbits and 2 VCR tape units, the kernel could be
housed in 5 six foot racks (see FIGURE 3 - FULLY ECPANDED BASIC STORAGE
KERNEL).



In order to maintain the high data throughput, the kernel will perform pipelined data
movement. Separate input and output subsystems will insure that these operations are
performed autonomously. On data input, the data received from the mass storage system
controller will move across the VME bus backplane and out to one of 6 SCSI bus
interfaces onto the appropriate parallel drive array (see FIGURE 4 - BASIC STORAGE
KERNEL CONTROL SYSTEM).

In a block storage and file access modes, the kernel will strip the incoming data across six
parallel drive arrays simultaneously. The kernel will respond to block oriented type of
accesses (e.g. a request for a unique data block by ID) by computing the necessary logical
to physical block parameters so that the external interface need only be concerned with the
unique block ID number. The kernel will also respond to file access oriented commands
(e.g. open/close, create/delete, read/write, reposition, etc.) by consulting its directory of
files and disk usage.

The data driven mode of operation will be streamlined for level zero type processing
functions. It is assumed that there will be prior fundamental knowledge of the various data
rates for each type of data (i.e. source packet ID) and how many types of data will be
present in the telemetry stream. The data will not be automatically stripped across all six 



disk drives as in block and file access modes; although it will be stored in a presorted
format by data type. The system will be preset to autonomously store data by type and
perform stripping only if necessary to maintain the rate for a given type of data. The mass
storage system controller will presort the data by type into blocks and pass these blocks
along to the kernel for storage.

2.4.  TECHNICAL APPROACH

2.4.1  DATA COMMUNICATION INTERFACES

MASS STORAGE CONTROL SYSTEM INTERFACE

The interface between the mass storage control system and the basic storage kernel will be
accomplished with 4 custom subsystems (see FIGURE 5 - CONCEPTUAL MODEL OF
THE MASS STORAGE SYSTEM). Physically located in the mass storage control system
are the data storage control subsystem and the data output control subsystem; and in the
basic storage kernel are the input data subsystem and the output data subsystem. These
four subsystems will be connected by two interfaces: the input interface bus and the output 



interface bus. Each interface will consist of dual 16 bit synchronous data channels and
associated control bits. All data will include a 6 bit ECC code that will be used to
minimize transmission errors. The use of separate intelligent input and output interface
buses will make simultaneous input and output operations possible.

THE DISK FARM INTERFACE

The basic storage kernel will use the industry standard VME bus as the back bone for this
interface. This bus is capable of moving data at up to 320 Mbps, however there are no
memories available at a reasonable cost capable of accessing data at this speed. Using
standard high speed static ram memories, data movement at greater than 160 Mbps
sustained has been measured, which is quite adequate for this system.

All data storage devices used for the working storage (“disk farm”) will be controlled via
the industry standard SCSI bus. The interface between the SCSI bus and the VME bus will
be accomplished with a commercial high performance dual SCSI bus controller. There will
be 8 SCSI buses tied to the kernel’s VME bus back bone. Six of the SCSI buses will be
used exclusively for disk farm control. The other 2 SCSI buses will control the 2 VCR



tape drives. Each SCSI bus is capable of supporting 7 parallel drive arrays. The full scale
basic storage kernel will therefore have 42 parallel drive arrays. Each SCSI bus has a
bandwidth of 32 Mbps sustained. In order to achieve the desired 150 Mbps bandwidth,
these SCSI buses will have to be used in parallel. Data will transfer into the basic storage
kernel at 150 Mbps, be split 6 ways and stored on 6 drives simultaneously. Data will be
stored at a rate of 192 Mbps. This ensures that the storage rate is always faster than the
input/output rate of 150 Mbps.

2.4.2  DATA STORAGE DEVICES

REQUIREMENTS

The data storage devices used for the disk farm are critical to the overall performance and
reliability of the system as a whole. The storage devices used must be able to ingest data at
32 Mbps and access that data in less than 50 ms. In addition, this system will have a great
number of disk platters, it is inevitable that some of the platters will fail during real time
operations. Therefore, the system must be able to lose 1 or more platters without the loss
of existing data or the loss of new incoming data. For this reason, high mean time between
failure (MTBF) and parallel redundancy are critical.

PARALLEL DRIVE ARRAYS

Parallel drive arrays and array controllers that meet these requirements are available today.
One such parallel drive array features five synchronized disk drives in parallel, 4 drives for
data and 1 drive for parity. The outstanding feature of this drive is its reliability. Due to the
addition of the fifth parity drive, the loss of any single drive in the array will cause no loss
of data either during on-line real time operations or off-line. In fact, the loss of any single
drive in the array will not affect data storage operations in any manner what so ever. If the
failed drive is replaced within 72 hours, then the MTBF is estimated at 1,400,000 hours. It
is capable of storing 32 Mbps sustained and 40 Mbps burst and holds 9.6 Gbits of data
after formatting. Other manufacturers have announced even higher performance systems
which will utilize this parallel array architecture.

SHORT TERM DATA STORAGE FUNCTIONS

Short term data storage functions will be performed by commercially available VCR tape
drives. Each VCR drive can ingest data at 32 Mbps sustained and will hold 41.6 Gbits.
The basic system will include 2 such drives each on its own SCSI bus allowing short term
data storage functions to run at 64 Mbps. The basic storage kernel may be expanded to
include up to 14 of these drives (7 per SCSI bus). An alternative basic storage kernel 



setup, would use SCSI compatible optical disk drives in place of or in addition to the VCR
tape drives. These needs would be determined by the end user.

2.4.3  SPECIALIZED DATA PROCESSORS

Each basic storage kernel will have one or more specialized data processors (single board
CPUs). These processors will have access to all data stored on the system. They can be
used for data sorting, data quality information, data statistics gathering, and many other
functions that might need to be performed on the stored data. These processors will
perform their tasks either in parallel with the data input/output operations to extend the
power of the input/output subsystems, or they may be used in an off line mode to perform
more time consuming tasks on the data. These processors could be selected from a variety
of commercial single board CPU units and may include custom built sorting engines, local
high speed data storage, or other custom functions in the form of add-on mezzanine
boards.

3.  CONCLUSION
The magnitude of the mass storage problem facing NASA system engineers and planners
is truly immense when compared to past requirements and needs. NASA’s requirements in
the Space Station era, to store, process, and distribute data described in terms of gigabits
and hundreds of megabits per second, will challenge even the most optimistic predictions
for advancement in the field of commercial storage technology. The solution to these
problems will come through the integration of the latest state-of-the-art storage systems
with modern systems design techniques utilizing application specific hardware and
distributed processing. In order to accurately predict and optimize system performance and
cost, early prototype experience with such advanced system architectures is essential.

At the Goddard Space Flight Center, a mass storage prototype system is now under
development. This prototype will utilize the latest commercial parallel drive array systems
and this center’s experience in the development of NASA application specific VLSI
systems, to provide a high performance, random access, working storage buffer. This
prototype is intended as a “proof of concept” system for NASA’s future high performance,
configurable, modular, and low cost telemetry mass storage systems.
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MTTR Mean Time To Repair
NASA National Aeronautics and Space Administration
SCSI Small Computer System Interface
VCR Video Cassette Recorder
VLSI Very Large Scale Integration
VME Versabus Module Eurocard Format
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1.0  INTRODUCTION

Fairchild Space Company, a division of Fairchild Industries, has developed an
advanced data recorder based exclusively on the use of Solid State circuitry for the
recorder memory. This paper describes the recorder, its development, the engineering
considerations for long-term mission life, methods for minimizing size, weight and power,
and the flexibility of the recorder to accommodate a number of different mission
requirements. Unlike the more traditional mass storage devices for spacecraft, which use
rotating memory, the Solid State Recorder (SSR) uses a true random access memory. This
feature has resulted in a multi-mode storage device, which can greatly reduce the
complexity of spacecraft data systems. Today’s spacecraft have large numbers of sensors
and high rate instruments which are making the data flow problem much more difficult to
handle. Bottle necks also referred to as “data fusion” have become a serious problem for
systems engineers, for which the SSR may represent an effective solution.

The paper concludes with a discussion of some system applications which illustrate the
broad range of possible SSR applications, and the development status.

2.0  SSR Description

The Solid State Recorder architecture illustrated in Figure 1 was driven by the
following objectives:

C High performance with expansion to eight independent channels that can
simultaneously operate at differing rates with a total data bandwidth of 140 Mbps

C Modular memory expansion from 64 Mbits to 16 Gbits in 64 Mbit increments



C Flexibility to accommodate a wide range of digital and analog interfaces

C Low power operation

C Long life due to fault management and no moving parts

C Compact size resulting from the use of high density memories

All these objectives have been recently met and demonstrated during the qualification
tests of the engineering prototype unit.

3.0  Modes of Operation

Unlike a conventional moving media tape recorder, where the tape speed sets the
bandwidth, the SSR data bus can be accessed on demand by each of its eight channels
independently of the other channels. This allows each channel to operate at a different rate
and permits input and output data transfers to occur concurrently on any channel. The SSR
architecture permits three modes of operation: tape recorder, channel buffer, and
simultaneous record and playback which allows the SSR to operate as a First In, First Out
(FIFO) buffer.

In the Tape Recorder (TR) mode, as in the FIFO mode, input and output channel. The
TR mode sets are established by user command. Up to 4 TR associate sets are supported
in the present architecture. Each set is independently addressed by a single TR reference.
The functions identified with this mode of operation are:

- Start recording for Trx - Start playback for TRx
- Stop recording Trx - Stop playback for TRx
- Rewind TRx

In the channel buffer mode, each of the eight channels can operate independently for
data input and output operations utilizing the following commands :

- Start data input for Channel x - Start data output for Channel y
- Stop data input for Channel x - Stop data output for Channel y
- Copy Channel x data to Channel y - Reset data pointer for Channel y

In this mode, each channel can be used as a data buffer.

The FIFO (FF) mode provides a simple command interface for handling Input to Output
Channel sets by a single FF address. Up to 2 FF channel sets are supported. Two
commands are used for FF operation, start FFx and Stop FFx.



All modes are supported concurrently, limited only by the availability of Channels
(7 max, with Built-In-Test support) and the limits on number of TR and FF channel sets.
Each mode is selected by command via a serial command port and status is available
through a serial telemetry port.

4.0  Architectural Description

The availability of high density SRAM has made it possible to develop a very powerful
architecture for the SSR which permits flexibility in terms of data I/O and data handling,
and expendability in terms of number of channels, memory capacity and technology
insertion. Two buses are provided in the system back plane. First is the Data Bus which is
64 bits of data plus 8 check code bits and 24 address lines. This bus moves data between
memory and the I/O channel(s). The second bus is the Control Bus which provides the
interface between the I/O and central processing portion of the SSR. This bus plays an
essential role in establishing the mode of operation and statusing the SSR operation for
telemetry. The basic functional elements interconnect by these buses are the Central
Processing Unit (CPU), Built-In-Test/Error Detection and Correction (BIT/EDAC),
Input/Output (I/O), and Memory.

The system’s flexibility and expandability is accomplished by partitioning the SSR into
separate data and control buses. This division is done to ensure maximum data throughput
of 140 Mbps which can be shared between as many as eight I/O channels. As important as
the performance of the SSR may be as a design goal, the system reliability is
fundamentally of greater significance. Recognizing that a mass memory system based on
large quantities of semiconductor memory would be susceptible to both single event upsets
and potential hard faults, the SSR incorporates extensive fault management techniques that
detect memory errors and replaces those devices with reserve capacity. This approach
results in a favorable long term reliability for the SSR.

The CPU provides the SSR control and user command/telemetry interface. A Direct
Memory Access Controller (DMAC) and an 8-bit microprocessor make up the main
control elements of this section. The DMAC functions as the Data Bus controller to for
Memory, and it can support eight channels in real time. It arbitrates between the I/O
channels and also provides error logging of the data transfers. The microprocessor is not
involved in the data flow directly, but provides general control functions:

-Command decoding -Fault management
-Telemetry acquisition -Configuration control
-SSR power management



The DMAC has been implemented in 12,000 gate rad-hard gate array. It was possible
to achieve 98% fault coverage using approximately 70,000 test vectors (95% is considered
an achievement for this size array).

The BIT/EDAC section is part of the error management plan. Initial investigations
indicated poor long term performance without an acceptable way of handling memory
faults. As a result, it was necessary to provide real time error detection and correction as
well as offline fault diagnostics for Memory checking. The BIT/EDAC can be commanded
to periodically scrub the user data, which prevents the possible accumulation of single
event upsets in the data that may be stored for long periods, leading to higher data
integrity.

The I/O section is adaptable to different user applications through the use of a suite of
interface boards which can accommodate serial, parallel, and analog interfaces. The
baseline unit contains serial interfaces that support TTL data at rates of up to 10 Mbps.
The input clock is provided by the user to allow for variable rates of recording, while the
output rate can be set either by the SSR (commendable in binary multiples of 1 Kbps) or
the user can externally provide the clock. Data formats of NRZ-L, NRL-M, and Biphase
are also selectable. All interfaces are redundant to facilitate cross strapped operations.
These user selectable features allow for a large range of applications with one basic
design.

The memory section partitioned into cards of 64 Mbits of storage in a high density, low
weight assembly card through the use of Surface Mount Technology (SMT). In addition,
there is another 8 Mbits of memory reserved for error correction coding that is transparent
to the user. Isolation between the memory array and Data Bus is provided by buffers and
address latches, which both reduce standby power and protect the memory from card to
card fault propagation.

Power to the above logic elements is provided by a conventional switched mode
regulator design which operates from a +28 +/- 7 Volt input bus. Provisions for nonvolatile
data storage are incorporated by two methods. The first enables the SSR to operate from
two 28V buses. All input/ output, command and telemetry operations are supplied by the
prime power bus. A second power bus, supplying only data retention power, is
accommodated to allow the SSR to hold its data during temporary or permanent prime bus
faults or during load shedding within the satellite without affecting stored data. In addition
to this dual bus approach, the power converter also supports an external battery to retain
data during power bus faults. These methods of dual power buses and external battery
gives the user flexibility in defining the optimum system design in situations where 



nonvolatility is desired. A third option for nonvolatile solid state memory is also possible,
however these technologies would be used sparingly to address very specific applications
where large memory capacity is not required.

5.0  SSR Software

The SSR software interfaces to the DMA hardware via control latches that define
memory addresses for the data input and output operations. Data input and output is
performed to memory pages whose size is programmable from 265 to 32k 72-bit words.
These memory pages are under software using a control in link list approach that defines
the allocation of pages to the I/O channels, a free list and scrub list. The pages are initially
allocated to the free list as the system is initialized. Allocation to the channels is performed
as needed during data handling operations. Data input and output operations are performed
by controlling two registers for each I/O channel, a current register that contains the
memory page and word location of the active input/output operation and a second register
called the fence register that is preset to the page location where the DMA inputs to or
reads from after completion of the current page. The software updates the fence register
based on interrupts to the processor and status bits available that indicate a transition from
the current to the next memory pages occurred during the I/O operation. The next page is
retrieved from the free list for data input and from the channel list for the data output. The
linked lists are processed on a first in, last out sequence. The DMAC sets special status
bits on data output operations that indicate any words within the page that were output and
contained any multi-bit errors. A status bit is set in the page control word for these pages
to signify that special disposition procedures are required when the data is deleted from the
list (data associated to a channel in the single channel or TR mode is not deleted from the
channel until commanded to do so by user). If the data are deleted from a channel, the
associated pages are placed in a scrub link list that is processed in background. During the
scrub list process, pages with the multi-bit error detect status set are marked to disable
their use, and the good pages are placed on the free list, making them available for use as
needed.

Pages are continuously tested by a software background processor to scrub single bit
upsets from pages. This is done by performing single bit error correct reads of their data
and verifying data integrity of the pages on the free list by performing various data pattern
write/read operations to them. The EDAC circuit operation is also tested by this
background processor to verify check bit generation, single bit error detect/correct and
multi-bit error detect.



6.0  Survivability

An extensive effort was made to ensure that the SSR would be suitable for long term
operational systems requiring radiation hardening. The key SSR controlling elements such
as the microprocessor, microprocessor RAM, and the Direct Memory Access Controller
are all hardened to levels beyond 1 MegaRad(Si) with a growth path for the remaining
devices put in place to allow transition to harder technologies as they become available.
Radiation testing of the bulk CMOS memories, to be initially used by the SSR, has been
performed to identify total dose levels, single event upset susceptibility and latchup
thresholds. These tests, done with the assistance of the Goddard Space Flight Center and
the Aerospace Corporation, have indicated that the devices are suitable for many mission
environments and that some have surprisingly high latchup thresholds.

We mentioned above that a semiconductor based data storage system of high capacity
will utilize a large number of high density memory devices. Over long mission lifetimes,
there are nontrivial probabilities of hard and soft faults in the memory devices. Although
the BIT/EDAC functions and background memory scrub yield high data integrity, any
accumulation of uncorrectable errors would lead to a reduction of available capacity. This
graceful degradation is deferred by including reserve capacity. Due to the efficiency of the
SSR’s architecture and page management technique, only small amounts of reserve
memory are needed to extend mission life.

7.0  System Applications

There is a broad range of applications that can benefit from the SSR’s features and
capabilities.

S Mass Storage: Utilizing expandable capacity and fault tolerance, the SSR can
operate as a high reliability, high performance data storage system.

S Multiplexer/Combiner: The SSR’s ability to accept multiple asynchronous data
streams can simplify system design and implementation.

- Rate Buffer/FIFO: Simultaneous input and output operations at different rates are
supported by the SSR which allows a straight forward approach to implementing
command, telemetry, and instrument buffers for data systems involving burst data.



8.0  Development Status

At this time, Fairchild is producing its prototype units. The first SSR is scheduled for
delivery in summer of ’88 to the Air Force P87-2 experimental mission and will provide
on-board data storage. A second unit will be used for extensive environmental testing
also during this summer.

The P87-2 SSR, shown in Figure 2, is in a typical configuration for small satellite
applications. This unit supports a serial input and output channel and has a capacity of 64
Mbits. To save weight, the SSR operates from a secondary voltage supplied by the
spacecraft rather than its own power converter.

A continuing part of the SSR development program is the effort to take advantage of
emerging technologies. This technology insertion activity includes high density memories,
radiation hardened memories, and advanced packaging techniques. An example of this has
occurred in the P87-2 SSR. The technologies to be demonstrated are a VHSIC silicon-on-
silicon high density packaging technique and VHSIC Phase I 8Kx8 static RAM memories
provided by National Semiconductor. This technology insertion demonstration has not only
enhanced the SSR development program but also increased the value of the P87-2 mission
since it will be the first spaceflight demonstration of VHSIC developed technologies. Since
Fairchild is a non-VHSIC contractor, this effort also demonstrates technology transfer to
industry of VHSIC developed technology.

9.0  Typical Configuration

The characteristics of dual channel 512 Mbit SSR is shown below. (1 Mbit = 1024 x
1024.)

Capacity: 5.36 x 10  bits8

Weight: 25.1 lbs

Dimensions: 5.9 x 7.9 x 11.1 inches

Volume: 517 cubic inches

Channels:
Input: Redundant serial NRZ-L, 0 to 10 Mbps
Output: Redundant serial NRZ-L, 0 to 10 Mbps



Power at +28V: 1.5 Watts standby
12 Watts maximum

Temperature: -20EC to +80EC on orbit

Vibration: 19.2 GRMS

Commands: Serial command channel with 16 bit words

Telemetry: Serial telemetry channel with 8 bit word in user
defined frame

Analog voltage and temperature monitors

Bilevel status indicators for initialization, low
power mode and power on/off status

10.0  Conclusion

Based on high density semiconductor memory, a high capacity and high performance
data storage system has been produced for spaceflight use. The SSR with its high
bandwidth, flexible interfaces, and modular expansion can offer many unique advantages
because of its ability to record and playback on multiple channels at different rates.
Enhanced by extensive fault management techniques, semiconductor based data storage
systems can provide a unique solution to existing data storage requirements and opens up
new opportunities for the application of future data systems.



FIGURE 1:  SSR BLOCK DIAGRAM



FIGURE 2:  P87-2 SSR
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INTRODUCTION

When properly implemented, solid state memory technology can result in mass data
storage products with very large mean time to failure (MTTF). Fairchild Space Company
has developed a memory architecture for their Solid State Recorder (SSR), which
optimizes solid state performance in terms of survival probability (> 10 years), speed
(~ 140 Mbps), size, weight and power compared to market alternatives such as magnetic
tape, magnetic disc, magnetic bubble and optical disc. The basis for the memory design
was an in depth investigation of the survival probability of very large quantities of
interconnected memory devices.

PROGRAM BACKGROUND

The objective of the SSR development program was the introduction of a new product that
could be used as an on-board tape recorder replacement. Initial investigations into the size,
weight and power requirements for a half-gigabit recorder, based on currently available
semiconductor memory devices, indicated that these memories could be compactly
packaged into a final size that would be comparable to existing mechanical recorders used
in space. The goal of the recorder development was to extend the useful life of on-board
recorders beyond the NASA experience of 3.5 years MTTF. A block diagram in Figure 1
illustrates the basic function blocks of the recorder design. A control section provides the
circuitry for interfacing to the spacecraft telemetry and command (T&C) subsystem,
establishes the data and control buses, and contains the central processing elements used 



 It should be noted that, while EDAC techniques are intended primarily to improve system bit1

error rate by correction of “soft” errors in the processed data, they can also enhance the
component reliability by compensating for memory device failures where such failures do not
affect multiple bits in the same word.

to control data flow and the basic recorder operation. The data and control buses allow
expansion in memory (maximum of 32 cards or 16.4 gigabits) and input/ output (I/O) to a
maximum of eight independent channels.

Before the detailed design could begin, several issues regarding the failure management
technique, bit error rate control, memory architecture and hardware/ firmware partitioning
needed to be resolved. As the memory was a common element in all these areas, an initial
investigation was conducted to determine the failure probability of the large semiconductor
memory. A relatively small, half-gigabit, capacity was considered. It very quickly became
apparent that, although semiconductor device failure rates are very low, a mass memory
system comprised of several hundreds of memories could not be expected to have a low
failure rate. It also became obvious that this represented a problem that was generic to
other applications where large scale memory is required.

As a result, the SSR development program began with an investigation of the mass
memory problem in terms of defining an approach for reducing the memory system failure
rates such that the SSR could have a survival probability of 0.95 for a five year mission.
Based on successful results of this investigation, the development program was started.

INITIAL RELIABILITY STUDIES

Early in the mass memory development program, a series of reliability analyses were
performed for a memory configuration consisting of 256K CMOS RAM devices and
comprising a total memory capacity of 5x10  bits. Objectives of the initial analyses were8

to:

a. Provide a comparison of the expected memory probability with that of other data
storage devices, e.g. , tape recorders, having comparable storage capacity; and

b. Evaluate the improvement in reliability if error detection and correction (EDAC) is
used to correct for random bit errors in the memory array.1

For the initial predictions, the memory configuration was defined as 256K x 1 RAM
memory chips in an array n chips wide (with n dependent on the particular error detection
and correction technique used) and sufficiently deep to provide the required memory
capacity of 5x10  bits. Shown in Figure 2, the processed data stream is stored starting8

across the top row (i.e., n bits) and continuing downward to fill a memory “page” defined



as one row of memory chips (or 256K x n bits in this example). Data storage continues to
the next page, and so on until the array is filled. When error detection and correction is
used, the 256K x 1 chip is considered to be the most reliable architecture because, for
almost all failure modes, loss of any single chip would affect only one bit in each n bit
word.

Piece part failure rates used for the analysis were derived from Military Handbook 217,
Revision E. Other significant assumptions included:

a. Part quality levels consistent with those normally used for military and spacecraft
programs; i.e., Class B microcircuits, JANTXV discrete semiconductors, etc.;

b. A benign satellite environment, with operating temperature of 40EC;
c. Distribution of chip failures for large CMOS memories was based on informally

obtained vendor data, reflecting burn-in and life test experience. On this basis, the
failure rate was partitioned as 75% affecting single memory locations, with 25% (such
as memory data or address faults) resulting in loss of multiple memory locations.

Statistics used for reliability calculations are not described in this paper. However, the
methods used involve straightforward applications of the exponential failure distribution
and the binomial equation for probability of success of redundant items (i.e., m of n
required for success).

Results of the initial reliability analysis (which actually led to iterations of both the analysis
and design trade-offs) are summarized in Table I. Not surprising, given the large number of
large scale memory chips required, a calculation of memory reliability for a configuration
with no capability for failure correction resulted in an extremely low value, less than
0.0001 probability of success for three years. It was surprising, however, that the addition
of single bit error detection and correction, which utilizes a 64 bit word length plus eight
check bits, increased the three year probability of success to only 0.132, which is still an
unacceptable value for spaceflight operation. A more powerful EDAC code considered at
that time could provide double error correction for words comprised of 113 information
bits plus 15 check bits. While consideration of this approach resulted in a substantial
improvement in reliability (to 0.692 for three years), this result was still deemed
unacceptable; moreove At this point, additional approaches involving automated detection
of failed memory sections and deletion of those sections from useable memory were
considered. Shown in Table I, the simplest of these approaches (at least in concept) would
provide for detection of two or more errors in each 72 bit word and, for subsequent write
operations, would delete that line from the available memory. Using this approach, the
reliability prediction for the 5x10  bit memory increased to a value in excess of 0.999 for a8

three year mission duration.



Based on results of these initial analyses, it was concluded that the desired reliability for
the solid state recorder memory could not be achieved through error detection and
correction techniques alone, but that extremely high reliability can be achieved through
detection and correction of single errors, with automated detection and memory deletion
for more serious memory failures.

ALTERNATE MEMORY CONFIGURATION

Following the initial mass memory analyses, a second series of trade-offs was performed
to ensure that the selected configuration would be the optimum one in terms of memory
reliability and simplicity of circuit design. The key factors considered were:

a. Memory reliability, as reflected by the quantity of spare memory capacity which
would be required to ensure high probability of success for an extended mission
duration.

b. Complexity of the associated processor circuitry, e.g., memory address logic and
EDAC circuitry, and the numbers of circuit interfaces between the processor and
memory.

Figure 3 and Table II provide the trade-off data for eight memory configurations which
could be used to comprise the 72 bit wide memory array of 5x10  bit capacity. The8

configurations differ in terms of the memory devices used, i.e. 256K x 1 or 32K x 8, the
method of substitution for failed memory sections, and the size of memory block to be
substituted.

Substitution techniques which were considered include: 1) detection of 72 bit wide
memory pages; 2) division of each page into smaller memory blocks and substitution of
blocks within a column of the array; and 3) substitution of individual failed 256K devices,
again within a column of the array.

For each of the eight configurations, Figure 3 provides a plot of expected mission lifelife,
at 95% probability of success, versus the quantity of spare memory carried by the
recorder; the results vary widely, with curves closest to the ordinate representing the
configurations which require the lowest quantities of spare memory. Table II summarizes
the results for five year mission life, and provides a qualitative assessment of the
complexity of the processor logic circuits which would be required for implementation of
the memory design.



SELECTED RECORDER CONFIGURATION

The memory configuration for the solid state recorder application was selected on the basis
of the reliability analyses. From the results shown in Table II, configuration #8 has been
selected by Fairchild as the optimum design. As illustrated in Figure 4, the recorder
application uses a 72 bit wide word (64 data bits with 8 bits for error checking) which is
made-up of 9 physical columns 8 bits wide. The depth is a function of the quantity of
physical devices used and the scale of integration of each device. The memory is
partitioned into pages which refer to a predefined depth size. For 32K x 8 bit devices, the
page would be 32K x 72. This sizing was made software programmable so that pages
could be compatible with the physical size of the memory devices. The error management
plan is a combination of hardware implemented error detection and correction coding
(EDAC) for single bit error correct and double error detect (modified Hamming code), and
firmware controlled data patterns for read/write/ verify to find pages with sufficient
numbers of permanent failures to compromise data storage. Pages so detected are
inventoried in a bad page listing so that they will not be used for data storage. The EDAC
is applied to the data real time as it is stored or retrieved. The pattern testing is done
periodically in background processing. All of memory is tested in background (i.e., good
pages and bad pages) so that temporary or “soft failures” do not permanently exclude
pages of memory from further use. The reliability analysis has also been used to estimate
the mean time between memory checking to maintain an acceptable bit error rate (BER). A
typical BER for this application is of the order of 10  for the lifetime of the memory,-10

which can be in excess of ten years with sufficient sparing.

SUMMARY AND CONCLUSION

As a result of the reliability modeling which was done in advance of any detail design, the
technical risk in developing a very large scale solid state memory was greatly reduced. The
apriori notion that it would be straight forward to just interconnect large numbers of
memory devices was very quickly put aside with the reality of very low survival
probability even when high reliability devices are used. The drivers for reliable
performance are device failure rates, and to a greater extent, the error control plan, the
memory architecture, operating environment and the quantity of spare devices. The
analyses performed for this program are applicable to other implementations of very large
scale solid state memory systems such as bulk storage for computers and large data
systems, video buffers, communications networks, sensor arrays, rate converters, high
speed multiplexing and secure communications components.

For specific applications of very large scale solid state memories, the design now needs to
focus on the selection of support circuitry such that the overall reliability of the memory
system is consistent with that of the memory itself. A further consideration is the



electronics packaging technology used. Implicit in the analysis presented was the
assumption of individual die packaged in their own carriers. More exotic packaging
techniques are available, however the fabrication technique for microelectronic modules
may introduce increased failure rates of its own. For example, large chip and wire hybrids
may be unattractive because of the number of internal wire bonds. For space applications,
the trade-off between chip and wire hybrids versus mounting individually packaged
memories still favors the later when the overall size and weight of the memory required is
acceptable. Other microelectronic packaging technologies are emerging. Their evaluation
was beyond the scope of this present analysis, however they will be the subject of future
work.

The reliability analyses have resulted in a solution which is generically applicable to
systems that require large scale solid state memories. As a semiconductor memory is a true
random access device, it is possible to do simultaneous record and playback. The tape
recorder mode of operation is only one of several possible memory applications. Other
possible applications therefore are: a very large first in first out (FIFO) buffer for store and
forward applications for single input single output (SISO), or as a multiplexer for multiple
input single output (MISO), or as a demultiplexer for single input, multiple output (SIMO).
The SSR can also be used in large memory archival systems to manage the receiving and
routing of multiple high speed data sources. The ability to implement properly, large solid
state memory arrays will give rise to many other applications which may reduce demands
on data management systems for today’s payloads of multiple high speed data sources.

Perhaps most important, the mass memory development program can be considered a case
history in the effective use of reliability prediction methodology early in the design
process, and the importance of the analysis results as an input when key (and often
irreversible) design decisions are made.



Figure 1.  SSR Functional Diagram

Figure 2.  Memory Configuration for Initial Reliability Evaluation



Figure 3.  Expected Life vs. Spare Memory Capacity
for Alternate Memory Configurations



Figure 4.  Memory of Architecture for Solid State Recorder Application



 Table 1.  SSR Reliability Assessment

Memory EDAC Memory 3 Yr Memory
Configuration Capability Deletion Reliability

256K x 1 Devices None None < 0.001
Qty 2048

256K x 1 Devices Single Error None 0.132
Qty 2304 Correct

256K x 1 Devices Double Error None 0.692
Qty 2304 Correct

256K x 1 Devices Single Error Delete 72 Bit Line >  0.999
Qty 2520 Correct on Second Bit Failure
(10% Spare Capability)

Table II.  Comparison of Alternate Memory Configurations

Approach Device Page Block Level of % Processor
Number Type Size Size Substitution Spares* Complexity

1. 256K x 1 256K x 1 - Device 4.7 High

2. 32K x 8 32K x 72 - Device 1.4 High

3. 32K x 8 32K x 72 32K x 16 Block 1.8 High

4. 256K x 1 256K x 72 256K x 8 Block 10.0 Medium

5. 256K x 1 256K x 72 256K x 16 Block 13.9 Medium

6. 32K x 8 128K x 72 128K x 16 Block 7.0 Medium

7. 256K x 1 256K x 72 - Page >20 Low

8. 32K x 8 32K x 72 - Page 4.9 Low

* Required to achieve 0.95 memory reliability for five years
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ABSTRACT

A high speed Synchronizer Card utilizing semi-custom and custom very large scale
integration (VLSI) devices, microprocessor control, and programmable logic has been
designed to provide a generic NASA Communication (NASCOM) block processing and
telemetry frame synchronization function for present missions and Space Station era
telemetry data streams at data rates up to 25 Mbps.

The Synchronizer Card utilizes four distinct sets of VLSI semi-custom and custom chips to
shrink all of the functions required for NASCOM block processing, telemetry frame
synchronization, real time quality trailer appendage and cumulative quality statistic
generation into a single Synchronizer card. This paper will describe the functions
performed by the Synchronizer Card and each individual set of chips.

INTRODUCTION

Previous methods for providing NASCOM block processing and telemetry frame
synchronization involved the use of custom medium scale integration (MSI) systems
consuming multiple cards and racks of equipment. Hundreds of these systems exist today
within NASA’s telemetry data systems. All of these systems are similar in function and
were built by a variety of vendors. Future missions and Space Station era telemetry
systems will demand hundreds more. With the advent of VLSI and Computer Aided
Engineering (CAE) technology over the last few years, the ability to integrate all of the
common synchronization functions into a single card has become possible. Integration into
a single card will result in higher performance, lower cost, increased reliability, and
simpler telemetry system design.



In developing the design specifications for the Synchronizer Card, three operational
synchronization systems were studied: the Space Telescope Data Capture System (1), the
Multi-Satellite Operational Control Center Telemetry and Command System (2), and the
Packet Processing (PACOR) System (3). Each of these systems was built for a specific
application, however, each system provides basically the same functions. Future Space
Station era requirements were also studied based on the Consultative Committee for Space
Data Systems (CCSDS) recommendations (4). These design specifications were then used
to develop a generic Synchronizer Card capable of handling present and future
synchronization requirements.

The Synchronizer Card has been implemented through the use of four distinct sets of VLSI
chips with dedicated microprocessor control. These four VLSI chip sets include:

C NASCOM Block Processor chip set (NBPCS)
C Telemetry Frame Synchronizer chip set (TFSCS)
C Data Simulation chip set (DSCS)
C Cumulative Quality chip set (CQCS).

Each of the four VLSI chip sets has unique functional characteristics which can stand
alone or be used together with minimal interfacing.

Design and simulation of each VLSI chip set was conducted in parallel on an in house
CAE system. These designs were then integrated, again with the use of the CAE, into a
comprehensive card design which was simulated and tested before fabrication. With minor
revisions, a completed Synchronizer Card has been fabricated which is currently being
tested for different mission scenarios: in the Enhanced Front End Data Capture System for
PACOR, in the new Telemetry and Command System for the MSOCC, and in the Virtual
Channel Sorter Multiplexer System prototype for Space Station Era telemetry data
systems. This card will provide a ten to one improvement in cost, performance, and size of
current MSI systems, and a great improvement in reliability.

SYNCHRONIZER CARD

The Synchronizer Card [Figure 1] is physically a 9U VME card. One third of the card is a
commercially available single board computer (MIZAR 8115) used as the Synchronizer
Card Channel Controller (SCCC). This card utilizes a 12.5 Mhz Motorola 68010
microprocessor with 512k bytes of RAM. The custom logic card is connected through a
side connector provided on the controller card. It is the custom logic card which contains
all the specialized hardware functions for synchronization.



Figure 1 - Synchronizer Card

The SCCC is a dedicated processor which provides setup, self-test, hardware diagnostics,
debug, and control over the custom logic card. Extensive software to control the card and
provide complete status information has been written and integrated on the SCCC.

While operational, the custom logic card provides the hardware functions necessary to
perform high speed NASCOM block processing, telemetry frame synchronization, real
time frame trailer appendage, and cumulative quality generation. It can also perform data
simulation for self-checking purposes. To further explain Figure 1 and to demonstrate how
each of the four chip sets interact to form the Synchronizer Card, a brief overview follows.

Setup and control information (i.e. sync patterns, frame lengths) is transferred through the
Microprocessor Decode and Control logic to all of the other subsystems from an
operational program run on the SCCC. Self-test pattern data which resembles the mission
data is also transferred to the Data Simulation Chip Set.

The NASCOM Block Processor Chip Set (NBPCS) can be enabled to accept data from
either the Data Simulation Chip Set (DSCS) or from the RS422 interface. Data formatted
in 4800 bit NASCOM Blocks is synchronized to the programmed sync pattern. Two
output paths from this subsystem exist. For both paths the header (entire 144 bits) of each
NASCOM Block can be read by the SCCC. If data is determined to be telemetry data, the
NASCOM Block header and trailer is stripped away and a serial stream of only telemetry
bits (fill bits ignored) is output to the Telemetry Frame Synchronizer Chip Set (TFSCS). If



the block is determined to be non-telemetry (i.e. command block) the entire block can be
transported off the Synchronizer Card. Additionally, the NBPCS performs quality checks
on each block received including cyclic redundancy code (CRC) and sequence checks.

The Telemetry Frame Synchronizer chip set (TFSCS) can be programmed to select data
from either the RS422 interface, the DSCS, or the NBPCS. A complete synchronization
strategy can be programed for the selected data stream. Complete search, check, lock
strategies, and slip windowing is provided. Additionally the TFSCS has the ability to
correct inverted or reversed frames. A status word for each frame is reported back to the
SCCC. This status word contains sync mode, sync errors, slip indication, CRC errors (if
applicable), and data type (forward, reverse, inverted, or true) of frame received. The
TFSCS provides complete double buffering of frames and automatic output with framing
control signals. Output control strobes allow for automatic status counting.

The Output Interface can be programed to select either the telemetry or non-telemetry data
path. Quality data generated by the SCCC is appended to the selected output path. The
output interface then controls the transfer of this annotated data to the next processing
system.

The Cumulative Quality Chip Set (CQCS) accepts control strobes from the NBPCS, the
TFSCS and from the SCCC and accumulates 32 status counts for up to 224 events (.24
million). These counts are read by the SCCC periodically and formatted into a complete
status block. The status block can be formatted on a display terminal connected to the
SCCC or communicated to a higher level system controller.

The Data Simulation Chip Set (DSCS) provides complete self-testing of all functions on
the Synchronizer Card with high speed (up to 25 Mbps) simulation data. Once set up for
output, the DSCS can provide independent output of a serial telemetry data stream. This
stream can be programmed to provide any type of data (forward, inverted, reverse, or true)
in any format for a known number of repetitions. By comparing the status results for the
test run against known correct results, the SCCC can determine if the card is functioning
correctly before activating it for operational data.

The four VLSI Chip Sets which make up the core functions of the Synchronizer Card are
discussed in more detail in the following sections. A block diagram of each chip set is
provided to assist in the understanding of each discussion. These chips sets can either
stand alone or can be integrated together as they are on the Synchronizer Card described
above.



NASCOM Block Processor Chip Set

The NBPCS consists of six chips connected to the SCCC through a standard memory
mapped interface. [Figure 2] These six chips perform all of the functions necessary for
synchronization to NASCOM 4800 bit blocked data and for extraction of all quality and
telemetry data from the block.

Figure 2 - NASCOM Block Processor Chip Set

The first function of the NBPCS is data correlation to the NASCOM 24-bit
synchronization pattern. The Correlator Chip (a semi-custom 4400 gate array), which
allows for up to a 32 bit programmable synchronization pattern with error tolerances, is
used to indicate the beginning of a NASCOM 4800 bit block. With this indication of
synchronization, the NASCOM Block Processor Chip (NBPC) (also a semi-custom 4400
gate array) begins to process the incoming NASCOM blocks. Three major functions are
performed on each block by the NBPC.

For each block the entire NASCOM 144 bit header is stored as nine 16 bit words. This
data is accessible through a 16-bit interface controlled by the SCCC. The SCCC can look
at any of the words and determine block type and routing as well as extracting the
timecode or any other required information. The SCCC receives two separate interrupts
from the NBPC: one which indicates that the NASCOM Block header has been completely
received and is available for reading, and a second which indicates that the last bit of the
4800 bit block has been buffered. This allows the SCCC time to determine and set up
routing, check sequence and CRC errors, and perform cumulative quality tasks.



The second major function the NBPC performs includes data quality and sequence checks.
A Cyclic Redundancy Check (CRC) of each block, using the standard 22 bit NASCOM
CRC code, is performed. A sequence check for TDRSS type blocks is performed
automatically. Error flags for the CRC, and sequence checks are output to a status register
accessible through the SCCC bus.

Automatic buffering of telemetry and non-telemetry data is the third major task performed
by the NBPC. For telemetry data, only the telemetry bits in the NASCOM data field are
buffered and passed serially out through the telemetry clock and data outputs. Non-
telemetry NASCOM blocks are stored in a separate double buffer and transferred to the
Output Interface.

Telemetry Frame Synchronizer Chip Set

The TFSCS consists of five VLSI circuits connected to the SCCC through a standard
memory map interface. [Figure 3] These five chips perform all of the functions necessary
to correctly synchronize to each telemetry frame received, correctly buffer each frame, and
output the frame to the next system element.

Figure 3 - Telemetry Frame Synchronizer Chip Set

The TFSCS accepts serial clock and data signals from either the NBPCS, the DSCS or
directly from the RS422 interface on the Synchronizer Card. The chosen data and clock
signals are fed into both of the TFSCS Correlators. These two correlators are the same
chip used in the NBPCS. One correlator is programmed to look for a forward
synchronization pattern while the other is programmed to look for a reverse



synchronization pattern. Each correlator outputs both a true sync and an inverted sync
signal, and the number of synchronization errors found for each. These signals are fed into
the Telemetry Frame Synchronizer Chip (TFSC). This gives the TFSC the ability to
process any combination of forward true (FT), forward inverted (FI), reverse true (RI), and
reverse inverted (RI) telemetry frames. Search, check and lock sync pattern error
tolerances can be programmed for any of the four types of data. In this way both real-time
and playback data can be processed if necessary in one chip set.

The TFSC can be programmed to accept or reject any of the four sync indications from the
forward and reverse correlators (FT, FI, RT or RI) as a valid sync indication. Once a valid
sync pattern has been accepted, the TFSC begins implementation of its pre-programmed
synchronization strategy.

An optional best match strategy allows the TFSC to select the first sync pattern with the
least errors before creating its sync pattern search window. The sync pattern search
window is capable of a programmable ( ±3 bits ) tolerance and ensures that the same size
frame is buffered. A completely programmable search, check, lock and flywheel strategy
ensures correct buffering and output of each frame.

A double buffering scheme allows the TFSC to obtain status information on each frame
and correct for reverse and inverted frames if desired. Two commercial 4kx8 RAM chips
separately addressed by the TFSC provide for the correct buffering of each frame. An
automatic output path from the double buffers reads out each synchronized frame. A data
valid signal indicates when each byte is valid out of the buffer and a control signal
indicates the first and last byte of each frame for maintaining down line synchronization.

Status information collected for each frame processed includes, type of frame processed
(FT, FI, RT or RI), mode of TFSC (search, check, lock or flywheel), sync pattern errors,
and slip errors. The standard CCSDS CRC code for both forward and reverse is applied to
each frame and indication of any errors in this check is also stored in the status register.
Status for each frame is collected by the SCCC through an interrupt which is activated at
end of each processed frame.

Cumulative Quality Chip Set

The CQCS consists of two Spectrum Accumulator Chips (a full custom device developed
by Johns Hopkins Applied Physics Laboratory) each of which contains sixteen 24 bit
counters. Toggling rates for each of the counters is in excess of 40 Mhz. This chip set
provides for the accumulation of up to 32 separate hardware events. An event can be 



Figure 4 - Cumulative Quality Chip Set

assigned to any one of 32 counters each with programmable increment, clear and inhibit
controls. A standard memory map interface enables the SCCC to read out any of the 32 bit
counters in two steps onto the SCCC bus.

The first Spectrum Accumulator Chip is used to accumulate counts of events related to the
NBPCS. Some of the 16 events counted include the number of blocks received and the
number of times a sequence error was found. The second Spectrum Accumulator Chip is
dedicated to counting events for the TFSCS. Examples of some of the 16 events counted
include the number of telemetry frames received and the number of frames with slip errors.
All of these counts along with other status information are gathered and formatted into a
comprehensive status block that can be displayed on a display terminal connected to the
SCCC or transferred by the SCCC to a monitoring system.

Data Simulation Chip Set

The DSCS consists of the Testchip (a 6000 gate semi-custom gate array) and a commercial
4kx16 RAM. This chip set provides for the independent generation of self-test data, for the
Synchronizer Card. To provide this function, up to 1M bit of pattern data is downloaded
from the SCCC through the Testchip [Figure 5] into the pattern data memory. This data
can be formatted to look like expected mission data.



Figure 5 - Data Simulation Chip Set

The Testchip can be programmed to invert or reverse the pattern data, and transfer a
known number of frames or blocks through either a serial interface or through an 8-bit
parallel interface. Once enabled for output, the Testchip begins its programmed sequence
and acts like an independent source of data. Output data rates in discrete increments from
1 Kbps to 25 Mbps can be programmed into the Testchip.

For extensive self-testing functions, the DSCS can be configured to use dual ported pattern
memory. In this configuration one side of the pattern memory is controlled by the Testchip
while the other side can be updated by a control processor (i.e. the SCCC). The Testchip
can also be programmed to partition the pattern memory into two separate output buffers.
In this way a control processor can update one partition while the other partition is being
output. Complete updating of the entire partition or selected updating of data fields (i.e.
sequence field, timecode field etc.) allows for simulation of a extensive (over 1 Gbyte)
continuous data pattern.

Through the DSCS a complete checkout of a single function on a card or the entire data
path of the card can be tested without the need for external test apparatus. Hardware or
software problems on the card can be diagnosed and reported to a monitoring system
before actual data is allowed to be processed.

CONCLUSION

A generic Synchronizer Card capable of providing standard NASCOM block, telemetry
frame synchronization and quality control has been fabricated using VLSI technology.



Construction of the Synchronizer Card involved the development of four VLSI chip sets
which can be integrated together or used independently in other applications. The
application of VLSI technology to telemetry systems has resulted in a increase in
performance, and a decrease in cost and size.
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VLSI HIGH SPEED PACKET PROCESSOR
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ABSTRACT

The Goddard Space Flight Center Mission Operations and Data Systems Directorate has
developed a Packet Processor card utilizing semi-custom very large scale integration
(VLSI) devices, microprocessors, and programmable gate arrays to support the
implementation of multi-channel telemetry data capture systems. This card will receive
synchronized error corrected telemetry transfer frames and output annotated application
packets derived from this data. An adaptable format capability is provided by the
programmability of three microprocessors while the throughput capability of the Packet
Processor is achieved by a data pipeline consisting of two separate RAM systems
controlled by specially designed semi-custom VLSI logic.

Key words : packet, VLSI, microprocessor, gate array.

BACKGROUND

The Mission Operations and Data Systems Directorate of the Goddard Space Flight Center
has developed a multi-channel Data Capture Front End (DCFE), also referred to as
Enhanced Front End Hardware (EFEH). A DCFE channel will receive serial data in
NASCOM block format, synchronize and extract telemetry transfer frames, correct errors
in data, and reassemble application packets for processing in a Level Zero Processor. A
Packet Processor utilizing semi-custom very large scale integration (VLSI) devices,
microprocessors, and programmable gate arrays has been designed to support the
implementation of this system. Specific requirements for assembling packetized source
data were derived from the Goddard Space Data Packetization Standard (Standard 3.3), a
subset of the Consultative Committee for Space Data Systems (CCSDS) Packet Telemetry
Recommendation. This standard packet format includes the contiguous insertion of
variable length source packets into telemetry transfer frames from up to 8 multiplexed
virtual channels. The locations of packets within the frame data fields are derived from a
first header pointer in the frame header and packet lengths found in subsequent packet



headers. The general requirement emphasized during the design of this capability was the
adaptability to extract source data from various telemetry data formats, especially
packetized data, at throughput rates up to 20 Mbps.

GENERAL DESCRIPTION

The Packet Processor design is outlined in Figure 1. The design was based on minimizing
the amount of data flow through the microprocessors by pipelining the full data path and
providing a means for extracting only data needed for assembling application packets. The
throughput capability of the Packet Processor is achieved by a data pipeline consisting of
two separate RAM systems controlled by specially designed semi-custom VLSI logic. The
first, the Tribuffer, triple buffers input telemetry transfer frames (up to 4kbytes/frame) to
allow a full frame period for extraction of frame and packet header data. The second and
larger Reassembly RAM stores frame data separated by virtual channel (128kbytes/
channel) and provides the capability to reassemble packets by selective readout of packet
pieces.

Figure 1.  Packet Processor



An adaptable format capability is provided by the programmability of the three
microprocessors (MC68020’s) labeled Header Processor, Quality Processor, and Output
Processor. The Header Processor has interface connections to the Tribuffer Controller
(VLSI) and a virtual channel selector control to the Reassembly RAM Controller (VLSI).
The Output Processor has interface connections to the Reassembly RAM Controller. The
Quality Processor does not interface with the data pipeline directly, but does communicate
with the Header and Output Processors as well as with a Channel Controller (VMEbus)
via dual ported RAM. In addition the memory spaces of all three processors are accessible
for read and write by the Channel Controller for loading software and/or session set up
parameters.

PIPELINE DESCRIPTION

Tribuffer

The VLSI Tribuffer Controller (Figure 2.) provides the following capabilities:

C automatic cyclic multiplexing of 3 RAMS based on completion of input, output, and
interval reading.

C interrupt identifies start of new cycle.
C 8 - bit input and output.
C 10mhz clock provides input and output transfer rates of 80 mbits/sec.
C programmable frame length for data input.
C automatic input of data from an input FIFO.
C automatic detection of short or long input frames.
C programmable start and end addresses for data output.
C automatic output of frame data.
C programmable addresses for reading selected data intervals from a stored frame.
C programmable address increment for deinterleaved reading of selected data intervals.
C selectable 8 or 16 bit data path for output of selected data intervals.

The Header Processor controls all the programmable features of the Tribuffer Controller.
With the exception of header (data interval) reading, all options are set once as part of an
acquisition session startup routine. The internal logic of the Tribuffer Controller consists of
three address counters (programmable start and end addresses), multiplexer interfaces to
3 RAMs and 3 I/O ports, and the interconnecting control logic. This implementation was
chosen to provide fast address generation for RAM read/write. The real throughput rate of
the Packet Processor is dependent on the format of the data frames and the number of
header interval accesses required per frame. The input FIFO provides buffering of input
data to allow longer than one frame period for extraction of header data intervals from an
occasional busy frame assuming the pipeline transfer rate will provide the catch up 



Figure 2.  Tribuffer

capability on the next cycle. This capability attempts to alleviate the problem of limiting
throughput by an occasional (e.g., 1 out of 3) frame requiring more than a frame period to
extract header data.

Reassembly RAM

The Reassembly RAM is partitioned for 8 virtual channels (128 kbytes/channel). The
VLSI Reassembly RAM Controller (Figure 3.) provides the following capabilities :

C 8-bit input and output paths.
C 16-bit RAM data paths.
C automatically stores frame data from Tribuffer Controller into contiguous RAM for a

virtual channel
C latches out starting address for each input frame.
C output is instruction driven :

reads intervals of data from RAM to produce reassembled packets.
inserts annotation or fill data.

C check sum test on instruction set.



Figure 3.  Reassembly RAM

The internal logic of the RAM Controller includes 8 cyclic write address counters which
generate addresses for the 8 virtual channel RAM partitions and a read counter with
programmable start and end addresses. An 8-16 bit conversion of input data and a 16-8
conversion of output data was incorporated into the RAM Controller to allow use of
slower RAM chips for cost reduction. For the same reason, the RAM is also partitioned by
even and odd address and read/write is ping-ponged between even and odd to provide
simultaneous read and write without dual ported RAM. The virtual channel ID is latched
to the RAM Controller by the Header Processor for selection of the appropriate channel
partition and associated write address counter. The transfer of a frame of data from the
Tribuffer is handled automatically by direct handshake logic signals initiated by the cycling
of the Tribuffer. The starting address for a frame input is latched out to the Output
Processor. The virtual channel, start address, and end address for reading packet pieces
out are provided by instructions from the Output Processor. An output multiplexer allows
the insertion of annotation or fill data into the assembled output packet.

PROCESSOR INTERFACES

Dual ported RAM interfaces are used for communication between each pair of processors.
Communications with a Channel Controller is also provided through dual ported RAM
interfaced to the Quality Processor. The Header Processor passes header data to the
Quality Processor, and passes packet piece locations within a frame to the Output
Processor. The Output Processor maintains a directory of packet piece locations using the
intra-frame locations provided by the Header Processor and a frame starting address from
the RAM Controller. The Quality Processor performs analysis of header data to define the



reassembly of source packets and generates quality and accounting information. A list of
pieces and annotation for packet reassembly are passed from the Quality Processor to the
Output Processor and quality and accounting data is passed to a Channel Controller (DPR
via VMEbus). The Output Processor generates instruction codes for the VLSI RAM
Controller by converting the piece list from the Quality Processor into instruction
addresses using the piece location directory. Any fill or annotation defined by the Quality
Processor is passed with an appropriate instruction code to the RAM Controller for
multiplexing to the output with the reassembled source packet.

In the prototype Packet Processor, the physical logic interfaces of the microprocessors to
the RAMs and special logic are implemented with RAM programmable gate arrays. This
interface provides all necessary control signals to the custom logic via a memory mapped
logic implementation. In the final version of the Packet Processor this interface logic will
be replaced by semi-custom VLSI chips.

SUMMARY

As implemented the data pipeline has a throughput capability of 80 mbits/sec. The overall
rate for the present Packet Processor configuration and specified data format is software
limited to about 20mbits/sec. This rate can be increased by the substituting faster
components as the state-of-the-art advances. Additional improvements may be achieved as
the data format definitions become less general and narrow the requirements for
adaptability.
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ABSTRACT

This paper will address the applications and methods used for a high power output RF
linear small signal amplifier using diamond heat sink. Comparison and the benefits of using
diamond heat spreaders will be reviewed. Agrowing number of researchers, engineers and
scientists are looking into the applications of diamond’s unique properties such as
physical, electrical and optical.

INTRODUCTION

High reliability space and military applications produce a very big demand continuously
for high reliability RF amplifiers and other electronic circuits. These devices have been
limited by the heat that they must dissipate during the normal operation. Today the circuit
density is limited by the heat generated by the closely packaged and packed electrical
devices and components. The problem has been how to get the heat out. This is not a
problem with the diamonds , which have the highest thermal conductivity of any known
material on the earth (Figure 1).

Figure 1.

T : thermal conductivity @ 100 degrees C C : copper
S : silicon D : diamond (type 2A)
B : beryllium oxide



WHY DIAMOND

Diamond is the best known insulator which has a thermal conductivity about five times
better than pure copper at 100 degrees Centigrade and outperforms BeO by even a greater
margin. Diamond heat sinks could eliminate the need for refrigeration systems to cool the
avionics of the missiles and the aircrafts. It could reduce weight, create more compact
devices and simplify the designs. Diamond is one of the few materials that both an
electrical insulator and a thermal conductor. Diamonds feature a dielectric constant half
that of silicon, thermal conductivity 20 times that of silicon, saturated electron velocity 2.7
times that of most common semiconductors, and a breakdown voltage 50 times that of
most semiconductors. Diamonds can handle much more electrical power and heat than
silicon. Silicon’s bandgap, the distance electrons have to jump to make it into the
material’s conduction band, is only 1.3 eV. When a lot of electrical energy or heat goes
through silicon semiconductors, the electrons become too energetic and jump right through
the bandgap. This causes silicon devices leak and fail. Diamond’s electron gap is 5.45 eV
so it has the potential for high energy operation. This gives diamond a significant
advantage over the other elements. But of course, diamond costs more than the others.

BASIC DIAMOND PROPERTIES

The purest diamonds have the highest thermal conductivity, and the presence of nitrogen
(a common impurity in diamond) can easily affect the thermal conductivity by reducing it.
Diamonds are classified as type 1 or type 2, according to whether nitrogen is present or
not. Also these types are subcategorized as A or B according to the specific forms in
which impurities are present. In our studies, we are considering type 2A diamonds. This
type diamods have very low nitrogen contents and the highest heat conductivities. A
comparison is given for the difference between type 2A diamond and copper thermal
conductivities in Figure 2.

Figure 2.



Diamond has an extremely low coefficient of friction and also is an excellent electrical
insulator (except for semiconducting type 2B). It will start to graphitize at temperatures in
the region of 873 degrees K in air. At the same time diamond film is hard and strong. It
can transmit light from the far infrared through the ultraviolet. Diamond film can easily
overcome the problem of falling apart under stress for optical window materials.

GENERAL CONSIDERATIONS

A power hybrid amplifier can be described as a high power dissipating microcircuit. Every
circuit dissipates power depending on the specifications. But for the high power circuits,
some other and special design techniques must be considered. This must be done to ensure
and improve the circuit performance characteristics. In the high reliability aerospace and
military applications the operating temperature limits requirements are different than the
industrial applications. Minimum extremum goes down to -54 degrees C and maximum
extremum goes up to + 125 degrees C. In the very low and high temperature environments,
the circuit performance varies from the expected or designed to. This situation requires
special considerations in design and processes for the fabrication of the devices. Some
basic factors which must be considered during the power hybrid circuit design are as
follows; 1) substrates, 2) packaging materials, 3) semiconductor die attach, 4)heat
spreaders, 5) interconnections of the components and 6) circuit layout. Table 1 gives the
details of the various materials for the substrates.

MATERIAL LOSS CONSTANT @ 1MHz GRAVITY
DIELECTRIC DIELECTRIC SPECIFIC

TANGENT 25  C G/cm0 3

ALUMINA (99.6 %)    0.0001 9.9 3.90

BeO            (99.5 %)    0.0004 6.5 2.85

FUSED SILICA    0.000015 3.7 - 4.0 2.20

ALUMINUM NITRIDE    0.001 8.8 3.28

TFE    0.0001 2 - 10 2.20

Table 1.

THERMAL BASICS

The variation of the failure rate, of any circuit, with temperature is an exponential function.
A junction temperature change from 90 degrees C to 125 degrees C may increase the
failure rate 4 to 9 times. The thermal resistance, 2ca, of a heat sink is a measure of how



fast and effectively dissipating the heat which is being developed in the transistor. The
lower the thermal resistance is the cooler the transistor.

Tc = Ta+P 2ca (1)

where, P     : power dissipated in the device (Watt)
2ca : thermal resistance (degrees C/W) case-to-ambient
Ta   : ambient temperature (degrees C)
Tc   : case temperature (degrees C)

The temperature of the transistor collector-to-base junction, Tj, is important. Thermal
resistance junction-to-case, 2jc, is needed to determine Tj. Usually 2jc is given in the
transistor data sheet.

Tj = Ta + P 2ja (2)
Tj = Ta + P (2jc + 2ca) (3)

where, 2ca = 2ch + 2ha (4)

where, P : power dissipated in the device
Tj : junction temperature
2jc : thermal resistance, junction-to-case
2ch : thermal resistance, case-to-heat sink
2ha : thermal resistance, heat sink-to-ambient

The dissipated power in a transistor is non-linear with respect to the surface and the
junction temperature. Because of the different currents on the semiconductor chip, there
may be an occurance of thermal runaway which can damage the semiconductor chip
permanently. In the production of the hybrid circuits there is an inverse proportion between
the cost and the heat (thermal resistance).

THERMAL MODEL

A thermal model of a basic heat source ( semiconductor transistor chip) is given in
Figure 3.
The basic equation for the thermal resistance is:

2 = t / k . A
where,

2  : thermal resistance
t   : length of thermal path
A : area of thermal path
k  : thermal conductivity



Figure 3.

AMPLIFIER DESIGN

Our transistor is a silicon bipolar transistor. The amplifier circuit will consist of an active
biased single stage, operating into a 50 ohm load and driven by a 50 ohm source, where
frequency range is 5 to 500 MHz. This is a broadband linear small signal RF amplifier.
Smal signal means that the amplifier is operated in the linear region. This also means, in
linear area, output power is not compressed. In the linear small signal region, the ratio of
the output power to the input power is constant. As the input power is increased, the
output power reaches to its limits. Above this limit the amplifier has a “compressed
output” power. This is shown in Figure 4.

Figure 4. Figure 5.

In our design goal, the power output of the amplifier at 1 dB small signal gain compression
point is almost + 30 dBm. which is 1 Watt. And the gain flatness of +/- 1 dB in the
operating frequency range.



DESIGN STEPS

First we select the appropriate transistor for our design goals. The optimum bias points is
advised and given in the data sheets by the transistor manufacturer. According to this data,
a biasing circuit is designed. In this case our bias circuit is an active bias circuit which
provides better DC current stability against the fluctuations. As seen in Figure 5, active
biasing is achieved by another transistor. This biasing circuit enables the RF transistor
operates in the active region. After bias circuit design is completed, we design the RF
circuitry of the amplifier. This amplifier is an active biased common-emitter transistor
circuit. We use S-parameters (scattering parameters) of the transistor to design the RF
circuitry. This data also given in the data sheets by the transistor manufacturer.

If the transistor is stable at the operating frequencies, input and the output of the circuit can
be simultaneous conjugate matched. This means we can design necessary input and output
matching circuits for the gain and the output power desired. Therefore our final circuit
design is ready after the integration of the bias and the RF circuitry sections.

PRODUCTION ASSEMBLY

Active devices are attached using eutectic bond to the heat sink. Heat sink is solder-down
attached to the substrate or directly to the header surface. Substrate attachment is achieved
by solder where gold plating of the package and metallization of the back side of the
substrate are required for reflow. Interconnections are made by gold wire bonds. Sealing of
the package is done in a dry nitrogen chamber where sealing of the lid to the case is
hermetically performed by seam or projection welding.

THERMAL TESTING

There are several ways to verify the thermal analysis. Some of them are probing the circuit
with using a thermocouple, infrared (IR) microscope measurement, etc .The useful
semiconductor lifetime is strictly related to the junction temperature. And also the power
dissipation (maximum allowable in a semiconductor device is limited by its junction
temperature. An easy way measurement is base-emitter junction voltage drop testing. Any
change in a semiconductor die temperature affects base-emitter voltage drop difference
which is measured first at low power dissipation and then high power dissipation. This
measurement can report the relative heat dissipation of the circuit.

CONCLUSION

In the aerospace and military power applications the cicuit density is limited by the heat
generated; which closely packaged components can cause much more limitations.



Dissipating heat out of the circuit is not a problem with diamond heat sinks. This heat
spreaders provide high heat transfer by conduction and dissipate the heat fast enough
before any damage occurs in the circuitry. In the future, even another application would be
to dope the parts of the diamond layer and use this as both insulator and semiconductor. So
maybe integrated circuits can be made of diamond.
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ABSTRACT

A family of absolute optical shaft encoders has been configured which is based upon an
electro-optical multiplexing architecture. When interfaced to a microprocessor, the
resulting “smart” encoder can perform several allied data processing functions and can
replace many types of electro-mechanical components. Encoder architecture, interfacing,
and several allied signal processing examples are discussed.

INTRODUCTION

Improved electro optical (EO) components such as gallium arsenide light-emitting diodes
(LED) and high gain, low leakage detectors incorporated in the 1970’s, permitted
evolutionary performance improvement of optical shaft encoders. When combined with
inexpensive custom VLSI from the 1980’s, and microprocessors, revolutionary encoder
improvements are possible.

The Itek MicroSeries® encoder family achieves an unusually compact design by using a
unique electro-optical multiplexing architecture which combines complementary
characteristics of EO components, VLSI, and microprocessors.

Users are now provided with shaft encoders capable of greater resolution and accuracy in
smaller sizes, increased life and reliability, and highly integrated allied signal processing
functions (“smart” encoders). It is possible for a single encoder with an integrated
microprocessor to perform many functions and replace several traditional
electromechanical components.



This paper will discuss the encoder architecture, interfacing, and several applications.
Examples will show how the “smart” encoder can be used to replace synchros, resolvers,
potentiometers, limit switches, commutators, and other types of traditional electro
mechanical antenna data and servo devices.

BASIC ENCODER ARCHITECTURE

Before showing how a “smart” encoder works, a brief background introduction into basic
encoder operation is presented. A more thorough description may be found in References
1 through 3.

Optical encoders measure shaft rotation by detecting the light that passes through a
rotating code disc and a fixed slit or group of slits as shown in Figure 1.

An absolute encoder has several concentric tracks on the code disc (Figure 2) that provide
a parallel whole word readout of shaft angle without the necessity of counting pulses as in
an incremental encoder with index (two tracks). The code patterns on the absolute disc are
a form of storage. Readout is thus preserved after power interruption.

Encoder signal processing is divided into two basic sub systems; the fine track which
governs resolution and accuracy, and the cycle count, which determines the address of the
fine track at which the encoder is positioned. The digital words from the two subsystems
are linked in a synchronizing circuit to provide an unambiguous binary output. The fine
track signal processing will be discussed first.

It is characteristic of many high resolution small diameter encoders that resolution of the
encoder is higher than the resolution of the code disk through a process called fine track
multiplication or interpolation.

The finest track is read out to produce spatially generated, DC coupled, sine and cosine
waves of exceptional fidelity which are interpolated (angular subdivided) to produce up to
6 bits per cycle. The fine track circuits operate independently of the remaining coarser bit
encoder circuits and completely determine encoder accuracy.

The encoder uses a push-pull (balanced) readout system (Figure 3) which uses one
illuminator with a very wide beam pattern to floodlight four detectors. The absolute level
of the signal is not as important as the signal balance about the reference voltage and the
amplitude ratio between sine and cosine. Since the same illuminator covers all four
matched detectors at a given station, the readout remains balanced over wide extremes of
temperature, power supply voltage, and component aging.



The fine track readout signals are “born” as analog and are processed in interpolation
circuits to yield several bits of digital resolution. The priciple of interpolation can be
explained by examining the basic X4 multiplier (Figure 4) which utilizes only the sine and
cosine signals. Each state of the digitized X2 sine wave corresponds to the clear/opaque
patterns on the disk, and therefore, has a width of 180 cycle degrees. The cosine, which is
phased 90E to the sine, bisects each state so that the resulting X4 wave has four equal
width states per code cycle, each 90E long. By synthesizing vectors with 45E phasing from
the analog sine and cosine signals in operational amplifiers, the 90E states can be further
subdivided to produce an X8 multiplier as shown in Figure 5. By forming additional
synthesized vectors with appropriate amounts of phase shift, up to 64 equal states (X64)
can be obtained. Thus, a 2.3 inch (58.4 mm) encoder with a 2048 cycle disk (2 ) readily11

produces 17 bit resolution and accuracy with X64 (2 ) multiplication.6

The fine track code repeats itself N times per revolution (typically 1024 cycles in a 1.6
inch (40.6 mm) diameter encoder, and 2048 times in a 2.3 inch (58.4 mm) diameter
encoder). Additional code supplied by the coarser tracks is read to uniquely define the
address of the specific cycle in which the encoder is positioned, thus completing the code.

The natural binary code has locations where several bits transition at the same time; the
most pronounced location is where all bits change from 0 to 1 or vise versa. If these
transitions are not perfectly synchronized, a substantial error or ambiguity will result. The
worst case would be if the MSB transitioned out of step, resulting in a ±180E encoding
error. Perfect synchronization is optically and mechanically impossible to achieve, so two
principal techniques have been devised to resolve the ambiguity problem, V-Scan and
Gray code. The encoder family uses both types of code to form the cycle count subsystem;
details are explained in Reference 2. Briefly, V-Scan provides large stable signals, but
requires two detectors per bit (lead and lag), while Gray code requires only a single
detector, but provides small, potentially unstable signals when the code elements are small.
Advantage is taken of the best features of each code format by using natural-binary
V-Scan for the finer bits, where alignment is most critical, and Gray code for the coarser
bits, where alignment is less critical for the larger elements.

ELECTRO-OPTICAL MULTIPLEXING

As noted in Figure 2, absolute encoders have several tracks. While the digitizing circuits
for the coarse tracks are not as sophisticated as for the fine track, the fact that there are so
many can add considerable complexity to the encoder electronics.

Since there are 11 or 12 coarse tracks, in encoders prior to multiplexing, the circuitry for
the coarse tracks was far more extensive than for the fine track circuits. The MicroSeries®
family takes a radical departure from conventional design practices by using electro-optical



multiplexing to derive the cycle counting bits, and synchronizing the fine track and cycle
counting bits.

Electro-optical multiplexing techniques greatly reduce the amount of encoder circuitry.
Simplified multiplexing is made feasible by virtue of the fact that silicon photodetectors
have extremely small dark currents and are virtually perfect open circuits when they are
not illuminated.

Figure 6 shows the optical multiplexing diagram for the uS_/23 Family. The fine track
circuits are specialized in nature and operate independently from the coarse tracks. The
coarse tracks, which determine the absolute address of the fine track, are obtained from a
detecting array which is illuminated by four light emitting diodes. Four phases of timed
multiplexing are used. In the first phase, the LED above the left hand column is turned on
for approximately 25 microseconds. All of the photodetectors in the left hand column
(1 NB lead and lag, 2NB lead and lag) are illuminated and the outputs of these detectors
appear on the lines Channel 1 through Channel 4. These signals are routed to the internal
custom VLSI chip where they are digitized. At the end of Phase 1, LED 1 is turned off,
and LED 2 is now turned on (Phase 2) and the lines Channel 1 through Channel 4 now
produce information on the 3rd and 4th natural binary bits. At the conclusion of LED 2
operation, LED 3 and then 4 are turned on in timed sequence, producing bits Gray 1 to
Gray 4 and then Gray 5 to Gray 8. These bits are also all routed to the custom VLSI chip
where they are digitized.

BASIC INTERFACE

The encoder contains a custom VLSI mixed analog-digital chip which digitizes both the
fine track (to X64 multiplication) and the coarse track signals. The basic interface is a 7
wire signal set (3 input Enable signals and a 4 wire Data Output set). The custom chip
decodes the 3 wire Enable input code, turns on the proper LED, digitizes the detector
signals, and multiplexes them on to the 4 output data lines. Note that the 4 wire data
coming from the encoder is in “MicroSeries® Code Format” and must be converted to
binary code to be useful. The interface circuits must supply the 3 Enable signals, receive
and store the 4 Data signals generated in each phase, and then format the received code
into natural binary. Interfacing can be done with external logic, a custom Itek Decoder and
Control Chip, or a microprocessor.

Logic or the decoder chip will provide shaft data, but not the variety of features that can be
obtained when a microprocessor is used. Accordingly, only a “smart” interface using a
microprocessor will be discussed.



MICROPROCESSOR INTERFACE

A block diagram showing the interface of the encoder with a microprocessor is shown in
Figure 7. The optics section of the encoder contains the code disc and reading stations, the
LED’s and LED drivers, and the photodetectors. The electronics in the encoder contains
the custom VLSI multiplier chip for interpolating and digitizing the fine track and all cycle
counting bits.

The microprocessor must generate the Enable sequence shown in Table 1 with the timing
given in Figure 8. The Enable signals are decoded by the VLSI encoder electronics to
pulse the LED’s. Enable state 0 disables the outputs, thereby allowing other use of the four
data lines by the microprocessor for multiplexing multiple axis encoders. Enable states 2
and 3 are auxiliary phases used to submultiplex additional fine track interpolation digital
data in LED phase 1. The Enable sequence can be repeated every 200 microseconds
(5 kHz maximum update rate).

The microprocessor receives and stores the data in 4 bit bytes and using an Itek
microprocessing algorithm, converts the special encoder code data into 13 to 17 bit binary
words, depending upon the encoder model selected.

A “SMART” ENCODER EXAMPLE

As an example of how a “smart” encoder can be configured and used, a case study from a
recent engineering project makes for a very informative example. In this project, a small
1950’s field transportable radar, which was built with several electromechanical data
pickoff devices, was modernized/upgraded to an encoder using a microprocessor and a
few support chips.

The type of functions provided are an excellent example of how a modern component can
greatly simplify existing control functions. The capabilities of the microprocessor encoder
can be advantageously utilized by system designers either to retrofit old equipment or in
designing new equipment. The purpose of this section is to show by illustrative example
how flexible and versatile the encoder is.

Table II summarizes the functions provided, comparing the shows a list of
electromechanical components and their microprocessor system replacements. Basically
speaking, the electro mechanical system required a Size 15 synchro CX, a rotatable sub
base for the synchro, gearing for a mechanical turns counter, a 6V DC to 115V/400 HZ
inverter, considerable numbers of mechanical linkages, a 4 track brush commutator with a
slip clutch, and a potentiometer whose output drives relay switched attenuators.



The new equipment consists of a 13 bit size 16 (40.6 mm) encoder, a small printed circuit
card containing an INTEL 8748 microprocessor and three support chips. The user mounts
on the control panels two 4 digit LED displays, a 4 decade BCD coded thumbwheel
switch, two serial to parallel shift registers, a D/A converter, and a potentiometer.

Azimuth angle position readout is the basic requirement. Two displays in artillery mils
units are required, one at the radar, and one at a remote indicator. The display at the radar
was via a mechanical turns counter geared to the antenna shaft. A traditional size 15CX
synchro transmitter was used as the pickoff for the remote display. The remote indicator
utilized an electromechanical servo with a follow up CT synchro receiver, driving a turns
counter on the servo output shaft. Angle readout is now provided by a 13 bit MicroSeries®
encoder and microprocessor based electronics. Microprocessor controlled firmware
formats the 13 bit binary encoder output to the required 6400 state BCD Artillery Mils
format. The BCD serial data information from the microprocessor is read out into a shift
register and presented on a 4 decade LED display. Two shift registers and displays are
used, one each local and remote.

The reader may wonder why a deliberate code transformation was designed in - why isn’t
the encoder designed to read BCD directly? BCD code is very inefficient compared with
binary. Each 4 wire group of BCD code conveys only 10 of 16 possible states; this makes
the BCD encoder electro-optically and electromechanically 16/10 more complex than a
straight binary coded device with the same resolution. Since a microprocessor is needed
for other functions, and most supporting devices work with binary code, the choice of
binary code encoder and a firmware converter results in a much less complex system.

An auxiliary function that must be provided relates to position offset. When the radar is
first set up at a new field location, it is often desired to align the azimuth readout to a
known earth’s coordinate position. For example, true North is usually defined as 0000. In
the electromechanical system, the base of the mechanical counter and synchro CX body
were both mounted on a rotatable sub base. A mechanical linkage and wormwheel drive
was used to reference the CX and counter to the desired reference angle. This arrangement
effectively formed a mechanical differential which subtracted angles.

In the replacement microprocessor system, the operator is provided with a 4 decade
thumbwheel switch. The displayed encoder output word is offset to provide a coordinate
alignment by subtracting the BCD switch setting from the “raw” encoder word.

Another function that must be provided is control of the motor that causes the radar to scan
back and forth in a search mode. The electromechanical system used a 4 track commutator
disk with the width of the commutator tracks made equal to the desired scan angle. A
switch is used to select the desired range from a short scan of 500 mils (approximately



28E) to a long scan of 2000 mils (approximately 112E). The commutator disk was coupled
to the output shaft by a slip clutch, and an additional differential rotation mechanism so
that the center of scan could be placed in any desired position. Relay logic was used to
control the motor.

The microprocessor system performs the scan function by further processing the azimuth
position angle word. The microprocessor receives the center of scan command as an 8 bit
word from an A/D converter which is in turn driven from a control panel potentiometer
with 0/5V output; this corresponds to 360E rotation. The microprocessor reads the existing
4 position Scan Angle Select switch, and determines which scan is selected. From a
knowledge of center of scan and desired scan angle, upper and lower scan limits are
formed. The instantaneous azimuth position is tested against these limits and the state of a
CW/CCW motor drive line is controlled, forming a simple bang-bang servo.

The azimuth position code is also used to form an analog sweep for the operator display.
Forming the sweep with a D/A converter is a relatively straight forward function, but the
capabilities of the microprocessor provide savings in an unexpected way. As mentioned
earlier, the radar has 4 scan angles ranging from 500 to 2000 mils. These cause 4 distinct
mechanical rotations. The cathode ray tube display requires a constant amplitude sweep,
independent of scan range, to deflect the spot all the way across the screen. In the
electromechanical system, the sweep pot scale factor in volts per mil was set sufficient to
give adequate output (full deflection) on the short range. On higher ranges, attenuators
were switched in. For example, the sweep pot output on the 2000 mil range must be
reduced to 500/2000 of the output on the 500 mil range.

The new digital system is much simpler. The sweep word output is maintained at 8 bit full
scale on all ranges. The digital sweep is multiplied by an appropriate scan selected scale
factor to provide a constant amplitude output independent of range.

Thus, for every function provided, the encoder with microprocessor provides far simpler
hardware with greater reliability.

A very important consideration in battery operated field equipment is power consumption.
The existing old electronics system draws over 25W, a substantial amount of which is
required for a 6V DC to 115V/400 HZ converters to run the synchros. The microprocessor
draws about 1W. Since the multiplexed encoders need only be powered when they are
interrogated (approximately 100 times a second) their average power consumption is low.
Most of the power is consumed by the 8748 microprocessor which is a TTL device.
CMOS microprocessors are now available, which could reduce the power even more.



The examples presented discussed replacing a CX synchro, potentiometers, mechanical
counters, differentials, and commutators. A D/R or D/S converter could have been used to
replace a resolver or synchro respectively. The linear sweep that was developed could
easily have been made a non linear sweep by a D/A converter with non-binary resistor
weighting networks or other function modules. The system provides 100 updates per
second using a 5 MHz crystal connected to the 8741 microprocessor. All of the operations
discussed, including data acquisition, formatting and the auxiliary functions use 32 of 64
RAM locations and approximately 600 of 1024 ROM locations. There is adequate
capacity to build additional functions including a second axis (elevation) which was at one
time included, and then deleted. There is adequate capacity to form a servo summing
junction which could compare encoder position against a command, find the servo
actuating error, and make digital calculations analgous to lead and lag compensation.
Completing the servo would only require a D/A converter and power amplifier.

An important point to consider is that with the older electromechanical functions,
packaging was complicated in terms of all the knobs, gears and linkages that had to be
accommodated. Many of the controls had to be located “where they would fit” to avoid
complex coaxial through shafts, right angle shaft turns, etc. As a result, there was less than
desired freedom in optimizing the control panels. With the new electronic components,
connections are by wire, rather than hard mechanical linkage. When, for example, a
thumbwheel switch bank replaces a differential mechanism, control panels are far easier to
lay out to provide greater ergonometric efficiency.

SUMMARY

The updated radar system is an excellent example of how a microprocessor controlled
encoder can replace several older electromechanical components, at the same time
providing much greater performance, higher reliability, and lower cost. The encoder is
equally useful for both retrofitting older systems or for new designs. The microprocessor
has enough capacity for additional real time control/processing, data formatting, operator
alarm functions, etc.
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 Figure 1

An optical encoder measures shaft rotation by detecting light that passes
through a rotating code disc. For simplicity, only the fine track is shown.

Figure 2

Code Disc from Typical Small Diameter Absolute Encoder



 Figure 3

Fine Track Readout System

Figure 4

The X4 multiplier



 Figure 5

X8 Multiplier Timing Diagram



 Figure 6

Electro-Optical Multiplexing



 Figure 7

Microprocessor Interface

 Figure 8

Enable Sequence Timing



TABLE I

MULTIPLEXED DATA OUTPUT AS A FUNCTION OF ENABLE STATE



TABLE II

SMALL RADAR SYSTEM FUNCTION/EQUIPMENT SUMMARY

FUNCTION ELECTROMECHANICAL SYSTEM ENCODER WITH INTEGRATED
MICROPROCESSOR                   

RADAR ANGLE POSITION GEARTRAIN AND MECHANICAL 13 BIT SIZE 16 ENCODER, USING
READOUT IN ARTILLARY TURNS COUNTER uPROCESSOR CONTROLLER
MILS WITH BINARY/MILS FIRMWARE

CONVERTER, SHIFT REGISTER,4
DIGIT LED DISPLAY

REMOTE ANGLE POSITION SIZE 15 SYNCHRO CX PICKOFF ON SHIFT REGISTER 4 DIGIT LED
READOUT RADAR DRIVING REMOTE SERVO DISPLAY

WITH SIZE 15 CT FOLLOW-UP,
MECHANICAL TURNS COUNTER, 6V
DC TO 115V/400 HZ INVERTER

POSITION OFFSET USED TO COUNTER, GEARTRAIN, AND 4 DECADE BCD CODED
ALIGN RADAR WITH SYNCHRO ON ROTATABLE SUB BASE THUMBWHEEL
EXTERNAL COORDINATES USING A KNOB AND WORMGEARING SWITCH/;PROCESSOR

AS A MECHANICAL DIFFERENTIAL FIRMWARE SUBTRACTION
ROUTINE

SCAN ANGLE RANGE 4 TRACK COMMUTATOR DISK WITH uPROCESSOR FIRMWARE;
CONTROL RELAY CONTROLS “BANG-BANG” SCAN ROUTINE

SCAN ANGLE CENTER MECHANICAL ADJUSTMENT USING POT DRIVING 8 BIT 1/A/D
SELECTION SLIP CLUTCH AND GEARS TO CONVERTER, PROCESSOR

ROTATE COMMUTATOR DISK FIRMWARE ROUTINE

SWEEP GENERATOR WITH POT WITH RELAY SWITCHED GENERATED IN uPROCESSOR
CONSTANT AMPLITUDE ATTENUATORS USING FIRMWARE ROUTINE
INDEPENDENT OF SCAN
RANGE

POWER SUPPLY 6V BATTERY OPERATED WITH V BATTERY OPERATED; 1W AVG
115V/400HZ INVERTER; 25W AVG POWER
POWER

 1/ COULD “TIME SHARE” OFFSET ANGLE THUMBWHEEL SWITCHES BY USING DATA ENTRY PUSH
BUTTON SWITCH.



AN INTELLIGENT DIGITAL PHASE-LOCKED LOOP WITH
INTEGRAL GAIN CONTROL, SIGNAL QUALITY
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ABSTRACT

An intelligent digital phase-locked loop with integral automatic gain control, signal quality
and lock detection suitable for implementation using current digital signal processing
devices is presented. By exploiting information derived from these functions operating in
unison, it is possible to realize improved performance in an adverse environment where
fading or abrupt signal outages are encountered.

The system described consists of several functions operating under the direction of a
stored program. The state diagram model of the program is discussed along with design
considerations for the system elements. Various aspects of the system are simulated in the
presence of noise and signal outage and compared to the performance of a conventional
phase-locked loop.

INTRODUCTION

Phase-locked loops are an essential element in most communication systems. Currently,
there is an increased interest in making maximum use of digital devices in the design of
these systems. Digital implementations offer the obvious advantages of cost, size,
predictability and reliability. Moreover, with digital elements operating under the
supervision of a stored program, heuristic functions may be incorporated into loop
operation as well as several other complementary functions. For low to moderate signal
bandwidths, it is possible to realize communication systems using current digital signal
recessing technology.

This paper examines the practicality of implementing an intelligent digital phase-locked
loop (PLL) which operates in conjunction with the automatic gain control (AGC), signal
quality and lock detector functions. The proposed system, as shown in Figure 1, utilizes a
carrier and bit clock tracking loop and represents a typical communication receiver. The 



FIGURE 1.  SYSTEM BLOCK DIAGRAM

principles presented herein can be applied to any system utilizing a phase-locked loop.
However, the detailed system implementation will be application dependent. Therefore,
this paper explains the operation in general terms with particular emphasis on identifying
key system parameters and trade-offs.

SYSTEM DESCRIPTION

Digital Phase-Locked Loop

The PLL consists of a phase detector, loop filter and voltage controlled oscillator (VCO).
In general, the loop is nonlinear due to the phase detector. However, the loop behaves
linearly for small phase errors. Given this assumption, the PLL may be modeled as shown
in Figure 2. An all digital PLL suitable for software implementation can be synthesized by
the transformation of a conventional analog system, whereby the poles and zeros of a
specified differential equation are mapped to the z-plane poles and zeros of a
corresponding difference equation using the matched z-transform (1). Using this method,
the first order analog PLL described by the closed loop transfer function

(1)

can be transformed to its discrete equivalent



FIGURE 2.  PHASE-LOCKED LOOP.
(a) BLOCK DIAGRAM, (b) LINEARIZED LOOP MODEL.

(2)

where K and K* are the collective loop gains for the analog and discrete PLL,
respectively.

In the digital implementation, the VCO function can be implemented using table lookup
techniques where the phase is updated using the recursive relationship

(3)

where K  is the gain of the digital VCO and is included in the loop gain K*. The term ẽ (n)o

is the nth error sample out of the loop filter.



The phase produced by equation 3 can be added to a fixed step size to produce an index to
a table containing sine (or cosine) values uniformly spaced around the unit circle (3). It can
be shown that the step size required to produce a sinusoid of frequency f  is given byo

(4)

where N is the number of entries in the table and T  is the sampling period. Note that, fors

this case, the gain K  is equal to N steps/2A radians.o

Taking the z-transform of equation 3 with some manipulation yields the discrete VCO
transfer function

(5)

where 2  (z) and E(z) are the z-transforms of the discrete time sequences 2  (n) and e(n).o            o

The loop filter gain can be determined by factoring out the VCO term. Doing so yields the
result

(6)

where K  is the phase detector gain.d

Provided that the sampling rate is sufficiently high so that the discrete system accurately
matches the analog system, the loop bandwidth can be approximated by

for a Type I Loop Filter (7)

where the bandwidth is in Hertz.

This technique can be extended for a type II high gain lag-lead network described by the
transfer function

(8)

where T  and * are the natural frequency (radians/sec) and damping factor of the loop,n

respectively. Transformation of this system results in a loop filter of the form



(9)

where the loop filter gain terms G  and G  are given by1  2

(10)

and

(11)

The loop filter is implemented as shown in Figure 3. The loop bandwidth can be
approximated by

for a Type II Loop Filter (12)

for sampling rates in excess of 25 times the loop bandwidth (1).

FIGURE 3.  DISCRETE LOOP FILTER FOR A HIGH GAIN LAG-LEAD LOOP.

In most cases the first order PLL will be sufficient for the bit clock loop because the
frequency uncertainty is limited to the accuracy of the transmit and receive oscillators. The
steady-state phase error introduced by a fixed frequency offset is given by Gardner (2) as:

for a Frequency Step (13)

in radians where K  is the DC loop gain and )T is the frequency offset in radians. TheDC

DC loop gain, for the first order loop, is the collective loop gain K.



Given that the transmit and receive oscillators are accurate within 100 ppm and loop
bandwidth is 10 Hz, the steady-state phase error is approximately one degree at a nominal
clock rate of 1200 baud. However, large frequency offsets are encountered in the carrier
loop due to equipment mistuning and Doppler related effects. Furthermore, the frequency
of the carrier loop can change with time as a result of vehicle or medium motion. For these
cases, a type II loop is required to provide reasonable tracking performance. This loop has
infinite d.c. gain and, therefore, zero steady-state phase error for a phase and frequency
step. The tracking error (in radians) in the presence of a linearly changing frequency is (2):  

for a Frequency Ramp (14)

.
where )T is the rate of change.

Automatic Gain Control Circuit

The purpose of the AGC circuit is to maintain the input signal at a constant level, thereby
providing accurate control over the PLL bandwidth and reliable indication of phase lock.
In general, the AGC circuit does not discriminate between signal and noise. This type of
AGC is referred to as a noncoherent AGC since the control voltage is derived by filtering
(smoothing) the square of the incoming signal. Therefore, if the noise power exceeds the
signal power, the AGC is driven primarily by the noise. Given that the AGC maintains a
constant rms voltage, V , the adjusted signal amplitude, A, can be related to the SNR by:o

(15)

where the signal is assumed to be sinusoidal and " is the signal suppression factor defined
by the relation (4):

(16)

where      is

(17)

For SNR’s below 10 dB, the reduction in signal amplitude is no longer negligible and must
be considered when selecting threshold levels. This problem can be overcome once phase
lock has been achieved by using the coherent reference of the PLL to synchronously detect
the signal energy. In this manner, the noise contribution may be suppressed through
filtering with the noise rejection being inversely proportional to the filter bandwidth.



Although coherent detection will allow the AGC to track only the signal power, the
receiver must still provide adequate dynamic range to preserve the total signal.

The peak-to-rms ratio (crest factor) is a critical AGC design parameter. Excessive loading
will cause clipping of the received signal. On the other hand, insufficient loading will result
in loss of dynamic range. The sum of a sinusoidal signal plus narrow-band Gaussian noise
has a Ricean distribution (5). The probability density function can be integrated over the
A/D range to determine the probability of clipping.

Selection of the AGC bandwidth is a final consideration. The AGC bandwidth will
determine the attack and decay times of the AGC loop, thereby establishing the
performance of the AGC during signal fades. Note that if the AGC bandwidth is on the
order of the PLL bandwidths, the AGC will affect the tracking performance of these loops.
A detailed analysis of the AGC is given by Victor and Brockman (6). The equations
produced by Victor and Brockman can be transformed to the discrete domain using the
same method discussed for digital PLL design.

Lock Indicator

The lock indicator can be implemented using the quadrature PLL reference signal. The
filtered product of this reference with the PLL input is proportional to the instantaneous
phase error weighted by the input signal amplitude. Since the AGC maintains a constant
signal level, the output provides a measure of phase lock. Note, however, the signal
suppression factor, ", should be considered in the selection of the lock indicator
thresholds. For example, with a noncoherent AGC and a SNR of 0 dB the lock indicator
will reach only 70.7 % of its full scale value (i.e., in absence of noise) as shown in
Figure 4.

Signal Presence Detection and Signal Quality

The AGC control signal, when compared against a threshold, can be used to detect the
presence of the signal. However, noise fluctuations in the control signal can cause false
detections. The probability of false alarms will depend on the AGC bandwidth and noise
level. Smoothing of the control signal for purposes of signal presence detection can be
performed by additional filtering or by introducing hysteresis in the threshold detection.
Hysteresis will prevent the signal presence function from continually being turned on and
off when operating near the detector threshold. Signal quality can be ascertained using the
AGC control signal and the lock detector levels. For example, the signal suppression
factor, ", can be determined from the lock indicator level and, thus, the SNR can be
computed from equations 16 and 17.



FIGURE 4.  INFLUENCES OF NONCOHERENT AGC
ON THE LOCK INDICATOR LEVEL.

State Machine Controller

In this system, the state machine (or program) has access to all pertinent system
parameters, allowing the PLL operation to be controlled accordingly. For example, using
information from the lock detector, the carrier and bit clock loop bandwidths can be
adjusted to provide rapid acquisition while preserving loop performance during tracking
operation. That is, by switching loop coefficients the filter can be made to have a large
bandwidth during acquisition and a narrow bandwith during tracking. Furthermore, the
AGC error signal and lock indicator level can be used to evaluate signal quality which can
then be used to control the carrier and bit clock loop operation during periods of signal
fades.

Each PLL operates in one of three independent modes: acquisition, tracking, or coasting.
The PLL is initially in the acquisition mode until phase lock has occurred. At this point, the
PLL enters the tracking mode. The loop will remain in this mode provided that there is
sufficient input signal and the loop remains locked. The loop will reenter acquisition if the
lock indicator drops below threshold. However, if the input signal drops below a specified
level, the controller will force the loop into a “coast” mode in which the loop is opened.
Once the signal is restored, the PLL resumes tracking. If the signal is absent for an
excessive period of time, the loop is forced back to the acquisition mode. The state
machine diagrams for the carrier and bit clock loops are shown in Figure 5 a and b. Two 



FIGURE 5.  STATE DIAGRAMS, (a) CARRIER LOOP, (b) SIT CLOCK LOOP.



separate diagrams are required for the carrier and bit timing loops due to the dependence
of the bit clock loop on the carrier loop.

The acquisition state is responsible for initially acquiring the frequency and phase of the
input signal, thereby bringing the loop into a locked condition. This can be accomplished
by using either self or aided acquisition methods. The selection of a particular technique is
based on the system requirements (SNR, frequency uncertainty, allowable acquisition
time, etc.). In self acquisition, the loop is simply enabled and allowed to acquire the
frequency and phase of the input. Although simple, this process can be slow and
unreliable. Aided acquisition techniques such as frequency sweeping (7), bandwidth
widening, and frequency discrimination (8) can be used to assist the loop during
acquisition.

Frequency sweeping is used when the initial frequency uncertainty is greater than the pull-
in bandwidth of the loop. For a type II phase-locked loop the pull-in range is infinite.
However, the pull-in time is inversely proportional to the bandwidth cubed (2). For this
loop, a constant offset, proportional to the desired sweep rate, is fed directly into the
integrator of the loop filter. The VCO is driven by a ramp, causing the frequency to sweep
across the band, effectively searching for the input signal. This technique acquires faster
than the self-acquisition method. However, the sweep should be disabled once the loop has
achieved lock to reduce the steady state phase error and prevent the frequency estimate
from drifting during periods of fading or outages. The lock indicator will determine when
to disable the sweep function. The sweep rate should be slow enough to allow the loop to
lock to the input signal. From Gardner (2), the maximum sweep rate is given by

(18)

where SNR  is the signal-to-noise ratio of loop.L

Bandwidth widening uses different loop filters for the acquisition and tracking functions.
During acquisition, a large loop bandwidth is used to rapidly acquire the input signal.
However, the larger the loop bandwidth, the more sensitive it is to noise and the larger the
steady state phase error. Therefore, once lock is detected, the gains of the loop filter are
adjusted to realize the narrow-band loop required for accurate phase tracking. Switching
occurs when the lock indicator exceeds a pre-determined threshold. Figure 6 shows the
instantaneous phase error for the multiple bandwidth PLL for a bandwidth ratio of 10. The
wide and narrow bandwidth PLLs are plotted for comparison. Observation of the
individual curves reveals that the hybrid loop acquires at a rate comparable to that of the 



wide-band loop while maintaining a steady-state phase error equal to that of the narrow-
band loop.

Note, however, that if the bandwidth ratio is too large or the loop is switched too soon, the
loop may stall or slip, thereby prolonging acquisition. This phenomenon is shown in
Figure 7 where the loop coefficients were switched prior to the loop filter integrator
reaching steady-state. If the loop is switched prior to this point, the narrow-band loop may
not be within its lock-in range. For this reason, a type I loop is less sensitive to bandwidth
changes. Simulations show that bandwidth changes on the order of 100 are practical (as
opposed to 20 for the type II loop).

Instead of switching bandwidths instantaneously, it is possible to make a gradual transition
from the acquisition to the tracking filter. Moreover, this makes the selection of the lock
indicator threshold less critical. As might be expected, the rate and method (e.g., linearly)
of coefficient adjustment greatly influence acquisition. Further investigation is necessary to
determine the rate and method for adjusting loop coefficients as function of system
parameters (i.e., SNR, frequency offset and rate of change).

Excess periods of fading (or loss of signal) can result in loss of lock. Two separate
phenomena occur at low signal-to-noise ratios (SNR), “cycle slipping” and “drop-lock”
(2). Cycle slipping and drop-lock degrade the operation of the bit clock loop. Slipping one
or more cycles of the bit clock loop is catastrophic when error correction and detection
coding or data encryption is employed. If the influence of the carrier loop on the bit clock
loop is neglected, cycle slips in the carrier will introduce isolated (local) errors in the
vicinity of the signal fade. However, the carrier loop will tend to drift away from the
acquired frequency causing the reacquisition process to be prolonged when the signal
returns. The overall impact is to amplify the effects of the signal outage. To avoid this
problem, the carrier and bit clock loops can be opened and allowed to “coast” through the
fade. Once the AGC indicates the return of the signal, the loops are closed and allowed to
resume tracking. Figures 8 and 9 illustrate the advantage of coasting through the signal
outage for the carrier loop.

Coasting of the bit clock loop can be sustained for extended periods of time, generally on
the order of seconds, because the frequency uncertainty is small. Under these
circumstances, phase coherence of the bit clock can be maintained throughout the fade. On
the other hand, maintaining the correct phase of the carrier loop is impractical due to the
system dynamics associated with the carrier frequency. Since the bit clock loop is
generally coupled to the carrier loop, it is necessary to ensure that the carrier loop has
reacquired before returning to the tracking mode.



FIGURE 6.  MULTIPLE BANDWIDTH LOOP SIMULATION.

FIGURE 7.  CYCLE SLIPPING PHENOMENON IN THE
MULTIPLE BANDWIDTH LOOP SIMULATION.



FIGURE 8.  COASTING OF THE CARRIER LOOP (FREQUENCY ERROR).

FIGURE 9.  COASTING OF THE CARRIER LOOP (PHASE ERROR).



In practice, there exists a delay between the signal outage and recognition of loss of signal.
As a result, the loops can be frozen with incorrect system states. To alleviate this problem,
delayed loop state variables (i.e., frequency and phase) can be saved such that when loss
of signal is detected, the loop is updated with these values. The delayed variables must
extend beyond the lag time of the outage detector. Only retention of the frequency state
variable of the carrier loop is practical due to the system dynamics.

If the response time of the outage detector is long, it is possible that the bit clock loop may
have already slipped a cycle. For this case it is necessary to use a second VCO which
shadows (lags) the bit clock loop VCO. Thus, when an outage is detected, the shadow
VCO phase is updated at the nominal rate until the carrier loop has regained phase lock.
Note that the shadow VCO is used for bit extraction.

CONCLUSION

In conclusion, the system design of an intelligent PLL with integral AGC, signal quality
and lock detection was presented. By exploiting information from the AGC, lock detector
and signal quality it is possible to realize a PLL with improved performance over its
conventional counterpart. The design issues were discussed for a typical communication
receiver employing both a carrier and bit clock PLL.

The system was shown, through simulations, to exhibit marked improvement in the areas
of acquisition/tracking and signal outage in comparison to the conventional loop. However,
the method and implementation are application dependent. Moreover, there remain several
areas which require further study. In particular, the allowable bandwidth ratios and rate of
change need to be quantified in terms of system parameters by analytical methods.
Selection of the thresholds were chosen empirically for the simulations shown. A more
rigorous approach to threshold selection is needed.
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ABSTRACT

In this paper, based on a series of research achievements [2,3,4,5,6], are examined the
“The Optimum Frame Synchronization Codes” provided by J. L. Maury Jr. and F. J. Styles
for IRIG Telemetry Standards USA, and furthermore, recommended a set of Optimum
Group Synchronization Codes for China Telemetry Standards.

KEY WORDS: Optimum Code, Group Synchronization Code, False Synchronization
Probability.

INTRODUCTION

In Telemetry, Remote-control and Digital Communication Systems, group synchronization
plays a important role.

Since PCM Telemetry System came into being, many scholars have contributed
themselves to the research on the theory and the searching method of optimum group
synchronization codes. Among them, being the most representative, are Maury and Styles.
They presented a set of Optimum Frame Synchronization Codes for N = 7 -- 30 for
GODDARD SPACE PLIGHT CENTER using the classical exhaustion technique.[1]
Afterwards, that table was brought into the American IRIG Standards as a
recommendation of Optimum Frame Synchronization Codes. In 1984, as establishing the
China Military Telemetry Standards, we also adapted that table in temporarily.

Twenty-five years have passed since paper [1] was published. Progress for searching
Optimum Group Synchronization Codes was not great. In 1978, ESA presented Satellite
Telemetry Standards [7], recommended the Optimum Frame Synchronization Codes of
length N = 16, 24, 32. Among those codes, the codes of length 16 & 24 are the same as
which in IRIG, only the code of length 32 is a new result. In about 1985, American
Metraplex Corp. contributed a table of Optimum Frame Synchronization codes for
N = 7 -- 33, but the first 24 codes of length 7 through 30 originated from IRIG.



NEED NEW DEVELOPMENT

Our work began at such a background:

(1) Some problems exist in the table presented by IRIG Telemetry Standards;
* the optimality of some codes is equivocal ;
* the application condition of optimum codes did not expound;
* optimum codes of length greater than 30 were not provided.

(2) The codes of length 31, 32, 33 recommended by ESA and Metraplex are actually not
optimal;

(3) As the increase of word capacity and the transmission capacity in PCM
communication systems, those optimum codes of length greater than 30 (such as 32,
40, 48, 50, 56, 60, 64 and even longer) are needed;

(4) Now, under the way of Classical Exhaustion Technique and the present computer
speed, it’s difficult to search out the optimum codes of length greater than 32.

Considering the facts mentioned above, it is imperative to develop new methods for
searching optimum group synchronization codes and search out longer optimum codes.

OUR EFFORT

In the last ten years, we devoted ourselves to study new theory for construction optimum
group synchronization codes, to develop new method for synthesizing and searching for
optimum codes, to improve traditional exhaustion technique, to raise searching speed,
looking forward to finding out the optimum codes of length greater than 30 and even more.
In recent years, several methods have been developed, such as the “Subpeak Logic
Method”[3,4], “Method of Synthetic Optimum Criterior”[5] and “Improved Exhaustion
Technique”. The theory has been put into practice, and much effect achieved.

(1) The Tables have been examined of Optimum Frame Synchronization Codes
recommended by IRIG Telemetry Standards and ESA. Some defects in them have
been pointed out. After that, those Tables have been revised, replenished, and
expanded. And a set of new optimum codes have been recommended for China
Telemetry Standards (provided codes of length 7 to 32 on the first stage, and shall
provid codes of length 33 to 64 on the second stage.).

(2) The application conditions of optimum codes have been clarified.



(3) Some optimum codes have been provided for certain new Remote-control Telemetry
and other PCM Systems. For example, a set of (four) conditional Optimum Group
Synchronization Codes were provided for CK-8102 Multi-target Remote-control/
Telemetry/Direction Integrated System in 1981. In 1987, the group synchronization
codes were examined of length 60 in American Meteorological Satellite TIROS, and
discovered not optimal. Furthermore, we searched out a set of quasi-optimum codes
( N = 60 ) [9] for the second generation China Meteorological Satellite being
designed.

This paper is a final report for the first stage’s work on optimum codes.

TABLES AND COMPARISON

A set of tables of new Optimum Group Synchronization Codes of length N = 7 -- 32 have
been edited. In Table 1 to 4, the bit error rate is P = 0.10, and the error tolerance E is
respectively 0, 1, 2, 3.

For comparison, the optimum codes originated form IRIG Telemetry Standards USA are
listed in Table 5. This table is produced under the condition of P = 0.10 & E = 2.

After the comparison of the five tables, the following facts can be found out:

(1) The optimum codes in table 1 and table 2 with code-length N from 7 to 32 are in the
same pattern as long as in the same length. That is, those 26 codes, under the error
tolerance E = 0 & 1, resist in the optimum status.

(2) As error tolerance increased to 2, these codes marked with stars in table 3 (N = 7, 8,
9, 11, 15, 16) are different to those in table 1 & 2.

(3) As error tolerance being 3, the ten codes in table 4 marked with dark triangles ( N =
7, 8, 9, 10, 12, 13, 14, 16, 18, 20) are different as the corresponding codes in table 1.

From the above comparisons, it could be seen that the optimality of codes is conditional
and changes with error tolerance. In general, however, the optimality of a optimum code
doesn’t change until the error tolerance exceeding 10% of the code length. As error
tolerance E exceeds that limit, the optimality of the optimum codes may be changed. (The
examination of some optimum codes at error tolerance E = 4, 5, 6 confirmed the above
conclusion. But to shorten this paper, those tables were omitted)

This conclusion is very important. It can be formularized as following:
E < 10% * N (1)



  As comparing Table 1 -- 4 with 5, we can find out:

(1) In Table 5, the optimum codes recommended by IRIG Standards are the same as
those first 24 of 26 optimum codes in Table 2 searched out by our program. In Table
5 however, the first 10 codes (N = 7 -- 16) marked with white triangles have 
different probability of false synchronization ( more accurately, the expectation value
of the number of false synchronization occured during the overlap region ) with the
corresponding value in Table 3, while the rest 14 codes have the agreeable
probability. The reason may be that Styles and his friend used different programs to
calculate the first 10 optimum codes and the rest 14 and there would be some defects
in the program calculating the first 10 codes.

(2) In Table 5, the six codes (N = 7, 8, 9, 11, 15, 16) marked with stars disagree with the
corresponding codes in Table 1 & 2.

To make sure of our results, we applied several programs and different computers to
search the optimum codes with N = 7 -- 32. As a result, we made the same outputs (with
the same code pattern and same probability).

During our original searching work, because certain programing technique was not
adapted, integer overflow once occured. After program revised, overflow solved, the
output of different programs in different computers are completely the same. So, we would
surmise that Styles’s program for searching the optimum codes of length 7 -- 15 should
have such problems as overflow.

There are no recommended codes of length 31 & 32 in IRIG Standards. To confirm the
optimality of the codes in Table 1 to 4 of length 31 & 32, the calculation has been made
for comparison with the codes provided by ESA and Metraplex. The results are listed in
Table 6 & 7.

In Table 8 is presented the optimum code of length 33 searched out by our program.
Compared with the code provided by Metraplex, this code is acturally optimal in both
probability and autocorrelation. The codes of length exceeding 32 are beyond the
discussing in this paper. We shall publish the optimum codes of length more than 33 in
another paper in the near future.

A BRIEF TABLE

For briefness and convenience, we would recommend the brief Table of Optimum Group
Synchronization Codes in Table 9.
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ABSTRACT

Architectural decisions made three years ago in the design of a high speed preprocessor
system for realtime data processing at sustained rates of 200k to 300k parameters per
second were driven by the need to provide expansion flexibility and to permit the user to
program application algorithms through the use of a high level language. The original
design concept was a two bus architecture which would accept and merge data from up to
8 data sources with the required number of parallel computers driven by the realtime
processing needs - not the 1.5M wps aggregate throughput capability. Other configuration
variables were to enable the use of an optional raw data circular (wrap around) file for
intermaneuver or anomaly analysis, the number of analog and discrete outputs for strip
chart and visual displays, and the ability to support a wide range of processed data
throughputs to one or more host computers.

As a result of future defined requirements, the expansion capability ultimately grew to
allow up to 30 data sources, 256 analog outputs, and 196 discrete outputs. A concurrent
study of the engine and airborne test community showed that in many applications over
50% of the processing was restricted to repetitive computations such as FFTs and first
order EU conversions. Although bit slice processors were much faster than general
purpose Application Processors (APs), nobody in the user community said they wanted to
write microcode to install their application programs. As the first customer’s requirements
could be easily handled by adding a few APs, the initial system design concentrated only
on general purpose processors with provisions being made for the future addition of
special purpose digital signal processors to co-reside with the general purpose APs. At the
some time, much of the rotary wing test community’s data processing was highly floating
point intensive so the AP processor was designed with an independent floating point
processor using the fastest possible device technology.



The original two bus architecture using industry standard Versa and VME buses evolved
as the design matured to a six bus architecture capable of supporting up to 60 parallel
processors. The use of industry standard buses has permitted successful development of
configurations using a wide range of third party processors and peripherals from a variety
of sources. Larger system configurations are implemented by a multi-chassis structure with
functions arranged so that no realtime bus is unterminated or physically longer than 19
inches. The simultaneous software development supporting these changes and
encompassing 25 man-years of work is beyond the scope of this paper and will be covered
in a separate publication.

INTRODUCTION

In the fall of 1984, Teledyne started development of a Realtime Multi-Processor System
(RMPS) to satisfy the need for realtime data merging and preprocessing at sustained data
rates of 200k to 300k parameters/second. The launch customer for this program was, Bell
Helicopter-Textron Inc. (BHTI) who was developing a new realtime PCM ground station
to concurrently support four test aircraft and a ground shake test facility generating an
aggregate data rate of about 900k wps. The key design approach which caused BHTI to
select RMPS was the use of parallel, general purpose floating point computers instead of
the faster bit-slice machines that required writing the processing algorithms in microcode.
So as to provide system growth capability, it was determined that the non-processed data
throughput needed to be 2M wps so that the upper processing limit that could be
accommodated was 1.5M wps.

An open bus architecture was selected for the RMPS because Digital Equipment
Corporation had been very successful in permitting third party vendors to have access to
their Unibus and Q-Bus as had Motorola with their open Versabus and VME bus. At the
same time proprietary buses, such as the Mercury bus (Aydin Monitor), the PCD bus
(Fairchild-Weston) and the FLO bus (Loral) were not well accepted because the user was
forced to go back to the manufacturer for support and the addition of new functionality.
The initial requirements were to merge 3 PCM streams so the original architecture was
structured to merge 8 streams or data sources, again to provide system growth. Early in the
system development, the need was identified to expand the number of data sources from 8
to 15. By using mechanical expansion, coupled with electrical expansion the number of
data sources which could be accommodated concurrently grew to thirty sources.

Box product integration was one of the main features of the RMPS architecture that
attracted our customer’s attention. Converting classical box products to card products and
integrating them into the computer system produced obvious hardware cost savings. Along
with these cost savings came increased speed, lower power consumption and improved
reliability along with significantly less cabinet/rack space at the subsystem level. The



initial integration only included classical IRIG frame and subframe synchronizers, the
PCM simulator, and the analog and discrete output units. Later, came 1553B bus
interfaces, IRIG time code interfaces and, just recently, IRIG bit synchronizers. The
analog and discrete outputs required by the original customer were only 32 channels each.
Here again, to support future growth, the design was sized for 256 analogs and 196
discretes. This later proved to be a critical decision as subsequent customers have
specified the full 256 analog outputs in a single system.

One of the most interesting changes in the evolution of the RMPS design was the number
of total buses in the system. The original proposed architecture only had two buses: an
input bus where the data was merged and distributed, and the output bus where the
processed data was collected and sent to the host. All other preprocessor brands used two
buses, but those buses were generally limited to about 4 MHz. Thus, the use of the 10
MHz capability of the Motorola Versa/VME bus would permit two 10 MHz buses to
provide all of the margin of safety needed for the 2M wps throughput/1.5M wps
processing capabilities established as the RMPS design objectives. As the design
progressed, the original two buses grew to seven buses, six parallel buses and one serial
bus.

System packaging become one of the critical design problems. It doesn’t do any good to
develop hardware and software to support 30 data sources, 60 computers, 256 analog and
196 discrete outputs, if you can’t find a way of connecting all of this hardware together
and not significantly slow it down so you can’t provide the throughput which generated the
need for large quantities of functional units. Daisy chaining buses to 6 or 7 chassis
(as advertised by some suppliers for expansion) means that a 10 MHz bus is reduced to 2
or 3MHz. Thus, the packaging was arranged to place like functional modules in separate
chassis with a system star configuration where no single physical bus is over 19 inches in
length and it is terminated in its characteristic impedance, with electrically isolated bus
repeaters for inter-chassis connections. Even the simplest system uses a Versabus and a
VME bus chassis back-to-back in the same mechanical assembly to minimize the physical
problems.

From program start to manufacturing assembly and test of production systems took nearly
three years. Along the way there were many design improvements and upgrades of the
functional modules. As the module performance went up, the costs came down, as the new
device technology is denser and uses less power and the chips cost less. With a sound,
modular system architecture, module upgrades have been incorporated independent of
each other. The result is that the preprocessor system will be able to be significantly
improved in the future.



INTEGRATION CONCEPTS

The semiconductor industry for the post decade has proven that greater levels of functional
integration have reduced costs and improved reliability. It was believed that if this
integration were moved up one level into the telemetry front-end system architecture,
similar cost savings and increased system reliability could be realized. PCM ground
stations for years had been composed of lots of box products integrated together. Even the
“preprocessor” when first introduced by Fairchild-Weston was a box product. The initial
integration efforts in this area were pioneered by Decom Systems who integrated frame
synchronizers, subframe synchronizers and the PCM simulator into a single assembly. The
first level of integration proposed in the RMPS was to combine the integrated PCM
decoms and the standalone DAC box, used to drive strip chart recorders and discrete
indicators, with the preprocessor computers. A functional block diagram of the original
proposed RMPS configuration is depicted in Figure 1.

It was necessary to be able to account for the data coming from different sources so it
could be ID tagged and segregated by source as it flowed through the preprocessor. This is
one of the most important integration features of the design and it was implemented by
some new concepts. By ID tagging the data in the frame and subframe synchronizers
instead of in the preprocessor, it is possible to immediately tag the data by both parameter
(PCM word) and data source. Also, by going to a 16-bit ID tag instead of the classical
10-bit or 12-bit tag, four bits can identify one of 16 sources, while the LSB 12 bits account
for one of 4096 parameters (or PCM words) per data source.

Another advantage of integrating the PCM decoms with the computers is that the frame
and subframe synchronizers can be used to provide the first level of data thinning. This is
achieved by implementing the decom so that when on ID tag is not assigned to the PCM
time slot in the frame/subframe synchronizer, those PCM words are not passed to the
preprocessor for further processing.

The next level of integration is to be able to put high speed disk controllers and disk drives
on the processor. This capability provides two options for high speed disk recording. One
is the raw data disk used as a circular wraparound raw data file of the last n-seconds of
data for anomaly analysis (if something in the test breaks), or for intermaneuver analysis
where it is desirable to review the last test mode while the test pilot positions the aircraft to
either repeat the last test mode or go on to the next test mode. The wrap file size is
determined by two variables: the aggregate incoming word rate, and the size of the disks
used for wrap file recording. These same disks can also be used for realtime EU data
recording so as to reduce the bandwidth of the data sent to the host for graphics/hardcopy
utilization. The system was designed to permit the integration of two disk controllers so
that one set of controller/disks can be used for the wrap file function (recording raw data),



while the second set of controller/disks can be used for processed (EU converted and/or
compressed) data recording.

By integrating the DAC box with the preprocessor, it is not necessary to send the EU
converted data to the host computer and then back to the DAC box to generate the EU
analog outputs to drive strip charts. This, of course, dramatically reduces the DMA
bandwidth between the preprocessor and the host. Finally, by placing the digital to analog
and discrete output modules on the preprocessor’s processed data bus (the Versa/VME
buses in RMPS), data can be concurrently sent to the Global Memory buffers for DMA
transfer to the host, while also being output as analog and discrete data for strip chart and
event indicator displays.

DATA MERGING AND ID TAGGING

As previously stated, ID tagging of the data in the source modules permits the source
module to function as the first level of data compression. The use of a 16-bit ID tag can
trade off numbers of parameters per data source for total numbers of parameters. Initially,
it was thought that 4096 parameters from 16 different sources would provide a
conservative design from the standpoint of system growth. Then one customer said he
would have between 32k and 34k measurands on one test aircraft. Because the decoms
from DSI were already designed, it was not possible to increase the 16-bit tag in the data
source module. Thus, the next level of parameter ID control was the Programmable Data
Distributor (PDD), through which all of the data passed for retagging and routing to the
appropriate AP for data processing.

It was decided to provide the PDD with two Data Source bus ports with a FIFO in each
port. This would permit the connection of two data source module chassis so that the total
number of data sources could be expanded from 15 to 30. To overcome the absolute 65k
parameter limit of a 16-bit ID tag, the PDD was used to provide a tag transformation
function. Because the PDD knew from which of the two 15-channel data source buses
each measurand come from, it could expand the source module ID tag word. A 40-bit ID
tag was selected for system growth and low cost data routing. Thus, the PDD could route
any measurand to any of 8 destinations in parallel (the “broadcast” technique advertised by
some competitive preprocessors) and it would expand the ID tag from 16 to 18 bits for
internal processing. One additional reason for ID tag transformation in the PDD is to
permit the system to process flight critical data continuously during intermaneuver or
anomaly analysis periods where the primary data source is the wrap file. In this mode of
operation, you can have concurrent processing of the some parameters one from realtime
flight critical data plus the same parameter from the raw data wrap file. One bit of the ID
tag tells the system whether a particular measurand is fresh data or stale data from the 



wrap file. Thus, it is easy to see why the PDD must have a much greater tag/routing
capability than the 16- bit tog coming from a source module.

The final consideration in ID tagging is to devise a system concept where it is not
necessary to send the ID tag from the preprocessor to the host computer. This use of tags
would essentially double the DMA bandwidth which, in turn, would drive up the size (and
cost) of the host computer to service the preprocessor in realtime. By segregating the data
inside the preprocessor by data source and then building separate synchronous data
buffers/data source for transfer to the host computer, it is not necessary to carry the ID tag
out of the preprocessor. The DMA buffers for synchronous data only require a header that
identifies the data source, the number of frames in that buffer, and the start and stop IRIG
times of the data contained in that buffer.

The only buffers sent to the host that require ID tags are the asynchronous buffers that not
only require ID an tag, but also a time tag to indicate when the event occurred (e.g., limit
exceedance, asynchronous compression algorithm output, Boolean outputs, events). The
asynchronous buffers usually represent only about 10% of the total data so the ability to
send synchronous buffers per source without tags reduces the DMA bandwidth to an
absolute minimum.

DATA DISTRIBUTION

It would have been possible to “broadcast” the data from the Data Source bus (originally a
DSI design) directly to the APs. This, however, would have restricted the RMPS
architecture to only 16 sources and 4096 measurands/source. Now this may initially sound
adequate, but you must consider two important things. First, an ID tag must be available
for each derived parameter as well as for a single measurand that is produced by
concatenation of two PCM words. This is currently the way all ARINC 429, ARINC 629,
STANAG 3910 and MIL-STD-1553B data is processed by PCM data acquisition systems.
Next, many people use all 14 or 28 tracks of a longitudinal head instrumentation recorder
to acquire data from many different sources on a test aircraft. Thus, 15 sources cannot be
considered adequate for all system applications.

All data from a single test aircraft should be merged for concurrent processing. When up to
28 data sources (a 28 track recorder) must be merged and a significant number of tags
must be reserved for concatenated and derived measurands (up to 50% of the data on some
current tests with multiple data buses), you can easily see that even 65k tags could be
totally inadequate for a very large test program.

The solution to the ID tagging limitation problems was to merge the data from all sources
and pass it through the PDD. Since all data passes through the PDD, it can be the choke



point in the preprocessor system. By using the data source tags to determine a memory
location in the PDD Look-Up Memory (LUM), you can transform the source tag to permit
many functions to occur that could not be handled with a simple 16-bit tag. The LUM was
configured as a 65k memory, 40 bits wide with 120 nanosecond access time. The PDD has
its own 68000 processor (it is essentially 1/2 of a dual AP) used for setup and control, and
as the wrap file buffer controller and the Global Memory Management Unit. A functional
block diagram of the PDD is presented in Figure 2.

It was initially determined that it would be necessary to “broadcast” some critical data to
all parallel computers so that time critical processes could start concurrently. It was felt
that the Data Input (DI) bus was not the correct method for achieving this function as some
of the FIFOs on the DI bus ports might be nearly full while others may be empty, and
therefore the broadcast data would not reach all AP computers at the same time. Thus, the
next bus, called the Inter-Processor Bus, was added in parallel with the DI bus between
the PDD and all APs. Bits of the tag transformed by the PDD are used to broadcast a PCM
word to any or all of the different destinations currently implemented: the wrap file buffer,
a specific AP for processing, all APs for correlated processes, and/or the global memory
for data that is already in processed form. This left four additional destinations for future
system growth.

WRAPAROUND DATA FILE

Many flight test data users want to be able to reprocess data in near real time during the
intermaneuver period between the time the test aircraft completes one test mode and the
time it starts the next test mode or prepares to rerun the previous mode. This is one use of
the raw data wraparound disk file. The other use of the wrap file is for anomaly analysis
when something “breaks” on the test aircraft. The wrap file is required because statistically
the test engineers are never looking at the parameter(s) that “break” when there is a
problem on the test aircraft.

The wrap file was another function which necessitated expanding the number of system
buses from the original design of two buses. At very high data ingestion rates it is
necessary to “broadcast” data to both the APs for processing and to the wrap file disk
controller for recording. This fourth bus become the wrap file bus. It permits data to be
recorded or read from the wrap file disk(s) without adding any data bandwidth to the Data
Source bus or the Processed Data bus. The size of the wrap file is set by one controllable
variable and one non-controllable variable. The controllable variable is the total disk
capacity of the wrap file disks. This can be as low as 50 megabytes and as high as 2.4
gigabytes, because the system can have a separate wrap file disk controller and one
Interphase V/SMD 4200 controller can support up to four 689MB (unformatted) Fujitsu
Eagle disk drives.



The preprocessor host computer, the RMPS Control Processor (CP), does not require disk
accesses in realtime. Thus, one disk can be the system disk and the 2nd through 4th disks
can be the wrap file disks. The disk controller is dual ported so the system disk is accessed
by the CP across the Processed Data (Versabus) bus while the wrap file disk(s) are
accessed via the second port on the disk controller which is connected to the Wrap File
bus. The wrap file buffer smooths out any discontinuity in data flow caused by bus or disk
controller contentions.

APPLICATION PROCESSORS

The Application Processors were configured as two separate autonomous computers: (1) a
Motorola 68000 CPU with 0.5 megabytes of dedicated RAM, and (2) an independent
Floating Point Processor (FPP). Making the FPP independent was necessary for helicopter
and jet engine testing where the processing was skewed very heavily towards floating
point algorithms. This is especially important for processes such as min/max value
detection, harmonic analyses, FFTs, etc. A functional block diagram of a Dual Application
Processor is presented in Figure 3.

The Weitek 1032/1033 APU/ALU devices were selected for the FPP, as they were the
fastest devices available. This FPP implementation took more PC landscape, much more
power, and produced higher hardware costs than a bit-slice engine, but it generated about a
5 MFLOP FPP which was the fastest floating point processor that could be designed in the
‘84/85 time frame. This proved to be a good design decision, because just today (4 years
later) devices are becoming available which will afford significant improvements in FPP
performance. By totally decoupled the FPP from the basic 68000 processor, AP throughput
could be speeded up, as the 68000 processor could perform fixed point operations while
the FPP was performing floating point operations.

The APs were the next place where the number of system buses expanded. The original
concept was for the PDD to accept data from the Data Source bus and then, with the use
of FIFOs, time share the same bus to send transformed data/tag pairs from the PDD to the
APs. In the detailed design it proved impractical and too risky to multiplex the Data
Source bus. Thus, a fourth bus, the DI bus, was added to send data plus 18 bit tags
(transformed from 16 bits by the PDD LUM) to the APs.

The next problem to solve in timing was how to easily differentiate between a data/tag
pair, routed to a specific AP for processing, from a measurand such as time or an event
that must go to all APs concurrently to start timed critical processes. Thus was born the IP
bus. Data broadcast on the IP bus by the PDD caused an interrupt on all APs to accept this
measurand, so time or event critical processes could be started concurrently in separate
computers.



The IP bus, however, was never predicted to be heavily loaded, so it become the raw data
recirculation bus for derived parameters being computed in different APs that used the
same measurand as one of the terms of the algorithm. For example, Impact Pressure is
used in IAS, CAS, TAS, Mach, etc., and these derived parameters need to be able to be
processed in different APs so that there is no data staleness as would be experienced if
they were all computed in the some AP. Data sent to a specific AP on the DI bus could be
returned to the PDD for further tag transformation and routing to a different AP. Thus, via
recirculation, the same measurand could be processed in two different APs nearly
concurrently.

Next there was a need to control each of the APs during a test run and to be able to
dynamically change processes or start and stop them from another source. This capability
is provided by the Serial Bus S-Bus) which connects one port of a DUART on each 68000
in the system (on each decom, the PDD and each AP) to the RMPS Control Processor.
The second DUART on each AP was provided for dynamic testing purposes but has been
used by some customers to connect that AP directly to the Host so associated processes in
the Host can be monitored and controlled directly without going through the RMPS CP.

The key design consideration in a multiprocessor system is to keep data from getting
overwritten or lost due to bus arbitrations. This, of course, is minimized by having four
buses on each AP. However, this did not provide enough protection, so all bus interfaces
were configured with FIFO buffers to allow for asynchronous operations. Now, the system
had grown from the original two bus architecture to a system with five buses. A functional
block diagram of the RMPS at this phase of the design is presented in Figure 4.

A SYSTEM HOST

Any time two or more computers are interconnected in a system, one computer must be the
Master that controls all the other processors. The RMPS Host had two principal functions:
to communicate with the ground station host, and accept programs downloaded to it and
store them on the local disk. At system initialization time, it loaded all programmable
modules with the realtime programs stored on the system disk. At that time it reverted to
realtime operations of system housekeeping and diagnostics. It also was used to control the
changes in realtime operations.

The selection of the RMPS CP (Host) presented a real dilemma. This was because off-the-
shelf 68000 based monoboard computers that were the best from the hardware standpoint,
did not have an acceptable operating system and operating systems are not something you
want to design. To permit interactive control from either the host or a terminal connected
to the CP, the OS needed to be multitasking. The best solution today would be the
MicroVAX board product from DEC. Unfortunately, four years ago that product was not



available. The best board computer Was a Motorola CPU board with local memory.
Unfortunately, the Versados operating system at that time was totally unacceptable. A
compromise had to be made and Charles River Data System’s CP-32 with the UNOS
operating system was selected. The CP-32 has two CPUs, a main processor with a cache
memory, and a separate processor for the RS-422 I/O ports (up to 8 are supported). The
negative feature of the CP-32 was that it had no on-board memory so it had to use a part of
the system’s global memory for its own programs. However, its low realtime workload,
plus its local cache, only added about 5% to the Versabus bandwidth so it appeared to be
the best compromise. Selection of the CP-32 turned out to be acceptable, as later CRDS
introduced the CP-20 which is a software compatible dual 68020 based version of the
CP-32. Thus, the RMPS Host functions can be speeded up in applications where that is
necessary by just upgrading (exchanging) the CP board.

GLOBAL MEMORY MANAGEMENT

The key to RMPS being able to generate the minimum DMA bandwidth to the ground
station host in real time, is by dropping all ID tags (except for asynchronous outputs) in the
APs, and establishing synchronous processed data buffers for each data source in the
system’s global memory. This, of course, requires some memory management functions
which were best performed in real time by the 68000 processor on the PDD that is only
used for setup and control.

The key design consideration here is Versabus arbitration. When you have a large number
of computers aspiring to be bus masters you need a high speed round robin arbitration
scheme. This is the most critical throughput limitation point after the PDD. In order to cut
arbitration time essentially in half, a look-ahead arbitration scheme was implemented
where the next master is being set up while the current master is transferring processed
data from the AP to the global memory buffers.

PREPROCESSOR TO HOST DATA TRANSFERS

As stated earlier, separate synchronous data buffers are established in global memory for
each data source. These buffers contain no ID tags, just positional data in the same time
sequence that it was received from the source. Since asynchronous data requires not only
an ID tag but time tags for each measurand, a single asynchronous buffer is established for
all data sources. In addition, there is the Current Value Table (CVT) that is used to drive
displays. CVTs are set up for periodic (one to five times/second) transfer to the Host.
Asynchronous buffers can be transferred either periodically, when they are full, or upon
request from the Host. Synchronous buffers are transferred when they are filled, and ping-
pong buffers are used, so one buffer from one source can be DMA’d to the host while the 



other is being filled by the APs. To make DMA transfers efficient, large ping-pong buffers
(up to 128k bytes) can be set up for each data source.

All data is sent from the APs across the Versabus to the global memory for buffering.
From global memory, data is sent to the analog/discrete outputs and to the Host DMA
channel. It was decided to use a dual ported memory for the global memory and another
bus, the RAM bus, for connection of the DMA channel. The use of dual ported global
memory permitted the APs to fill the buffers from the Versabus while the DMA channels
emptied the buffers via the RAM bus. Thus, only two moves per measurand are required
for processed data on the Versabus. One from the AP to global memory and one from
global memory to the analog and discrete output modules on the buffered VME extension
of the Versabus. Fully expanded RMPS configuration with two data sources buses and the
addition of the RAM bus is presented in Figure 5.

ANALOG/DISCRETE OUTPUTS

Integrating the analog and discrete outputs into the preprocessor brought some problems,
but also many more benefits than keeping them separate as other preprocessor system
architectures had done. The negative consideration is that analog/discrete outputs did
nearly double the Versabus bandwidth when many (256) high frequency analog signals are
used to drive high speed strip chart recorders. However, the integration of this function
permitted precise output timing to be achieved for shake test applications or other closed
loop control functions where precise, even time intervals of the DAC outputs must
precisely match the data source input word rates, so as not to generate harmonic distortion
in the shaker waveforms.

This capability is achieved by placing FIFOs on the DAC cards feeding each D/A
converter. The clock for timing each DAC can thus be extracted from the word clock on
the decom that the control channel data output come from. In this manner, the output word
rate is crystal controlled and synchronized to the input word rate. Integrating the analog
and discrete output functions in the preprocessor also significantly offloads the Host
computer I/O requirements so it can be downsized. In fact, with general purpose
computers in the preprocessor, the only thing that sizes the ground station computer is the
number of concurrent users and the amount of time required for batch processing offline.
Thus, many realtime ground stations have been implemented with a MicroVAX class of
computer with all realtime processing performed in the preprocessor.

LOCAL EU DATA RECORDING

The ability to locate large, fast disks on the preprocessor permits compressed, EU
converted data to be recorded in real time on the preprocessor’s disks. This, in turn,



reduces the Host DMA bandwidth to a very low level in real time for support of graphics
terminal and hard copy devices. Here is where the selection of the Interphase V/SMD
3200 dual ported disk controller proved to be a good choice. Initially, this disk controller
only supported two concurrent disk drives. However, with large disk drives, such as the
Fujitsu Eagle (689MB unformatted capacity), up to 1.2 gigabytes of EU data storage at
rates up to about 1.3 MB/second could be obtained. More recently, the V/SMD 4200 has
become available which supports up to 4 disk drives, and the throughput has been
increased to 2.2 MB/second sustained.

The dual porting of the disk drive permits the disks to be dedicated to the wrap file
function in real time and to store programs downloaded from the host in offline operations.
In addition, UNOS supports two disk controllers so that total EU disk storage capacity and
throughput can be nearly doubled to 4.8 gigabytes from the figures achievable from a
single controller.

NETWORK INTERFACES

The selection of the Versa/VME open bus architecture has recently brought new benefits.
There are now available Ethernet LAN interfaces which permit processed data to be routed
in real time via the LAN to workstations. This further offloads the host computer in real
time, and it is a vehicle for workstations to have access to the CVTs on an as-required
basis.

SYSTEM PACKAGING

System packaging did not have as many evolutionary changes in the RMPS development
cycle as the hardware architecture. The selection of the Versabus chassis for the
computers was driven initially by the frame and subframe synchronizers being existing
products. The card cage was mounted vertically with a smoked glass door on the front so
the status lights on the decoms, the PDD and the APs could be seen at one time through
the front door. All I/O cables were to enter through single or double height VME cards
with the VME cage mounted, backplane to backplane, with the Versacard cage. An
illustration of this dual chassis concept is presented in Figure 6.

The card cages were hinged on one side so that, when the assembly is pulled from the
cabinet on slides, the Versacard cage can be swung aside to provide easy access to both
the VME and Versabus backplanes. Backplane to backplane cables (on the P2) are used
for signal transfer between function modules in the different cages in the rear of the
cabinet. The original packaging concept was to have all user interface cables connect to
the system via the VME cage. Unfortunately, this was not always possible because the
disk controller and DMA channel were only available on VME card configurations which



required Versa to VME adapter cards for use in the Versacard cage. Because these
purchased cards were only double height cards (triple height VME was not then available),
the disk drive connector and the host CPU DMA cable connector were located by the
manufacturer on the front of the cards. Thus, in the end, the clean Versabus architecture
with no cables on the front of the cards, was violated because all needed functional
modules were not available on the Versacard form factor.

Separate cooling plenums with low noise squirrel cage blowers were added on the top of
each card cage so as to blow down against normal convection and optimize the heat
transfer from the cards. Card spacing was reduced from the 1.0 inch O.C. standard to 0.9
inches to increase the module capacity per chassis. Two APs, each with 0.5 megabytes of
RAM and two floating point processors, were packaged as a motherboard/daughterboard
two-card assembly so as to be able to pack the maximum amount of computer power in a
single card slot of the chassis.

Analog and discrete outputs were packaged on VME cards and installed in the VME cage.
An active Versa-to-VME repeater was required to connect the Versabus to the VME bus
so as to have each bus no longer than 19 inches and have it terminated in its characteristic
impedance. The bus repeater slowed down the VME bus, but in realtime operation traffic
on the VME bus was undirectional. With data going from the global memory in the
Versabus chassis to the analog/discrete output cards in the VME chassis, the slowdown of
the bus was transparent to system operation.

The PDD was a two card functional unit that provided a movable barrier to divide the
Versabus cage backplane into source modules (PCM decoms/1553B bus listeners) and the
computer modules. It permitted the same pins on the backplane to be used for the Data
Source bus and the DI bus, with the DS bus stopping at the PDD Controller Card, and the
DI bus starting at the PDD Distributor Card. Internal buses of the PDD were used for data
transfers between the two cards. The relocatability of the PDD assembly permitted a
system to be reconfigured in the field to accept more computers or source modules
depending on the primary objective of the system expansion. For very large systems
requiring over 18 Versabus card slots, two chassis are co-located in adjacent cabinets and
all source modules and the PDD are located in one chassis, while all of the AP computers,
the CP-32 host, disk controller and DMA channel in the second chassis. With this
mechanical configuration, five card slots were used by the host and its peripherals, leaving
13 slots for dual AP assemblies (26 floating point computers). No systems to date have
required more dual AP modules than this, so the next level of system expansion, the
addition of a second computer chassis (a 3 chassis system), has not been necessary.



SYSTEM UPGRADES

There have been several upgrades of modules and capabilities that are retrofittable back
into earlier delivered systems by reconfiguring the backplane (the wirewrap portions of the
backplane). The first upgrade was the conversion of the decom channels from a two-board
frame/subframe synchronizer operating at 10M bps to a single board frame/subframe
synchronizer operating at 20M bps. This upgrade was accomplished over a year ago. The
next upgrade was a speed increase in the PDD (the system’s potential choke point) to a
stable 4M wps throughput (i.e., 2 million data words plus 2 million ID tags per second
accepted from the Source Bus(es) with the PDD performing tag transformation and routing
to the dual APs). This was accomplished concurrently with the decom upgrade to permit
higher aggregate input rates.

Several dual AP upgrades have been implemented. The first was just an increase of the
clock speed from 12.5 MHz to 16 MHz. The next was an increase in memory speed
followed by the changeout of the I6MHz 68000 for a 20 MHz 68020. This last change,
completed this year, doubled the AP computer’s speed. Another system upgrade was to
increase the Versabus arbitration speed so that more dual APs can be accommodated
without slowing the system down.

The most recent upgrade has been the development of a 20M bps tunecible bit
synchronizer on two triple-height, double-depth VME cards. The use of triple-height,
double-depth VME cards for the bit synchronizers means the entire system can now be
converted to VME as this size card is within a few millimeters of the size of the Versabus
card. Thus, all Versabus cards can be converted to VME by just making a new PC layout
to match the VME pinouts. This eliminates the need for box product bit synchronizers and
reduces the cabinet count from three to two cabinets for large preprocessor systems. It also
simplifies cabling and improves reliability. At the some time that the bit synchronizer
integration was implemented, the speed of the global memory was more than doubled to
permit elimination of the need for the RAM bus. This, of course, reduces system costs, as
the RAM bus adapter is deleted and the backplane wiring costs are reduced.

These upgrades hove permitted sustained computational throughputs to over 750k wps
with a very broad mix of processing algorithms. This has been achieved without using
more than 10 Dual APs (20 computers). The next upgrade of the APs will be the use of 30
MHz 68030s which should quadruple the processing speed per AP. Thus, it appears the
1.5M wps fully expanded sustained computational capability of the system will never need
more than the two chassis of a present large system and less than the 26 computers on 13
assemblies which can be installed in a single computer chassis.



CONCLUSIONS

There have been many architectural changes between the initial two-bus parallel processor
design proposed and the large systems currently being delivered with two chassis and six
buses. The data flow through the system has been improved by the addition of more
parallel buses, which was made physically possible by the initial selection of the Versabus
chassis with its much larger P1 /P2 pin capacity. The selection of the general purpose
floating point computer over the faster microcoded bit-slice machines has proven to be the
best choice in terms of customer acceptance. Many users have been able to easily add their
own algorithms (Aerospatiale added over 100 algorithms themselves) without the need for
microcoding. The upwardly compatible Motorola 68000 CPU line has permitted several
improvements in computer power throughput without any obsolescence in costly software.
There is still more hardware throughput capability coming from Motorola, so it appears we
may never have to add an unfriendly bit-slice polynomial conversion engine. However,
should the market (or the competition) make that necessary, the architecture in hardware
and software already exists for the coexistence of bit-slice EU engines and general purpose
floating point computers. The ability to incorporate third party board level array processors
means that significant expansion in FFT and similar types of calculations can be
accommodated as the need arises. Thus, the RMPS becomes a living product that is
continually upgraded to produce greater performance and/or lower cost per MIP. Its open
system architecture makes it easy to expand and more friendly to the customer.



FIGURE 1.  ORIGINAL PROPOSED TWO BUS RMPS CONFIGURATION



FIGURE 2.  PROGRAMMABLE DATA DISTRIBUTOR POD



FIGURE 3.  DUAL APPLICATION PROCESSOR



 FIGURE 4.  RMPS ARCHITECTURE EXPANDED TO FIVE PARALLEL BUSES



FIGURE 5.  FULLY EXPANDED RMPS CONFIGURATION WITH SEVEN
PARALLEL BUSES



FIGURE 6.  DUAL CHASSIS PACKAGING CONFIGURATION
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ABSTRACT

For years, standard telemetry decommutators have proven the practical effectiveness and
other advantages of using a data-driven (or data flow) broadcast bus for collecting,
merging, and distributing continuous flow, real-time data. Bus length constraints have
limited the use of the wideband broadcast bus to within a single chassis or closely mounted
multiple chassis. Standard fiber-optic interfaces now make it possible to extend a real-
time, greater than 5 million word/sec tag and data broadcast bus over kilometers at costs
comparable to computer local area networks (LANs). Other advantages of this type of
LAN include: no software protocol or handshaking, great flexibility in widely distributed
processing and data base management, data security, and readily available off-the-shelf
products. This paper discusses design considerations for conceptual networks, shows a
sample design based on standard products, and suggests opportunities for product
development for various types of network nodes. Also discussed are the implications to
distributed processing and merging of real-time continuous data streams into the more
blocked environment of general purpose computer processing and data base management.

BACKGROUND

When real-time telemetry systems began to get serious in the 1940s and 50s, engineers
used simple analog systems as depicted in Figure 1 to acquire, store, display, and analyze
test data. The analog strip chart was and is well suited to the continuous nature of the
observed measurements. The arrival of the “digital age” required sampling theory and
analog to digital converters. After going through some hybrid encoding schemes such as
pulse-duration modulation (PDM) and pulse amplitude modulation (PAM), the telemetry
world settled on the all digital pulse-code modulation (PCM) formats as the popular
choice. The Inter-Range Instrumentation Group (IRIG) carefully described each of these
techniques in a set of internationally used technical standards, as they had done previously
for FM analog formats.



It is worth noting that all of the past telemetry formats follow the style of continuous flow
data with minimum overhead synchronization requirements and need little or no data
storage buffers. Timing correlations for multiple data sources were done with time codes
on strip charts and time words in the data streams.

The digital age also brought digital communication systems and Van Neuman machine
digital computers. Unfortunately each of these systems maintains its own internal clock
and timing system. Also, the Van Neuman architecture has an inherent bottleneck for
program and data information within the central processing unit (CPU). While digital
computers offer virtually limitless flexibility, they pay the price in reduced speed,
increased price and complexity of software, and limitations of data input and output (I/O).
Even with increasing processor speeds and decreasing computer price/performance ratios,
the increasing data rate requirements of PCM streams dictated the use of more hard-wired
and less flexible decommutator circuit designs. As depicted in Figure 2, second and third
generation telemetry ground stations used either separate or integrated special purpose
circuits for each of the telemetry functions. Notice that a digital computer is used for setup
and control as well as processing of compressed data, report generation, and data base
management.

The fourth generation telemetry ground station uses a more integrated design at the front
end to simultaneously acquire, preprocess, and merge multiple types of data from multiple
sources. With the additional functions of digital data storage, increased preprocessing from
better parallel microprocessors, and custom host computer interfaces, telemetry front ends
require wide bus and multibus architectures. The ADS 100, as depicted in Figure 3, is an
example of a wide multibus structure with an internal data driven (or data flow) bus
architecture that allows true parallel processing uniquely suited for continuous real-time
data.

Fifth generation telemetry and data acquisition front ends are now emerging and continue
to utilize multibus data flow architectures to handle more faster and more flexibly than
ever before. The power of the microprocessor and relatively inexpensive workstations is
changing the role of the host computer and encouraging more widely distributed real-time
processing for display and analysis.

For a more detailed discussion of telemetry front end evolution, see Berg and Friedman(1).

DATA FLOW ARCHITECTURE

The success of the fourth generation data flow architecture is attested to by over 500
systems and over 1000 chassis in use in the field. The key to the achievement of true
parallel processing and efficient real-time bus utilization is putting decommutated or



acquired data words onto the data flow bus in parallel with a unique tag that identifies the
data word. Other processing, storage, or output modules sitting on the same bus that have
been programmed to recognize this tag will “grab” this data word and start performing
their programmed functions. Thus, each data word carries its own program via the setup
tag information. Because this is a true “broadcast” bus, all transfers of the same data word
occur simultaneously and processing is accomplished in parallel. A round robin priority
arbitration scheme assures worst-case latency for access to the bus by data sourcing
modules. By following the architecture rules, engineers can independently develop a
library of modules to handle input, output, storage, and processing. Multiple types of
modules and multiple modules are assembled from off-the-shelf standard products to
“customize” any system.

Independent module development also nicely allows continued development of new
functional modules and new technology insertion for updating of “old” module designs.
Again, as an example, the ADS 100 design as shown in Figure 4 has maintained a 4M
word, 32-bit parallel MUXbus broadcast bus for 16 bits of tag and 16 bits of data since
introduction in 1982. During that time 57 standard and custom modules have been
developed.

THE PROBLEM

Just as terminals, PCs, and data sharing local area networks (LANs) have proliferated to
virtually every engineer’s desk, emerging technology and data users’ new expectations are
increasing the pressure for more widespread distribution of wide bandwidth real-time data.
The trend to decentralized distributed processing is similar to disbanding the word
processing secretarial pools and putting a PC word processor on every secretary’s desk. In
another application it is desired to move massive amounts of data from an engine test cell
to a centralized data processing and distribution center located some distance away. In
other applications, dedicated data servers pass selected data to users over standard
computer LANs.

Four approaches to distributing real-time continuous flow data are: standard computer
interfaces and LANs, standard communication systems, PCM formats, and a data flow
broadcast bus LAN. Computer interface and LAN standards have the advantages of
interconnecting a lot of different types of and different manufacturers’ equipment.
Computer standards have the disadvantages of sending “blocked” data, which requires
special buffers and drivers for real-time applications. The handshaking and protocols can
eat up significant amounts of overhead, can require expensive hardware and software, and
are generally limited to less than 10 Mbit data rates. For example, a fast 10 Mbit Ethernet
may only pass 3 Mbits in real data rates. Much of the current literature is filled with 



descriptions of computer LANs for E-mail communications and data-base sharing (2,3,4).
Other recent literature discusses factory automation applications (MAP) (5).

Standard communication sytems again offer the advantages of having interconnect and
multiplexing standards, high bandwidth, and relatively low cost. However, these systems
operate at fixed rates, are extremely inflexible, and require fill data or lose real-time data if
the data rates are not precisely matched. The matching interfaces can quickly dissipate any
cost advantage.

PCM formats were designed for real-time continuous data and work well for source data
streams, but each node or port would require a repeat of expensive hardware which must
also buffer and, in some cases, adjust the data rate automatically for varying rates of
merged data. PCM formats, similar to digital communication standards, work best with a
nonvariable data rate.

A data flow broadcast bus, where the speed can be high, the transfers are parallel, and bus
activity occurs only when data is present, would be ideal. However there is no industry
standard and the parallel configuration of the bus restricts the transmission distance to
closely mounted chassis.

FIBER-OPTIC SOLUTIONS

As the technology has matured for fiber-optic transmission, line speeds have increased to
1.2 gigabits/sec over distances up to 52.5 km (6). Also, the costs of the fibers and the
interconnects is competitive with wire and coaxial cable. In either case, fiber or coaxial,
the major costs are usually associated with cable installation. Several manufacturers are
now making fiber-optic network node ICs and workstation companies like Sun
Microsystems Inc. Apollo Computer Inc., and Apple Computer Inc. are planning fiber-
optic networks (2). The Fiber Distributed Data Interface (FDDI) token protocol approach
at 100 Mbit/sec appears to be emerging as the standard of choice, but other approaches are
conversions of wire and cable standards such as Ethernet (7). Other approaches have been
described that rely on communications standards and the model for open system
interconnection (OSI) of the International Organization for Standardization (IOS) (8,9,10).

All of the broad-based general approaches are focused on the computer and
communication interface standards and generally suffer the same disadvantages described
above: complexities in hardware/software overhead handshaking protocols, bridges,
gateways, and not being well matched in concept to the continuous data flow requirements
of real-time telemetry systems.



The world may not yet need another fiber-optic LAN standard, but fiber optics now makes
it possible to extend the data flow broadcast bus over kilometers without introducing more
protocols, complexity, or expense. The Toplink system from Integrated Photonics Inc., of
Carlsbad, Calif. passed data over a single multimode fiber at data rates in excess of 400
Mbits/sec at distances up to a kilometer (11). The manufacturer provides proprietary
single-chip ECL functional converters to do the parallel-to-serial and serial-to-parallel
conversions at the transmitter and receiver. The system is data driven and a single uni-
directional fiber could handle a 32-bit data flow bus at 12.5M words/sec or a 48-bit bus at
8.3M words/sec. The only system requirements are ECL-compatible parallel data and
strobe.

A less expensive alternative approach to Toplink could be built from AMD TAXIchip(tm)
devices but would require multiple fibers. A data flow LAN interface standard could
simply be based on the strobed parallel word which contains tag and data. For example,
the standard could describe the first 16-bit positions as tag and the remainder of the bits as
data, and specify TTL logic levels and the minimum time between data strobes.

DESIGN CONSIDERATIONS

If we examine the ADS 100 example, fiber-optics technology can remove the present bus
length constraints and a full-speed, real-time data bus can be extended to another MUXbus
chassis located anywhere within an industrial campus. Each chassis would require the
respective transmitter and receiver fiber-optics interfaces, but no other handshaking
protocol or software interfaces are required and the same tag and data information appears
in each chassis. Based on the ADS module design rules, each chassis easily becomes a
node that can: repeat, filter, source, process, distribute, store or interface to other
computers. Thus, the node capability can support virtually any network topology desired
for distribution and reliability. Maxemchuk (12) discusses various topology strategies for
linear unidirectional networks. Combinations of lines, loops, spirals, stars, and
bidirectional switches are conceptually simple to implement.

While not particularly serious, there is one characteristic of data flow systems that is
functionally similar to the overhead handshaking protocols of other networks: that is the
passing of the tag identification information. This need only be done once prior to a typical
real-time test run and once set up, need not disturb the data flow. In some cases, dynamic
changes are desired but these are still insignificant compared to the data flow.

The using node must recognize the tags of desired data and can ignore everything else.
This is typically done with a programmable tag decoder RAM. If a node is to generate or
source data with new tag numbers, successive nodes must have that information to use the 



data. Again, for a real-time data flow network, this is done during setup and does not
represent a problem.

Tag ID information can be passed around by various means: manually via handcarry,
telephone, paper mail, floppy disk, etc., or automatically via slow computer
communications (computer and communication LANs), or even with a synthetic data block
within the data flow bus LAN. Similar to tag information, node status can also be passed
around.

SECURITY CONSIDERATIONS

First, there are obvious EMI and ground loop advantages of fiber over metal cables.
Second, without tag information a user cannot uniquely identify the data. Tags can be
controlled and can be changed as often necessary. Third, the tag identification system can
accommodate randomizing techniques within sensitive data words. Other password layers
could be implemented at the node setup level.

DISTRIBUTED PROCESSING

Potentially, the most important value of this LAN approach is to provide convenient
distributed interfaces between the real- time “continuous flow” environment and the
“blocked” nature of the Von Neuman computer environment. There are various different
ways that an analyst would like to collect data with his general purpose computer, such as:

Framing or Snapshot - all samples taken within 2 major or minor frames.

Current Value Table (CVT) - the latest or most current value of each possible data
word or sample.

Array - continuous time sequential blocks of a single parameter for array and vector
processing.

Multiple arrays - cross correlation processing.

Alarms - data close to and out of limits.

Alarm Times - times at which the data crosses limit boundaries.

Preprocessed Data - fully calibrated, compressed, engineering-unit converted (EUC),
and formatted ready for use by the host computer.

Statistics - histograms, means, variances.



Because of real-time speed and buffering considerations, the nodes should be able to do
these various types of data collection better than a general purpose computer, but under the
command of the computer. This type of real-time data flow system with flow bus nodes
and a broadcast LAN for distributed processing with general purpose computers supports
(better than ever before) real-time data base management and real-time comparisons of
historical and simulated data with ongoing results. This architecture also supports
extensions into artificial intelligence (AI) management of test and evaluation. The ultimate
benefits should offer safer operation and quicker turnaround of test information aimed at
critical decisions.

REDUCTION TO PRACTICE

Probably the first product to use the fiber-optic extension of the broadcast MUXbus will
be the System 500, shown in Figure 5, for the MUXnet connection between multiple
acquisition 510 chassis and processor 550 chassis. In this case, tag information is passed
around from the 520 workstations via Ethernet control to the various chassis.

CONCLUSIONS

This paper described a conceptual approach to extending the successful, proven, data flow
broadcast bus technique beyond closely located chassis to a local campus area. For
purposes of handling high-speed continuous data from a single sensor or high data rates
from multiple sensors, this approach offers advantages over typical computer and
communication standard LAN protocols. No timing overheads are required.

Also, the simplicity of the approach to a true parallel broadcast data distribution offers
strong potential of establishing an industry standard for the interface at the parallel tag and
data inputs and outputs of the fiber-optic LAN.
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Figure 1.  First generation telemetry ground station.

Figure 2.  Second and third generation telemetry ground station.



Figure 3.  Fourth generation telemetry ground station.

Figure 4.  Typical ADS architecture.



Figure 5.  Fifth generation System 500.



TELEMETRY DATA PROCESSING:
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The growing complexity of missle, aircraft, and space vehicle systems, along with the
advent of fly-by-wire and ultra-high performance unstable airframe technology has created
an exploding demand for real time processing power. Recent VLSI developements have
allowed addressing these needs in the design of a multi-processor subsystem supplying
10 MIPS and 5 MFLOPS per processor.

To provide up to 70 MIPS a Digital Signal Processing subsystem may be configured with
up to 7 Processors. Multiple subsystems may be employed in a data processing system to
give the user virtually unlimited processing power. Within the DSP module,
communication between cards is over a high speed, arbitrated Private Data bus. This
prevents the saturation of the system bus with intermediate results, and allows a multiple
processor configuration to make full use of each processor.

Design goals for a single processor included executing number system conversions, data
compression algorithms and 1st order polynomials in under 2 microseconds, and 5th order
polynomials in under 4 microseconds. The processor design meets or exceeds all of these
goals. Recently upgraded VLSI is available, and makes possible a performance
enhancement to 11 MIPS and 9 MFLOPS per processor with reduced power consumption.
Design tradeoffs and example applications are presented.
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Terminology

Chaining - handing parameters from one operation to the next
AND Chaining - handing the result of the operation
OR Chaining - handing the unaltered input sample
Operation - a discrete function - the smallest atomic function
Algorithm - a sequence of one or more operations

Introduction

It is the purpose of this paper to use the design of a microcoded computer module as a
case study to develop and illustrate the tradeoffs involved in such a design. A few
examples will illustrate the use and performance of the module.

Background

Two trends in telemetry data processing have driven the industry toward modular high
performance front end designs; an increasing diversity in formats and requirements, and an
increasing demand for real time data processing. Aydin Monitor System’s Series 2000
Distributed Processing System (S2K) is a high performance data flow system featuring
modularity at the card level to satisfy a wide variety of system requirements. (See Figure 1
for a typical one chassis configuration.)

In first generation S2K systems, three computational modules have addressed various
aspects of telemetry data processing needs: The CMP001; a bit slice processor with data
compression algorithms, the DMP001; a Z-80 based derived measurement processor for
execution of user written code, and the FPP001; a multi-card module for floating point
operations. The recent introduction of single chip 32 bit ALU’s and floating point
processors has made a new generation of computing power available to system designers.
A corresponding increase in the telemetry front end’s computational load made new
computer module designs necessary. To upgrade the product line, the user programability
of the DMP001 has been included in the DSP002 providing the power of a 20 MHz 68020
and a 68881 floating point coprocessor with 512 Kbytes of zero wait state static RAM on
a single card. (See Figure 2.) The features of the CMP and FPP modules are included in
the design of the DSP001, a multi-card bit-slice subsystem for conversions between
number systems, data compression, engineering units conversion, and other processing.

Genesis

The DSP001 was originally modeled after the FPP. The FPP was a three card set with
each card performing specialized functions. The DSP001 was seen as having an input card



with a number system conversion processor (IP), a data compression processor (CP), and
an Engineering units conversion processor (EU) for polynomials. The specification for the
card set was:

*  3 or fewer cards
*  less than 2.5 microseconds for:

number system conversions
simple data compression
and first order polynomial

*  fifth order polynomial in under 5 microseconds

The EU processor was envisioned as having 3 floating point chips working together to do
polynomials extremely fast. But as VLSI floating point units were examined, the
specification could be met with only one floating point chip. Meanwhile, initial estimates
of the complexity of the Input Processor card put it at almost two cards worth of circuitry.
The data compression card was estimated to just about fill one card, but would have
enough room to include one floating point chip.

To satisfy the large diversity in system requirements, a modular approach was needed
within the DSP subsystem. This realization was a breakthrough in the design process. It
narrowed the design to two basic card types: A general purpose processor, the DSP001-P
and the input/routing control card, the DSP001-C. As more processing power is needed,
more processors may be added to a subsystem. If required, Double Precision, FFT, Power
Spectral Density, or other special purpose processors can also be added to the subsystem
later. See Figure 3.

Hardware Tradeoffs

After this, the subsystem architecture rapidly stabilized, with 7 processors filling out an
eight slot solution to a maximum subsystem. Typical data flow is from the HgBus into the
DSP-C card where the ID tag indexes into the word selector RAM, and selects/routes the
data over the PDbus to the processor and algorithm.

The DSP-P has the following features:

*  Parameter input from the PDbus
*  Parameter ouput to the PDbus
*  512 Word input FIFO
*  16 bit Address ALU for relative addressing of algorithm parameters
*  2k by 104 bit microcode RAM



* 64k x 32 bit words of fast static RAM for operational store and Look Up Table
functions

*  32 bit integer, and floating point ALU’s
*  64 32bit four port registers
*  Result output directly to the Mercury Bus (HgBus)
*  Cycle Steal (setup/verify access to opstore RAM while operating)
*  Diagnostic Serial Port
*  Variable cycle length in 25 ns steps (most cycles 100 ns)

The complexity of the designs required larger circuit card formats. Since comparability
required that card height remain 203 mm, the card was lengthened from 300 to 400 mm.
Even so, every detail of the design was scrutinized to try to maximize performance and
features per square inch. For instance, the subsystem private data bus (PDbus) was
multiplexed to save board real estate. But first, the subsystem data flow was analyzed for
typical modes of use to see that the change would not create a bottleneck and harm
performance.

The integer multiplier chip was not included as it would have helped only one or two
algorithms, and even then it would save only about 300 nanoseconds over converting to
floating point, multiplying and converting back to integer. This ‘fast integer multiply’ is
accurate enough for most computations, and the full precision version is 3.5 microseconds.

A single chip microcomputer is used on each processor board to copy the microcode from
a slow EPROM into the high speed microcode RAM. It also provides a serial port to
access diagnostic functions such as patching the microcode, down & upload, and single-
step. Even this feature needed to be justified by the proof that a PAL based state machine
could not do the bootstrap function in less area.

While some derived measurement processing support is included, room to put
trancendental parameters in PROM was not justified. (The focus of the design is data
compression, and Engineering Units Conversion.) The user may implement transcendental
solutions using the polynomial or LUT algorithms. 

The input/controller card (DSP-C) was reduced from a bit-slice design to a straight through
logic design. It has the following features:

*  word selection / rejection
*  word routing to specific processor and algorithm
*  hardware support for diagnotics efforts
*  PDbus arbitration circuitry
*  Data Compression Baseline Force function support
*  input FIFO buffering



The PDbus transfers Address/Data pairs at the rate of 5 million per second. Every PDbus
transfer is arbitrated, that is; each processor has fair access to the PDbus. A round robin
prioritized slotted bus scheme is used to guarantee timely access to the bus, or a fixed
priority slotted bus arrangement may be selected.

Software Concepts

The S2K system is a tagged data architecture. Each decommutated measurement receives
a unique ID TAG. This 16 bit number identifies the measurement for all of the modules on
the Mercury Bus (Hgbus) . When the measurement with it’s ID are received, the ID
indexes the word selector RAM to determine if the measurement is of interest to the
module.

The DSP-C’s word selector RAM also contains the processor address, and the address of
the 1st operation to perform on the data. This MAP address is used by the processor to
apply the correct algorithm (sequence of operations) to the data. The Result of each
operation may be chained, (passed on to additional operations) , and output to a processor
on the PDBus with a new processor/MAP address, or output to the HgBus with a new ID
TAG. See Figures 4 and 5. Passing the result is known as AND CHAINING and is the
primary tool for constructing algorithms. When a value must be given to two or more
chains of operations, OR CHAINING is required. In the DSP001-P, OR CHAINING is
accomplished using the DISTRIBUTE operation.

The operations supported in the standard microcode EPROM are divided into four
categories; system unit conversion, data compression, Math and Engineering Unit
Conversion, and Bit Handling/ Misc. They are Listed below:

System Unit Conversion Data Compression

00-From Binary 20-Pass in limits [IL]
01-From Offset 21-Pass out of limits [OL]
02-From 2’s Complement 22-Pass bit(s) Match [M]
03-From 1’s Complement 23-Pass bit(s) Not Match [NM]
04-From Sign Magnitude 24-Pass in Floating Limits [IFL]
05-From IEEE Floating Point 25-Pass out of Floating Limits [OFL]
06-To Binary 26-Pass OFL with sign change [OFLS]
07-To Offset
08-To 2’s Complement
09-To 1’s Complement
OA-To Sign Magnitude
OB-To IEEE Floating Point



OC-Word Size Limit
OD-1750A/SEL Floating Point

MATH / E.U.C. Bit Handling / Misc.

40-Integer ADDition 60-Store
41-Integer SUBtraction 61-Distribute
42-Integer MULtiplication 62-Left/Right Shift N
43-Integer DIVision 63-Bit Compression
45-IEEE FP ADDition 64-Boolean
46-IEEE FP SUBtraction 65-Event Data Packing
47-IEEE FP MULtiplication 66-Field Data Packing
48-IEEE FP DIVision 67-Average over N any N
49-IEEE Polynomial Conversion 68-Average over N 2^i=N
4A-IEEE Table Lookup/Interpolate 69-Min/Max,Peak to Peak
4B-IEEE FP Algebraic Calculator
4C-Fast Integer Multiply (I>FP>I)

Application Examples

A parameter is received in 8 bit sign magnitude format, it is non-linear with an exponential
characteristic. The value must be EU converted, and sent to a SEL interface in SEL FP
Format, and also output to 10 bit D/A converters.

OPERATION Time Words

04 sign magnitude to IEEE +1.5 2
49 polynomial (5th order) +3.7 7
61 distribute to [A],[B] +1.7 3

[A]
05 From IEEE FP to SEL FP +2.8 2
(done)

[B]
OA To Sign Magnitude from IEEE +1.5 2
OC Wordsize Limit (to 10 bits) +2.0 2
(done)

Total Time = 13.2 microseconds
Total Words = 18



1 processor - Max Rate = 75.7K samples/sec
1 processor - Max Number of these type Algorithms = 3640

If this is not fast enough, two processors can execute the same algorithm with each
receiving half the measurements the aggregate data rate is then 151K samples /second. Or
the problem may be pipelined between processors:

OPERATION Time Words

04 sign magnitude to IEEE +1.5 2
49 polynomial (5th order) +3.9 7

(chain to (A], PDoutput to [B]
[A]
05 From IEEE FP to SEL FP +2.8 2
(done)

[B] on 2nd processor
OA To Sign Magnitude from IEEE +1.5 2
OC Wordsize Limit (to 10 bits) +2.0 2
(done)

Total Time on lst processor 8.2 uSeconds
Total Time on second processor 3.2 uSeconds
Total Words on first       11
Total Words on second    4
2 processor - Max Rate = 122K words/Second
2 processor - Max Number of these type Algorithms = 5957

The second processor still has processing time and memory for other processing.

Conclusion

The DSP001 Digital Signal Processing subsystem makes use of the newest principles of
high speed bus design and advances in computer integration to bring an order of magnitude
improvement in data throughput. It is a multiprocessor subsystem with from one to seven
processor cards, and one input control card. Increasing the number of processors
transparently provides a linear increase of computing power. The design goals were met or
exceeded in all cases. See Figure 6 for a performance summary.
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ABSTRACT

The evolution of telemetry ground station systems over the past twenty years has tracked
the evolution of the mini-computer industry during that same time period. As the various
mini-computer vendors introduced systems offering ever increasing compute power, and
ever increasing capabilities to support multiple simultaneous users, the high end of the
telemetry ground station systems offered by the industry evolved from single stream, single
user, raw data systems to multi-user, multiple stream systems supporting real-time data
processing and display functions from a single CPU or, in some cases, a closely coupled
set of CPUs. In more recent years we have seen the maturation of networking and
clustering concepts within the digital computer industry to a point where such systems
coupled with current workstation technology, now permit the development of large
telemetry ground station systems which accommodate large numbers of simultaneous
users, each with his or her own dedicated computing resources. This paper discusses, at a
hardware block diagram and software functional level, the architecture of such a
distributed system.

Key Words: Telemetry system, Distributed architecture, Networking, Workstations

INTRODUCTION

In December of 1986 the Data Systems Division of Fairchild Weston Systems Inc. was
awarded a contract by a major domestic aerospace corporation to design and build a large
telemetry ground processing station. Although the system being purchased was intended to
support a specific application, the specification to which the system was to be designed
had been written to far exceed the requirements of the particular target application. This
“overspecification” of system requirements was intentional. It was intended by the
customer that the system design resulting from the contract would have the potential to be
applied to future, as yet undefined, requirements without any need for redesign.



In order to most cost effectively meet the stated and unstated design goals, it was decided
to implement the ground station system as a distributed network of processing nodes, each
responsible for a specific subset of the overall system processing requirements. This
approach offered two major advantages. First, it forced a high degree of modularity into
the design, permitting the development of the major system software components to occur
in parallel and to subsequently be integrated with minimal integration problems. Second, it
resulted in the design of a suite of software that can be implemented on a wide range of
hardware configurations, thus permitting the customer to tailor the cost of any future
implementations of the system by tailoring the amount of hardware (number of processors)
on which the software is hosted. This tailoring process may be accomplished without
changing the functionality or user interface provided by the system software.

This paper describes, at a high level, the system design that resulted from the above
referenced contract. The design and implementation of the subject system have now been
completed, and the design concepts incorporated in the system architecture have all been
validated.

BASIC SYSTEM REQUIREMENTS

As with any system, the design eventually implemented was driven by the requirements to
be satisfied. The highest level functional requirements addressed by the subject telemetry
ground station system can be subdivided into two categories; those requirements defined
by interfaces external to the system, and those defined by interfaces internal to the system.
There are two primary external interfaces; 1) the telemetry data to be processed, and 2) the
displays and formatted reports to produced for the system users. The single primary
internal interface is that between the various computers which comprise the system.

The high level functional requirements derived from the external interfaces are three in
number: 1) data acquisition and storage, 2) data manipulation, and 3) data display. The
basic data acquisition and storage requirement was to accept telemetry data from multiple
radio links or instrumentation tape recorders, make that data available for use by several
processing modules within the system, and simultaneously archive that data to disk for
later recall and analysis. The basic data manipulation requirement was to perform one or
more of a variety of manipulations upon the acquired data to transform that data into a
form more easily understood by the system users, or into a form which more naturally
supports the calculations to be performed upon the data. The basic data display
requirement was to provide a convenient means for the system users to view the acquired
data on a color graphic display or on paper, in a format which enables them to efficiently
analyze and act on the data. The number of simultaneous users required by the written
specifications to be supported by the system was twenty one, although there was a strong
desire to be able to allow that number to range anywhere from one to approximately fifty.



The high level functional requirement derived from the single primary internal interface
was to move the various types of information used or manipulated by the system between
it’s various computers in an efficient manner.

The above stated high level system requirements, and the detailed requirements that
emanated from them, were addressed with a distributed computing architecture using off-
the-shelf minicomputers, workstations, and networking components to provide a hardware
environment in which a suite of modularized software based components could be
implemented to address the specific system requirements.

OVERVIEW OF SYSTEM HARDWARE ARCHITECTURE

The system hardware architecture is most clearly represented in a top level block diagram
as three primary functional blocks organized in a processing pipeline. Each of the three
functional blocks actually incorporates parallel processing capabilities, but the overall data
flow inherent in the system design is of a pipelined nature. Figure 1 summarizes the system
hardware architecture.

The first functional block in the system hardware block diagram is generically referred to
as the Telemetry Front End, and includes bit synchronizers, decommutators, and
preprocessors. The subject system incorporates six each bit synchronizers and
decommutators, multiplexed into two preprocessors. This first functional block is
responsible for data synchronization, decommutation, and all high speed processing which
must be applied in real time to each sample of the acquired data. Alarm and limit checking,
time tagging, engineering unit conversion, and data compression algorithms are performed
within this segment of the system.

The second functional block in the system hardware block diagram is referred to as the
Host Computing Complex. It includes a VAXcluster consisting of two VAX 8600
processors, two HSC50 intelligent I/O processors, a set of cluster common disk and tape
drives, and several black and white and color printers. This functional block is responsible
for the acquisition of the decommutated data into the digital computer environment,
calculation of complex or involved data manipulations, control of all data flow to disks,
tapes, and printers, and distribution of data across the network.

The third functional block in the hardware block diagram consists of the network of color
graphic workstations. The system includes twenty one workstations, each dedicated to a
single user. The workstation functional block is responsible for all data processing related
to the display of data, to the capture of screen images, and to the translation of those
images into formats compatible with the device on which they are to be printed.



The first two functional blocks are interconnected via a set of 16 bit wide parallel
interfaces and RS-232 lines. The RS-232 lines and some of the parallel interfaces are used
to program the various pieces of equipment in the Telemetry Front End from one or both
host computers. The remaining parallel interfaces are used to provide high speed data
paths to transfer acquired data from the Telemetry Front End to the host computers.

The second and third functional blocks are connected via an Ethernet based network
running two simultaneous and independent data protocols. The first protocol, DECNET,
provides a wide range of file transfer, remote file access, task to task communication, and
virtual terminal capabilities. The second protocol, a special protocol implemented to
support system data distribution, provides much less inherent capability than DECNET but
operates at much higher effective data transfer rates. Both data transfer protocols run
simultaneously on the same Ethernet cable.

OVERVIEW OF SYSTEM SOFTWARE ARCHITECTURE

The system software architecture mimics, at the top level, the system hardware
architecture and may be represented as three pipelined functional blocks of processing.

The software functions associated with the first functional block, the Telemetry Front End,
include time tagging the input data, performing alarm and limit checking, performing
engineering unit conversion calculations, and performing data compression calculations.
These functions are implemented in the preprocessors as sets of independent sequential
algorithms that are applied to the data samples as they move through the preprocessors.
Each of the two preprocessors is fully capable of supporting all six input data streams.
Two preprocessors are included in the system to support operations in either of two
modes. The first mode utilizes the two preprocessors to simultaneously process the input
data streams through two independent hardware paths to provide an element of failsafe
redundancy. The second mode utilizes the two preprocessors to support the simultaneous
processing of independent data streams, which amounts to utilizing the one large system as
two smaller and independent systems.

The software functions associated with the second functional block, the Host Computing
Complex, include the acquisition of data into the host computers, recording of archive data
to disk and subsequent retrieval from disk, executing user defined subroutines to
manipulate acquired data into derived data, and distributing both real time display data and
data recalled from archive disks to the network of workstations.

The software functions associated with the third functional block, the network of
workstations, include the creation and maintenance of display formats, the displaying of
data using those formats, the capture of screen images, the translation of those images into



formats required by various hardcopy devices, and the general support of the mouse driven
pop-up menu style user interface.

The software environment in both the second and third functional blocks is the multi-
tasking environment provided by the VMS operating system. Within each functional block,
the major software functions are implemented as independent processes that communicate
with each other via standardized interfaces. To the extent that certain classes of processing
are performed in the host computers, and other classes of processing are performed in the
workstations, a significant amount of parallelism is achieved regardless of the operational
mode in which the system is used. When the system is operated in a “hot backup” mode of
operation where the data streams are acquired simultaneously through two independent
hardware paths, or when the system is operated as two independent subsystems each
acquiring and processing independent data streams, then the parallelism exhibited by the
system is in effect doubled. In both cases, the ability of the system to operate in different
modes is a direct result of the implementation of distributed architecture concepts within
both the system hardware and software. Figure 2 illustrates the major software functions
implemented in the system and the primary data flows occurring between those functions.

SUMMARY OF MAJOR COMPUTER SOFTWARE COMPONENTS

As illustrated in Figure 2, the software running in the Host Computing Complex and the
network of workstations is divided into a number of major components. Each of those
components is responsible for implementing a specific subset of the overall software
functionality. The following paragraphs summarize the major software components and the
functions assigned to each.

Data Acquisition and Recording - The Data Acquisition and Recording function runs in
the Host Computing Complex functional block. It is responsible for controlling the
acquisition of data into the particular computer in which it is running, and for writing the
acquired data out to tape or disk.

Data Distribution - The Data Distribution function consists of processes that run on both
the host computers and the workstations. This function is responsible for moving the real
time display data from a host computer resident Current Value Table to duplicate tables
resident on the workstations. This transmission of data occurs over the Ethernet via a
broadcast technique. Real time display data therefore is placed on the network only once
per broadcast cycle, regardless of how many workstations wish to use that data. Since the
Data Distribution function is itself distributed around the network, it is able to completely
handle the distribution of real time data and maintain Current Value Tables in each of the
workstations. All application software modules running in the hosts and workstations are
therefore insulated from any requirements to deal directly with the network.



Data Manipulation - The Data Manipulation function consists of a number of different
processes each of which performs specific types of data manipulation on data either in
real-time or on data recalled from an archive disk. These processes will typically run in
one of the host computers. They may however, at the option of the system operator,
additionally run in one or more workstations to support data manipulation requirements
that are unique to particular users. This function is responsible for providing a shell under
which user written code executes both during real-time operations and during data recall
operations to perform mission or user unique calculations on the acquired data. The results
of these calculations are made available to the Current Value Table during real-time
operations for display purposes and are also archived to disk to support later recall.
Additional functionality provided by Data Recall includes the capability to subset and
recombine archive disk files, and the capability to edit archive disk files.

Data Recall - The Data Recall function normally runs in one of the host computers. This
function is responsible for accepting data requests, in the form of standardized message
packets, from other applications for subsets of data from the archive disk files. Once
located, the requested data is formatted into a series of data packets which are then sent
back to the requester. Because DECNET was used to implement the communications
interface between the Data Recall function and it’s client applications, the fact that the
Data Recall process is running in a remote computer is transparent to the requesting
application. It is therefore possible for the Data Recall process and the requesting
application to be running in the same processor without any requirement for modification
of either. In a normal operational scenario, the Data Recall process will run in one or more
host computers and act as a server process which provides data packets of recalled data to
all requesting workstations. At the system operator’s option however, a copy of the Data
Recall process may be distributed to one or more workstations and used locally to recall
data resident on local workstation disks.

Message Handling - The Message Handling function is similar to the Data Distribution
function in that it consists of multiple processes that run on both the host computers and
the workstations. This function is responsible for providing a standardized mechanism to
be used by all applications within the system to issue error and warning messages, and in
some cases to pass text messages between themselves. Again as with Data Distribution,
the existence of the network is transparent to the application making use of Message
Handler services. Once a message is generated by an application it is passed to the
Message Handler by a simple subroutine call interface, and the subsequent transmission of
that message to one or more destinations in the system, including a common system log, is
automatically performed. An added advantage provided by the Message Handler function
is that it implicitly enforces a standardized message format on all applications, making
error and warning messages appear consistent no matter where within the system they
were generated.



Data Display - The Data Display function runs exclusively on the workstations. It is
responsible for accepting data either from the Current Value Table or from Data Recall
data packets, and displaying that data in user defined formats. The processing associated
with the display of data may be simple or complex depending upon the level of
complication of the particular display that the user has designed. By having the data
distributed to the workstations, and letting the individual workstations be responsible for
all display processing, system users are effectively isolated from each other and are
protected from suffering any degradation of display performance based upon the display
processing initiated by any other user.

Screen Image Processing - The Screen Image Processing function also runs exclusively
on the workstations. This function is responsible for translating the bit mapped images
copied from the display screen in response to user hardcopy requests into formats that are
compatible with the various hardcopy devices available on the system. All screen images
are in color. They may however be translated into formats consistent with color printers or
black and white printers. Once translated, the resultant files are sent to either local or
remote print queues that are associated with the destination device.

CONCLUSION

A distributed computing architecture has been applied in the design of a large telemetry
ground station. The resulting system, which incorporates twenty one MicroVAX based
color workstations, two VAX 8600 host computers, and six PCM input links, provides a
flexible telemetry data processing tool applicable to many potential problems. The
distributed nature of the design facilitates the replication of the system on different sized
suites of hardware without impacting the functionality available to system users.



FIGURE 1 - HARDWARE BLOCK DIAGRAM



FIGURE 2 - MAJOR SOFTWARE FUNCTIONS AND DATA FLOWS
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ABSTRACT

Flight test and signal and image processing systems have shown an increasingly voracious
appetite for computer resources. Previous solutions employed special-purpose, bit-sliced
technology to supplant costly general purpose computers. Although the hardware is less
expensive and the throughput greater, the expense to develop or modify applications is
very high. Recent parallel processor technology has increased capabilities, but the high
applications development cost remains. Input/output (I/O) such as intermediate mass
storage and display has been limited to transfer to general purpose or attached I/O
computers.

The PRO 550 Processing and Storage Subsystem of the System 500 was developed to
provide linearly expandable, programmable real-time processing and an interface to
distributed data acquisition subsystems. Each data acquisition subsystem can acquire data
from multiple telemetry and other real-time sources. Processing resources are provided by
one or more 8 MIPS (20 MFLOPS peak) processor modules, which utilize an array of
predefined algorithms, algorithms specified by algebraic notation, or developed via high
level languages (C and Fortran). Setup and program development occur on an external,
general purpose color graphics workstation that is connected to the subsystem via an
Ethernet network for command, control, and resultant data display.

High-performance peripherals and processors communicate with each other via a 16-MHz
broadcast bus, the MUXbus II, where any or all devices can acquire data elements called
tokens. A token is a single MUXbus II word of 32 bits of data and a 16-bit tag to identify
the word uniquely to the acquiring modules. The output of each device to the bus can be
one or more tokens, but each device captures the bus to insert a single token. This ensures
all devices receive equal priority and the MUXbus II is maximally utilized. This multiple 



instruction, multiple data (MIMD) architecture automatically schedules and routes data to
processors or to I/O modules without control processor overhead.

Traditional peripherals and administrative functions utilize the second subsystem bus,
which is a traditional VMEbus. It controls the high performance devices while permitting
the utilization of standard off-the-shelf controllers (e.g., magnetic tape, Ethernet, and bus
controllers) for less demanding I/O tasks. A dedicated Bridge Module is the gateway for
moving data between bus domains.

INTRODUCTION

The goal of employing many relatively inexpensive processors in parallel to achieve the
yield of a main-frame computer has existed for years. To date, parallel processing has seen
limited application beyond the research environment. This is due to the difficult task of
decomposing or fractionating programs onto multiple processors. Telemetry data
processing applications, on the other hand, are prime candidates to utilize parallel
processing architectures, because the data stream emanates from multiple, usually
independent, sensors.

Although there is often the requirement to keep results synchronized, processing
independent signals can occur independently (i.e., asynchronously). Individual telemetry
application processes tend toward small to medium granularity (i.e., each sample requires
only a few to a few hundred machine instructions before data is transferred to output or
storage peripherals). Therefore, a very large portion of the computing resources is spent on
input/output (I/O). The overhead associated with communications on traditional
proprietary and standard computer bus technology (e.g., VME, Multibus) is severely
throughput limited. This situation is aggravated when employing multiple processors.
However, standard bus architectures offer a large array of commercial-off-the-shelf
hardware and software products to build systems. Perhaps the best solution would
incorporate the architectures of both a standard bus for low performance tasks and a
proprietary bus designed to meet the requirements of the application for high performance.

ARCHITECTURE

The System 500 belongs to a family of products designed specifically to meet the
requirements of telemetry applications. These products incorporate real-time data
acquisition, processing, data distribution, and display graphics through the optimum
utilization of real-time resources in a distributed architecture. Data transfer from point of
capture, to decommutation, to real-time processing by traditional or user-created
algorithms, and finally to storage on very high performance media occurs via a single
high-speed logical bus that is synergistic with flight test telemetry data. This is the



MUXbus, a parallel data flow bus, that transmits each parameter as a single token
consisting of a 16- or 32-bit data word and a 16-bit tag uniquely defining its source. The
overwhelming majority of acquisition devices produce single word values, thus a perfect
match of bus structure to data. In those applications requiring multiple data words, multiple
tokens are employed. Receiving devices on the MUXbus simply acquire multiple unique
tagged tokens to construct the complete measurement.

The MUXbus is also a broadcast bus; any device on the bus may be set to acquire specific
tokens. Multiple devices acquire data simultaneously (Figure 1). This can be compared to
traditional computer buses moving data through memory from or to a single device
(Figure 2). Separate transfers are required to move the same data to multiple locations. The
System 500 philosophy is to include the entire device as one or more functionally
organized cards in its chassis. Bit syncs, decoms, quantizers, analog and digital ports,
MIL-STD-1553 bus interfaces, and many other devices are on the MUXbus and housed in
the same chassis. Only large mass storage and display devices are relegated to the outside.

Expansion can occur as required to meet new requirements, simply by adding new or more
of the same resources. A hub and spoke configuration is employed for large systems of
many input streams and output devices (Figure 3). The hub chassis houses the processing
and storage resources. Its MUXbus was increased threefold to accommodate the
concatenation of data. Although each chassis contains its own independent MUXbus, the
network is considered one logical bus. Tokens may be kept within a chassis or
automatically moved to or from the hub at full bus speed.

The hub chassis employs a VMEbus for administrative tasks including system setup,
loading algorithms, and monitoring performance. It also provides a mechanism to utilize
relatively low speed (when compared to the MUXbus) commercial-off-the-shelf I/O
controllers. Why the VMEbus? The definition of bus standards led to the development of
literally thousands of board-level processing, support, and I/O controller products for each
accepted architecture. A major attraction to standards is that system developers could
easily create unique solutions for a given application. If an entire solution could not be
fabricated from off-the-shelf products, then one would at least have a tremendous head
start.

To accommodate unique applications such as those demonstrated by high performance
telemetry systems, bus architects left room for a proprietary data bus. Unfortunately, there
is not one standard but several. New standards emerged as microprocessor technology
advanced from 8 to 16 to 32 bits. Competition evolved because of the conflicting goals of
the bus architects. By June 1987, the IEEE recognized four standard 32 bit buses:
VMEbus (IEEE 1014), Multibus II (IEEE 1296), Futurebus (896), and NuBus (IEEE
1196). The system developer is left in a quandary over bus selection. In reality, the



selection for the System 500 was determined by performance and the breadth of
processing, support, and I/O products available for the VMEbus.

Employing twin buses required the development of a conduit to move data between each
of the bus environments. Thus, the Bridge Module was created to collect defined tokens
(parameters) from the MUXbus and place them in the VMEbus System Controller’s
environment. Each module can acquire three streams with a unique set of parameters to be
acquired for/from each of three peripherals. Data can also be moved in the opposite
direction. Additional Bridge Modules can be added as dictated by the application. The
System Controller is a based on a Motorola 68020 microprocessor with a real-time
executive for optimum performance.

Data manipulation and reduction is accomplished through one or more Field Programmable
Processors (FPP) in a parallel processing environment. Each FPP incorporates a high
performance Weitek XL RISC architecture numerics microprocessor with floating point
coprocessor. This combination produces a LIN-PACK rating of 3.4 MFLOPS (Million
Floating Point Operations per Second) and 8.7 million Whetstones per second. This
exceeds the performance of a Digital Equipment Corporation VAX 780 FPA by over 8 and
25 times, respectively. But perhaps the most significant benchmarks for telemetry
applications are the maximum throughput of 740,000 parameters per second and over
200K fifth-order polynomial expansion engineering unit (EU) conversions per second.
Memory (768K bytes) is segmented into areas for code and data. Programs are loaded at
system setup to retrieve specific tokens (parameters) from the MUXbus, perform
algorithms, then place results on the MUXbus for retrieval by other processors or output
devices.

Should the power of a single FPP be insufficient to complete processing algorithms before
the receipt of the next tokens, parallel processing environments can be employed to
achieve results.

(1)  Pipeline parallelism by splitting a large algorithm into several serial components
and routing intermediate results to another FPP as in Figure 4. This scheme functions
without bottlenecks if the process duration for each subtask is less than the sample
rates. Further division of the subprocess to reach goals may be required or another tack
employed. Pipelining becomes inefficient as the algorithm processing time approaches
communication overhead.

(2)  Telemetry data typically emanates from multiple independent sources. Therefore
processing tasks may be distributed to multiple FPPs. Again one must insure process
durations do not exceed sample rate.



Combinations of these techniques and/ or the addition of more FPPs can be utilized to
achieve the desired throughput for almost any telemetry application.

Three programming alternatives are available to develop application suites: (1) selecting
one or more standard algorithms from a large repertoire; (2) defining algorithms through
algebraic notation, including use of transcendental functions and parameters names; and
(3) high-level languages of C and Fortran plus assembler for the utmost single processor
throughput.

The System 500 architecture supports a variety of output devices including analog and
digital modules, DMA channels to external mini- and superminicomputers, and SMD (disk
drive) and magnetic tape controllers for data rates to 1.2 MB/second and 220 kB/second,
respectively. Even higher performance mass storage is available through the use of parallel
disk drives (also called disk stripping). The current mass storage data transfer bottleneck is
mechanical, with an instantaneous throughput of less than 3 million bytes per second
(MB/s). Adding overhead for head movement and revolution latency reduces this further.

In disk stripping, the controller acquires data at many times the speed that a single drive
can absorb. It then ships a buffer to the first drive. As this drive is writing the buffer
contents, the next drive is shipped the next buffer, and so on. The bottleneck now becomes
the controller, as opposed to the electromechanics of the drive. Continuous storage transfer
rates above 10 MB/s are achievable with over 16 GB (16 x 10  bytes) of on-line storage.9

In addition to continuous storage, multiple wrap files can be employed to reduce data
retention. Here the last “x” minutes of data is continuously stored, new data writes or
“wraps” over old. Upon command or a predefined condition, this file (along with “y”
minutes of new data) is storage for later retrieval and new wrap files continued.

CONCLUSION

The System 500, uses a parallel processing architecture with integral standard and
proprietary buses to meet throughput requirements of data intensive telemetry applications.
The standard VMEbus offers a tremendous range of low performance, off-the-shelf-
peripherals, while MUXbus II provides a data flow highway for multiple parallel
processors, FPPs, and a very high performance parallel disk drive subsystem.
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Figure 1. System 500 Data Flow Bus Architecture With
Separate Control and Display Bus



Figure 2. Traditional Flight Test System Architecture

Figure 3. System 500 Modular Hardware



Figure 4. Pipeline Processing
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With the acceptance of Mil-Std-1553B by vehicle and weapons industries a wealth of new
information is available for vehicle testing. In the past, selected data was extracted and
included in a standard PCM telemetry stream. But only the selected data was made
available. In EA6B and in the proposed IRIG Standard, multiple Mil-Std-1553B data
busses are combined with identifying control bits in a single PCM telemetry stream. All of
the information traveling each bus is available to the ground station.

These formats share a number of features. One is that for each Bus the Mil-Std-1553B
word appears in the same order in the telemetry stream. Another is that individual data
words do not depend on their position in the telemetry stream for identification, but they
do depend on the control information associated with the current message to give meaning
to the data words.

An efficient approach is outlined for identifying, selecting and routing individual
measurements, messages, and/or all Mil-Std-1553B bus information to processes and I/O
devices in a data flow environment.

Keywords:
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Background

Mil-Std-1553 was developed to provide a reliable, standard control and status interface for
avionic subsystems. It is not intended for control of flying surfaces or other crucial
subsystems. Suitable subsystems include communication, navigation, displays, C3I, ECM,
Damage control, Load balancing, weapons systems, target tracking, and other sensor
systems.



Currently, the 1553 bus operates at one megabit-per-second serial data rate with three
basic types of words; command, status and data. These words are combined into ten
message formats. They range in length from one to thirty six words long. See Figures 1
and 2.

A typical application of the data contained on multiple busses might include the correlation
of on-board measurements of position, velocity, and acceleration with range
measurements, or the measurement of ECM system effectiveness by comparing
information from the target’s navigation system with the test vehicle’s target acquistion
and tracking system.

All Mil-Std-1553 communication is initiated by the Bus Controller (BC). The messages
travel between the BC and up to 32 Remote Terminals (RT), or between RT’s. The
command word has the following fields; RT address, Subaddress, Transmit/Receive, and
Word Count. The RT address, Subaddress, and data direction are the primary means of
discerning messages. Two subaddress values are reserved for ‘mode codes’, which are
used for link control. Mode Code messages assign special meanings to the word count
field.

EA6B Telemetry Format

In the EA6B telemetry format, Mil-Std-1553 words are combined with bits identifying the
bus and word type resulting in a 24 bit 1553 telemetry word. Fixed length minor frames
contain frame sync and IRIG time words followed by these EA6B 1553 telemetry words.
Up two 16 busses are defined, and the three 1553 word types are identified. See figure 3.

Proposed IRIG Telemetry Format

The Proposed IRIG Mil-Std-1553 telemetry format also forms 24 bit telemetry words, but
allows up to eight busses, and 16 word types are identified. Fixed length frames have
Frame Sync and IRIG Time words followed by IRIG 1553 telemetry words. See Figure 4.

While the implementation provides similar yet individual operations to process each
format. the underlying algorithm is the same. The types of words in the IRIG format are a
superset of the types of words in the EA6B format, so the Algorithm as applied to the
IRIG format will be discussed.

Why a Computational Approach?

Decommutators select and identify words based upon their position in the telemetry
stream. One or more syncronization patterns, and frame count fields form the reference



points for these determinations. By its nature, full bus Mil-Std-1553 processing can not use
these reference points to determine the information identity.

The meaning of the data words, or bits fields within words, is a function of the context in
which the data words appear. Position within a message, from a particular Remote
Terminal’s subaddress is a simple context. A more complex context adds an embedded
Message ID field in the first data word to identify the meaning of the remaining data. An
even more complex context uses specific commands to change the meaning of subsequent
messages: One command loads a data pointer with a new address value, a later command
asks four words to be returned. The last case (an INDEXED message), is outside the
scope of the requirement for this algorithm.

A computational approach is the only viable approach to decommutating the information
fields from these Mil-Std-1553 telemetry formats. In addition, the algorithm must be very
high performance, and requires one or more bit-slice processors to process a stream. The
proposed IRIG standard supports up to eight Mil-Std-1553 busses. For eight busses a data
rate near ten Megabits-per-second is necessary. This has words arriving at the algorithm
every 2.4 microseconds. It is important to note that even unimportant fill words require a
microsecond of processor time to examine them and throw them out.

System Context

This Algorithm was developed to run on a DSP001 bit slice processor in AYDIN
MONITOR’s data driven System 2000 telemetry preprocessor. The telemetry formated
PCM stream is decommutated by a frame syncronizer/ decommutator card, and fixed
position words are assigned unique ID Tags (tokens) and all the 1553 telemetry words
receive one ID Tag. In AYDIN MONITOR’s Series 2000 Telemetry Preprocessor these
ID Tags route the associated data words to Processors and I/O devices. The ID tag
determines what processes or computations are performed on the data word.

Algorithm

The algorithm, (Figure 5), is required to process and route the input words at four levels:
1.  Non Bus Specific - words such as user 2,3, and 4.

2.  Bus level - all words from a particular bus are given one new ID Tag. The whole
word (24 bits) is passed with the new ID Tag.

3.  Message Level - All words associated with a specific message are given a new ID
Tag. RT to RT transfers are properly handled as one message, and not two. The
whole word (24 bits) is given one ID Tag.



4.  Parameter Level - Individual words may be selected for output with unique ID
Tags. Command, Status, Microsecond and Response times as well as data words are
available. For RT to RT transfers, the transmitting RT’s command, status, and time
words are distinguished from the receiving RT’s words. Only the 16 information bits
are passed with the new ID Tag to the output.

Outputs may be selected from any or all levels. Mode Code messages may be processed
individually by using an additional level of decoding in a MODE CODE (MCD) table.
Message ID tables (MID) are used to distiquish messages and parameters based on an
eight bit field in the first data word. The data structures supporting the algorithm are
illustrated in Figures 6 thru 11.

First HIGH TIME, LOW TIME and FILL words are deleted and BUFFER OVERFLOW,
USER 2, USER 3, and USER 4 words are output with their new ID Tags if enabled. If the
response time option is enabled, USER 4 (Response Time) words are included in the
following steps.

the proper BUS TABLE is selected. If BUS level output is enabled, the input word is
output to the I/O devices or to another processor for other processing.

If further processing is enabled, the command word’s Remote Terminal Address,
Transmit/Receive bit, and Subaddress field used to index into the TYPE TABLE dedicated
to each enabled BUS. To control the processing of each message, TYPE TABLE has the
following entries:

IGNORE - Do no further MESSAGE or PARAMETER processing on this word and
associated words from the same message. (Note: If entry is for receive message, still
save in buffer and check if word is part of an RT to RT mesage.)

OUT-Hg - Output This Word at the MESSAGE Level to I/O devices on the HgBus
but do no parameter level processing on this Message.

OUT-PD - Output This Word at the MESSAGE Level to other processors on the
PDbus but do no parameter level processing on this Message.

MCDPTR - Entry is pointer to Mode Code Table. Use Mode Code to Index into
MODE CODE TABLE, and process that entry.

MIDPTR - Entry is pointer to MESSAGE ID TABLE. Store words in buffer until first
data word arrives. Use 8 bit field from first data word to index into MID TABLE.
Then process words from the buffer using that entry.



MSGPTR - Entry is pointer to MESSAGE TABLE. If command is not part of an RT
to RT transfer, then output command at message level, if enabled. Then output the
word at the parameter level if enabled.

RT to RT transfers are detected by buffering any receive command and microsecond time
words following the receive command. Then looking for a transmit command to
immediately follow with a matching word count. Once the determination is made, the
message or messages can be processed and output.

Non-command words are processed according to the entry stored in the Bus Table. If MID
or RT to RT flags are set, the words are buffered. If the entry is an output the word is
output at the MESSAGE level. If the entry is MSGPTR, the input word is output at the
MESSAGE and PARAMETER levels as enabled,

Two types of MSGPTR are defined, one halts PARAMETER level processing if an error
is detected, the other just omits parameter level output of the defective word.

Recommendations

Within either telemetry format it is possible to use a nonexistent bus or some other trick to
send non-Mil-Std-1553 information masquerading as Mil-Std-1553 data. We would
encourage and recommend that such information be placed in fixed minor frame positions.
This would enable the standard decom equipment to identify and process these data
instead of this algorithm.

The Proposed IRIG standard does not currently place any restrictions on the frequency or
placement of ‘User’ Type words. Placing some restrictions on the placement of these
words would enable them to also be processed by the standard decom equipment.

In the Proposed IRIG Standard, High and Low IRIG time are sent in fixed positions after
the Frame Sync word. The draft’s wording however, does not clearly restrict them to those
postions. Placing such a restriction would not be burdensome, and would eliminate these
word types from the software interpretation overhead.

In the proposed IRIG standard, buffer overflow, user and time words have an undefined
‘Bus’ field. We recommend the ‘Bus’ field be fixed to zero for all of these words.

In the proposed IRIG standard, a ‘buffer overflow’ Type is defined. With more definition
of the timing of the buffer overflow with respect to the bus data more real time use of the
word can be made. Some explanation of the buffer model needs to also be presented: Is
there one common buffer that may overflow? Or, is there one buffer for each bus? Is there



any significance to the information field? (begining of disruption, end of disruption,
number of words lost, ...etc.)

Conclusion

An efficient algorithm has been presented for selecting, identifying, and routing busses,
messages, and/or individual parameters for real time processing. While INDEXED
messages and extended subaddressing are not currently handled, it is possible to add
handling of those features when they are required.
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With more complex vehicle designs, the frequency and number of measurements contained
in telemetry data streams has dramatically increased. One way of improving the use of
bandwidth is to change the sample rate, quantity, or type of measurements dynamically.

A telemetry front end must be programmable to handle different formats. In a front end
that decommutates and routes measurements, a decom list is a control program, which
defines the location, size, orientation, and identity of the measurements. To deal with
dynamic format changes, a telemetry front end must be able to switch between decom lists.

A practical approach to decom list switching must address the needs of error avoidance,
packet switching, and the location of switching keys in any portion of the format.
Switching between formats should not be restricted to a preprogrammed sequence, but
should allow multiple destinations from a particular decom list.

A practical and flexible implementation of decom list switching is detailed along with an
explanation of how this implementation solves a variety of decommutation problems.
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Introduction

Three factors have created an increased interest in Decom Switching:

1.  The trend toward more complex vehicles and instrument systems makes a growing
tidal wave of information available on the vehicle to the test engineer. To practically



transport that information to the ground, telemetry formats continue to grow more
complex, and bit rates continue to climb.

2.  There is a growing trend towards using the telemetry link as one side of a
communication network; tying computers in the air with computers on the ground.

3.  Test missions often progess through various phases. Different test phases may focus
on different parameters. Each phase may require a different format to efficiently
support it.

Format and Decom list switching have been supported by Aydin Monitor’s Model 1126B
Frame Syncroniser / Decommutator. The switch was triggered on an exact match and only
one destination decom list or format was allowed. The switch could be immediate or at the
end of the minor frame.

Format switching can involve changing everything from the frame syncronization pattern
and bit rate to changing the mix of minor frame and subframe words. However, rapid
switching of frame sync patterns and bit rates usually requires a resyncronization time,
where data is lost for a frame or two. Changing the mix of parameters in the stream can be
done without loosing sync or data, this change involves only the way the stream is
decommutated. This class of format switching is called Decom Switching.

What is a Decom List?

To support formats with different bit orientations, word lengths, or different numbers of
subcommutated word slots, the decommutator needs to be programmable. The program
that specifies how to decom the data stream is called a Decommutation List or Decom
List. Even changing how one word slot is identified requires some kind of change to the
decom list.

Concerns of Switching

A practical decom list switching approach must be reliable, flexible and able to serve a
diversity of switching needs.

To be reliable, an approach to decom switching should be able to work in the presence of
errors; not switching to a wrong decom list, and properly switching to the correct decom
list.

To be flexible, the time that the switch becomes effective should be programmable, and
have some logical relationship to the format. It should be able to serve the needs of packet



switching systems. The implementation should be able to handle switching keys located in
any portion of the format. Practical decom list switching should allow multiple cards or
subsystems to switch together, and should allow multiple destinations from a single decom
list.

System Context

This approach to decom list switching has been implemented on Aydin Monitor Systems’s
FSC011 and FSC012 frame syncronizer / decommutator modules. They are designed to
operate in a Series 2000 Distributed Telemetry Preprocessor System (S2K). The S2K
system is a Data Flow Architecture using 16 bit ID Tokens (Tags) and 32 bit data words.
The design of the FSC011/12 may require more than one card per stream for some formats
such as Recycle and subsubframe ID. See Figure 1 for a typical one chassis configuration.

The FSC011/12 is a form of RISC processor optimized to very flexibly perform serial to
parallel conversions, and supply both the data and ID Tags to the S2K Mercury Bus
(HgBus). See Figure 2. At the end of the decom list, and under certain initialization
conditions, the RISC processor finds the first decom instruction using the contents of the
start address register. For an immediate decom switch, the RISC processor is interrupted,
and performs a jump to the address in the Temporary Register (TR).

Outline of Approach

The Decom List specifies certain time slots in the format as containing decom switching
information, the words filling these slots are called decom switch Key Words. The least
significant 11 bits of the decommutated data words are used to address a 2K x 16 bit
Switch RAM supplying new addresses. The least significant bit of the resulting Switch
RAM Data Word indicates whether to do a switch or not. Depending on the timing mode,
the Start Address Register (SAR), or a Temporary Register (TR) is loaded with the new
addressing information from the Switch RAM. Decom Data words less than 11 bits are
padded with zeros in the most significant bits. See Figure 3.

Timing Of Switches

When a decom switch is detected, a new address is made available with a strobe. In each
timing mode, the address and strobe are used in slightly different ways to change the time
when the switch effects the decommutation of data. Four different timing modes may be
selected:

Immediate mode (IMM) does not change the value of the Start Address Register, but
the new address is loaded into the temporary register (TR). At the same time the RISC



processor is forced to execute a Jump (TR) instruction. The decom list becomes
effective with the third word following the decom switch key word. Since the Start
Address Register (SAR) is unaltered, the decom list continues to begin at the
instruction pointed to by the SAR. For Immediate switching, Key Words in the last
three words of the minor frame are not effective and are not recommended. Immediate
mode provides support for packet switching applications. See Figure 4.

Minor Frame mode (MF) loads the new address directly into the SAR. When the RISC
processor examines the SAR at the end of the current minor frame, the new address is
used to find the first decom instruction. The RISC processor will continue to execute
from the new decom list until another decom switch is detected. See Figure 4.

Next Minor Frame mode (NMF) loads the new address into the Temporary Register,
but waits until just after the current minor frame ends before copying the new address
into the Start Address Register. NMF mode provides an extra minor frame of delay
before a switch becomes effective.

SubFrame mode (SF) loads the new address into the TR, but waits until just before the
RISC processor reads the SAR during the last frame to copy the new address into the
SAR. The new decom list is effective with the first minor frame of the format. See
Figure 4.

Note that these timings are with respect to each individual card, for instance, a
subsubframe card cannot change lists at the minor frame rate, but only at the subframe rate
and slower. (Immediate mode excepted.)

If a switch is detected but is not yet effective, additional decom switch detections will
update the registers, and the address supplied by the most recent decom switch detection is
the one that will be used. (Immediate mode excepted.) See Figure 5.

Masters and Slaves

A decom switch Key Word may be located at any level of the format; minor frame, ID
subframe, Recycle subframe, ID subsubframe, or Asyncronously embedded frame. If a
format requires two or more FSC011 or FSC012’s to properly decom it, then both cards
may need to switch together. In that case both cards need to see the decom switch key
word, and only one card makes the decision. A decom switch I/O bus with the 11 decom
data bits and a decom switch signal are available on the P2 connector. An FSC011 or
FSC012 may be programmed to make the decom switch decision (Master), or monitor the
bus for a decom switch decision (slave). In addition, they may be programmed to ignore 



the bus, and make their own independent decision. A dependent card may be a Decom
Switch Master. An external source may also be set up as the decom switch master.

Error Correction and Detection

Error correction and detection both require an intelligent choice of code words and a
certain amount of redundancy. For a word of N bits in length, there are 2 to the power of N
different patterns, To set up a code, some of these patterns are designated to be valid
words (code words). The remainder of the patterns are invalid words (non-code words).
The code words convey useful information, the non-code words do not convey useful
information.

The Hamming distance between two bit patterns is the number of bits which differ
between the two patterns. It is also the number of bits set when the two patterns are
exclusive OR’d together. The Hamming distance of a code is the minimum Hamming
distance between any two patterns of the code. To get the best random error detection and
correction performance the code needs to have the maximum Hamming distance possible,
and still have a code word for each destination decom list.

The number of patterns distance M away from the code word of length N bits is given by
the combinatorial function C(N,M). These are the patterns reached by M bit errors.
C(N,M) and their sums are evaluated for several values of N and M.

C(11,0)=l sum=l C(8,0)=l sum=l
C(11,1)=11 sum=12 C(8,1)=8 sum=9
C(11,2)=55 sum=67 C(8,2)=28 sum=37
C(11,3)=165 sum=232 C(8,3)=56 sum=93
C(11,4)=330 sum=562 C(8,4)=70 sum=163
C(11,5)=462 sum=1024

2^8 = 256 = 93+93+70

To implement three bit error correction with four bit detection on an eight bit code word,
only two decom lists may be supported; List [A], [B]. All 93 memory locations of the
Switch RAM with an address near or equal to (A]’s code word would be programmed
with [A]’s Start Address and the 93 locations for [B]’s code word, with [B]’s Start
Address. The other 70 locations are half way between the two codes and should be
marked as ‘do not switch’ to the control circuitry.

Another method of improving the switching reliability is to make use of the subframe time
feature to give time for multiple switch detections, Choose a good code and dedicate a 



number of positions in the format to hold decom switch information. If any of them have
no errors, the switch will be done correctly at the end of the subframe.

Applications

1.  Three identical telemetry streams from three overlapping zones of coverage track a
flight. They are skewed by less than one major frame of data. The task is to select the best
stream from the three maintaining major frames intact and without loosing any data. Each
FSC has two decom lists; first, one with ID’s that route the data to the output stream, and
second, one that routes telemetered time words, and status to the DSP002 where the
decision on when to switch input streams in made. All the FSC’s are programmed to be
slaves, and the DSP002 drives the decom switch bus interconnecting them with a
switching key word, and the switch command pulse. To maintain full major frames of data,
the FSC’s are programmed to switch at subframe time.

2.  An engine test facility runs the engines though three phases. The first phase is startup,
the second is dynamic speed, the third is fixed speed (cruise). Each phase has different
concerns. As the test progresses, when the front end is commanded to change modes, the
mode word in the telemetry stream changes, as does the measurement mix. The FSC
simply switches to a new start address at the end of the minor frame in which the mode
changes.

3.  A time division multiplex channel off of a satellite carries information packets for 14
different sites. Only the packets for this site are to be delivered. In this case, the FSC is
programmed for immediate switching and variable fill data. If the maximum time between
packets is exceeded the FSC can warn of a link problem.

Conclusion

This practical approach to decom list switching addresses the needs of error avoidance,
packet switching, and the location of switching keys in any portion of the format.
Switching between formats is not restricted to a preprogrammed sequence, but allows
multiple destinations from a particular decom list.
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ABSTRACT

The explosive use and extensive development of software and hardware for the IBM PC
and PC Clones over the past few years has positioned the PC as one of many viable
alternatives to system designers configuring systems for both data acquisition and data
analysis. Hardware abounds for capturing signals to be digitized and analyzed by software
developed for the PC. Communication software has improved to where system developers
can easily link instrumentation devices together to form integrated test environments for
analyzing and displaying data. Telemetry systems, notable those developed for lab
calibration and ground station environments, are one of many applications which can profit
from the rapid development of data acquisition techniques for the PC.

Recently developed for the ADS100A telemetry processor is a data acquisition module
which allows the system to be linked into the PC world. The MUX-I/O module was
designed to allow the PC access to telemetry data acquired through the ADS 100A, as well
as provide a method by which data can be input into the telemetry environment from a host
PC or equivalent RS-232 or GPIB interface. Signals captured and digitized by the
ADS100A can be passed on to the PC for further processing and/or report generation.
Providing interfaces of this form to the PC greatly enhances the functionality and scope of
the abilities already provided by the ADS100A as one of the major front-end processors
used in telemetry processing today. The MUX-I/O module helps “bridge the gap” between
telemetry and the PC in an ever increasing demand for improving the quantity and quality
of processing power required by today’s telemetry environment.

This paper focuses on two distinct topics, how to transfer data to and from the PC and
what off-the-shelf software is available to provide communication links and analysis of
incoming data. Major areas of discussion will include software protocols, pre vs post
processing, static vs dynamic processing environments, and discussion of the major data
analysis and acquisition packages available for the PC today, such as DaDisp and Lotus
Measure, which aid the system designer in analyzing and displaying telemetry data. Novel
applications of the telemetry to PC link will be discussed.
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INTRODUCTION

The nature, and flow of data in telemetry systems is markedly different from that in a PC.
Telemetry systems are typically real time, limited in processing capability to that which
can be done on a continuous data stream, and use extremely high density analog storage
media. PC’s use data that is generally non-changing, and provide extremely lowcost,
highly flexible analysis through both user generated and commercially available SW
packages. By providing a bridge between telemetry systems used for lab calibration and/or
ground stations, and PC’s, users may obtain the best of both environments - high speed
data processing, and flexible data analysis.

REQUIREMENTS FOR A BRIDGE

A primary requirement for a bridge is adequate support on both sides. The PC is supported
by thousands of off the shelf SW and HW packages. The MUX/IO “bridge” is supported
on the other end by the ADS-100A telemetry pre-processor. Use of the ADS-100A
ensures that not a subset, but all of the telemetry data gets processed. By having a pre-
processor that performs limit checking, engineering conversions, and common filtering
algorithms on the data in real time, the PC is able to do what it does best: Display and post
processing of selected data, and reporting of alarm conditions detected by the pre-
processor.

CHANGES IN TELEMETRY

Twenty years ago, telemetry consisted of decommutating data from a PAM or PCM
stream, and feeding it to a strip chart which the test engineer visually inspected. Where the
strip chart may have displayed 8 channels of data, todays test flights of the Boeing
747-400 necessitate 3400 channels. The massive amount of information generated is pre-
processed, then fed into host computers for complex analysis and report generation.
Computers on-board missiles or aircraft being tested often put data into the stream
indicating the mode in which they are operating. This data must be stripped out and
analyzed. Data from other sources, such as tracking stations, may be merged with
telemetry data to produce complex reports and graphs of vehicle performance. Multiple
streams of data, from multiple vehicles may be needed to generate the report which
determines whether the flight test was a success or failure



TELEMETRY PRE VS POST PROCESSING

Data incoming from a telemetry stream frequently contains noise, or goes out of limits due
to aircraft maneuvers, or loss of signal as the vehicle loses sight of the antenna. Filtering of
the data is best performed as it is incoming, using standard telemetry algorithms such as in
limits, out of limits, delta slope, and so on, available on an intelligent pre-processor like
the ADS-100A. This unburdens the host computer significantly and can allow greater CPU
resources to be applied to true postprocessing tasks. Conversion of raw data to engineering
units by the preprocessor can reduce post-processing time by orders of magnitude,
bringing the task down to a level attainable by PC’s.

True post processing of data can strip out computer data embedded in the telemetry
stream, compare data to prior flights, or perform calculations not realizable in real-time. As
well, formatting and line printing of data is considered post processing. One user of a PC
for post processing generates 23 distinct reports from each mission. The PC can allow user
text editing of data and annotation of data such as pilot comments.

Post processing may include merging of data from other sources such as ground based
GPS, or other TSPI (Time, Space, Position) determination equipment using IRIG time as a
common reference. These may simply be additional files on the PC disk, read in from
magnetic tape.

PC NOW VIABLE ANALYSIS TOOL

With powerful processors such as the INTEL 80286, 80386 and their associated math
coprocessors, the PC today offers sufficient processing power for many of the telemetry
post processing tasks previously delegated to host computers. The flexibility of
programming offered on the PC, the wide variety of available data analysis packages, and
graphing and plotting software make the PC an irresistable display and analysis tool for the
telemetry user. In addition, the storage capabilities offered in the PC can allow for
buffering of data pre-processed by a telemetry unit such as the ADS-100 prior to analysis
or printing.

CHARACTERISTICS OF TELEMETRY DATA

Telemetry data is usually handled using real time hardware. In a typical system parallel
busses carry, in real-time, 16 bit data and 16 bit TAG information. Bits within the TAG
may indicate what data is being carried, or call attention to that data, such as a piece of
data which indicates a telemetry equipped aircraft is low on fuel. (An ALARM condition).
Various processing modules users may insert into a modular telemetry system are
programmed to recognize and accept data bearing certain tags. For example, the low fuel



warning may actually be caused by the aircraft performing a roll maneuver, and a derived
data processor might be programmed to average fuel data over several seconds. Data is
continuously flowing, and is not stored in any blocks or files per se. Such a system is a
data-flow architecture, and data is retagged as it gets processed.

CHARACTERISTICS OF PC DATA

Personal Computers generally accept data in files measured in thousands of bytes. A
telemetry system operating at 4 MBits per second could quickly overwhelm the 20 or 40
Mbyte disks most PC’s use if the communication ports operated that quickly. Hence it is
necessary to determine exactly what data out of the telemetry stream is desired, pre-
process it as much as possible, convert the data to the floating point and other formats
acceptable to the PC on the telemetry unit itself, and develop the necessary buffering and
handshaking over an RS-232 or IEEE 488 interface to accommodate the dataflow. For
display purposes, an update rate of 2-5X per second is generally all that is needed, so Nth
sampling by the telemetry preprocessor can reduce the communications requirements.

REQUIREMENT FOR PC SOFTWARE

Whether the application is for static or dynamic data input, the PC receiving the data must
be able to sort the data according to tag and display keeping only those data of interest, if
multiple PC’s are connected to a single MUX-I/O. The PC either needs to be able to
interrogate the telemetry pre-processor to determine what parameter name is associated
with a particular tag, or have this information stored locally so graphs and/or displays can
be correctly labeled. Users would ideally like to request, from the PC, in real time, which
parameters to send for display or storage, This is easily doable, however individual
customer requirments vary widely, so a generic capability has not been defined. If status
bytes are included in the data packets these must be stripped.

STATIC VS DYNAMIC OR ‘REAL TIME’ DATA

A distinction needs to be made between static and “real time” data for purposes of storage
and analysis. If the PC is going to receive the data, store it into one or more files, end the
input/storage process and then begin analysis upon the files using canned or user written
programs, the application may be considered static.

Continuous, or “real time” input and analysis of data would be where the user has written
software to continuously read data from the PC’s input port, and display that data on the
screen, or plot it as it comes in, or otherwise use the data as it arrives. Note this does not
preclude storing it in a file as well.



Communications SW packages are either static, providing transfer of the data from the
input port to a file, or else software drivers and routines to include in a user written
program to analyze or display the software dynamically.

PROTOCOLS - IEEE-488 / IEEE-728

The higher data rates afforded by the bit parallel, byte serial IEEE-488 bus can allow it to
transfer data to the PC at rates significantly higher than the 9600 baud most PC’s support
for serial communication. In addition, command and control of devices using an
established protocol like IEEE-728 can make interfacing of drivers easier for users.
Hardware support of IEEE-488 is available using commercially available cards like the
National Instruments I/O card, which fits directly into a PC slot.

PROTOCOLS - BINARY VS ASCII DATA

The 16 or 32 bit data coming from a telemetry stream is binary in nature, and therefore not
limited to legal ASCII characters. The PC or host communication software and or
hardware pre-processors must not be triggered by binary data resembling end of file
characters, interrupt characters and such, such as Control-C on VAX computers. One
method to prevent this is to send a data count prior to the data, as is done by IEEE-728
protocol. Communication protocols such as ZMODEM can handle binary data effectively,
by disabling the host’s preprocessor or I/O software routines which screen for special
characters.

PROTOCOLS - ERROR CHECKING AND CORRECTION

The mentality in the mainframe/banking community is, obviously, that data that gets
garbled during transmission should be corrected, or if that is not possible, re-sent until
received correctly. In telemetry, the attitude is different. Each individual piece of data is
generally not that important. Error correction codes are generally not used. If a frame is
lost, or parity is wrong, you generally ignore it and go on to the next data. An intermediate
approach seems appropriate for a telemetry to PC link. This is using error detection to give
the PC user, and data post-processor indication that data was lost, overflow occurred, or
checksums didn’t add up, but not resend the data, which could cause newer data to be lost
in the meantime. Alerting the user to frequent buffer overflows can allow him or her to
reduce the number of parameters being sent to the PC, send only the Nth sample, increase
the baud rate, or whatever. Error detection, but not correction is thus indicated.



PROTOCOLS - TELEMETRY DATA

Telemetry users are accustomed to capturing data in several modes:

1) Current Value Table. A CVT captures the latest value of each parameter being
downlinked, or some subset of parameters.

2) Snapshot. A snapshot is the value of every parameter in a particular frame of data. To
calculate a complex variable like MACH number you need airspeed, attitude, altitude, all
at a single instant of time, as provided by a snapshot.

3) Buffer or Block. A buffer or block is a collection of values, over time, for a particular
parameter.

Use of RS-232, GPIB, and PC’s in general means restricting the number of parameters
viewed, and the frequency with which a CVT or Snapshot is taken. Flexible pre-processing
can allow users to look at every Nth sample if more parameters are desired, but less often.

COMMERCIAL PACKAGES

Several commercial SW packages exist which can benefit the telemetry user desiring to
process data on the PC. For static applications in which telemetry data is to be sent to the
PC and stored in a file, a serial communications package is needed.

Serial data SW packages for the PC include Crosstalk, Bitcomm, Procomm and others.
Most of these packages allow XMODEM format, which can provide some error checking
and correction.

The user desiring real-time data input, analysis or display can use a development package
like Turbo Async for RS-232 communication or one of the BASIC interpreters/ compilers
which provide GPIB hooks, and handles, like QuickBasic. A real-time kernel like those
from READY systems can ease real-time application development on a PC or other host.

Data analysis packages such as DaDisp and Lotus Measure provide users with significant
flexibility in analyzing and displaying data, as well as automatically handling data input
over RS-232 or GPIB. DaDisp provides waveform generation, signal editing, FFT
analysis, statistical analysis and advanced, multi-window display of raw and analyzed data.
Data may be input in real time into a buffer which may then be displayed. Plotter support
will available in forthcoming versions. LabTech Notebook can support data input and on-
screen plotting. Complex spreadsheet like calculations involving several variables such as
determination of Mach number can be done quite easily using a package like Lotus



Measure. Many of these data analysis packages are pre-configured to work with the
National Instruments 488 card, allowing the user to “feed through” the commands
necessary to trigger the MUX-I/O or other data acquisition hardware.

ONSPEC Supertrends software can be used as an electronic version of the strip chart
recorder, again saving users development time over writing their own PC display software.

DBASEIII has many features which would make it useful in maintaining the database of
parameters where they are located in the telemetry stream, how many bits long they are,
what format the data is in, what the units are, and so forth. DBASE’s flexibility and power
in generating reports could save substantial user programming.

APPLICATION - LOW COST GROUND STATION

The ground station, as typified by Mission Control in Houston consists of multiple
graphics workstations displaying telemetry data from the launch vehicle. When problems
arise, operations personnel frequently desire engineering support in viewing and analyzing
incoming data. By having the capability to view telemetry data from remote locations via
modem link, engineers could view, in real-time, data from systems they had designed or
were responsible for. This would eliminate the delays to record data, and transport, using
magtape, information for analysis. PC’s are ideal for this task, providing more than
adequate graphics and display capability. The MUX/IO can drive a modem for remote
PC’s, or feed data into ETHERNET or other data networks. Typically, data is received
faster by this system than through main-frame based processing systems. Individual PC’s
could store data for one or more parameters on their own disks, giving local “instant
replay” when something unusual occurred in the incoming data.

APPLICATION - EXTERNAL PROCESSING

The IBM PC could be hooked to both MUX-I/O ports and perform specialized processing
of selected data, putting the results back onto the real-time busses. Data would be output
to the PC via COM1, the PC could do complex processing, table lookup, whatever, and
output the data back to the MUX/IO via COM2. The data could be automatically retagged
by the MUX/IO, or selectively retagged by the PC based on the data content. (Embedded
addresses) For data at sufficiently slow rates, as embedded computer data usually is, this
would allow users a way around algorithms that are inherently difficult on data-flow type
architectures found in telemetry pre-processors.



APPLICATION - INSERTION OF DATA INTO THE TELEMETRY PROCESS

The sophisticated telemetry user may desire to have the PC or a mainframe host computer
generating data that gets inserted into the real-time data flow environment. An example
would be running a flight simulation during the actual mission, inputting the data through
the MUX-I/O module and using the telemetry pre-processor to alarm any significant
discrepancies. While the IBM PC is not a true real-time processor, additional programming
effort and addition of a real-time kernel can make it appear so. With a few software tricks,
the user could take historical data from earlier flights, stored onto the PC via the MUX-I/O
module, and re-input it to the preprocessor for comparison with incoming real-time data.
Alarms could be issued for data significantly different from prior flights, although the user
would have to monitor the synchronization of the data, as a particular flight maneuver
might vary significantly in length. Software written for the PC would need the ability to
“speed up” or “slow down” time to match the real maneuver in order to prevent false
alarms.

APPLICATION - QUICK LOOK

While the PC may not be able, in near real time (1-3 hours after the flight) to do the entire
postprocessing analysis, it could be set up to analyze a single flight variable during the
flight, and generate a display or printout of that critical variable within minutes. This could
allow users to rapidly determine whether a specific objective had been achieved, and avoid
having to repeat the test at a later date. Wrap files could be implemented on the PC,
storing 2 minutes worth of data for a few parameters, and once a critical event occurred,
storing an additional 1 minutes worth then halting. This would allow the user to completely
analyze the events leading up to the critical event. By using floppy disks multiple, although
smaller, wrap files could be generated by each PC during the mission.

IMPLEMENTATION

The MUX/IO resides as a module on the ADS-100A’s real-time MUXBUS. Sixteen bit
TAG and DATA information are selectively buffered through the module, under 8085
Control. The ADS-100A’s 8086 is responsible for set-up and control of the module,
including setting of a TAG DECODER RAM which indicates which TAGs are of interest.
Double buffering is performed for maximum performance without hard wired buffer
control logic. CTS/DTR handshaking logic is fully implemented to minimize overflowing
PC or host input buffers. User fill in the blanks screens allow the user to select parameters,
set RS-232 and IEEE-488 characteristics, and select between various data capture modes.
Data transmission can be initiated either remotely or from the ADS-100A front key panel.
IEEE support includes SRQ/SP capabilites, so interrupt driven routines from the PC or
host can be used instead of polling. Error messages warn the user when an excessive



number of parameters are being routed to the PC, causing buffer overflow if the RS-232 or
488 interfaces are unable to keep up with the 4 Mword per second MUXbus as loading
increases.

THE PC AS A BRIDGE

By linking a powerful telemetry pre-processor to the PC all of the peripherals supported by
the PC become available to the telemetry user. These include mass storage devices,
communication networks, and other host computers. Thus the PC becomes a bridge to the
outside world, allowing the user to concentrate not on interfacing, but on processing.

CONCLUSION

The MUX/IO module allows telemetry users to achieve the dual system configuration
requirements of processing one hundred percent of the incoming data, while using low cost
PC’s for many display, analysis, and processing tasks. PC’s today have sufficient
processing, storage, and display power to perform many telemetry postprocessing tasks
previously relegated to mainframe computers. By using the ADS-100A pre-processor to
perform the limit checking, engineering conversion, and data filtering needed, the
MUX-I/O opens up the entire world of commercially available PC software and hardware
to the telemetry user, as well as allowing user developed routines. This can significantly
reduce the overall software development costs and time. In addition, the MUX-I/O’s use
of industry standard RS-232C and IEEF-488 protocols allows it, or an attached PC to act
as a bridge to other terminals, storage devices, communication networks, and host
computers.
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ABSTRACT

As data rates and system throughput requirements continue to increase, more and more
attention must be given to ways of off-loading the host computer by shifting tasks to the
front-end preprocessing subsystem. In addition to some of the more common tasks like
data compression and EU conversion already performed in the front end, there is the time
consuming task of organizing telemetry data. Once relieved from this secondary task the
host can solely attend to its primary task of application processing. This paper describes an
intelligent DMA interface (CPI007) which permits the automatic building of various types
of array buffers in the host computer.

This flexible high-speed device uses an EPROM based, bit slice microengine utilizing
parameters stored in its operational store RAM during setup to build the array buffers. The
interface is implemented on a single module in the front-end preprocessing subsystem and
was developed for those mainframe computers that can be configured to accept
address/data inputs for DMA to system memory (e.g. Gould Sel, DEC).

With this type of architecture, algorithms may easily be written to accommodate a wide
variety of data organization and transfer requirements. Along with the technical description
of this device, actual data array buffering problems and solutions will also be addressed in
this paper.

INTRODUCTION

Since the early 1960s Aydin Monitor Systems (AMS) has utilized a Data Flow
Architecture in its front-end telemetry preprocessing subsystems. The latest and most
powerful implementation of this architecture is realized in the AMS Series 2000 (S2000)



with its high-speed (6 million transfers/second) Mercury Bus. In this distributed processing
subsystem a modular approach is taken with each element on the Mercury Bus performing
its own particular function such as decommutation, data compression, EU conversion, limit
checking, or output. With this type of architecture each measurement is tagged and merged
onto the bus in a broadcast fashion. The tag then directs the data value to each particular
process. Once a process is performed, the data is re-tagged and broadcast back onto the
bus directing it to another module for further processing or output.

In the past, output modules would pass both raw and EU-converted data directly to the
host, or sequentially DMA these values into host memory. The time consuming task of
sorting and directing this data was then left up to the mainframe computer. This wasted
computer time and greatly reduced the overall processing power of the system. With this in
mind, and with the onset of very powerful and compact bit slice processors, VLSI devices,
and CMOS memories, AMS developed the CPI007 intelligent array builder interface on a
single S2000 module.

The CPI007 Array Builder Interface is the evolved culmination of computer interfaces
developed by AMS to transfer information from the S2000 multiprocessing subsystem to
large-scale computers. It is an intelligent DMA device with a bit slice architecture where
the processor is controlled by algorithms stored in microcode PROMs. In this way the
board is very versatile, because in addition to the algorithms presently provided, additional
algorithms can be provided to meet any specific customer’s needs.

S2000 MERCURY BUS

The Mercury Bus with its Data Flow Architecture has 16 bits of address/ID, 32 bits of
data, and 9 control signals. Two types of transfers can occur on this bus: setup and
broadcast. Setup transfers are used to initialize and configure each module. Broadcast
transfers are used to pass tagged data from module to module for processing or output.
Tagged broadcast data transfers are output onto the bus by Mercury Bus masters such as
frame synchronizers, analog-to-digital converters, time code translators, and interface
control modules. Mercury Bus slave devices such as digital-to-analog converters, digital
display generators, and computer interface modules capture data based on the ID tag.
Modules that perform processes on the data and then rebroadcast it back onto the bus,
such as digital signal processors, floating point processors, and data compressors are both
masters and slaves. Each slave device has a word selector memory on it (64K X 1 ).
During setup the RAM adderess location corresponding to the ID tag which is to be
captured is set. During broadcast transfers the ID tag is used as an address to a word
selector RAM location. If that particular memory location was set by the user, the tag,
along with its corresponding data value, will be captured for processing or output.



CPI007 COMPUTER INTERFACE FUNCTIONAL DESCRIPTION

The CPI007 Array Builder Interface plugs into the S2000 Mercury Bus interfacing the
S2000 preprocessing subsystem chassis to the larger host computer. The module was
developed for the Gould Sel 9131 HSD port, but can easily be adapted to other mainframe
computers that similarly support direct memory addressing from external devices. The
module can build and keep track of up to 2048 arrays, buffers or current value tables
(CVTs) in the host computer’s memory, supplying a calculated address along with each
measurement. It also has the capability to map any of the 64K ID tags to any one of the
2048 arrays or buffers. This gives the user total flexibility over ID tag selection.

This module also has a time word input. It accepts 48 bits of serial time data at
10-microsecond intervals from a time code translator. This time data can then be accessed
by the ALU and stored in host memory along with the measurement. Time data is accessed
by the ALU in two words: the fine time word (16 LSBs of time word), and major time
word (32 MSBs of time word).

The CPI007 is a fully bidirectional device. It can be a setup or broadcast master on the
Mercury Bus under full control of the host computer, or a broadcast slave, capturing data
from the bus and transmitting it to the host. Upon powerup the output format is selected,
the word selector memory is set up, and all parameters required to build the specific arrays
or buffers are loaded into the operational store RAMs using setup transfers. Since the
CPI007 is a fully bidirectional device, these setup transfers could come from the host
computer or the Mercury Bus. Along with the word selector memory, a 64K X 11-bit
operational store map address RAM is also loaded. This map address pointed to by the ID
tag during broadcast transfers is loaded into the FIFO along with the ID tag and data. It is
then a pointer to one of 2048 sets of parameters, stored in operational store RAM, required
to build and keep track of that particular array or buffer.

On the output side of the FIFOs is the bit slice processor circuitry. The processor is a
32-bit device with an ALU, and microsequencer, executing microprogram instructions
stored in its microcode PROMs. All output buses are routed through the ALU to an output
register. The ALU has access to the operational store RAMs, the time word, the captured
ID and data words, a 16-bit Mercury Bus read/write register, and a 24-bit base address
register written into by the host during command transfers. In this way the processor can
perform arithmetic logic functions on not only the DMA addresses and the operational
store RAM parameters, but also on the data if required.

A variable length clock generator controls the microinstruction cycle length. Each
instruction’s cycle length is selected by 3 bits of the microcode. The majority of the
instructions can be executed in 100 nanoseconds (10MHz) with the minimum and



maximum being 75 and 175 nanoseconds respectively. Depending on the algorithm, the
processor can run at an average of 7 to 10 MIPS.

STANDARD ALGORITHMS

The microinstructions for the algorithms run by the processor are stored in the microcode
PROMs. This makes the module easily adaptable to specific array buffer building
situations. Standard algorithms provided with this module support sequential mode,
straight external mode, current value table building, single parameter array building, and
block parameter array building. These algorithms will support most computer functions
required by the host, such as data logging, array processor buffer building, current value
tables, and data buffers for inter-computer transfers. Each of these algorithms are
explained in greater detail in the following paragraphs. Array buffers built by the single
and block parameter array algorithms are illustrated in figures 1 and 2.

-Sequential Mode Algorithm

The sequential mode algorithm is used for data logging or archiving. This is the only non-
DMA mode. In this algorithm the CPI007 processor does no host memory address
calculations. The CPI007 passes each captured ID tag and data value directly to the host in
two 32-bit transfers. The first transfer consists of the fine time (16 LSBs of the 48-bit time
word), and the 16-bit captured ID tag. The second transfer consists of the corresponding
32-bit data value. When enabled, major time word transfers can also be merged into the
data stream on the occurrence of an external trigger pulse.

-Straight External Mode Algorithm

The straight external mode algorithm is basically a CVT-type algorithm. This is a DMA
mode with host memory addresses provided by the CPI007. In this mode the parameters in
the operational store RAM are not used. A base address is loaded into a register (base
address register) in the CPI007 by the host. The captured ID tag is then converted to an
offset and added to this base address to get the physical memory location. This physical
address is then sent to the host along with the measurement in two 32-bit transfers.

This algorithm makes the module upword compatible to previous AMS computer interface
modules. The algorithm could also be used in systems with large numbers of CVT values
which exceed the 2048 that can be stored in operational store memory. This approach
requires a ridgid ordering of data within the host buffer, with any changes in this order
requiring the user to reprogram the ID tags in the subsystem. Reprogramming of ID tags
can be time consuming and may affect many of the processing modules in the subsystem.



-Current Value Table (CVT) Mode Algorithm

The CVT algorithm is mainly used by the host computer for display purposes. In this
algorithm the Mercury Bus ID tags are used as pointers to one of 2048 physical host
memory addresses stored in the operational store RAM. The ALU is then mapped to one
of these physical addresses. Because the Mercury Bus ID tag is just a pointer, physical
host addresses for CVT measurements may be changed very easily by changing them in
the CPI007’s operational store memory without having to reconfigure bus ID tags. If time
tagging is selected, the CPI007 will output a 32-bit major time word to the location in host
memory immediately following the measurement.

-Single Parameter Array (SPA) Mode Algorithm

The SPA algorithm is basically a CVT with depth. This buffer is used to keep a history of
EU-converted measurements in the memory of the host for display. The Mercury Bus ID
tags are pointers to 2048 sets of operational store memory parameters used to build the
array buffer. During module setup for each array, the user must program the physical host
computer start address and word count (depth of array). The SPA algorithm then generates
and maintains the correct memory address where that particular sample is to be stored.
When the array buffer length is reached, the SPA algorithm will begin overwriting the
samples at the beginning of the buffer area. The CPI007 will also provide a current value
pointer for each of the array buffers that have been defined. The current value pointer
resides at the first location of the array buffer, and indicates the location within that buffer
of the last parameter sample transferred. The current value pointer for each buffer is
updated with each sample transferred to that buffer. If time words are enabled, a 32-bit
major time word will also follow each array sample. The array buffer for each
measurement will then consist of a data sample followed by a time word.

-Block Parameter Array (BPA) Mode Algorithm

The block parameter array algorithm will build a buffer made up of a group of defined
measurments that are repeated in the array. This algorithm was used by one customer, for
example, to recreate in host memory each input stream with its EU-converted
measurements. The BPA algorithm permits up to 64K unique measurements to be defined
as a group, and up to 64K repetitions of this group to be defined as a block. Up to 2047
block buffers can be built in host memory. The captured Mercury Bus ID tag is a pointer
to one of 2047 sets of parameters stored in operational store memory used to keep track of
the buffers. The algorithm can be programmed with a start ID tag that will determine the
first parameter within each group to be transferred to the host. This will enable the
measurements within the group to be synchronized. If time words are enabled, this
algorithm will place a time word at the last location of each group upon completion of a



group. Along with the array of measurements, an historical array of groups completed will
also be built. This array will contain the history of the groups completed. Upon completion
of a group, the group number and block identifier will be written to the historical array.
The historical array is also supported by a current value pointer of the array. This pointer
indicates the last updated location in the historical array. This allows the user to easily
determine which groups in which blocks are complete, so that they may be processed or
possibly passed to a special graphics subsystem. The CPI007 can also be programmed to
generate an interrupt after N numbers of groups are complete.

Non-standard Algorithms

The flexibility of this module is best realized in situations where the specific application
does not fall into the category of any of the standard algorithms. In these special cases
non- standard algorithms are written to provide a solution to each unique application
problem. In the following paragraphs one specific application problem and its solution
through microcode change is described.

-Non-standard Application Problem

One example of a microcode solution to a non-standard application problem was
formulated for a system having multiple data streams being played back from tape. Along
with the data on each of these tapes, IRIG time was also recorded. Each stream was fed
into a frame synchronizer and a time code translator. A frame mark signal from each frame
synchronizer would merge a time word with a unique ID tag onto the Mercury Bus from
the time code translator. The problem was that the external hardware could only
synchronize these tapes to within one second of each other. The user wanted AMS to build
several ring buffers in the host memory that would store up to a second’s worth of data.
AMS was also required to devise a strategy for their software to easily correlate these
buffers with time.

-Non-standard Application Solution

The solution to this problem was an algorithm similar to the Block Parameter Array
algorithm. In this algorithm each stream of data would be stored in its own ring buffer in
host memory. Each frame of data would be identified as a group. Group boundraies would
be distinguished by the CPI007 using the unique time word ID tag, output by the time code
translator on frame mark, for that particular stream. Along with these measurement buffers
an historical array of groups complete would also be built. This array would contain the
history of groups complete, along with the time word associated with each unique ID tag.
The CPI007 could also be programmed to interrupt after receipt of N number of unique ID
tags. The host could inspect the history array buffers stored time words, along with the



completed group identifiers, and correlate each group with time. The host software could
then process groups of data in chronological order.

CONCLUSION

The CPI007 Intelligent Array Builder Interface is a flexible and powerful tool that provides
standard algorithms that meet most system application needs. Because of its EPROM-
based, bit slice, microinstruction-driven architecture, this module can be easily adapted to
solve any specific host computer data organization application problem. For many of the
newer, real time, high throughput systems, the savings in processing time far surpasses the
implememtation cost of the device.
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ABSTRACT

In this paper, a programming parallel real-time process data flow telemetry system is
presented. What we developed recently is a advanced telemetry system which can process
multi-data-flow of multi-target for mulit-user at the same time. It can be used in RPV,
missile and others. Its main characteristics are as follows:

Input radio frequency is S wave band (multi-dot frequencies).

In telemetry front-end, the chip microprocessor is used to make demodulation and decode.

Telemetry preprocessor consists of parallel distributed chip microprocessor mould plates
(bus link).

There are menu shope man-computer dialogue, figure display, intelligence display and
intelligence self-diagnosis in this system.

Now, we have developed data compress mould plate, floating-point arithmetic mould
plate, derive calculation mould plate and signal process mould plate etc.

The main computer is VAX-II.

KEY WORDS:  data flow, telemetry preprocess, mould plate

INTRODUCTION

In order to meet the new needs of controlling multi-RPV or multi-missile at the same time,
we developed this system which is a telemetry subsystem in a multi-function Remote
Control/Telemetry/Direction Integrated System. Remote control subsystem takes TDM
system. It is only when targets recognize their address codes that they can receive remote



control command codes separatly. Telemetry subsystem takes FDM system. Different
radio dot frequencies in S wave band divide different targets. Now, target numbers are 4.
This system is set in a equipment vichel with the other equipment.

SYSTEM CONSIST

System consist is shown in figure 1.

This system consists of high frequency width band amplifier, carrier demodulation,
intermediate frequency loop amplifier, subcarrier demodulation and decoder, preprocessor,
monitor and real-time processing center. Signal of all targets may, at the same time, come
into high frequency amplifier in ground station. Signal of every target is divide by way of
seting up one first local-oscillate frequency, four first intermediate frequencies
corresponding to four targets, four second local-oscillate frequencies and one second
intermediate frequency in the telemetry receiver. Signals divided enter appropriate
demodulation-decoder in which four chip microprocessors are used to make signal of four
targets demodulated and decoded by softwave programming and to follow change of
modulating system (DPSK, FSK, etc.), subcarrier frequency and sampling rate
synchronously. The preprocessor consisting of chip microprocessors packs data flow to
send these data packages into appropriate main computer RAM by DMA method and
processes some data packages the remote control needs to display results processed on
CRT and print them. Real-time processing center gets data packages from main computer
RAM to process them and to print and store results processed by a VAX-II computer.

TELEMETRY PREPROCESSOR

The telemetry preprocessor is shown in figure 2.

The preprocessor consists of four parts i.e. the data input part, the data process part, the
control part and the output part. They are linked up with three buses i.e. a micropressor
bus, a common data bus and a control bus. The common data bus rate is 4 Mw/s (32 bit/w,
16 bit data, 16 bit address). Because the preprocessor is mould plate construction and bus
system, it is easier for users to extend the system.

The preprocessor can receive PCM data flow, PAM data flow and analogue data flow by
appropriate interfaces. The data input part includes dynamic analogue signal generator,
input buffer, bit synchronizer, frame/subframe synchronizer, data assigner, time-code
generator and quantizer etc.

The dynamic analogue signal generator can output a serial PCM data flow which is made
to calibrate the system and self-check.



The bit synchronizer can automaticly compensate input signal base-line variance and range
variance. Its main performances are as follows:

Input data flow:   LE. 4
Input range:  1 -- 20 v (LT. 30 v)
Input code from:  NRZ -- L.M.S., Bio -- L.M.S., DM -- M., SRZ, RNRZ -- L
Input code rate:   8 bit/s -- 4 Mbit/s
Loop band width:   0.1% -- 2.0% of coad rate
Follow-up ability:   0.1% -- 20% of code rate
Locking time:   LT. two data time

The frame/subframe synchronizer can adapt word lenth change coming from airborne
equipment. There are three subframe synchronizing forms. The maximum and minimum
error tolerance can be changed by programming. There are the return capacity to one bit
code sliding under the inertia synchronization and sub-subframe capacity. Its main
performances are as follows:

Input data flow:   10 (positive direction or negative direction)
Frame format:   16 formats
Subframe format:   16 formats
Input code rate:   15 Mbit/s
Word length:   2 -- 18 bit (variable)
Bit sliding:   LE. 7 bit
Subframe length:   1 -- 256 frame
Frame synchronization code length:   LE. 64 bit (variable)
Subframe synchronization code length:    LE. 64 bit (variable)
Frame synchronization logic:   three-state logic
Subframe synchronization logic:   two-state logic

The data process part make multi-data-flow merge, time mark, overlimit check, data
compress (in limit or out limit), bit compress, increment compress, slope compress, data
pack, data classify, data calculate, unit transform, symbol set, frame synchronization code
and subframe synchronization code assign and logic operate etc.

By control of a 8086-CPU microcomputer, the control part consisting of CRT, keyboard,
store (148K word) and I/O interfaces (extensible) can set up the preprocessor states which
are displayed on CRT in the shape of menu. Microcomputer rate is 5 MHz. Floating-point
arithmetic rate is 30 KHz.

There are three output form in the output part i.e. analogue output form, digital output form
and DMA output form.



Analogue output voltage:   +10v or +5v
Resolving power:   15 bits
Accuracy:   +1 bit
Digital output TTL level:   “1” GT. 2.4v “0” LT.
Digital output channel:   operator choice
DMA output form:   parallel 32 bits or 16 bits
DMA output rate:   1.42 MHz

REAL-TIME PROCESS CENTER

The real-time process center is a VAX-II computer, It only make the work of real-time
processing data or of real-time storing data in the disks so as to process them after the
event.

FIGURE DISPLAY & INTELLIGENCE DISPLAY

There is a figure display & intelligence display mould plate which is controlled by a chip
microprocessor. We make use of the direction data transmitted to the preprocessor by
telemetry channel bcontrol the variation of a aircraft (or a missile) figure on the corner of
CRT. When the data processed by preprocessor and the data of self-diagnosis are over or
below safe limit. These data are displayed on an area of CRT. At the same time an alarm
rings.

FIGURE 1



FIGURE 2
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ABSTRACT

Dramatic increases in telemetry data rates and sources require test engineers to view and
digest real-time data in order to make cogent decisions about whether to continue or
modify flight tests. Traditional telemetry systems offer limited insight through a myriad of
strip charts and alphanumeric displays. Attempts to improve this human interface
employed expensive central superminicomputers and display systems. Although these
methods have been successful, development and procurement costs and delays have
limited their deployment. Recent advances in low-cost standard display, processing, and
network technology have led to the development of the System 500.

The System 500 employs a distributed architecture. Independent, relatively low cost, high-
resolution color graphics workstations connect to the data acquisition and processing
subsystems via Ethernet.* Each station is independent, requesting and then receiving only
data for display. The combined ability to physically display and update only a few hundred
parameters, each at relatively few samples per second makes Ethernet and standard upper
layer protocols ideal for this application.

The state-of-the-art human interface lets users select or mix a variety of methods to create
and modify display contents, including: choosing from a list using arrow keys or a mouse,
moving a scroll bar to pan through parameter files, or entering commands via keyboard
where response anticipation reduces keystrokes to those uniquely defining a choice. A
repertoire of graphic window displays is available to present real-time and static data
concisely in analog and alphanumeric formats. Window size, location, and color have been
chosen to focus attention rather than beautify. Standard windows and accent colors direct
user attention to specific areas without cluttering and distracting.



INTRODUCTION

During a survey of telemetry centers across the nation, a need became apparent for
affordable mechanisms to improve the presentation of raw and processed telemetry data.
Existing systems frequently included paper strip charts driven by telemetry front ends or
host computers, which were also consumed with driving alphanumeric monochrome or
character-oriented color displays. The host’s resources were often limited by data
processing and data management activities or were shared by peer organizations. The
host’s central processor periodically transmitted data to each terminal from the contents of
a current value table (cvt) that was in turn updated from the system’s front end.
Additionally, the host processed selected raw parameters and placed results in an
expanded cvt. This centrist architecture limits the number of parameters observed and
terminals supported, restricts real-time parameter analysis, and reduces flexibility in
modifying system setup. The almost simultaneous advent of relatively inexpensive Local
Area Networks (LAN), color graphics workstations, human interface techniques, standard
graphics development tools, and very high performance microprocessors made possible the
next generation of display system technology that is incorporated in the System 500.

SYSTEM ARCHITECTURE

The System 500 is a distributed architecture, real-time telemetry data acquisition,
processing, and graphics display system. Data transfer from point of capture, to
decommutation, to real-time processing by traditional or user-created algorithms, and
finally to the display subsystem or to storage on very high performance media occurs via a
single high-speed logical bus specifically created for the uniqueness of telemetry
applications (Figure 1). This is the MUXbus, a parallel data flow bus, that transmits each
parameter as a single token consisting of a 16- or 32-bit data word and a 16-bit tag
uniquely defining its source. The overwhelming majority of acquisition devices produce
single word values, thus a perfect match of bus structure to data. In those applications
requiring multiple data words, multiple tokens are employed. Receiving devices on the
MUXbus simply acquire multiple unique tagged tokens to construct the complete
measurement.

The MUXbus is also a broadcast bus; any device on the bus can be set to acquire specific
tokens. Multiple devices acquire data simultaneously (Figure 1). This can be compared to
traditional computer buses moving data through memory from or to a single device
(Figure 2). Separate transfers are required to move the same data to multiple locations. The
System 500 philosophy is to include the entire device as one or more cards in its chassis.
Bit syncs, decoms, quantizers, analog and digital ports, MIL-STD-1553 bus interfaces, or
interfaces to the display subsystem’s network and many other devices are on the MUXbus 



and housed in the same chassis. Only large mass storage and display devices are relegated
to the outside.

Data manipulation and reduction are accomplished in one or more Field Programmable
Processors (FPPs), each incorporating a high-performance RISC architecture numerics
microprocessor with a matching floating point processor. Each set produces a peak
throughput of 8 times the performance of a VAX+ 780 FPA (as per the Whetstone
benchmark) or over 25 times the LINPACK benchmark. Applications assigned to the FPPs
include data compression, decommutation of asynchronous embedded or packetized (e.g.,
Daniel 90) data, wild data point removal, traditional signal processing (i.e., FFT and
filtering) and maintenance of the system’s current value table.

Three programming alternatives are available to develop application suites: (1) selecting
one or more standard algorithms from a large repertoire; (2) defining algorithms through
algebraic notation, including use of transcendental functions and parameter names; and (3)
using high-level languages such as C and Fortran plus assembler for the utmost single
processor throughput. Multiple processors may be employed as throughput increases.
Source independence makes the application of parallel processing an elementary task,
since the path of algorithm computing is independent. Pipeline processing is another
parallel processing technique for increasing computing power. Here multiple processors
are logically connected in a pipeline (i.e., intermediate results are produced as tokens, with
new tags, for acquisition by the next processor). As intermediate results are output for the
next processor, the first processor can begin work on new data.

One of the Field Programmable Processors is dedicated to maintaining the current value
table in addition to processing algorithms. An FPP can also be dedicated to large display
networks. Thus the reliance on a host computer is diminished by distributing the
acquisition, processing, and display functions.

Individual color graphics workstations are dedicated to presenting independent information
to the engineers and analysts monitoring the test. Each workstation is equipped with a 19"
color display, mouse, disk storage, and Ethernet interface. The workstations and System
500 chassis are tied together via a standard Local Area Network - Ethernet. Although only
30% of the 10 Mbit/sec speed of Ethernet LAN’s theoretical throughput is typically
attained, it is more than adequate, for only compressed display data is presented to each
terminal. Each chassis subsystem includes an Ethernet Processor to capture data requested
by the workstations for display and to receive module setup instructions. The network also
provides access to share expensive or relatively unused resources such as printers.



HUMAN INTERFACE

The robust color graphics workstations now available make an ideal platform for the
human interface. Extensive employment of a mouse as a pointing device, multiple
windows, and pull-down menus make setting up the entire system and viewing data
virtually intuitive. Operators of each station can view data and function independently as
befits their function. A general display format optimizes information recognition for
operators circulating among the data center’s terminals. The top 20% of the screen
contains annunciator panels presenting current values for key parameters and/or
subsystems status. Background color determines the relative state of each parameter and
stream. For example, blue, amber, and red indicate parameters are within limits, caution
(approaching limits), and out of limits, respectively. Blue, amber, orange, and red
backgrounds are indications of decommutator status: in lock, verify, check, and search,
respectively. Parameters and streams displayed can be predefined and stored as part of
system setup or individually changed at any time. Clicking the mouse (moving the mouse
so its screen cursor covers the desired area and pressing its button) over a panel brings
down a menu listing of the parameter base. (Of course only a small portion of the data
base is displayed, one can scroll through the entire base or move quickly to an area of
interest.) A click selecting the new parameter and a second click confirmation replaces the
contents of the panel. Figure 3 portrays status of parameters and data streams. The upper
right-hand corner contains the terminal user’s name, test being performed, and time (e.g.,
wall clock, time of test, elapsed time, or unique variable recorded in the data stream). The
size and distribution of this area are easily changed to reflect the system’s configuration.

Immediately below the status panel is the command line used to set up the display and
view the overall status of data alarms and system errors. Clicking on the command window
(the left side of the command line) creates a menu of possible commands; clicking on the
choice of interest executes the command or brings the next level or portion of the
command into view. These “clicks” continue until the entire command is created and
executed. Alternately the keyboard can be employed to create the same command. The use
of type-ahead logic limits keystrokes to only those required to define the command
uniquely. Inappropriate keystrokes are immediately met with an audible negative feedback.

The remaining two thirds of the command line are divided between data alarm and system
alarm status. Each of these two areas show whether they are armed (i.e., will the system
report or ignore the existence of an error or alarm) and how many alarms or errors have
occurred since the file was purged. A separate display window lists parameters exhibiting
alarm conditions (created since the previous reset) can be called up at any time. The user
can view alarms by scrolling and sorting contents. A history of each parameter indicates
condition, number of occurrences, and first and last occurrences.



The remaining screen contains up to four visible windows for displaying data, defining or
setting up the system, developing algorithms, or analyzing data using workstation
resources. Other windows may be hidden (or stacked) ever ready to be brought on top for
display. Visible windows can be moved about via dedicated keys as desired. Thus a
predefined window presentation may be brought quickly into view. The window types
developed include:

Strip Charts

Four electronic versions of the ubiquitous paper output medium. These may be used to
depict slowly sampled data (less than 200 samples/second). One version displays up to
four signals, each contained in a separate horizontal band; smaller bands within this larger
one define unique tolerance limits. A double window width version of the same display
allows viewing of twice the data without changing scale. A third version fills the entire
viewing area with up to 10 signals. Like the paper strip charts, all monitored parameters
move at a uniform speed, which can be changed at any time. Similarly, each window is
equivalent to another recorder that can be independently set to reflect the characteristics of
the parameters. Figure 4 is an exploded view of the time plot or multichannel strip chart
(where each “pen” can ramble across the entire field much like a chart produced by a flat
bed plotter). The color is different for each parameter being plotted.

This presentation typifies the philosophy of the System 500 graphics windows. At the top,
a subcommand line enables the user to define the contents of a display window previously
opened via the command line. The central portion contains the analog data. The width of
the line or selectable color specifies the parameter displayed. The x axis defines absolute
time values scrolling across the screen in synchrony with data or in a relative format as
shown in the figure. Clicking the small panel at the right of the axis controls the time scale.
Graphic displays can be frozen, scrolled to-and-fro, or cross-hairs can be brought into play
to obtain differential or absolute measurements, or time can be displayed. Color is user
selectable and envisioned to highlight abnormalities, analogous to the annunciator panels.

Gather n

For data greater than 200 samples per second. Here a defined number of samples are
collected and then displayed. Due to the speed of the signal, only a periodic sample of data
is viewable. Reviewing all data would require extended time, perhaps after the test.
Alternatively, certain predefined conditions could initiate saving data to a file for review.
The Power Spectral Density (PSD) algorithm employs a version of this display. Hear the
sample axis is replaced with the frequency spectrum. The small panel at the right end of
the abscissa controls the number of samples collected.



Cross Plot

Two parameters are compared, each occupying a single axis. This display also
incorporates the ability to freeze the presentation and move two cursors to determine exact
values and differences on both axes.

Alphanumeric Displays

Scrolling (viewing current and previous values) or displaying (current value only)
parameters alphanumerically, plus a variety of system setup and administrative function.

Bar Chart

Appears as eight vertical gauges, each showing the current value as the proverbial
bouncing ball. The color of the bar denotes limits. The range and units of each chart are
also listed.

Annunciator Panels

This is at quadrant size equivalent to the status panel. It allows viewing of the maximum
number of parameters simultaneously. The background colors instantly inform users
whether the data is within predefined limits.

Parameter Display

Continuously presents the current values of selected parameters in a tabular format. The
values are presented in both engineering units and binary form.

Alarm Display

Presents a list of all parameters that have exceeded preset boundaries since the previous
clearing (zeroing out) of alarms. Information displayed for each affected parameter
includes initial and current out-of-limit values and occurrence, and the number of
occurrences of the alarm.

Define Parameter Display

An example of processed parameter definition appears as Figure 5. These linked displays
define those prime parameters required to create the resultant parameter and which
modules will acquire the resultant data. This is the mechanism for defining and linking the
processing algorithms, including those called from a library or created in algebraic



notation, specifying upper and lower values for each limit level and the colors associated
with their presentation on displays.

List Parameter Display

Allows the rapid perusal of the thousands of parameters that may be defined for a test. It
provides the ability to sort parameters by name, number, source, and type. A scroll bar
offers fast review of the entire data base.

Configuration Display

As part of the power-on system diagnostics, a file is created to verify proper configuration
and operability of the System 500. The display presents this information in a tabular
format.

Administrative Displays

Administrative displays include system setup, defining user security levels, audit trails to
enable posttest critiquing of information and operations utilized during a test, setting the
system clock, and access to the operating system.

In addition to the window manipulation via the mouse and keyboard, user-programmable
keys recall macros to reproduce keystroke sequences.

Security is a vital issue in the daily operation of the system, whether to prevent accidental
destruction or modification of a data base or to limit the ability to scrutinize data. Five
privilege levels attached to each user’s logon control access. The lowest limits operation to
the use of function keys while the highest is relegated to a “super user” with access to all
nonencrypted files.

IMPLEMENTATION

Implementation and future enhancement of the System 500 was expedited through the use
of standards and off-the-shelf components. The numerics microprocessors manufacturer
supplied and supported standard compilers and development tools. UNIX, perhaps the
most transportable operating system, is employed on the workstations. The graphics
software tool X Window System tremendously accelerated the display and the “human
interface” applications development and virtually eliminates the task of transporting the
system to other types of workstations employing the same tools. Ethernet, as a display and
system control local area network, permits attachment of external computers to the system.
Finally the VMEbus, serving as the administrative and display data bus in the hub chassis,



offers the opportunity to incorporate relatively slow, standard off-the-shelf controllers for
such tasks as magnetic tape storage and mass storage.

CONCLUSION

The System 500 enhances the state of the art in user interfaces. It is an ideal platform to
meet testing requirements today and can readily be expanded to meet planned, or even
unexpected, growth tomorrow.

*  Ethernet is a registered trademark of the Xerox Corporation.
+ VAX is a registered trademark of Digital Equipment Corporation.
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Figure 1.  System 500 Data Flow Bus Architecture with
Separate Control and Display Bus



Figure 2.  Traditional Flight Test System Architecture

Figure 3.  Color Graphics Workstation Display



Figure 4.  4 Pen Strip Chart (Quarter Screen)

Figure 5.  Processed Parameter Development



STATIC RAM DATA RECORDER FOR FLIGHT TESTS

D. C. Stoner and T. F. F. Eklund
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ABSTRACT

A static Random Access Memory (RAM) data recorder has been developed to recover
strain and acceleration data during development tests of high-speed earth penetrating
vehicles. Bi-level inputs are also available for continuity measurements. An iteration of this
system was modified for use on water entry evaluations.

INTRODUCTION

The Recorder stores digitized data in on-board, static RAM. It has a full eight bit half flash
analog to digital converter to service up to 32 channels of analog data with an additional
16 channels of bi-level inputs. All control circuitry, signal conditioning, power supply
module, and memory are contained in one seven inch diameter, four and one half inch long
cylinder that weighs less than 10 pounds. (See figures 1 and 2 for mechanical assemblies.)
This is larger in diameter and relatively shorter than most previous earth penetrator
memory systems. The large diameter that was expected to be a problem with the axial g
forces has not been a problem in tests completed thus far.

The earth penetrator version of the recorder stores 204.8 milliseconds of data in the
655,360 bits (81920 bytes) of CMOS RAM at a rate of 400,000 samples per second.
However, in the water penetrator version, the record rate may be pre-selected to change up
to three times during a flight to significantly increase the record time and up to four
different formats may also be pre-programed.

Once the system is recovered, the data is off-loaded in either a parallel form (682.5 bytes
per second) into a computer or serial form into a PCM decommutator at 5460 bits per
second. The ability to store synchronization in the memory or to insert sync post test is
also available, along with the option of basing the format on 192 or 256 words per frame
to best utilize the desired number of channels and frequency response on any given test
vehicle.

Key-words:  Random Access Memory (RAM), Data Recorder, Acceleration.



OVERVIEW

The system power is an on-board +18 volt rechargeable nickel cadmium (NiCad) battery.
The major portion of the control circuitry is implemented with the CD4000 series CMOS
integrated circuit (IC) logic powered by +5 volts. Each system control command is
initiated with +28 volts and a mode monitor is provided to verify the systems mode of
operation; i.e. reset, armed (continuously writing into memory), triggered, or reading
(playback). System clocks are based on free running, astable multivibrators with the
frequency dependent on the RC time constant selected. Record and playback rates are
independent of each other and use separate circuits to generate the desired frequencies.

The various inputs are selected according to a pre-determined format via a look-up table
programmed in the fuse link Programmable Read Only Memory (PROM). The PROM
provides the address and enable signals to the two 16 channel CMOS analog multiplexers
and the two eight bit digital latching buffers. The multiplexed analog signal is converted to
an eight bit digital representation and stored in the next available memory location. Once
the maximum memory address (81920) has been reached, the address generator resets to
zero. That is, a new set of data is constantly being written into memory until a trigger
signal is received. The trigger signal allows a counter to time out which subsequently halts
the writing process, thus saving the pre-determined amount of pre- and post-trigger data.

The RAM is implemented with ten 64K HM-6264 small outline packages. (See figure 3
for RAM board. ) The stored data is retained by a back-up battery until the vehicle is
recovered and the recorder package removed. A read command may now be initiated to
output the data in either serial or parallel format. (See figure 4 for a block diagram of the
system.)

SYSTEM POWER

The recorder will run in a range of +14 to +20 volts dc. The external power is diode
coupled into the main power bus and upon turn-on produces a power-on-reset function.
The internal power consists of five 3.6 volt NiCad batteries (VB 30) connected in series to
produce +18 volts. The internal battery is also diode isolated from the main power bus and
must pass through an explosive switch. The explosive switch is a one-shot squib actuated
type and is normally blown approximately five minutes before initiating a field test.

Firing the squib actuated switch also places the two 3.5 volt lithium thionyl chloride
(LTC-3PN) memory back-up batteries on the memory voltage bus. As the primary battery
voltage decays to approximately 10 volts, a power shut down circuit triggers, turning the
five volt regulators off. This alleviates the excess current drain on the back-up batteries
that occurs when the primary battery drops to the level of the back-up battery. In the



power down mode, the back-up battery has provided memory retention of real shot data
for more than 60 days.

CONTROL AND MEMORY

All system control functions (reset,arm,trigger,read) are initiated by applying +28 volts dc.
The control signals are lowered to +5 volts via a simple resistor network voltage divider.
The purpose in using +28 volts for the control functions is so that no other voltage
available to the recorder (i.e. internal or external power) is high enough to initiate a control
function.

The “Reset” function, which may be initiated any time provides output disables to the
various latches and reset or clear signals to the flip flops, counters, and multivibrators. The
reset command must be removed prior to activating any other commands.

When the reset is followed by an “Arm” command, circuits are enabled or preset to
specific states. As the binary counter changes from the maximum count of 8191 back to
zero, the decade counter (memory chip select) increments one count. When the decade
counter reaches it’s maximum count, which selects RAM chip #10, it too resets to zero,
thus selecting RAM chip #1. In this mode, recycling of the memory address generator
provides for continuous updating of new data in the RAM.

The “Trigger” command can be initiated by either an external command or an internal
source. An internal “trigger” requires sufficient acceleration in the proper direction to
overcome the bias level preset on a comparator. This signal comes from one of the signal
conditioning circuits monitoring an x-axis accelerometer and normally triggers at
approximately 1000 g’s for an earth penetrator test.

A “Trigger” signal allows the pre-settable counter to start counting every other frame of
data. When the counter reaches it’s terminal count of zero, it provides a carry out signal
which stops the system from writing into memory. The counter pre-set value determines
the number of pre-trigger frames that are retained in memory.

To retrieve the data stored in RAM a “Read” command is continuously applied. Each time
the “Read” command is initiated, RAM address zero is output first regardless of where the
last write or read was terminated. The two methods of playback available to the operator
are serial and parallel. Serial mode is chosen when the user desires to look at the data on a
PCM decommutator and is initiated by applying both “Read” and “Serial” commands.
Putting the system in serial playback mode outputs 5460 bits per second of NRZL data
with three words of synchronization at the beginning of each frame. These sync words
replace samples of gage data and are superimposed in the pulse train without changing the



actual value of the sample stored in RAM. However, the option to store sync in memory
during the record mode is available.

The parallel data mode is used to down load the contents of memory to a computer.
Parallel data is output at 682.5 bytes per second and does not require sync words because
with the RAM address zero being selected first, the computer can keep track of all channel
positioning. The computer performs all decommutating operations and produces plots of
each data channel with engineering units conversion already applied.

The multi-format, multi-data rate requirement for the water entry program necessitated
some modifications. The new requirements were met by adding a second PROM with its
own address generator, a counter with a set of jumper options, and some additional logic
gates. The PROM address generator is held at a count of zero until a “Trigger” signal is
initiated, then increments one count every other frame. Hence the PROM can change
formats or data record rates on any even count of frames.

SIGNAL CONDITIONING

The signal  conditioning is designed to accommodate three different types of data
channels. These include acceleration, strain, and bi-level information. The existing circuits
have also been modified to monitor voltage (i.e. system power) and channels with external
signal conditioning.

The  accelerometer  signal  conditioning  is  designed  for  constant  current  type
accelerometers with the output ac coupled to the amplifier input. The amplifier output is
biased at mid-scale to facilitate monitoring positive and negative acceleration.

The strain gage monitor circuit is a 1/4 bridge type circuit for a 1000 ohm gage as one leg
of the bridge.

The filtering network in each signal conditioning circuit consists of a four-pole Bessel
filter. The selection of the filter frequency is based on five samples per cycle.

FIELD TESTING

During 1986-87 the recorder was flown on seven earth penetrator type shots at Tonopah
Test Range. Six vehicles were shot out of the Davis gun into Antelope Tuff (hard rock) at
velocities ranging from 1140 feet per second (fps) to 2135 fps at impact angles of 45 and
60 degrees and angle of attack ranging from 0 to 2 degrees. Depth of penetration was
seven feet on the slow delivery vehicle and 13 feet on the highest velocity shot. There was
one 2-stage Genie rocket shot, also into the Antelope Tuff target, that achieved a velocity



of 2125 fps. The impact angle was 60 degrees with an angle of attack of less than two
degrees, and the depth of penetration was over 27 feet.

Three water entry vehicles were deployed into the Barstur Hydrophone Range off the
coast of Kauai in April/May 1987. Two were single stage Nike rocket boosters that had
velocities of 1000 fps and the third was a 2-stage Nike/Genie rocket booster that impacted
the water at 2000 fps. The impact angles ranged from 25 to 75 degrees with an assumed
angle of attack of zero.

PROBLEMS

The NiCad battery has either failed completely or experienced a transient reduction on
almost every earth penetrator test. The transients were monitored by a dedicated data
channel. An improved battery is required to improve the reliability of the system.

CONCLUSION

A RAM data recorder has been implemented that acquires and stores acceleration, strain,
and bi-level data in the severe environment of earth penetrating weapons. The system has
also been modified to acquire similar data over longer time periods in water entry
environments.
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FIGURE 1  RECORDER READY FOR INSTALLATION IN TEST VEHICLE

FIGURE 2 STACKED BOARDS PRIOR TO INSTALLATION IN CASE



FIGURE 3 MEMORY BOARD
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ABSTRACT

Mission safety and cost-efficiency concerns have resulted in a resurgence of interest in
real-time strip chart recorders. But conventional recorder technologies require inordinate
maintenance and daily calibration. Attempts at strip chart emulation involving costly
dedicated microcomputers and CRT’s have failed, because the chart itself is not real-time,
a basic requirement. The concept of an inexpensive, direct digital link to a telemetry
processing computer (VAX, e.g.) is discussed. A thorough examination of real-time
monitoring of critical, non-repeatable data is presented.

Objectives:  An automated, turn-key telemetry data system. Reduce the routine
maintenance required by conventional recording systems; eliminate the need for digital-to-
analog converters (DAC’s); and improve the efficiency of range personnel and the integrity
of recorded data.

Key Words:  digital strip chart recording; telemetry recording; direct digital link.

INTRODUCTION

Today’s telemetry range facilities are a curious contrast of old and new technologies.
Modern high speed computers and digital signal processing equipment have made data
recording and analysis faster and easier than in the early days of range telemetry. But most
facilities employ some or all of the same chart recorders acquired during the Mercury,
Gemini and Apollo missions...or even earlier. These instruments are always the weakest
link in any system of which they are component. The problem all along has been a lack of
an acceptable alternative. Let’s look at the prevalent technologies available today:

 Stylus recorders (see Figure 1), have been the standard since the early days of telemetry.
They offer eight 40 mm wide channels, immediate viewing of the waveforms, inexpensive
and permanent chart records, and acceptable size/cost. Drawbacks include their inability to 



Figure 1.

accurately portray signals above 60 Hz full-scale, constant maintenance requirements, and
weak computer interface implementation. They require DAC’s to convert digital telemetry
data to analog form.

Optical recorders (see Figure 2), have much higher frequency response/chart speed
capabilities than stylus recorders, but are inferior in every other way. The chart requires
several minutes to develop, so trace viewing is not immediate. Channels are small, blotchy
in appearance, and fade when exposed to normal light. Photocopying erases them. The
chart paper is prohibitively expensive, and has a short shelf-life. They also require DAC’s
to convert digital telemetry data to analog form.

Figure 2.



Electrostatic recorders (see Figure 3), eliminate several of the deficiencies of optical
recorders, especially the chart paper cost issue. They employ a photocopy technique with a
wet toner to create images on a moving chart. But the charts are not wide enough to allow
for eight ~ 40 mm channels, a basic telemetry requirement. Frequency response is quite
good. Toner is messy, and maintenance costly. Computer interfacing is usually
implemented well, but chart visibility is delayed by six to twelve inches. Real time
waveform viewing requires a CRT monitor, and the entire system is generally quite large
and expensive.

Figure 3.

Solid-state recorders (see Figure 4), have finally come into their own, offering eight 40
mm wide channels, immediate chart viewing (within 3 mm), and with little more cost or
space than required by conventional analog stylus recorders. Newer models offer a direct
digital link to a telemetry computer, and very high frequency response. Computer interface
implementation equals that of electrostatic recorders, and maintenance is reduced by the
elimination of nearly all moving parts, inks and toners.

Accuracy, Maintenance And Computer Control

Every day, today’s telemeterists face the same challenges their predecessors did in the
1950’s - drift-prone charts, non-linear stylus writing mechanisms, inaccurate chart drive
motors, mechanical hysteresis, and so on. Chart recorders still place the biggest demand on
a facility’s maintenance and calibration budget. Beside the financial strain, maintenance
problems jeopardize mission safety due to lost data. And few things are more stressful to
human operators than a chart recorder breaking down just before - or during - a critical
mission. Few conventional recorders already in service are computer-controllable, which
can further help to reduce the overcrowded, confusing conditions which occur during 



Figure 4.

important missions. Finally, conventional recorders can only accept analog waveforms, so
DAC’s are required, consuming budget money and rack space.

The proposed system uses a linear-array printhead recorder with a digital interface which
attaches directly to the data bus of most telemetry computer systems. Solid-state
technology increases accuracy and reduces maintenance. Styluses and most
electromechanical components are eliminated, and the entire system is computer-
controllable via RS-232 or IEEE-488 (GPIB). The recorder prints its own grid patterns
simultaneously with the data, eliminating data-versus-grid errors due to chart skew or
“drift”.

Range stations rarely have a lot of room to spare, so the proposed system does not take up
an inordinate amount of space. For example, three complete eight channel systems,
including chart paper take-up drawers or rewinders, can fit within a single 6 foot x 19"
RETMA rack enclosure.

Conventional Analog System

Figure 5 shows a block diagram of a conventional telemetry recording system using analog
chart recorders. Note the heavy dependance on human, manual operation of every
recorder. One or more DAC’s are required, depending on the number of channels being
recorded. DAC’s are programmed to send certain channels to the strip chart recorders.

Some modern analog stylus recorders can be controlled via RS-232 or GPIB to start or
stop recording, change chart speeds, and even do some printing on the chart via separate
thermal printheads located between the analog styluses. This removes one obstacle - heavy 



Example of a typical telemetry recording system using analog recorders with DAC’s.

Figure 5.

dependance on manual control - and replaces it with another: more electromechanical
parts! Interchannel text printers add complexity and set-up time, and often interfere with
the full-scale (or beyond) excursion of the styluses. Waveforms must be able to exceed the
edges of their grid patterns for two important reasons: to facilitate calibrating waveforms
to either grid edge; and enabling users to distinguish between waveforms which are “on
the edge” and those which are actually beyond it, but are unable to exceed the grid edge.

Recorders of any type must allow their waveforms to exceed the grid edges, or data
analysis is greatly complicated, and in some instances impossible. For instance, waveforms
are often positioned on the right grid edge in order to see positive(left)-going changes. In
this case, waveforms could not react to negative(right)-going changes since they are
already as far right as they can go. Negative-going changes are critical indicators that a
channel is not calibrated. Unless waveform excursion can be observed, subsequent
analysis of the recorded charts is suspect.

Direct Digital Recording System

Figure 6 shows a block diagram of the proposed direct digital telemetry recording system.
The “standard” chart format of eight 50 division channels (each approximately 40 mm
wide), has been retained. Eight waveform channels plus eight event markers can be 



Example of a turn-key telemetry recording system using recorders with a direct digital link

Figure 6.

received and recorded per recorder. Event Markers can be recorded in the margins
between waveform channels, or 100 character text messages may be substituted on an
individual channel basis.

Multiple recorders can be programmed to take different channels from the bus. Channel
selection can be changed at any time without interrupting recording. This function is
programmable via the GPIB control bus, or by the front panel. Although both RS-232 and
GPIB are fully implemented, GPIB is considered preferable, since it allows parallel control
of up to 15 devices on a single bus.

The parallel port consists of 32 input lines, a strobe input line, a ready output line, an
optional host-controlled ID/data select input line, and a common ground line. All interface
lines are TLL-compatible, but may be adapted to RS-422 via a differential/TLL,
conversion card. The digital input board allows recorders to attach directly to the 32 bit
bus and extract only those channels they have been programmed to look for. In the 32 bit
mode, the host simultaneously sends a 16 bit channel ID and a 16 bit data byte, latching
them onto the digital input board with the strobe input line.

In the 16 bit mode, the lower 16 bits are used to sequentially send a 16 bit channel ID and
a 16 bit waveform byte, latching them onto the digital input board with the strobe input
line. The host uses the data/ID line to indicate whether data are ID or data. A low on this
line indicates ID, while a high indicates data.
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This versatile input scheme allows the system to be adapted easily to most of the major
telemetry computer systems in use today.

Signal Viewing and Resolution

Chart viewing is immediate, since the printhead writing elements are only 3 mm (0. 12
inches) behind the chart exit. This is important in most range telemetry applications, since
human lives can hang in the balance. There is simply no substitute for immediate visibility
of traces as they are made by the recorder. At chart speeds above 25 mm/second, the delay
between printing and visibility is shorter than the average person’s ability to react
(#0.13 seconds), and is therefore insignificant. At lower chart speeds, normal chart
viewing can be supplemented with an LED display. The proposed LED array provides a
bright, continuous real time display of waveform amplitude changes. Finally, the chart exit
area is lit internally to reduce shadows and increase contrast.

Chart speed is selectable via the control interface, or manually from the front panel. The
system supports chart speeds from 1 mm/hour up to 500 mm/second, although 200
mm/second is the highest chart speed normally used based on chart resolution
requirements. If front panel control is used, the user may program several keys with the
most often used chart speeds for instant recall at any time. Despite the fact that data are
not analog, the front panel gain and zero positioning controls may still be used to adjust the
appearance of the waveforms. This may be defeated if not desired.

In addition to the eight waveform and eight event channels, the left chart edge is
continuously striped with IRIG day number and time, and the current chart speed. The
resultant time scale is also calculated and printed immediately following the chart speed,
as in:

The right chart edge is also continuously striped with a ninth event marker. This can be
actuated by front panel push-button, the GPIB control interface, or a rear panel
TTL-low/switch-closure jack. This ninth event marker is typically used to record IRIG
slow-code directly onto the chart.

High Speed Printing

The system can also serve as an 80 column page or line printer, with a print rate of 720
lines-per-minute. Upper and lower-case alphanumerics plus the IBM block graphics
character set are supported. ASCII text files are received over the GPIB control interface.



Bit Map Plotting

The system can operate as a high-resolution plotter, producing an unlimited variety of
graphic representations, charts, CRT screen dumps, and so on. The plotting area is
180 mm wide, and is not limited in length except by the chart paper, which is 500 feet
long. Resolution is 200 dots/inch vertically and horizontally, resulting in 0.125 mm pixels.
Typical plotter applications require a software device to convert or create a plot in
accordance with the operating specifications of the printing system. The protocol allows
the user to send control code data intermixed with the bit map data itself. It is relatively
versatile, and provides “data repeat” and other features.

Conclusion

The proposed system provides a missing link in the creation of an automated, turn-key
telemetry recording facility. All standard telemetry requirements have been satisfied,
including:

C Eight separate 50 division (~ 40 mm) wide grids, which waveforms may exceed
C Immediate chart visibility
C Reasonable size/cost ratio
C Permanent, high-resolution recordings

While introducing some new capabilities for a system of its type:

C Direct digital data link, eliminates DAC’s
C High Speed 80 column printing
C Bit map plotting
C No chart drift

The proposed system is meant to improve the efficiency of range personnel and the
integrity of recorded data. Solid-state strip chart recording via direct digital link permits
mission safety and cost-efficiency to coexist.
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ABSTRACT

Digital-based linear-array chart recorders are replacing conventional stylus recorders in
telemetry data stations everywhere. They offer advantages in virtually all respects, and are
becoming indispensable. But because of the completely different writing method and
technology employed, it is difficult to make completely analogous performance
comparisons between analog and digital chart recorders. This has led to some confusion
when replacing aging stylus recorders is contemplated.

Objectives:  Establish a set of universal, standardized performance characteristics for
digital chart recorders. Introduce appropriate terminology, allowing valid, repeatable
comparison of old and new systems.

Key Words:  digital recorders; telemetry recording; performance characteristics.

INTRODUCTION

Telemetry data stations are always either in the process of, or making plans for, updating
their recording equipment. This involves great expenditure, since mainframe and/or micro-
computers, associated hardware, and complex software are always involved. It is difficult
to balance near and long term performance objectives with often unpredictable budgeting.
Also, demands on a station do not necessarily stop while refurbishments occur, further
complicating the process. Finally, systems must be flexible enough to adapt easily to the
advances in computing, storage, and data handling technologies which will inevitably
occur.

Increasing controversy surrounds the role of chart recorders in today’s telemetry data
station, especially the new crop of digital-based linear-array thermal recorders. They do a
remarkable imitation of conventional eight channel stylus recorders, and offer advanced



capabilities compared to their forebears. (See Table 1.) But they introduce an assortment
of new concepts and terminology, the understanding of which is vital when choosing a
replacement for existing recorders.

Nearly all telemeterists are familiar with the characteristics and terminology of
conventional stylus recorders. Today’s digital linear-array recorders provide many new
features, and eliminate the mechanical limitations of their analog predecessors, but they
also present some new difficulties of their own. Toward the objective of establishing a set
of standards for comparing and contrasting analog stylus and digital linear-array chart
recorders, we need a benchmark. This would be the so-called “ideal recorder”; whose
waveforms are as smooth and visually pleasing as a stylus recorders, but with the
improved bandwidth and advanced performance features of digital linear-array recorders.

Bandwidth Versus Resolution

One of the most important differences between analog and digital recorders is the
relationship they have have with bandwidth and resolution.

Recorders from most manufacturers come with a bandwidth specification which tells the
user what range of frequencies can be measured without significant distortion. In most
cases, distortion is measured as a change in signal amplitude. On the other hand,
resolution provides an indication of what can actually be seen, or “resolved” on the chart.
The controversy surrounding digital chart recorders is the result of confusion between
bandwidth and resolution.

This is predictable given the stylus-based perspective of most telemeterists. A stylus
recorder is the perfect example of a device which has far more resolution than bandwidth.
Waveform traces have the same smooth, pleasing appearance at 500 mm/second as they
do at lower speeds. This means that a 100 Hertz waveform would have 5 mm between
peaks at 500 mm/second; good resolution for a chart recorder. However, a stylus
recorder’s bandwidth is so poor that attempting to display anything above 60 Hertz full-
scale will result in all manner of inaccuracies and attenuation.

Linear array thermal chart recorders have the opposite problem: they have far greater
bandwidth than resolution. This is where the controversy arises. The expectation is that if a
device has a published bandwidth of 5 KHz, then you should be able to resolve a 5 KHz
continuous waveform on the chart. This is confusing bandwidth with resolution.

It seems essential that the resolution of linear array chart recorders be defined in some
universal fashion. Stylus recorders define resolution as a function of chart speed. But this
will not work with digital recorders, since the spacing of the dots on both the y- and t-axes



is another crucial variable. Let us consider then that overall bandwidth is the range of
frequencies whose amplitudes will be correctly represented on the chart within ±3 dB, and
that resolvable bandwidth is the portion of the overall bandwidth which allows individual
components of the waveform to be observed - or resolved - on the chart.

Y-Axis Resolution

Virtually all linear array thermal chart recorders have a y-axis resolution of 8 dots/mm.
This is the basic resolution of the thermal printheads themselves. It is important that the
digital-to-analog converter have enough quantization to correctly display waveforms up to
the maximum amplitude allowed by the chart recorder. For example, a 40 mm wide grid
has 40 x 8, or 320 potential locations where a waveform could be located during a given
printing cycle. Therefore, 9 bit quantization is a minimum requirement, since 8 bits provide
only 256 possibilities; not quite enough. One of the beauties of linear array thermal
recorders is their ability to change grid sizes instantly to suit a particular application. Since
there are no styluses to collide with each other, traces may be overlapped upon demand.
Grids may be as large as 200 mm, changing the minimum quantization requirement to 11
bits, since 200 x 8, or 1600 potential waveform locations must be addressable.

Fewer bits could be used, but this would require that waveforms be interpolated “up” to 9
or 11 bits. This is neither desirable nor appropriate due to the distortions which result, and
the commonplace nature of 12 bit hardware. On the other extreme, there is no advantage to
using more bits than are necessary. Given a fixed y-axis resolution, additional bits are
wasted.

T-Axis Resolution

Whereas y-axis resolution is defined by the printhead itself, resolution along the t-axis is a
function of printing rate and chart speed. Given a fixed y-axis resolution of 8 dots/mm,
there is little benefit in exceeding 16 dots/mm on the t-axis. In fact, equal resolution on
both axes is usually sufficient to accurately reproduce the character and content of any
data. The hard part is to print fast enough to maintain 8 dots/mm throughout the entire
range of chart speeds. Extravagant printing rate claims must be balanced with an
understanding of the resultant adverse effects on printhead life. Simply put, the more times
it prints, the more stress the printhead endures.

In Figures 1 and 2, we see that doubling the resolution on the t-axis improves the character
of a line with a short slope, but does not have a similar effect on lines with a long slope.



equal resolution on both axes with t-axis resolution doubled

Figure 1. line with short slope

equal resolution on both axes with t-axis resolution doubled

Figure 2. line with long slope



Error Calculation

An area of particular importance is the definition and calculation of frequency response
error. With stylus recorders, frequency response is given in relation to amplitude, for
example:

Frequency Response: DC to 60 Hz @ 40 mm, flat
DC to 75 Hz @ 40 mm, ± 3 dB
DC to 125Hz @ 10mm, ± 3 dB

Mechanical stylus recorders have a filtering effect on signals of increasing frequency.
Starting with any amplitude, response deteriorates rapidly as the signal frequency exceeds
60 Hz. Signals over 250 Hz are so attenuated and distorted as to be meaningless.

Decibels are the most common unit of measure for error. Their origins are deeply rooted in
the analog past of chart recorders of the 1940’s and before.

Also of note is the plus-or-minus sign which usually precedes the error value. This is due
to another property of stylus recorders known as “ballooning”. A component of the non-
linear properties of stylus recorders, this phenomenon results in an unpredictable
enlargement of waveform amplitude due to mechanical resonance.

It is essential to be able to correctly interpret bandwidth specifications, since various
manufacturers often express them in different terms. In the above example, the 3 dB point
can be calculated easily with the following formula:

inverse log ( -dB/20) = ratio        where ratio = actual/desired amplitude

Using the example given, the maximum deviation from 75 Hertz at 40 mm can be found as:

inverse log ( -0.15) = ratio

- 0.7079458 = ratio

Thus, the maximum possible deviation is ± 29%. Starting with a 40 mm wide grid, this
means that the actual waveform could be attenuated by as much as ±6mm

Sample Rates And Error Calculation

Digital recorders are best described in terms of their sample rates. How then do we
accurately compare the distortion of digital recorders with analog stylus recorders? One



method is to picture a sinusoid which is being sampled at regular intervals. Naturally, the
worst-case errors will occur when the samples fall as far from the peaks as possible. A
triangle waveform would yield more amplitude error, but the sinusoid is the suggested
reference.

The error depends entirely on how many samples are obtained during a given cycle. Using
ten samples-per-cycle, the worst-case error for a digital recorder sampling a sine wave is -
0.436 dB, irrespective of amplitude or frequency.

What Is Flat?

The interpretation of the expression “flat” has come under some needed scrutiny. The
definition for analog stylus recorders is generally accepted to mean ± 0.1 dB. For digital
chart recorders, flat should be defined as the frequency at which ten samples-per-cycle
have been obtained. This has been established by manufacturers of digital storage
oscilloscopes and related devices. We have just seen that ten-samples-per-cycle results in
less than half of one decibel of error, and no “ballooning” is possible.

Linear Array thermal recorders do not have moving mechanisms within their writing
systems, so, unlike stylus recorders, increasing the amplitude does not increase the error.
Therefore, error should be expressed without reference to amplitude, and with less-than, or
less-than-or-equal-to signs. A reference to full-scale may be included for clarity, however,
as in:

Frequency Response: DC to 3 KHz, flat
DC to 5 KHz, down <3 dB, full-scale

or: DC to 5 KHz, down <3 Db, full-scale

Min/Max Technique Improves Bandwidth

Digital recorders sample incoming waveforms at relatively high rates, like 30 KHz. This
yields a frequency bandwidth of 3 KHz flat, and 5 KHz # 3 dB. But no recording system
can actually print at a rate even close to 30 KHz. How this bandwidth is maintained in
spite of slower and variable printing rates is one of the more interesting aspects of how
digital recorders work.

Nearly all linear-array chart recorders have a basic resolution of 8 dots per millimeter
(dots/mm) across the printhead (the y-axis). Assuming an equivalent resolution in the time
direction (t-axis), printing must occur at a rate sufficient to maintain 8 dots/mm at any
chart speed. For example, at 100 mm/second, maintaining 8 dots/mm requires a print rate
of 800 Hz. So, if the front-end is sampling at 30 KHz, only one out of 37 samples could be



used. At this point, the original sample rate is irrelevant, and the print rate becomes the
effective sample rate. This would result not only in a generally poor bandwidth, but one
which varied according to chart speed! Maintaining 8 dots/mm on the t-axis, the recorder’s
effective bandwidth would only be 80 Hz at 100 mm/second, 40 Hz at 50mm/second,
20Hz at 25 mm/second, and so on. A bandwidth which varies according to chart speed is
entirely unacceptable.

Modern linear array chart recorders solve this problem by means of a special circuit. The
sequence of events is as follows:

1 Analog-to-Digital Converter: samples incoming analog signal, outputs digital values. 
2. Min/Max Circuit: calculates the minimum and maximum amplitude

values received from ADC between printing cycles,
outputs them to printhead controller.

3. Printhead Controller: creates line segments from min/max pairs and prints
them at a rate which will maintain the desired
resolution (dots/mm) at all chart speeds.

Result:  an analog of the original waveform is printed on the chart paper. Full bandwidth
as allowed by the original sample rate is maintained.

As seen above, the printing rate is often far slower than the initial sample rate. Thus, 8
channels can be multiplexed through a single ADC. Time errors caused by sequential
sampling are meaningless because data are “queued up” for construction into min/max line
segments, and are printed on the chart simultaneously.

What is Acceptable?

This is highly subjective, of course. Digital linear-array thermal recorders are presently
incapable of maintaining 16 dots/mm on the t-axis at speeds much beyond 100 mm/second.
Users should be concerned by this only to the extent that they actually use high chart
speeds, and the resolution they require if they do. At chart speeds up to 100 mm/second,
8 dots/mm on both axes is considered good resolution. Less resolution on the t-axis is
often quite acceptable in order to achieve higher chart speeds. For example, at 500
mm/second, resolution of 3 - 4 dots/mm is very common.

Printhead Protection And White-Out

The way in which a thermal printhead is driven, or “strobed” is crucial to performance,
chart appearance, and printhead life. Printhead protection schemes are closely guarded by
most manufacturers, since they can mean success or failure for a product. However, users



can and should make some basic comparisons. One of the simplest tests checks for the
white-out phenomenon.

Connect all of the signal inputs to a function generator capable of outputting a sine wave
from 1 to 1 KHz. With the chart paper running at 25 mm/second, adjust the gain so that a
1 Hz sine wave is displayed full-scale on all eight channels. Now increase the frequency of
the sine wave to 10 Hz, and the lines will be closer together. Increase the frequency
through 60 Hertz, then 100Hz. You are asking the recorder to “make the page black” and
yet not harm itself in the process. Now, increase the chart speed in stages up to the
maximum. This is really a test of the printhead protection scheme. If a recorder allows you
to do this with no protection, then the printhead will be destroyed within a short period of
time. Recorders with less capable protection schemes will simply shut off power to the
printhead when the waveform density and chart speed increase beyond a certain point, and
then turn it back on when waveform density and/or chart speed are reduced. However,
more capable printhead protection schemes allow for a general lightening of the recorded
charts, but do not “white-out”.

There has been much controversy about white-out, since telemeterists are rightly
concerned about losing valuable data during periods of intense waveform activity.

Anti-Aliasing Filters

Frequencies above the effective bandwidth allowed by the initial sample rate are usually
filtered by an active circuit at the output of the ADC. This prevents aliasing from distorting
data on the charts. A good example of undesirable aliasing can be seen by sampling a
10 MHz sine wave at 100 KHz. Without an anti-aliasing filter to limit the frequency
response of the recorder this waveform could appear as a 100 Hz sine wave on the chart!

Snap Shot Capture & Replay

Many users do not use high real time chart speeds, but instead take advantage of the
capture and replay capabilities of digital linear-array thermal recorders. In this mode, data
are sent to the recorder’s RAM memory instead of the printhead controller for printing.
Various triggering methods are available for causing only the data of interest to be stored.
Once in RAM, data may be replayed onto the chart at a controlled rate. Since the
presentation is not in real time, the chart speed which provides the best possible t-axis
resolution is used. The results are extremely high resolution charts which appear to have
been recorded at very high chart speeds. In fact, data were simply replayed in “slow
motion”.



Effective chart speeds well into the thousands of mm/second are possible, meeting or
exceeding the capabilities of optical/light beam recorders. Data capture and replay has
many applications in post-mission data reduction and analysis, especially when data are
replayed from tape, and events of particular interest can be quickly and easily located.

Summary

Let us summarize the terms and definitions that we have established for comparing digital
linear-array thermal chart recorders:

Bandwidth The range of frequencies whose amplitudes will be correctly represented
on the chart to within ±3 dB, full-scale.

Error Amplitude distortion introduced into the printed waveform., expressed in
<dB or #dB.

Flat The frequency at which ten-samples-per-cycle have been obtained.

Full-Scale The full width (y-axis) of a grid pattern.

Min/Max The technique of constructing and printing line segments whose ends
represent the minimum and maximum amplitude values received from the
A/D converter between printing cycles.

Resolvable Bandwidth
The portion of the bandwidth which allows individual components of the
waveform to be observed - or resolved - on the chart.

Resolution Literally, the number of dots/mm on the y and t-axes. Represented by the
highest frequency continuous sine wave which can be clearly observed
while recording in real time. Good resolution is considered to be 8
dots/mm on both y and t-axes.

Snap Shot The technique of capturing waveform data in RAM memory, and then
replaying them with optimum resolution and higher effective chart speeds
than is possible in real time.

T-Axis The time axis, perpendicular to the printhead.



White-Out An interruption of printing on the chart, usually the result of less-capable
printhead protection scheme reacting to extraordinary print density
conditions.

Y-Axis The amplitude axis, parallel with the printhead.

Conclusion

Telemeterists contemplating upgrading their recording systems must be able to make valid
comparisons between existing analog stylus recorders and the typical digital linear-array
thermal chart recorder (see Figure 3). By following the preceding formulae and definitions,
it is possible to do this.

Table 1.

Recorder Capability Comparison
(all values full-scale)

Linear-Array Thermal Stylus

Bandwidth to 2,500 - 35,000 Hz to 175 Hz
Resolvable Bandwidth to 175 Hz to 60 Hz

Complete computer control yes no
Data bus interfacing (16/32 bit) yes no

Overlapping waveforms yes no
Self-printed grids yes no

Line printing capability yes no
Page printing capability yes no
Bit map plotting capability yes no



Figure 3.
Typical digital linear-array thermal 8 channel chart recorder
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ABSTRACT

“Real Time Digital Strip Chart Emulation”, a paper presented in the 1987 ITC Proceedings
is reviewed for continuity and the digital techniques applicable to range data display are
expanded upon. The paper seeks to present the process of recording telemetered signals in
the RTDSCE data management scheme. Direct hardware interfacing is discussed with
emphasis on automation and manpower reduction. Time code display and various mass
storage possibilities are explored. The merits of video monitoring and the workstation
concept during playback are evaluated.

THE REAL TIME DIGITAL STRIP CHART EMULATION (RTDSCE)
PROCESS

Real Time Digital Strip Chart Emulation is a process designed to improve range telemetry
efficiency through state of the art data display. The key goals during the development of
the RTDSCE process were:

1. The process should allow the data to be viewed in real time.
2. The process should eliminate the need for a D/A conversion for display.
3. The process should minimize the amount of required operator intervention.

These goals were achieved with consideration given to the limited space available in
telemetry ground stations. The RTDSCE system which fulfills these requirements is
intended to replace the strip chart recorder as the primary data display device.

The system is centered around a controller which manages all inputs in real time. These
inputs include digital telemetry data from a processor or front end equipment, control
inputs from a host computer and manual inputs from the operator. Data is merged with
critical information such as scales, engineering units, time code, user text and grid lines
resulting in a flexible formattable display.



The controller receives formatted digital signals via a 16-bit parallel interface or an 8-bit
parallel (IEEE-488) bus. The system displays a reconstructed analog representation of
every channel without the need for DACs and analog cabling. Position and scale can be
quickly changed by the local operator or host mainframe. Up to 80 channels may be
received simultaneously and when data is being acquired at a rate faster than the display
(or print) rate of the the system, a peak capturing routine displays all fast transitions and
transients at full amplitude. The system can also accommodate up to 80 discrete or event
channels.

A video monitor is considered the primary display device. Test data is scrolled in real time
across the screen. The monitor also acts as a prompting device during off-line set-up. A
permanent hard copy record is generated by a high speed electrostatic printer.

While not application dependent, the modular system is extremely flexible and
configurable. The controller, keyboard, monitor and printer are all separate modules and
need not be located in the same rack. For instance, printers can be placed in another part of
the facility, say a chart room, where their noise will not distract mission personnel. Several
monitors may be mounted in the same console, away from the controller, where they can
be viewed by a single operator to improve space efficiency. Several slave monitors can be
connected to a single controller for remote/VIP room viewing.

THE RTDSCE SYSTEM ARCHITECTURE

The RTDSCE process has now been thoroughly implemented in an integrated hardware
system with operating software. A key design goal was to develop a flexible architecture
that would allow virtually unlimited future expansion of system capabilities. A multiple
microprocessor (68000 Series), multiple bus architecture was chosen to achieve this goal.

The first task was to sort the functions required by the general structure of the open
architecture from the functions specific to applications. All general functions were made
resident in a Controller composed of a System Board, disk drive and backplane. Specific
functions were treated as peripherals to the system. Each peripheral was designed a plug-in
module which fits one of the eleven slots available in a Controller cage. For example the
high speed hardcopy function is achieved by a separate chart generation unit connected to
the Controller System Board via a simple high-speed serial link running at 4MHz. The
video signal to the System Monitor is achieved by a peripheral plug-in Video Controller
Board.

Data inputs are grouped on plug-in modules mounted in the ten slots adjacent to the Video
Controller and System Boards. The real time performance of the system is independent of
the number of plug-in modules thus the number of input channels.



The Controller is capable of generating two simultaneous pictures for display on the
Monitor. One of these pictures is that of scrolling signal traces, text and grids. The other is
a fixed plan of alphanumerics for menu display. These menus show instantaneous status of
any system parameter.

The system software and hardware architectures are designed so that any future modules
to be developed will be compatible without any update of the original system. This will
allow expansion capability when more powerful and new options become available. This
system will also be readily adaptable to changes in the application.

TRIPLE BUS BACKPLANE

The Controller is built around a triple bus backplane to which all 12 slots are connected.
Only one slot is specialized to house the System Board, which manages system
programming and the associated interfaces. The eleven other slots are undedicated and
may receive optional system boards.

The Control Bus

The System Board control all other boards over this bus which meets the VME standard in
terms of electrical levels, communication protocols and configuration of connections. It is
configured in a simplified mode: “single master”. The VME standard was selected for its
high level of reliability and wide availability of components for its connections. However
the complete VME functionality (“multi-master”) has not been implemented because it
was not required by the selected software architecture and unused connections were
required to implement the two other system buses.

The High Speed Data Bus

This bus is designed for high speed transfer of 20-bit data from one board to any other
board. Typically, the 20 bits will be used divided into 12 bits for data, address bits, trigger
and marker bits. The management of this bus is not performed by the System Board. A
dedicated bus controller (Sequencer) insures the transfer of data from source boards to
receiving boards. The Sequencer and the boards involved in the transfer are programmed
by the System Board under user control. The data bus meets the electrical specifications of
the VME standard which allows data rates up to 10M Words Per Second. Data sampling
and transfer are synchronized by a common clock generating pulses which are received by
all boards.



The Real Time Bus

This bus carries all signals required for operation of the real time output devices of the
system, the monitor and hardcopy unit.

Every data input board generates a raster signal per trace. These signals are multiplexed
into a composite raster signal which is directly sent to the hardcopy Unit and the graphic
memory of the Video Controller. This bus has 4 output channels which may be used to
send composite signals to 4 independent devices.

Both Real Time Bus and High Speed Data Bus operate independently from the Control
Bus. Thus data acquisition and data display functions may be performed without
interference as the user enters commands into the system.

DIRECT HARDWARE INTERFACING

One of the major concerns of today telemetry users is to improve the operating efficiency
of the display function. Conventional display technologies such as strip chart recorders
require a large amount of manpower per display channel. Recently, workstations have
been able to make continually varying plots versus time. This has been made possible by
important progresses in hardware and software. They represent a significant improvement
in efficiency. The RTDSCE is a process which closely emulates real time display devices
such as strip chart recorders while simplifying operating procedures and increasing
accuracy.

Direct recording of digitized signals from the host is the scheme proposed by the
RTDSCE. This is made easy by the digital structure of the system. Continuous analog
representation of every channel is generated from a stream of digital words sent via a high-
speed digital interface. There is no need for D/A converters to perform the display. This
eliminates the requirement for calibration of the display system. This improves the
accuracy of the reading: the resolution of the RTDSCE hardcopy output is the same as the
data sent from the computer - 12 bit. And last but not least, it reduces the hardware
investment required.

The system is fully programmable: its set-up can be changed instantly via local user
control or under control by a remote device (PC, IEEE-488 bus controller or host
mainframe). Depending on user requirements, the format of the displayed channels can be
altered by the local operator using position, scale and limiter controls. It can also be
determined by the format of data being transmitted to the RTDSCE.



The digital interface has to provide fast updating of every channel of data so that the
reconstruction of the waveforms is equivalent or better than with direct analog recording.
If the analog bandwidth is 500Hz per channel, the same channel should be updated at a
higher rate such as 5kHz (or every 200µs ). In case a system such as the RTDSCE is used
with its full capacity of 80 channels, the acquisition rate of every channel should be as
short as 2.5µs.

In a typical Telemetry Computer System configuration, the RTDSCE is connected to the
computer via a DR11 compatible input Interface. DR11 compatibility has been selected
because of its broad acceptance and its compliance with our requirement for a continuous
acquisition rate of 2µs per data word. The RTDSCE input interface (PB861) is capable of
generating 8 continuous traces and 8 discrete channels for display on the Video monitor
and printing on the chart. If more than 8 channels are required, additional digital inputs
(PB860) are added which connect to a 16-bit parallel output of the PB861 in a daisy chain
configuration. Figure 1 shows an example of a 40-channel RTDSCE receiving data from a
Gould computer fitted with the HSDRX - DR11 compatible interface.

Figure 1 - RTDSCE Data Input Block Diagram

The computer regulates the data flow in order to generate the required time scale on the
display. All channels are individually addressable so that acquisition rate can be different
for every channel. Data may be acquired at a rate faster or slower than the display (or
print). When the rate is higher, a peak capturing routine computes the minimum and the
maximum values and a segment is generated which joins them to produce a continuous
trace. When the rate is slower, input data is maintained, without the need for updating, and
a continuous trace is represented.

Time reference can be sent together with processed data using discrete channels. Anyone
of the discrete channels features programmable amplitude up to full display (or print)
width. This enables the generation of time lines.



MAJOR NEW SYSTEM ENHANCEMENTS

To fully implement the RTDSCE process we have utilized the flexible, open architecture
of the system and developed enhancements which go several steps further toward
establishing current standards for realtime telemetry data display. Among those are:

The Code Interlacing- a plug-in board which is connected to a time code source by a
simple BNC cable, this enhancement makes alphanumeric time code in a variety of
formats, a slo-code translation of the original code signal, and a demodulated DC code
tracing available to the system for display on the real-time monitor. This display is also
sent to the hard-copy device if the operator chooses.

Unlike strip chart IRIG decoder devices this interface will decode IRIG time over a
range of tape speeds not equal to the original record speed. This range is from /32 to
X8, which allows fast scanning for useful data or time base adjustment with slow play-
back while still displaying accurate timing information. Further, the board provides two
programmable triggers that activate either internal program functions or external
devices (i.e. tape recorders) upon recognition of a programmed time.

Analog System Input Interfaces - as it is realized that a number of existing and planned
telemetry ground station systems have only analog signal output capability, we have
developed a series of analog inputs for the RTDSCE system. These range from simple
4 channel couplers to complex waveform digitizers. Analog to digital conversion is
done on-board each of these plug-in boards. Each is set up locally from the system
keyboard or remotely over the system remote interfaces.

Once in the system, an analog board is under control of the system Controller and data
is routed on the high speed Data Bus or I/O bus depending on the board used.

A Four channel coupler is most often used when connecting to a PDAC over which
pre-scaled, time base adjusted signals are being routed. When the possibility of high
speed transient data exists, such as the from voltage spikes or fusing actions, a
waveform digitizer board is used. This device acts as either a buffer memory for time
base expansion of the recorded signal or as an I/O Controller when an external mass
storage sub-system is used, depending on the application and user preference.

Each of the analog input channels has associated with it one discrete (event) channel.
This channel is activated by TTL or contact closure and can be used as a trigger to
activate pre-programmed functions or execution steps in system memory.



There are a number of other enhancements planned for the system. These will be
discussed in detail in future works on the RTDSCE process.

FUTURE STEPS TOWARD SYSTEMS INTEGRATION

The RTDSCE process and the Gould RTDSGE system have been so well received in the
telemetry and simulation communities that we now plan to expand the scope of the original
program and explore small scale integrated telemetry pre-processing systems. These
complace, transportable units will be composed of a telemetry data acquisition front-end,
the RTDSCE systems in the data management and display sub-system role, and a mass
storage sub-system. (see Figure 2).

Figure 2. Integrated Telemetry Pre-processing System

This turn-key system will provide all the major processing steps mot users need
downstream of the receiving equipment including signal recognition and lock, decom,
tagging, basic EU conversions, data routing, flexible data display/hard copy and mass
storage.

While the exact components of the integrated system are not completely defined as of this
writing, we are making advances daily on this key program and expect to have fully
operational, demonstrable systems later this year.



CONCLUDING REMARKS

With the development of the RTDSCE process, we set about to help improve the
efficiency of ground state operations by automating and systemizing much of the display
component of the telemetry data processing task. A “worksystem” which combines the
best aspects of traditional strip chart recording with graphics workstation technology was
developed to achieve the three goals of the RTDSCE process: Maintain broad band, high
dynamic range real-time display, eliminate redundant DAC conversions, and automate to
the point that minimal operator intervention is required.

Key to achieving these goals were the utilization of advanced micro-processor
technologies, board based system components and a flexible architecture based on multiple
busses for maximum multi-tasking efficiency in a small instrumentation system.

We are continually enhancing the process, adding features and functions to expand on this
now widely accepted methodology. Future direction includes the expansion into small-
scale integrated telemetry processing systems that incorporate RTDSCE and provide turn-
key data management under the highly adaptable RTDSCE processing scheme.
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ABSTRACT

Air Force systems testing today requires that more and more data be acquired to a higher
degree of accuracy and in fewer flights. This necessitates a new approach to dynamic data
acquisition system design. In the past data acquisition organizations used either direct or
FM recording techniques of one sort or another to acquire data for post test processing.

This paper will outline the direction that this organization is taking to reduce the size of the
installed system as well as the time and money required to maintain the system during the
testing process. The system discussed provides a capability to acquire both static (DC)
data and dynamic data up to 10,000 Hertz and has a dynamic range in excess of 120 dB.

BACKGROUND

The Flight Dynamics Laboratory (FDL) acquires vast quantities of data during both flight
and laboratory (or ground) tests. These data have been routinely recorded on magnetic
tape primarily using FM techniques. Test annotation such as time code and voice are
traditionally recorded using direct record electronics. The purpose for using direct record
for time is to allow the time to be read during high speed tape operations (i.e. tape search).

Since about 1967 FDL has been using Automatic Gain Ranging Amplifiers (AGRAs) as
signal conditioning for all of the transducers commonly used. These early AGRAs were
built on a 4x5 inch card and used discrete parts. The performance of these amplifiers was
reasonably good and for the first time no ä priori knowledge of the transducers output was
required for a given test condition in order to establish the appropriate amplifier gain
setting.

In 1982 FDL began a program with Aydin Vector to design and develop a hybrid form of
the AGRA (Ref. 1). The design goals were to provide a module that would meet the Mil-
Spec temperature range and significantly improve the performance of the previous device.



This program was completed in 1985 and delivered a device that has a total error band of
approximately +/- 0.5 dB over a temperature range of -25 C to 85 C. The contract was
modified in 1983 to include a Dual Tracking Constant Current Source (Fig. 1) for
powering strain gage bridges or bridge type transducers. This device provides two current
sources that track within 0.003% over the entire operating range (Ref. 2).

APPROACH

With these tools available FDL began to look at the future in data acquisition. We
assembled a system consisting of the 1967 vintage AGRAs and a Base10 Pulse Code
Modulation (PCM) system. A digital multiplexer was fabricated to handle the gain codes
from the AGRAs. This 120 channel system (Ref. 3) with anti-aliasing filters was
constructed for and used to acquire modal data from an F-16 Ground Vibration Test
(GVT). This proved to be extremely successful and this system or parts of it are still in use
today.

With the experience gained from the digital data acquisition system a contract was let to
Aydin Vector (the developer of the hybrid AGRA) to design and build a 16 channel
multiplexer using the new AGRA as the signal conditioner. The multiplexer would provide
simultaneous sampling of all the channels and produce a PCM output stream. A few of the
design goals of this system were: (1) programmability (2) 20,000 Hertz per channel
bandwidth, (3) 12 bit A/D, (4) parallel output for future expansion, (5) computer control
and (6) the ability to synchronize multiple units in order to provide simultaneous sampling
across the system. A decision was made during the design phase to reduce the last filter in
the AGRA to 10K Hertz in order to allow 8 channels of data to be acquired at 4.25mbps.
Three units were delivered in March of 1987 in time to support the A-10 Gun Bay Test at
McClellan AFB in Sacramento, CA (Fig. 2).

In addition to these full scale multiplexers a special purpose unit was built and delivered in
June of 1986.

THE SYSTEM

The first system to be delivered was a twelve channel unit that was designed to acquire
data during a captive carry missile test. This system was designed to fit in a very confined
space and therefore, had to be limited in scope. The multiplexer has a per channel
bandwidth of 500 Hertz and originally was automatic gain range only. Since delivery, the
unit has been modified to provide for programmable gain. This multiplexer functioned as
expected and provided valuable performance data for this technique.



Several of the tests that have been conducted using the 12 channel multiplexer required
telemetering the data to an FDL van for near-real-time processing. The data integrity is
directly related to the TM signal quality. The worst case errors occur when dropouts cause
data frames to be lost. This creates an FMing effect resulting in the spectral magnitude
being reduced while the bandwidth of the resonances are increased (an apparent increase
in system damping). The dynamic data case is very different from the quasi static data case
where simple “wild point” editing can be employed. Care must be taken to keep these
effects to the absolute minimum. The same effect can be observed when using a tape
recorder if the calibration and setup are not accomplished with the utmost regard for this
problem.

The Programmable Dual Current Source (PDCS) module (Fig. 1) provides a means to
simplify the calibration and conditioning of strain gage bridges and bride-like transducers. 

FIGURE 1.  CONSTANT CURRENT EXCITATION

The use of constant current technology to condition strain gages provides many benefits.
First, the line impedance is reduced which increases the noise immunity and second
calibration is reduced to a simple calculation as follows:

e = I R K

where
e = the output voltage
I = the applied current
R = the gage resistance

and K = the gage factor

If the dual tracking current source is used for a conventional strain gage bridge the circuit
must be modified (refer to Fig. 1). The gages in tension are serially stacked in one leg
while the gages in compression are similarly placed in the opposite leg. Since this circuit is



perfectly balanced (or symmetrical), lead wire effects and circuit noise are cancelled at the
amplifier and only the desired (i.e. the signal proportional to the physical phenomenon)
output remains. Even the indicated strain due to temperature change is removed. The gage
sensitivity due to changes in temperature is not corrected. The PDCS module (which has
programmable output from 0.25 to 16 milliamps) is used in front of a multiplexer channel
for pre-conditioning strain gage bridges. The multiplexer also has a single fixed constant
current source for powering transducers with internal electronics. This current supply may
also be used to power single element strain gages for dynamic measurements.

The fully programmable 16 channel multiplexer has been used on three tests to date. It
provides the user with a data acquisition system that has significantly improved
performance. The multiplexer performance features are listed here:

1.  Selectable data bandwidth(6 pole Butterworth) - 500,2000,5000,10000 Hertz

2.  Gain Ranging modes - a. Automatic gain changing
b. Down range only
c. Manually programmable

3.  Gain ranges of  0.25,1,4,16,64,256,1024

4.  DC accuracy - +/- 0.1 %

5.  Max. error band - +/- 0.5dB

6.  Full scale - +/- 10 volts (7 volts RMS)

7.  Noise (RTO) < 3 mv RMS @ 1024

8.  PCM output rates - 26.5kbps to 4.25mbps

9.  Channel selectability - 1,2,4,8 and 16

10. Frame length - 64-16 bit words + 16 bit frame sync

11.  Frame sync pattern - Barker code (1110111110010000)



The current design is limited to 4.25 megabits per second since there are few if any
recorders that can be used above this rate. Randomized NRZ-L is the code of choice;
however, there is a secondary NRZ-L output. The system has the capability of being
synchronized in a master slave mode so as to allow all system channels to be
simultaneously sampled. Each multiplexer in the system produces its own output stream.

The major frame of the PCM stream appears as a super commutated structure. There are n
repeats of each channel in the frame (depending on the number of channels in the scan).
For 16 channels n would be 4 for 64 words between frame sync patterns. For 8 channels n
would be 8 and so on. The scanning interleaves the channels in a 1,2,3,..n,1,2,3,....n
sequence.

To minimize the overhead, a sixteen bit Barker code is inserted once every 64 words. This
increases the bit rate by only 1.5%. Sample periods are kept equal by buffering the data
from the A/D to the output, such that sync information can be inserted without any
interruption of the data sampling. The buffers are reset at the end of each frame cycle to
maintain the timing relationship between each channel within the multiplexer, and between
the multiplexers in the master/slave configuration.

Master/slave connection is achieved by connecting the clock and frame sync from one
multiplexer to another. In this configuration the time correlation of any two channels in the
system is guaranteed to be less than 25 nanoseconds excluding the propagation delay in
the clock lines between the multiplexers.



During the design phase of the contract with Aydin Vector, size was a consideration;
however, performance was more important. The delivered multiplexer is large at 36 cubic
inches per channel but steps are underway to cut the size in half.

APPLICATION

The first test conducted with the 16 channel multiplexers required the acquisition of 96 2k
Hertz dynamic measurands and twenty static pressures and temperatures. Only three
multiplexers were available for the test. (Had more been available there was no room for
them in the airplane.)

FIGURE 3. A-10 SYSTEM BLOCK DIAGRAM.

Therefore, it was decided to use an alternate approach to handle the static measurements
and dynamics separately. FDL devised a method of group selection of the dynamic
transducers and used another PCM conditioner/encoder for the static data. Three “T-Bar”
36 pole double throw relays were added (one in front of each multiplexer) to provide a
group A and B transducer selection (see Fig. 3). With this configuration a record with the
selector in the A position was taken and then group B was selected and the event repeated.
This approach allowed for the acquisition of all 96 channels of dynamic data in one flight.

As discussed previously the problems associated with PCM recording must be addressed.
Dropouts in the data must be held to an absolute minimum. Bit errors can be handled;
however, they greatly increase the processing time. To reduce these effects; which are
primarily due to the recorder characteristics, FDL modified the setup procedure for the
tape recorder that was used on this test. The primary problem was traced to mechanical
vibration in the tape/head interface. The tape tends to change tension across the head when



the transport is subjected to vibration. The changing tension causes a variation in
saturation of the tape which in turn results in a fluctuation (amplitude modulation) in the
output on playback. Also, it was noted that when the setup procedure in the manual was
followed the output level (from channel to channel) varied as much as three-to-one. It was
not confirmed as to whether this was due to the condition of the heads in our machine or
whether this is a normal occurrence; however, it is indicative of magnetic flux densities
changing from head to head. In any event a modified procedure was developed to correct
the problem. Since second harmonic distortion (time base errors or zero crossing
displacement) is the primary concern for RNRZ-L recording it was decided to let the third
harmonic distortion vary in order to maintain the output level constant from channel to
channel and to increase the over-bias from the specified 1 dB to 3 dB. This increase in bias
level was to boost the saturation of the tape to help compensate for the vibration. This
solved the dropout problem and produced tapes that were for all intents and purposes
dropout free.

FUTURE

Since most of the tests performed require more capability then just wideband dynamic data
acquisition, plans to incorporate a digital interface have been formulated. This interface
will provide a method of including a secondary PCM stream as a sub frame in the
multiplexer. By replacing one of the wideband signal conditioner cards with this card a
multiplexer such as a Base10 Programmable data acquisition system (Pdas) can be
operated as a synchronous sub frame. The interface card will provide the clocks for the
sub-system and will receive word format data. This will allow for the convenient addition
of such parameters as static pressures, temperatures, embedded time code, 1553 data, etc.
In a typical test where 2K Hertz data is being acquired, if one channel was replaced with
this card a base10 system could sample 100 channels of additional data approximately 65
time per second.

The tape recorder issue still needs to be addressed. There are future requirements that
simply can not be met with the current technologies. These future requirements fall into
two categories: (1) 5 to 15 megabit rate recorders for testing missiles and small fighter
aircraft and (2) the larger aircraft and ground (field) testing where bit rates of up to 160
megabits per second are required. The first recorder needs to have a record time in excess
of one hour (preferably two), while the second can be somewhat less because, generally,
the transport is accessible for tape changes. Both transports must meet rigorous vibration
and environmental test standards.



CONCLUSIONS

With the rising cost of flight testing today methods of reducing the overall cost, while
increasing the quantity and quality of data acquired, is mandatory. The use of Automatic
Gain Ranging Amplifiers (AGRAs) is an approach to solving one of the most critical
issues and that is the loss of data due to the inability of the flight test engineer (for what
ever reason) to determine, prior to flight, the exact output range of his transducers. This is
further complicated by the restricted dynamic range of current systems. The AGRA
addresses this area with a dynamic range of 66dB in one gain step and an overall range of
greater than 120dB.

The use of multiplexers such as the one outlined in this paper take a giant step towards
reducing the present and future costs of flight testing. At todays cost of nearly $60,000.00
per hour if one flight is saved the capital investment of the system can be written off.
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ABSTRACT

The Multi-Vehicle Metric & Telemetry System (MMTS) is a complete range system
which performs real-time tracking, command destruct, and telemetry processing functions
for support of range safety and the test and evaluation of airborne vehicles. As currently
configured, the MMTS consists of five hardware and software subsystems with the
capability to receive, process, and display tracking data from up to ten range sensors and
telemetry data from two instrumented vehicles.

During a range operation, the MMTS is employed to collect, process, and display tracking
and telemetry data. The instrumentation sites designated for operational support acquire
tracking and telemetered data and transmit these data to the MMTS. The raw data is then
identified, formatted, time tagged, recorded, processed, and routed for display to mission
control and telemetry display areas. Additionally, processed tracking data is transmitted
back to instrumentation sites as an aid to acquire or maintain vehicle track.

The mission control area consists of a control and status console, high resolution color
graphics stations, and large screen displays. As the mission controller observes mission
progress on the graphics stations operational decisions can be made and invoked by
activation of the appropriate console controls. Visual alarms provided my MMTS will alert
mission control personnel of hazardous conditions posed by any tracked vehicle. Manual
action can then be taken to activate transmission of the MMTS vehicle destruct signal.

The telemetry display area consists of ten fully-functional, PC compatible computers
which are switchable to either of two telemetry front end processors. Each PC can be
independently set up by telemetry analysts to display data of interest. A total of thirty data
pages per PC can be defined and any defined data page can be activated during a mission.



A unique feature of the MMTS is that telemetry data can be combined with tracking data
for use by the range safety functions.

Key Words: command destruct, graphics, mission control, range safety, real-time,
telemetry, tracking, vehicle.

INTRODUCTION

Control Data corporation (CDC) has been involved with range and telemetry systems for
over twenty five years. Spanning two generations of hardware evolution, CDC has
provided systems to government and industry at major ranges and test facilities throughout
the United States. Systems delivered by CDC have included standard and developed
hardware and software for support of all facets of range activities including real-time
operating systems and applications, telemetry acquisition and processing, telemetry
simulation, range safety, and post mission processing.

Although our systems are used in most functional areas of range support, no single
program has called for the development and delivery of a total range system.

Recently, however, CDC was afforded the rare opportunity to start from scratch to design
and develop a total range system for support of test and evaluation of airborne vehicles.

The contract for the system, termed Multi-Vehicle Metric & Telemetry System (MMTS),
required capabilities for:

1.  Processing and display of ten vehicle tracks on high resolution color graphics stations.

2.  Processing for range safety with background boundaries, instantaneous impact points
(IIP), and alarm for boundary faults displayed on high resolution color graphics stations.

3.  Processing and transmission of pointing data to all instrumentation sites.

4.  Processing of two telemetry stream with capability for real-time data display on ten
individual telemetry display consoles and capability to route telemetry data to tracking
and range safety functions.

5.  Command destruct capability up to 160 KM.

6.  Mission control console.

7.  Large screen displays.



Using the collective range experience and the program management, systems engineering,
software development, systems integration, and systems test capabilities available within
CDC, the MMTS shown in Figure 1 was developed in 18 months.

The following sections of this paper provide discussion of each of the MMTS subsystems,
interfaces, and some of the technical considerations which influenced their design.

MMTS ARCHITECTURE

Figure 1 is a block diagram with data flow of the MMTS. The MMTS consists of five
subsystems, each of which is listed below by its acronym and name:

1.  FEP Front End Processor

2.  WES Telemetry Processing and Display Subsystem

3.  CS Computational Subsystem

4.  MCDS Mission Control and Display Subsystem

5.  CDS Command Destruct Subsystem

The architecture shown reflects a system design which meets customer specified
requirements for MMTS. While other configurations are certainly possible, the one chosen
was based upon experience which has shown that initial system level requirements seldom
remain constant and good system design will include adequate considerations for growth.

To ensure that growth considerations were addressed during MMTS design and
development, the following requirements were established:

1.  System functions shall be allocated to physically separated functional areas.

2. Functional areas shall be composed of standard hardware selected from a spectrum 
of compatible products of increasing capabilities.

3. Industry standard interfaces shall be used for communication and data transfer
between functional areas.

Taken together, the adherence to the above design requirements allows the MMTS to be
expanded incrementally. Because of functional separation and the use of standard
interfaces, subsystem to subsystem dependencies are reduced and system integration and



test efforts simplified. By requiring use of standard hardware, flexibility in vendor and
product selection is attained with the additional benefits of lower risk, lower cost, and
higher degree of maintainability than that associated with a development effort.

MMTS MODES OF OPERATION

The MMTS supports the following mission console selectable modes of operation:

Mission Mode - That mode of operation where all subsystem of the MMTS are in a real-
time state with the TPDS receiving real-time telemetry and the FEP receiving real-time
range sensor tracking data.

Mission Simulation Mode - That mode of operation where the CS and MCDS subsystems
are in a real-time state with the FEP reading FEP recorded range sensor tracking data from
magnetic tape. This mode of operation provides full system interaction and may be used
for pre-mission checkout and training.

Mission Evaluation Mode - That mode of operation where the CS subsystem is in a
simulation state reading a CS recorded mission history file with the MCDS subsystem in a
real-time state. This mode of operation provides a start stop capability in which all
processing, mission station displays, and console indicators are frozen.

In the discussions that follow, MMTS is presumed to be in Mission Mode.

MMTS DATA FLOW

Tracking and telemetry data are acquired by customer provided tracking sensors and
telemetry antennas. The tracking sensors are interfaced to the MMTS FEP with 10 sets of
modems and a combination of asynchronous and synchronous full duplex communication
lines operating at selectable rates up to 9600 baud. Telemetry data is interfaced to two
Telemetry Front Ends (TFE) within the TPDS with two customer provided telemetry
receivers.

The TFEs decommutate and process the telemetry streams and route the processed data
over 9600 baud asynchronous communication lines to ten PC compatible Telemetry
Display Consoles (TDC). Other selected data is routed by each TFE to the FEP via 9600
baud asynchronous communication lines and one TFE can route selected data to the FEP
via a high speed Direct Memory Access (DMA) data path.

Telemetry and tracking data received by the FEP is formatted, optionally recorded on
magnetic tape, and forwarded to the CS over a CDC standard input/output data channel.



Data received by the CS is processed, formatted, optionally recorded on mass storage, and
sent to the MCDS over an IEEE compatible Ethernet using Transmission Control protocol
(TCP) and Internet Protocol (IP). The MCDS then transforms the received data for display
on three high resolution color graphics stations and large screen displays.

The data path from the MCDS to the CS is used for recording mission controller activities.
The data path from the CS to the FEP is used by the FEP to receive antenna pointing data
for transmission to the tracking sensors, telemetry antennas, CDS antenna, and to receive
current lamp settings for mission control console update.

FEP DESCRIPTION

FEP hardware and software was provided to CDC by GENEREX Corporation in Cape
Canaveral, Florida.

The FEP is a MODCOMP Classic II/45 computer which is used as a communications
processor to provide MMTS with external interfaces for the receipt and transmission of
range data and internal interfaces for routing of data between subsystems.

The FEP hosts the Real Time Interface program (RTFIP) which performs all
communication, message formatting, and data routing functions. Communication between
the FEP and CS is over a CDC standard CYBER input/output channel which is controlled
by a request and reply protocol established between RTIFP on the FEP side and RTOS on
the CS side. Data is exchanged in blocks of messages with individual messages identified
by type and source or destination codes.

In addition, RTIFP, uses interrupts from a time code translator to establish and maintain
the 100 millisecond processing cycle. Once established, the RTIFP transmits an interrupt
message to the CYBER every 100 milliseconds where it is used by RTOS to initiate the
real time computation task of the ATSRT.

TPDS DESCRIPTION

The TPDS was provided to CDC by Loral Instrumentation in San Diego, Calif.

The TPDS supports the synchronization, decommutation, processing, simulation, data
routing and display of two Pulse Code Modulated (PCK) telemetry streams at data rates up
to two million bits per second.

Two standard Loral Instrumentation ADS100s are included within the TPDS. Each
ADS100 is configured with an expansion chassis to hold six General Purpose Processors



(GPP) for RS-232 data routing functions to ten TDCs and the FEP. One ADS100 is
configured with a second expansion chassis to handle DMA transfers to the FEP, digital
tape recording, and processing of an asynchronous telemetry stream injected into the
primary stream by an airborne on-board processor.

A representation of the ADS100 configuration is shown in Figure 2. The features to be
noted here are the data routing capability and the unique use of PC compatible computers
as TDCs.

As shown, each ADS100 has the capability to route user selected data over twelve distinct
data paths. Two paths are provided to the MODCOMP FEP for telemetry data to be
forwarded to the CS where it may be recorded and/or used by the tracking and range
safety functions. The DMA, path is a high speed 16-bit parallel path with a transfer rate of
667K words/second. The GPP path is a 9600 baud asynchronous communication line.

The ten data paths to the TDCs are all 9600 baud asynchronous communication lines and
each of five GPPs controls two lines. Each TDC can be switched to either of the two
ADS100s thus providing the capability to route all data from either stream to any of ten
TDCs.

Each TDC can be independently set up with multiple data pages and multiple data display
formats. Any defined data page can be activated during real-time and any activated data
page can be modified. New data pages can also be defined and activated during real-time.

A total of thirty display pages can be defined on each TDC, ten each with the following
characteristics: Lists of up to fifteen named measurements with values displayed in
decimal, exponential, hexadecimal, octal, or binary; Bar Charts of up to fifteen named
measurements displayed in percent of full scale; and Graphs of one or two named
measurements displayed with percent of full scale as the Y-axis and sample count, 1 to
256, as the X-axis.

CS DESCRIPTION

The CS provides real-time computational capability for the MMTS. The hardware consists
of a CDC CYBER 180/830 central processor, 20 peripheral processors, 16 input/output
channels, two million words of memory, approximately one billion bytes of mass storage
and a complement of terminals and other peripheral equipment,

The CS hosts the Network Operating System (NOS), Real Time Operating System
(RTOS), Acquisition and Tracking Real-Tire (ATSRT) program, and other pre and post
mission software required for operation of the MMTS.



During a mission, the software executing in the CS operates in a real-time duty cycle of
100 milliseconds or less. That is, all input, processing, and output is performed in an
interval of 100 milliseconds or less. Should any cycle not complete prior to the start of the
next cycle, a processing fault is displayed on the mission control console in the MCDS.

RTOS, shown in Figure 3, is an extension to NOS for support of real-time applications.
These extensions provide the ATSRT with an interface to the FEP for real-time tracking
and telemetry data, a task execution manager, a real-time input and output capability for
magnetic tape and disk, and an interface to the CYBER 180/830 operator’s console.

ATSRT is the real-time application program and was provided to CDC by the GENEREX
Corporation in Cape Canaveral, Florida.

ATSRT, shown in Figure 4, consists of an initialization component and a control and
computation component. Each of these components is a FORTRAN subroutine and both
are executed as tasks under RTOS.

The initialization task is executed once and discarded. The computation task is executed
once every 100 milliseconds to interpret push-button and thumbwheel settings on the
mission control console; derive current coordinates for all tracked objects, best estimate
trajectories (BET), and the nominal track; predict IIPs for selected tracks; derive
acquisition coordinates for selected sensors and send them to the FEP for distribution;
update and send current lamp settings to the FEP for distribution to the mission control
console; record a mission history; and transmit selected raw and calculated data to the
MCDS.

MCDS DESCRIPTION

The MCDS contains three graphics stations and each consists of a high resolution (1024 x
1024) color graphics monitor, keyboard, and graphics tablet. The monitors are mounted in
two consoles and each monitor is connected to one large screen display located in a
viewing area. One console, termed the mission control console, contains a 10 x 10 panel of
push button switches with 200 indicators and a range sensor communications status panel.
The switch panel is microprocessor controlled and used to send real-time commands to the
FEP and the CS and to observe sensor and subsystem status during a range operation.

Some of the mission control functions available are: initiate or terminate Mission, Mission
Simulation (FEP playback), or Mission Evaluation (CS playback) modes of operation,
enable or disable BET processing, enable or disable FEP and CS history recording, enable
or disable processing of a sensor’s data, output sensor pointing data, and select tracked
object safety boundaries.



The MCDS displays tracking data received from the CS on the three graphics stations and
three slaved large screen displays. Each graphics station provides independent selection of
backgrounds, colors, and display content and each station screen can be divided into four
view ports. The selectable display content can include various track profiles of one or
more vehicles with associated range safety boundaries and instantaneous impact points.
other selectable forms of data display are: tracking data in text form, system and range
status, sensor differences, and miss distances.

MCDS also supports a sea surface clearance function by displaying a unique symbol,
identifier, heading indicator and ship track for multiple ships. To eliminate screen clutter,
all ship tracks or individual ship tracks can be turned off and on by operator command.

CDS DESCRIPTION

The CDS was provided to CDC by Loral Data Systems in San Diego, Calif.

The CDS, shown in Figure 5, provides for manually activated transmission of a command
destruct signal to terminate the flight of an airborne vehicle. The major components within
the CDS are: a tone encoder panel, command transmitter, power amplifier, antennas and
antenna switching matrix, command receiver, tape recorder, and a microprocessor antenna
controller.

The tone encoder panel provides the operator interface and allows the operator to activate
command tones of monitor, arm, and destruct. A signal strength meter and LEDs give
positive indication that selected tones are being radiated.

The CDS provides 250 watts of power with a selectable transmitter frequency range of
400 to 475 MHZ FM. Effective 360 degree coverage is provided by an OMNI antenna to a
range of 40 KM and 30 to 45 degree coverage is provided by a helix antenna to a range of
160 KM.

Antennas are pedestal mounted and manually adjustable for elevation. Azimuth control is
accomplished in local mode by front panel controls mounted on the microprocessor
antenna controller. In remote mode, the microprocessor antenna controller receives
commands and azimuth position data from the CS via the FEP over a RS-232
asynchronous communication line.



CONCLUSIONS

1.  At the time of this writing MMTS was under going operational test and evaluation.

2.  The MMTS is a complete range system that has been designed with rigid requirements
for maximum use of off-the-shelf hardware and functional separation of subsystems with
well defined subsystem interfaces.

3.  Although the MMTS may be considered as entry level when compared to large multi-
system ranges, the MMTS system’s design will support a phased on-line expansion of
individual subsystems for accommodation of changes and additional requirements.



Figure 2. Telemetry Processing & Display Subsystem

 



Figure 3. RTOS Functional Interfaces Figure 4. ATSRT Functional Interfaces



Figure 5. Command Destruct Subsystem



GPS: THE VERSATILE TOOL FOR RANGE INSTRUMENTATION

Carl Hoefener and William Richardson
Interstate Electronics Corporation

Anaheim, California

ABSTRACT  The Global Positioning System (GPS) has made significant
contributions in range instrumentation. It was the prime tracking method for both
realtime range safety and metric tracking for the Trident II. Because of its many
advantages, GPS will become the primary source of time, space, and position
information (TSPI) on the ranges. Many activities requiring precision TSPI have
already committed to GPS and others are planning on the application of GPS in the
future for use on the ranges. GPS is also an extremely accurate time source, with
timing accuracies of 10 nanoseconds obtainable worldwide. The range
interoperability problem is solvable through the use of GPS as the TSPI source.
There is little doubt that GPS will become the standard TSPI source for all test and
training ranges.

Although GPS was designed by the Air Force to be a precision radionavigation system,
some of its most significant benefits have been in range instrumentation. It was first
proposed by the Navy for metric track determination of the Trident I missile. Although first
used for postflight trajectory determination for the Trident I, it has been adopted as the
prime tracking method for realtime range safety in addition to the metric track for the
Trident II. Because of the limited number of GPS satellites in orbit, the early flight tests
had to be conducted at preselected times, but now GPS is close to reality. By using the
current satellite constellation (seven useful satellites now in 0 orbit) and augmenting their
coverage with pseudosatellites, successful flight test tracking operations can be conducted.
More phase II satellites will be available soon (see figure 1, the current satellite launch
schedule). Because of its many inherent advantages, GPS will become the primary source
of time, space, and position information (TSPI) on the ranges. The Tri-Service Range
Applications Program under the management of the Air Force AD/YI is producing a family
of GPS hardware specifically designed for test and training range applications. This
hardware includes single-channel C/A-code receivers for low-dynamic platforms, single-
and dual-channel P-code multiplexing receivers for medium-dynamic platforms,
multichannel P-code receivers for high-dynamic platforms, and IRU-aided receivers for
ultra-high dynamic platforms. These units can be mounted in 5-inch-diameter pods with
datalinks and encryption devices for wing tip installation on aircraft. In addition GPS
frequency translator-based tracking systems are being developed for space vehicle and



ballistic missile tracking. These units and systems are currently under development; the
program schedule is shown in figure 2.

By using GPS as their TSPI source, the ranges can overcome many of their current
tracking deficiencies. The current range tracking systems have severe limitations as
follows:

! Radars and other existing tracking techniques are limited in their geographic
coverage because the tracking sites must be at presurveyed locations, while GPS
may be used worldwide with no geographic limitation.

! Conventional tracking techniques are limited in the number of vehicles they can
track simultaneously, while GPS enables any number of vehicles to be tracked at the
same time.

! Conventional tracking techniques have historically used independent benchmarks so
that all ranges did not have a common grid reference system, causing tracking
difficulties as vehicles passed from range to range. Because GPS uses a worldwide
standard reference system, vehicle tracking data can be easily interchanged among
ranges.

Figure 1. Current Launch Schedules for the GPS Block II Satellites



Figure 2. Program Schedule

! The accuracy of radar target position data deteriorates with range, while GPS
position data is more accurate than radar and does not deteriorate with range.

! Conventional tracking facilities are very large and cumbersome and require
presurveyed sites, while GPS tracking requires only small portable ground facilities,
allowing it to be easily transported anywhere in the world.

! Radar, which is generally not satisfactory for tracking ground targets, is not useful
for tracking ground-air operational scenarios. GPS, however, provides high
accuracy TSPI regardless of altitude.

A wide variety of activities requiring precision TSPI have already committed to GPS.
Regardless of the operational scenario, GPS has been selected as the preferred source for
TSPI as witnessed by the following activities:

! Aircraft Flight Testing - GPS will be adopted for aircraft flight testing on the
Advanced Range Data System (ARDS) at the AFFTC Edwards and the MATS at
NTC Pawtuxent River.



! SDI Testing - The exoatmospheric reentry vehicle interceptor (ERIS), SDI ground-
launched kinetic energy weapon, will utilize GPS for precision-tracking and miss-
distance measurement at USAKA, Kwajalein Missile Range.

! Ballistic Missiles - The U.S. Navy’s Trident II program utilizes GPS realtime
tracking for range safety during submarine-launched Fleet Ballistic Missile tests at
ESMC, Patrick Air Force Base, Florida. It will in the future utilize a similar system
for Pacific operational tests at WSMC, Vandenberg Air Force Base, California.

! Space Testing - The SABIR, space-launched kinetic energy interceptor, will utilize
GPS for precision developmental test tracking at USAKA, Kwajalein Missile
Range.

! At Sea Testing/Training - GPS will be utilized for ship and aircraft tracking as part
of the Extended Area Tracking System (EATS) at PMTC, Point Mugu, California,
and the Gulf Range Drone Control Upgrade System (GRDCUS) at Tyndall Air
Force Base, Florida.

! Electronic Combat Testing - The Electronic Weapons Test Evaluation System
(EWTES) at NWC, China Lake, California, has selected GPS for precision vehicle
tracking.

! Army Field Training - The Mobile Automated Field Instrumentation System
(MAFIS) program at TCATA, Ft. Hood, Texas, has also selected GPS for TSPI of
soldiers, land vehicles, and helicopters during battlefield training exercises.

! Both ESMC and WSMC are planning to convert to GPS translator-based tracking
systems for range safety tracking in the future.

The preceding activities either have or have on order GPS TSPI systems. There are also a
number of activities planning on the application of GPS in the future for their standard
range safety and metric tracking systems of the future. These include the following:

C  AD C  ESMC
C  AFFTC C  Infantry Board
C  AFWTF C  NATC
C  Air Defense Board C  PMTC
C  Armor Board C  WSMC
C  Aviation Board C  WSMR
C  EPG C  YPG



All of the activities listed above are either using GPS presently or are anticipating its use in
the future. In all of the above cases we have been considering GPS as an extremely
accurate source of position information. There is, however, another extremely valuable
characteristic of GPS, which makes it particularly suited to range applications.

Because of the method in which GPS is implemented, not only does it provide precision X,
Y, and H position coordinates, but it is an extremely accurate time source. Timing
accuracies of 10 nanoseconds are obtainable worldwide. This means that on extremely
large ranges where currently a flying clock is used to synchronize timing sources, a GPS
receiver at each location would be a much more practical technique. This would be even
more applicable to timing synchronization among ranges where long range tests such as
when the cruise missile travels over many ranges during its flight test.

As more long range testing appears to be in future test plans, the question of range
interoperability is starting to be considered by the higher echelons of range management.
GPS used as the TSPI source makes the range interoperability problem solvable as it
provides common grid system among the ranges as well as a common time reference. The
IRIG has solved the telemetry range interoperability problems, but the question of
independent datalinks presents a serious problem to range interoperability in the future.

There is no doubt that GPS will become the standard TSPI source for all test and training
ranges.
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ABSTRACT

Portable, mobile tactical microwave telemetry and/or communications systems have
always been plagued with three major problems: antenna height for first fresnel zone
clearance over the terrain between the two ends of the link, atmospheric multipath fading
and multipath reflections from buildings, bodies of water, certain terrain features, etc.

This paper describes a digital microwave system with a modular capability to add
additional digital channels, analog channels or voice channels as required. A modular
Baseband Processor is used, which provides multiplexing capability and modulation of
high speed digital data at a bandwidth of one bit per Hz using the Duobinary Technique
which also provides error detection capability without the need for adding extra bits to the
stream.

The unique and versatile feature of the system is that it involves three vehicles. The first is
either a mobile land traversing test vehicle or a remote, mobile command post. The second
is a mobile relocatable repeater. The third is the base station for the system, and can either
gather data by computer, connect to land communication lines or transmit to a distant
station via another RF link. Vehicles two and three have telescoping pneumatic towers up
to 42 ft in height with two by four foot parabolic dish antennas for maximum gain with
minimum wind loading. The parabolic antennas on vehicles two and three are equipped
with automatic tracking systems, with additional manual slewing capability in both azimuth
and elevation. Vehicle one has an omnidirectional vertical colinear array mounted on a
short adjustable mast.

Vehicles two and three can track vehicle one simultaneously with a diversity switch, to
virtually eliminate RF shadow problems from terrain variations. The telescoping towers
can be set to any position for terrain clearance or to eliminate multipath reflections.

The three vehicles can also be used in a tandem configuration for a tactical
communications link from a remote field command post. The system has full duplex
capability.
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ABSTRACT

1. What is the reason for the telemetry ground station using computer technology widely
and deeply?

2. How to solve the problem of measuring fast varing signal?

3. Bit rate of telemetry ground station.

Introduction

The review of chinese development in telemetry ground station video part is the
background of this paper.

Since China began on the developement of his telemetry technology from the fifties, we
have gained considerable achievements. We developed FM-FM(frequency division),
PAM-FM-FM, PAM-FM, PACM-FM, PCM-PSK-PM, PCM-FM(PM) systmes in turn.
Short wave, meter wave, decimeter wave, microwave have been used in turn for
transmission. The products have been used in industry, aeronautics, astronautics and
missile area. In the developement, there are three technical problems which will be
introduced as follows:

1.  What is the reason for the telemetry ground station using computer technology widely
and deeply?



Under the influence of new revolution in technology, we have been using computer
technology widely and deeply for quite a long time in chinese telemetry ground station.
Following steps have been passed during the development : manual data processing, fixed
status of equipment; processing by computer, fixed status of equipment; processing by
computer, computer control set-up status of equipment. On the basis of upper steps, now
we are taking further steps to increase the density of I.C. for miniaturization, to develope
multistream, data driving, parallel processing bus connected system. All the hardware and
software are modularization.

At the begining of our development, it is obvious that using computer processing was to
increase automaticity. But afterwards, it is to increase the flexibility and universality by
developing status changeable system, hardware and software modularized system, parallel
system for data acquisition, data processing, data display system with bus connection, and
by using data driving instead of traditional form of frame. The equipment is in the type of
building block. The procedure of our research work is one time design and to be developed
and perfected gradually. The system may have various configurations, and meet the
requirements from many users, also may meet the requirements of one user in different
time.

From the view of users in China, the ground station must have great flexibility and meet
the requirements from many users with good durability in order to minimize the investment
(cost of equipment, installation and maintainance). From the view of manufacturers, the
ground station must also have great flexibility in order to save money in research work, to
increase production quantity and to make more profit. On the other hand, there is no such a
strong requirment for transmission equipments because of one time use, special perpose
structure, quick renew and limited production quantities.

Becuase, to change the host cumputer in ground station will lead to whole ground station
change. Computer technology is a very active area in new revolution of technology.
Research period for computer is rather short. Types of computer change very fast. So we
have to find the way to deal with this situation. We are of the opinion that the concept or
“host computer” must be casted away gradually. Since we can remove the set-up,
processing duties from the host cumputer to the front end of ground station by using single
board computer for set-up, and by using parallel bit slice CPU for processing (Of course,
also we can set up at host computer). Thus we are using the general perpose computer just
as a working station for display, and using standard I/O, so that we can reduce the
influences caused by changing host computer.

Since the development of telemetry ground station advances toward flexibility and
universality, it must have very close relation to standardization. At present, we are
formulating various standards and carrying out these standards in our country. With an eye



to the international mutual cooperation, our standards will draw close to the international
standards provided that they tally with our national situation.

2.  How to solve the problem or measuring fast varing signal?

We were concerned very much about this important problem in the past. The first is how
to solve the measuring accuracy. The second is how to satisty the requirement for
measuring fast varing and slow varing parameters by the same station simultaneously.

(1)  With reference to measuring accuracy, besides processing method, it is important that
what kind of filter shall be selected after transducer. The matter is that the stop band
attenuation must fit the character or the parameter. If it is not proper, it may cause big
aliasing error in the ground station when retrieves the signal. We must pay much attention
to the object which is just starting to be tested. Under this circumstances, we have little
foreseen knowledge about the characters of parameters (but generally measuring fast
varing signals is very important for the object which is just starting to be tested). The
research engineers of telemetry must keep close relation with the users, therefore,
porblems may be solved from two sides.

(2)  The test range or measuring parameters is not fixed during one testing process. In a
long time, they are in the range of small scale, but in a short time, they are in the range of
large scale. If we set up the range or conditioning amplifier in the large scale, it may cause
great error for long time when the parameters are in the range of stall scale. After using
adaptive amplifier to change scale during one test, and using some bits in one word of
PCM system to express the scale, we got successful result.

(3)  Don’t use the method of precalibration, but use the method of real time calibration to
reduce error.

(4)  To reduce intermediate equipments as few as possible (such as recorders) is a valuable
method for reducing error, especially for the analogic system.

We had used PACM-FM system and had intended to use FM-FM (frequency division) to
measure fast varing signals. For PACM-FM system, if there are many fast varing
parameters, the width of the pulse is very narrow and may cause the top of pulse to be
changed seriously so that great error may happen. For FM-FM system, it can only satisfy
the requirement of simple test object, but generally there were more complicated objects
we had met. e.g. the following parameters for the objects need to be measured: one or
more channels of 10kc/s noise, ten or more channels of 2kc/s vibration, several channels of
parameters with one handred cycles per second and slow varing parameters with less than 



150kb/s. In this condition, neither equal band wide FM-FM system nor probility band wide
FM-FM system can satisfy all the requirements simultaneously.

At present, the density of IC and the bit rate of the telemetry system increase very fast.
The traditional system has been replaced by the programable telemetry system. So that we
select PCM system to solve the transmission volume of fast varing signals, and to solve the
requirements of various parameters simultaneously, and the result is proved satifactorily..
The successful result of accuracy were also gained because We had paid much attention to
the above error sources.

3.  Bit rate of telemetry ground station.

We solicited opinions from many users about the tendency of development for bit rate of
telemetry ground station. On this basis, we determine the bit rate of new ground station
which is developed by us. We have the following opinions:

(1)  Although the requirement for bit rate to one kind or object has elasticity, but there is a
maximum limit. Users may increase the requirement for bit rate according to the
development of telemetic technology, but there is a saturation point.

(2)  If we use PCM system to measure fast varing signals, the bit rate must be higher. For
example, the bit rate of data acquisition for 2 channels of 10kc/s noise or 10 channels of
2kc/s vibration must be 500kb/s, but the bit rate or data acquisition for 600 channels of
10c/s slow varing signals is only 150kb/s.

(3)  With the development in technology, there are new and complicate objects appearing
in the world. These new objects will cause the bit rate to be increased. After the saturation
point has been reached due to the increase of the requirement which is elastic, the bit rate
increases only owing to the appearance of new objects. Because new objects appear in the
world discontinuously, the increase of bit rate must be step by step.

(4)  According to our investigation:

A. In Aeronautics area:

Because there are people on the aeroplane and the aeroplane has motive power, the
bit rate must be great for the sake of safty. In general, the bit rate is less than
5mb/s.



B. Lunching satellites:

In general, the bit rate is less than 3Mb/s for one stage.

C. Missiles:

The bit rate in general is less than 2Mb/s.

D. In astronautics area:

For satellite, if we do not consider the data of remote sensing, in general, the bit
rate is less than 50kb/s.

E. In industial area:

In general, the bit rate is less than 100kb/s.

We believe that, in astronautics area, if there are people on the vehicle and vehicle has
motive power, the bit rate must be higher than that in aeronautics area.

(5)  For multistream telemetry system, there are two bit rates. One is the aggregating bit
rate of multistreams and the other is the maximum value of bit rate of one stream.

A. From the view of technical capability, the bit rate of bit sychronizer has limitation
and the aggregating bit rate of acquisition subsystem is less than the aggregating hit
rate of processing subsystem.

B. From the view of utility, the numbers of stream and the requirement of real time
processing are limited. The maximum bit rate of bit sychronizer must be increased.

(6)  The chinese development of telemetric technology is as follows:

A. We developed and used PAM system which was less than one hundred channels.

B. We developed and used PACM system which was less than 160kb/s.

C. We developed and used PCM system which was 400kb/s.

D. We develop and use PCM programable system which is 2Mb/s.



E. Now we are developing programable multistream, PCM system with data driving,
parallel processing system and is 2Mb/s per stream. We will develope the bit rate
of one stream step by step, and will allocate the processing subsystem according to
the requirement of acquisition subsystem.

(7)  The upper paragraphs are only related to the video parts of a telemetry ground station.
If we want to develope a modern ground station in overall situation, we must develope
modern radio frequency part which can satisfy the requirement of multistreams (e.g. one
tracking attenna for multitransmitters). Of course, it must be programable.

Conclusion:

These three problems are very important to the development of chinese telemetry
technology and are the foundation for future developing strategy.
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ABSTRACT

In the past, telemetry data systems in support of JPL flight projects -- such as Voyager and
Galileo -- were designed specifically for each mission. Third-generation computers and
minicomputers were combined into a distributed system, and many man-hours of software
development were invested to meet each project’s unique processing requirements. These
systems were used to support the Spacecraft testing on the ground and -- later -- for
mission operations after launch.

The Magellan System Test Data Processing Subsystem (STDPS) marks a departure from
these past designs. For the first time, a re-usable telemetry-processing subsystem has been
designed that is flexible enough to meet the spacecraft-testing requirements of the present
project -- and can be easily changed for future projects as well. These changes are all
accomplished through a user-friendly, menu-oriented interface. Extensive software
re-programming is no longer required. The Magellan spacecraft is being constructed for
JPL by Martin Marietta Astronautics Group, Denver, Colorado. The STDPS is currently in
Denver, supporting the spacecraft testing.

Keywords: Telemetry processing, Magellan Project

INTRODUCTION

This paper describes the hardware design and application of a commercially available
telemetry processor in the testing of the Magellan spacecraft. The requirements,
established in 1985, dictated a compact, transportable subsystem for processing the
spacecraft telemetry data. A survey of available hardware was conducted and a
procurement initiated. With the choice of a vendor, the final design was completed. 



Because of the requirement for simple remote workstations, certain assemblies were
designed and fabricated by JPL.

At Martin Marietta Astronautics Group, the STDPS was put to work in developing the
parameter database. Several man-months were expended in developing this database.
Towards the end of the development, an IBM-PC with a Bernoulli disk was enlisted to
contain all six of the parameter databases. Upon completion of this database, the STDPS
was ready to support the spacecraft testing program.

TELEMETRY PROCESSORS

The STDPS utilizes a commercially available telemetry processor manufactured by Loral
Instrumentation, of San Diego, California. The Loral ADS-100 (telemetry processor) is a
distributed microprocessor-based instrument containing over 220K bytes of firmware. The
telemetry processor provides bit synchronization, frame/subframe synchronization,
dccommutation and display of the incoming telemetry stream. A technique known as
data-flow processing is used to decommutate the data. In addition to decommutating the
prime telemetry stream, the STDPS is capable of handling Embedded Asynchronous Data
Streams. Algorithms for processing this form of data are “built-in” to the firmware. The
resulting parameter values are then distributed to remote workstation displays and printers
for analysis by the subsystem engineers.

In addition to its real-time capabilities, the STDPS is capable of recording on 9 track
magnetic tape the decommutated data for subsequent play-back and analysis. In the case of
Magellan, both the low rate engineering data and high rate radar science data are recorded.

The man-machine interface of the telemetry processor is a fourth generation product which
has been optimized a great deal. A combination of system commands, display menu pages
and audio/visual feedback allows the operator to customize the machine’s functions to the
spacecraft telemetry data format. Once this format has been specified to the machine, it
may be saved on one of the integral floppy disk drives or the 9 track magnetic tape. Thus
many different inputs may be handled merely by re-loading it with the proper setup
information.

Another feature which is useful for the novice user is it’s self-prompting commands. All
system commands and acceptable menu parameters are available by “wheeling” through
them using the NEXT key.

The front panel also contains up to 14 programmable function keys. Each function key can
be programmed to retain up to 128 keystrokes. This sequence of keystrokes can be
executed by depressing the function key or processing the EXECUTE command.



Telemetry data is displayed on the integral CRT or remotely on 15" monochrome
monitors. Three types of displays are provided to view the prime, processed or derived
parameters. These displays are Data Page, Bar Chart and Graph Page. Up to ten pages of
each type may be pre-defined for display. Any parameter may be immediately displayed by
selecting it by name.

Operator entered conversion equations are used to convert the parameter values into the
desired units. These equations are defined on the Parameter Page when the machine is
programmed for the proper setup. The resulting values may be displayed in scientific,
floating point, integer, binary, hex, octal or symbolic notation.

MAGELLAN STDPS HARDWARE DESIGN

Figure 1 shows a block diagram of the Magellan STDPS configuration. There are six
telemetry processors and one expansion chassis. These units are used to monitor the
spacecraft subsystems. The low and high rate data inputs are applied to the TC/LPM and
expansion machines through an Input Interface Assembly which provides signal-level
conversion. The prime telemetry stream is decommutated in these two machines, tagged,
and sent to the remaining processors over a daisy-chained bus called the Muxbus. There,
additional processing may be performed as desired.

At the same time, the data may be recorded on 9 track magnetic tape drives attached to the
expansion chassis. These tapes can later be re-played into the STDPS for further analysis
or different algorithm processing. A 300 lpm printer is provided on the TC/LPM machine
for spooling of selected parameters. Finally, the data is time tagged from a NASA 36-bit
time code input.

Six remote (up to 500 feet) workstations are attached to the main STDPS racks. This
distance requirement was a constraint imposed on the design as the original operational
plans called for the support equipment to be located in trailers outside the spacecraft test
chamber. Each workstation consists of a 15" Monochrome Video Monitor, a keyboard and
a 300 lpm line printer. A JPL designed and fabricated “Remote Interface Assembly (RIA)
and Remote Driver/Receiver Assemblies” provide the video and data conversion circuitry
to drive the long cable lengths. The RIA contains a Z80 microprocessor and Dual
Asynchronous Receiver Transmitters (DART) for conversion of the parallel printer data to
serial data. Commercial video amplifiers are used to drive the video differentially over the
long distance. These remote workstations are used by the spacecraft subsystem engineers
for monitoring, analysis, and manipulation of the telemetry data.



APPLICATION OF STDPS TOWARDS MAGELLAN SYSTEM VERIFICATION

THE MAGELLAN TELEMETRY STREAMS

The Magellan (MGN) Spacecraft (S/C) transmits two separate telemetry streams to ground
based systems. The low rate stream is downlinkcd at a data rate of either 1200 or 40 bps
and the high rate stream is downlinked at either 268.8 or 115.2 kbps. The low rate stream
contains the Spacecraft Engineering Data (SED), which consists of all data corresponding
to the health and status of the S/C. Once the spacecraft is inserted into orbit around Venus,
the non-emergency modes of operation utilize MGN’s single High Gain Antenna (HGA)
for both mapping (using Synthetic Aperture Radar) and the subsequent playback of data.
The HGA must be pointed at Venus for mapping operations and at Earth for data
playback.

All data comprising the high rate stream is recorded on the S/C on-board Data Memory
Subsystem (DMS) in one of two different formats: the Radar Composite Data (RCD-
contains all the scientific data gathered by the S/C in the mapping of Venus with
interleaved SED) or Recorded Engineering Data (RED - commutated in the same format
as the SED, but with additional filler), before it is downlinked to Earth.

The STDPS is being used for display of all data within the SED during system integration,
and testing on the S/C. The STDPS is co-located with the S/C at Martin Marietta
Astronautics Group (MMAG) in Denver and will eventually be moved to the Kennedy
Space Center (KSC) in support of launch activities up to and including the acquisition by
the Deep Space Network (DSN - approximately 48 hours after launch). During the test
phase in Denver, the display of the data within the SED is the primary objective of the
STDPS. The SED is available through hardline or RF links and is available at any time the
S/C is powered up. The two high rate streams, RCD and RED, are not fully dccommutated
for real-time analysis, but are stored to one set of the 9 track tape drives.

The data path for the MGN telemetry streams during subsystem integration and testing
(reference Figure 1) is from the S/C Command and Data Subsystem (CDS) to the
associated ground support equipment via direct access or RF link. The low rate telemetry
is then routed through a modified Panasonic AG-1900 Video Cassette Recorder (VCR)
where the data and corresponding bit synchronization clock is encoded onto the stereo
hi-fidclity audio channels using frequency shift keying (FSK). The VCR concurrently
records voice, video and GMT during all test activities yielding a compact compilation of
all output data. The high rate data by-passes the VCR and is routed directly to the STDPS.



DECOMMUTATION STRATEGY

The decommutation of both telemetry streams is accomplished within the master TC/LPM
telemetry processor and it’s expansion chassis. The low rate data stream is dccommutated
within the master unit and the high rate telemetry is decommutatcd within the expansion
chassis. Menu driven display pages, resident in the system’s firmware, are used to select
data formats, data rates, frame sizes and synchronization techniques.

The SED is commutatcd into 91 minor frames per major frame with parameter sample
frequencies of 1, 7, 13, or 91 times per major frame (60.67 sees). In addition, there are
15 bytes per minor frame of embedded asynchronous data with a modulo count of 24. The
algorithms used for processing this data reside within the telemetry processor compressors.
Using a similar algorithm, the interleaved SED within the RCD can be recovered.

DATA PROCESSING

The expansion chassis for the TC/LPM telemetry processor contains three compressors to
process incoming data into the displayable measurements. It is necessary for all
measurements within the telemetry stream to be displayable at all workstations in their
measurement dependent formats. The MGN telemetry commutation map contains
measurements of 8, 16, 24 and 32 bits. The standard decommutation set requires all
parameters decommutated at a fixed bit distance from the frame sync code have identical
bit lengths. Therefore, two of three expansion chassis compressors are dedicated to
splitting pulse code modulated (PCM) prime parameters of 16 bits into two separate 8 bit
measurements or combining two 8 bit PCM prime parameters into 16 bit measurements.
The third compressor is dedicated to the processing of the embedded asynchronous data.

After the SED is decommutated, it is passed to the other subsystem workstations utilizing
the system Muxbus in a Tag and Data format (16 bits each). All data in the MGN
telemetry streams are passed along the bus and are available at each of the different
subsystem workstations (RFS, EPS, AACS, RS and CDS) for display of Engineering Unit
(EU) conversion, status and software configuration measurements. Additional processing
on a particular measurement is accomplished within the “downstream” units by reading the
tag associated with the required measurement and then processing this data further using
the data compressor installed within each of the downstream units.

All telemetry which has been defined as critical to the operation of the S/C is limit-
checked as it is initially decommutatcd or after processing within one of the compressors.
Out-of-tolerance measurements are spooled to both the system printer and the printer of
the subsystem whose measurement is in an alarm state. Alarms are prioritized from 1 to 



255 with the highest priority alarm being displayed on the upper-most line on the display.
All alarms can be quickly viewed on the special alarm display page.

Located within the expansion chassis are two Digital Tape Interface (DTI) cards for
interfacing to four Kennedy 9300 tape drives. The only parameters that are recorded on the
set of tape drives are those decommutated from one of the telemetry streams or those input
to the system for the time tagging of data. The low rate data PCM prime parameters are
saved on one set of tape drives in a “Tag and Data” format. The high rate stream’s PCM
prime parameters are saved on the other set of tape drives in a “Data Only” format and are
processed later on the Hughes Aircraft Company (HAC - the radar subcontractor for
Magellan) ground support computer. As the low rate stream’s subframe ID is passed
across the system bus, a Parallel Input Module (PIM) allows for the addition of GMT time
from the time code translator (TCT) to the system bus thus time tagging the digital tape
data with days, hours, minutes and seconds.

By saving the low rate stream prime parameters only, the digital tapes can be played back
post-test without duplication of the processed parameters. The DTI does not support the
recording of 24 or 32 bit parameters for subsequent playback and therefore all of these
measurements were broken down into 8 and 16 bit parameters or two separate 16 bit
parameters respectively.

In addition to utilizing the digital tapes for post test data analysis, the low rate telemetry
was also recorded on video cassettes. This enables recovery of all voice, time video and
telemetered data corresponding to a particular test. Digital tapes are played back through
the STDPS, after the addition of “Bit Change” or other algorithms to the standard
databases, to aid the recovery of event times. The video tape can then be played back,
using the modified VCR at the time in question and the data routed to and processed by
the STDPS.

The preferred method of viewing the data output by the subsystem analysts is via the 15"
monitors located at the workstations. The telemetry processors have ten data pages with
the capacity of 13 measurements per page. Each subsystem group has defined their data
pages which are stored in their default database. To display measurements currently not
displayed, the subsystem analyst need only select any data page and enter the names of the
measurements he wishes to view. The data will be processed and displayed on the next
occurrence of that measurement within the telemetry stream.

At anytime an analyst desires, a “Print CRT” command from his workstation keyboard
sends the data on the display to the printer for a hardcopy. Other methods used for
obtaining a hardcopy of telemetry include the use of the data spoolcr, “Print Data Pages”
and printing “Sort Data” - a Loral Instrumentation, firmware implemented, method to take



a snapshot of the frame. Generally, the only data which is sent to the spooler (during real-
time processing) is that which has passed through some type of data compression
algorithm. This yields the GMT and new data value. By limiting data which is allowed to
go to the printer in this manner, spooler buffer overruns and the possible deletion of critical
telemetry from the printouts can be prevented. “Print Data Pages” are utilized to print data
at specified time intervals (generally every 60 seconds). The last method used by the
subsystem analysts is the printing of “Sort Data”. By setting up the machine with “Sort
Parameters”, a “snapshot” may be taken of any part or parts of the frame and then dumped
to the printer. This enables the analyst to view many more parameters than he is limited to
on the standard 10 data pages (as only 55 of these parameters are being updated at any one
time).

STDPS DATABASES

The STDPS databases consist mainly of three types of parameters: parameters for display
at all workstations, subsystem peculiar parameters and system parameters. The only
processing required by the “downstream” telemetry processors is to apply display
equations to the data for analog measurements or for display in the proper raw format (hex,
octal, binary or integer). Subsystem peculiar parameters are defined to be those which pick
up raw data from the system Muxbus and further process the data for subsystem use.

Examples of subsystem parameters are Delta ZFN parameters for trend data analysis, “Bit
Change” for time duration recording and “Bit Match” for event time recording. The system
parameters are mainly used within the TC/LPM processor and are used in the building of
displayable measurements. Although the tags for system parameters and corresponding
data are passed down the Muxbus, they generally are not used by the subsystem
workstations.

An IBM-PC with a National Instruments GPIB to PC interface card is used to aid in
database management. Each one of the telemetry processor’s GPIB port is bussed with
each of the other processors. This allowed for all six workstation databases to be stored on
a single IOMEGA Bernoulli disk. On power up of the system, databases could be loaded
and subsequent system initialization was accomplished autonomously through the use of
the GPIB interface. Additionally, the databases could be printed out and controlled more
usefully than the telemetry processors support. Using other support programs written on
the IBM-PC, large database changes could be handled efficiently through the manipulation
of files saved in the format consistent with the telemetry processor database files.



LIMITATIONS

As with all things, the STDPS has its limitations. The maximum input data rate is limited
to 4 Mbps NRZ-L. The maximum number of parameters (prime, processed and derived) is
limited to 4096. Individual recorded time periods cannot be readily accessed without
replaying the entire tape from the beginning.

CONCLUSION

The Magellan STDPS has met the requirements established for it. This compact subsystem
(4 racks) is easily transported and will be used at the Cape for Magellan launch support.
Future projects -- such as Comet Rendezvous/Asteroid Flyby (CRAF) -- will be able to use
this same subsystem in their testing program without the expense of new hardware or a
new programming effort.
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Figure 1- Magellan System Test Data Processing Subsystem Block Diagram
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ABSTRACT

As the volume of linkages in the satellite communications systems increases, the parallel
bus between the various processors of the satellite becomes a bottle neck to transfer the
commands and data. The remedies to this problem are trivial in the ground stations;
however, this problem imposes severe restrictions in parallel bus implementation of the
satellite communications systems. The most severe restriction is the minimization of wire
connections in the physical layer to minimize the weight, size and power consumption, and
also to maximize the reliability. Another restriction is the flexibility in the link layer to
adapt the different characteristics of the command and data messages. In this paper, the
implementation to overcome the imposed restrictions in both physical and link layer of the
parallel bus will be discussed.

INTRODUCTION

The Bus implementation in satellite communications systems are commonly realized with
serial busses, for minimizing weight and power consumption while maximizing reliability
may be considered the most important design objective in the system’s point of view.
Another justification of widely used serial bus is that the access controls, and subsequent
data transactions, via the satellite communications systems are relatively slow processes.

The premise of the slow operation may still be true in access controls; however, it is no
longer true in the subsystems where data transactions are actually being processed.
Therefore, it is necessary to facilitate data transactions, especially if the system is linked to
a complicated network.

The more complicated the network, the shorter the time slot is allocated to a system which
means increasing the speed of data processing is inevitable. A parallel bus implementation
with embedable link layer not only enhances the data processing, but also dynamically
enables the reconfiguration of data rate and bus structure (i.e., serial or parallel) for
interoperability and compatibility.



SYSTEM DESIGN APPROACH

The system will consist of the Processor Module (PM) and the Bus Module (BM) as
shown in Figure 1.

Figure 1 System Block Diagram

The Processor Module is designed with a 1750A general purpose microprocessor. Unlike
other microprocessors, the 1750A does not have any standardized hardware
implementation but does have a standardized instruction set (i.e., software standard). For
this reason, only the PACE1750A will be discussed. The Bus Module is designed to adapt
the different characteristics of the existing external world. In particular, the link layer is
capable of handling elastic data rates as well as reconfiguring the busses in serial or
parallel.

The interface requirements of the system are:

1) Synchronization method via gated clock (GCLK) in serial mode --- the gated clock
shall be dynamically adjustable for wide range of data rates, zero to ten mega bits per
second.

2) The serial bus shall be RS-422 compatible.
3) The maximum length of the serial bus shall be 10 feet.
4) The parallel bus shall be a byte wide.
5) The busses shall be dynamically reconfigurable in any combination of Parallel/Serial

and Input/Output.
6) The parallel bus shall be CMOS compatible.
7) The maximum length of the parallel bus shall be 15 inches.
8) The minimum buffer size shall be 2K x 8.
9) A status indication after parallel read and write operation.



PROCESSOR MODULE

The Processor Module design approach is based upon the program memory space of 48K
x 16 and the data memory space of 16K x 16 to utilize the maximum physical address
space of the 1750A, stand alone implementation. Figure 2 illustrates memory map, I/O
map, and decoding matrix with required wait states.

Figure 2 Memory Map, I/O Map, and Decoding Matrix

Although the logical address can be extended up to 128K, the MIL-STD-1750A prohibits
extending the address beyond 64K without using a memory management circuit. In this
paper, the implementation of the memory management circuit will not be discussed. The
Processor Module can operate up to 40MHz of PCLK. To be conservative, 20MHz is used
for PCLK. The IB Bus can be shared with other processing system as a multimaster bus,
provided there exists an arbitration logic circuit. The Control Bus can also be shared with
other systems if an adequate buffering is provided. The Initialization circuit is composed of
a typical RC power-up reset circuit, utilizing its time constant.

Although the I/O space is 2K x 16, only 2K x 8 will be used due to physical limitations of
the Bus Module. When the need arises to expand the I/O bus width to a word, the
necessary modifications are readily realizable in the Bus Module by means of doubling the



width of the physical layer and the link layer. The Processor Module will remain the same
regardless of the alterations of bus characteristics in the Bus Module.

A simplified functional block diagram of the Processor Module is delineated in Figure 3.
The 1750A receives Processor Clock (PCLK), 20 MHz, from a clock source (TTL
compatible). Upon receiving a power-up reset pulse from the Initialization Circuit (INIT
CKT), the processor enters self-test and initialization routine and the System Configuration
Register (SCR) is loaded with predefined modes. There are six user interrupts in the
1750A; however, only two interrupts are used in this paper. The basic instruction cycle of
the 1750A, without wait state, is four PCLK periods.

The IB is a bidirectional, time division multiplexed, address/data bus (16 bits wide). The
control bus consists of PCLK, RST*, R/W*, M/IO*, STRBA, and STRBD*.

The wait logic circuit generates RDYA and RDYD signals. The wait states can be inserted
by either RDYA or RDYD signal for a desired number of wait states. The wait states can
also be inserted by both RDYA and RDYD. The advantage of using both RDYA and
RDYD is that the performance degradation is not so severe as it is by using only either
RDYA or RDYD. For example, the program space in Figure 2 uses two wait states, one
by RDYA and the other by RDYD. A single precision ADD instruction with addressing
mode of Register Direct would have required six clock cycles if only two wait states were
generated by RDYD signal ; however, the same instruction would have required five clock
cycles if two wait states were generated by RDYA and RDYD. The RDYA signal of the
1750A adds another dimension for wait state implementation. Inserting wait states by
RDYA is ideal if the instruction fetch takes place in a relatively slow memory device (i.e.,
EEPROM or UVEPROM). The number of wait states generated by RDYA signal only
extends valid address time by number of PCLK cycles (e.g., if one wait state is inserted by
RDYA, the valid address time is extended by one PCLK cycle). The program memory
space is composed of 32K x 8 EEPROMs (IDT 78M64). The data memory space is
composed of 16K x 16 SRAM (IDT 8M656). The raw addresses from the 1750A are
latched by STRBA signal to provide latched local addresses to the decoding logic. The
decoding logic then selects either program space, data space, or I/O space.

The Control logic selects either local data or I/O data, and then steers the data paths from
the memory or I/O to the 1750A, or vice versa. The control logic also generates wait
signals to enable RDYA or RDYD. The necessary control signals and data to the I/O
module are buffered by the IO DATA TRCV and DRV/RCV.



BUS MODULE

A simplified functional block diagram of the Bus Module is shown in Figure 4. The
inbound/outbound control signals and multiplexed address/data are buffered. The latched
I/O addresses are sent to the porting logic where the control signals for the link layers are
generated. The porting logic also generates control signals to load serial clock rates, and to
configure the link layers dynamically.

The clock rate control circuit receives the High-Byte data from the OIB bus to select one
of two hundred and fifty-six possible serial clock rates, dynamically, which can be
segmented any particular range of zero to ten mega bits per second (integers only). The
configuration control circuit receives the high-byte data from the IOB bus for various
transmit/receive modes of the link layers. The receive side of the link layer can be
configured as either parallel-in/parallel-out or serial-in/parallel-out; whereas, the transmit
side of the link layer can be configured as either parallel-in/parallel-out or parallel-
in/serial-out.

The Receive link layer receives serial data or parallel data from the physical layer serial
port or parallel port, respectively. When it is configured as a parallel input, the external
system/subsystem is responsible to provide WT_PDATA signal. The data flow from the
Receive link layer to the data transceiver side uses Low-Byte parallel port only. The serial-
out mode is not used in the Receive side because feeding serial output to the data
transceiver defeats the purpose of facilitating data transaction. However, the serial output
of the Receive side may become a useful function if a particular pattern needs to be
convoluted with the data. For the future use, the flexibility of configuring the serial output
mode is reserved in the configuration control circuit. FF1* signal is used as an edge
triggered interrupt to the 1750A, indicating that the data in the Receive side is ready to be
read out.

The Transmit link layer receives parallel data, low-byte only, from the data transceiver.
The output data of the transmit side can be configured either serial or parallel. When it is
configured as a serial output, GCLK is sent out for synchronization. The external
system/subsystem is responsible to provide RD_PDATA signal when it is configured as a
parallel output. EF1* signal is used as an edge triggered interrupt to the 1750A, indicating
that the data in the Transmit side is ready to be written.

The physical layer of the serial ports is RS-422 compatible which is designed for drive
capability of ten feet, and the maximum data rate is ten mega bits per second. The serial
bus is designed for redundancy. The parallel ports are designed for drive capability of
fifteen inches. The maximum access time of the parallel ports is fifty nanoseconds.



SUMMARY AND CONCLUSIONS

The parallel bus implementation in this paper is focused on the application where the
physical location of the external system/subsystem is within fifteen inches from the system.
To accommodate the interoperability and compatibility with the existing external
system/subsystem that does not have a parallel port, the system can be dynamically
configured in serial mode. In addition to the dynamic mode configurations, the system can
also adjust the serial data rates of up to ten mega bits per second. A significant
improvement of the parallel bus implementation in satellite communications systems is that
the realization of a universal bus module which utilizes an enormous flexibility of the bus
mode configuration in the link layers.

REFERENCES

1.  U.S. Air Force, MIL-STD-1750A NOTICE 1, May 1982
2.  Performance Semiconductor Inc., PACE1750A Microprocessor, Jan 1988
3.  Integrated Device Technology, High Performance CMOS Data Book, 1988
4.  RCA, High speed CMOS Data Book, 1986



FIGURE 3 PROCESSOR MODULE FUNCTIONAL BLOCK DIAGRAM



FIGURE 4 BUS MODULE FUNCTIONAL BLOCK DIAGRAM
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ABSTRACT

In this paper, the group synchronization code (length n = 60 bit) of the TIROS Satellite
was analysed. It seems to us the code isn’t optimization.

A series of optimum group sync codes (n = 60) have been searched out with error
tolerance E = 1, 2, 3, 4, 5, 6 and 10, 12. Their error sync probabilities are less than the
error sync probability of the TIROS code (from two times to two order of magnitudes
about). These optimum or qansi-optimum  codes  will be presented for application in   the 
second generation  of  the Meteorological Satellites of China.

KEY WORDS,  Optimum Code, Group Synchronization Code, Error Synchronization
Probability.

INTRODUCTION

The group sync code (length n = 60 bit) of the information transmission system of the
TIROS Meteorological Satellite (USA) is as following,

1010,0001,0001,0110,1111,1101,0111,0001,1001,1101,1000,0011,1100,1001,0101.

By hexi-decimal signs, this pattern can be abbreviated to “”A116,FD71,9D83,C95”. The
mane of this code is signed to S  in this paper.J

Is this a optimum group sync code?

That is a valuable or interest question.

When n = 60 bit, the number of binary codes (N = 2  -1 = 2  -1 . 1.152921504E+18) isn   60

very large. Under existing calculation speed of digital computer, it is very hard to use the 



classical exhaustion technique  for searching out the optimum group sync code in such[1]

great set of binary codes. Which like to fish for a little pin in the Pacific Ocean.

Fortunately, the code length (n = 60) is very near to the word length of m  sequences63

(n=63), so that we can try to use a confined exhaustion method for searching out quasi-
optimum or suboptimum code within the bounds of several smaller sets of the truncated (or
cut-short) codes from the m  sequences. Thereby, the work toad for searching the quasi-63

optimum or suboptimum group sync codes will be decreased in greatly.

A SHORT CUT

Just as an old Chinese saw was said. “Would rather coming home to weave a fishing
nets than standing along the sea coast to envy the fishes”. We can find a way after all.

The m  sequences have three primitive polynomials as following,63

f ( x ) = x +x +x +x+1 (1)1
6 5 2

f ( x ) = x +x +1 (2)2
6 5

f ( x ) = x +x +x +x+1 (3)3
6 4 3

Based on these polynomial and by a repeating technique, one by one, step by step, to
alternately cut out 3 bits from the m  sequences (n = 63 bit), then we can get a set of the63

truncated codes of length n = 60 bit. The total sum of these truncated codes is 189 (63x3).

For distinction, among the mentioned above 189 truncated codes, the first set of 63
codes do be signed as S  which are generated by f  (x), and the second set of 63 codes doi/I     1

be signed as S  which are generated by f  (x), and the third set, S  , by f  (x). In S , Si/II     2      i/III   3   i/I  i/II

and S , i (the order number of truncated codes) = 1, 2, 3, 4,...,63.i/III

For comparison, under the bit error probability P  = 0.1 and the error toelrance E =o

1,2,3,4,5,6 and 10,12 separately, the error sync probabilities of mentioned cut-short
codes have been calculated by computer progrom according to the formula (4) .

Where
E = number of error tolerance
P  = the probability that the element of group sync code will be changed by noiceo



R(K) = agreement vector
n = the length of group sync code.

RESULTS AND COMPARISON

Among the above mentioned 189 cut-short codes, according to their error sync
probabilities P  from small to large sequencely, under E = 1, 2, 3, 4, 5, 6 up to   E = 10f2

and 12, the first good code (the best code) are S , and the S  (i.e TIROS group sync16/II    21/I

code) is No.156 (at E = 1) No.149 (at E = 2), No.149 (at E = 3), No.143 (at E = 4),
No.149 (at E = 5), No.137 (at E = 6), No.129 (at E = 10), No.123 (at E = 12).

The pattern of S  (the best code) is as following,16/II

1111,0101,0110,0110,1110,1101,0010,0111,0001,0111,1001,0100,0110,0001,0000.

By hexadecimal sign, this pattern can be abbreviated to “F566, ED27, 1794, 810".

The autocorrelation function of this best code (S  is ,16/II

-1, -2, -3, -4, -1, -2, -1, -2, -5, 0, -3, 2, -1, -2, -1, -4, -3, 0, -5, 2, -5, 0, -1, 2, 1, -2, -3, 2,

-7, 2, 7, -2, -5, 2, -1, 2, -3, 0, 1, 6, 1, -4, 3, 0, -3, 2, 1, 2, -1, 4, 1, 2, 1, 2, 5, 0, -1, -2,-34, 60.

The autocorrelation function of S  (the group sync code of TIROS) is ,21/I

1, -2, 3, -4, 3, -4, 1, 2, -5, 4, -1, 4, -1, 4, -1, 0, -5, -2, 5, -2, 3, 2, -3, 2, 1, 0, -1, 4, -9, 0, 5,
 

0, -7, 0, -1, -2, 3, -6, 5, 6, -1, -2, -7, 0, -7, 0, -3, 4, -3, -4, 5, -6, -1, -4, 1, 0, -3, 2, -1, 60.

The limit of subpeak of the autocorrelation function of the best code ( S ) is (-7, 7)  and16/II

S  is (-9, 6).21/I

The comparison of the error sync probabilities for borth codes (S  and S ) are listed16/II  21/I

in Table.



Table 1. The comparison of Pf2

E S  (TIROS) S  (Best) Rate P  / P21/I 16/II f2/t  f2/B

1 0.5808E-15 (No.156) 0.2082E-16 (NO.1) 27.90

2 0.1786E-13 (No.149) 0.7672E-15 (No.1) 23.28

3 0.3618E-12 (No.149) 0.1848E-13 (No.1) 19.58

4 0.5425E-11 (No.143) 0.3280E-12 (No.1) 16.54

5 0.6421E-10 (No.149) 0.4574E-11 (No.1) 14.04

6 0.6245E-9 (No.137) 0.5226E-10 (No.1) 11.95

10 0.1234E-5 (No.129) 0.1945E-6 (No.1) 6.35

12 0.2678E-4 (No.123) 0.5778E-5 (No.1) 4.64

CONCLOUSION

(1).  When E changes from 1 to 12, the TIROS group sync code S  (i.e. S ) is all not firstJ  21/I

good code in the sets of the above mentioned truncated codes. The error sync probability
P  of S  is all greatter than P  of the best code S  by 28 times to 7 timesf2/T  T     f2/B     16/II

approximately. So, the TIROS group sync code S  (i.e. S ) is really not a optimum groupT  21/T

sync code in the set o binary codes of length n = 60 bit.

(2).  At different E, the first good code is generated by the primitive polynomial f  (x), and2

S  (i.e. S ) is generated by f  (x), f  (x) can not get better codes. Perhaps, we wouldT  21/I     1   l

surmise that the designer of S  is not careful consideration when to choose the group syncT

code.

(3).  Sence the searching work is only carried on the partial set of the binary codes for
n = 60 bit, it goes without saying that the first good code S  is probably not a optimum16/II

group sync code but quasi-optimum or suboptimum group sync code. However, this code
(S ) is better than TIROS group sync code S , and so, this code (S ) will be16/II         T      16/II

recommended for application in the information transmission systems of the second
generation of Meteorological Satellites China.
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ABSTRACT

The increasing channel capacity and complexity of flight test data acquisition systems have
made the problems of physical distribution of the system throughout the test aircraft and
determining the system configuration a very time consuming and costly portion of the flight
test process. These problems are complicated because the new aircraft, irrespective of
size, have more complex systems and less space is available to install the classical data
acquisition and recording system. The solution to the installation problem is to have a
highly modular system that can be configured as either a distributed system with remote
multiplexing and a PCM Central Controller, or with the same multiplexed hardware as a
stand-alone or master/slave system where the functional power and complexity afforded by
the PCM Central Controller are not required. The solution to the configuration control
problem is to have a ‘hands-off’ data acquisition system with all variables of the signal
conditioning and PCM encoding functions under software control. In one concept, this
includes functions such as instrumentation amplifier gains and offsets, presample filter
knee selection, a common gain programmable amplifier with programmable offsets, and
randomly addressable multiplexers with a PCM Central Controller that can store multiple
data cycle maps. With all of the variable functions of the system under software control,
system configuration can be determined automatically during pre- and post-flight test from
a portable ground test set that produces a hardcopy printout of the system configuration.
This system concept is being augmented by increasing sampling rate capability up to 500k
sps for processing vibration/acoustic data. Fiber optical communications are available
between the PCM Central Controller and the remote signal conditioners and multiplexers
to provide immunity from extremely high common mode plateaus between subsystem
elements located in different parts of a composite materials airframe. This next generation
data system is being developed for general purpose flight and ground test applications.



INTRODUCTION

One of the significant user problems in test instrumentation systems, in both flight test and
wind tunnels, has been configuration control. This problem is complicated as data systems
for a single test have gotten larger in recent years and is especially complicated when large
numbers of hardware programmable pre-sample filters are used to eliminate aliasing errors.
In the wind tunnel application, it was generally possible to take a photograph of the
amplifier racks before a test to verify the settings of gains and filter knees. Excitation
voltage settings and offset bias settings (channel sensitivity trimming) however, could not
be checked with photographic techniques. In the airborne system, excitation voltage setting
configuration problems were solved using fixed excitation voltages and programmable gain
amplifiers. Offset bias adjustments, however, could not be checked. Usually the first time
a user found out he had a configuration control problem was during the test when data on
certain channels did not appear as expected.

Configuration control becomes more difficult and time consuming when remote
multiplexing systems are used as required by recent test aircraft where there is no space
such as unnecessary sections of avionics bays or similar locations in the aircraft to install
PCM system hardware. When signal conditioners and PCM encoders must be located in
‘closed’ areas such as wing leading edges, vertical and horizontal stabilizers, fillets and
fairing sections, etc., it is time consuming to install and either difficult or impossible to
visually inspect hardwire programmable configurations.

Another significant user problem in test instrumentation is extremely high common mode
plateaus between different parts of an airframe composed of large sections of composite
materials that prevent the airframe from being a reasonably good ground plane. This means
either all inputs must be able to sustain high common mode voltages (up to several
hundred volts as compared to the 5V or 10V represented by the excitation voltage of a
bridge with one leg open) or remote multiplexing concepts must be used so the hardware is
located in the same common mode zone as the sensor. Even with this solution for inputs,
the problem is only shifted to the inter-system communication path. Here of course, fiber
optical communications can be substituted for conventional copper cables to accommodate
high common mode differentials between various zones of the test aircraft.

Finally, the instrumentation system user is confronted with the need to store multiple data
cycle maps that are selectable in flight depending on the test modes conducted during an
extended flight. For example, high frequency sampling of vibration channels during a
flutter dive may only consume 5 or 10% of a 2 hour test flight while during other flight
modes it is desired to monitor engine and fuel parameters, pressures and temperatures and
avionics performance. In line with the user’s desired use of multiple sampling maps during
different test modes, is the ability to change the PCM word rates to optimize



recorder/telemetry bandwidth requirements to match those needed for the different modes
of the test flight.

In the process of solving the configuration control problem, it was decided to keep the
modular and flexible system architecture of the AIFTDS-4000 product line that has sold so
successfully over the past 15 years. New design would be restricted to updating the
module technology with the latest devices so as to provide EMI protection, increased
accuracy, and faster data acquisition word rates. At the same time, it was decided to
incorporate an innovative packaging concept that deletes the physical constraints imposed
by the classical PC cards plugged into a fixed size box. Solutions to all of the preceding
user problems are being implemented in a next generation upgrade of a proven modular
signal conditioning and PCM encoder system. This system is being developed for both
flight and ground testing applications of both airframes and engines as well as for wind
tunnel and vehicle testing.

SYSTEM ARCHITECTURE

In attempting to solve many of the current user problems with classical instrumentation,
one option was to start with a clean sheet of paper and not salvage any features of the
highly successful AIFTDS-4000 PCM system architecture. A quick survey of about 30 of
the present system users, however, showed that there were no complaints about the
AIFTDS system architecture except configuration control, size and cost. The original
architecture was based on either of two basic system configurations: (1) a PCM Central
Controller (RMDU Controller Unit or RCU) and several multiple Remote Multiplexer/
Demultiplexer Units (RMDUs); and (2) a standalone RMDU with optional slaves in a
master/slave configuration where greater channel capacity is required than could be
provided by a single standalone RMDU chassis.

The RMDU, since its introduction, was a modular PCM encoder divided into overhead
and I/O modules with up to eleven I/O modules interconnected on a computer type
backplane in a single housing. A typical standalone single RMDU system is depicted in
functional block diagram form in Figure 1. The 64 channel Presample Conditioner Unit
(PCU) and the 30 channel Thermocouple Isothermal Unit (TCIU) are separate AIFTDS
signal conditioners that can be remoted from the RMDU up to 100 meters. The RMDU
contains three overhead modules: (1) the Digital Processor Module; (2) the Analog
Processor Module; and (3) the Power Supply Module. The Digital Processor Module, in
turn, is provided in three different configurations: (1) the Standalone Timing Module
(SAT-M) used to generate the PCM stream when an RMDU is used as a standalone PCM
system; (2) the Digital Data Processor Module (DDP-M) used when the PCM Central
Controller (RMDU Controller Unit or RCU) controls the system; and (3) the Slave Digital
Data Processor Unit (S-DDP-M) used when multiple RMDU chassis are connected in a



master/slave configuration generating a single PCM stream. A functional block diagram of
a larger single stream PCM system using both master and slave RMDU chassis and PCM
PCUs (a 64 channel PCU with an integral multiplexer, A/D converter and a Slave Digital
Data Processor) is depicted in Figure 2. Figure 3 shows multiple RMDUs driven from a
Central Controller (RCU) that generates multiple PCM streams and has a DMA channel to
a host computer.

The RCU supports up to 16 RMDUs and up to 8 data destination devices which could be
either PCM encoder modules or host CPU DMA channels. This system architecture was
primarily used by the wind tunnel community. The RCU however, could control either
airborne types of RMDUs or their lower cost 19 inch rack mounted equivalents in the
same system. This permitted some RMDUs to be located inside the models while other
units monitored tunnel parameters on the exterior of the tunnel. The RCU was also used as
the Central Controller in airborne systems used to test large transport type aircraft.

Programmable word rates were provided in either system configuration, with up to 256
word rates provided by the RCU and up to 15 word rates from the SAT-M. Also,
programmable word lengths of 10, 11 or 12 bits, with or without parity, were provided.
However, without RCU control from a separate computer, the standalone and master/slave
word lengths were hardwire programmable in the laboratory and only word rates could be
changed in flight.

The biggest complaint from users was that they always seemed to need 2 or 3 more
channels than were available from an RMDU full of I/O modules, and they ended up with
a second system box that was mostly empty. Also, some remote zones did not have more
than 40 or 50 channels to start with, so even a single chassis was only partly full of I/O
modules. All users, however, said they really valued the capability of the integrated signal
conditioning that could be augmented with separate signal conditioner units where large
numbers of presample filters or bridge excitation/completion channels were required.

Thus, the final design decision for a totally software controlled data acquisition system
was to stay with the proven basic AIFTDS-4000 modular system architecture and merely
try to solve most of the user complaints and, where reasonable, provide all of the new
functions the user wanted. This meant software control of all normally manual adjustments
and controls; speeding up the maximum throughput from 125k sps to 500k sps to handle
dynamic data; making both 12 bit and 16 bit analog-to-digital converters available;
permitting PCM word lengths of 10, 12 or 16 bits/word; and most importantly, developing
a modular mechanical assembly where the size of an encoder or signal conditioner at any
one zone of the aircraft was driven by the number of I/O modules, and where the full
software capacity of from 1 to 15 I/O modules could be accommodated by a single
RMDU, either as a master or a slave. Finally, it was decided that the PCM Central



Controller should be modularly expandable - the same as the PCM encoder - so that its
physical size was determined by the number of PCM output ports required and the number
of PCM encoders to be connected to the system in that configuration.

INTEGRAL SIGNAL CONDITIONING

One of the system architectural features that has proven most desirable (based on user
feedback) is the ability to accommodate integral signal conditioners in the PCM encoder
(RMDU) when it makes sense, based on the quantities and/or types of conditioners
required for a given zone of the aircraft. For example, the first level of integration is to be
able to process both analog and discrete/digital inputs in the same PCM encoder assembly,
instead of separating those functions in two different encoders, as is required by many
manufacturers’ products. At the same time, it must be possible to use separate signal
conditioners in a standalone PCU, or a PCM PCU, when there are so many channels
requiring bridge excitation/completion and/or presample filtering, that several PCM
encoders and their higher overhead module costs would be required for the completely
integrated configuration.

For example, it is possible to package four hardwire Presample Filters (PSF)s on a single
I/O RMDU module with a 4 channel multiplexer. Each RMDU supports up to 15 I/O
modules. When only 16, 20 or 32 PSFs are required at one zone of the test aircraft, it
probably makes more sense to use the integrated PSF I/O module, as that would only
consume 4, 5 or 8 I/O modules in the RMDU, leaving 11, 10 or 7 I/O modules for other
types of sensor conditioning. At the same time, if there were 60, 80 or 100 channels in a
zone requiring PSFs, it would cost less and consume less volume to use one or two
standalone 64 channel PCUs with the PCM encoder, because the 128 high-level analog
outputs from the PCU would only require four 32 channel analog multiplexer modules in
the PCM encoder. This would leave up to 11 additional I/O modules at the encoder for
other types of sensor inputs such as synchros, LVDTs, flow sensors, discretes, and 1553B
buses.

Based on these alternatives, a single RMDU could accommodate up to 60 analog inputs
with integral PSFs (not a large amount), whereas the same encoder could accept up to 480
analog inputs (15 x 32) from eight standalone 64 channel PCUs feeding 32 channel analog
multiplexer modules in the RMDU. The key point is that the configuration option for
presample filters is up to the system designer on a zone by zone basis throughout the test
aircraft.



SOFTWARE CONFIGURATION CONTROL CONCEPTS

There are two concepts which can be implemented to ensure software configuration
control of the classical research and test instrumentation system. One concept is to use
passive first order noise filters in front of each differential analog input monitoring
temperature, pressure, strain, position, etc., and provide software controllable offsets (on a
sample by sample basis) for the PCM encoder’s gain programmable amplifier, while over-
sampling each channel at a high rate (depending on the noise filter’s cutoff frequency). The
oversampled analog inputs are then applied to a realtime digital filter unit that performs a
Bessel or Butterworth filtering function in the digital domain and then outputs the filtered
results at a decimated rate equivalent to the sampling frequency that would be selected if a
hardware low pass filter were used in front of the PCM encoder’s multiplexer. The filter
unit then synthesizes the low speed PCM stream the same as would be generated by a
classical PCM encoder system with separate presample filter units.

The second concept is to use conventional PCM encoders and PSFs but to have gains,
offsets and filter knees (a reasonable number) of each presample filter under software
control as well as providing programmable offsets for the common Gain Programmable
Amplifier (GPA) of the PCM encoder. Each of these concepts has advantages and
disadvantages.

The digital filtering approach requires that the analog inputs with only passive noise filters
be sampled from at least 2 to 10 times the rate at which they would be sampled if active
anti-aliasing filters were used in front of the multiplexer. For an 80Hz data channel
containing a presample filter, to obtain a 1/2% error, a sampling rate of 5 times fco

(400 sps) is required. With only a first order passive presample noise filter to reduce noise
characteristics above 400Hz, a sampling rate of at least 1600 sps is required (based on a
Nyquist rate of 2.5 samples/Hz) to prevent aliasing errors of significance in the DC to
640Hz region which is 3 octaves above the passband of interest. For a 200Hz channel the
over-sampling rate should be a minimum of 4000 sps.

Oversampling can easily be achieved, as randomly addressable multiplexers can sample
any channel at any rate up to the maximum conversion rate of the GPA and the A/D
converter. The limitation of number of channels per PCM encoder is determined by the
settling time of the common GPA. Today, the fastest GPA for use with a 12 bit A/D
converter has a limit of about 125k sps for 1/2% accuracy across a -55EC to +85EC
operating temperature. Even this rate requires ping pong sample and hold circuits to allow
for a full 8 microsecond settling time of the GPA. Thus one PCM encoder could only
process 32 channels of 200Hz data or 78 channels of 80Hz data based on the proceeding
sampling rate analysis.



Some people could argue about the optimism of the preceding sampling rates analysis.
However, any more conservative solution would drive per channel sampling rates higher
and further reduce the number of channels per PCM encoder. In any respect, oversampling
for the large number of channels (over 500) in a modern test instrumentation system means
multiple PCM encoders and digital filter/compresser units. A typical system using this
concept might be configured as depicted in Figure 4.

The requirement for multiple PCM encoders invokes another functional unit in the system
and that is the need for a merger, to combine the multiple compressed (decimated) filtered
PCM streams into a single PCM stream that can be used for telemetry while the multiple
lower speed PCM streams are recorded on parallel tracks of the PCM tape recorder.
Another consideration of the realtime digital filtering concept relates to the need for more
complex data cycle map designs to accommodate oversampled analog inputs concurrent
with digital and discrete data that is not subject to aliasing errors and thus need not be
oversampled. To eliminate this problem it is probably necessary to have the encoder/filter
units only sample analog inputs. This in turn defeats the significant installation advantages
of having an integrated PCM encoder that can sample both analog and discrete/ digital
inputs in the same unit.

The realtime airborne digital filter concept provides a significant reduction in system
volume as 4 or 5 digital filter units would consume less than 1/2 the volume of eight 64
channel PCUs. The recurring hardware cost is also less, once the non-recurring hardware
and software development costs have been underwritten. Probably the biggest negative
feature of the digital filtering concept is that whenever there is data of questionable quality
during the test, there is no raw data tape to analyze so as to determine whether the
filtering/decimation software was operating correctly as opposed to there being a genuine
problem with the airframe subsystem being tested. Finally, digital filtering is only viable
for static and transient data as oversampling of vibration and acoustic data would generate
the need for too many encoder/filter units.

Thus when considering all of the tradeoffs of each concept for achieving software
configuration control, the use of programmable presample filters is certainly non-
controversial and was the solution of choice by most data acquisition system designers and
users. With software control of both the PSFs and the PCM encoder GPA it is possible
during the preflight system checkout to request a hardcopy printout of the programmed
electrical configuration of each presample filter as well as that of the common GPA. It is
even possible during the test flight to change any filter’s electrical configuration without
affecting the PCM sampling map or interrupting the PCM stream.



SOFTWARE CONTROL OF GAIN, OFFSET & Fco

Presample filters for some years have been available with software programmable gains
and filter knee frequencies. However, because knee frequency changes were implemented
by changing the rc values in the filter’s feedback circuits, it was necessary to switch 6 to 8
parts per cutoff frequency in a four pole low pass (36 dB/octave rolloff) filter. Because of
the relatively high cost of parts and large amount of PC area required by the knee
switching components, these filters were generally limited to three or four cutoff
frequencies and they were very costly (from over $1000 to nearly $2000 per channel).
They were also too large to be used in most airborne remote multiplexing applications.

The recent introduction of the Mask Programmable/ Switching Capacitor by several
semiconductor suppliers has permitted the design of filters with a wide range of knee
selection points using very few components and at a reasonable hardware cost. Also
devices such as the Thomson Semiconducters (formerly Mostek) TSG85XXX provide an
8th order Butterworth capability in an 8 pin DIP with only a few external discrete parts.
This unit can have the knee set to any f  from 10Hz to 640Hz merely by changing theco

clock frequency applied to the device. It provides twice the rolloff slope of the classical 4
pole filter so its lower cutoff frequency of 10Hz is as good as a 4 pole filter with an f  atco

5Hz.

Configuring the instrumentation amplifier with nine programmable offsets permits sensor
tare signals to be biased out under software control. It also permits increased gain to be
used with unipolor signals processed by a bipolar PCM encoder. The desired number of
selectable gains is 12, to provide gains of 0.5 to 1024 in binary steps (or gains of 1.0 to
2048 when a ± 10V full scale A/D converter is used in place of a ±5V full scale A/D
converter). A functional block diagram of the software Programmable Presample Filter
Unit (PPFU) is presented in Figure 5.

The PPFU is composed of a programming control card, up to 32 programmable presample
filters and a power supply. The program control card functions as the interface between the
programmable filters and the Computer Control/Display Unit (CCDU) which serves as the
program load, verify and test unit. The control card uses the same CMOS microprocesser
that is used to program and control all programmable modules in the system. Thus, the
programming protocols for all units are the same. A unit code plug alerts the CCDU which
of up to 32 different filter units the CCDU is connected to, so that there is a unit number
record as well as a PSF card configuration record for each channel. This permits up to
1024 PPSFs to be incorporated in a single instrumentation system.

Figure 6 is a functional block diagram of one Programmable Filter Channel. Each filter has
two buffered outputs; one filtered and one non-filtered. The gain and null adjustments



shown are only for gain trim and offset trim and are set only once per channel in the
laboratory.

SAMPLING SPEEDS vs A/D RESOLUTION

One of the keys to the flexibility of the system is the ability to adapt the A/D conversion
resolution to various system applications. At the same time, there are throughput
limitations when using GPAs and/or 16 bit resolution A/D converters. The architectural
approach to, satisfying these variables is partly related to the division of functions and
correlative packaging.

To make the RMDU modular and flexible, the various functions are packaged into single
plug-in modules, even if the components for a functional module consume more than one
PC card. In the new system packaging configuration, the overhead modules are connected
to the I/O modules via a computer backplane that is physically extended with the addition
of each I/O module (up to the addressing limit of 15 I/O modules) in a single PCM
encoder.

All of the digital I/O and overhead modules are designed to operate at word rates up to
500k wps. There are three interchangeable types of ADP-Ms. One ADP-M has a GPA and
12 bit A/D converter and can be used for high and/or low level inputs at sampling rates up
to 125k wps. At word rates above this, the multiplexer must be driven by a low
impedance, terminated source, so analog inputs for operation at rates above 125k wps
require a presample filter or amplifier per channel. Since these low impedance sources are
essentially single ended, a differential instrumentation amplifier is not needed and a single
ended buffer ADP-M; (with 12 bit resolution) can be used for analog data acquisition rates
from 125k wps to the maximum RMDU word rate of 500k wps.

For high resolution static data requirements such as those encountered in wind tunnels and
engine test cells, an ADP-M with both a GPA and a 16 bit A/D converter is provided. This
module, of course, only operates at sampling rates up to 125k wps. PCM word lengths less
than 12 bits/word are achieved on the Digital Processor Module by truncating the output of
the 12 bit (or the 16 bit) ADP-Ms.

A/D converters with conversion rates in excess of 125k wps at 16 bpw or 500k wps at
12 bpw can be obtained, but there were other factors in limiting the maximum word rates
for a single PCM encoder. One is that 500k wps x 12 bpw generates a 6 Mbps PCM
stream. Even when passed through a premodulation filter, this still represents a bandwidth
of 3 MHz which taxes the frequency response capacity of most analog (Non-HDDR) PCM
recorders and telemetry transmitters. Secondly, serial communications are required
between the optional PCM Central Controller and the RMDUs, or between master/ slave



RMDUs when a PCM CC is not used. Serial communications are essential to reduce cable
sizes or to permit fiber optic cables to be used as the communications links between
different parts of the test aircraft to overcome the extremely high common mode voltages
that exist between different parts of an aircraft using composite carbon structures. The use
of a 24 bit/word serial address at 500k wps generates an 83 nanosecond clock time, and
clocks faster than this become much more costly to generate and handle within the system
(they are not cost effective). Therefore, it was felt that the best system tradeoff was to limit
the acquisition rate of a single system to a maximum throughput of 500k wps.

If it were necessary to achieve a system throughput greater than 500k wps, it would only
be necessary to add a digital PCM merger unit to combine several (up to 16) of the 6
Mbps PCPA streams for classical PCM recording, and to produce an up to 96 Mbps
stream that could be telemetered on a K  band telemetry transmitter.u

PCM CENTRAL CONTROLLER

There are some system applications where it is necessary to change data cycle maps during
a single flight test. Examples of this requirement are when sampling rates on the same
channel (or channels) need to be changed because the raw data bandwidth changes during
different modes of a flight and it is not practical to sample that (those) channels at the
highest required sampling rate throughout the test flight. One example would be flutter
strain gages where bandwidth is only critical during the dive that tries to achieve flutter
velocities. Another would be the frequency response of engine parameters that is only high
during takeoff and climb-out. Also, acoustic data is generally only of interest during certain
segments of the flight and not from pre-engine start to post flight engine shutdown.

The SAT-M in the RMDU (PCM encoder), in order to minimize hardware costs, is only
configured with enough memory to support a single large data cycle map (such as a 650
word frame with 256 frames/cycle or 166k words/ cycle). Even here, in order to minimize
memory size, cost and power consumption, separate memories are used for mainframe
addresses and subframe column addresses. Separate counters are incremented by
lookahead bits in each channel address to drive the mainframe/ subframe memory address
counters.

To effectively switch formats during flight, the formal switching should be done during the
frame synchronization pattern period so there is no loss of continuity in the PCM data. It is
essential to keep the frame and subframe synchronizers on the ground station locked up
throughout the cycle map switchover. To avoid many frames of data loss at format switch
time, the bit rate must be the same for all formats. This is not a severe restriction since by
using different length frames and having a lookahead word after the ID counter (or after
IRIG time when it is embedded as the 3 words after subframe ID), the ground station can



be programmed to switch between decoms during the sync period (two or more decoms
programmed to decommutate different data cycle maps) and lock on the first sync pattern.
In this manner, multiple PCM sampling rates can be achieved during flight without loss of
more than 1 frame of data through the telemetry link or when reading back PCM tapes
recorded on board at the PCM ground station. If frame length and bit rate were the same
for multiple data cycle maps with the variables being cycle depth and channel location
within the map, then one decom/map could be preprogrammed at the ground station and
dynamic switching between maps in the airplane and decoms in the ground station could
be achieved without the loss of any data (again by switching during the sync word time
slots).

In order to switch data cycle maps dynamically, it is necessary to have multiple EEPROM
memories, or a very large memory, with loadable registers to set the start and end memory
locations for the mainframe and subframe time slots in each data cycle map. This
additional logic, switching and memory circuits, of course, is not justified for systems that
do not need to switch data cycle maps during flight.

In essence, the PCM Central Controller (PCM CC) is functionally, multiple SAT-Ms
controlled by a microcomputer that can address a variable number of PCM encoder
modules. Figure 7 is a functional block diagram of a PCM Central Controller.

The PCM CC is packaged using the some modular package concept as the RMDU (PCM
encoder) and the PPFU. It is composed of four overhead modules and a variable number of
communications and PCM output modules. The muster memory and timing module is very
similar to the SAT-M used in the RMDU, except that it has a much larger memory to store
multiple data cycle maps and it does not contain the PCM encoder functions. The data
selector module routes data received from the RMDUs to the appropriate PCM output
module. The same data word may be sent concurrently to two PCM encoder modules so
that selective (or all) data can be routed to the telemetry transmitter and to multiple tracks
of the onboard PCM tape recorder.

The PCM output modules can be programmed for different IRIG codes and word (bit)
rates so that the PCM recorder can operate at a low enough speed to record the entire test
flight with one or two passes through the tape. The only programming restriction between
PCM output modules is that they all must work at integer rates of the systems maximum
data acquisition word rate.

The computer module in the PCM CC is not fast enough to control the sampling memory
and PCM data selector modules in realtime, therefore, it is primarily used to load the PCM
CC and test the system (bit/slice machines perform the realtime address/data routing).
Since the CPU is not used in realtime, except as a health monitor, it is available to perform



limited EU conversions and derived parameter generation. The computed data can be
inserted in dummy time slots in the recorder or transmitter streams and/or sent via the
RS-422 port to a multifunction display unit in the cockpit for presentation to the test pilot.

COMMUNICATIONS OPTIONS

The system is designed to be able to use either conventional differential electrical or fiber
optical serial communications. In order to minimize the communications link hardware
costs, both channel address and a separate clock line are sent from either the PCM CC or
the slave RMDU driver (in a master/slave standalone system) to the RMDU. For short
distances (up to 20 meters), a return clock line is not required between the RMDU and the
PCM CC. For distances from 20 meters to 150 meters a return clock line is required along
with the data line (a total of four TSP cables per slave communications link).

For communications links from 150 meters to several kilometers, fiber optical cables are
required. They are also required for shorter links where the common mode plateau
between the master and the slave exceeds the limits allowed by standard direct coupled
line drivers and receivers.

In order to simplify the fiber optical links, a multimode single fiber cable is used with
wavelength multiplexing of the address, data and clock lines. Wavelengths of 780 to 1550
nanometers are used with optical divider/ combiners. Figure 8 is a functional block
diagram of a fiber optical communications link with the electrical to fiber optic modules.
These modules are packaged in the same form factor as a small RMDU (PCM encoder)
module so they can be added to a master or slave RMDU or PCM CC assembly at any
time.

SYSTEM PACKAGING TECHNIQUES

The new system packaging is probably the most unique feature of the AIFTDS-4000
system upgrade. For the past two decades, all PCM systems, with the exception of a
micro-unit built by Aydin-Vector and a conventional (discrete parts) unit built by Gulton,
have used the classical fixed size box with connectors on one face and plug-in PC cards.
The two expandable package configurations required four through-bolts to hold together
the number of wafers or slices that composed a single assembly. This concept was
generally considered unacceptable (except for applications where the micro-unit, with its
small size, proved to be the only option available). An all hybrid PCM encoder is much
more costly than one that uses conventional parts and, in the case of the micro-unit, the
hybrids were sole sourced and could not generally be repaired in the field by the user. In
the AIFTDS-4000 system upgrade, it was decided to stay with discrete parts and only use
one hybrid, the computer module that has an RCA 1805 microcomputer chip, standard



memory and UART chips. The single hybrid is not sole sourced and it can be repaired at
any hybrid facility.

The key objective in the packaging was to have a backplane that is extended with each
module added to an assembly. Thus, the user can assemble various length subassemblies
depending on the number of channels required at a given zone of the test aircraft. The
second requirement was to have all captive hardware so the installer cannot drop loose
hardware in inaccessible area when installing or removing a module or a complete
assembly in the aircraft. The next requirement was to eliminate flexible cables and hand
wiring from the assembly so that all terminations are mass assembled, flow soldered, or
use surface mount technology (the existing RMDU housing had 28 flex cables, a dozen
bus bars and over 3600 hand solder joints in an empty box).

Next, the unit had to be sealed against moisture and fluids, meet MIL-STD-810 shock,
altitude, vibration and EMI requirements (for both missiles and aircraft) and provide a
significant increase in Built-In-Test (BIT) capability so that trouble shooting could be
accomplished without removing the whole assembly from the test aircraft. Of course, all
programmable features of both the PCM encoder (RMDU) and programmable signal
conditioner (PPFU) must be accessible via a small, portable ground test system (CCDU)
from a central point in the test aircraft.

Finally, all subsystem elements had to be interchangeable to the point where portions of a
PPFU must be able to be attached to an RMDU as well as being able to be configured as a
standalone (remote) signal conditioner unit. The wide range of modules which must be
assembled into a subsystem assembly dictated the design of a modular power supply that
could be used either for a PCU, an RMDU, a combination RMDU/conditioner unit (PCM/
PCU), or, on the PCM Central Controller.

The selected packaging technique was a loaf-of-bread assembly where both overhead and
I/O modules could be plugged together as a functional unit to satisfy the specific channel
requirements of one zone of the aircraft.

Many slice interconnection and assembly techniques were tried as well as the use of
different materials (including stainless steel). Several mockups were fabricated and
subjected to shock and vibration tests to verify the integrity of a large number of slices in
various length (and weight) packages under worst case conditions, including sine wave
resonant search and dwell tests. The final slice configuration selected was a cast aluminum
frame with a single unit (IU) thickness of 0.7 inches. This permitted the use of one or two
PC cards per slice with the second card being a daughterboard to the main card that
contains the signal I/O connector(s) and the backplane connector. An illustration of two 



slices assembled and disassembled is depicted in Figure 9. Figure 10 is an illustration of a
single slice showing the daughterboard attachment technique.

Slices of 1.4 inches (2U) and 2.1 inches (3U) can be produced to provide up to 4 or 6 card
assemblies for more complex modules (e.g. 1553B and ARINC 429 bus listener I/O
modules) and for the ADP-M and the SAT-M. Even the power supply is packaged as a
modular multi-slice assembly so that voltages and currents can be tailored to the needs of a
wide variety of loaf-of-bread functional units.

For long RMDU assemblies composed of 15 to 20 slices, it is necessary to terminate the
backplane bus every 16 to 18 inches in order to successfully use 80 nanosecond clock
frequencies. A backplane terminator slice, when required, provides two additional
functions. It can contain bus drivers to permit physical extension of the bus through a short
cable to a second loaf-of-bread assembly, and/or bring the entire backplane outside the
assembly for test and trouble shooting points not available from the individual module
(slice) test connectors.

The increased efficiency of the modular integrated backplane, which is physically extended
with each slice added to a functional assembly, has provided the new system with 25%
more PC packaging area per I/O module while generating a functional assembly that
consumes only 60% of the volume and footprint area of the present RMDU. The net result
is that an average 50% reduction in system size for a given number of channels has been
achieved.

By packaging two PPSF channels on a single IU slice, up to 32 filter channels can be
assembled with a control card assembly and a power supply to make a standalone 32
channel PCU (PPFU). In the PPFU assembly, the control module permits the collection of
all 32 high level analog signals on the backplane (also used to program each channel) to be
routed to a single connector for external cable connection to a 32 channel Analog
Multiplexer (AMX) module in the PCM encoder (RMDU). Because the PPFU is packaged
using the some loaf-of-bread (one slice per two PPSF channels) concept as the RMDU a
complete 32 channel PPFU can be converted to a PCM encoder by adding the AMX
module, an ADP-M and either a slave DDP-M or a SAT-M to the stack of assemblies.

The PPSF control card module also acts as a bus isolator only bringing power rails through
from the end of the assembly that functions as the RMDU. This is what permits entirely
different functional uses of the modular backplane between the PPFU and the RMDU ends
of a single functional assembly.

Module address decoding is accomplished on the test or buffered signal output connector
mate on each module. Thus there are no DIP switches or jumper wires required to



establish a module’s address code that can be accidentally mis-set before or during
assembly of a loaf. More importantly, since the module address decoding is done on the
module mating connector, there is no fixed order of location of modules required in the
assembly of the loaf as is required by the classical packaging technique, using plug-in
cards in a box. In the manufacturing process, all slice modules are built the same, so there
are no manufacturing configuration control problems or dash number part numbering
problems.

It is even possible to add spare I/O modules in the loaf when configuring a functional
assembly and not use them by not installing the program plug mating connector until it is
necessary to use that module - due to a failure or additional channel requirements. To
replace a failed module in this type of assembly, it is only necessary to relocate the signal
I/O plug and the program plug from the failed module to the healthy module.

Handle bars have been located on each end plate assembly to aid in handling a stack when
climbing a ladder to install an assembly in a hard to access space of the wing or tail of the
test aircraft. The handle also assists ‘in situ’ removal of a wafer that needs to be replaced
or to ‘break-apart’ the loaf to add one or more wafers.

Since there are no protuberances on either side of a loaf assembly, it can be installed in the
aircraft against a bulkhead, or two loaves can be located side by side when assembly
length would otherwise become a problem. With the bus terminator/extender wafer, a very
long assembly with a high channel capacity can be folded back on itself.

Each end plate has three sets of mounting holes so the captive hold-down bolts can be
located on any of three surfaces. A loaf assembly can therefore be installed in the aircraft
with the connector face up or at either 90E location relative to the vertical plane.

There can be nearly an infinite variety of functional assembly sizes depending on the
sensor list requirements at each zone of the test aircraft. Figures 11 through 13 depict three
different typical sizes of assembly from a 7 inch unit capable of monitoring 2048 bus
words from a 1553B data bus, to a 22.4 inch assembly with up to a 2496 channel capacity
with 448 analog inputs (fourteen 32 channel AMX modules) plus the 2048 1553B bus
words.

GROUND CHECKOUT UNIT

The same microcomputer module used as the host CPU in the programmable modules of
the present master/slave RMDU system design was preserved. The same CCDU used to
program and checkout the present AIFTDS-4000 system can thus be used to checkout and
program the new system. A photograph of the CCDU is presented in Figure 14.



This small unit only weighs 10 lbs in its carrying case and operates from 50 to 400Hz, 115
VAC power. It can be used either as a ground test/load unit anywhere in the world, or it
can be flown in the test aircraft as a limited realtime display unit. For more complex
systems, a multifunction display unit would be driven by the more powerful Motorola
68020 CPU in the PCM Central Controller. For PCM Central Controller size systems, an
IBM PC would be used with a printer as the ground checkout unit. The CCDU however,
does have two UART ports so that a portable printer can be connected to the CCDU to
provide a hard copy dump of the memory contents in all programmable modules (the
SAT-M and PPSF control modules). It could also be connected to any of the PCM output
ports of the PCM Central Controller to checkout larger systems at the expense of a less
friendly and more limited keyboard and display surface than provided by the IBM PC.

SYSTEM SOFTWARE

There is a multiplexer compiler that links to the ASCII string in the data processing
software in the ground station defining the hardware characteristics of each parameter (or
multiple parameters) in one time slot of the data cycle map. The compiler generates the
object code for the sampling format memory (EEPROMs) in the SAT-M, or for the PCM
CC memory. The sampling map program can be transferred directly via an RS-422 cable
from the ground station computer to the airborne system. If the test aircraft is too far to
reach via cable, the CCDU (or IBM PC) can be used as the program transfer media
between the ground station and the test aircraft.

The CCDU and multiplexer compiler software package have been in use for several years
with recently supplied AIFTDS-4000 systems. The multiplexer compiler is a Fortran
program that has been installed in Telefile, VAX, PDP-11 and IBM PCs. It is currently
being modified to provide the added features of PPSF programmability, the addition of
offsets to the GPA in the ADP-M and the ability to account for several PCM word lengths.
A Fortran EU conversion package is also available for the CCDU that permits it to be used
for EU conversions and derived parameter generation when the CCDU is not being used
as a program load and system checkout unit. Unfortunately there is not enough space in
this hardware description to address the system software in depth.

CONCLUSION

A dramatic improvement in PCM and signal conditioning subsystem integration has been
made possible by the adoption of a new loaf-of-bread modular packaging technique. The
retention of a proven modular system architecture has dramatically reduced system
development time and costs. Many circuits and a key hybrid from recently developed
modules of the AIFTDS-4000 have been able to be re-used with design limited primarily
to device updating and to mechanical packaging. All digital modules have been upgraded



to operate at 500k wps. A new low level GPA/ADC with software programmable offsets
as well as gains is provided for use at system word rates of up to 125k wps. A buffer
ADP-M with a presample filter per channel permits system word rates of up to 500k wps
with RMDU word rates limited to 125k wps so low level multiplexing may be used in a
high speed system without the higher cost of a software program-able PPSF per channel
for all analog inputs.

Modular power supplies permit a power supply assembly to be matched to the power
requirements of any signal conditioner, PCM encoder, or integrated loaf-of-bread
assembly. The addition of significant BIT circuits dramatically simplifies system checkout.
System wide module interchangeability even permits signal conditioners and/or PCM
encoder modules to be integrated in the PCM Central Controller. Finally, by restricting the
architectural changes to primarily state-of-the-art device selection and the mechanical
packaging, it has been possible to salvage most of the significant software investment
made in the past three years when microprocessors were added to the PCM encoder to
permit the airborne system program’s object code to be generated in the PCM ground
station.

Figure 1.  Single PCM Stream RMDU System



Figure 2.  Master/Slave Standalone System

Figure 3.  Multiple RMDU System with PCM Central Controller



Figure 4.  Typical Four Encoder/Digital Filter System with PCM Merger Unit

Figure 5.  Programmable Presample Filter Unit



Figure 6.  PPSF Simplified Functional Block Diagram

Figure 7.  PCM Central Controller



Figure 8.  Electrical to Fiber Optic PCM CC to RMDU Communications Link



Figure 9.  Slice Assembly Depicting Backplane Extension



Figure 10.  Single Slice Mother/Daughterboard Assembly



Figure 11.  RMDU Configured as a 1553B Bus Monitor

Figure 12.  148 Channel RMDU with Integral Signal Conditioning



Figure 13.  Standalone RMDU with Integral PPFU

Figure 14.  Computer Control/Display Unit
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ABSTRACT

This paper discusses a PCM telemetry system consisting of programmable logic devices
(PLDs) and off-the-shelf analog ICs. A finite state machine (FSM) serves as the system
controller. All digital logic, including the FSM, is implemented using PLDs. This approach
has two important features. First, the use of an FSM offers a significant speed advantage
over microprocessor-controlled systems. Second, the use of PLDs offers a high degree of
design flexibility while obtaining a low-power, low-volume system.

INTRODUCTION

As a national laboratory, one of Sandia’s primary missions is the weaponization of
airborne nuclear explosives. This requires the development of low-power, low-volume
telemetry systems for the acquisition and transmission of flight test data. These flight tests
are divided into two groups: Development and Joint Test Assembly (JTA). The differences
between these two types of flight tests impose different requirements on the telemetry
system.

As the name implies, Development flights are performed during the weapon development
stage when the emphasis is on system characterization and modification. Because there are
many unknowns to be characterized, the number of analog and digital channels to be
monitored (data list) can be in excess of 100 channels. This, in turn, can require a PCM bit
rate in excess of 1 Mbs (Mega-bits/second). Also, the number and type of channels to be
monitored may change from flight to flight. Thus, the telemetry system must be flexible
enough to accommodate these changes.

On the other hand, JTA flights are performed after the weapon goes into production and
are used to determine if the weapon would have performed correctly. For these flights., the



data list is usually fixed, although bit rates may still be in excess of 1 Mbs. However, due
to the extreme importance of these flights and a shelf-life requirement of several years, a
heavy emphasis is placed on component reliability.

Therefore, our goal was to develop a flexible PCM telemetry system capable of a 2-Mbs
PCM bit rate using components conforming to either MIL-M-38510 [1] or MIL-STD-883
[2] (Class B). Also, the system was to have low volume and power requirements.

SYSTEM ARCHITECTURE

Overview

As shown in Figure 1, a finite state machine (FSM) serves as the system controller. The
FSM generates the signals necessary to perform analog-to-digital (A/D) conversions, to
write and read from RAM, and to control the parallel-to-serial conversions. The FSM also
increments the data-list address counter. This counter addresses an EPROM which
contains the addresses of the channels to be monitored (data list) . For this system, there
are three types of channels to be monitored: 1) digital channels, 2) analog channels with no
delay, and 3) analog channels with delay. The digital channels (single bits) are combined
into groups of eight and transmitted as one byte (each group of eight bits has a unique
address). All analog channels are sampled, converted to 8 bit digital words, and either
transmitted immediately or written to RAM and transmitted after a specified time interval.

The FSM was chosen over a microprocessor as the system controller for two reasons.
First, as will be discussed later, the controller is required to perform a series of functions
which are repeated over and over. The controller outputs are only dependent upon the type
of channel to be sampled. When looking for a low-power microprocessor/microcontroller
to perform these functions, it was found that the typical instruction time was 1-2
microseconds. Thus, for a 2-Mbs PCM bit rate or 4 microseconds per sample (8 bits per
sample), this would allow only 2-4 instructions per sample. On the other hand, the FSM
can operate at speeds limited only by the technology used to implement the circuitry. For
CMOS PLDs, the maximum clock rate is in excess of 10 Mhz. For the algorithm used in
this system, this would yield a sample rate of 625 kilo-samples per second or a PCM bit
rate of 5 Mbs (of course, this assumes the rest of the system is capable of performing at
this speed). Second, the only mathematical function the controller needs to perform is to
increment a register. This can be performed by clocking a counter. The only disadvantage
of an FSM is that as the complexity increases, so does the circuitry necessary for
implementation. The increased complexity and circuitry combine to make changes to the
FSM more difficult, thus violating our flexibility requirement. However, for this system,
the FSM design is very straightforward.



Figure 2 shows a generic data format for the PCM system. Each major frame consists of k
minor frames. Each minor frame begins with up to four synchronization words and a
minor-frame/data-set tag word followed by the corresponding minor-frame data. The
minor-frame/data-set tag word identifies the current minor frame and data set (particular
data list or major frame). The number of minor frames corresponds to the maximum
number of channels that are subcommutated (time-division-multiplexed) within a particular
word location.

Functional Description

Finite State Machine - Figure 3 shows a block diagram of the FSM. The states are
controlled by a four-bit synchronous counter. The counter runs continuously at 4 Mhz,
counting from 0000 through 1111. The output decoder generates the FSM outputs. These
outputs are latched (to prevent glitches) and are derived from the counter outputs (or state
variables) and the data-type bits. The data-type bits describe which type of channel is
currently being sampled and are derived from the channel address (the majority of
channels are analog with no delay which makes deriving these two bits very easy). With a
four-bit counter, there are 16 states per sample and 250 nanoseconds per state. A finer
time resolution can be obtained by proportionately increasing the clock frequency and
number of states per sample.

In the current configuration, the address counter is incremented when the FSM is in state
0 (0000). Allowing for propagation delay, the EPROM then outputs the address of the next
channel to be sampled. The address decoder then determines the type of channel and the
FSM outputs the appropriate control signals. During state 15 (1111), the digital word
corresponding to that channel is shifted into the parallel-to-serial converter. For analog
channels, 1-3 microseconds must be allowed (depending on the type of amplifiers and
multiplexers used) for the channel to settle before the A/D conversion is started. This
settling time can be made transparent - thereby increasing the maximum sample rate - by
pipelining the signal flow. In other words, as soon as the current analog channel is sampled
(by the track-and-hold amplifier), the address counter is incremented to allow the next
channel to begin to settle. To implement this feature requires essentially only a change in
the FSM output signals. This can be done by reprogramming the PLD which implements
these signals.

Flexibility is obtained by the use of PLDs [3,4,5,6] to implement the design. For the PLDs
we used, each output has a dedicated PLA and programmable flip-flop available for use.
The PLA is a programmable-AND/fixed-OR structure, providing eight product terms with
a maximum of 36 variables (12 inputs and 24 outputs which are fed back to each PLA) per
product term. Outputs can be registered (D, T, JK, or SR flip-flop) or combinatorial (no
flip-flop). If necessary, multiple PLAs can be internally cascaded to provide more than



eight product terms for a single output. Therefore, control signals can be modified simply
by reprogramming the PLD. Furthermore, additional control signals can be added by
programming unused output pins.

Memory - The system contains two memory elements, a 32k x 8 EPROM and a 2k x 8
static RAM. The EPROM is used to store one or more data sets (major frames). Each data
set is stored sequentially in memory. The minor frames which correspond to a particular
data set are also stored sequentially. Each EPROM memory location contains an address
which determines the type of word to be inserted into the PCM data stream. The three
types of words are: 1) data channel (one of three types discussed earlier), 2) sync word
(one of four), and 3) minor-frame/data-set tag word. The type of word is determined by the
EPROM output decoder.

The RAM is used to delay the transmission of one or more channels for a specified number
of samples. This memory is divided into two sections to simplify writing and reading.
When a particular sample is written into section 1 (instead of being transmitted), a sample
from the same channel is read from the same address in section 2 and inserted into the data
stream. When section 1 has been completely written over, writing continues in section 2
and the reading is performed in section 1. This process then repeats. The addressing of the
RAM is controlled by the RAM address generator. The RAM output is a tristate output
and is connected to the digital data bus.

Peripheral Logic - The remainder of the digital logic can be divided into eight groups (see
Figure 1): the data-set controller, the memory address counter, the reset generator, the
EPROM output decoder, the minor frame counter, the RAM address generator, the digital
latch, and the parallel-to-serial converter. These logic groups are implemented using four
40 pin PLDs.

The data-set controller monitors the data-set control signals and produces one or more bits
which identify the next data set. These bits are used to control the memory address
counter.

The memory address counter is a 15-bit (32k) synchronous counter which addresses the
32k x 8 EPROM. This counter is controlled by the FSM terminal-count pulse
(corresponding to state 1111), the reset pulse, and the data-set bits. When the terminal-
count pulse is high, the counter is either incremented (reset signal low) or reset to a
predetermined value (reset signal high) corresponding to the start of the next major frame.
These predetermined values are pre-programmed into the counter and are selected by the
data-set control bits. The reset generator monitors the address generator outputs and
produces the reset pulse. Thus, the counter is incremented under normal operation. When
the address generator reaches a count which corresponds to the last word in the current



major frame (data set), the counter is reset to a value which corresponds to the first word
in the next major frame (same or new data set).

The EPROM output decoder monitors the EPROM output and produces signals which
determine the next PCM word-type. Three bits identify the next word as either one of four
sync words, a minor-frame/data-set tag word, or a data word. These three bits are used to
control the parallel-to-serial converter. Two other bits determine the specific type of data
word. The first bit determines whether the next data word is digital or analog. The second
bit determines whether the next analog word needs to be delayed. These two bits are used
to control the FSM outputs. Finally, three bits are produced which select the specific
digital word to be sampled.

The minor frame counter keeps track of the current minor frame and its output is combined
with the data-set control bits to form the minor-frame/data-set tag word. The minor frame
counter is incremented once per minor frame (when the EPROM output decoder indicates
the current word is the minor-frame/data-set tag word) and is reset by the reset generator.

The RAM address generator is a synchronous counter used to address the RAM. An extra
bit is toggled to page between sections 1 and 2 (of RAM) for consecutive write and read
operations. The counter is reset internally when it reaches a count corresponding to one-
half the specified sample delay (since each section in RAM provides one-half the total
delay) multiplied by the number of delayed channels.

A digital multiplexer/latch is used to select and sample the digital channels. The digital
channel is selected by the EPROM-output-decoder bits and is latched by an FSM output
signal. The latch output is a tristate output and is connected to the digital data bus.

Finally, the parallel-to-serial converter produces a serial NRZ bit stream containing the
appropriate sync, tag, and data words. All digital words are latched into the parallel-to-
serial register during the terminal-count pulse (FSM state 1111). The type of word latched
into the register is determined by three of the EPROM-output-decoder bits. For bit
configuration 000, the data appearing on the digital data bus (A/D, RAM, or digital latch
output) is latched into the register. For bit configurations 001-100, the appropriate sync
word is latched into the register. And, for bit configuration 101, the minor-frame/data-set
tag word is latched into the register. The latched data is then shifted serially out of the
register at one-half the clock frequency.

Again, flexibility is obtained by using PLDs to implement all peripheral logic. Functions
can be added (if unused output pins exist), deleted, or modified by reprogramming the
PLD(s). Modification ease is especially important since as the data sets change from flight
to flight, so will the peripheral logic.



Analog-To-Digital Converter - The A/D converter converts analog samples to 8-bit
digital signals with one-half least-significant-bit (LSB) accuracy. This converter has an
internal sample-and-hold with a maximum slew rate (during conversion) of 0.1 V/usec.
This corresponds to a 3.2 khz, 5 V peak-to-peak signal. This maximum-slew-rate
limitation can be increased with a faster external sample-and-hold circuit. The maximum
conversion time is 1.6 microseconds. The converter output is a tristate output and is
connected to the digital data bus.

High-Speed Buffer Amplifier - The operational amplifier (op-amp) used to drive the A/D
input has a settling time of 250 nanoseconds and a 6 mA quiescent supply current
requirement. The input offset voltage is 11 mV, but can be reduced using offset nulling
resistors. Clamping diodes are used with this op-amp to prevent latch-up of the CMOS
A/D converter due to input overvoltage.

Analog Multiplexers - The analog multiplexers are 16-channel multiplexers with a
maximum on-resistance of 400 ohms, a typical output capacitance of 50 picofarads, and a
maximum access time of 1.0 microsecond. The small switch impedance is necessary to
minimize settling time (settling time to 1 LSB = 5.6RC). However, this low switch
impedance puts additional requirements on the amplifier which drives it.

Signal Conditioning - The signal conditioning circuitry consists of gain/attenuation and
filter stages. To reduce volume requirements, quad op-amps are used to implement these
stages. These op-amps were chosen for their low power requirements (<1mA/quad) and
their low input offset voltage (<1mV). One problem was in choosing an amplifier to drive
the multiplexer output capacitance (50 pf) through the low switch resistance. Op-amps
with low quiescent power requirements (<3mA) but high output drive capability (>15 mA)
were tested. However, it appeared that in spite of the high output drive capability, the op-
amp outputs were perturbed (unsettled) due to the switching capacitive load. In other
words, when a channel was selected, the op-amp had to charge the switch output
capacitance through the switch resistance. But, because the op-amp has a finite response
time (i.e. requires a finite amount of time to begin sourcing/sinking current), the output was
perturbed. Once perturbed, the op-amp then required a finite amount of time to settle. So,
op-amps with low power requirements but fast settling time (due to output perturbation)
were tested. As a result, a quad op-amp was found with a 1 mA quiescent current
requirement, 3 mV input offset voltage, 3 mA output current, and a 1 microsecond typical
output settling time (Note: Because the maximum settling time due to an output
perturbation is not specified, additional testing is required to determine this value) . The
3 mA output current is sufficient to charge/discharge the 50 pf switch capacitance (i.e.
neglecting RC settling time, dt = C*dv/I = (50pf)*(5v)/(3mA) = 83 nanoseconds).



Thus, for this configuration, the analog channel settling time is limited by the multiplexer
access time (1 microsecond) and the driving amplifier output settling time (at least 1
microsecond).

POWER AND VOLUME REQUIREMENTS

Because all parts except the op-amps are CMOS devices, the power requirements are kept
to a minimum. As an example, consider this PCM system operating at 2 Mbs and
monitoring 128 analog channels (with one signal conditioning op-amp per channel) and 24
digital channels. The worst-case power consumption is 1.9 watts and the volume
requirement is 51 integrated circuits with a total of 1052 I/O pins. By hybridizing the
analog circuitry, the volume requirement can be reduced to 12 individual packages with a
total of 456 I/O pins.

PERFORMANCE

Using worst-case product specifications, this system is designed to operate at 2 Mbs over
the military temperature range (-55 to +125 deg C) . However, at room temperature, one
LSB of accuracy was measured at 4.0 Mbs.

The CMOS PLDs used to implement this design have a maximum (worst-case) clock
frequency of 12 Mhz, which corresponds to a PCM bit rate of 6 Mbs. Thus, to improve the
guaranteed bit rate of 2 Mbs, changes must be made to either the FSM algorithm or the
analog circuitry.

As stated earlier, the analog settling time can be made somewhat transparent by pipelining
the analog signal flow. By allowing the next channel to settle while the current channel is
being digitized, the maximum PCM bit rate will be determined by the longer of either the
analog settling time or the A/D conversion time. For this system, pipelining will increase
the maximum bit rate (using worst-case specifications) to 3.2 Mbs.

With certain tradeoffs, additional bit rate improvements can be obtained by using faster
components. An 11 mA-per-quad op-amp is available with an output settling time of 200
nanoseconds. A multiplexer which uses 10 volt logic is available with an on-resistance of
120 ohms and an access time of 300 nanoseconds. Certainly, higher-speed op-amps are
available for driving the A/D input at the cost of higher power requirements. Also, high-
speed (>10 Mega-samples/second) A/D converters are available at the cost of higher
power requirements and usually lower operating temperature ranges. And, if necessary,
faster PLDs can be used to implement the FSM and peripheral logic.



CONCLUSION

A flexible high speed PCM telemetry system consisting of programmable logic devices
(PLDs) and off-the-shelf analog ICs has been demonstrated. A finite state machine serves
as the system controller and offers a significant speed advantage over microprocessor-
controlled systems. The use of CMOS PLDS to implement all digital logic offers a high
degree of design flexibility while reducing volume and power requirements. Further
reduction in volume requirements can be obtained through hybridization of the analog
circuitry. High reliability is obtained through the exclusive use of components conforming
to either MIL-M-38510 or MIL-STD-883 (Class B) . In the current configuration, the
guaranteed PCM bit rate over the military temperature range is 2 Mbs. This guaranteed bit
rate can be increased easily to 3.2 Mbs by pipelining the analog signal flow. However, by
making certain tradeoffs, further increases in the bit rate can be obtained by using faster
components.
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ABSTRACT

By making use of NC212-200 commuter aircraft as an airborne container, the ADReS, a
short for airborne data relay system, had been configured and tested in an experimental
status during the year of 1987. A kind of test on EMC, EMI, RFI and telemetry data link
were applied to the system.

Prior to the IPTN’s flight test program in the year of 1988 - 1992, the ADReS is designed
not only to receive and to relay the data, but also planed to be able to process the data for
quick data analysis purposes on board.

This paper describes the ADReS system concept and its experimental status system - the
Phase One system configuration.

KEY WORDS : ADReS, Airborne data relay, Flight test instrumentation system,
Telemetry data link.

INTRODUCTION

Having a good and a reproducable signal at any time during the test mission is the most
critical matter in dynamic flying vehicle test telemetering, especially when the mission is
conducted over such a mountainous areas. Due to the mountainous land profiles exist in
between Bandung and test area (see Figure 1), it is almost impossible to get a good signal
from test vehicle without any other additional system. For illustration, the height of
surrounding obstacles within radius 10 and 30 NMi are at range of about 1400 feets up to
5500 feets measured from NUSANTARA - (IPTN) plane as a reference. Therefore, a such
telemetry relay is needed and functionaly placed in between test area and base station. The



most popular way to overcome the above matter is by placing a many fixed-land telemetry
relay stations in many remote regions depend upon both site locations and areas should be
covered. Since fixed - land stations are obviously limited by geographical constraints and
definitly would not able to cover all test vehicle activities during the mission, it will
evident that large gaps in coverage still occur. It has to be considered that the lowest
aircraft’s altitude has to be covered will be as low as 300 feets above sea level as it was
conducted to CN235-10 developed prototype aircraft in ground proximity warning system
(g.p.w.s) test. To fill these gaps, a new concept in data relay was developed a highly
movable aircraft containing the necessary instrumentation to assure data reception,
monitoring, recording and data relay. By making use of NC212-200 commuter aircraft as
relay aircraft (Figure 2), the ADReS, a short for airborne data relay system, had been
configured and tested in an experimental status. Prior to the future flight test program for
both commercial and military version prototype aircraft in the year of 1988 - 1992, the
ADReS is designed not only to receive and to relay the data, but also to both process and
monitor the data for quick look data analysis purposes onboard of NC212-200. The
ADReS also has to be performed to cover test vehicle activities, on ground, possibly be at
a certain emergency airport (in case of emergency). For that purposes, a several airports
either at northern or southern region are pointed out as an emergency airports supporting
the whole flight test program.

THE ADReS SYSTEM & PERFORMANCE CONCEPT.

Based on the main mission objective of the system, the ADReS has to cover all functions
and all associated ones which could be described as the followings : 1. Receive and detect
a telemetered data from test vehicle, 2. Process and display the data either for quick look
analysis purposes or redundancies, 3. Record the data for second back up, 4. Improve and
enhance the data before retransmission, 5. Relay the data fo Flight Test Instrumentation
System (FTIS) ground station/mission control and additionaly, 6. The relay aircraft has
also to play a part as a chaser aircraft in the whole test mission. All activities regarding
with the system establishment, improvement, modification and development have to be
refered to the above functional concept. Further there are three factors have to be
considered in the design of ADReS which the system performance should be specified on.
It includes:

C R.F. Telemetry link performance

Air to air TM link : the system planed to be able to receive and detect the data from test
vehicle, either in L or S band, at minimum line of sight distance of about 20 NMi
(regard to the aircraft will play also as a chaser) at any manuevering condition of both
aircrafts.



Air to ground TM link : the ground station planed to be able to receive a relayed data
from relay aircraft at minimum line of sight distance of about 100 NMi.

C Flight Test Data Handling & Monitoring

PCM data : 500 kbps up to 1 Mbps consisting of about more than 350 flight test
parameters planed to be decommutated, processed and monitored onboard. Data
processing will be carried out by such on-board portable computers. This data will be
improved befor retransmission.

FM analog data : the 15C IRIG-FM-CBW channels will carry the analog data, and it
will detected in a subcarrier level and then relayed.

Picture/Video-band data : the system also planed to be able to handle and relayed a
3.4 MHz picture data either received from test vehicle or outputed from on-board video
camera (when the relay aircraft plays as a chaser for air flow visualization purposes for
instance).

Data processing : the system planed to be able to process minimaly a 500 kbps PCM
data for quick look analysis.

Data recording : the system also will provide both magnetic tape and strip chart
recorders to record both PCM/analog and picture data for second back up.

C Voice communication & monitoring

Communication between pilots and TM engineers/on-board specialist will be
accomodated by on board intercom system. The pilots and TM engineers/specialist will
also be able to monitor both the onboard conversation among the test aircrews occur
during inflight test and a conversation between the test pilots and the mission director
via either VHF or HF channel.

C Miscellaneous

Calibration capability : the ADReS will contain not only a necessary telemetry relay
equipments, but also it will include a calibration instruments which are functionaly
dedicated to all necessary telemetry front-end equipments.

Figure 3 show the ADReS system block diagram as conceptionaly designed.



THE PHASE ONE SYSTEM CONFIGURATION

As the first stage of the program, during April and May 1987 the ADReS experimental
status system configuration was established and installed and then tested from June up to
September 1987 and February 1988. This configuration then called the ADReS Phase One
system configuration. Most of the hardwares used in this system are a spare equipments
which are dedicated to FTIS ground station. The system is devided into three subsystem :
1. Telemetry front-end & monitoring subsystem, 2. Intercommunication subsystem and, 3.
Electrical power convertion subsystem.

Telemetry front-end & monitoring subsystem

Without any capability for doing some computerized data processing onboard, the system
receive the data from test vehicle (CN235-20X, the developed prototype aircraft) at carrier
frequency of 1531 MHz and relay it down at carrier frequency of 1537 MHz. The
telemetered data contains only PCM data with BR of about 51 kbps and air crew’s voice
data. The last mentioned data modulate an 15C IRIG - CBW channel (128 kHz ± 8 kHz).
Two units of omnidirectional L-band antenna model ASLN used as receiving antennas and
mounted on the top of vertical tail plane (VTP) and on the bottom of tail cone respectively.
It will assure a reliable reception from test vehicle in term of “space diversity”. It is
accomplished with r.f. coaxial switch instead of using diversity combiner, to continue the
signal to 1100 AR L-band receiver. To have “clean” and sufficient received signal
strength, L-band BPF and 24 dB L-band amplifier are installed in between coaxial switch
and 1100 AR receiver. Another 24 dB small L-band amplifier also installed right after
VTP’s receiving antenna to compensate a possible poor antenna radiation pattern caused
by a poor ground plane of the antenna. A Sucoflex 104 Q r.f. cables used in the system &
routed in r.f. section of both receiving and transmitting end. For data monitoring purposes,
an EXPRT PCM decommutator is utilized to decommutate PCM data stream and
displayed it into either four pages bargraph or numerical form as much as 128 parameters
respectively. Figure 4 show a block diagram of Phase One system configuration. In this
Phase One experimental configuration, a PCM data stream taped paralely and relayed
without any improvement through a such PCM formater (data enhancement).

To monitor a received signal strength at any time during the mission conducted, the on-
ground spec 8 channel strip chart recorder Model 2800 S used to record an AGC signal of
the receiver.

This record will be analized further to determine both qualitative and quantitative
correlations between land profiles and the position of both aircrafts. For calibration
purposes, a HP 8614 A UHF signal generator and TEX 305 oscilloscope are also provided
on board. All the above equipments are plugged into the rack assy installed in the aircraft



cabin in between frame No.4 and No.6. For having a good impression on system
installation, Figure 5 show a hardware installation situation of Phase One system
configuration in NC212-200 aircraft. A photographs of some detail installation are also
shown by insets. To relay the data down to ground station, the 10 watts output L-band
transmitter Model VTX-10L and ASLN omnidirectional antenna are used. The antenna is
installed on the bottom of fuselage in between frame No. 4 and No.5.

Intercommunication subsystem

Corresponding with the system performance concept, a TM engineer is able to
communicate with both pilot and copilot. It also possible to monitor the conversation
between aircrew and mission control taped from either VHF or HF transceiver at audio
level. Due to the time limitation, a voice data could not be monitored yet in this Phase One
configuration.

Electrical conversion subsystem

The other important subsystem of the ADReS is an electrical conversion unit. The system
is converting a 28 VDC aircraft supply voltage into a certain voltages at a certain
frequencies as required. Type of subsystem outputs are 220/50Hz, 115V/400Hz and
± 15 VDC and supply those kind of voltages appropriately to r.f. amplifier, 1100 AR
receiver, EXPRT decommutator, 2800S strip chart recorder and HP 8614A UHF signal
generator.

SYSTEM TESTING & TEST METHODS

The ADReS system test subjects are pointing to the following observation objectives : 1.
The influences of basic aircraft’s electronic & electrical system to the ADReS Phase One
system installed, 2. The possible r.f. interference exist between telemetry receiving and
transmitting end subsystem, 3. The reliability of data reception due to the waves
propagation anomalies for a certain telemetry link configuration, 4. A telemetry coverage
distances for either air to air and air to ground link. Especially for the third test objective,
its inherently includs some observation on the characteristic of the West Java area to
accomodate L-band range radio transmission. In this such a research, the West Java
air/ground segment is assumed as a fading channel which will strongly influence the
quality of signal reception (this subjects are reported in the ITC/USA/88 paper titled : A
SURVAYS ON FADING CHANNEL OVER WEST JAVA AREA FOR FLIGHT TEST
RADIO TELEMETERING PURPOSES, from the same main author). Based on the above
objectives, after making an appropriate calibration to each system equipment, three kinds
of test were carried out, those are : a. EMI/EMC test, b. Electrical system test, and c. r.f. 
link test. Figure 6 depict those various test items in a matrix form. In EMI/EMC test the



operation of each system equipment was observed whether it will electromagneticaly
influenced by each necessary avionics instrument of basic aircraft including DME
(distance measuring equipment), VOR (very high frequency omnidirectional range
system), and HF & VHF transceiving end subsysem. It was carried out on-ground in both
engine OFF and RUN condition. In electrical system test, the reliability of supplied power,
which inherently includ the reliability of power conversion subsystem, was observed
through the variation of aircraft’s engine power from 65% up to 95% with 5% increment.
In this test (on-ground), the ADReS system was ON which received he data from test
aircraft (also on-ground) and relayed the data to FTIS ground station. The influences of
electrical variation to the system is monitored and recorded both on board and at ground
station. It was represented by variation of received signal strength through the dB meter of
1100AR and the reliability of PCM data outputed from both onboard and on-ground PCM
decommutator. Figure 7 show a system set up for this kind of measurement.

RF link & data reliability test

Three objectives are implied in this test : 1. Obtaining a maximum link distances for both
air to air and air-to-ground telemetry link, 2. Obtaining a suitable air segment in between
base station and both the second and third test area where the relay aircraft will hold over
and able to monitor all inflight-flight test activities and, 3. Observing a horizontal radiation
pattern of the aircraft mounted transmitting antenna by both inflight and on ground field
measurement. A complete horizontal pattern can be caught by flying the aircraft on a
horizontal circle. If the circle is flown with different angles of roll for some other reasons,
reception pattern in the corresponding inclined planes through the aircraft’s roll axis are
caught. If the antenna under test is acting as transmitter, a receiving antenna has to be
located in the plane of the circle flown. In order to have a deviation of only a few degrees,
a large ratio between aircraft slant range (measured from receiving antenna) and aircraft
turning radius has to be achieved in the field experiments. It is also necessary to be noticed
in this paper that determining the exact position of the aircraft during test is one of the
difficult matter. The different radio navigation systems are supplying distance (DME)
and/or bearing (VOR) information. There are at least 4 possibilities to determine the
position of an aircraft by radio navigation. For this purpose, it was used distance
information from DME and bearing information from single VOR (Bandung VOR).

Most of inflight r.f. link test were carried out at azimuth ± 111E, ± 265E and ± 280E
relative from IPTN base station where some radio corridors are exist. During the mission,
the CN235-20X was took part as test vehicle at flight level between 90 and 110.



TEST RESULTS

It could be concluded from the test as follows :

C Electromagnetic interference : there were no any serious electromagnetic interferences
detected between Phase One System and avionics & r.f. system of the basic aircraft.
The only interference detected was kind of r.f. coupling from transmitting to receiving
antenna cause receiver’s sensitivity degradation. The coupling was in order between 25
up to 35 dB which seem depend upon the aircraft position relative to the ground
surfaces or some other on ground reflective surfaces. It was occured especially when
the aircraft flown below 4000 feets. This phenomenon is being observed further in
laboratory by simulation and then verified through field measurements, in order to make
sure whether the ground surface multipath effect is involve in the matter concerned.

C Electrical power reliability : there was no any power unreliability monitored during the
mission for flight configuration.

C Telemetry link & data reception reliability : for air to air telemetry link, a received signal
strength was very sensitive to the relative position between the two aircrafts. The
maximum link distance was 20 NMi, whereas for air to ground telemetry link, the
maximum link distance was 70 NMi. In general, the reliability of data was also very
sensitive to the relative position between transmitting and receiving antenna, either for
air to air or air to ground telemetry link. It was also examined the aircraft’s antenna
horizontal radiation pattern, especially when the relay aircraft was flown at azimuth
± 260E - ± 265E as radio corridor between base station and second test area. Figure 8a
and 8b illustrates those antenna radiation pattern which show a received signal strength
for various aircraft’s heading. Those measurements were conducted at aircraft position
of 265E azimuth (relative to the base station), 55 NMi slant range, and 10.000 feets
altitude with ± 10E bank angle of 5 NMi turning radius. For comparison, Figure 9a and
9b shows a radiation pattern diagram of the ADReS transmitting antenna as measured
on ground. Due to the unperfect propagation space available in between two antennas,
the above pattern diagram is actually not more than ground system reception pattern. To
have “more real” radiation pattern from the measurements, some mathematical
elaboration has to be applied to the test results to eliminate the propagation anomaly
factors contained in the data. Some calculation by using GTD and waves multipath
theory is one of the best ways.

From link test also obtained that ± 265E/±60 NMi (over Pelabuhan Ratu), ± 111E/±
65NMi (over Tasikmalaya) and ± 280E/- ± 20 NMi (over mountain Sanggabuana) are
the most suitable holding positions for relay aircraft to cover the second and the third
test area, includs both northern and southern region emergency airports. Due to the



existance of northern obstacles (mountain Tangkuban Perahu and Burangrang, 6800 -
7300 feets a.s.1 height, and 10 NMi distance relative from base station) it is impossible
for ADReS to link base station with the first test area.

THE ADReS FUTURE DEVELOPMENT

Refere to the design and system performance concept, and based upon the test results, the
development of Phase One configuration is needed. According to the current development
plan, increasing the telemetry link distances and improving the data reception reliability are
the mayor goals of the short term program than the onboard data processing capability The
final performance of the developed telemetry front end has to be optimize to the
characteristic of West Java air/ground segment as a telemetry link channel. To avoid the
utilization of power converter units, most of the Phase One’s hardwares will planed to be
replaced by ruggedized airborne spec equipments. Such an inhouse study and research
especially on antenna location optimization is being performed.

CONCLUSION

The ADReS system concept, the Phase One system configuration and the system testing
are described. From the test results, the ADReS development has to be carried out
intensively to support the coming flight test program. For short term program, the
improvement of TM link performance is primary matter.
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Figure 1 - IPTN’s Flight Test Areas Located at both northern
& southern region of West Java.

Figure 2 - NC212-200 PK-NZJ as relay aircraft supporting a type
certification & development flight testprogram.



Figure 3 - The conceptual ADReS system block diagram.

Figure 4 - The Phase One - experimental ADRe-S system block diagram.



Figure 5 - A situation of Phase One’s hardware installation both inside and outside
of NC212-200 aircraft. Details : (a) Instrument rack assy; (b) Amplifilter
unit; (c) L-band amplifier #1; (d) Bottom tail cone L-band receiving
antenna (#2); (e) Bottom fuselage L-band transmitting antenna; (f) VTX-
10L, L-band transmitter.



Figure 6 - Matrix diagram of the ADReS test items.

Figure 7 - System test set up for combine data reception
and supplied power reliability test.



Figure 8 - A horizontal “radiation” pattern diagram of ADReS transmitting antenna
as measured by ground based receiving end system; relative aircraft
position from base station : 265EE azimuth, 55 NMi slant range and 10.000
feets altitude : (a) 360EE turn right ; (b) 360EE turn left.

Figure 9 - A horizontal “radiation” pattern diagram of ADReS transmitting antenna
as measured on ground (test location : Runway 07-25, Soekarno Hatta
International airport) : (a) 360EE turn right; (b) 360EE turn left.



A NEW S-BAND FM TELEMETRY TRANSMITTER
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ABSTRACT

This paper describes the design, test and the analysis of the test results of a new type
S-band FM telemetry transmitter.

Compared with the modulator adopting conventional fundamental crystal direct
modulation, the transmitter which adopts UHF fundamental crystal direct modulation has a
comparatively better modulation characteristics and a higher center frequency stability.
The test results show that the deviation sensitivity of the transmitter is up to
400KHz/Vrms, frequency response is DC~200 KHz, total harmonic distortion is 3% and
the center frequency stability is ten to the minus fifth power within the range of -
30~+70Ec. Because of the high operating frequency of the modulator, the complicacy of
the frequency multiplier has been requced, design of circuitry simplified and harmonic and
spurious outputs has been improved to a great extent.

Key words: telemetry transmitter, direct modulation, UHF fundamental crystal.

INTRODUCTION

The problem which is mostly concerned by the FM transmitter designers is how to
ingeniously solve the contradiction between modulation characteristics and center
frequency stability so as to satisfy the harsh requirements of transmitter electronic
perfermences and geometric dimensions demanded by engineering applications. The
requirement on transmitter modulation characteristics differs greatly from different
applications. Generally speaking, for telemetry system having larger data capacity, for
instance, missile, space shuttle etc., their transmitters are required to have higher frequency
responce and greater deviation capability, while for data transmission systems in tactical
rockets, satellites as well as nonmilitary telemetry applications, the requirements on
transmitter frequency response and deviation capability are relatively lower. For large
capacity data transmission, the transmitters are prone to be designed by using an IF
modulator with good modulation characteristics and a high reliability local oscillator to
obtain an ideal stable frequency-modulated output or by using the method of phase lock to



achieve the stable frequency-modulated output after conversion division of the frequency
modulator operating on output frequency. Yet the composition of circuitry using the above-
mentioned methods are too complicated and bulky and expensive, hence not suitable for
some applications that requires less data capacity but harsh requirements on bulk. So we
have made a new approach to the design methods for frequency-modulated transmitters,
that is UHF fundamental crystal direct modulation. It has been proved that this kind of
design obtains both ideal modulation characteristics and good center frequency stability.
Compared with the methods of frequency-conversion and phase lock, it has the advantages
of simple circuitry, more efficient, small bulk and of low cost; and compared with the
methods of using traditional VHF fundamental crystal direct frequency modulation, it has
the merits of better modulation characteristics, less frequency multiplication and of higher
harmonic and spurious outputs.

COMPOSITION OF TRANSMITTER AND SCHEMATICS OF FUNDAMENTAL
CIRCUITRY

The composition of transmitter is shown in figure 1. It consists of a frequency
modulator, a buffer amplifier, a frequency multiplier, a band-pass filter and a power
amplifier.

Figure 1. Block Diagram of a Transmitter

The frequency modulator operates on 400MHz band and its operating frequency can be
raised to S-band for output after frequency multiplification.

The schematic of frequency modulator is shown in figure 2, in which W represents
crystal frequency modulation networks and also shown in figure 2 is the Colpitts Oscillator
Circuitry. In order for the circuitry to oscillate steadily, the W networks must appear in
inductive features.

Figure 2. Principle Circuit of the Modulator



Crystals manufactured by traditional grinding technique has a very difficult problem,
that is its fundamental resonance frequency is difficult to be raised to a certain extent,
usually less than 30MHz because of the limitation of its thickness. The UHF crystal used
by the new S-band frequency-modulated telemetry transmitter is manufactures by the
method of plasma photoetching. The crystal chips of the resonator are selected from the
first class artificial crystals, the diameter of each chip is 7mm, thickness 55.4,µm (identical
to 30MHz fundamental frequency), AT cutting, double face mechanical polishing. The
diameter of the photoetched area by ion beam is only a few µm and the size of crystal chip
electrode is 50 by 50 (µm). The electrode which is 1000A thick has been accomplished by
vacuum evaporating aluminium-plating. Packaged in a small metal case, the electrodes are
vertically intersected and the coincident part of the two electrodes forms a squre, which is
shown in figure 3.

Figure 3. Schematic of the resonator

As a result of using the method of ion beam photoetching, the crystal chips can be
processed as thin as a wafer, thus greatly increases the fundamental frequency of the
crystals. Shown in figure 4 are the equivalent circuitry and reactance-frequency
characteristics,

Figure 4. (a). Equivalent Circuitry of the Crystal
(b). Reactance Curves of the Crystal



of which the serial resonance frequency is:

and the parallel resonance frequency is:

We know from figure 3(b) that when the operating frequency of the crystal is between
f  and f  , its characteristic impedance must appear inductive and the crystal is equivalentq  p

to a high Q inductor working in the tuned loop. In this case, the circuit shown in figure 2
can work stably, that is to say, if you want to realize crystal direct frequency modulation,
the transient frequency must vary between f  and f , or put it another way that theq  p

maximum frequency deviation can’t exceeds half of this frequency range. The interval of
crystal serial and parallel resonance frequency is relatively small, usually between
10 ~10  of order. Whereas for UHF fundamental crystal, due to its high operating-3 -4

frequency, the static capacitance C  is less than 0.3PF, therefore a satisfactory widero

*F -f * value, usually up to 400KHz can be achieved. This is what the designers areq p

interested in, for it means that the bigger the value is, the greater the frequency deviation
can be gained.

In the design of frequency-modulated networks, the variable-capacitance diode and the
crystal is in serial configuration, so as to reduce the influence resulting from the unstability
of the variable-capacitance diode. When junction capacitance of the variable-capacitance
diode varies with the modulating signals, the equivalent impedance of the crystal also
varies, causing the frequency of the crystal oscillator to be modulated. The static
capacitance of the variable-capacitance diode in series collection with the crystal oscillator
will make f  near f , thus reducing the modulation capavility. AN inductor is introducedq  p

serially into the variable-capacitance diode circuit to offset influence from the static
capacitance. Two variable-capacitance diodes are used as a modulator to increase
modulation sensitivity and improve modulation characteristics. In addition, a temperature
compensation network is added to the input circuit of the modulating signal to improve the
stability of frequency deviation within wider temperature range.

TEST RESULTS

The modulation characteristics and center frequency stability have been tested on a
prototype, the results of which are listed below:

1. Shown in figure 1 are the modulation characteristics (the modulating signal input
amplitude is 2Vrms)



modulation frequency   (KHz) DC 0.03   1 10 50 200

frequency deviation      (KHz) 810 839 845 845 837 800

total harmonic distortion  (%) 3.3 2.8 2.8 2.7

Table 1. Modulation Characteristics

As will be readily seen from Table 1 that the modulation sensitivity is about
400KHz/Vrms.

2. Frequency-Temperature Characteristics within the Temperature Range of
-30~+70Ec are shown in Figure 5.

Figure 5. Transmitter Frequency-Temperature Characteristics

CONCLUSION

The statements mentioned above are the preliminary studies we have done on UHF
fundamental crystal direct frequency modulation. As may be seen from the test results, the
transmitter modulation sensitivity is 400KHz/Vrms, maximum frequency deviation may be
up to 800KHz, frequency response is DC~200KHz, distortion is about 3% and the
frequency sensitivity is ten to the minus fifth power. So we can say that, compared with
the methods of frequency conversion, pfase lock and traditional VHF fundamental crystal
direct frequency modulation, this new approach to frequency modulation is more practical
for the applications of small capacity, low data rate vehicles, satellites and nonmilitary
systems. No doubt, it will be used far and wide for many purposes, if the frequency



response and center frequency stability are further improved. This problem remqins to be
solved by future studies.

For the time being, the technique of surface acoustic wave modulation has arosed broad
interest. It possesses the advantages of high oscillation frequency, miniaturization and its
modulation characteristics is better than crystal modulation. But the frequency-temperature
characteristics of the surface acoustic wave modulated oscillator is not as good as the
crystals, usually ten to the minus fourth power. So during the phase of designing, an
alternative can be made according to different requirements for different applications.
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ABSTRACT

Individual data systems for flight projects at JPL are in the process of being replaced by
the single new Space Flight Operations Center (SFOC) that is designed to support multiple
missions. The design provides a baseline system that supplies a common set of functions
needed by every mission. Low cost adaptations of the baseline with any needed mission-
specific additions are made for each mission.

The SFOC is being developed in phases. The current phase provides baseline functions for
downlink spacecraft telemetry processing with the necessary adaptations and additions for
the downlink launch support in April 1989 of the Magellan mission to Venus. The SFOC
will be completed in 1991, at which time the planned support includes both downlink and
uplink processing for a projected six mission set.

INTRODUCTION

The purpose of this paper is to introduce the Space Flight Operations Center (SFOC) by
placing the SFOC in both historical and technical contexts, explain the goals and
objectives for the project, and finally, report the current implementation status.

In the past, flight projects at the Jet Propulsion Laboratory (JPL) have been responsible for
the design, development, implementation and operations of the ground data systems that
support their project science and engineering personnel. Several years ago JPL considered
the development of a single capability that would be responsible for the development of
those ground data services required by all flight projects. The SFOC Project was
conceived to fulfill this responsibility (1).

The SFOC is bounded at many levels. At the data level, SFOC is bounded on one side by
the Deep Space Network which provides bidirectional communication with the spacecraft



and on the other side by the interface to the project science and engineering analysis
communities. At the operational level, SFOC is bounded by the interface between its own
multi-mission operations team and the flight project operations teams. Finally, a
technological layer also exists that is bounded by a set of rules and guidelines for flight
projects that wish to work within the SFOC environment. This latter level also provides
the equipment specifications and core software sets that will be used by a participating
flight project.

DESIGN GOALS AND OBJECTIVES

The SFOC System Functional Design (2) identifies six primary design goals for SFOC:

1. Support each new JPL mission, (e.g., Magellan, Mars Observer and CRAF/Cassini)
with all of its mission-unique processing, as a ready adaptation of some set of baseline
capabilities.

2. Allow the migration of current, older JPL missions (Voyager, Galileo and Ulysses)
from their current systems that use aging, costly hardware and software, to newer
systems with similar functionality.

3. Perform those well-known telemetry functions common to all JPL missions effectively
and efficiently.

4. Provide efficient data transport and data access services so that analysts can readily
locate and analyze their data within SFOC.

5. Centralize operations and flight support with a multi-mission team concept. This
requires a suitable partitioning of the SFOC functions and a common operator interface
so that multi-mission operations personnel can be effectively positioned within the
SFOC system.

6. Provide the science community with tools for moving their data within SFOC and to
external SFOC sites and also provide tools for the analysis, reduction and presentation
of their data.

Further, use of national, industrial and institutional standards and guidelines, and provision
for software adaptability, software portability and, software and hardware vendor
independence have been key goals for this new implementation. Adherence to these goals,
together with the careful partitioning of system software functionality, has resulted in a
core set of software that will be available for the expected ten to fifteen year life of the
SFOC system.



Also, it was believed that the overall cost of meeting these goals for a system with a life
expectancy of fifteen years, could be contained and even reduced if certain technical
guidelines were followed. First, the SFOC design should employ a distributed architecture
based upon current network technology. Second, SFOC should make maximum use of
today’s super-microcomputing technology. Third, hardware and software products that are
available from many vendors should be included. Fourth, a common operating system
(UNIX) should be employed throughout SFOC with a single language (C) for SFOC
baseline development. Fifth, industry software standards should be used wherever
possible. Finally, sixth, SFOC should be partitioned into a set of software subsystems that
will allow the SFOC to be reconfigurable to meet different flight project needs.

DEVELOPMENT ACTIVITIES

The SFOC is planned to be developed over a seven year period in which there are four
distinct, but necessarily overlapping stages. The development began with a Prototyping
stage in which a development activity was initiated to test and explore certain concepts
that were basic to SFOC. The Prototype objectives were to determine: the limitations on a
centralized data management system for the storage and retrieval of controlled data, the
suitability of local area network technology for all inter-computer data transfer and finally,
the application of microprocessor base workstations in this environment. The Prototype
was also tasked to implement prototype engineering and science workstations in order to
demonstrate the applicability of this technology to the processing of engineering and
science data. In fact the science workstation was used successfully in support of the
Voyager mission encounter with Uranus in 1986 (3)

The prototype activity also supported a network modeling activity which initially proved
invaluable in understanding the vagaries of different vendor implementations of the TCP/IP
network protocols.

The Prototype is an ongoing activity acting as a valuable training ground for personnel in
the SFOC technology. Many of the current personnel implementing SFOC have passed
through the Prototype. The Prototype is also a test bed in which new technologies are
investigated for their suitability for inclusion in SFOC. The Prototype, now known as the
Flight Projects Office Information Systems Test Bed (FIST) regularly publishes its findings
in quarterly reports, the latest (4) being an excellent example of the work that the FIST
performs, as well as containing an index to all previous issues.

The Baseline development stage covers the implementation of the multi-mission
capabilities which form the basis from which specific user projects can be adapted to the
SFOC environment. These capabilities cover both downlink and uplink functions with the
downlink telemetry functions being implemented first.



The third stage is really a partial adaptation for the Magellan project, but due to the need
to support an early launch in April 1989, this adaptation is being implemented in parallel
with the first increment of the Baseline development. Magellan data sets, processing
requirements and operational scenarios are being used as a real test of SFOC baseline
services.

All remaining adaptations of new projects and the migration of older projects from their
current data systems is covered by the fourth development stage. SFOC is currently
planned to replace the old data systems by October 1991.

IMPLEMENTATION

The SFOC is being developed in increments, each increment being marked by an SFOC
Delivery. There are currently six deliveries planned. Delivery 1 occurred in October 1987
with Delivery 2 scheduled for August 1988.

Each delivery is comprised of a group of development phases or versions, each of which
includes detail design, unit test, node integration and system integration at the development
level. The system is then released to an independent test team which runs tests and checks
for correct adherence to subsystem and system requirements. An operations certification
phase, in which operations check the new delivery to ensure that it meets operational
standards, completes the delivery cycle before the new delivery is released as an SFOC
Delivery for on-line project use.

As discussed earlier, the Baseline and Magellan development stages have been
overlapped. Support for the Magellan downlink telemetry at launch is satisfied by
Delivery 2 hardware and software. SFOC System Critical Design was reviewed in June
1987. In order to meet the Magellan project needs, the implementation for Delivery 2
needed to be completed for final independent test by July 1988. Thus the implementation
group had approximately twelve months in which to develop a completely new capability
that was capable of downlink telemetry support for the Magellan launch. This schedule
guaranteed the “hustle” so aptly described in Frederick Brooks’ The Mythical Man-Month
(5).

System Engineering had partitioned the SFOC into a set of twenty software subsystems.
Ten of these subsystems were identified as being required to support Magellan at launch.
These ten subsystems are divided into two primary sets. SFOC core subsystems comprise
the fundamental set that provides basic services such as data transport, data storage and
retrieval, monitor and control functions and common operator interfaces. The application
group form the second set which performs such functions as interfacing to JPL’s ground
data communications system, telemetry processing, real time data display and long term



data storage and retrieval. It is these application subsystems, each combined with the core
set, that form the basis for the processing software that resides in each physical node.

The implementation has been characterized by the maxim,

“the only good software is working software”.

So that good working check points could be made to show software development progress,
the time between each delivery was divided into 3 month periods. Each software
subsystem performs detail design, code, unit test, and where applicable, node test. A
system integration is performed by development in the last few weeks of the 3-month
period. The conclusion of each month period is marked by a software version delivery to
independent test. Thus, Delivery 2 is completed in four versions, each version undergoing
independent test.

CURRENT STATUS

At the time of writing, the implementation group has delivered hardware and the first three
software versions that comprise Delivery 2. The equipment is divided between JPL in
Pasadena, California and Martin Marietta, the spacecraft manufacturer in Denver,
Colorado. The ground communication interface (GIF) nodes, telemetry input processing
(TIS) nodes, SFOC monitor and control (SMC) nodes and digital television (DTV) nodes
are configured as redundant sets. All nodes are connected via an Ethernet local area
network using the TCP/IP protocol suite. The SFOC network at JPL extends over three
floors in the Space Flight Operations Facility. Communication between JPL and Martin
Marietta is via dual 56 kbps satellite links. Apart from obvious bandwidth limitations, the
connection between JPL and Martin Marietta is operationally transparent.

The hardware configuration for Magellan launch support comprises more than seventy
networked microcomputers. These microcomputers range from small personal
microcomputers (typically IBM PC-AT class) up to the largest super-microcomputers with
four MIPS performance, sixteen Mbytes of random access memory and two Gbytes disk
capacity.

The software implementation has delivered, within a ten month period, 484 thousand lines
of code, of which 290 thousand lines are executable. The software resources used 33
programming work-years with 7.6 work-years in system engineering, management and
support.



SUMMARY AND CONCLUSIONS

Have we met our goals?

At this stage it is difficult to say that many of the goals have been met. There is much to be
added to SFOC before the end of project. However, the flexibility that results from the
modular deign approach is already being experienced within the currently delivered
system. Also, software development has achieved the lowest recorded cost per line of code
developed at JPL. The final cost can only be computed after the sustaining costs are
collected. Certainly the current software needs improvement in adherence to software
standards for portability and maintainability. These costs have yet to be factored.

Lessons learned.

Looking back over the last two years, there are certainly some observations that point to
reasons for the success of this current implementation:

1. Start with good people - the first five people on the project are the key. Good
performers attract good performers.

2. Build teams and foster communications. Good communications has been essential,
particularly in the matrix organization that is favored at JPL, and was a major focus for
this task management.

3. Code a little, test a little. The three month version cycle was borrowed from our
experience in the Prototype and appeared to give time to produce useful functionality
while maintaining sharp focus on delivering working product.

4. Make application software cognizant development engineers responsible for their node
integration with the core subsystems. This enforced communication between software
subsystems at the subsystem level and also provided useful peer pressure.

5. Create a strong system engineering team at the implementation level. The current team
represents approximately 10 percent of the programming work-force - 12 percent
would have been better. This team also formed the nucleus for development integration
prior to the delivery of each version.

6. Maintain a sound configuration management (CM) process - all code delivered to CM
is re-made and CM executables are checked against delivered executables.



Looking to the future.

The current implementation represents the foundation upon which the remainder of SFOC
is to be built. This includes adding uplink capabilities, adapting new and old projects to
SFOC and tuning the SFOC as more is learned from operational use. Initial indicators look
promising.

There is much work to be done during the remaining three years.
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ABSTRACT

The design of the SFOC data system is based on a “design for change” philosophy. It
emphasizes standards throughout the implementation, allowing for reuse of software, for
periodic changeout of hardware, and for an evolving network configuration. Commercial
off-the-shelf hardware and software components are incorporated in a way that avoids
dependencies on any single vendor. Multiple flight projects are supported by building upon
the baseline system with a minimum of special purpose adaptations.

In addition to the multi-mission aspect of SFOC, it must also satisfy multiple users
representing multiple disciplines. Data system operators monitor and control SFOC itself.
Spacecraft team members keep a vigil to protect the health of the spacecraft. Mission
planners and sequence designers control the spacecraft. Science investigators remotely
calibrate and control their onboard instruments. SFOC provides near-realtime and non-
realtime support to end-users for downlink (telemetry) and uplink (command) functions.

This paper provides an overview to the design of the overall SFOC system and describes
the implementation of the current baseline SFOC. It summarizes the important design
decisions that have been made, and explains the approach taken to meeting these
challenging requirements.

INTRODUCTION

SFOC is a large scale distributed system for support of continuing and future space
missions operated through JPL. The SFOC data system will ultimately be used in support
of six or more planetary space missions, and will have over 200 analysis workstations.
Portions of the system will extend coast to coast and even to other countries to support the
global telecommunity of science investigators.

SFOC is a part of JPL’s end-to-end information system. Other parts include the Deep
Space Network (DSN), the Ground Communication Facility (GCF), and the Planetary
Data System (PDS). The DSN is the ground part of the space/ground telecommunications
link -- both downlink (telemetry from spacecraft to ground) and uplink (telecommand from



ground to spacecraft). The GCF links SFOC with the three geographically disposed radio
telescopes of the DSN. SFOC serves as the operations center for the spacecraft teams,
mission control teams, and science teams. PDS eventually receives data products from
SFOC, usually after end of mission, and distributes them to the general science
community.

To date the SFOC implementation has progressed through three stages: an early prototype,
a generic baseline system, and a first adaptation to meet mission-specific requirements in
support of the launch and early cruise phases of the Magellan mission.

Magellan is a mission to do high resolution mapping of the surface of Venus using
synthetic aperture radar (SAR). To support orbital operations at Venus a high rate data
subsystem will be added to SFOC for processing SAR data. For launch and early cruise
the only spacecraft telemetry seen by SFOC is engineering data. An older mission control
system will provide uplink related support for Magellan, so the current SFOC
implementation only includes support for downlink related functions. Magellan uses time
division multiplexed (TDM) telemetry; a packet telemetry capability will be added to
SFOC for future missions.

DESIGN CONSTRAINTS

SFOC is intended to be a multi-mission system that can be adapted to meet new
requirements and can evolve with changing technology. It is to serve as the primary
spaceflight operations center at JPL throughout the 1990s and into the 21st century. There
is a strong hope that new missions can be added to SFOC with relatively small cost
increments, including the cost to develop and the cost to operate.

These constraints translate into a few basic guidelines. The system should be modular in
hardware and software, with loose coupling between modules for easy replacement. It
should enable users to perform multiple roles, either across missions or across disciplines.
This implies multi-function workstations and consistent user interfaces. Also, keep the
system flexible even if it may detract from simplicity or security.

Most important is the use of standards as a way to enforce commonality and to maximize
reusability of hardware and software. The standards that have been adopted as part of the
SFOC design and implementation are:

Established or Emerging Computer Industry Standards

UNIX Operating System (4.2BSD with System V IPC)
TCP/IP Network Protocol (ISO in the future)



C, Fortran Programming Languages
X-Windows Windowing Package
C-ISAM File Access Method
SQL Relational DBMS Language
NFS Inter-Node File System (for non-critical use)
XDR Data Representation
(TBD) Graphical Display Package
(TBD) User Interface Management System

Consultative Committee on Space Data Systems Recommendations

SFDU Data Formats
Packet TLM Downlink Telemetry (future)
Telecommand Uplink Command (future)

JPL Standards

SPICE Kernels Supplementary data records

UNIX and associated standards were seen as the way to meet three basic goals:

C Interchange of data between dissimilar machines,

C Interchange of programs between dissimilar machines, and

C Interchange of users between dissimilar machines.

Interchange of data is relatively easy when it works. Keeping it working requires system
administrators skilled in networking and communication. Proper configuration of routing
tables, permissions, versions, daemons, etc. is necessary. Non-ASCII data structures are
exchanged between machines using either XDR or a SFOC developed global data
representation (GDR). GDR is closer to spacecraft data representation and allows
conversion of selected fields in a record. In addition, the case of data exchange between
machines is related to the degree to which they adhere to industry standards. Eccentric
machines are often trouble spots in the network.

Interchange of programs among dissimilar machines has been done in SFOC without
massive rewrite, but it is not effortless. Again, the peculiar versions of UNIX usually
causes problems. Even among similar machines proper configuration management and
resource allocation is necessary to ensure portability of software. Users will have the
ability to develop their own software as a way to customize analysis tools. This is



anticipated to be a powerful and flexible capability, but it will aggravate portability
concerns.

Interchange of users among the various SFOC machines has proven to be very effective. In
our case “users” thus far have been programmers, integrators, administrators, and testers.
They move freely between machines and feel comfortable with the system once they get
enough experience with it. Because of the similar user interface throughout the system it
behaves like a unified whole rather than a disjoint collection of machines. Training on
UNIX now will save much retraining in the future.

HARDWARE ENVIRONMENT

The current SFOC data system is a distributed collection of workstations and dedicated
computers. There are two local area networks, one at JPL in California, the other at a
remote Mission Support Area (MSA) in Denver, Colorado. They are linked via two
56 kbps circuits into one logical wide area network.

The system design emphasizes allocation of functions to software; the allocation of
software to hardware is kept rather fluid. Some machines, typically those used for “front-
end” processing or large scale data basing, run only one software configuration. This is
due to requirements for special purpose I/O or auxiliary processors. Other machines,
however, are reconfigurable by system administrators and by users. In all cases the exact
number of processes and their interconnectivity is defined by operators and users to meet
their needs.

SYSTEM LAYERS

The SFOC system is partitioned into several layers. The layered organization results from
the building block approach to the design. Each layer is built of pieces from lower layers.
These pieces include subsystems, applications, jobs, processes, services and functions.

The system contains hardware, software, personnel, procedures and documentation. There
is a core of common pieces around which the mission adaptations are built. Subsystems
are implementation divisions of the system which are more easily managed from an
administrative or accounting point of view.

An application is a portion of a subsystem that performs a well defined function that is
under the control of an operator or user. A job is a collection of applications working on
one logically connected stream of data. Jobs are treated as a single unit although they may
span multiple machines.



Processes are the smallest piece of software that can be moved intact. They are
implemented as UNIX processes. Porting a process to a different machine may require
recompiling and relinking, but should not require coding changes.

Services are general purpose utilities, libraries, and daemons which can be linked or
invoked by processes to perform specific functions. The same service is used to perform
the same function in all processes, thus enforcing a standard across the system. There are
services to access the network, access files and data bases, convert data types, receive
user input, generate displays, etc.

Functions are the smallest piece of software that is under configuration control as a single
entity. Functions build processes and include callable subroutines, shell scripts, macros,
process code, etc.

Layering within the network protocol follows the ISO Open Systems Interchange model.
The physical, data access, network, and transport layers are implemented using coaxial
cable, Ethernet, IP, and TCP respectively. The session, presentation, and application layers
are standard utilities (FTP and Telenet) plus custom software implemented as services.

SOFTWARE COMPONENTS

The software components in SFOC can be grouped into a few broad categories: basic
system environment, generic services not directly related to uplink or downlink,
applications common to both uplink and downlink, applications related to downlink, and
applications related to uplink. Those subsystems which are not the current implementation
of SFOC are marked with an asterisk.

System Environment

UNIX and its associated utilities provide the system-wide environment. The socket
mechanism of 4.2BSD is the basis for inter-computer communication. Pipes and message
queues are used within machines for interprocess communication.

Generic Services

DTS Data Transport Subsystem -- Provides data communications and transport services
between processes and between machines. Completes the session, presentation,
and application layers.



CDA Common Data Access -- Provides access methods for byte stream files, indexed
files, and relational data bases. Also implements “spoolers” which are multiple
access FIFO disk buffers.

CDB Central Data Base -- Provides general data management services to other
subsystems. Loads, catalogs, queries, and archives data to a relational data base
implemented using Sybase.

WSE Workstation Support Environment -- Provides the user interface and device
independent display environment.

SMC SFOC Monitor and Control -- Provides job control, event logging, status
monitoring, and time synchronization for operators of the data system.

TWS Test Workstation -- Provides general purpose data manipulation, inspection, and
diagnosis tools for testing and troubleshooting.

EUA* External User Access -- Provides secure access by external users to a limited
SFOC environment.

Common Applications

GIF GCF Interface -- Captures and routes incoming telemetry and outgoing command
data. Reformats external data into internal structures.

DTV Digital Television -- Provides the digital-to-analog interface to the closed circuit
television system.

NAV* Navigation -- Performs multi-mission navigation support functions, such as
generation of ephemeris generation and optical navigation.

TAS* Telecommunications Analysis -- Analyzes and predicts spacecraft/ground
telecommunications performance.

SIM* Simulation -- Generates simulated data for test and training purposes. Simulates
the GCF, DSN and multiple spacecraft.



Downlink Applications

TIS Telemetry Input Subsystem -- Performs initial processing on telemetry frames and
DSN monitor data. Telemetry processing includes frame synchronization,
decoding for error correction, synchronous and asynchronous extraction,
depacketization, decommutation, and channelization.

DMD Data Monitor and Display -- Performs channel processing including derivation and
conversion, alarm checking, and display generation. Display types include plots,
fixed matrix, variable matrix , and lists.

EAS* Engineering Analysis Subsystem -- Provides a set of tools such as graphics, trend
analysis, statistics packages, etc., together with an environment for user- and
project-supplied software for processing and analysis of spacecraft engineering
data.

SAS* Science Analysis Subsystem -- Provides a set of tools such as graphics, trend
analysis, correlation analysis, statistics packages, etc., together with an
environment for user- and project-supplied software for processing and analysis of
science data.

DPS* Data Products Subsystem -- Generates data products containing experiment data
records (EDRs) and supplementary data records (SEDRs).

MIP* Multimission Image Processing -- Performs image processing and image product
preparation and distribution. Certain high rate non-imaging data is also processed.

Uplink Applications

CMD* Command -- Controls transmission of commands to the DSN for radiation to the
spacecraft.

SEQ* Sequence Generation -- Provides a set of software tools which support project
command sequence design and generation. Performs constraint checking,
command translation, and spacecraft memory management.

MAS* Mission Analysis Subsystem -- Provides a set of software tools for the support of
mission planning and analysis activities.



TELEMETRY DATA FLOW

The engineering telemetry rate for Magellan is 1200 bps in real time, and 115.2 kbps
replay from onboard tape recorder. Much of the tape recorded data is filler with the
resulting replay rate equivalent to 18 kbps of engineering. Telemetry arrives from the DSN
via the GCF (see Figure 1). It is first processed by GIF where it is unpacked from GCF
blocks and packaged into Standard Formatted Data Units (SFDUs). GIF can also log the
raw and the processed data. SFDUs are then routed on to TIS.

TIS frame synchronizes the incoming telemetry to identify minor frames within the bit
stream. It then extracts the engineering data from the minor frames. Decommutation
follows reassembly of engineering frames from the parent TDM telemetry. As part of
decommutation each engineering measurement is located in the frame and its identifier is
appended to the value. This process is called channelization and the resulting records are
called channels. The decommutation and channelization process is table-driven; the table
represents the commutation map used by the spacecraft to assemble the telemetry. TIS can
log raw telemetry, minor frames, and channels. It broadcasts the channels to the network
as they are built. Later the channels together with the original minor frames are sent to
CDB for long term storage.

DMD applications running in several workstations are able to receive the broadcast
channels in real time. Channels are collected by DMD and placed into a table of latest
available data (LAD). Selected channels trigger derivation of other channels. Values are
converted from data number to engineering units. Displays are driven from the LAD table.
Alarm checking is also done to find those values which have exceeded early warning
thresholds (yellow alarms) and those values which have exceeded their limits (red alarms).

Data sent to CDB is checked for consistency, loaded to the data base, and cataloged.
Channels are compressed as they are loaded to remove repetitive values. CDB also
removes overlaps by assessing which of multiple data has the better quality and loading
that set. The assessment of data quality is based on signal-to-noise ratio plus human
judgement. Queries on the data base are supported as well as browsing through the
catalog. The amount of data stored on-line is a function of disk space and compression
efficiency. Data will remain on-line for approximately 45 days before being moved off to
archives

Special processing of stored telemetry data is done to meet Magellan unique requirements.
Selected channels are formatted into data return files in ASCII format that are readable by
analysis programs running on MS-DOS machines.
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Figure 1.  Engineering Telemetry Data Flow
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ABSTRACT

The Space Flight Operations Center (SFOC) is a generic suite of ground data systems
software. One main subsystem of SFOC is the Telemetry Input Subsystem (TIS). Utilizing
techniques for the abstract representation of data, the TIS has provided a flexible software
base that can be used as a baseline for multiple spacecraft missions.

INTRODUCTION

Throughout the implementation of multiple spacecraft missions that NASA has been
responsible for, there have been many rewrites of ground data systems software. This
created multiple software implementations, each one different, that must be written and
maintained. The purpose of SFOC is to provide a generic suite of software that multiple
instances could be developed from. This should not only need less support, but should also
prevent the need for a complete rewrite of the ground data systems software for every
mission.

The areas of TIS that will be treated separately in this paper are Data Acquisition, Frame
Sync, Extraction, Decommutation, and Data Distribution. Each of these areas will be
reviewed for it’s merits in generality and it’s ties into specific missions. The purpose of
this paper is not to present a telemetry processing system in terms of it’s capabilities as a
telemetry system per se, but to analyze the implementation of a generic software suite.

Figure 1 shows the flow of data through the TIS in the Magellan High Rate (MHR)
configuration. Modules labeled MHR are the mission specific sections of the system.

DESIGN CONSIDERATIONS

The design goal of the TIS was to localize mission specific code. The goal would be met
by making a generic representation for data and providing means for converting this
representation into code. Equally important would be the ability to represent actions in



generic terms and translating that into executable code. Unfortunately, only the
representation goal has been implemented. The intended goal in this area was the ability to
translate a more general language into a more specific one for compilation.

The first step in making the TIS generic was the use of the Standard Formatted Data Unit
(SFDU). This standard definition provides for record headers that define the telemetry data
being processed. Since the processing of this data is based on the information held inside
these records, it is crucial that the definition remain fixed through multiple missions. If this
were not the case, the need for rewrite would be more prevalent in the multi-mission
scenario.

The use of tables is a widely used method within the TIS for the development of code that
has mission specific features embedded into it. These tables manifest themselves both as
pseudo languages that need compilation, and data files that are read in at run time. Utilities
ranged from as simplistic as routing tables to as complex as programming languages using
this method. By using tables instead of writing code, the task of implementing multiple
missions not only becomes faster, but less tedious as well.

Using this building block method has lead to the development of tools for translating
generic text input files into code for representation of data. The SFDU Guru is the most
widely used tool and is described in the following section. Facilities that provide means for
defining the routing of telemetry through the TIS have also been developed using
techniques of translation from text tables to the implementation programming language. As
more experience is gained in this area, more tools may be developed that generalize further
sections of the TIS. Later implementations will be able to provide a visual interface that
translates graphical representations into the input files of these tools.

THE SFDU GURU

This library was appropriately named the SFDU guru, since it contained knowledge of the
structure and format of the SFDU headers. The SFDU guru provides a library of functions
to access and modify fields in the SFDU. Part of the guru is a tool to create the library
from a text representation of the SFDU structure. An example of this file is presented in
the next section. By using this input text file, the need for rewriting the library was
eliminated and alteration of the SFDU header structure became a simple task.

EXAMPLE OF THE SFDU GURU INPUT FORMAT FILES

STRUCTURE # Structure definitions
sync-flags 1 b



This section of the input file describes the structures that will be generated. The three
respective fields in the above line are the structure name, the size in bytes, and the
conversion indication. In this example, the conversion specifies that a bit field structure
should be generated.

sync_flags # Field definitions
1 phase
1 soft_sync
1 scid_force
1 sclk_ref
1 sclk_cor
3

These are the bit fields that correspond to the structure in the first section. The conversion
indication of b in the record definition causes the guru generator to check for bit field
definitions in this input file. The 3 on the last line by itself signifies that the last three bits
are not used.

struct sync_flags
{
unsigned phase: 1;
unsigned soft_sync: 1;
unsigned scid_force: 1;
unsigned sclk_ref: 1;
unsigned sclk_cor: 1;
unsigned : 3;
};

The resulting C structure reflects the definitions contained in the two previous sections.

DATA ACQUISITION

The function of data acquisition is to provide input to the TIS from one of several possible
input sources. These sources are virtual circuits and disk files. After the data has been
read, it is packaged into an internally defined structure for movement through the sections
of the TIS.

The development of data acquisition required little specification of a generic base. Since
the data sources are fixed and known beforehand, these sources can be hard-coded into the
system without the worry of adding physical inputs sources. The possibility exists that this
section of the TIS could read various byte stream files or a virtual circuit identified by a



unique name. These can be changed by entering a different name via the Control Directive
Processor (CDP). CDP parses input commands and stores information regarding the state
of TIS in a shared memory structure.

An important attribute of this section of the TIS is the use of the SFDU guru. This allows
the abstraction of header data so that a change may be integrated by relinking the data
acquisition module. This is also true for other sections of the TIS.

Although it is still a goal to independently represent algorithms as well as data, this section
of the TIS has met it’s design goals insofar as little change would need to be performed to
create an instance for a new mission.

FRAME SYNC

Frame synchronization operates by searching the incoming telemetry data for a bit pattern
that identifies the beginning of a frame. This bit pattern is called the pseudo noise code
(PN code). Once the PN code has been found, the format identification (FID) is located at
a fixed offset from that point. The FID identifies the frame type. Frame sync is easily
generalized since the PN code, FID, and offsets are values that can be put into structures
that are modified on a per mission basis. These values are currently kept in a header file
which is included during compilation. Eventually they could be placed in a text file that is
read in at run time.

The portion of frame sync that is not easily modified is the processing of anomalies, error
reporting, and data correction. This problem is insidious throughout the TIS and steps are
being taken to reduce the amount of alteration that would be required to effect such a
change when new missions are developed.

EXTRACTION

The extraction section of the TIS requires great knowledge of the data portions of the
incoming telemetry. Of all the sections of the TIS, this one is the least general. This is
because of the mission specific nature of the data that extraction is responsible for
processing.

A prototype version of extraction began with the development of a programming language
that provided for the definition of data at a low level. Although C provides definition of bit
fields, the size of these bit fields is restricted to the size of the processor register; in this
case, 32 bits. C also lacks a mechanism to provide named access to data fields whose size
is not an even multiple of 8 bits. The decision to attempt the use of a general purpose bit
language, was to determine if it was possible to remove some of the complexity from



writing such code in the C language. Although the prototype implementation succeeded in
achieving that goal, it was decided that writing extraction in C would make it easier to
maintain.

Phasing through a prototype of extraction allowed for a review of decisions made about
software design along the way. It became clear that the mission specific nature of this
section of the TIS made it difficult to develop a mechanism that allowed for simplistic
representation of incoming data and the form, that it must take as an output product.

DECOMMUTATION

Most of the processing of the telemetry data in the TIS up to this point has been involved
with alignment, correction, and reorganization. Since the data was now ready for
decommutation, the TIS had the potential for creating an elegant mechanism for data
generalization, and succeeded in doing so.

The main tool in the decom process is the decom map definition language. This language
provides for definitions of channels in terms of their channel name, width, and offset.
Contiguous channels are organized in data hierarchies called blocks. Recognizing different
types of frames is done by analyzing data that is copied into variables. This analysis is
performed using a switch statement much like the one used in the C programming
language. Code segments inside the case portion of the switch may be definitions of
channels or calls to other blocks that may define channels or switch on even more
variables. This flexibility of data representation allows for a user tailorable polymorphism.
These map sources are compiled into C code and the resulting object is linked with a run
time library to produce an executable decom map.

Decom is not without mission specific code however. Data placed inside output channels
will most likely change from mission to mission, but this would only require a change to
the run time support libraries.

EXAMPLE OF A DECOM MAP SOURCE FILE

This is an input source code file that is compiled by the decom map compiler. The map
compiler generates C code that is compiled by the C compiler and linked with a run time
support library resulting in an executable decom map. Note the use of figurative constants
to define the offset resulting from the existence of a header of a specific type. A large
portion of this particular map was deleted for sake of brevity.



BLOCK MAIN
DEFINE WIDTH = 8 # Defines the width of channels
DEFINE OFFSET = SECONDARY_HDR # Defines an offset to skip

skip 2*8 # Skip two bytes
H-0002 # These are header channels
H-0001
H-0023(1) # Default width can be overridden

CALL HLM_1A # This block is defined below

RMF_REF ( 3 ) # RMF_REF is a variable
SWITCH RMF_REF % 2 # Switch on the variable

CASE 0
skip 8
CALL RADAR

ENDCASE
CASE 1

skip 120
ENDCASE

ENDSWITCH
ENDBLOCK

BLOCK HLM_1A
# definition of the map continues just as above
.
.
.

ENDBLOCK

DATA DISTRIBUTION

This section of the TIS is responsible for routing data to multiple receivers. These
receivers are other SFOC subsystems that process the output data of the TIS. Data
distribution is implemented as many tasks, each one providing the TIS data to a separate
receiver. The reason for this design is to prevent the entire TIS from blocking should just
one output channel block for some reason. It would be unreasonable for all processing to
stop because one output channel blocked on a write.



Data distribution resembles data acquisition insofar as the output paths are known entities
that are not likely to change in form or function in the foreseeable future. Therefore, it is
reasonable to assume that this function is written in as general a way as possible.

The individual processes in the data distribution section of the TIS are called metafile
servers. A metafile is a handle to an I/O facility that serves various sources and
destinations. With a call to the metafile open module, an endpoint to an I/O facility can be
provided regardless of its type. Currently supported endpoints for I/O redirection are plain
byte files, spooler files, and broadcast circuits. Each of the metafile servers provides
output to a unique endpoint. There may be more that one server to provide output to
broadcast endpoints, for instance, if they are unique endpoints. The “parent” process
controls routing of data to the appropriate endpoints and is responsible for spawning
servers as the need becomes evident.

TELEMETRY ROUTER

Different types of telemetry data that pass through the TIS have different paths. For
instance, not all telemetry data needs to pass through the extraction phase. To make the
definition of routing general, a routing table was created that defines what data goes where
and in what sequence. This table is processed by the router generator and the result is a C
structure defining the paths through the TIS that the data must take. This type of
abstraction differs from the previous examples. Instead of defining data, data flow is
defined. Although this is not a concrete process abstraction, it is an example of the type of
higher level process abstraction that will make the TIS easier to define. A portion of the
routing table for the current implementation of the TIS follows.

# route.tab - router definition table
RED DIST EXTR
SED DIST DECOM EXTR
RCD DIST EXTR
MRO DIST
TD_INIT DIST FSYNC EXTR DECOM QQC-SUM

CONCLUSIONS

The TIS has made extensive use of data abstraction. The further generalization of the TIS
could be done by process abstraction. Work being done in this area includes visual
programming languages and modular Computer Aided Software Engineering (CASE).
These tools allow for the abstraction of process and control in terms of computer graphics
and produce source code as a product. It is this type of high level development that could 



lead to a generic system that is completely configurable using computer graphics. To make
that transition, the first step must be taken. SFOC is providing crucial momentum.

ACKNOWLEDGEMENTS

I would like to extend my fondest gratitude to these people for sacrificing their time to
enlighten me further about the quest for TIS and for broadening my outlook with their
indomitable insistence that it could be done.

John Diehl
Al Johnson
Teih Ku
Jack Morrison
Robin O’Brien
Norm Pevyhouse
Deborah Shaft
Warren Taylor
Chingyow Wang
Bob Wendlandt
Betsy Wilson
Jim Wilson

The research described in this paper was carried out by the Jet Propulsion Laboratory,
California Institute of Technology, under a contract with the National Aeronautics and
Space Administration.



Figure 1 TIS Data Flow



GENERIC DECOMMUTATION CAPABILITIES IN
THE SPACE FLIGHT OPERATIONS CENTER

Robin A. O’Brien

Member of the Technical Staff
Telemetry Software Group

Control Center Data Systems Development Section
Jet Propulsion Laboratory/California Institute of Technology

4800 Oak Grove Dr.
Pasadena, California 91109

ABSTRACT

A generic decommutation capability has been created as part of the Space Flight Operation
Center’s goal of developing a multi-mission telemetry system. Generic decommutation
involves separating the algorithmic description for extracting data from the actual
implementation of decommutation. This was done by creating a Decommutation Map
Language, which allows mission designers to describe decommutation algorithms without
the restrictions imposed by a standard programming language. A Decommutation Map
Compiler converts this description into C code, which is then linked with a decommutation
library to provide an executable decommutation program. So far, this approach has been
used successfully to decommutate several different types of data.

INTRODUCTION

As part of SFOC’s multi-mission goal, a decommutation system must require a minimum
amount of work to be adapted for a new project, but it must not impose any serious
restrictions on a Space Flight mission’s data format. Several prototype efforts investigated
decommutation implementations with this goal in mind; all worked with the premise that in
order to make decommutation truly multi-mission, the data description and algorithm for
decommutation must be separated from the actual decommutation implementation. The
final product is based on a prototype initiated by William Luebkert at the Jet Propulsion
Laboratory.

SFOC decommutation involves creating a decommutation “map” which describes the data
and how it should be decommutated. This map, written in the Decommutation Map Data
Language (DMDL) is converted into a format capable of interacting with decommutation



library routines to provide an executable decommutation program. For different data types
or different missions, only the map needs to be changed.

DECOMMUTATION MAP DATA LANGUAGE

There are three primary functions within DMDL: describing a channel for decommutation,
skipping data that is not being decommutated and switching on values in the data.

The major function of decommutation is to specify channels. A channel refers to a specific
portion of data. It has an identifier (usually an alphabetic character followed by a string of
digits, i.e. A-1010), a width (the number of bits in a channel), and an offset within the data.
A channel is indicated in the data simply by stating a channel identifier. Decommutation
begins at the first bit in it’s input data (the 0 bit). This is the initial current bit position.
When a channel identifier is encountered in a map that channel is decommutated and the
current bit position moves to the first bit after the channel. By default, channel width is
eight bits. The default width can be changed in a map, or it can be changed for an
individual channel.

Of course, not all data in a given data block may be pertinent for decommutation. DMDL
provides a way to skip data. A SKIP statement allows the user to move the current bit
position forward by a specified number of bits. There is also a DEFINE OFFSET
statement that allows the user to specify that the current bit position be moved to a specific
bit offset in the data.

Decommutation in SFOC is rarely so straightforward that it can be described as a simple
series of channels. To accommodate the more complex algorithms within SFOC,
switching on data plays an important role. A switch statement in DMDL is very similar to
a switch statement in many programming languages, and fits in readily with the needs of
decommutation. A switch in decommutation means that at a specific location, different
channels may exist depending on the value in the switch variable. A switch statement
consists of cases which are possible values of the switch variable. DMDL provides a
variable statement to create switch variables. A switch variable is an actual value extracted
from the input data at some time before the switch statement is encountered. Data is
extracted as it is for a channel, but the current bit position is not changed. A variable has a
width like a channel, but may not exceed 32 bits. Switch statements can be nested.

In telemetry data, certain fields may be repeated within the input data. For instance, there
may be 100 possible records for engineering data, but some channels may repeat after 10
records. To reduce redundancy, modulo operators are allowed in switch statements. In a
case where there are 100 possible records, but only 5 different channel patterns, the
decommutation map can use a construct like this



SWITCH variable % 5

case 0 ...
case 1 ...
case 2 ...
case 3 ...
case 4 ...

ENDSWITCH

Obviously, this is much easier than listing a hundred different cases.

Finally, DMDL allows the user to organize the information into a sequence of blocks,
similar to subroutines in a programming language. There must be a block named MAIN,
which is the first block executed. From this block, the user is free to call other blocks as
needed. Blocks can also be called from different case statements within switch statements.

Use of a decommutation map provides several advantages. First, it is a way to eliminate
overhead. The decommutation library contains all modules needed to create an executable
program, including the front end. A programmer only needs to maintain this library of C
code routines. Second, it is much simpler to change channels in a decom map than in a C
program. In the past, the sheer number of channels in data have led to errors in channel
names, widths and location. These errors can go undetected until the actual channel comes
up for scrutiny. With DMDL, the channels are simple to specify, simpler to spot check for
errors, and DMDL’s relative simplicity allows for the development of tools to verify
channels. Finally, no extensive programming knowledge is required to create and/or
maintain a decommutation map. While DMDL has constructs similar to those found in
programming languages, it is geared more toward describing telemetry than in providing
programming tools. The language has been kept as small as possible so it can be learned
quickly by inexperienced users.

Appendix A contains a BNF grammar of the Decommutation Map Language. Appendix B
contains a sample of an actual Decommutation Map.

HOW AN EXECUTABLE MAP IS MADE

Creating an executable decommutation program requires only two simple steps. First, the
DMDL file is compiled using a decommutation compiler. Using UNIX’s YACC (Yet
Another Compiler Compiler) utility, the decommutation compiler converts DMDL to C
code that uses the Decommutation Library routines. Syntactical errors in the use of DMDL
are detected automatically by the YACC generated code. Semantic restrictions imposed on 



the user (such as the maximum channel or variable width) are also detected at compile
time. All errors are fatal errors, and processing halts when the first error is detected.

If the map compiles correctly, the output is a file of C code. A Decommutation library
exists that contains all the necessary routines for decommutation including a MAIN
procedure. The decommutation map blocks are converted to C subroutines and the prefix
map_ is added to each block name. Map semantics requires there be a block labeled
MAIN in each decommutation map, and map_MAIN is called by the decommutation
library routines to execute the map. This arrangement makes it relatively simple to add
front and back end processing to the map, since the map processing is really being driven
by the routines in the library. Figure 1 illustrates the steps taken to produce the executable
program.

DECOMMUTATION IN MAGELLAN

The Magellan Project, formerly called the Venus Radar Mapper, is one of the first Space
Flight Projects to use the SFOC implementation. For Magellan, a more complex method of
creating and using maps was employed.

Map installation takes place in two parts. First, the map must be verified. The map is
compiled with the decommutation compiler, although no output is produced. If the map
can be compiled without errors, then the user can input various parameters concerning the
maps validity, i.e. what type of data the map is good for, what time period the map is good
for, etc. The map and its parameters are stored in a single file. Only these verified files can
be used in the second step of installation, which creates a decom daemon. A daemon in
the UNIX operating system is an asynchronous process that runs in the background. A
decom daemon in SFOC is an asynchronous decommutation process. To create the
daemon, the second installation procedure takes a verified file and compiles it with the
decommutation compiler and then with the CC compiler and decommutation library to
produce an executable file. The names of the daemons and their map parameters are
entered as records in a Version Control Table file (VCT).

When decommutation is initialized, a decommutation parent process uses the records in
the VCT to determine which decom daemons to start. For each data type being
decommutated, a record from the VCT is selected and the daemon named in that record is
executed and a queue is opened between the parent and the daemon. The parent will then
route data of the appropriate type to the selected decorn daemons. Figure 2 illustrates the
current decom daemon implementation.

When a daemon receives data, it verifies that the data fits the parameters specified in the
VCT for this particular daemon. If the data does not fit the parameters, it will search the



VCT for a record that does. When the daemon locates such a record, it starts the daemon
named in that record and passes the data along to it. The original daemon terminates itself
after it sends the new daemon data. The decom parent process will now route data to the
new daemon. Figure 3 represents how a daemon process is started.
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APPENDIX A
DECOMMUTATION MAP DATA LANGUAGE GRAMMAR



(*Note: NAME and NUMBER are defined by the lexical analysis routines in the compiler)

APPENDIX B

DECOMMUTATION MAP SAMPLE

NOTE: Text on a line following a “#” are comments



Figure 1 - Creating a Decom Program

Figure 2 - Magellan Decommutation Implementation



Figure 3 - Changing Decom Daemons
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Stephen J. Parr

Jet Propulsion Laboratory
California Institute of Technology

4800 Oak Grove Drive
Pasadena, California 91109

ABSTRACT

The Data Transport Subsystem (DTS) is a core subsystem of SFOC which holds
together the GIFs, TISes, DMDs, DTVs and other SFOC application subsystems
allowing them to operate in a distributed LAN based workstation environment. DTS
does this by providing two primary features. The first feature is transparent local
and remote interprocess communication. The communications interface is identical
between two application subsystem processes whether they’re running in the same
machine or different machines. The second feature is the Logical Name Server,
which makes connections on a name basis without regard to location or network
topology.

With these two features SFOC becomes a distributed system. Processes within a
subsystem can even be distributed to perform load leveling and enhance system
performance. Distribution fosters the use of redundancy and hot backups by
allowing nodes to serve multiple purposes. Distribution allows isolation of mission
telemetry while providing shared use of a common database. It supports the SFOC
goal of off-the-shelf hardware expansion and upgrade.

DTS provides an open-close-send-receive model of interprocess communication. It
offers three types of service: virtual circuit, datagram and broadcast. The virtual
circuit service supplies a full duplex path between communication endpoints and
guarantees data integrity. The datagram service allows many communications
endpoints to send to one endpoint. This is useful for sending status to a central
process. The broadcast service allows a process to send to many receiver endpoints.
This can be used for continuous monitoring of telemetry streams by multiple
processes.



Introduction

The Jet Propulsion Laboratory’s Space Flight Operation Center (SFOC) (described more
fully elsewhere in this session) is a generic ground data system for interplanetary space
probes. The SFOC subsystems, Ground Interface Facility (GIF), Telemetry Input
Subsystem (TIS), Data Monitor and Display (DMD), Digital TeleVision (DTV) and other
SFOC application subsystems (described more fully elsewhere in this session) use the
Data Transport Subsystem (a SFOC core subsystem) for communication.

DTS is a general purpose International Standards Organization’s (ISO) Open System
Interconnect (OSI) presentation layer which hides the networking details from the
subsystems which use it. In general a SFOC subsystem or application runs on one machine
(some subsystems run on more than one machine and some machines run more than one
subsystem). These applications are running in workstations connected currently with an
ethernet Local Area Network (LAN). In our environment, DTS hides the (LAN)
connections from the applications running in each workstation.

A DTS network connection allows data to be sent in one direction or both directions
between the connected processes. Once a connection is made, data can be sent constantly
or intermittently. The connection will last until it is explicitly broken. If the two connected
processes reside in the same machine then the connection is called a local connection. If
they reside in different machines then the connection is a remote connection. Network
connections are made without an application knowing where the process it is connecting to
resides, or even if the connection is local or remote. This feature of connection without
knowing the other process’ location we refer to as connection transparency.

The communication interface seen by an application is identical, no matter where the
process is located or what other process it is trying to communicate with. This interface is
a part of DTS called the Application Interface (AI).

The part of DTS that allows local or remote connections to be made transparently is called
the Logical Name Server (LNS). LNS makes connections based on a logical name
consisting of a string of ASCII bytes. LNS and other subparts of DTS are more fully
described below.

DTS Services

AI presents applications with an open-close-send-receive model of communication based
on an endpoint. An application process logs in to DTS so that some process level
initialization can occur. The process can then open one or more endpoints. Once an
endpoint is opened, data can be sent or received over that endpoint. The endpoint is closed



when the process is finished with it. When the process is done using DTS services entirely,
it logs out to return DTS resources.

DTS provides Virtual Circuit (VC), Datagram (DG), and Broadcast (BC) services. The
virtual circuit service provides a full duplex connection between endpoints that guarantees
delivery and data integrity. This is a one-to-one service. The datagram service is half
duplex and does not guarantee data delivery. Multiple datagram sender endpoints can send
to one datagram receiver endpoint. The broadcast service also does not guarantee data
delivery. The service is based on a broadcast group, any member of which can send a
message to all other members of the group.

A virtual circuit connection is much like a telephone conversation. If person A talks
(process A sends a message) then person B will hear person A talk (process B receives the
message from process A). Likewise, if person B talks (process B sends a message) then
person A hears (process A receives the message from process B) person B. If neither one
talks for a while the connection still exists so that either one can talk (send) at will.

All three services VC, DG and BC are like that in the sense that once an open has
completed the application can send or receive as much as it wants on the open endpoint.
When the application is finished with the endpoint it closes it.

The datagram service is useful for status recording processes. A good example of this is a
process that counts the number of times a particular event occurs, such as another process
receives a bad record. The process that received the bad record would send the recording
process a datagram message saying what the error was. The recording process would read
the message and determine what counts to increment. Any other process that wants the
recorder to get its status would just have to open a datagram endpoint with the same
logical name. The multi-sender to one receiver datagram model lets any process which
wants to record an event send a message identifying an occurrence of the event to the
event counting process.

Broadcast is a very useful service that allows one to many communication. Telemetry can
be broadcast in real time to multiple processes which can then work on the data in parallel
as it comes in. The segregation into broadcast groups allows multiple broadcast channels
to be active at the same time. A good example of this capability is at station switch over
time. When telemetry is coming in from two ground stations there can be two broadcast
telemetry streams available in two different broadcast groups. An application could listen
to both streams and use the one that it determines has the higher quality data. Likewise,
multiple projects could be using the same LAN with their telemetry being broadcast on
different groups.



DTS Modes of Service

DTS provides three modes of service: Wait mode, Non-Suspending mode and
Asynchronous (or async) mode. One of these modes must be specified for each of the
open, close, send and receive services requested.

Wait mode calls do not complete until the requested action has taken place, or it has been
determined not to be able to take place. A wait mode open will not complete until both
sides have requested an open and LNS (described below) has done its part. A wait mode
send will complete when the message has been copied from the application. The wait
mode service allows an application to explicitly wait for a call it makes to complete. Wait
mode closely corresponds with TCP/IP wait mode. A TCP/IP send call will not complete
unless the message has been sent out (or at least copied out of the user’s buffer).

Non-suspending calls must be able to complete immediately or they will fail. A non-
suspending open will always fail because LNS must get control to complete the open. A
non-suspending send will succeed if the message can be copied from the application
immediately. If the call cannot complete immediately then it will fail. The non-suspending
service guarantees the application that it will only have to wait for service for the exact
time it takes to provide the service. If DTS isn’t ready to provide the service then the call
fails and the application doesn’t waste time. Non-suspending is similar to TCP/IP non-
blocking mode where a call will fail if it would have to wait to successfully complete.

TCP/IP does not provide an asynchronous service, so async is entirely implemented by
DTS. Asynchronous calls immediately return an async id, although this does not mean that
the call has completed. DTS has calls with which to check the status of async calls. A
check async call can be made later to see if the call has completed. The asynchronous
service allows an application to post a request for service and then check on it from time to
time to see if the request completed.

The general purpose asynchronous service that DTS provides on top of the services that
TCP/IP offers is very useful. It can be used whenever a number of fairly rare events should
be handled equally. For example, reading from four endpoints that might each only get a
message once every hundred seconds is perfect for async handling. The application would
perform an asynchronous read on each of the endpoints, then would periodically check to
see if any of the async events completed. When a read completes the application can
repost the read, process the read message and start checking for asynchronous completions
again.

This has the advantage over wait mode that since the messages can come in randomly the
application is not waiting on one endpoint while messages are coming in on another. It has



the advantage over non-suspending that only one read is performed for each message read.
This minimizes the amount of processing performed to read in a message. A general
purpose asynchronous service has many more applications beyond the above example.

DTS Software Architecture

DTS consists of several subparts which separate function and minimize portability
concerns. The major subparts of DTS are the Application Interface (AI), Endpoint Control
(EC), the DTS Pseudo Driver, Logical Name Server (LNS) and Network Interface (NI).

These subparts can be classified into a library, a process and a driver. The AI library is
linked to by the application process. The Dtstask process contains EC, LNS and NI. The
pseudo driver helps communication between AI and EC.

The Applications Interface (AI), as mentioned above, is a library of routines which are
included by application subsystems. If AI calls are modified, then application subsystems
that use DTS must recompile to reflect the changes.

The Network Interface (NI) contains all of the system dependent code for a specific
network protocol. For instance, our current implementation is built on the Berkeley Unix
socket paradigm. If we changed to another paradigm or protocol then the changes to DTS
would be limited to NI.

The Endpoint Control (EC) acts like a switchboard operator. It switches the messages
from the AI to the NI. It keeps track of what physical resources on the NI level should be
represented as virtual resources on the AI level. For example, in our current system there is
only one physical broadcast channel that is virtually broken up into as many broadcast
groups as are needed on the AI level.

AI and EC communicate via a shared memory region. AI control structures reside in the
shared memory and messages are sent through it. An application writes a message, through
the AI send call, directly into shared memory. EC sends the message from shared memory
out onto the network. This mechanism is used to minimize the number of buffer copies.

The pseudo driver is installed as a kernel device driver and it handles the signaling
between AI and EC.

The Logical Name Server (LNS), described more fully below, makes process to process
connections by logical name and provides DTS with its local or remote connection
transparency.



Logical Name Server

The Logical Name Server (LNS) portion of DTS provides connection transparency.
Endpoints are referred to in the open call by a logical name, which consists of a string of
ASCII bytes. “fred”, for instance, is a valid logical name.

The establishment of a virtual circuit connection provides a good example of how LNS
works. There is an initial asymmetry in establishing a VC connection that disappears once
the connection is established. One side is passive the other active.

The passive side makes a dts_open_vc_namer call passing in a logical name “fred” as a
parameter to the open call. This causes LNS on the passive side to insert the logical name
‘fred” into its local logical name cache.

The active side makes a dts_open_vc_connector call also passing in the logical name
“fred” as a parameter to the open call. This causes LNS on the active side to first check its
local logical name cache. If “fred” is in the cache then some application on this node wants
to make a virtual circuit connection. Since both ends of the connection reside in the same
node the connection will be a local connection. LNS makes the local connection.

If “fred” is not in the local cache then LNS broadcasts to the network asking all of the
other logical name servers if they know who “fred” is. This is called a logical name query.
Every other LNS on the network receives the logical name query for logical name “fred”
and checks to see if it has an entry ‘fred” in its local logical name cache. If it does then it
sends a response back to the querier saying “I know where fred is. Use this address to talk
to him.” The passive side then waits at the address it just gave to “fred” for a connection
attempt from the active side.

If the active side gets a response then it tries to connect to the address sent to it in the
response. If no response comes back to the vc connector side then it waits a few seconds
and rebroadcasts the query. When the connection completes the open is done.

How DTS Works

For an application process to use DTS services it must be linked to the AI library. Each
process that logs in to DTS (by calling the AI library dts_login( ) call) gets a process
control block created for it in shared memory. Every time an endpoint is successfully
opened (by calling the AI library dts_open( ) call) an endpoint control block is created in
shared memory and pointed to by the opening process’ process control block.



Each endpoint control block has a buffer queue associated with it. When a message is sent
by an application it is broken up by AI into buffers of an optimal length for sending out
onto the network. The buffers are then queued on the endpoint control block’s buffer
queue.

When AIl has a message to send on a previously empty queue then it uses the pseudo
driver to signal EC to look at this queue. EC puts this endpoint into an internal prioritized
list of active endpoints to scan through regularly to see if any messages are ready to be
sent. If AI sends several messages in quick succession then only one signal will be sent to
EC. EC will queue the signaling endpoint and remove messages until the queue is empty.
AI can insert messages before EC has read the last message.

If AI fills a buffer queue, then EC must signal AI through the pseudo driver when a
message has been removed, so that AI knows it can start putting more messages into the
queue.

EC has an internal data structure, called an ec endpoint, associated with each endpoint
control block. While the endpoint control block resides in shared memory and is accessible
by both AI and EC, the ec endpoint structure is located in dtstask local memory and is
accessible only by EC.

An ec endpoint structure contains pointers to functions to handle opens, closes, sends and
receives. These functions are assigned at open time when EC determines if the open being
requested is for a Virtual Circuit, Datagram or Broadcast. Each of these services has a
different set of EC internal routines to handle them. This design allows for the same data
structure (ec endpoint structure) to be used for all three services. To add another service, a
new set of open, close, send and receive routines would have to be written for the new
service, but the structures and design philosophy would remain intact.

Distributed SFOC

The DTS feature of a single interface, whether the communicating application processes
are in the same or different machines, coupled with the logical name server feature, make
SFOC a flexible distributed system. The single interface allows a subsystem to be moved
from one machine to another with out change. This gives a capability of much more
dynamic relocation of subsystems then would be allowed by a system more tightly coupled
by communication constraints.

Within a multi-process subsystem communicating through DTS, individual processes can
be moved to different machines without a negative communications interface impact. This
distribution capability allows for load leveling to enhance system performance at the



subsystem and process within a subsystem level. These services can be used to provide
redundancy and hot backups at the subsystem or process within a subsystem level. Two
different missions can have separate telemetry machines yet still share the same data base.
If a particular process or subsystem is discovered to be a bottleneck fairly late in
adaptation it can be switched to a faster machine. Perhaps most importantly, DTS supports
the SFOC goal of off the shelf hardware expansion or upgrade.

The Once and Future SFOC

In our current setup we have an ethernet LAN at JPL, in Pasadena and an ethernet LAN at
Martin Marietta, in Denver. These two LANS are connected by an OSI level three
gateway (level three is the inter-network router in TCP/IP terms). DTS, through the
Logical Name Server, makes these two LANS and gateways into one logical network.

Potentially, in the future each flight project might be on its own LAN. The ethernet could
even be replaced with a fiber optic backbone. DTS provides the network services for
SFOC that allow SFOC to be loosely coupled and easily upgraded to higher performance
networking when it becomes available.

Conclusion

DTS is a presentation level network interface that currently packages TCP/IP. DTS is a
general use network package that should fit in very well with a non-SFOC network based
project in a Unix environment that wants to have its software outlive the current generation
of workstation hardware that its being developed on. SFOC has plans for a 20 year
software life cycle.

DTS provides an open-close-send-receive model of network communication. It provides
Virtual Circuit, Datagram and Broadcast services in Wait, Non-suspending and
Asynchronous modes.

DTS provides a general purpose asynchronous service on top of the services that TCP/IP
offers.

The DTS Logical Name Server allows connections to be made between processes that do
not know what machine they are running in or what machine the process they want to talk
to is running in.

In short, DTS is a robust general network interface system.
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ABSTRACT

The existing Mission Control and Computer Center at JPL will be replaced by the Space
Flight Operations Center (SFOC). One part of the SFOC is the Local Area Network-Based
Distribution System. The purpose of the Local Area Network (LAN) is to distribute the
processed data among the various elements of the SFOC.

The SFOC LAN will provide a robust subsystem that will support the Magellan launch
configuration and future project adaptations with the following capabilities:

S A proven cable medium (Ethernet) as the backbone for the entire network, with
capability for migration to a fiber optics backbone in the future.

S Choice of hardware components that are reliable, varied, and supported by companies
that are following the growth path of the ISO model (OSI Standards).

S Insure a reliable and maintainable network for SFOC-supported projects.

S Accurate and detailed documentation of the LAN, valuable for fault isolation and
future expansion of the network.

S Proven network monitoring and maintenance tools.

INTRODUCTION

The existing Mission Control and Computer Center at JPL will be replaced by the Space
Flight Operations Center (SFOC). One part of SFOC is the LAN-based distribution
system. The SFOC Local Area Network Subsystem provides the highway for data
communications and transport services between the SFOC subsystems and other networks.
This network subsystem will support multiprojects. The first project to be supported is the
Magellan Project.



PURPOSE

The purpose of this paper is to describe the functional design, hardware elements, and
network testing utilized for the SFOC Local Area Network Subsystem hardware
implementation.

FUNCTIONAL DESIGN DESCRIPTION

The SFOC Local Area Network implementation was done utilizing the Ethernet 802.3
technology which is widely supported throughout industry. The IEEE 802.3 (CSMA/CD)
is a comprehensive standard for Local Area Networks employing CSMA/CD as the access
method. The IEEE 802.3 version provides the necessary specifications for a 10 Mb/s
baseband implementation as required for SFOC.

Another design consideration was to utilize standard data transport service software on the
LAN between SFOC subsystems and elements using TCP/IP protocol with UDP, virtual
circuit, and telnet features.

The network utilizes Ethernet cable, transceivers, multiport transceivers, communications
cabinets, Ethernet controllers, gateways, and standard data transport software for each
node on the network.

The SFOC implementation started with Ethernet cable installed in segments throughout
each floor of the Space Flight Operations Facility, Building 230, which are connected
together forming one continuous network. Ethernet cable was installed under the floor with
cable and transceivers fastened to the under-floor computer floor. Communications
cabinets were installed at selected locations on each floor within the building. Within these
cabinets are all the communications networking hardware for the Local Area Network
such as multiport units, gateways, network test equipment, and repeater hardware.
Individual nodes (computer subsystems or PCs) are tied to the network either through a
multiport or a direct connection to the LAN. Figure 1 shows the LAN configuration within
the SFOC facility.

The SFOC Magellan network is extended from JPL to the Denver Facility Mission Support
Area by two 56 Kbps data links. Computer systems are utilized as gateways, both at JPL
and at the Denver Mission Support Area. There are two gateways at each facility (JPL and
Denver); one is the prime gateway and the other is the backup to provide redundancy, if
needed. Each gateway node is equipped with a multiprotocol communications processor to
do the functions of internet routing. Both of these 56 Kbps data links are routed via
satellite.



The SFOC Local Area Network implementation at Denver consists of Ethernet cable and
communications cabinet which holds all the communications networking hardware for the
Mission Support Area LAN. Individual transceiver cables are installed from each port on
the multiport to each computer installed in the MSA Facility.

The SFOC network has a second data link from Building 230 to the JPL Information
Processing Center (IPC) facility which is located approximately three miles away. The use
of Ethernet cable to link the two sites was impractical; therefore, the use of a broadband
system already in existence was implemented.

The JPL Institutional Network (ILAN) is a broadband system which is installed through
Building 230 and other buildings at the Laboratory. The interface between two different
media (Ethernet and Broadband) requires some adaptations. At this date there are no
gateways available on the market that connect directly between Broadband and Ethernet
media. A buffered repeater that communicates between the two media was selected for the
interface. Since a repeater offers no filtering capabilities, two gateways were placed in
series with two buffered repeaters to complete this data link. The gateways were installed
on this data link so that filtering capabilities of these devices could be utilized to control
network traffic from the broadband system and the IPC facility. Network protocol that is
used on this link is TCP/IP. Figure 2 shows the SFOC to IPC data link configuration.

HARDWARE ELEMENTS

Various network hardware candidates were researched for this initial implementation
configuration. This hardware consists of the following elements:

- Ethernet Cable
- Communications Cabinets
- Transceivers
- Multiport Units
- Transceiver Drop Cables
- Transceiver Protection
- Ethernet Controllers
- Repeaters
- Gateways
- Test Equipment

Ethernet Cable - Ethernet coaxial cable was used as the cable medium for the
SFOC/Magellan Local Area Network. Coaxial cable has been in use a long time and has
an established reliability history.



Communications Cabinet - Communications cabinets are utilized on the SFOC network
for installation of all networking-type hardware. Since project adaptations will be added to
the network, these cabinets allow flexibility towards growth of the LAN. Figure 3 shows a
typical cabinet with networking hardware.

Transceivers - A combined transmitter and receiver. An essential element of all Local Are
Networks, its function is required at each node. This particular transceiver is compatible
with all versions of Ethernet and the IEEE 802.3 standard.

Multiports - Multiport transceivers can be considered as a small network in a box. This
type of transceiver eliminates the 2.5 metcr separation requirement between devices and is
used in device cluster situations.

Transceiver Drop Cable - These are the cables that are connected to the transceiver unit
and other communications interfaces such as repeaters, bridges, or gateway devices.

Transceiver Protection - A method was needed to provide protection to the transceiver
cable connection and the transceivers installed under the computer flooring. Cable and
transceivers are supported to the existing computer flooring supports which will keep
network hardware off the concrete flooring.

Ethernet Controllers - The Ethernet controller is a board-level communications
processor. The microprocessor-controlled interface board performs the link level protocol
and has RAM into which code for the middle level protocol can be down loaded from the
host machine and run.

Repeaters - In Ethernet a device for connecting one coaxial device to another within the
same Local Area Network. The repeaters used on the SFOC/IPC data link are buffered
repeaters. This repeater is protocol-independent allowing various protocols to run.

Gateways - A gateway must have the capability to convert all of the protocols for any
devices on one network to communicate to devices on another network. Also, a gateway
must have the ability to filter network traffic from one network to another.

Test Equipment - The SFOC LAN required reliable test equipment that was used during
implementation. This equipment aids in maintenance such as fault isolation and network
performance monitoring.

Time Domain Reflectometer (TDR) - The TDR will locate shorts, opens, transceiver
taps, connectors, and impedance mismatches in most cables.



Lanalyzer - The Lanalyzer is a good tool for monitoring and locating problems on the
network. It is designed for use on networks based on the Ethernet (Version 1.0 or 2.0) and
on the IEEE 802.3 standard.

NETWORK TESTING

Extensive network testing has taken place during implementation of the SFOC/Magellan
network. Methods of testing the installed hardware beginning with Ethernet cabling,
transceivers, transceiver cables, multiports, and the computer nodes including gateways
was done during installation of these elements. Detail planning was essential for testing of
all new components prior to integration into the SFOC Local Area Network.

Also, research has been completed that validates the need for reliable test equipment that
was used during implementation of the SFOC network and for network maintenance.

The backbone cable is made up of eleven segments which will aid in fault isolation and
provides options for segmentation as the network grows in the future.

CONCLUSIONS

The SFOC LAN is a robust subsystem and will continue to grow. The cable medium used
on the network is a proven type cable that is used throughout industry and is protected
along with the transceivers to minimize cable faults. The hardware elements used on the
network were tested independently prior to integration to insure the reliability of each
LAN component.

The network has been documented in detail showing locations of all communications
network hardware and corrections to each node on the LAN. Detailed documentation is
required for fault isolation, performance monitoring, and expansion of the network. Also,
utilization of test equipment since the beginning of the SFOC implementation has proven
invaluable in providing a good, robust system.

Recommendations that we intent to pursue are to use only fiber optics cable between
buildings, and maintain the capability to migrate to a fiber high speed backbone in the
future.



Figure 1 - SFOC Local Area Network Building 230 Cable Routing



Figure 2 - SFOC/Magellan LAN Launch Configuration



Figure 3 - SFOC Network Communications Cabinet
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11 July 1988

Now in our 28th year, the TSCC continues its chartered task of focusing
the telemetry communities attention. We continue to receive, review and
coordinate the information on new standards and procedures using our diverse
membership’s expertise and affiliation’s.

The past year has seen inputs from the Range Commanders Council
Telemetry Group on changes to IRIG 106 and IRIG 118 as well as continuing
discussions and disseminations from the CCSDS international organization. In
addition, some lively discussion of the generation and use of “standards” has
developed due to the increased use of IRIG 106 as a defining document in many
specifications, with the consequent increased responsibility and impact of
reviewing any changes. The question remains as to what makes a standard a
“standard” and not a specification.

At our biannual meetings in October 1987 and May 1988, specific changes
to IRIG 118 encompassing the tape recording testing procedures were addressed
as was the proposed input to IRIG 106 on MIL-STD-1553B bus recording. Since
the latter did not appear to be a widely used method, no formal TSCC
recommendations were forwarded, to the RCC TG.

The TSCC will conduct its next meeting at the ITC 1988 in Las Vegas,
Nevada and we continue to solicit the telemetry communities input and
comments.
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