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SESSION I

NEW APPLICATIONS FOR TELEMETRY INSTRUMENTATION

LAWRENCE L. RAUCH

Lawrence L. Rauch received the Bachelor’s degree from the University of Southern
California in 1941 and the Doctor’s degree from Princeton University in 1949. From 1943
to 1946 he was the research supervisor of the NDRC/OSRC Project at Princeton
University which developed and applied the first electronic high-speed time-division
telemetering system for aircraft. In 1946 he was in charge of atmospheric overpressure
telemetry for Operation Crossroads at Bikini Atoll. In 1952-53 Dr. Rauch was the last
chairman of the Telemetering Working Group, Panel on Test-Range Instrumentation,
Research and Development Board, Department of Defense (the predecessor of the
Telemetering Working Group of the Interrange Instrumentation Group). From 1957-63 he
was a member of the administrative committee of the IRE Professional Group on Space
Electronics and Telemetry and from 1960-63 a member of the Executive Committee of the
National Telemetering Conference. He was Western Hemisphere Program Chairman of the
International Telemetering Conference in London, September 1963 and Program Chairman
of ITC/USA/’67 in Washington, D.C. From 1963-70 he was a member of the NASA
Research Advisory Committee on Communications, Instrumentation and Data Processing.

Dr. Rauch’s consulting activities have included the development of early pulse-position
modulation and pulse-code modulation telemetering systems. He served as consultant in
the telemetry and instrumentation area for the Atlas, Thor, Titan and Minuteman rockets.
He also contributed to the design of telemetry systems for Telstar and certain NASA
vehicles.



Dr. Rauch’s awards and recognitions include the War Dept./ Navy Dept. Certificate of
Appreciation for an Outstanding Contribution to the Work of the Office of Scientific
Research and Development during World War II, 1947; Special Award by the IRE
Professional Group on Space Electronics and Telemetry for Important Contributions to
Telemetry, 1957; Fellow of the IRE (IEEE) for contributions to the theory and practice of
radiotelemetry, 1960; Annual Award of the National Telemetering Conference for an
Outstanding Contribution to the Telemetering Field, 1960; Donald P. Eckman Education
Award of the Instrumentation Society of America in recognition of significant
contributions to education in the fields of telemetry, analog computation, and non-linear
control systems and his pioneering establishment of instrumentation programs in a
university curriculum, 1966.

Dr. Rauch joined the faculty of the University of Michigan in 1949. He has served as
chairman of the Nuclear Engineering Program from 1951-52 and of the Instrumentation
Engineering Program from 1953-63. He was visiting professor at L’Ecole Nationale
Supérieure de L’Aéronautique et de L'Espace in Toulouse, France in 1970. He is currently
Professor in the Departments of Aerospace and Electrical and Computer Engineering. He
is chairman of the interdepartmental graduate Program in Computer, Information and
Control Engineering and Associate Chairman of the Department of Electrical and
Computer Engineering for the Computer and Information Systems Division.



NEW APPLICATIONS FOR TELEMETRY INSTRUMENTATION

Lawrence L. Rauch, University of Michigan
Panel Chairman

Loyle E. Baltz, Ford Motor Company
Automotive and Ground Transportation Telemetry and Instrumentation

Wally E. Helm, Bonneville Power Administration
Utilities Telemetry and Instrumentation

Robert W. McClure, E. I. duPont de Nemours and Co., Inc.
Industrial Telemetry and Instrumentation

Myron H. Nichols, Consultant
Aerospace Telemetry and Instrumentation

D. Ronald Radar, University of Southern California
Biomedical Telemetry and Instrumentation

John R. Warren, U. S. Forest Service
Ecology-Related Telemetry and Instrumentation

This is a panel discussion session which, with the participation of the audience, hopes to
explore trends and future prospects in telemetry. In such a broadly applied field as
telemetry it would be unworkable (if not impossible) to assemble a panel representing the
full breadth of the field. Instead, the panel represents a sampling of the application areas of
telemetry from which we hope the discussion will extend to all areas of interest to those
attending ITC/USA/’74.



SESSION II

DEEP SPACE COMMUNICATION FROM THE HELIOS
SOLAR PROBE

ERNST STOLLE, Session Organizer

ERNST STOLLE

Biography   He studied electrical engineering at the Technical University of Darmstadt,
Germany, and received the degree of diploma-engineer (Dip1.-Ing.) in communications in
1966. After he joined the Institute for Satellite Electronics of the German Aerospace
Research Establishment, DFVLR, he was concerned with supporting research and
development work for the German space program. This included German-US cooperative
projects on sounding rockets, the AZUR satellite, and the HELIOS solar probe.

He worked on digital detection and signal processing methods for telemetry applications,
and was involved in research on coherent communication systems; in particular, he was
concerned with the telecommunication system design of HELIOS. His publications are in
the field of design, modelling, and optimization of coherent communication systems, with
applications to interplanetary probes.

In 1968 he was for six months with Goddard Space Flight Center of NASA, and in 1970
he spent one year at Jet Propulsion Laboratory, California Institute of Technology.

Presently he is head of the telecommunications systems research branch of the Institute,
working in the field of coding, modulation and synchronization theory and related
simulation and measurement techniques.



THE HELIOS SPACECRAFT/GROUND TELECOMMUNICATIONS
SYSTEM CONCEPT

H. P. HERTLEIN
Project Helios

Gesellschaft fuer Weltraumforschung, m.b.H.
Bonn, Germany

Summary.   The U. S.-German joint Helios Program is briefly presented with emphasis
upon the Spacecraft Telecommunications System design and Ground Tracking and Data
System. The design constraints for the radio system, and some tradeoff considerations
germane to the Helios radio system are discussed. The block diagram, major performance
parameters and some test results are given as bases for the understanding of more detailed
telecommunications system discussions.

Introduction.   In 1966, the United States and German governments agreed to bilaterally
plan and execute a deep-space mission to explore solar phenomena in the close vicinity of
the sun. NASA and the German Ministry of Research and Technology (BMFT) outlined
the project’s scope and objectives in a Helios Mission Definition Report in 1969. The
salient objectives were:

(1) Gather scientific data on properties and processes of the interplanetary medium and of
solar physics.

(2) Advance and disseminate knowledge in space science/technology and advance
project management expertise.

Based on this understanding, the Helios spacecraft was developed and built in Germany on
behalf of the BMFT, while launch vehicle and tracking and data system support was
provided by NASA. Project management rested jointly with NASA and the Gesellschaft
fuer Weltraumforschung (GfW), the German Agency for Space Research.

The Helios spacecraft is a spin-stabilized spool-shaped vehicle carrying 12 active scientific
experiments (Table 1) and weighing 355 kg (Figs. 1 and 2). It will be launched into an
elliptic orbit around the sun with the ellipse lying in the ecliptic plane. When farthest from
the sun (aphelion), it will be 1.0 AU (1 astronomical unit . 1.5 x 108 km) distant from the
sun; at closest approach (perihelion) it will be 0.3 AU from the sun. As seen from earth,
the Helios orbit plotted on a fixed earth-sun line reference is a characteristic helix curve



(Fig. 3). This orbit will come closer to the sun than any past or presently planned deep
space venture. Launch will be from the U. S. Air Force Eastern Test Range by a Titan
III-D/Centaur/TE-364-4 combination, with a parking-orbit ascent. The first of two
launches will take place in October/November 1974, with the second in late 1975 or early
1976. Design lifetime will be 18 months for both spacecraft.

Tracking and Data Acquisition System Configuration.   To attain primary mission
objectives, continuous 24-hour monitoring of the spacecraft telemetry and command
capability is essential, especially during the perihelion passages. The Helios
telecommunications system has therefore been designed to be compatible with the NASA-
JPL Deep Space Network (DSN), which can provide ground stations suitably placed at
different longitudes. One transmitting station located at Weilheim (near Munich, West
Germany) (GTS) and a receiving station using the 100-m radio telescope located at
Effelsberg (near Bonn, West Germany) (GES), both fully compatible with the DSN,
augment the U. S. Tracking and Data Network. Some parameters of the DSN and German
ground stations are provided in Table 2.

Two mission control centers exist, the German Space Operations Center (GSOC) in
Oberpfaffenhofen (also near Munich) and the U. S. Mission Control and Computing
Center (MCCC) at JPL (Pasadena, California). GSOC will take over mission control from
MCCC after four weeks into the mission. Both centers are equipped to generate and send
commands via the tracking stations to the spacecraft and to collect telemetry data streams
from the stations via high-speed data lines for documentation and further processing (see
Fig. 4). Spacecraft and experiment housekeeping data serve mission control to monitor the
state of the probe; science telemetry and radiometric data is forwarded to the respective
experiments in near-real-time.

Telecommunications System Functional Constraints/Requirements. Commensurate with
the constraints of the command and data acquisition network, the communications between
earth and the Helios spacecraft is by S-band radio links, compatible with the command,
telemetry and ranging system implementation of the DSN. Experimenter requests and
mission-dependent constraints set other functional requirements for the
telecommunications system including antennas. The spacecraft design set upper limits for
the available transmitter power.

Accordingly, the design meets the requirements that telemetry transmission be possible up
to 2 AU distance from earth. Bit rates from 8 to 2048 b/s are available with bit error
probabilities below 10-5. Command reception at 8 b/s is possible out to 2 AU with 10 kW
and the 26-m DSN ground stations, with bit error rates less than 10-5. Command
acceptance and false command rejection probabilities are set at less than 10-3 and 10-10,
respectively. The downlink carrier can be commanded to be coherent with the uplink



carrier for accurate 2-way doppler measurements up to 2 AU. Also, the continuous and
discrete ranging codes generated by the DSN planetary ranging assembly can be sent to
and coherently transponded from the telecommunications system for direct distance
measurements.

The antenna system design meets the requirement that omnidirectional command capability
is provided for near-earth attitude maneuvers. In order to achieve the highest possible
telemetry bit rates out to a maximum communication distance of 2 AU, the Helios
spacecraft carries three S-band antennas: a low-gain (omni) antenna system consisting of
an upper linear dipole/lower RCP horn combination for quasi-omnidirectional coverage; a
medium-gain collinear array type antenna for a linearly polarized pancake pattern; and a
high-gain antenna with a mechanically despun cylindrical paraboloid reflector for a linearly
polarized spot beam antenna. The high-gain antenna is the principal transmitting antenna,
with the medium-gain antenna serving as backup transmitting antenna.

Design Tradeoff Considerations.   Aside from ground system constraints and the need to
satisfy mission requirements, the Helios telecommunications design incorporates a number
of design features which are based on tradeoff considerations. Some major tradeoff areas
have been:

(1) Engineering vs Science Data System.
(2) Amount of data storage.
(3) The number of telemetry channels.
(4) Use of a telemetry error correcting code.
(5) Single vs dual channel PSK command system.

The complex scientific payload for the experiment packages providing data to 12
experimenters imposed very distinct data transmission requirements - including changing
bit rates. The on-board data formatting and structuring have thus been laid out to be very
flexible. Six specific formats (one housekeeping and five scientific, with subcommutated
housekeeping), are provided and employ bit rates from 8 to 2048 b/s. One scientific format
specifically satisfies the needs of those experimenters which require high data resolution
for fast transient shock events, storage and later recall. Table 3 summarizes the operating
modes for the formatto-bit-rate correlation.

A considerable number of tradeoff considerations had to be undertaken to balance the
desires for a programmable formatter ideally suited to these complex data processing tasks
against the simplicity of using fixed format multiplexing techniques. For Helios,
conventional multiplexing techniques and fixed formats were chosen because, to do
otherwise, would increase the complexities for mission operation and ground data
processing beyond planned resource allocations in this area.



In addition to real-time telemetry requirements, there is a mission requirement for the
collection and storage of scientific data onboard the spacecraft during blackout periods
caused by solar occultation (when the downlink is interrupted) and for higher time
resolution of scientific information than probably would be possible by the telemetry bit
rate in use. Approximately 500,000 bits of information storage was required for read-in at
a 4- to 16-kb/s rate. Helios has chosen a core-storage system (compatible with power and
weight requirements) which became available in Germany at the time design decisions had
to be made. This meant that tape recorder mechanisms could be avoided, thus gaining an
ensuing increase in overall system reliability.

The Helios spacecraft employs one telemetry channel to transmit both science and
engineering data back to earth. Although other space projects have gathered good
experience with two-channel telemetry systems for separate engineering and science data
transmission, it was felt that a single-channel telemetry channel would provide higher
science data rates - thus satisfying more Helios requirements. Spacecraft radio System
engineering telemetry data, like receiver AGC and SPE values, is therefore not directly
available to the ground receiving stations on a separate subcarrier - but must be transmitted
back to stations over ground communications circuits after sublevel decommutation at the
mission control center. The higher complexity of ground data system operation has been
accepted by the Helios Project, in this case, as a tradeoff for achieving highest possible
science data rate at perihelion (i. e., sun encounter).

Helios telemetry data is convolutionally encoded aboard the spacecraft, and after
transmission to the ground is subsequently sequentially decoded at the stations. Block-
coding techniques as employed by JPL’s Mariner spacecraft had been considered as an
alternate coding technique. Extensive discussions relative to this tradeoff were held with
NASA’s Pioneer Project at the Ames Research Center (ARC), Moffett Field, and at JPL.
The decision was finally made on the basis of theoretical considerations showing the
promise of a 2- to 3-dB improvement in STB/N0 signal-to-noise ratio (at a 10-4 deletion
rate) for convolutionally coding techniques (constraint length 32, rate 1/2) relative to block
coding. We feel that the upcoming flight experience with Helios will confirm this decision.

At the Deutsche Forschungs-und Versuchsanstalt fuer Luft-und Raumfahr e. V (DFVLR)
located near Munich and also at ARC, theoretical studies were undertaken to determine
optimum frame length. These considerations had to take into account the large amount of
experiment and engineering information which has to be transmitted. On this basis, the
Helios frame length was set at 1152 bits/frame (constraint length 32, rate 1/2), which is 4
times Pioneer frame length. Even so, it takes 72 frames to complete one science main
frame, while an engineering data main frame comprises only 4 frames. This long frame
length (optimal from the coding point of view) has the drawback of a correspondingly
longer time required, especially at lower bit rates, to achieve frame synchronization on the



ground and to recover data reception after a telemetry dropout. In addition, the Helios
frame is transmitted nonsynchronously with the Ground Communication System’ s high-
speed data block, hence requiring frame resynchronization at mission control.

The Helios radio system features two selectable modulation indices, one favoring the
middle and upper bit rates, the other favoring the lower bit rates. The use of two
modulation indices has proven to be a definite advantage over a single modulation index
for this range of bit rates. A less marked improvement would be realized in going from two
to three modulation indices. The final numerical values were established after substantial
testing and analysis efforts by both ARC and JPL to understand and model the
telecommunications total link performance.

On the command uplink, Helios Project had the option to utilize FSK, dual-channel PSK,
or single-channel PCM/PSK/PM operating techniques. FSK and dual-channel PSK
systems have been proven in previous flight projects, but here a single-channel PSK
command system was chosen because of its higher efficiency in terms of signal-to-noise
performance of 2- to 3-dB or 5-dB, respectively. Highest possible command efficiency
was deemed essential for operating the spacecraft over 2 AU distance when using the
26-m/10-kW DSN network committed to the Helios mission. Manchester coding of
commands with 68 symbols/command was chosen; two separate command subcarrier
frequencies (448 and 512 Hz) access one of two redundant, continuously active receivers,
one of which is fixed-wired to the omnidirectional low-gain antenna system and the other
is fixed-wired to the medium-gain (pancake) antenna. The combination of these features
provides ample insurance against double command entry and attains the desired command
acceptance and false command rejection criteria.

Telecommunications System Development and Parameters.   The telecommunications
system hardware design was essentially defined and frozen in late 1971. Germany’ s
Messerschmitt-Boelkow-Blohm Corporation (MBB), in Munich, acted as prime contractor
for the entire spacecraft, while AGE-Telefunken, Inc., in Ulm, was responsible for the
development of the S-band receiver system and the transponder integration. Thomson-CSF
S.A. in Paris designed and built the transmitter equipment with Watkins-Johnson, Inc., in
Palo Alto, California, as supplier of the traveling wave tube amplifiers. Standard-Elektrik-
Lorenz A.G. (SEL) in Stuttgart, a subsidiary of ITT, was assigned the task of designing the
Helios data handling equipment, which incorporates the 500, 000-bit ferrite core memory
developed by Siemens A. G. in Munich. The antennas were designed by MBB and
manufactured by Entwricklungsring Nord (ERNO) in Bremen. The antenna reflector
despin drive was delivered by Ball Brothers, Inc., Boulder, Colorado. The electronic
components used throughout the Helios Project were supplied to all contractors by a
centralized parts procurement office set up by the prime contractor for which Radiation,
Inc., in Melbourne, Florida, acted as sole parts procurement agent responsible for quality



and high reliability of all electronic parts delivered and the attendant screening and testing
documentation.

As shown by the geographic distribution of contracting firms for the telecommunications
system, the Helios Project has been international in nature in the spirit of fostering
cooperation between countries. This fact accounts for the many breakpoints and interfaces
within the telecommunications system, which necessitated larger than usual efforts in
managing timely information dissemination throughout the organization chain. These
difficulties could only be overcome by such approaches as (a) early decisions to abandon
promising developments in system subsections in favor of established technologies (for
instance, a low-power space-qualified parametric amplifier was replaced by a
transistorized amplifier), (b) very early breadboard and engineering model testing with the
DSN to ascertain compatibility of the transponder with the ground installations, and (c)
last but not least, an effective motivation-based team spirit of all persons engaged in the
task, which transcended organizational and company lines.

The resultant telecommunications system is presented in Fig. 5 and a summary of some
major performance parameters is summarized in Table 4.

Some Performance Results.   The Helios telecommunications system has undergone
extensive development, qualification and compatibility testing with the DSN. Design,
performance and operating goals have been fully achieved, while only in-flight
performance awaits confirmation after launch. However, a few outstanding test results
deserve mentioning at this time.

Because of the limited availability of mission experience with convolutionally coded
telemetry, some uncertainties existed about link performance, but tests at various bit rates
have quite precisely agreed with theoretical link design predictions for nominal parameter
values, including two-way effects. Provided the statistics of in-flight performance also bear
out the model predictions, a telemetry bit rate vs distance profile for the nominal mission
operating configuration can be expected, as depicted in Fig. 6.

Although the design goal for the uncertainty in the delay of ranging signals through the
transponder was 80 microsec, measured ranging delay uncertainty is less than 25 nanosec
over operating temperature and signal levels. The long-term instability drift over an 8-hour
station view period for strong signal levels, as measured by the differential-ranging vs
integrated-doppler techniques, was determined to be less than 3 nanosec, with and without
uplink modulation.



A more detailed presentation of operating performance and experience relative to
theoretical predictions and expectations of the Helios telecommunications and the ground
tracking system will be presented in the near future.

Conclusions.   This article briefly described the Helios Program, its international scope in
management and tracking and data acquisition, its mission objectives, and in particular the
spacecraft radio system design. This treatment has been intentionally general in nature in
order to provide an overview as a basis for understanding the more detailed
telecommunications and ground system discussions which appear in subsequent articles.

Table 1.  Helios experiments

Number Experiment Scientific affiliation

1 Plasma Detectors
(A) Proton and Alpha Detector

High Angular Resolution

(B) Proton and Alpha Detector
Faraday Cup

(C) Electron Detector

Max Planck Institut fur
Extraterrestrische Physik, Garching

Ames Research Center

2 Flux-Gate Magnetometer Tu Braunschweig Institut fur
Giophysik und Meteorologie

3 Flux-Gate Magnetometer Goddard Space Flight Center
University of Rome

4 Search Coil Magnetometer Tu Braunschweig Institut fur
Giophysik und Meteorologie
Institut fur Nachrichtentechnik

5 (A) Solar Wind Plasma Wave
Experiment

(B) Radio Wave Experiment

University of Iowa
University of Minnesota

Goddard Space Flight Center

6 Cosmic Ray Experiment
1 Mev to 1 Gev

University Kiel



7 Cosmic Ray Experiment
(A) High Energy Telescope

(B) Medium Energy Telescope

(C) Low Energy Telescope

(D) X-Ray Detector

Goddard Space Flight Center

University of Adelaide

8 Electron Detector Max Planck Institut fur Aeronomie,
Lindau/Harz

9 Zodiacal Light Photometer  Landessternwarte Heidelberg

10 Micrometeoroid Detector and
Analyzer

Max Planck Institut fur Kernphysik,
Heidelberg

11 Celestial Mechanics Jet Propulsion Laboratory
University of Hamburg

12 Faraday Rotation Jet Propulsion Laboratory

Table 2.  Ground station parameters



Table 3.  Helios telemetry modes of operation

Distribution mode (DM)
Data conditioning for real-time transmission Data conditioning for onboard storage

Format FM Bit rate BM, bps Format FM Bit rate BM, bps

DM 0
  Real time without
  memory read-in

FM 1 High rate
FM 2 Normal rate
FM 3 Reduced rate
FM 4 Engineering
FM 5 Very high rate

    512-2048
      64-512
        8-64
        8-4096
           4096

DM 1, 2, 3
  Real time with
  memory read-in

FM 1 High rate
FM 2 Normal rate
FM 3 Reduced rate
FM 4 Engineering

    512-2048
      64-512
        8-64
        8-4096

FM 6 
Shock

  4096
  8192
16384

DM 4
  Real time with
  memory read-in

FM 4 Engineering 128 FM 4
Engineering

    128

DM 5
  Black-out

FM 3
Reduced
rate

        8
     (interrupted)

DM 7
  Memory read-out

FM 3 Reduced rate
FM 4 Engineering
FM 6 Shock

8-4096
8-4096
8-4096



Table 4.  Helios radio system parameters

Parameter Value

Uplink frequency 2115.699846 MHz (channel 2 lb)

Subcarrier frequencies 512/448 Hz

Dynamic range and threshold -142.5 to - 70 dBm

Tracking range ±5 x 10-6 centered on receiver rest frequency

Sweep rate 500 Hz/sec for  107 5 to -  0 dBm
80 Hz/sec for -142.5 to -107.5 dBm

Command symbol rate 8 b/s

Command modulation index 0. 772 rad, command only
0.457/1.053 rad for command/ranging video

Command word 9 bits of information, Manchester encoded into a
68-symbol command word

Transmit/receive frequency ratio 240/221 in the coherent mode

Downlink frequency 2297.592593 MHz (channel 21a)

Output power 0.5/8/20 W

Carrier frequency stability 2.6 x 10-5

Subcarrier frequency 32.768 kHz

Modulation index,
  Low carrier suppression
  High carrier suppression
  Ranging video

0.734 rad
0.953 rad
0.423 rad

Low-gain antenna 0 dB

Medium-gain antenna 9 dB

High-gain antenna 23 dB



Fig. 1.  The Helios spacecraft during solar simulation
test preparation

Fig. 2 . Helios spacecraft configuration



Fig. 3. Typical Helios-A trajectory at 0.3 AU, October 1974
launch (fixed earth-sun line plot)

Fig. 4. Helios ground data system



Fig. 5.  Helios spacecraft telecommunications system, simplified block diagram

Fig. 6.  Maximum data rate, high-gain antenna downlink to 26-m antennas



THE DATA HANDLING SYSTEM OF THE HELIOS PROBES

DIETRICH PABST
Development Manager

Digital Space Applications
SEL, Stuttgart.

Summary.   The Helios probes A and B will have a maximum distance of 2AU from
Earth. The typical requirements which are applicable to all deep space missions, especially
decreasing link capacity, need a flexible data handling system. Taking the Helios probe as
an example, it will be shown how the specific problems of data handling in deep space
probes were solved from the technical standpoint.

The system processes 4 selectable scientific formats at 8 to 4096 bit/sec with 320
subcommutated housekeeping channels, also to be transmitted in a separate engineering
format. Simultaneously, a special format is stored cyclically with up to 16kbit in a 0.5Mbit
memory, which can also be used for the storage of all the other data in an automatic
sequence mode. Telemetry data are convolutional coded. Due to its flexibility and its
multiplicity, the data handling system is a useful instrument for deep space missions.

Introduction.   The primary mission of the Helios probes is to investigate the
interplanetary space close to the sun. The spacecraft will be at a maximum distance of
2AU from Earth.

The explorations will measure solar winds and their mechanics of acceleration, magnetic
and electrical fields, cosmic rays and cosmic dust. For this scientific goal, ten experiments
are provided.

A specific attribute of the probes is that as the distance from Earth continually increases,
the capacity of transmitting data becomes continuously more difficult. The power available
on-board is limited, as is the antenna gain; one must therefore reduce the bit rate when the
limits are reached. Reduction of the transmission bit rate has direct consequences: the
measurement frequency must be reduced and the data sharing of the experiments has to be
changed. The measurement of fast-occurring events necessitates an on-board storage
capacity because transmission of the resulting high bit rate is not possible. The change of
data-handling modes should not entail loss of synchronization and therefore data, which
would be costly since they are few due to the low bit rate. It is advantageous to employ 



technical solutions thich avoid the reduction of the data transmission, e.g., a special coding
of data.

The required flexibility obviously necessitates an on-board computer which controls the
sequence of the data flaw, The idea of using an on-board computer was abandonded in an
early stage of the project because of various reasons. The major objection was the risk of
too complex a system. An alternative solution would have been the use of a programmable
PCM- Encoder in order to get flexible telemetry formats. This idea also had to be
abandonded because it was not possible to use the proposed telecommand link for the
purpose of programming or at least up-dating the on-board program storage.

It will be shown how the specific, complex requirements for large data handling systems in
deep space probes can be solved without using a computer and how one can nevertheless
achieve flexibility.

Telemetry Formats.   In order to remain optimal, reduction of the transmission bit rate
necessitates a change in the share of the measurement data. This applies as well to the data
of a single experiment as to the data of all of them. Figure 1 shows the data shares which
are required for the various transmission bit rates. In order to adapt to the shares, the data
handling system provides four different formats which can be selected by command; these
are the formats 1, 2, 3 and 5. Figure 2 shows the minor frame of format 1 as an example;
the frames of the other formats are built up in a similar manner. A minor frame of any
format consists of 144 words (8 bit/word), and a frame of 72 minor frames. These
proportions allow the optimum in distribution of the very different data block lengths(4 to
504 words) of the experiments on the frames, considering also the various bit rates.

Format 4 contains the housekeeping data and is subcommutated in the scientific formats.
In format 5, which is used with the highest bit rate, there are two words per frame; in
format 3, which is used with the lower bit rate, there are 16 words per frame. Therefore the
housekeeping data flow does not vary as much as does that of the scientific data. If a
shorter access time for housekeeping data is needed, format 4 can also be operated alone.

The words No. 72 to No. 75 of every minor frame contain all information which is needed
for the identification of the data. These are: the minor frame number, the spacecraft time
and the data handling mode identifications.

Measurement of Shock-Data.   When researching interplanetary space, the measurement
of shock events becomes especially important. So much data is gathered in such a short
time, that the down-link transmission capacity is insufficient. In order to ensure that all the
necessary data arrive at the ground station, storage, followed by a slower transmission, is
unavoidable. The shocks will occur seldom, but for that very reason they are important. A



sensor is necessary which identifies a shock event. The signal from such a sensor, which is
built into an experiment, should start write-in of the shock data into the 0.5 Mbit memory.
The data which were measured just before the signal, would be lost, but exactly these are
especially interesting. In order to collect them, the data are continually cycled into the “A”
portion of the memory so that always the lost, newest data which are only a few seconds
old, are stored. Figure 3 shows this procedure. Identification of a shock event stops the
cyclical data write-in, and the data which follow it are sent to section “C” of the memory.
In section “A” of the memory, therefore, are the data which were collected during a
definite period immediately preceding the shock, and section “C” stores the data
immediately succeding the event. As soon as section “C” is filled, the cyclical procedure in
section “B” starts, in case a new shock event occurs.

The shock data, which are delivered by five experiments, are compiled into one format
before being stored; the necessary time information is included in the format. Depending
on what amount of resolution is desired, 4, 8, or 16 kbit/sec can be chosen by command.
Collection of the shock data runs parallel with that of the other scientific data.

Interruption of Data Link.   The radio link with the spacecraft will be interrupted for
certain specific periods. These black-outs occur whenever the spacecraft is either in front
of, or behind the sun. Figure 4 shows the trajectory of the probe referenced to the sun-
earth axis.

It can be seen that the first black-out (lasting approx. three days) occurs 70 days after
launch, and after 108 days, the second black-out (lasting approx. eight days) will occur,
etc.

It is desired that measurements will continue to be made during these periods, and the
0.5 Mbit memory makes this possible, although with some limitations. These are caused
by the fact that, even with the lowest bit rate, the memory capacity is insufficient to store
all the data accumulated during the longer black-outs; read-in of data is therefore
interrupted for a while. These pauses last for the duration of multiples of the longest data-
block, that is one frame. The duration of a black-out depends on one hand, on the
trajectory, and on the other hand depends on the characteristics of the Helios link
capability, which, up to now, have not been tried. In order to achieve high flexibility, it has
been provided that, by command, pauses lasting for the duration of between 0 and 63
frames can be set.

In operating the spacecraft, there is the risk that the start of a black-out could be missed;
circuits were included which enable the black-out mode to start automatically. Hours
before a black-out is calculated to start, the appropriate mode can be placed on stand-by.
A time-delay then places it into operation 4.5 - 9 hrs later, if a command has not re-set it to



“0”. Therefore, if the transmission should suddenly fail, it is assured that the black-out
mode will start.

Modes and Mode Change.   It is desirable that a minimum amount of data be lost when a
mode change causes a loss of synchronization. The loss can be avoided during all kinds of
switching except when bit-rates are changed. Therefore the selection of bit rates was
separated from the other mode changes. Thus it is possible to use all formats at the some
bit rate. The change of formats is performed within the pattern of the minor frames which
assures that no data is lost. Another independence exists between the format mode and the
distribution mode, as shown in figure 5. Switch position 1/6 causes the real-time transfer of
data to the ground station. In position 2/6, shock data is stored in parallel with the real-
time transmission. The bit rate selection and position 2/6 is initiated by the same
command. Switch position 3/6 is used for “Black-out” operation phase. Besides selection
of pattern 3/6 by single command, a combined black-out command also selects 3/6
together with format 3 and the bit rate of 8 bits/sec. The execution is delayed as described
above. Switch position 1/7 is used for the read-out of stored data. At the end of the read-
out phase, the operation mode changes back to that mode which had been selected when
the read-out operation was initiated. This is done in order to avoid breaks and subsequent
data losses.

In case a ground station is not able to pick up all data from the core storage at the low bit
rate, a command can be used to set back the storage address by two minor frames. Thus a
second ground station can continue the reception of stored data and during the unavoidable
synchronization phase of this second ground station, only such data will be lost which had
already been received before, by the first station. All switching occurs within the pattern
of, and between the frames or minor frames.

Coding of the Telemetry Data.   The measurements are greatly limited as a result of the
limiting of the bit rate. It is therefore worthwhile to encode the data if more data can
thereby be transmitted. A special code, the convolutional code, provides a gain of about
5 dB compared with an uncoded transmission. Every information bit is given a code bit
according to a previously determined sequence, whereby the bit (or symbol) rate doubles,
but which provides a gain in spite of this if the ground station provides an equivalently
large effort in evaluation. For the reverse direction (the transmission of commands), such a
procedure is not useful because the investment on the receiver side would be too large.

Coding of the Commands.   For transmitting commands, a PCM process was chosen
which allows the transfer of 9-bit command words in a sequence of 7.5 seconds. One
command format can be divided into two parts, each containing 30 symbols; the second
part is a repetition of the first one. 8 of the 30 symbols are used for frame synchronization,
the rest contain the 9 bit-command word, which is extended by an address and a parity bit,



and all are represented in Manchester coding. Assuming a bit error probability of 10-5,
calculations have shown that one out of 1000 commands might be lost; nevertheless only
one command out of 1010 could be improperly interpreted.

Spin-Synchronization and Timing.   Since the spacecraft turns once every second, those
measurements which are directional must be synchronized with this rotation speed. One of
the duties of the data handling system is to generate these synchronization pulses; they are
derived from one pulse which is produced by a sun sensor every rotation. With the help of
these “see-sun-pulses”, pulse-sequences are generated which are directly related to the
angle of the spacecraft to the sun. Figure 6 shows the angular relationship of Pulse
Sequence 8 as an example.

The experiments require various pulse rates ranging from 8 pulses per revolution up to
2048 per revolution; the accuracy must remain within ± 5 ppM. This spin-synchronized
timing system assures, when necessary, that the experiments measurements will be made
in exactly the correct direction.

All measurements must, however, also be referenced to time and location; for this, an
accurate spacecraft time reference is built in. The moment of the read-out is directly
related chronologically with the measurements. The time reference has an accuracy of
±10 ppM, is binary coded and has a range of 125 ms to one year. The ground station
relates the timing of the probe to that of the Earth a maximum of once each day, and takes
into account the change in transmission time. By means of the time and orbit-data, the
location of the measurement can be precisely determined.

Conclusions.   The link capacity is the principle determinant for the design of a data
handling system in a spacecraft, especially if, as in deep space missions, the data rate has
to be changed over a wide range. The effects of this and other limitations/requirements on
the various functions of the data handling have been shown, together with the solutions
applied in Helios. Additionally, information has also been given on other important
attributes of the system.

This system, which is capable of handling the data of ten experiments and can process 320
housekeeping channels, can perform a shock data measurement program and provide a
storage capacity of 0.5 Mbit is a useful instrument for deep space missions because it can
accomodate a large range of bit rates.



FIG. 1  DATA SHARING AS A FUNCTION OF THE BIT RATE

FIG. 2  FORMAT 1



FIG. 3  SHOCK DATA STORAGE SEQUENCE

FIG. 4  HELIOS TRAJECTORY, RELATIVE TO THE SUN-EARTH AXIS



FIG. 5  DATA DISTRIBUTION IN THE DATA HANDLING SYSTEM

FIG. 6  ANGULAR RELATIONSHIP OF PULSE SEQUENCE 8



A TRANSPONDER FOR DEEP SPACE PROBES-DESIGN AND
PERFORMANCE CHARACTERISTICS

G. BIE GO
AEG-TELEFUNKEN
Ulm/Donau, Germany.

Summary.   Deep space probes necessitate the use of coherent ranging transponders. The
requirements for this class of transponder can be divided into telemetry, command and
ranging requirements. Usually the telemetry requirements are rather straightforward and
concern more with hardware design aspects. On the other hand, command requirements
generally requires iterative computations to achieve an optimum system design. Ranging
requirements are based either on a simple turn-around ranging channel, or on the complex
regenerative channel. The design of this transponder is based on the former type of ranging
channel.

This paper shows the system design for such a transponder and a comparison with
measured performance characteristics. Additionally, spurious signal analysis for the
ranging operation is dealt with briefly.

Introduction.   In order to maintain a telecommunication link over interplanetary
distances, the telecommunication subsystem has to operate as efficiently as possible within
the constraints imposed by other spacecraft subsystems while fulfilling the mission
requirements. Thus, a phase-locked receiver is needed, which is very sensitive as well as
able to track over a wide frequency range. Also, a transmitter with a high power efficiency
is required to minimize power consumption.

For the Helios project, a joint U.S.-German deep space mission, telecommunication links
until 2 AU (3x108km) were required.

This requires a transponder containing a receiver with about 3 dB noise figure and a
transmitter capable of switching between 10 and 20 W output power. The capability is
required due to the possibility, that at 2 AU the solar arrays cannot meet the power
demand for 20 W operation.

One year before the start of development date AEG-TELEFUNKEN has performed
investigations concerning design problems of a low-noise phase-locked receiver. The 
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results of these investigations has been well documented; for a comprehensive report
including test results on an engineering model please refer to ref. 1 and 2

Unfortunately, at the time when development contracts were awarded, a sufficiently
reliable transmitter with high power efficiency in light-weight technology had not reached
a stage where it could be incorporated in the Helios program. Therefore we chose a
conventional design, containing features proven in other space projects. The manufacturer
responsible for the transmitter was Thomson-CSF, Paris, except for the travelling wave
tube power amplifiers, which were delivered by Watkins-Johnson, Palo Alto, California.

Although transponders of this type have been built before, the performance characteristics
of this transponder might be interesting, as we have utilized integrated circuits to a high
degree in building the receiver.

As those chips have more or less inherent temperature compensation circuitry, we
achieved low deviations in performance under temperature conditions.

Telemetry performance.   The transmitter equipment accepts the data stream from the
data handling equipment, which is convolutionally encoded and modulated onto a
32768 Hz subcarrier, and phase-modulates the subcarrier onto a 76 MHz carrier which is
then frequency multiplied to the S-band downlink frequency. In the coherent mode a
38 MHz unmodulated signal is derived from the uplink signal and frequency doubled prior
to modulation. The non-coherent mode utilizes onboard auxiliary crystal oscillators.

Regardless of whether the non-coherent or coherent mode is selected, only one driver/
modulator is activated at one time. The active driver/modulator feeds one of four possible
amplifier circuits only one of which is active at a given time. The four power amplifier
circuits are composed of redundant modules of two classes of amplifiers:

1. 0.5 W solid-state low power amplifiers whose primary service is during the near-earth
phase of the mission when the solar arrays are not yet charged up,

2. 10/20 W dual mode travelling wave tube (TWT) amplifiers used during the main
phase of the mission.

Following the power amplifiers is a switching matrix circuit which will permit the
downlink to be sent to earth via any one of the three antenna systems described in the next



paper to be presented in this conference session. However, for the 0.5 W mode only the
low gain antenna can be used. Due to the complex switching circuitry involved, a loss of
between 0.9 and 1.7 dB in output power was measured.

Due to temperature compensating devices in the driver/modulator variations on the input
power to the TWT could be held to ±0.1 dB. This results in amplifier operation with a high
degree of power efficiency. The overall efficiency of modulator, driver and TWTA
together is:

1. 31 % at 21.6 W output power

2. 26 % at 11.4 W output power

3. 7 % at 0.6 W output power

The efficiency is so low in the 0.5 W mode because optimization was effected for the main
modes.

The output power variation for the TWT was ±0.2 dB for the temperature range of -5 to
+65EC.

Another requirement concerns the rise/fall time tr1 of the squarewave subcarrier, which
may not exceed 0.5 % of the subcarrier period Tsc, or 140 ns. Using the equation:

the one-sided noise bandwidth Br1 for telemetry transmission should be at least 3.3 MHz.
However, the 3 dB signal bandwidth of the baseband single-pole lowpass filter in the test
receiver used for measurement is 2.5 MHz. The corresponding one-sided noise bandwidth
Br2 is 2.27 MHz, so that a degradations in rise/fall time between measured and actual
rise/fall time:

is to be expected. Measurement results show rise/fall times of # 200 ns, so that the
requirement is fulfilled.

In order to ascertain the rise/fall time independent of any measuring bandwidth, the signal
characteristics before any bandwidth limitations are imposed thereon have to be 



investigated. The best way is to use the spectrum of the transmitted signal. Assuming equal
rise and fall times, Fourier series expansion yield the following results:

1. for an unmodulated subcarrier the power ratio dsc between the first harmonic (double
the subcarrier frequency) and the second is:

2. for a subcarrier phase-shift-keyed by a symbol stream of alternating “ones” and
“zeroes” with symbol period TSY the power ratio dSY between the first harmonic and
any even harmonic is:

Measurements made during the DSN compatibility test serve to confirm the
abovementioned values.

Telecommand performance.   The transponder presented here contains two actively
redundant receiver/command detector chains, which are hard-wired to different antennas.
Each chain has a separate command aubcarrier frequency, i.e. 448 versus 512 Hz, thereby
permitting ground control to select the chain they desire,even though the 8 symb/sec.
command rate is coherent to both subcarrier frequencies.

The receiver equipment accepts the S-band uplink signals, coherently converts them in two
stages to 48 and 9.57 MHz respectively. The final frequency is then tracked by a phase-
locked loop, which is also used as a phase demodulator for the command signals. A
separate coherent phase demodulator is used to extract the baseband ranging signals from
the carrier.

During the early phase of the project the following requirements were established:

1. dynamic range for command symbol error probability of #1x10-5: from -144
to -70 dBm, with a modulation index of 50.64E

2. acquisition at a sweep range of ±42 kHz centered on the rest frequency,

3. corresponding sweep rates are max. 80 Hz/s at -144 dBm and max 500 Hz/s at
-100 dBm or higher,
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4. phase errors at transmitter output in coherent mode are max. 0.4 rad rms at -144 dBm
and max. 0.05 rad rms at -100 dBm or higher.

According to ref. 3 the theoretical SNR at the command detector input has to be at least
9.6 dB in 8 Hz for a symbol error probability of #1x10-5 using coherent PSK. However,
losses due to imperfect subcarrier and symbol synchronisation, limiter and waveform
losses, and non-gaussian phase noise effects have to be considered. Calculations show
(ref. 4 ) that 13.2 dB in 8 Hz is needed instead of 9.6 dB.

The receiver equipment noise figure referenced at the preamplifier input was assumed to
be 3.6 dB and the diplexer losses 1.4 dB, so that assuming a noise contribution of the
transmitter power amplifiers of 55EK a total noise figure of 695EK was calculated
referenced to the transponder input terminal. Measurements show lower values:

1. a receiver noise figure between 3.2 and 3.4 dB in the temperature range of -10 to
40E C

2. diplexer losses between 1.06 and 1.13 dB in the same temperature range. 

The transmitter noise contribution could not be evaluated unequivocally.

In order to obtain the loop design values, the following values at -144 dBm were assumed:

1. loop signal-to-noise ratio SNRL= 6 dB

2. loop damping ratio z = 0-707

In addition, a limiter loss Lc of 0.66 dB a predetection noise bandwidth Bi of 8 kHz, and a
allowable total phase error 2t of 0-35 rad were assumed.



Then, using the following equations:

with : a = limiter suppression factor
Bi = double-sided predetection noise bandwidth in Hz
BL = one-sided loop noise bandwidth in Hz
Gss = strong signal total loop gain in s-1

Lc = limiter loss
mc = command modulation index in degrees
No = noise density referenced at transponder input in W/Hz
PT = received total signal level in W
2t  = total phase error during swept acquisition in rad
SNRL = loop signal-to-noise ratio in the actual loop bandwidth
T1,T2 = loop filter time constants in S
)T = sweep range in rad/s.
)T = sweep rate in rad/s2

Tn = loop natural radial frequency in rad/s
z = loop damping ratio

the requirements as stated before can be met using the following loop design parameters:
Gss = 1.7x107 s-1

T1 = 1730 s
T2 = 45 ms



However, excessive phase noise in the data channel occured due to loop cycle slipping at
threshold input power levels, resulting in a worse symbol error rate than required.
Therefore the following measures were taken:

1. the loop signal-to-noise ratio at command threshold was increased from 6 to 8 dB to
minimize loop cycle slipping

2. the command threshold was changed from -144 to -142.5 dBm

3. the command modulation index was changed from 50.64 to 44-52 degrees in order to
meet the change in command threshold

4. the strong signal loop gain was changed from 1.7x 107 to 2x107 s in order to obtain
better trucking performance.

5. the lagging loop filter time constant T1 was changed from 1730 to 2310 s because of
the change in SNRL and the corresponding change of the loop noise bandwidth 2 B2 at
command threshold

After implementation of these points all requirements could be met. Measurement results
for the strong signal loop gain vary from 2.1x107 to 2.4x107 s-1 under temperature
conditions. This large variation of 13 % was due to the large amount of discrete
components involved. Symbol error rate measurements were done mainly at unit level, for
test results please refer to ref 2. Checks made during transponder integration and testing
were positive. Acquisition could be made under all conditions. Because it was only
intended to check out the equipment, it was not tested at what level the required sweep
rate of 80 Hz/s could still be used. The phase error at the transmitter in coherent mode was
found to be 0.2 rad at -142.5 dBm and < 0.05 rad at -100 dBm, so that the specification
was fulfilled well within margin.

Measurements in the temperature range -10 to +40EC show for 6 receivers (qualification
model, 2 flight models) the following peak-to-peak variations:

1. Rest frequency : 10.7 kHz (5x10-6 the S-band frequency)

2. Absolute threshold: 2 dB with -156 dBm as nominal value.

Ranging performance.   A non-redundant turn-around ranging channel is incorporated in
the transponder. Ranging operation can be maintained simultaneously with command and
telemetry operation. The ranging signals from the ground station are demodulated in that
receiver which is connected to the medium gain antenna. However, these baseband signals



are not processed further until a command is given. Upon the reception of the ranging
command the transmitter allows the baseband signals to enter the modulator. At the same
time the transponder switches over to the coherent mode. The baseband ranging signals
together with the telemetry data modulate the coherent carrier.

Ranging delay measurements were performed with a Mark I Ranging Assembly utilizing
the lunar code used for the Apollo project. Four different chains were tested:

1. TWT I in the 20 W mode connected to the high gain antenna

2. the same mode however connected to the medium gain antenna

3. TWT I in the 10 W mode connected to the high gain antenna

4. the same mode however connected to the medium gain antenna

The overall peak-to-peak variations for all chains measured on 3 transponders
(qualification and flight models) amounted to the following values:

1. between 4 and 31 ns with the input power level varied from -70 to -130 dBm at a
constant temperature,

2. between 10 and 47 ns with the temperature varied from -10 to +40EC at a constant
input power level.

The absolute ranging delay of the transponder is about 1000 ns. The low variation of
ranging delay over the dynamic range can be attributed to the voltage limiting networks in
the ranging channel. The somewhat higher values on variation over the temperature range
were due to slight offsets of the bandpass filters influenced by the temperature, leading to
different phase delays for different temperatures.

The ranging channel frequency response was flat to within 1 dB until 1.5 MHz, and
beyond that frequency falling off at a slope of more than 5 dB/octave. Therefore the
transponder can be employed for nearly all kinds of ranging systems, e.g. GRARR, ESRO
tone ranging, PN ranging systems, Apollo and Mariner ranging systems.

Formerly investigations with regard to spurious signal suppression during ranging
operation were effected with the JPL continuous spectrum (PN) ranging system in mind.
However, in the midphase of the project it was decided to switch over to the JPL discrete
spectrum ranging system due to improved correlation performance. This multi-component,
single-correlator system utilizes squarewave signals instead of tones. Their (fundamental)



frequency is derived from the carrier frequency. The spectrum is rich in harmonics. Due to
doppler effects, one of these frequencies can fall in the command or telemetry channel, or
can be near the downlink carrier, thus interfering with command or telemetry
demodulation, or interfering with the carrier tracking by the receiver. Therefore
investigations are necessary, taking into account the following variable parameters:

1. the command and telemetry channel bandwidth

2. the carrier loop bandwidth

3. the command and telemetry subcarrier frequencies

4. the maximum number of operational waveforms which form the composite ranging
signal

5. the maximum doppler offset and doppler rates, positive as well as negative.

A computerized investigation performed for the Helios project did uncover one possibility
of interference, i.e. at an instantaneous doppler of 2.9777 km/s and zero doppler rate a line
exists at 32283 Hz at a level of -24 dB. As this line is near enough to the telemetry
subcarrier frequency of 32768 Hz, and 3 dB above the non-interference level, it will cause
interference in the telemetry subcarrier synchronizer. In this case ranging operation will be
discontinued when the instantaneous doppler attains the corresponding value. Doppler
predictions are obtained from the mission profile.

Conclusions.   The coherent ranging transponder presented in this paper contains
redundant active receiver chains and redundant transmitters, capable of operating in one of
three output power modes, 0.5, 10 and 20 W. The transmitter power efficiency is 31 % at
21.6 W output power. Rise/fall times of the telemetry subcarrier are limited to 0.5 % of the
subcarrier period, or 140 ns.

The dynamic range of the receiver is 85 dB for tracking, and more than 70 dB for
command operation. The performance variations over the temperature range of -10 to
+40EC could be held to low values due to extensive use of integrated circuits.
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THE ANTENNA SYSTEM OF THE HELIOS SOLAR PROBE1

L. HORWATH, B. LIESEKÖTTER, G. TYMANN
Messerschmitt-Boelkow-Blohm GmbH.

Summary.    For the Helios solar probe a complete antenna system was developed and
manufactured which is suitable for the various mission requirements, as near earth phase
varying aspect angles, close sun flyby and maximum distance of 3,0 . 108 km with spin
axis orientation perpendicular to the ecliptic.

The near earth phase requirements were covered by a low gain antenna system with an
isotropic radiation pattern. After the rough orientation of the spin axis a medium gain
antenna with an omnidirectional radiation pattern will be used. After final orientation of the
spin axis perpendicular to the ecliptic plane a high gain antenna with a despun wire grid
reflector will be used for the telemetry link. By switching devices and/or hardwire
connections the antenna systems are partly redundant in order to get the required high
reliability. The maximum operating temperature range of the antenna system is + 200E
to - 200EC.

Introduction.   The Helios mission profile reqires an exceptional antenna system
performance which makes it necessary last not least also for redundancy reasons to use
three antennas. The wide operating temperature range of -200E to + 200E C, the avoidance
of too high solar pressure and the requirement that all antennas have to be mechanically
self-supporting have influenced the antenna design to a high extent. [1]

The coverage of the antenna surface by second surface mirrors, the design of the antenna
reflector as grid wire reflector, the choice of slot radiators and the avoidance of synthetic
material were the consequence of the above requirements.

Because of the requirements of the antenna system during the various mission phases and
out of reliability reasons three antenna systems were chosen, which can be switched by
telecommand according to the mission requirements.

For the near earth phase, where the aspect angles to the earth stations vary in a wide range,
an antenna with a nearly isotropic pattern was designed. Beginning with the reorientation
phase II an antenna, radiating in the s/c equator plane omnidirectionally was chosen. For
the far distance a high gain reflector antenna with a linear feeder and despin mechanism for



the reflector was necessary, to allow 2048 bps datastream at 2 AU distance. The isotropic
and the omnidirectional antenna are each hardwire connected to a command receiver, the
high gain antenna is only used for telemetry connection. High gain antenna and
omnidirectional antenna are redundant for the telemetry link, however a reduction of bit
rate must be suffered if the despin mechanism of the high gain antenna fails and the
omnidirectional one is used.

Design of the antenna system.   A special antenna system, shown in fig.1, was necessary
for the different requirements during the mission of the Helios solar probe. The frequencies
of the Helios are 2.297 GHz for the transmitter and 2.115 GHz for the receiver.

The orbit of the Helios solar probe is shown in fig.2 for a fixed earth sun line versus the
time after launch. The orbit is in the ecliptic and the spin axis of the space craft is
orthogonal to the ecliptic. During the mission the solar probe approachs the sun to a
distance of 0.3 AU ( 1 AU = 1,495.105 km) and goes away to a maximum distance to the
earth of 2 AU. In the study phase it was planned a minimum distance to the sun of 0,25
AU so that the antennas are designed for this value. From the launch to the distance of
approximately 2.105 km the alignment of the spin axis is not perpendicular to the ecliptic
plane.

The solarintensity at 0.25 AU is 16 solarconstants. This means a temperature of + 500E C
for polished aluminium and + 200E C for aluminium coated with-second surface mirrors.
The temperature at the maximum distance is -200E C. By these mission parameters the
requirements for the development are determined. After the first rough estimates it was
shown that the telemetry link from the space craft to the earth is very critical, because the
power of the transmitter is only 20 W and/or 10 W for low sun intensity. The required
maximum bitrate is 4096 bit per second. This requires a telemetry antenna with a gain of
23 dBi taking into account the available ground stations. Such a high gain antenna (HGA)
can be realized only by a reflector antenna, because of the spin stabilized spacecraft, the
reflector has to be despun from the spacecraft. The despin drive assembly is a critical point
for the reliability of the high gain antenna.

An additional requirement for the reorientation phase of the spacecraft was a medium gain
antenna (MGA) with a minimum gain variation in the equatorial plane. The shape of the
main lobe of this antenna shall be used as a backup information about the spin axis
orientation during the reorientation manouvres. Further this antenna will be used as a spare
antenna for the data link with reduced bitrate if the high gain antenna fails, and for the
command reception during the normal mission of the solar probe.

In the first time when the spacecraft is not aligned, a third antenna with nearly isotropic
radiation pattern is required. This low gain antenna (LGA) also can be used as spare



antenna for command reception, so that the high gain antenna could be designed only for
the transmit frequency.

The Low Gain Antenna.   A low gain antenna with quasi-isotropic radiation pattern is
difficult to realize on a spacecraft with large dimensions (about 20 wavelengths in
diameter, height about 30 wavelengths including antenna system). The design of the LGA
met the specified quasi-isotropic radiation without any switching of antennas in the
spacecraft.

The antenna consists of a dipole antenna positioned in the spin axis at the top of the
antenna boom and of a horn antenna fixed at the underside of the spacecraft and radiating
in the-Z-direction of the spin axis (fig.1). The interferences resulting from the spacing
between both radiators can be considerably minimized by a special selection of the dipole
and, in particular, of the horn radiator.

A horn antenna with a circular aperture of 1.3 to 1.4 wavelengths in diameter fed by a
linearly polarized wave (TE 11) exhibits in the plane parallel to the E-vector a 3 dB-
beamwidth of approximately 40 deg. and in the perpendicular plane 46 deg. Differences in
the order of magnitude of 10 dB occur between the two radiation patterns at an angle of
50E from. the main radiation direction.

When this horn antenna is fed with a circular polarized TE11 wave, it shows circular
polarization in its main radiation direction, whilst in the directions with increasing angles
from the main direction the polarization becomes more elliptical. The degree of ellipticity
will be at about 50E to 60E from the main radiation direction 10 dB.

The dipole radiation will intersect the horn radiation in the angle region 2 = 130-140E eg.
40 to 50 deg. from the horn boresight ( 2=0E at dipole; coordinate system according to
IRIG-Standard). The polarization of the dipole radiation is orthogonal to the major
component of the elliptically polarized horn radiation; for this reason the dipole radiation
can only interfere with the smaller part of the horn radiation. In order to compensate the
difference in gain between dipole and horn, the two radiators are connected with an
adequate powersplitter.

For a more detailed information about the principle of the low gain antenna and first
experimental studies see [2].

By reason of an easy lightweight construction on the one hand and the moderate input
impedance response at length variations of the dipole (pattern shaping) on the other, a
biconical dipole was chosen. It is supported by its coaxial feed line, which is mounted on
the top of the antenna boom (fig.3). In the coaxial feed line between mounting flange and



feed point there is a matching zone for the radiator. The total weight of the dipole,
including flange and thermal coating, is 130 g.

To realize a lightweight and compact horn radiator with the proposed radiation
characteristic a circular waveguide section with about 90 mm in diameter and 200 mm in
length is excited by a helix. This helix is a photo-etched copper strip on a thin glassfiber
tube, which is mounted on a stripline-sandwich-plate at the one end of the waveguide. The
stripline-triplate contains a matching section between the helix feed point and the horn
antenna connector, and in addition a 10 dB-directional coupler with a separate output
connector. The triplate serves additionally as a short circuit for the horn antenna. In the
circular waveguide there are two capacitive loading section on opposite sides, which on
the one hand improves the axial ratio of the horn and on the other hand the impedance
matching. The following conical part was designed to shape the radiation pattern in the
perpendicular planes as mentioned above.

With the conical part the horn antenna has a length of 400 mm and an aperture diameter of
200 mm. Around the aperture there is a choke to obtain a sufficient back lobe level.

The horn was machined out of one piece of aluminium and then grown thin at several areas
by etching. So the total weight of this horn antenna only amounts to 530 g, see fig.4.

The powersplitter is a stripline triplate device with a power split ratio of about 1 : 4
between dipole and horn. This ratio considers not only the difference in the gains but also
the different cable attenuations to the horn and the dipole antenna.

The low gain antenna system requires a large distance for radiation pattern measurements
because of the great dimensions of the spacecraft and the separation of the two low gain
radiators. The pattern shows a good compliance with the specified values (see fig.5). In the
pattern the influence of the polygonal spacecraft structure is visible. It can be seen that,
with a proper switch over of the linear polarization on the telemetry ground-station
antenna, good quasi-isotropic radiation patterns are feasible even with spacecraft
structures of very great dimensions. (see also [3])

The Medium Gain Antenna.   The Medium Gain Antenna is integrated into the HELIOS
antenna boom between the HGA and the LGA dipole. The requirements for this vertical
polarized omnidirectional antenna are very tight due to thermal and mechanical stress,
circularity of radiation and bandwidth.To meet the specified requirements the best solution
was the application of a collinear dipole array, as was shown by a thorough investigation.
[4]



With 10 dipole elements the antenna has a gain of about 9 dB in the equatorial plane over
a 10 % frequency band. In this plane the radiation pattern has a circular symmetry with a
deviation from circularity of no more than ± 0.3 dB. Because of high temperatures it is
very critical to use dielectric materials. So the antenna was constructed completely out of
aluminium without any dielectric materials.

The dipole cylinders are arranged around a tube, which is the supporting structure of the
array and the outer, conductor of the coaxial feed system (fig.6). The inner conductor of
this coaxial system has to allow feedthrough of the LGA and the MGA coaxial feeding
cables, the latter because the feed point of the MGA is placed in the center of the array.

One dipole element consists of two cylinders 0.2 wavelength long and about 0.6
wavelength in diameter at medium frequency. To get a better electrical performance and a
rugged construction, the two cylinders of each dipole element are connected at four points.
So the circumferential slot is subdivided into four single slots each of them less than a half
wavelength long. The slots are excited by three-wire lines, so that a sufficient broadband
impedance matching can be achieved. This balanced feed is simple in mechanical design,
meets the severe thermal requirements, as no dielectrical material is needed.

The rugged outer lines of these three-wire baluns which are fixed on the supporting tube of
the array, are a good mechanical support for the dipole elements. The center lines are the
exciting probes. They are fastened directly to the inner conductor of the array providing an
additional support.

In axial direction the coupling probes of the collinear dipoles are excited at a distance of
half a wavelength by the TEM-mode which only is existent in the coaxial feed system of
the antenna array, e.g. that succeeding dipoles would radiate in phase opposition. To get
an equal phase excitation, succeeding dipoles and the appropriate three-wire lines have to
be turned 180 degrees to each other.

If the system is fed at one end of the array, the radiation will be a maximum in the
equatorial plane only at the medium frequency, for which the distance between two
coupling planes is exactly half a wavelength. At lower frequencies there is a deviation of
maximum radiation in direction to the feed point, at higher frequencies a deviation of
radiation in opposite direction. Beside this effect, the input impedance is very low and
herewith a broadband matching very difficult. In order to get the required 10 % bandwidth
the antenna has to be fed at the center of the array.

A broadband feed system is attainable if the two halfes of the array are connected over an
inverse T-connection to the coaxial feed line inside the inner conductor of the feed system.
In this case the feed point is located in the center of array and the resulting maximum of



radiation lies in the equatorial plane not only at medium frequency but at lower and higher
frequencies also, because the frequency dependent beam tilting is compensated.

Moreover this kind of feeding has an important mechanical advantage. The coaxial feed
system has to be terminated by a short circuit about a quarter wavelength behind the last
coupling plane. So with the feed point in the center of the array there has to be a metallic
connection between inner and outer conductor at both ends. This allows a very rugged
mechanical arrangement.

The connection of the two halfes of array has to be performed at a point which has a high
input resistance. Seen from the feed section this point lies about 0.25 or 0.75 wavelength
before the first coupling planes, which exhibits low resistance. The distance between the
first coupling planes is than 0.5 respectively 1.5 wavelength. By reason of an easy
installing procedure of feed cable and the suppression of higher order modes excited by the
asymmetric feed within the center section of the array a distance of 1.5 wavelength was
chosen.

A distance of one wavelength between the coupling planes next the feed point would be
advantageous in relation to the radiation pattern, but impedance matching would be
difficult, because the low resistance of their coupling planes would be transformed to the
feed point. Meanwhile a solution is found to reduce the distance of the coupling planes at
the array center to about half a wavelength.

A fast and reliable mounting of the feeding cable was possible by the development of a
center feed device, which is accessible from the outside of the array (fig.7). By this device
the inner and outer conductor of the array and of the feeding cable are connected by
screws. This feed allows an adjustment for impedance matching.

An optimum broadband impedance matching has been attained by employment of
dumbbell slots for excitement of the dipole elements and by application of a constant
characteristic impedance of 28S for the coaxial feed system. With this value the inner
conductor has a diameter of about 0.2 wavelength, big enough to insert two coaxial lines.

For the flight unit the specified frequency bands from 2.11 to 2.12 GHz and from 2.29 to
2.30 GHz have been optimized so that within the specified temperature range the SWR
was smaller than 1.5. Fig.8 shows the radiation pattern measured at 2.115 GHz. The
relative high sidelobes don’t affect the proper performance of the antenna. They are caused
by the large spacing of the radiators at the array center.

The antenna is covered by a second surface mirror to protect it against solar heat impact.
(fig.9) The length of the antenna is 1 meter and the weight is 1150 9. With this antenna all



specified requirements have been fulfilled and partly exceeded. The principle of the
antenna is applicable not only for this special mission but in a wide field of commercial
application.

The High Gain Antenna.   The requirements for the High Gain Antenna [5] (HGA) are
very tight due to mechanical and thermal stress and antenna gain. For the required antenna
gain of 23 dBi a spot beam antenna was necessary. The antenna was designed as parabolic
reflector antenna with a line feed. Because of the spinstabilized spacecraft the reflector has
to be despun against the spacecraft rotation, so that the antenna boresight points always to
the ground station. In fig.1 it is shown that above the HGA, the MGA and the LGA-dipole
are mounted, which results in extraordinary mechanical requirements.

The line feed of the parabola was therefore chosen as a tube with the greatest possible
diameter and slot radiators of minimum size, in order not to weaken the mechanical
stiffness. For a better stability of the solar probe the height of the antenna was limited.

So the dimensions of the reflector were limited to a height of 600 mm and a width of 1100
mm. The focal length for the reflector was chosen to be 220 mm. In connection with a
subreflector the necessary fieldstrength distribution could be achieved. The polarization of
the high gain antenna is linear parallel to the spin axis, so wire grid reflectors could be
used to minimize the solar pressure and the heat radiation into the spacecraft.

Because the feeder of the HGA must support the whole antenna boom, the supporting tube
of the feeder was limited to a minimum diameter of 70 mm. This requirement made it
necessary to find an antenna design, where the antenna structure is part and/or included in
the supporting tube. A coaxial slot array [6] was found to be the best solution. This means
the supporting tube is used as the outer conductor of a coaxial line interrupted by four
horizontal slots at defined planes. The slot array will be fed from one side and the coaxial
feed system has to be terminated by a short circuit about a quarter wavelength behind the
last slot plane.

Realization   The diameter and the wall thickness of the outer conductor of the coaxial slot
array are determined by mechanical requirements. The diameter of the inner conductor of
the coaxial feed line is limited in its diameter so that only the TEM mode is existent and
the two RF-cables (type UT 250)for the LGA and MGA can be led through the inner
conductor.

As radiating elements horizontal slots are cut into the vertical outer coaxial conductor thus
exciting a vertical polarized electric field by in terrupting the vertical currents flowing in
the coaxial line. The phase of the currents in the wall is opposite after every half
wavelength. To get an equal phase excitation of the slots in the vertical line the distance



between two slot planes must be one wavelength. This required distance is not the
optimum for the radiation pattern of a collinear array, the optimal distance is about 0.8
wavelength. For an equal phase excitation at a slot plane distance of 0.8 wavelength a
coaxial line with a greater phase delay was necessary. Because of the high temperature
stress the use of dielectric synthetic material was not applicable.In this case a corrugated
innerconductor [7] was used with a delay as to get for 0.8 wavelength slot distances equal
phase distribution.

The slot dimensions are also limited by mechanical requirements. The permitted maximum
length was 30 mm which is about 0.23 wavelength, so that the use of dumbbell slots is
necessary. During the measurements on a single slot plane consisting of four symmetrical
slots, it was shown, that if the hole at the ends of the dumbbell slot is given with a
maximum diameter of 10 mm because of mechanical requirements, the slot width itself
must be 0.5 mm. The required accuracy was figured out to be 0.01 mm. This accuracy
could only be achieved by special spark eroding methods.

With a special developped nearfield measurement equipment the manufacturing accuracy
was controlled by measuring the equality of amplitude and phase of every slot. By this
detailed analyses with the nearfield measuring method the above mentioned minimum
tolerance of 0.01mm the slot width was demonstrated.

The feeding system positioned at the lower array side, was fully separately developped
from the slot array. At the beginning inductance couplings with loops similar to the
coupling of cavity resonators were examined. But these coupling devices exited partly
higher order modes which were capable of existence on the whole coaxial line. It was
developped a feeding system with a smaller outer conductor diameter excited by a probe
galvanically connected to the inner conductor. At a distance of about a half wavelength
from the probe the outer conductor expands to the normal diameter. By this method the
suppression of higher order modes was achieved.

A overall drawing of the HGA-feeder is shown in fig.10. Fig.11 shows a photograph of the
prototype model, which exhibits the dismantled inner conductor with feeding section in the
foreground.

The outer dimensions and the focal length of the reflector were determined in the first
study phase for the best achievable fieldstrength distribution on the reflector. The
subreflector was optimized in course of the hardware development work.

A very critical point of the reflector were the wires, because there are calculated maximum
temperatures of about 500EC in some reflector areas. In order to keep the wires straight
the temperature expansion was compensated by spring load of the wires. Platinum rhodium



wires were found to withstand the environmental temperatures. A wire diameter of 0.2 mm
was found to be a good compromise between mechanical strength and effective reflecting
area for heat radiation and solar pressure. The spacing of the wires was chosen to be 5mm
in order to get the penetrating energy 20 dB below the one reflected at the grid surface.

With this antenna all specified requirements of the Helios solar probe were fulfilled. In
fig. 12 and fig. 13 the radiation pattern of the HGA are shown. These diagrams were
measured when the high gain antenna were monted on Helios metal mock up The reached
frequency range was 2.295GHz 10MHz for the required VSWR 1.5 by 20EC.

Spezial tests   For the extreme requirements on the Helios antenna system made necessary
some spezial tests for qualification. The VSWR must be measured over the required
temperature range. For these measurements only a metal thermal chamber was available
which exhibits naturally considerable reflections. Nevertheless the results of these tests
give a good idea of the antenna performance during temperature impact. The high gain
antenna feeder was additional tested versus the temperature in a free space tests. In this
test the feeder was heated by infra red radiators, which were removed after heating up.
The radiated power was measured during temperature decrease.

The antenna patterns were measured in the MBB antenna test range. For these
measurements a Helios metal mock up was manufactured with all details. Fig.15 shows a
photograph of the MGA and HGA prototype during the functional performance tests in the
anechoice chamber. During these tests the radiation pattern and the gain of both antennas
were measured. For the omnidirectional medium gain antenna, the boresight error of the
main beam in reference to the S/C spin axis was measured for all angles of 0. The mean
value was calculated to be 0.1deg. This accuracy is tolerable for the use of this antenna as
backup information about the alignment of the S/C axis during reorientation manoeuvre II.
The radiation pattern of the nearly isotropic low gain antenna was measured when the
space craft was mounted in the anechoice chamber in a horizotal position on a special
turning device enabling rotation in both axis so the field strength and phase distribution
over the whole solid angle could be measured.

Environmental tests on subsystem level were performed in the MBB test facilities. Fig.14
shows a photograph of the whole antenna boom mounted on the shaker at the MBB test
facility during the vibration tests of the prototype antennas.

Conclusion   It could be shown by the above described antenna system, that by senseful
combination of various antenna types even almost contra dictated requirements e. g.
isotropic radiation pattern and high gain could be met for the Helios solar probe.



The combination of three antennas forming a self supporting antenna boom meets all
requirements of the mission due to radiation patterns and redundancy, how ever in case the
redundant antenna is used reduction of the bit rate must be suffered. All antennas can be
switched to the onboard transmitter, whilst the two command receivers are hardwire
connected to the low and medium gain antenna.

The application of the antennas are not limited to the used frequency band and to space
craft application. Mainly the medium gain antenna seems to be applicable for commercial
purposes because to its rugged self supporting construction. The possibility of beam tilting
of this antenna is researched at the moment at MBB.
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Fig.2-Orbit of the HELIOS solarprobe for a
fixed earth sun line.

Fig.1-HELIOS-Antenna configuration

Fig.4 -LGA-hornantenna

Fig.3 LGA-dipole



Fig.5-Radiation pattern of the LGA

Fig.6-Pinciple of the
MGA collinear array

Fig.7-Center feed device of the MGA
Fig.8-Radiation pattern of the MGA
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Fig.9-Prototype model of the MGA



Fig.10-Overall drawing of the high gain antenna feeder

Fig.11-Prototype model of the high gain antenna
with dismantled inner conductor

Fig.12 -Elevation pattern of the HGA Fig.13-Azimuth pattern of the HGA



Fig.14-Antenna boom during Fig.15-Helios antenna model
vibration tests with HGA and MGA in the

anachoice chamber



THE TECHNICAL CHARACTERISTICS OF THE GERMAN
TELECOMMAND STATION FOR DEEP SPACE

H. ÖTTL and H. HOLL
Institut für Flugfunk und Mikrowellen, DFVLR, Germany.

Summary.   The technical description of the Telecommand Station is based on the results
of the final subsystem tests. Some outstanding results are illustrated by measured
diagrams.

The design of some station systems differs from those of the well known DSN stations.
Presently, the station is equipped for command purposes only. Nevertheless, the station
concept is such that a full-fledged deep space station can be achieved with a few additions,
such as receiving and ranging equipment.

1.   Introduction.   At the ITC 1972 [1] we gave a synopsis of the German Telecommand
Station based on our specifications and design work. At that time the construction of the
station had just started 30 miles south west of Munich. Meanwhile, the station has been
completed. All subsystems have been tested and the station is integrated, so operation may
start.

The task of the paper is to describe some of the results achieved. In the oral presentation
some additional information will be given, based on measurements made in the period after
submission of the paper.

2.   Overall Description of Operation.   Operation comprises three main functions:
antenna pointing, command generation and transmission to the spacecraft.

There are of course other aspects such as station control, station monitoring and message
exchange with Mission Control, but these have been sufficiently covered in [1] and will
not be a topic of this paper. In the simplified block diagram of fig. 1, monitor and
verification loops have been omitted.

As seen in fig. 1, the data for antenna pointing are computed in the station processor. The
computed sets of the angles " (azimuth) and , (elevation), the velocities                  , and
the accelerations                      are fed every 100 ms to the servo electronics for the
pedestal drives.



For the polarizer drive system, angle information is only needed at 1 sec intervals, if linear
polarisation is in use. The polarizer can be switched for left-hand or right-hand circular
polarisation too.

The command bits are generated in the computer. The subcarrier of the command
modulator unit is keyed ± 90E corresponding to the command bits. After phase-shift
keying, the subcarrier is fed to the exciter, which gets its carrier from a synthesizer. This
carrier, at approximately 44 MHz, is phase modulated by the subcarrier, multiplied into the
S-band and fed into the high power amplifier. There it is amplified up to 20 kW and then
radiated via the antenna toward the spacecraft.

3.   Technical Description of the Station - some results achieved.

3.1   Antenna-and-Pedestal.   The antenna (fig.2) is a corrected Cassegrain system fed by
a near field horn. The subreflector (diameter = 4 m) has been shaped in such a way that the
amplitude distribution across the aperture is toroidal [2] i.e. the amplitude has a maximum
half way along the main dish radius and tapers towards the subreflector edge and the main
dish edge. The main dish (diameter = 30 m) is rather deep (7,7 m) and deviates in its shape
from a paraboloid to obtain a plane wavefront. The amplitude distribution has been chosen
to optimize the antenna for sidelobe suppression rather than maximum gain.

With a scaled down antenna model of 2 m diameter the pattern of fig. 3 was achieved. The
measured gain is approx. 53 dB. The pattern of the full size antenna will be measured in
June and July 1974.

The mechanical deviation from the ideal dish shape is a function of the elevation angle.
The panels have been adjusted to minimize the rms value of this deviation at 45E elevation.
Fig. 4 shows the rms value versus elevation.

The elevation over azimuth pedestal is a stiff construction having the lowest resonance
frequencies at 3.5 Hz in azimuth and 2.5 Hz in elevation [3]. Its SCR drive system allows
pointing of the mechanical axes with an accuracy of 0.001E. Deviations between the
mechanical and electrical axes are compensated for in the computer.

The speed range is 0.0015E/sec to 1.5E/sec in azimuth and 0.001E/sec to 1.0E/sec in
elevation. A pointing error occurs, if the pedestal accelerates. The magnitude of this
pointing error is shown in fig.5. Although it should be mentioned that the accelerations
shown only occur for near earth spacecraft and never for deep spaceprobes.



3.2   Command-Modulator-Unit.   The main task of the command modulator unit is to
phase-shift key the subcarrier with the pattern of command bits arriving from the
computer.

The measured frequency range of the subcarrier goes from 80 Hz to 110 kHz in steps of
0.01 Hz, computer controlled, or 0.001 Hz, manually controlled. The rms-value of phase
jitter is less than 0.003 rad. Frequency stability of the internal quartz is <10-8 /day.

The output voltage can be adjusted from 1/16 of maximum 255/256 in steps of 1/256. The
measured deviation from linear is less than 0.5% of maximum output. Voltage stability
measurements over 24 h showed an error of <0.35%.

Command bit rates from 1 Hz to 1 kHz are acceptable. For the HELIOS mission a bit rate
of 8 Hz is used.

3.3   Exciter-Subsystem and Reference-Receiver.   The exciter receives as input carrier
from a synthesizer a frequency of approx. 44 MHz. This frequency can be changed
manually or by computer down to microhertz steps, without phase transients.

The carrier is phase modulated by the subcarrier and multiplied 48 times. This S-band
carrier is then amplified to 34,5 dBm for a frequency range of 2.11 GHz to 2.12 GHz. The
receiver has a threshold sensitivity of -143 dBm and a dynamic range of 70 dB. Phase lock
bandwidths of 3 Hz, 12 Hz, 48 Hz and 152 Hz can be selected.

The receiver is used for the measurement of phase jitter, modulation index and carrier
frequency of the exciter signal. The mentioned sensitivity and dynamic range are not
absolutely necessary, but are available since the reference receiver is a modified telemetry
receiver.

Exciter and receiver use the same kind of digitally controlled synthesizer and can therefore
perform any programmed frequency sweep function. The measured phase jitter depends on
signal level, loop bandwidth, performance of synthesizer etc..

Exciter and reference receiver together have a phase jitter of less than 4E rms under strong
signal conditions. The measured linearity for phase modulations was <1%, up to 2.4 rad (at
S-band).

3.4   High Power Amplifier.   The high power klystron has an adjustable output from
2 kW up to 24 kW in the frequency range from 2.11 GHz to 2.12 GHz.



Its high voltage power supply is SCR-controlled. The measured short term phase stability
between input and output of the klystron is <± 0.25E, which shows the quality of the
power supply.

The whole amplifier including power supply and cooling equipment is housed in one of the
two azimuth huts. This solution was chosen to permit easy maintenance and to avoid
trouble with cooling equipment during the cold Bavarian winter. An elliptical waveguide is
used to transport the RF-power from the amplifier to the polarizer in the elevation hut.
Taking the losses of the waveguide switch, waveguide and polarizer into account, a
maximum power of 20 kW is available at the antenna feed point.

3.5.   Time-and-Frequency Standard.   For the station, a Caesium atomic clock as a
primary time and frequency standard has been chosen. Typical short-term stability is 10-11.

3.6   Station computer   The hardware of the station computer consists of two central
processing units and extensive standard and process peripherals.

Its main task is to control and monitor the whole station. At the moment, the software for
command handling and antenna steering is complete. The programming for data exchange
with Mission Control via high speed data line and for station configuration has still to be
finished.

4.   Conclusion.   At the ITC 1972 and here we have described the German Telecommand
Station. Whereas the concept based on our planning work still corresponds to the
description of 1972, quite a number of subsystems perform better than originally expected.

Some are quoted below: Mechanical accuracy of dish shape, pointing error and gain of
antenna have been improved. Speed range and mechanical stiffness of the pedestal permit
the use of the station even for earth satellites. RF power of the amplifier can be varied
within 10 dB. Phase jitter, due to the high voltage power supply is negligible. For the
engineer familiar with ground stations it might be of interest to note that SCR’s are used in
the pedestal drive system as well as in the high voltage power supply.

The purpose of the figures given is to illustrate the performance of a station, which can be
considered an example of the latest state of ground station technology.
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Fig. 1  SIMPLIFIED BLOCK DIAGRAM OF COMMAND STATION



Fig. 2 ANTENNA AND PEDESTAL OF THE TELECOMMAND
STATION. 
The polarizer is housed in the elevation hut, and the high power amplifier
in the right-hand azimuth hut.
The electronics for the drive system are located in the concrete basement.



Fig. 3 CENTRAL AZIMUTH PATTERN AND AN AZIMUTH
SECTION 8E BELOW THE MAIN BEAM
(The measurements were made by Siemens A.G., Munich)

Fig. 4 RMS-VALUE of mechanical deviation from theoretical
contour of main dish vs elevation angle.



Fig. 5 POINTING ERROR (mechanical)
due to angular acceleration over a speed range from 0 to 90 percent maximum
speed in azimuth and elevation. For comparison: 3 db beamwidth of antenna
pattern main lobe is approx. 0.3E at S-band (2115 MHz).



GERMAN TELECOMMAND STATION-THE DYNAMIC
BEHAVIOUR OF THE STEEL STRUCTURE AND ITS

DRIVE AND CONTROL SYSTEM
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R. W. SCHWARZ
Siemens AG, Unternehmensbereich Energietechnik.

Summary.   The mechanical equipment and steel structure of large antennas represents a
vibratory system made up of very many elastically coupled masses. Together with the
drive control equipment, this complex system has to meet certain requirements with regard
to pointing accuracy, turning range, turning speed, and acceleration. Prior knowledge of
the dynamic behaviour of the whole control loop is essential to avoid unpleasant surprises
at the commissioning stage.

1.   Introduction.   In the case of the German Telecommand Station mathematical models
were developed to allow calculation of the eigenfrequencies and mode shapes of the
antenna. Mathematical models were also used to provide the basis for the design and to
simulate the drive control mechanism. With the aid of investigations using analogue and
digital computers, a kinematically optimal control concept and antenna design was found
by varying the control parameters and the model structure.

The paper describes the model studies and the drive and control systems. In the oral
presentation some additional information will be given based on evaluations which will be
completed in the period after submission of the paper.

2.   Dynamic Equations and the Vibration Behaviour of the Mechanical Structure.  
The mechanical part of the antenna consists of the steel structure and the gears and drive
motors for positioning the antenna in elevation and azimuth. In order to mathematically
describe the dynamic behaviour, the whole complex entity must be formally represented by
a spring-mass system. Formalized in this way however, the characteristic properties of the
structure’s behaviour must not be obscured.

Assuming that the structure is formally represented as a combination of point masses and
spring elements, each point has a maximum of six degrees of freedom in space, i.e., three
in translation and three in rotation. The equations for determining the eigenfrequencies are:



Mẍ + Cx = 0

Where M is the mass matrix
C is the stiffness matrix
x is the vector of the degrees of freedom

The eigenfrequencies and mode shapes of the spatial elevation-azimuth model were
calculated for a total of 61 degrees of freedom. But in the further studies, especially for the
simulation of control behaviour, the number of equations had to be reduced. However, it
was apparent from the vibration modes that azimuth and elevation vibrations are largely
decoupled. It was thus possible to simplify matters by using two decoupled models, i.e.,
one for azimuth and one for elevation, at the same time reducing the degrees of freedom of
these subsystems.The simplified models for azimuth and elevation each contain only 12
degrees of freedom.

Nonlinearities play a part in the simulation of control behaviour, e.g., friction in the
bearings, and backlash and friction in the gears. The linear system of equations used to
determine the eigenfrequencies therefore has to be expanded to take account of nonlinear
terms. Attention also has to be given to the damping ratio of the structure.

The equations which describe the dynamic behaviour of the structure (i.e., the controlled
system) are therefore:

Where D is the damping matrix,
N is the matrix containing the nonlinear terms in x and x0
R is the vector of external forces including drive moments and wind force.

3.   Simulation of the Control System.   A control concept of the kind in Fig. 1 served as
the basis for the studies of the control system behaviour. ANAGOL was the program
language for the simulation with a digital computer. This language permits simulation
problems to be fed into the computer both in block-oriented notation and in algebraic
notation, thereby allowing as many nonlinear and time-variant differential equations as
required. The simulation program for the decoupled azimuth and elevation models were
each made up of approximately 400 blocks. In view of the sign functions in the system, the
Euler process was used for integration. In order to assure stable computing runs, an
integrating increment of )t = 10-4 sec had to be applied on account of the nonlinearities.

Two curves obtained from the azimuth model may serve as an example of the simulation
results. The two curves show the behaviour of the system under a load set up by a gust of



wind, where the wind speed increased from 0 to 50 km/h in 100 ms and then remained
steady. The curves in Fig. 2 show the rotational speed of the antenna and the mean speeds
of all the drive motors. Figure 3 shows the transient response to the error in angle of the
antenna from the same gust of wind. As can be seen, the antenna has kept within the
maximum allowable dip of 0.01E and after 1 second the 0 error in angle is only 0.001E.

4.   Drive and Control System.   Special d.c. motors are used to power the drive. These
are motors of excellent dynamic performance (e.g., similar to those used for feed drives on
machine tools) which have been specially adapted for this particular application. Major
characteristics of these motors are linearity between armature current and torque up to
approximately ten times the rated current of the motor, low moment of inertia of the rotor,
and low armature time constant. All motors are equipped with PTC thermistors.
Tachometer generators connected directly to the motors are used to measure speed.

The drive system is electro-mechanically tensioned to eliminate backlash in the gears and
so enable the antenna to be moved into new positions and at very low speeds without any
jerks. The drive motors for azimuth and elevation are each divided into two groups which
work against one another at different torques. The compensation of heavy gusts of wind
represents the only case in which all motors of an axis work together in the same direction
of torque.

The d.c. motors are supplied from contactless, maintenance-free thyristor static converters
for 4 quadrant operation arranged in cross-connection with circulating current.

The control system comprises a primary position control with a secondary speed control
and a subordinated current control (Fig. 4). The speeds of the individual drive motors are
used for compensating speed fluctuations of individual motors or groups of motors
(damping circuit 1). The rotational speeds of the antenna in azimuth and elevation are used
for damping vibrations in the mechanical structure (damping circuit 2).

These rotational speeds are measured with the aid of tachometer generators mounted
directly on both axes of the antenna without interposed gears. Rotary inductosyns, likewise
directly mounted, collect the position actual values in azimuth and elevation.

The reference limiter represents an additional component which was specially developed
for this application. It converts step-function position setpoints into corresponding
command values for acceleration, velocity and position with due regard to limitations
inherent in the equipment. This enables the controllers to be largely relieved of such work
in the interests of higher setting speeds. The reference limiter also adjusts the various
modes of operations (e.g., programmed computer control, manual speed and position
control, and, in a second extension phase, control via an autotracking receiver) to the



dynamic behaviour of the whole control loop. During computer operation the
discontinuous input of position setpoints is converted into continuous input.

5.   Some Results achieved.   Extensive acceptance tests were made upon completion of
the antenna, which was found to comply fully with all points of the specification.

A few figures will serve to show the kinematic characteristics of the antenna:

Lowest eigenfrequency in azimuth : 3.5 Hz
in elevation : 2.5 Hz

Speed range in azimuth : 0.0015E/sec
(jerk-free drive) to 1.5E/sec

in elevation : 0.001E /sec
to 1.0E/sec

Pointing accuracy in azimuth : 0.001E
in elevation : 0.001E

6.   Conclusion.   The development of the German Telecommand Station Antenna has
demonstrated the enormous advantages of very close cooperation between the
manufacturers of the mechanical part of the equipment and the manufacturers of its drive
and control systems. Valuable knowledge relating to the design and construction of the
antenna and its drive and control systems was gained very early in the planning stage with
the aid of model studies and simulations. The completed plant has fully satisfied all
expectations.



Fig. 1   Control concept

Fig. 2   Changes in antenna rotational speed and in the mean rotational speed of all
drive motors resulting from compensation of a gust of wind



Fig. 3  Transient response to the error in angle of the antenna in
compensating a gust of wind



Fig. 4  Schematic diagramm of control system and actual value formation



AN S-BAND TELEMETRY RECEIVER SYSTEM FOR
DEEP SPACE APPLICATIONS
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Summary.    To receive the transmitted signals from the HELIOS space probe a S-band
telemetry receiver system was built. Of this system the S-band telemetry receivers and the
subcarrier demodulators are described. Measured values are presented. The S-band
receiver includes a digitally implemented phase-locked-loop. Polarization tracking is
possible in a two channel mode as well as in a single channel mode. In the subcarrier
demodulator the subcarrier is demodulated before demodulating the RF-carrier. Good
noise thresholds and low degradation is reached because remodulation is used in the
subcarrier loop. The equipment works in a fully computer controlled station, this includes
all aquisition procedures.

Introduction.    For the Helios-mission a telemetry receiver system for S-band signals
between 2290 ÷ 2300 MHz is needed for the ground segment. The signals transmitted by
the space probe are PCM-PSK-PM modulated. For the reception of this signal a RF-carrier
as well as a subcarrier demodulation has to be performed. Therefore the S-band receiver is
a coherent super-heterodyne receiver which provides the subcarrier demodulator with a
wide-band IF-signal together with a phase-coherent reference. After subcarrier
demodulation the analogue baseband signal (NRZ-data and additive thermal noise) is
transferred to the symbol synchronizer.

During the Helios-Mission the 100 m radiotelescope in Effelsberg (Germany) will be used
for telemetry reception. For future Deep Space Missions this will be scarcely possible.
According to this the complete receiving station was built into a container with exception
to those parts which had to be mounted in the apex cabine of the antenna. Therefore the
separate parts of the equipment had to be built in compact blocks.

Apart from mission-specific requirements it was obvious that the equipment should be built
to suit all future mission requirements as for as possible. So this equipment is in several
points similar to the JPL-Block IV equipment [1]. So it is possible to upgrade the system
for X-bandreception and also with instrumentation for Doppler and range measurement.
The major demand for the system was fully automatic computer-controlled performance
and also the possibility for easy maintenance [2].



Receiver System.   The telemetry receiver system, Fig. 1. is used to receive linear or
circular polarized waves in the frequency band from 2290 to 2300 MHz and is designed
for the demodulation of PCM-PSK-PM modulated signals.

For polarization tracking a two-channel receiver is used, the inputs of which are connected
via MASERs with the two outputs of the Ortho-Mode-Transducer (OMT) of the polarizer.
The RF-polarizer consists of two “ Quarter-Wave-Plates” of which the one - when
receiving linearly polarized waves - is rotated until the signal disappears in one specific
arm of the OMT. So one gets the completely received signal power in the second arm of
the OMT. The sumchannel of the receiver is connected to this arm and provides the signal
for the receiver Phase-Locked-Loop (PLL). The error signal in the other receiver-channel
has to be demodulated coherently to provide a tracking error signal for rotating the
Quarter-Wave-Plate. This requires a fixed phase relation between both channels, which is
made more difficult as in both channels an IF-transmission on separate cables over 200 m
is included. So it is necessary that in both channels the same transferoscillator signals will
be used. To provide a high degree of redundancy and to make parts of the equipment
interchangeable instead of a two channel receiver two complete single channel receivers
are used. The built-in frequency supply of each equipment is externally connected to the
mixer inputs. When working with polarization tracking both frequency supplies are
connected with a distribution box. It supplies the mixers of both receivers with the same
signals. AGC voltage and polarization error signals are also distributed from this drawer.
Each of both receivers can equally used as polarization sum or error channel. In the case of
a failure in one receiver polarization tracking can still be maintained (accuracy then about
5E). The polarization tracking loop then works in a jitter mode. To reach this performance
the AGC provides a power level resolution of less than 0,5 dB. The S-band receivers are
equipped with Narrow-band PLL and have an AGC usable for power level measurements.
This loop can work in a coherent or incoherent mode by choise.

The subcarrier demodulators (SDA) following the telemetry receivers allow either the
demodulation of a single subcarrier - the second SDA is then redundant - or the
demodulation of a single RF-carrier modulated with two subcarriers. In the latter case one
of the two analogue baseband signals has to be recorded on tape. It can be processed “off
line” later on.

S-Band Receiver.   The S-band receiver is a superheterodyne receiver with a first IF at 74
MHz centerfrequency. In a tuned receiver a telemetry signal at an arbitrary frequency
between 2290 and 2300 MHz is downconverted into this IF so that the frequency of the
residual carrier has exactly 74 MHz. The 10 MHz wide frequency band is now
downconverted to a centerfrequency of 10 MHz. This IF-frequency was strongly requested
for compatibility reasons with the NASA Deep Space Network (DSN). In order to have
the possibility to process signals with carrier-power to noise density ratio of less than



11 dBHz bandpassfiltering with bandwidths down to about 300 Hz is necessary. This can
be achieved by using an IF-frequency of less than 1 MHz. So a third IF at 400 kHz was
introduced.

The receiver consists of the following units

Antenna unit
IF-part with frequency supply
DANA-Synthesizer 7010-S179
Digital Control Unit with PLL

In the antenna unit a third order bandpassfilter is used for the necessary selectivity. The
local oscillator for the downconversion 2295/74 MHz is generated in a high level
frequency multiplier chain (X48). The input of this device is connected via a 200 m cable
with the DANA-synthesizer working in the frequency band from 49,25 to 49.458,9 MHz.
To keep the phase uncertainties between both receiver channels down to a minimum, both
mixers are connected with a common multiplier, Fig. 3. The gain of the antenna unit is
40 dB which is sufficient to provide a noise figure of less than 8 dB for the whole receiver.

The frequency response of the connected IF-transmission cable (0,1 dB/MHz) is equalized
in the IF-part of the receiver. Then the residual carrier of the signal is adjusted to a fixed
level of -72 dBm by an AGC-amplifier. After downconversion to 10 MHz and
amplification to -55 dBm the broadband IF-signal is connected to the outputs which are
joint to the further signal processing equipment (SDA, Ranging). As C/No - ratios of less
than 11 dBHz have to be expected the dynamic range of these outputs must exceed more
than 16 dBm.

The PLL is closed over a further IF at 400 kHz with phasedetection. As the phasedetector
is preceded by a Hard-Limiter, actual loop noisebandwidths depend on the signal-to-noise
ratio at the Limiter input. To achieve the same relative widening of the loop bandwidth
dependent on the signal-to-noise ratio, for each loop bandwidth (BNLO = 1,5/6/24/76 Hz) a
specific IF-filter is used. The ratio of the 3 dB-IF-bandwidth to the loop designpoint noise
bandwidth is fixed for all bandwidths and has a value of 200. So the IF-bandwidths are
0.3/1.2/5/18 kHz. The wideband filters use coils and capacitors whereas the two narrow
band filters use a single x-tal. This results in different phase shifts at centerfrequency, so a
10 MHz reference generated by the internal frequency supply will have different phase
angles with the pertinent IF-signal when the loop bandwidths are changed.

The 5 MHz station reference frequency is used for the generation of the local oscillator
frequencies 64/9.6/0.4 MHz and 10 MHz, Fig. 3, and also for the synchronization of the
DANA-synthesizer. (This application requires an excellent short term stability and purity



of the spectrum of the 5 MHz reference apart from high long term stability.) The internally
generated 10 MHz reference is processed by a phase tracking loop to compensate for the
undetermined phase shift in the 400 kHz IF. So the 10 MHz reference output signal is
always in quadrature (within 1E) to the residual carrier of the 10 MHz IF-signal. As
already mentioned the DANA-synthesizer is used for receiver tuning. This synthesizer uses
a phasecomputer so a frequency change is executed without an undetermined phasejump.
With the Digital Control Unit the remote programming of the synthesizer can be altered
almost continuously in small steps (#10-6 Hz), so almost arbitrary frequency sweeps can be
performed. The unit has four different built-in programs:

a) triangular sweep: beginning with an initial value the frequency F is swept with the rate
*F
0* to a prescribed limit F1 and from there with the some absolute value of the rate *F

0* to
F2 and back again.

b) polygonial sweep: beginning with an initial value the frequency F is swept with the rate
*F
0

1* to the limit F1 . When reaching this limit F is changed with the rate *F
0

2* until F2 is
reached. During this interval new values for F1, *F

0
1* can be read into the Data Control

Unit, the same applies to F2, *F
0

2* when the frequency changes via F1. This program is very
useful to diminish loop stress during swing-by manoeuvres.

c) ramp sweep : beginning with an initial value the frequency F is swept via F1 with the
rate *F

0
1* or F2 with the rate *F

0
2*.

d) frequency step via F1 or F2.

DANA-synthesizer and Digital Control Unit are parts of the PLL. This loop extends over
the first, second and third downconversions to the phasedetector at 400 kHz, followed by a
digital loopfilter built into the Data Control Unit cabinet and the synthesizer.

The 400 kHz phasedetector supplies the phase error signal, which is sampled with a
frequency of 10 kHz and then converted into a 12 bit binary data word. This data stream
feeds the loopfilter which has a proportional-integral characteristic according to a perfect
second-order loop with the designpoint characteristic

The proportional part of loopfilter output is generated by multiplying the phase error with a
fixed factor prescribed by the loop bandwidth. For reasons of less expense the integrator
was not realized by using an accumulator shift register but with an up/down counter
clocked by a pulse with variable frequency. The counter is read out periodically and these



data are added to the proportional part and the output of the Digital Control Unit. The sum
controls the synthesizer.

The clock frequency of the loopfilter counter is proportional to the phase error A @ sin and
the square of the designpoint loop bandwidth BNLO . This is achieved by dividing a
16 MHz fixed frequency pulse by means of rate multipliers. The first chain with 12 stages
is programmed by the digital 12 bit phase error signal producing an unequally spaced pulse
train, the average repetition rate of which is proportional to the programming input. The
frequency is fed into a second 12 stage rate multiplier chain and is divided by
212/210/28/212:51 according to the loop bandwidths of 1.5/6/24/76 Hz. Although the DANA-
synthesizer has a frequency resolution of 10-6 Hz, a resolution of 10-4 Hz is sufficient in
this loop to guarantee a negligible phase jitter contribution. Driven by a 2.3 GHz generator
the receiver loop produces phase jitter values of less than 4E rms under thermal-noise-free
condition for all loop bandwidths.

The acquisition of phase synchronism is achieved by sweeping the receiver center-
frequency with the Digital Control Unit. The PLL is closed as soon as the frequency error
disappears. To indicate this state the phasedetector output signals A @ cos)n and
A @ sin)n are lowpass-filtered, squared, added and filtered again. In an adjacent
thresholddetector the lock criterion is produced [3].

The AGC loop can work in a coherent or a noncoherent mode by choise. The signal level
dynamic control region is 70 dB plus a 20 dB step in this region the control voltage of the
AGC amplifier shows a deviation from linearity of less than 1.5 dB when working in the
coherent mode. When working in the incoherent mode there will be a residual amplitude
modulation of about 1 dB.

The following table I shows that the used design principles lead to a state of the art
performance.

Subcarrier Demodulator Assembly (SDA).   The subcarrier demodulator assembly is
built according to the design: principle of the Multi-Mission Telemetry System SDA
[4.5.6.]. Fully computer-controlled operation is possible because of the inclusion of an
AGC and an automatic phase-lock acquisition circuitry. As in the equipment the subcarrier
is demodulated before the main carrier demodulation a great flexibility in bitrates R and
subcarrier frequencies fsc can be achieved, although a relatively small amount of
bandpassfilters is used, Fig. 5.

The SDA input is fed by the receiver broadband 10 MHz IF as well as the 10 MHz
reference signal. The power level of the modulation sideband is adjusted to a fixed value
with the variable gain amplifier A1. The adjustment is done either by MGC, according to



modulation index or internally via an incoherent AGC loop. The amplifier output feeds
three channels. The first channel provides the data demodulation, where as the second is
used merely for producing the phase error signal of the phaselock indication as well as the
AGC-error signal. The third channel produces the phase error signal to track the subcarrier
phase.

The double-balanced mixers M1, M2, M3 are used as phase-switches controlled by the
local subcarrier reference. When the loop is synchronized the whole modulation power is
convoluted to the region around the 10 MHz centerfrequency producing a directly
phasemodulated PSK signal. After appropriate bandpassfiltering and amplification
according to the actual bitrate the analogue data are coherently downconverted to
baseband by the amplitude detector CA1. If there is a phaseoffset at M1 between the
phase of the received subcarrier and the local reference the baseband signal is reduced.
This produces a baseband signal of the form

where m (t) are the NRZ Data and Rsc (X) is the autocorrelation function of the subcarrier
with the argument X = J@ fsc . According to the way the signal is processed in the
quadrature channel the baseband signal in it is of the form

The phase-locked-loop of the SDA is closed via the third channel. The phase error signal
is produced by the mixer M3 which is driven by the -90E phase shifted local reference
already phase modulated by a data estimate m. The data estimate m is generated by video
clipping the analogue baseband data. The error amplitude at the output of the coherent
amplitude detector CA3 is proportional to                       For a proper loop operation a
limiter circuit has to be inserted between the phase-switch and the amplitude detector. As
this limiter - apart from noise - only gets an input signal if there is a phase error it has to be
treated as a soft limiter.

The phase error signal is processed in the loopfilter. It is then fed into the analogue
frequency search input of a commercial DANA 7020-synthesizer (search region ± 10 Hz).
The output of the synthesizer drives the phaseswitches M1, M2, M3 via a 4 : 1 divider.

During acquisition of phase lock the synthesizer frequency is swept linearly around the
programmed centerfrequency. As soon as the lockdetector indicates phase coincedence the
frequency sweep is switched off, holding the actual frequency offset. Now the loop is
closed and phaselock is achieved. As the criterion is derived from the signal



it depends on 2 @ )R, and the phase error signal is also periodic in B . So the sign of the
analogue output data can be inverted. This uncertainty however is inevitable when
demodulating fully modulated PSK-signals. As the noise in the lockdetector is only
normalized deficiently by the AGC/MGC circuitry considerable margins are necessary in
the threshold setting. This results in a diminished search rate. Under worst case conditions
(8 Sps,            = 1 dB) the acquisition time is about 20 min.

A principal drawback of this acquisition circuitry is that when the subcarrier frequency is
swept only long periods of phasecoincidence are searched for. It would presumably be
better to look for frequency coincidence in a first step and achieve phasecoincidence in a
second. But this requires the quadrature components of a signal of which the data
modulation has already been removed similar to the procedures in the phase error channel.
The hardware expense however would be considerable.

Compared with a Costas-Loop smaller values of degradation can be achieved at low E/No -
values. This is due to the remodulation procedure in the phase error channel. To reach this
improvement in a realized equipment, phaserelations between the three channels must be
fixed and stable over long time intervals even though IF-filters are changed.

The difficulties mentioned above were solved during the development phase. It could be
avoided to put each bandpassfilters into an oven. The video amplifiers of the coherent
amplifiers however had to be put into an oven to get small offset voltages. So the delivered
SDAs could be included from the beginning into the computercontrolled operation of the
receiving station. Table II shows the values achieved with the equipment. The stated
values are pertinent to a square wave subcarrier modulated by a pseudonoise (PN) data
stream. Performance degradations occur generally when the data stream is a square wave.
In this case the data estimate is worse than in the PN-modulated case from which results a
higher loop phase jitter caused by the increased selfnoise.

Conclusion.   The synthesizer of the RF-receiver can be used for tuning as well as for
phase control. It must then be possible to use the synthesizer as a numerically controlled
oscillator (NCO). In this case a digital loopfilter realization is used. Instead of an
accumulator an alternative solution is possible for the implementation of the loopfilter
integrator. As the Digital Control Unit can be used to remove loop stress, it is possible to
work with moderate by small loop bandwidths. - It would also be possible to alter the
parameters of the loopfilter continuously according to missionrequirements (not
implemented). The IF-interface between receiver and subcarrierdemodulator is at 10 MHz
whereas the phasedetection is done at 400 kHz. So the phase of reference has to be
controlled in order to get a fixed phaserelation between 10 MHz IF-signal and reference



independent of the used RF carrier bandwidth. All phaseadjustments in the subcarrier
demodulator are then independent of receiver programming.

In the subcarrier demodulator the RF-carrier is demodulated after the subcarrier has been
removed. In the subcarrier loop datamodulation is suppressed by remodulation techniques.
By these means it is possible to use the subcarrier demodulator over a very wide range of
subcarrier frequencies and symbol rates. Apart from this signals with very high noise levels
can be processed.

The complete receiver system can work fully automatic. For carrier and subcarrier
acquisition only the following data are necessary: RF-carrier and uncertainty, the expected
signal-to-noise ratio or the useful RF-loop bandwidth, subcarrier frequency and symbol
rate.
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Input: frequency range 2290 - 2300 MHz;
initial bandwidth 10 MHz;
noise figure 7 dB
dynamic range -143 ÷ -53 dBm
image suppression $ 60 dB
spurious frequency
   suppression     60 dB

IF-Output: centerfrequency 10 MHz,
residual carrier level -55 dBm
10 MHz reference +10 dBm

RF-Phase-Locked-Loop (Designpoint 1 rad noise error at PLL)

single side noise bandwidth at
design-point

1,5 Hz 6 Hz 24 Hz 76 Hz

400 kHz-IF-bandwidth 0,3 kHz 1,2 kHz 5 kHz 18 kHz

minimum stable operating condition 12 18 24 29

sweeprate for acquisition under
above conditions

1,2 Hz/s 14 Hz/s 80 Hz/s 1,2kHz/s

tracking range ± 375 kHz off actual centerfrequency

phase jitter 4E rms for all loop bandwidths

AGC-loop dynamic range 70 dB + a 20 dB step
amplifier control voltage gain 7 dB/V
deviation of AGC voltage
from linearity 1,5 dB

stability better 0,8 dB/12 h
resolution 0,1 dB

loop time constant 0,03/0,3/3 s

Table I   essential receiver data



Subcarrier: frequency range 500 Hz + 1 MHz
wave form square wave or sine

symbol rate (NRZ) 5 Sps ÷ 100 kSps
Modulation index 11E ÷  72E
Input-IF-frequency 10 MHz

1 dB-bandwidth 10 MHz
residual carrier power -55 dBm ± 3 dB +
sideband power -45 dBm ÷ -72 dBm ± 3 dB
maximum input noise loading + 6 dBm

Phase loaked loop
bandwidth at
designpoint

0,03 Hz 0,37 Hz 1,5 Hz

variation due to limiter noise loading 0,01-0,35 Hz 0,37-1,7 Hz 1,5-2,6 Hz

tracking range ± 2,5 Hz off centerfrequency
acquisition automatic mode search region ± 250 mHz

sweepperiod 100/25/5s
manual mode search region ± 2,5 Hz

noise characteristics (square wave fsc  = 32,768 kHz)

Symbol
rate

Loop-
bandw.

       /db Frequency
uncertainty

Degra-
dation

Function

8 Sps 0,03Hz

-1
+1
+3
5,2

0,1 Hz
0 Hz
0,25 Hz

0,7dB

0,2dB

noise threshold limit of stable
operation

min value for automatic
acquisition

100 Sps 0,37Hz

-1
-1
+1

0,5 Hz
0 Hz
0,25 Hz

noise threshold

min value for automatic
acquisition

400 Sps 1,5Hz

0
0
+2

2 Hz
0 Hz
0,5 Hz

noise threshold

min value for automatic
acquisition

Table II   essential subcarrier demodulator data



Fig. 1  Telemetry receiving system



Fig. 2  S-Band telemetry receiver



Fig.3  Local frequency generation

Fig.4  Digital implementation of PLL



Fig. 5  Subcarrier Demodulator Blockdiagram
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THE SHALLOW SEA-A NEW CHALLENGE TO
TELEMETRY AND COMMUNICATION

EDGAR WERNER
Assistant Professor

Director of the Ocean Resource Utilization Program
Inter American University of Puerto Rico.

Summary.   A preliminary study of the environmental and operational parameters
requisite to the design and development of low cost simplified communication and
telemetry devices usable in the shallow waters of continental shelves is presented. Specific
requirements peculiar to the needs of Ocean Resource Utilization Programs in
underdeveloped countries lacking both economic and technological capabilities for using
current off the shelf devices are outlined. The environment in which this equipment must
operate is defined, first physically and then subjectively, and operational aspects of this
type of endeavor are described in terms of the individuals involved. Finally, some design
parameters are suggested with a general consideration of the potential market as these
programs increase in scope and number. It is hoped that feedback from this paper will
generate future specific designs and quantitative criteria on which to base more detailed
development work.

Introduction.   Certainly, during the last decade, few other technologies can equal the
sophistication, range, and reliability achieved by telemetry and communication. The
matchless performance of guidance systems below the sea and on the space missions; the
clarity and fidelity of voice and video transmissions from the surface of the moon; and the
superb flow of data from other parts of our solar system, appear to leave little to be desired
from an application viewpoint. It may be worthwhile, however, to stand off for a moment
from this headlong rush towards expensive perfection, and consider the possibilities for
cornmunication and telemetry instrumentation development in other areas of human
endeavor, perhaps more mundane and less dramatic than space missions, but still
important perhaps vitally - to the future of our civilization. One of those field is Ocean
Resource Utilization programs, particularly in the underdeveloped areas of the world.

The ever increasing rate of utilization of terrestrial food sources makes it inevitable that
Man will soon turn to the sea in a massive effort to develop new resources; the alarming
yearly decrement in fisheries yield dictates that new resources will be the result of
husbandry and production rather than the capture and processing of wild stocks. Ocean
Resource Utilization Programs are beginning to appear in increasing numbers, organized



into units of widely varying complexity. Certain kinds of deep sea and military research
programs, undersea transport and well funded university research projects are already
highly sophisticated and technologically well advanced. These categories of ocean
research programs are excluded from both the scope and intent of this paper, as are the
projects for seabed mineral extraction and petroleum production. The purpose of this paper
is to relate and hopefully orient some research and development efforts in telemetry and
communications to a particular kind of Ocean Resource Utilization Program. These
programs are specifically oriented to the requirements of those areas which, for a variety of
reasons, confine their efforts in marine resource development to low cost, labor intensive,
pragmatic projects which can respond rapidly and directly to the needs and aspirations of
their populations.

This effort is best described as a form of pioneering in the litteral sense or more
appropriately “oceaneering” and is directly analogous in methodology and philosophy to
the Westward Movement in the United States during the early part of the last century. A
previous paper (1) has developed this concept more fully and may be referred to for
specific details. In essence, the oceaneering effort consists of the involvement of a segment
of a country’s or area’s population drawn from a wide variety of non-marine disciplines
(engineers, architects, scientists, technicians, craftsman, etc.) at all levels (illiterates to
PhD’s) in highly practical projects. Example are: Areefs (Artificial Reefs) (2), Low cost
undersea habitats (3), man-operated vehicles (4), and shallow water mariculture or
“seafood farming” (5). While the extent and variety of projects may vary from program to
program as a function of the interest and capabilities of the participants, all programs
appear to have two firm limitations imposed by the physiological and economic facts of
life. The primary limitation, the ability of man to work and live comfortably in the sea
without a sophisticated life support system, confines many of these relatively simple
operations to the shallow seas, that is to say, the nearshore continental shelves of the
world. The economic limitation result from the fact that most of the programs have the
greatest utility in under developed areas which do not have the financial resources to
provide expensive and sophisticated equipment to the participants. Let us examine, then,
the parameters which could be useful in considering research and development efforts
necessary to the production of simple but rugged communication and telemetry equipment
to be used in the operations of Ocean Resource Development programs as outlined.

The Environment.   Unlike many other current technologies, telemetry and
communication are no strangers to bizarre environmental conditions. Reentry
temperatures, lunar vacuum, ionization fields, and brutal distances are common parameters
to the design of spacecraft and communication systems. The ambient conditions prevailing
in the shallow seas of the continental shelf pose no great design problems in terms of
strength of materials, excessive temperature changes or power requirements. Rather,
consideration must be given to the participants in the program and their ability to utilize



equipment efficiently under their specific working conditions. Man, and his relation to the
sea has been most aptly described by Ambrose Bierce, the great American satirist of the
last century, who wrote “Ocean--a body of water occupying two thirds of a world made
for man - who has no gills.” Albano has stated the situation in which a Scuba diver, or
even a skin diver with only mask and fins, finds himself, most concisely. He writes: “In
fact, the moment the diver goes underwater he is in an environment that is about 60 times
more viscous, more than 800 times as dense, and having a thermal conductively 25 times
more than to which he is accustomed” (6).

Some selected physical characteristics of the marine environment, as compared to the
atmosphere are shown in table I.

Characteristic Air Sea Water Factor

Viscosity (poise)
Density (g/ml)
Coefficient of thermal conductivity
(kcal/cm x hr EC/cm2)
Sound velocity cm/sec.

1.793 X 10-4

1.225 X 10-3

2.3
340 X 102

138 X 10-4

1.026 X 10-3

53.0
1.460 X 102

60
800

25
5

TABLE I Comparative Physical characteristics of Air and Seawater at 15EC (adapted
from Albano: Principles and Observations on the Physiology of the Scuba
Diver.

Electromagnetic radiation, in general, is attenuated so rapidly that only equipment whose
cost and application would be beyond the economic and technological capabilities of the
participants in these programs would be operationally feasible. This equipment already
exists and need not enter into this discussion. Some thought, however, should be given to
the physical interaction of visible light with sea water, since, regardless of its
shortcomings, it and sound appear to be the only methods of wireless communication and
telemetry that hold any promise for low cost practical systems designs. Light transmission,
even at the short distances involved in these application, will vary considerably with depth
and turbidity factors. Red, yellow, and blue light are absorbed sequentially as a function of
depth or distance. Total intensity at sea falls off so rapidly for example, that at 50 meters
only 10% of the surface intensity remains. The contrast problem, which of course will have
a direct bearing on visual communication and navigation is acute. The contrast is
decreased considerably due to the Tyndall Efect and the fluorescence (Ramen Effect). As a
matter of comparison, it can be pointed out that where, for example, a black object can be
distinguished from its background at 30 to 40 kilometers in the atmosphere (and even
further in space, as discussed by H. Rose(7)), 30 to 40 meters is exceptionally good
resolution in clear ocean water. In the shallow shelf environment close to shore, which is
the probable location for a typical marine resource development operation, nearshore



currents, waves, and shoreline effluents would set a more realistic estimate of functional
visibility of from 5 to 12 meters.

Consider another aspect of the environment. The sites where artificial reefs are built;
where the water is shallow enough for non-decompression diving and where it is most
likely that habitats and man-powered vehicles will operate are close enough to shore for
sea and land interaction to be felt. Capricious currents, heavy bottom swells and jagged
reef and rock formations make it inevitable that men, machines and their equipment will be
subjected to intensive pounding, scrapping and banging, and must be designed to
withstand heavy abuse.

Operational Aspects.   We have considered briefly the environment in which
communication equipment designed for Ocean Resource Utilization Program must operate.
Let us now examine what is that we require of the equipment. It is possible to specify two
modes and a number of different interaction. The passive mode may be defined as the one
way transfer of environmental or operational data from a sensor to an evaluator and/or
controller. The active mode may be defined as a two-way path for transfer of information
and instructions or questions between two or more individuals or stations.

In general, operational requirements for the passive mode present no great difficulties.
Instrumentation for sensing the various environmental parameters are readily available
over a wide range of price and resolution. Extreme accuracy in this application is not
required, nor are extensive recording facilities. The primary transmission of environmental
data will be from the various fixed sensors to either fixed receivers (on board the habitat or
ashore) over hard lines or to the support vessel(s). In either case only essential information
or operationally necessary data will be relayed to the working divers.

Figure 1 illustrates the modes and some of the possible interactions. On the basis of the
environmental discussion in the previous section it is again obvious that only two media
have any utility for data transfer or communication. Only sound and light instrumentation
appear feasible when cost and ease of operation are considerations. There is, of course,
one obvious exception which can yield excellent low cost information transfer between
two fixed points, e.g., fixed habitats, fixed environmental sensors and possibly fixed shore
stations or communication posts. That is hard wire phone and closed circuit TV links. In
an uncommon case where this type of communication is possible no problem exists. In
general, however, the operational situation can be expected to appear as follows:

A number of divers will be working within an area in which they will be in varying degrees
of visual contact with each other and with their control post or habitat. At times they will
be close enough for physical contact as well. It is not likely that they will be in visual
contact with their support vessel on the surface and if they are using vehicles (wet subs,



diver propulsion units, etc.) they may well be out of visual contact most of the time. In any
project requiring the coordinated effort of a number of persons over a long period of time
subtantial amounts of information and instruction must be transferred from person to
person and additional information and instructions must be received from central control
points either on the surface or from a habitat. Each diver is fitted out with the minimum
equipment required for survival and function and any additional communication equipment
must conform to the restriction of volume and weight allowed. It should be indicated at
this point that the standard diver communication equipment currently being manufactured
and sold does not perform satisfactory unless highly skilled individuals are using it and its
operation involves training and diving gear not readily available to a project of this type.
The limited use it could have would not justify the expense. From the figure it can be seen
that information transfer and environmental data acquisition can vary in complexity from
simple hand signals as devised by the U.S. Navy (8) to complex surface to station to diver
voice or code relay systems.

Design Parameters.   The intent of this paper is to provide merely the conceptual
framework within which tentative designs may be developed as a result of subsequent
researchs. It is suggested that an entirely different approach to this problem, many orders
of magnitude away in sophistication from the usual telemetry research programs (as
exemplified, for example by Taylor in his Vanguard/Place design)(9) is indicated. First
order approximation solutions involving optico-mechanical display systems employing
information elements such as modified annunciator units, deaf-mute and Indian Sign
language(10) in the visual mode and direct water transmitted audio signals appear to
present reasonable experimental areas of investigation. Tentative specification are:

1) Equipment which can be easily manipulated by touch, under water and preferably
utilizing only one hand.

2) All functions on on/off or go/no go basis without requirement for user adjustments for
range, frequency, clarity, etc.

3) Modular construction to eliminate service problems of any complexity.

4) Low cost, essentially expendable units which do not require long life (i.e. - most small
oceanographic equipment is lost long before it is used up).

5) Self powered (except for habitat or boat installation) units.

6) Wireless (except possibly between fixed units).



7) Limited range. Most operations will involve ranges of a few feet to possibly 100
yards. Beyond those ranges the program will be sophisticated enough to use the
standard equipment.

8) Narrow environmental range. No environmental extremes would exceed those
imposed on a diver with a practical (for this type of program) operating limit of 100
feet or roughly three atmospheres.

Other parameters no doubt will suggest themselves as further investigation is made. It is
highly probable that from the wealth of electro-mechanical and optical devices that our
civilization is so replete with there is already instrumentation which, with some
modification, could be adapted to this specific purpose.

Conclusion.   This paper has been an attempt to bring to a focus some of the problem and
design situation inherent in a very basic ocean resource utilization program. It is difficult to
say whether two widely disparate fields (from the point of view of economics and
technology), such as Oceaneering and Telemetry can find a common meeting ground in the
development of the type of equipment suggested. From one point of view of this equipment
would act in a feedback fashion to stimulate further ocean resource developments, or at
least would facilitate them to the point where finally a large and perhaps lucrative market
could be developed. only further investigation, into both the marketability and
practicability of low cost oceaneering communications intrumentation will provide the
answer to that question.

Figure I - Diagram illustrating the operational modes and
relationships for shallow water oceaneering projects.
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COMPUTER CONTROLLED RADIO INFORMATION SYSTEM
FOR PUBLIC VEHICLE OPERATIONS

G. BIE GO
AEG-TELEFUNKEN,
Ulm/Donau, Germany.

Summary.   Radio control centers for Public vehicle operations has long been an essential
instrument to control and monitor schedules and operations. However, due to the rapid
development of city and urban traffic the capacity limit of the small amount of voice
channels is already reached, especially during rush hours. Moreover the dispatchers are
overburdened, so that adherence to schedule and safe operations cannot be guarantied.

Data communications is the means to increase the efficiency and the capacity of the
existing system. AEG-TELEFUNKEN has conceived an advanced system TELETRANS
utilizing computer control and radio monitoring. This system makes improved use of the
existing channel capacity without infringing on current FCC regulations. Through the use
of co-channel transmission, which is a special type of transmit diversity, large areas with
diameters up to 40 km (25 mi.) can be covered. This system is flexible, so that
requirements of small and large public transportation authorities can be fulfilled
economically.

Introduction.   At most public transportation authorities the vehicle driver (bus, trolley,
underground, train) uses the voice net to transmit traffic situations (engine malfunction,
accident, congestion) and vehicle information such as free seat capacity, amount of
standing room, ticket cancelling machine inoperative etc. Moreover he has to accept verbal
instructions, which can easily be misunderstood due to traffic noise.

All these burdens can be alleviated through an automatic data collection and information
system. Additionally coded instructions could be transmitted to the driver by lighting up a
button with the corresponding symbol, such as instructions for start of run, skipping the
next stop, return to garage, wait (for a connecting route).

Data handling and storage can be controlled by a computer in the central station, thus
giving the dispatchers the means to analyse the processed data more meaningfully and take
appropriate action.
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There are some systems now operable 1 2 3 which exhibits some or all of these features.
Based on these systems we started to investigate in which areas improvements could be
made, without violating existing FCC and the German Post Office regulations.

As a result of the study the TELETRANS system was formed, drawing upon know-how
acquired in partially similar projects, using existing hardware modified to fit the system
requirements.

System description.   The system (Fig. 1) consists of’ the following components:

1. a network of electronic location posts acting as geographical markers,

2. vehicle electronic equipment, composed of location, radio and data handling units.

3. fixed radio stations for complete area coverage

4. a central station with a process control computer and peripheral equipment,
dispatcher’s desks and displays, wall projection equipment, and the data distribution
unit to the fixed radio stations.

Electronic location posts.   If a vehicle passes within 15 m of a location post, the X-Band
pulse signals of the vehicle location transmitter will be received at the location post, and
serves to trigger to location post transmitter. In this manner the location post address will
be received, demodulated and stored in the vehicle data storage. The operating bandwidth
is 40 MHz, the bit rate is 2400 b/s. One battery 3,5 Ah capacity is required, to be replaced
annually. The location post overall dimensions (incl. antenna) are: width 20, height 10,
depth 7 cm.

Because of its flatness a location post can be mounted easily on house walls, masts etc. In
order to save location posts, it is recommended to place them so to be able to serve
different routes.

Because of the limited range and the rather high operating frequency the probability of
interference from other sources is extremely low, nor will it cause interference.



Vehicle electronic equipment.   The equipment consists of three major components:

1. a location unit

2. one or more radio units

3. a data handling unit.

The location unit is quite similar to the electronic location post, however it is only 10 cm
wide due to the absence of a battery. At regular intervals it transmits a single X-Band pulse
modulated by a 20 kHz signal, which serves as trigger for the electronic location post
transmitter. After correct demodulation and decoding the transmit cycle is stopped for a
specified interval so that if the vehicle stops, near the location post it will not be triggered
repeatedly, thus draining off the battery capacity.

The radio unit serves to establish data and voice communication with the central station.
Separate data and voice radio are possible, however not necessary. For data
communication a semi-duplex channel is recommended, whilst for voice communication
simplex channels are sufficient. If no frequency pair exists, then data communication can
also be handled through a simplex channel. The cycle period (the time to poll all vehicles)
will increase by 50 % through the use of a simplex channel.

For less than 10 channels (including one semi-duplex channel) TELECAR TS (Fig. 2) is
recommended, for more channels up to 60 TELEDUX (Fig. 3) can be used. Major
characteristics are:

1. Frequency range : 68 to 87.5 MHz,
  146 to 174 MHz or 450 to 512 MHz

2. Channel interval : 20, 25 or 50 kHz

3. HF-modulation : FM
4. Output power : 6 w
5. Receive sensitivity : < 0-35 µV for 20 dB SNR
6. Supply voltage range : 11.3 to 30 V

7. Dimensions in mm : TELECAR TS TELEDUX
height 60 96
width 188 266
depth 215 421

8. Weight in kg 2.4 7.5



The data handling unit has the following functions:

1. stores the address of the last location post

2. optionally stores the amount of travel after passing the last location post in 50 m
increments

3. stores all pertinent vehicle data

4. demodulates, detects for errors and decodes messages coming from the central
station. These messages could either be:

- a query for data

- a command or group command for switching to a selected voice channel,
contained in the message

- a group command to transmit an alarm, if any.

5. formats the stored data and modulates them prior to handing over to the radio unit

6. give commands to the radio unit to switch to a voice channel

7. counts time from the receipt of the last message from the central station.

If no message is received in three times the cycle period, then in the presence of a carrier
the data handling unit has to assume that an interfering carrier is nearby. Therefore it gives
the command to switch to a preselected voice channel, and transmits its data through this
channel.

Data modulation is performed here by differential phase-shiftkeying with a data rate of
2400 bit/s.

If the vehicle driver desires to talk, he depresses the call button. The data handling unit and
the radio unit will hunt for an unoccupied voice channel, however will accept any
messages from the central station. If a free channel is found, it will transmit the vehicle
garage number and location post address, through this channel and switch back to the data
channel. The central station will report the call to all dispatchers, and at the moment one of
them accepts the call will begin to build up the voice link by assigning a voice channel to
the di spatchers and informing the vehicle data handling unit to switch to the assigned
channel. At the same time the call button will glow and a buzzer will sound. By pushing



the call button the driver can talk now. For a study it was found that the whole procedure
will be finished in about 0.5 s under the assumption that the first three voice channels were
occupied.

In case the driver touches the alarm button, then in 1 to 5 s (according to customer’s
setting) the regular polling query for alarms will come from the central station. The data
handling unit will accept the query and instructs the radio unit to transmit the vehicle
garage number and location post address. After data transmission, it switches over to voice
transmission on the assigned channel, which was contained in the query for alarm. The
radio unit alternates between transmission and reception according to customer’s
specifications.

Fixed radio sites.   If a large area is to be covered, there are two principal solutions:

1. use a tall antenna and one radio station

2. use many small antennas and radio stations(cellular system).

For areas with one outstanding feature as e.g. a city hill or tower naturally one antenna will
do. However, if these features are absent, and if building codes prohibit the use of an
antenna enough to cover the whole area, then the only solution is to have many radio
stations, each with its own antenna. However, if they transmit at the same time, there will
be interference zones where their coverage overlap. While this cannot be eliminated for
voice communication, AEG-TELEFUNKEN has developed and operated successfully for
another project a system to suppress the interference. This is achieved by letting the carrier
frequency difference and phase difference of the data signals from all radio stations within
very stringent limits. With this method the area coverage can be greatly increased. At the
fixed radio sites only frequency modulation and demodulation are performed. The radio
units are identical to that used for vehicle radio units.

Central station.   The heart of the central station is the computer, which controls all
monitoring activities. Depending on the amount of vehicles AEG-TELEFUNKEN offers:

1. a 60/07 wiih a core memory of 8 to 32 k words of 16 bits for those transportation
authorities with up to 300 vehicles

2. a TR 86 with a core memory of 32 to 64 k words of 24 bits for those with more than
300 vehicles.

The division in only two computer types results in an optimal work load, while at the same
time providing some leeway for expansion and future planning.



Amongst the functions of the computer are:

1. Control of the messages going to the vehicles, also for group messages.

2. Plausibility and comparative tests, error detection tests on the incoming messages.

3. Computation of schedule deviations, comparison against allowed tolerances for each
run and route,

4. Monitoring the voice channels and control of the dispatchers call lists.

5. Updating of the data banks for all routes through incoming data.

6. Processing the data for display in the form wanted by the dispatcher.

7. Support in the production of accident reports.

Additionally, the computer can be used to process statistical programs, e.g. rate of
accidents, rate of malfunctions, budgetary measures, and to support future planning and
expansion.

Fig. 4 shows a control center with the computer and its bulk storage devices (in this case a
magnetic tape digital recorder), the dispatcher’s console, and a wall projection of all
routes. This wall projection is kept up-to-date through a direct interface with the computer.

The dispatcher’s console is drawn for 3 dispatchers, however up till 16 dispatchers can
carry an interactive dialogue with the computer.

Conclusion.   The system presented here, although covering grounds already broken by
many others, provides for improvements primarily in the fields of system optimization and
area coverage, drawing on designs already proven elsewhere. It is felt that this system
contains the flexibility necessary in dealing with the different requirements of various
public transportation authorities. Also, because of its economical use of frequencies this
system could be adapted to fulfil local communication regulation codes.

 







TELEMETRY IN UNDERGROUND MINES USING LEAKY
TRANSMISSION LINE NETS

A. S. HU
Physical Science Laboratory
New Mexico State University.

Summary.   A wayside underground communication system using leaky electromagnetic
transmission line nets is presented in this paper. This leaky line or cable enables radio
wave propagation through tunnels and out-of-sight places via combined cable and
atmospheric transmission. It is also an all-purpose communication link which provides
telemetry, communication, traffic control, emergency capabilities, paging, TV surveillance,
fire detection, and fire control.

Introduction.   Attention has been focused on the safety record of the underground mining
industry during the past years [1], [2]. Probable causes include the inability of detecting
fires in unattended areas and the inability of trapped miners to communicate with the
outside world for lack of communication links.

Considerable effort has been concentrated on the electronic communication technology for
mines [3] - [6]. Because of the lossy characteristic of the earth, radio communication
through-the-ground results in very high propagation loss. Some transmission is possible by
using Extremely Low Frequency (ELF) between 1 and 3 KHz. However, at this frequency
the atmospheric noise is quite high, and the antennas (loops) are very large in physical
size. The useful bandwidth is so narrow that voice communication is impossible and only
slow codes may be transmitted.

The proposed system utilizes leaky transmission lines, such as coaxial cables, connected
through the tunnels. The cable carries radio waves through otherwise obstructed areas and
the leaky waves fill the tunnel spaces. The combination of cable transmission and
atmospheric transmission makes any two locations able to “see” each other
electromagnetically without hard wire connections. Radio wave transmission through a
leaky cable net has an inherent reliable characteristic, i.e., should the cable fail by open or
short circuits and there is at least one complete path undamaged the communication link
still functions but with degraded performance. This is extremely important in cave-in
cases.



This system is an evolutionary process in which the facilities may gradually be increased.
First, a leaky coaxial cable network is connected through the tunnels (Fig. 1) and roving
miners may use conventional wireless walkie-talkies to establish their voice
communication (Fig. 2). Later, fire control receivers and associated equipment may be
added for fire detection and extinguishing use (Fig. 3). And finally, an all-purpose system
may be realized (Fig. 4) by adding information receivers, surveillance TV cameras, traffic
controls, paging receivers, and telemetering systems, etc.

Leaky Transmission Lines.   A transmission line is a medium which guides or carries
radio waves from one location to another. When this line is designed to “leak”, it is able to
transmit radio waves adjacent to the line into or out of the line. A leaky line therefore
works as a combination of cable transmission and atmospheric transmission. It carries
radio waves to and from a confined space volume defined by the layout of the line.

For a general discussion of the leaky transmission lines and their characteristics see [7]-
[9], [15], [26]. It is important to note that the leaky transmission lines can carry many radio
waves simultaneously provided that they are frequency separated.

There are two types of leaky waveguides [15], [16]. The first is the traveling wave
antenna, where the leaky waveguide works as a radiator for an antenna system and the far
field of the radiation is important. A signal is radiated away from the waveguide at all
times and energy is lost with or without receiving couplers (antennas) nearby. On the other
hand, the waveguide can also receive nearby radio waves. This is called the fast wave
technique. The second is the slow wave technique, where the field is bound to the guide.
Coupling is performed by interaction with the fringing field. There is no radiation loss
unless it is excited by guide apertures, supports, or imperfections. But it is difficult to
couple signals into or out of the guide. The choice of the guide depends on the specific
application. In the underground mining application, the fast wave with controlled radiation
should be used.

Leaky transmission lines may have the simplest form of twin-lead [17] or coaxial cable
[18], [19], or the more sophisticated surface waveguide [20], dielectric waveguide [21],
and leaky circular waveguide [22]. For the underground mining application, small-sized
coaxial cables (outer diameter wavelength) having suitable slots as radiating outer jacket
may be used [18], [23]-[25]. The desired radiating power or coupling loss can be designed
by varying the dimensions of the slots and by selecting an appropriate pitch length.

Description of the System.   A cross-section of an underground mine is shown in Fig. 1.
Leaky cables are connected through shafts and tunnels. The cable ends are either
connected to the central control (dispatcher) or to the matching load impedances.
Redundant connections are used to provide reliability.



The cables may be laid on the floor, anchored to the rail, hung on the tunnel wall or
elevator shaft, etc. The cables are connected through standard connectors and power
splatters for easy replacement or extension. This is especially advantageous for larger
mines where the areas of coverage may be increased or altered frequently. For a very large
area of coverage, the area may be divided into small zones.

Fig. 2 shows the two-way walkie-talkie system for roving miners. The radio wave is
coupled to and from the cable and is carried by the cable to the central control (dispatcher)
or any other place in the mine.

Fig. 3 shows a section of the two-way fire detection-extinguishing system.

After the central control detected a fire and decided the extinguishing procedures, a remote
fire fighting plan may be executed immediately by sending coded signals to the selected
receivers which, in turn, decode the signals to each control unit. This procedure may be (1)
turn off electric power, (2) turn on fire extinguishers, (3) sound alarms, etc.

In order to take advantage of this system’s full capability, an allpurpose system is
illustrated in Fig. 4. It includes

(1) COMMUNICATION WALKIE-TALKIE: It is a general communication device
used by the lead men on foot or on traveling carts.

(2) MINER’S EMERGENCY WALKIE-TALKIE: All miners are required to carry this
unit and transmit only when needed.

(3) INFORMATION RECEIVER: It is used as a voice and visual information receiver.
(4) TELEMETRY TRANSMITTER: It telemeters the instrument data, such as [27],

from a remote site to the central control.
(5) FIRE TRANSMITTER: It sends coded information when a fire breaks out or the

TV camera and air-monitor signals to the central control.
(6) FIRE RECEIVER: It receives coded information from the central control and

activates control events.

Conclusions.   It is clearly indicated that an underground communication system is
urgently needed to provide communication and safety. The proposed system is relatively
simple and inexpensive compared with other systems. This is because the proposed system
uses leaky cables and does not require transmitting “through” the ground. If implemented,
it can provide miner’s voice communication, data telemetering, TV surveillance, remote
fire detection-extinguishing, air-monitoring, and general communication capabilities.



Fig. 1.  The General Leaky Cable Layout Diagram.

Fig. 2.  A Two-way Walkie-Talkie System for Roving Miners.



Fig. 3.  A Section of the Fire Detection-Extinguishing System.

Fig. 4.  A Section of the All-Purpose Leaky Cable System.
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VOLUNTEER MEDICAL ENGINEERS CAN AID PHYSICIANS AND
HOSPITALS IN TELEMETRY PURCHASES AND TESTS

K. R. JACKMAN
‘ACTION’and ‘SCORE’ Volunteer
Biomedical Engineering Consultant
San Diego and La Jolla, California.

Summary.    Inasmuch as this ‘ITC/USA/’74’ paper may be on a unique subject in the
medical field, an attempt will be made to cover, with references and bibliography,
sufficient background to identify some serious hospital and medical problems, with
possible technical solutions. Most of these solutions involve the use of trained and
experienced Medical (or Clinical) Engineers and Biomedical Equipment Technicians
(BMET) in hospitals, clinics, and equipment servicing laboratories. The use of volunteer
‘Med. Engrs’, as a public-service of the ACTION groups in each city, will be proposed to
solve the local hospital needs for technical performance specifications in purchasing ‘vital’
medical instruments, such as the ‘ECG’ telemetry systems common to local hospitals.
Even greater need for low-cost medical-care exists in many ‘developing’ countries, such as
India. The writer makes a plea, using Med. Engrs. methods developed and successfully
used in Los Angeles in the last three-years, to bring graduate (medically-oriented and
trained) engineers, seeking employment into hospitals in their own towns. A ‘pilot’
program will be reviewed, using ‘ACTION’ professional volunteers in San Diego
hospitals, to set an example for ‘Med.Engrs’ retrained in Madras, India, to enter their local
hospitals, and thereby select techniques for use in other Indian cities.

A ‘1970 Editorial’ Plea For ‘Retired’ Volunteers In Clinics

It is a coincidence that ‘ITC/’74’ should ask for this discussion,-- since four-years ago
‘IFT’ requested this writer to permit republication of a ‘Guest Editorial’ “Biomedical
Engineering in the ‘70’s’ This was published in the Feb/Mar. issue of the 1971-‘Telemetry
Journal’. This ‘Editorial’ said in part--- “What will accelerate the flow of technical
knowledge and test equipment from the aerospace industry through the medical profession
to the patient? First, communication between surgeon and engineer so that problems are
discussed in simple medical terms and a solution proposed in non-technical language. “---”
A fourth practical suggestion might advance biomedical engineering technology very
rapidly. I know of many trained engineers, like myself, who have retired from the
aerospace industry, after a lifetime of valuable training, who could contribute their spare
time and experience ‘gratis’ to doctors, surgeons, and hospitals in their vicinity. “---” What
better use of one’s retired leisure is there than to make a contribution to reduce human



suffering and health-care costs, and incidentally to stay young and enthusiastic as a result
of such volunteered efforts?”----.

This challenge was thrown to industry and to technical societies, like IFT, AIAA, IES,
IEEE, and others, over four-years ago! What has happened in the cooperation between
technology and medical science in the interim? This paper will attempt to show some areas
of progress and also will suggest innovative methods of using ‘Medical Engineers’,
‘BMETs’, and retired ‘ACTION’ professionals in local hospitals, clinics and service
laboratories.

Should We Be Concerned About Our Medical Care?   Hospitals in the United States
find themselves in the difficult and uncomfortable position of needing technologically
advanced clinical equipment to practice modern medicine, yet lacking adequate technical
support services for this equipment. “Medical technology has run ahead of the logistics
system needed to support and sustain this technology”, according to Dr. Malcolm
Ridgeway, PhD, Executive Director, Biomedical Engineering program, of the Hospital
Council of Southern California, now organizing a grant expenditure of over $650,000. in a
‘shared-service’ program.

“After a lengthy period of nation-wide discussions in 1973 through special symposia,
committees and special task forces, a concensus has been reached that the nature and level
of the engineering support available to the staff of the average hospital is far from
optimum,”- according to Michael J. Eberhard, Director, Planning and Development,
Hospital Council of Southern California. In fact, this growing awareness and concern of
the relationship between ‘vital’ medical equipment safety and such equipment maintenance
is reflected, in these United States, in recent changes in the ‘Manual For Hospitals’
published by the ‘Joint Commission on Accreditation of Hospitals’. These revisions draw
attention to the importance of adequate vital medical equipment maintenance and
competent engineering guidance.

Possible Solutions Of Some Medical Problems in So. Calif.   The Los Angeles County
medical/technical communications will be tackled in a three-year effort in biomedical
engineering ‘Shared-services’, launched in February of this year in Southern California,
through a W. K. Kellogg Foundation grant, the first of its kind in the Western United
States. This formal announcement of the ‘Hospital Council of So. Calif.’, through the
February 1974 issue of the ‘Hospital Forum’, in a serious attempt to establish better ties
with medical instrument manufacturers is encouraging. The efforts for more complete
factory training, detailed testing of prototype medical equipment required for ‘life-support;
itemized ‘spare-parts’ inventory and maintenance,-- only underlines the tragic condition of
medical instruments in many of the Amerigan hospitals. This writer has emphasized the
serious nature of this problem of patient care and costs in hospitals, in many articles and



lectures over the past five-years, and presently is volunteering his technical services in the
San Diego County area, in the volunteer-agencies of ‘ACTION’ and ‘SCORE’. It is from
these pools of retired professional men, where each man has a lifetime of training and
experience in specific industries and wishes to contribute several hours or days each week
in neighborhood projects, that this writer plans to select a nucleus of medically-oriented
engineers and business men to review, study, and become personally-involved in local
clinics and hospitals. The trained man-power is here, waiting to be hospital-oriented in the
problem areas, and available ‘FREE’.

This paper will review some of the observations made by the author with references from
his recent papers (Fig.1),on vital medical instrumentation needs in Southern California.
This is done with the hope that such communications will encourage more biomedical
activities in the hospitals in this country, and in some of the ‘developing nations’, such as
this author’s country of birth--India. In this nation, and in others less-developed in medical
technology and instrumentation, several common problems exist:- (1) obvious safety
hazards arise from inadequate medical equipment support; (2) the medical and nursing
staffs receive inadequate training in the operation of new instruments and devices; (3)
members of the medical and administrative staffs, who unfortunately are largely
responsible for selecting and purchasing the ‘vital’ instruments for ‘OR’, ‘ICU’, ‘CCU’,
and even the pathology laboratory, struggle with unfamiliar performance specifications; (4)
hospital personnel (including physicians and surgeons) many times select and purchase
medical equipment on emotional, rather than on rational factors; and (5) the new
instruments and devices are ‘out-of-service’ too frequently and for unreasonably long
periods of time.

What Are Some of the ‘Vital’ Medical Instrument Problems?    “The Hospital
Forum”, a management journal for hospitals in the Western United States, in their
February 1974 issue, lists some of the common medical equipment weaknessness in
hospitals:

(1)  Some hospitals have no choice but to purchase duplicate medical equipment to insure
adequate backup in the event of equipment failure,
(2)  After-sales ‘Service’ on medical instruments from manufacturers and suppliers is often
poor, inconvenient, or unreasonably expensive,
(3)  Local ‘Service’ contractors and consultants tend to be expensive, difficult to locate,
and sometimes of marginal competence and experience,
(4)  Medical equipment is often poorly designed for clinic or hospital environments, often
is difficult to operate, and is always cumbersome (if not impossible) to interconnectwith
equipment from other manufacturers,
(5) Selecting and purchasing medical instruments is needlessly complicated and ‘full-of-
traps’ for all but those with the equivalent of an engineering degree,



(6) Training in the use and care of ‘vital’ medical equipment is either unavailable,
fragmented, unrelated to hospital clinical problems, or of marginal quality.

Should readers, with specific telemeter interests, wonder why this author is apparently
deviateing from the subject of this ‘ITC/USA/’74’ conference, to talk about medical
equipment in general, it should be noted that the above-mentioned instruments could just
as well be monitoring equipment for telemetering ‘ECG’ vital signals to a remote nursing
station.

Medical equipment manufacturers, when questioned on the inadequacy of their product,
for one or more of the above reasons, voiced a set of legitimate complaints of their own,--
which hospital purchasing agents and medical staffs should consider, evaluate, and
possibly correct:-

(1)  There is poor appreciation by the medical customer of the costs involved in ‘custom-
tailoring’ equipment to individual surgeon’s requirements, Preventing cost reductions by
using ‘shelf-type’ instruments, .

(2)  high costs and poor relationships result from ‘unnecessary’ complaints and service-
calls caused by the hospital staff’s failure to read , understand, or follow the written
instructions.

It is therefore inevitable that medical science will advance rapidly, and that the increased
sophistication in the medical ‘arts’ and technology will introduce new and more
complicated clinical instruments and related health devices, in which the safe, efficient,
and economical operation requires new patterns of support.

But does this support exist in this year 1974? And how may ‘retired’ engineers, scientists,
lawyers, and men with knowledge of business practices and ‘purchasing’ help the staffs in
local hospitals?

Possible Solutions of Medical Instrument ’Bottle-necks’ in Purchasing and Test.   In
three-years, the Hospital Education Foundation of the Hospital Council of Southern
California, as a result of the W. K. Kellogg Foundation grant of over 650,000. dollars, has
promises of answering some of the hospital problem-areas, and reduce patient-care costs.

However, the spiralling costs of medical equipment procurement, calibration, maintenance,
and repair must start to be reduced today, or at least in 1974. One point of immediate need
appears to exist in the medical instrument procurement area, at least in most of the local
hospitals visited. The Purchasing Agents and Chief Engineers of some of these gov’t
operated and commercial institutions have requested aid from local aerospace companies,



through this writer and experienced purchasing groups, for methods of assuring better
electronic medical instruments during procurement, and throughout their life-span. A plan
has been formulated in San Diego County, using the access of ‘SCORE’ and ‘ACTION’
agencies to retired but active professional men, to place one such technical volunteer in
each local hospital requesting instrument procurement aid. The prospects of tapping the
expertise of many men for medical counselling, several days each week, are encouraging
and exciting, at no cost to the hospitals. There should be just as ,many ‘volunteer’ jobs
available in local hospitals, clinics, and in equipment ‘Service’ laboratories for these
professional experts, with a life-time of education and experience, as there have been for
‘Pink Ladies’, ‘Candy-Stripers’, and ‘Red Cross’ volunteers. The professional men, from
‘ACTION’, need only to be asked to serve, organized into a Hospital Task Force, and
exposed to the medico/technical problems, with full hospital-management cooperation, to
show a sizeable cost reduction in 1974. Here is an untapped source of free labor,
expertise, and proven workers suggested by this author in the 1970 ‘Guest Editorial’ for
AIAA and IFT previously mentioned.

Lessions learned in Purchasing Aerospace Vital Instruments.   Some suggested
avenues of approach in the initial purchase of vital, life-preserving medical equipment have
been reviewed by this writer with local hospital purchasing agents with encouraging
results. A rough-draft of this paper was reviewed by concerned personnel in several local
hospitals and with medical instrument agents, specific to their immediate needs, and it
appears that ‘ACTION’- volunteers, using the following simple guide-lines, can fill a real
need in local agencies.

Several basic suggestions, many very simple and obvious, were recently printed in the
December 1973 issue of the AAMI “Clinical Engineering Newsletter” on the application
of technology to hospital patient-care. Highlights of this article “Seven Basic Tips For
Buying Medical Equipment”, will be reviewed for those without access to the AAMI-
document, and with the purchase of a ‘telemetry system’. such as available in ‘ECG’
patient-monitoring in many hospitals, used as an example.

(1)  Don’t necessarily buy the cheapest equipment/system.

(It may be the most expensive to operate.) Consider what it will cost to purchase the item,
operate it, and maintain or repair it. Assign a cost to ‘down-time’ for repair, as well as to
actual direct repair cost, if possible. If the telemeter transmitter used in sending a patient’s
‘ECG’ by radio waves to a remote-monitoring center at a nursing station fails to function,
or is out-of-calibration, the results may be serious. The display of the ‘ECG’ waveform or
heart-rate, to detect and analyze cardiac arrhythmias ( or defective patterns) and display an
alarm or inoperative condition, will result in a false ‘vital’ sign, with possible injury to,or
death of a patient.



(2)  Approach the first production unit with caution.

Someone has to buy the first unit, but it doesn’t have to be you! There may be a lack of
field tests, or inadequate ‘clinical exposure’, that actually may make this first or second
unit less desirable than a later model. In some cases, it has taken 6 to 12-months to obtain
reliable units, in going from the prototype stages (after the first 5 or 10 hand-assembled
units) to fullscale production, where runs of 25 or 50-units come off the line. This attitude
to ‘wait, watch others, and carefully review results’ is specially valuable in clinic or
hospital purchases of expensive medical installations.

‘Informed caution’ is very desirable in acquiring a telemetry system to be used with patient
‘ECG’ monitoring equipment. Unless the cardiology section of the hospital knowingly
wishes to be a part of the ‘Tlm’ research and develoment of a prototype instrument, during
clinical evaluation,--with probable long intervals of repair and dissembly, possible redesign
and reinstallation, and loss of time in equipment-use, it is probably safer, and much less
costly and nerve-wracking, to wait for the 5th or 10th production unit, and gain the full-
knowledge of the ‘ECG’ Tlm experiences with earlier models in other hospitals.

(3) Seek the opinions of other instrument users.

Doctors and surgeons frequently seek opinions from their colleagues in critical medical
situations. Do the same with the ‘ECG’ telemeter system you purchase. Start out by
knowing what your detailed technical requirements are for your specific ‘CCU’, with
inputs from all of the operating staff. Establish a performance specification, with a well-
defined acceptance-test outline.

Try to have the ‘Purchase Order’ reflect the ‘ECG’-Tlm needs as outlined by the
responsible cardiologist and by the hospital chief engineer (or medical/clinical engineer, if
one is available.) Then, ask for the opinion of other hospitals, doctors, or medical
engineers who use equipment that most nearly meets this specification. Find out what their
operating experience has been. Has their equipment lived up to the manufacturer’s
promises and to the hospital’s requirements? Visit an institution where a similar
‘EGG/Tlm’ monitoring system is in operation, ask questions on how it functions, and
whether it maintains its calibration, or is self-calibrating.

Upon a decision of the make, model number, and with firm instrument specifications in-
hand, place the equipment out for multiple-bid. Now is the time to let it be known to all
bidders, that you would welcome the loan of a similar ‘ECG/Tlm’ system for 2 to 4 weeks,
in your hospital, so that you can get your own practical experience. You may also wish to
consider having the system evaluated by an outside concern. There are several reliable
firms who provide this type of evaluation service.



(4)  Check equipment upon delivery.

It is reported that upwards of 40% of vital instruments are defective upon arrival, and
require the services of a company technician to correct the malfunction. The failure to
operate, upon arrival and unpacking, may have been due to inadequate packing techniques,
thus presenting the instrument to excessive shock or vibration from the shipping
environments. In some instances, inoperation upon arrival may be due to the lack of
adequate quality control (QC) during manufacture, or inadequate final tests just prior to
packing.

Be careful to notify the manufacturer’s representative of damage and inoperation, and have
the instrument repaired and calibrated, to specifications, prior to hospital use and contract
settlement. It may take months to obtain satisfactory repairs, if you have paid the bill.
However, as the ‘AAMI’-“Clinical Engineering Newsletter” cautions, if the salesman has
not received his commission and the bill remains unpaid, you can be assurred that you will
receive an operating ‘ECG’/Tlm monitor and auxiliary system in satisfactory condition
much faster.

(5)  Require a performance and safety check as a condition of sale. 

This should be clearly stated in the specification. Be sure the ‘ECG’ telemetry system
works for the responsible nurses. Do not establish that the instrument or system is unsafe
or inadequate after the equipment is installed and about to be used. Whether the problem is
large or small, request the seller to rectify it prior to acceptance.

Final checks to the specifications should be made in the cardiology section where it will be
used on patients, to determine if any electrical interferance exists that will negate or add
background ‘noise’ to the oscilloscopic records. This may be done by hospital nurses, in
training for the equipment use, or through the use of a third-party, impartial service.

(6)  Service Training.   One of the biggest problems in obtaining the proper expected
results from ‘vital’ equipment, like patient-‘ECG’/Tlm control, is adequate training of the
nursing and technician staff using the system. It is reported that 80-90% of equipment
malfunctions are ‘cockpit-errors’,-that is that they are caused by operator ignorance or
error. This is particularly important in areas where this ‘ECG’/Tlm system must be
operated by many people, on several shifts. This training, provided by the manufacturer’s
representatives, should cover all shifts, and should encompass several days time to be able
to reasonably cover all of the personnel working full-and part-time in the hospital. With
instruments used in the determination of ‘vital signs’, such as the ‘ECG’/Tlm installation
used as our example, the contract should cover the provision of ‘refresher-training’
instruction after the system has been for a short time. This second review will insure that



the operators will understand the various aspects of its operation much better, and permit
questions. Such training also must include equipment maintenance people.

(7)  Insist on self-service manuals, with clear circuit and block diagrams.

The purchase specifications of all ‘vital’ medical equipment should specify a duplicate set
of operating and maintenance manuals, delivered with the equipment. Withhold final-
payment until satisfactory documentation has been delivered and checked by trial-runs.

(8)  If you can’t maintain the instrument, don’t purchase it. 

Remember, this new-type of electronic medical equipment is complicated, and will not
operate forever without a certain amount of maintenance. This is unquestionably true with
delicate and calibrated ‘ECG’/Tlm systems. A regular scheduled preventive maintenance
(PM) program should be contemplated before the equipment is purchased, and a regular
‘PM’ schedule should be implemented when it is received.

Why Worry Hospital Purchasing Agents with Instrument Problems?

This writer’s experience in clinical exposure to modern hospital instruments, especially
with the advent of the new, exotic types of electronic, pneumatic, and hydraulic equipment
now reaching hospital acute areas, indicates that prime concern rests with the Purchasing
Agent and Chief Engineer. The hospital administration and the medical/ surgical staffs
shed any responsibilities and/or questions regarding ‘vital’ instruments and systems to their
P.A. and C.E., and hearing no feed-back of problems or instrument failures in ‘OR’,
‘ICU’, ‘EE’, or in the Pathology Laboratory naturally assume these acute hospital services
to be quiet and ordered. Such may not be the case, since many Purchasing Agents in local
institutions in which administrators claimed ‘all-to-be-well’ are harrassed by lack of
cooperation from instrument-salesmen, in that their home-offices will not provide service-
manuals, a list of necessary spare-parts, electrical circuit- diagrams, and even sell spare-
parts for their instrument repair. In many cases this lack of communication within the
hospital is due to the fear-of workers for their positions.

These two individuals, the C.E. and the P.A.,and their helpers, have a heavy responsibility
to the hospital and to each affected patient, in procuring the best equipment, with the
longest operating life, easily operated and repaired, and at the lowest cost. They must also
face the future by providing ‘PM’ Plans, either ‘in-house’, from the manufacturer, or
through a local service agency which can provide 24hours/day maintenance service for
7days/week at reasonable cost.



The joint-responsibilities of the C.E. and the P.A. may be summarized as follows:-

(1)  Specifying the instrument or equipment needs.
(2)  Surveying the commercial market to fulfill that need economically.
(3)   Purchasing the needed product to a tight specification.
(4)  Thoroughly test, to Specifification, the purchased item upon delivery, and withhold
payment until errors have been corrected and the item retested.
(5)  Insure satisfactory operation of the equipment to the user, by adequate introduction,
maintenance, calibration, and repair programs.
(6)  Educating the equipment user in maximum performance, by training and Preventive
maintenance(PM) programs.

Specific Proposals To Tighten-Up Hospital Equipment Purchases.

To the best of the author’s knowledge, local hospitals--both commercial and government-
funded ( such as the VA and the Navy hospitals in San Diego)purchase ‘vital’ medical
equipment with far-less performance specifications and designated acceptance tests than
are used in the aerospace industry in buying ‘gyros’ and ‘autopilots’, also necessary in
preserving human lives in aeroplanes.

Too often the Purchasing Agent is requested to write an order, based on the surgeon’s
sketchy outline of needs and the hardware representative’s sales-brochure, and this
product upon arrival is applied too rapidly to acute-patient diagnosis, without adequate
acceptance tests.

It is proposed that:-

(1)  Professionals, such as surgeons and doctors, should not be permitted to interview
equipment salesmen for ‘vital’ medical instrument procurement, without a member of
‘Purchasing’ or ‘Engineering’ being present. Competitors selling similar types of medical
instruments should also be interviewed, and the best equipment determined, on technical
grounds only, leaving out emotional involvement, low price, salesmen’s charisma and
promises, etc. The hospital Chief Engineer’, or his delegated technical alternate, should
review and countersign all ‘Vital’medical equipment Purchase Orders which may affect
facilities, utilities, and safety in the hospital.

(2)  A Purchasing Agent shall not be required to translate or interpret the surgeon’s
medical needs in Vital’ instruments into a Purchase Order without the technical aid
indicated in (1) above.



(3)  Inasmuch as most hospital engineers and technical staffs are usually over-loaded with
critical and urgent technical problems in everyday hospital operation, it is advisable that
the hospital provide trained and experienced technical help to develop and write the
necessary performance specifications for the Purchase Order. This technical aid may be
assigned to Purchasing, Engineering, or may be an outside paid-consultant or ‘ACTION’-
volunteer. Again, as in (1) above, the hospital Chief Engineer shall approve and sign these
technical requirements as being comparable with the hospital’s present facilities and
utilities.

(4)  There shall be no major changes to, or substitute equipment for the outlined and
approved bid equipment made by the seller, after the approval of the Purchase Order,
without notification in writing to, and with the approval by the purchaser.

(5)  The technical aid to Purchasing, in preparing the equipment performance
specifications, with itemized receiving tests and warranties, shall be involved in the
specific hospital medical needs from the initiation of the need, through the acceptance of
bid or bids, and through the acceptance tests upon equipment delivery.

A typical warranty, borrowed from “Standard Commercial Purchase Order Terms and
Conditions” from a local aerospace company, might read as follows:-

11. Warranty: Seller warrants that all articles furnished hereunder will be
merchantable, free from defect in material and workmanship, and will
conform to appliable specifications, drawings or descriptions. If Seller is
responsible for design of the articles according to performance specifications
established by Buyer, Seller warrants that the articles will be fit and sufficient
for the purposes intended by Buyer. Buyer’s approval of designs furnished by
Seller shall not relieve Seller of its obligations under this warranty. The
warranties of Seller, together with its service guarantees, shall run to Buyer
and/or its customers.

It should not be assumed, from the above suggestions for tightened controls in
procurement of ‘vital’ medical equipment in hospitals and clinics, that this is an unknown
area for cost-savings and safety in medical administration. The purchasing problems are
known, but ‘system-engineering’ has not yet been fully-tried. John H. Holmgren, Ass’t
Admin. at St. Joseph’s Hospital and Rehabilitation Center, Wichita, Kan. has been even
more specific in his article -- “If You Ask For Bids, You Must Offer Specifications,” in the
January 1973 issue of “Modern Hospital”. He lists eight basic rules for preparing a
purchase specification taken from Aljian’s “Purchasing Handbook.” These simple and
obvious steps are probably known by most Purchasing Agents and Engineers, but a quick
reference to Holmgren’s article may save time, money and worry.



Better Communications On Medical/Technical Ideas Necessary.

Since this paper may be the only presentation involving the technology of telemetry as
applied to the medical field to be given at the Los Angeles ‘ITC/USA/74’ conference, and
since the majority of telemetering engineers and readers of this paper are undoubtedly
unfamiliar with this new science of ‘Biomedical Engineering’, this writer wishes to
reference various pertinent subjects from some of his 1973 publications in Fig1, on the
many problems in medical/technical communications.

Several recent articles within the Dast two-years have had an immediate impact on this
writer, and on many medical men. These source materials, which should interest physician
and scientist alike, are listed in this text for emphasis:-

(1) “What’s a Clinical Engineer?”- JAHA “Hospitals”, of February 1, 1973.

(2)  “When Will a Biomedical Engineer Join Your ‘OR’ Team?” Medical Surgical
Review” of April-May, 1972

(3) The Role of the Bio-engineer.” -by P. Kantrowitz and Dr. P. Y. Ertel, MD., -
“Instrumentation Technology”, of July 1973.

(4)  “Consumerism and the Makers of Medical Electronics Collide,” - “Electronics
Design” of March 1, 1973.

(5) “Maintenance of Biomedical Equipment, “ - JAHA, Hospitals,” - of June 1, 1971.

(6) “Defects in Medical Electronics Draw Heavy Fire from Hospitals”,-“Electronic Design
of October 28, 1971.

(7) “Equipment Maintenance: How to Tell Whether You Need an In-house Staff, an
Outside Contractor, or Both”, -by Roger H. Drue, in Modern Hospital”, of December
1973.

(8)  “What to Do When the Equipment Warranty Runs Out,” by Michael O. Brinkman, in
“Modern Hospital”, December 1973.

Two challenging articles (7 & 8 above) were written about instrument control in the
Memorial Hospital Medical Ctr, Long Beach, Calif. The actual experiences and clinical
exposure of ‘vital’ medical instruments and auxiliary equipment in the Long Beach
Memorial Hospital is clearly described by Roger Drue, Ass’t Admin., and by Michael
Brinkman, Consultant (Wisc) Their solutions of their instrument problems, starting with



tightly-controlled procurement specifications,  progressed in calibration in hospital-use, to
long-range plans for ‘PM’ on all essential instruments. Here is a ‘model’ hospital exposure
and remedies to widespread instrument inaccuracies and failure which Southern California
hospitals and physicians can follow with interest, since the results apparently reduce
patient-costs, with a marked increase in safety and control.

The above-mentioned articles, together with many appearing monthly in medical and trade
literature, confirm this writer’s firm belief, supported by five-years of observation and
training in the clinical needs, problems and priorities in Southern California hospitals and
medical agencies, that the ‘Medical or Clinical Engineer’, with the support of trained and
certified ‘Biomedical Equipment Technicians’ (BMET’s) will meet the electrical,
mechanical, and metrology needs in the United States medical profession for years to
come, and will export this medical/technical knowledge and expertise to some of the
undeveloped nations like India and Bangladesh.

Maintenance of Biomedical Instruments and Equipment

Less than one-year ago the Veterans Administration established a nationwide biomedical
engineering program that has primary responsibility for technical support, direction, and
training at the 168 Veteran’s hospitals in the U.S. and Puerto Rico. This program provides
professional engineering assistance to physicians, surgeons, nurses, and all other personnel
providing direct patient-care.

This article on “Biomedical Engineering In V.A. Hospitals” can be found in the May-June,
1973 issue or the then-new ‘AAMI’ “Clinical Engineering Newsletter.” The ‘Association
For The Advancement Of Medical Instrumentation’ (AAMI) went on to say--“ The VA
Hospital program consists of three major elements, according to David A. Simmons, Chief,
Biomedical Engineering, Veterans Administration, Washington, D.C. First,--engineering
support at each general medical and surgical hospital will consist of an experienced
graduate engineer, preferably with an M.S. degree in biomedical or medical engineering,
or with special training in this area. Assisting this ‘Medical Engineer’ will be certified
‘BMETs’ and medical equipment repairmen (MER ). The number of BMETs and MERs
depend on hospital size. In larger hospitals, there may be additional engineers. Smaller
hospitals may be served by an engineer from a larger nearby station.”

Second, preventive maintenance (PM), a major element of the VA program, may be
described by the following tasks developed by the Biomedical Engineer and implemented
by the BMETs and the MERs.

(l)  Develop guidelines for ‘PM’programs;



(2)  Educate hospital engineering personnel and assist in the establishment of ‘PM’
programs;
(3)  Prepare and issue ‘PM’ procedures for each category of clinical and research
instrumentation;
(4)  Establish calibration frequency guidelines based on field performance;
(5)  Develop and implement a field failure reporting system; and
(6)  perform continuous hospital audits to assure continued operation of the system.

The third element of the new VA program is education and training, comprised of a
complete range of training programs in the following areas; -

(1)  A BMET training program under the direction of Dr. James O. Wear, Chief, Central
Research Instrument Program ;
(2)  VA hospital internship and biomedical engineering development programs in
conjunction with university programs at the undergraduate and graduate level. Full-time
engineering training programs are to be utilized when an engineer enters the VA system;
(3)  Seminars in several areas of clinical specialization, such as the electrical safety
seminars currently being presented to medical, engineering, nursing and supply personnel;
(4)  Instrumentation seminars presented by manufacturers.

It is interesting to note that the man chosen to direct the BMET training program is the
same Dr. James O. Wear of the VA Central Research Instrument Facility, Little Rock,
Arkansas, who, in the June 1, 1971 issue of JAHA-“Hospitals”, teamed-up with Jerry
Wilkinson to present a fine a fine paper-- “Maintenance of Biomedical Equipment”. In
1970 a questionaire was sent to 104 hospitals in Arkansas to determine the types of
biomedical equipment available in the hospitals, the sources of maintenance services, the
types of maintenance records and costs, the education, experience and salary of
maintenance personnel, the availability of qualified personnel, and the extent of ‘PM’
programs.

The results of this 1970 Arkansas survey appear to parallel those in Southern California h
hospitals today. The author’s concluded:-

(1)  As more sophisticated medical equipment becomes available to small Arkansas
hospitals (51 to 100 beds), the problem of maintenance of biomedical equipment becomes
critical because they do not have the qualified personnel necessary to maintain it.
(2)  Only the large hospitals ( of 500 beds and over) have a need for full-time technicians,
who are qualified by education and experience to perform maintenance tasks.
(3)  The salary level in the small Arkansas hospitals does not attract properly trained or
experienced ‘BMETs’.



(4)  There is a serious lack of manpower to maintain the biomedical equipment that is
available. Some qualified technicians are available in Arkansas, but most hospitals do not
employ them. There do not appear to be any graduate engineers available who can
supervise and provide backup for these technicians.
(5)  Hospitals in Arkansas lack records on their maintenance costs ( as do some health
agencies in Los Angeles and San Diego Counties.)

One solution might have been for the Arkansas hospitals to form a cooperative
maintenance, on a state-wide or a regional basis ( as is proposed in the W. K. Kellogg-
funded program in the ‘Hospital Councilof Southern California’ mentioned above.) In this
manner, the hospitals could hire an experienced ‘Medical Engineer’ and sufficient
technicians (BMETs) to perform instrument and equipment maintenance tasks. This
Arkansas medical experience of Dr. Wear will undoubtedly color his training of ‘BMETs’
for the VA hospitals, at Little Rock, Arkansas.

Consumer-Testing Groups Vs. In-Hospital Medical Engineers.

Shortly after this writer retired from the aerospace industry, after over forty-years of test-
laboratory management activity in one company, and with several years as a technical
volunteer helping hospitals and medical clinics in Los Angeles and San Diego Counties, it
was obvious that the medical profession needs many of the time-& cost-saving technical
shortcuts developed in producing airplanes, missiles, and satellites over the last twenty-
years. But, how can physicians, surgeons, and medical institutions be made aware of these
cost-savers?

Many articles were written and distributed through monthly publications and in
professional meetings. Two of the many releases by this writer in the last three-years
(Fig.1) will be briefly reviewed for this audience, since the papers are pertinent to this
discussion and to the ‘ITC/USA/’74' technical conference assignment on “Medical
Sciences- Instrumentation for Developing Countries”.

In 1971, the writer was asked to contribute to the Computer Committee, ‘The Jerusalem
Conference On Information Technology’(JCIT), on August 18, 1971, in Jerusalem, Israel.
The subject of this J.C.I.T. was --“Computer Impact On Developing Countries”, The
invited Panel was asked to discuss the subject “Computer-Aided Medical Screening For
Developing Countries.” In this writer’s 36-page report to the Panel,–“Teams Of-Medical
Engineers And Physicians Will Aid Develuing Countries,” (now out-of print.), the
‘Introduction’ included–“ Other members on this panel are much more conversant with
‘computer hardware’ and its application to ‘medical screening’; in radiology, economy of
the administrative aspects of medical multi-phasic testing, and in biomedical
instrumentation on a world health basis. This author, after several years of close proximity



with doctors, hospitals, scientists and ‘unemployed engineers’ in Southern California,
believes that an important ‘Software’ contribution to the considerations of the ‘JCIT’ panel
might be neglected, if the possible teamwork and better communication between the
‘technical professionals’, now available from the distressed aerospace community, and the
‘medical professionals’ are not seriously discussed.”

Drawing again on the above 1971 paper, and using the ‘ECG/Telemetered Monitor’ in the
same terms as the ‘medical computer’ mentioned,-“ But for the computer,(or ‘ECG/Tlm’),
especially today’s third-generation developments now being applied to medicine and
hospitals, the limits are not so obvious. ‘Used in ignorance or stupidity.’, warns Dr Wm.
M Siebert in his “M.I.T.--New Technology And New ‘Medical Education”.–‘asked a
foolish question, it does not collapse, it goes merrily on to answer a fool according to his
folly. And the questioner, being a fool, will go on to act on the reply.’ Dr. Siebert has hit
upon a very vital truth that faces our hospitals in the ‘ORs’, ‘ICUs’, or ‘CCUs’ everyday,
–How much can the surgeon believe his ‘vital’ medical instruments? When were they last
cleaned, repaired, and recalibrated?

The subject of the pros-and-cons relative to ‘consumer-test groups , has been well covered
in the March 1, 1973 issue of “Electronic Design”,--“Consumerism And The Makers Of
Medical Electronics Collide.”  The Emergency Care Research Institute’ in Philadelphia,
Pa. is one such private technical group, who has taken on the formidable task of policing
the medical electronic industry. Calling itself a sort of ‘Consumers Union’ of medical
electronics, this small Institute is busily engaged in testing medical electronic instruments
and issuing monthly reports to clients. According to the 1973 ‘ED’, about 1200 hospitals
subscribe to its services-- at $265/year, including 655% of all U.S. hospitals with more
than 200 beds, or about 50% of the medical electronics market.

It is possible that a well-trained team of a ‘Medical Engineer’ and assisting ‘BMETs’ in a
given large hospital can do an equivalent task of maintaining safe, accurate equipment.
Certain it is that the presence of an experienced ‘M.E.’ on the medical operating ‘team’ in
a hospital, will stimulate new medico/technical breakthroughs. But, what can a ‘ME’do?

‘Medical Engineer’ -- Selection, Training, and Control.

This writer has published extensively on the use of well-trained ‘M.E.s’ and ‘BMETs’ in
Southern California hospitals, as noted in Fig.1, so-only excerpts will be repeated here.
The 1971 Israel paper, mentioned above, goes into sufficient detail to effectively use the
technical men in hospitals. However, since copies of the Israel J.C.I.T. Conference, on this
medical Panel, are no longer available, many facts relative to ‘M.E.s’ were presented at
the 19th Annual Technical Meeting of the ‘Institute of Environmental Sciences’, at the
Disneyland Hotel, Aneheim, California, on April 3, 1973. This 14-page paper--“Criteria



For The Engineer In The Medical Environment” is published in the I.E.S. “1973
Proceeings”. This writer covered this subject under such headings as:-

(1)  Definitions --‘Medical Engineer’ and his uses.
(2)  First use of unemployed ‘professionals’ in So. Calif. medical services.
(3)  Challenges for future ‘Medical Engineers’.
(4)  The ‘Medical Engineer’ and his Medical Instruments.
(5)  The ‘Medical Engineer’ and his Computer.
(6)  Cautions for ‘Medical Engineers’.
(7)  The ‘Medical Engineer’ Must Anticipate and Supply the Surgeon’s Needs.
(8)  Where does the ‘Medical Engineer’ Go from Here?
(9)  The ‘Medical Engineer Must Be Sensitive to Patient Safety.
(10)  Use of Intensive Training for ‘Medical Engineer.’
(11)  Educational Objectives of the ‘TUP-ME’ Program. (ME)
(12)  ‘Medical Engineer’-Trainee Selection Objectives.
(13)  Results of the 1972 ‘Medical Engineer’ Training Program.(TUP-ME)
(14)  Conclusions Derived from 1972 ‘TUP-ME’ Engineer Training.
(15)  Improved Communications Between ‘Medical Engineer’ and Doctors.
(16)  Long-Term Benefits of ‘Medical Engineers’ in the Health Industry.

And 56 references and bibliography,

Should the reader be interested in the So. Calif. experiences in training and using ‘Medical
Engineers’, it is suggested that the above I.E.S. “1973 Proceedings” be procured from the
I.E.S., 940 East Northwest Highway, Mt. Prospect, Ill.60056

The purpose of the 1972 Technology Utilization Project ‘TUPME’, reported above, which
started April 10th and ended Dec. 31, 1972, was to prepare professional engineers and
scientists unemployed from the aerospace and defence industries in Los Angeles County
for careers in the health sector of society. This unique program was designed to reorient
and employ former aerospace professionals in the medical engineering field by The
National Society of Professional Engineers (Washington, D. C.) and the Los Angeles
Valley College, Van Nuys, Calif. It is in response to technical needs associated with
preserving and/or improving the quality of technology in the medical industry through the
use of skilled and mature engineers and scientists.

This ‘TUP-ME’ Program, throughout which this writer served as ‘biomedical consultant’
to the program director and to ‘N.S.P.’, Washington. D.C.,consisted of:-

(1)  The development of an academic curriculum and facility to provide the necessary
adaptive training;



(2)  The selection of appropriate technicial professionals to participate in the transition; (16
‘prime’ candidates were chosen from the initial response of 2000 
(3)  The undertaking of an 8-week adaptive course at Los Angeles Valley College, Van
Nuys, Calif. ( Intensive lectures and instrument laboratory sessions covered 8hrs. per day
and 5 1/2 days/week.)
(4)  The commitment for and placement in permanent jobs of the course graduates. (As of
Nov. 30th the 16 participants successfully completed the adaptive training, and were
gainfully employed, after over 90 potential employers had been contacted, over 690
resumes distributed, and over 210 personal interviews had taken place.)

So it may be concluded, that this unique ‘TUP-ME’ program given in 8 intensive weeks of
training for the first time in Southern California, (or in the U.S.A.), offered an otherwise
unavailable opportunity to break down the major barrier(medical terminology) between the
hard-sciences engineer and the medical profession. Some added statistics may be of
interest:-

(1)  Most of the 16 ‘Medical Engineers’ were over 35 years of age, with an average age of
42.7 years. Six men were over 46years, with two men over 51years, and therefore
commercially unemployable in their former occupations.
(2)  The average years of prior work experience in industry was 17 years, with three men
with over 21 years experience.
(3)  The reemployed graduate ‘M.E.s’ went 67% into medical, 6% back into aerospace,
and the remaining 27% into other occupations, made possible by their biomedical training.
(4)  Although the graduate- ‘ME’ salaries were advised to be $12,000.-14,000./year to
start, to gain acceptance among hospital personnel, still, upon placement, four MEs got
between $16,000.-20,000., and one man started at $21,000.

At the time that the 16 MEs of the ‘TUP-ME’ program were reemployed, the medical
industry was facing a financial bind, yet it was being required to provide better quality and
safer health-delivery services. There was an expressed desire to ultimately add such man-
power to payrolls, and an expressed fear that such ‘Medical Engineers’ might not be
available in similar programs when the financial restraints are resolved.

A 39-page report on the ‘Medical Engineering Program of the Technology Utilization
Project’, (Contract #11-2-0525-000.) was sent by the National Society of Professional
Engineers, in December 1972, to the U.S. Department of Labor, Washington, DC. A copy
of this report may be procured from the N.S.P.E.,2029 ‘K’ Street Northwest, Washington,
D.C., 20006.

The above complete information on training, and clinical placement of this new breed of
‘Medical Engineers/has been presented at the ‘International Foundation For Telemetering’



to advise its membership of the many opportunities that do now, and will increasingly
exist, for telemetry technology in medicine and in hospitals. if telemetering engineers and
members of ‘SA’ will use ‘Medical Engineers’ and ‘BMETs’ to introduce their technology
and ideas into the medical profession.

How Can The ‘Medical Engineer’ Help Developing Countries?

Several years ago this writer made the acquaintance of a scientist in St Louis, Mo. This
Indian-national was then much interested in Biomedical Engineering, and in the benefits it
might bring to India. Several years later, a letter was received from this same scientist,
from the Indian Institute of Technolgy in Madras, India. But now he is the Associate
Professor of Biomedical Engineering and Applied Mechanics at  I.I.T. The letter was an
invitation for this writer to revisit the land of his birth, over a half-century since leaving
India as a boy, and contribute some of the American biomedical engineering expertise to
the I.I.T. in Madras. Such plans are being considered, possibly in the Fall of 1975, to
support as a Technical Volunteer, through the International Executive Service Corps,
Peace Corps (through a short, technical assignment) or one of the U.S.A. agencies.

But what can an American ‘Medical Engineer’, or ‘Biomedical Engineering Consultant’ do
in Madras, India in a 4-6 month period? What goals can be reached in such a short time? Is
this long trip, at considerable cost and family uprooting worthwhile? The author thinks that
much can be accomplished in only 4-6months, and for the following reasons:-

(1)  Early in 1972, the Biomedical Engineering Department, at the I.I.T., Madras, India,
was deep into Bioengineering instrumentation and control groups research, development,
and production programs. This Institute had, in 1972, the first and only active and full-
fledged Bioengineering program in India.
(2)  It has been determined by contacts with the Indian Consul-General, in San Francisco,
Calif., that underemployment of engineers and scientists in India is common, with frequent
trips to the U.S.A. and Europe for added education.
(3)  There appears to be little penetration by engineers and technology into local hospitals
and clinics, as ‘Medical Engineers’ or even as experienced ‘BMETs’ for sales or repair
purposes.
(4)  Judging by available medical trade-literature from India, one would be led to surmise
that the quality, advanced medical technology, and ‘PM’ of ‘Vital’ medical instruments in
the average Indian hospital may not come up to the standards currently being considered in
the U.S.A.1 and many not yet approved for use in our most advanced hospitals.



Tentative Proposal For Use Of .Medical Engineers’In India.

The hospitals in India, and in other developing countries, have one thing in common with
medical institutions in the U.S; the urgent need for trained and experienced personnel, and
more specifically, the use of professional, men volunteers with their expertise gained feom
their life-long dedication to a chosen career. Such experts are in every large city:- be it Los
Angeles; Madras, India; Karachi, Pakistan; Dacca, Bangladesh; and the writer’s home
town-- La Jolla, California. In each of these cities, as in every city on this earth, there
exists a group of men, retired at the magic age of  65years, with a lifetime of valuable
training and experience in their specialty, desiring ‘to be kept busy, in their neighborhoods,
for a few hours or days per week, as ‘volunteers’--just to serve their fellow-man. Why not
use this otherwise wasted manpower, in the local hospital, as ‘Technical Volunteers’ to
cut-down the spiralling cost of medical care and incidentally, to prolong the active life and
interestsw of the donor?

It is with the logic of the previous paragraph in mind, that the author sincerely believes that
major cities in the medically-deprived and under-developed nations, such as Madras, India,
can help their own economy, and their retired men, by calling for the voluntary aid of their
‘idle-professionals’ in their local hospitals and clinics.

Some leadership, of a temporary nature, may be needed to start this program of ‘Technical
Volunteers’,  from professional men in the neighborhoods, whether it be La Jolla, Calif. or
Madras. India. Using this Indian city as an example, the writer will try to present an
outline of what can be accomplished in 4-6 months, using an experienced biomedical
engineer ‘Volunteer’ from the U.S.A.

Volunteer ‘Medical Engineers’ Can Start Medico/Technical Talks.

Communications between the Engineer/Scientist, on the technical side, with the
Physician/Surgeon/Hospital Administrator, on the medical side, is necessary to build good
‘Public-Relations’ and mutual trust in this new ‘Medico/Technical Program in Madras. 
India. Surely there are some large hospitals with 500-800 beds) in the vicinity of the
‘Indian Institute Of Technology’, where the developing technical and bio-engineering
skills at I.I.T. may be used to solve technical and system-engineering problems within
these hospitals.

Assuming such problem areas in some Madras hospital exists, and that a desire also exists
on the part of both that group and the local I.I.T. administration to initiate closer ties and
communications, the time is then ripe to bring in an American Volunteer, by a specific
request to the American IESC or Peace Corps (Short-term) for a planning program. Once a
suitable ‘U.S.Volunteer’ has been chosen, and target dates of the Indian Visit determined,



much program-planning can be done by letter. Experiences developed in the Southern
California ‘Medical Engineer’ and hospital programs would be made available to the
Madras groups, without fees, as would also the services of the ‘U.S.Volunteer’ during the
planning phases in America.

This writer concludes with the hope that the ‘Medical Engineer’ of the future will be able
to setup demonstration areas in this country, and in ‘developing countries’ (such as
Madras, India.), where the value of better medico/technical interface can be proven
effective. A plea is also made, belatedly, for the community hospitals to welcome the
‘Technical Volunteer’.

Figure 1.
Recent Bibliography On ‘Medical Engineers’ and ‘Vital’ Services.

(All articles written by this author)

(1)  The Medical Engineer In San Diego Hospitals, May 4, 1973(5)
(2)  Preventive Maintenance Of Medical Equipment, May10, 1973(4)
(3)  Vital Needs In San Diego County Hospitals - This Year. June 15, ‘73
(4)  Breakfast-Conference Minutes, La Jolla, Calif., on subject Vital Needs In San Diego
County Hospitals-This Year. June 15, ‘73.
(5) Economy In Servicing of Vital Hospital Medical Equipment. 

a. Presented at Breakfast-Meeting, San Diego Community Health Action Group,
S.D.Ch. of Comm.-Oct-10, 1973.
b. Presented to Calif. Hospital Engineers Ass.-Jan.8,1974
c. Presented to Federal Purchasing Agents Ass’n of San Diego,-- February 13, 1974.
(Each paper-- 11pages)

(6)  The Future of Bio-En4ineering In Our Daily Lives. Presented at the ‘IES’Annual
Meeting, Anaheim,Ca.-APr.23, ‘69.
(7)  Criteria For The Engineer In The Medical Environment.(14p) Presented at the ‘IES’
Annual Meeting, Anaheim, Ca. -Apr. 3, 1973
(8)  Teams Of Medical Engineers And Physicians Will Aid Developing Countries.- at
J.C.I.T., Jerrusalem, Israel, -Aig/ 18,  1971.
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CAPACITY OF NONCOHERENT MFSK CHANNELS1

I. BAR-DAVID
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Jet Propulsion Laboratory
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Summary.   This article computes the capacity of a noncoherent multifrequency-shift-
keying channel as a function of the number of orthogonal signals, M, and the predetection
signal-to-noise ratio, ST/No, for three basic receiver types; these are hard decision,
unquantized (optimum), and quantized (soft decision). Computational cutoff rates for
sequential decoding are also computed.

I.   Introduction.   Multi-frequency-shift-keying (MFSK) is a well-known communications
technique (Ref. 1) which is particularly suited for channels with rapid random variations of
the phase of the carrier signal. Phase instabilities of this kind are often due to turbulence in
the electromagnetic propagation medium through which the signals pass, as, for example,
the solar corona and the atmospheres of Venus, Jupiter and Saturn. A useful parameter for
characterizing the degree of phase instability is the predetection signal-to-noise ratio "2/2
= ST/No, where S is the received signal power, No is the one-sided spectral density of the
Gaussian noise in the system, and T is the time interval over which the phase is relatively
constant, albeit unknown.

Roughly speaking, the time T corresponds to the inverse bandwidth of the random phase
process. The phase variations cannot be tracked by a phase-locked loop of lower
bandwidth, while the signal-to-noise ratio in this minimum loop bandwidth is too low. It is
well known (Refs. 1, 2, 3) that communication under these conditions requires
transmission of signals that are orthogonal over a time interval T or less, and their
reception by means of a square-law receiver. Performance curves plotting the probability
of error in detecting one of M = 2K equiprobable signals (corresponding to a rate of K/T
bits(s) as a function of bit signal-to-noise ratio STB/No = ST/KNo, have been computed by
Lindsey (Ref. 2). Also, in the limit as T and M approach infinity, with M growing



exponentially, Turin (Ref. 3) has proved that zero error probability can be attained for all
rates up to the capacity of the coherent channel C4 = S/NoRn2 bits/s. This behavior in the
limit is not surprising because allowing T to grow arbitrarily large means that the phase
tends to a constant (between -B and B), and can be estimated with arbitrarily high accuracy
by diverting a small fraction , of the power to a phase reference signal, since , ST/No64.
Consequently, a coherent receiver can be used, and it is well known that C4 can be
achieved with a coded sequence of short duration antipodal signals, instead of the special
orthogonal signal set.

It is not difficult to show that noncoherent signaling by itself cannot achieve arbitrarily low
error rates when ST/No is bounded. In fact the error probability increases as the number of
signals, M, increases. Nevertheless, arbitrarily reliable communication is still possible at a
non-zero rate (but less than S/NoRn2) by employing an additional level of coding
(concatenating) on the channel created by the orthogonal signals and the noncoherent
receiver. Theoretically, error-free transmission is possible at rates up to the capacity of this
noncoherent channel.

The purpose of this article is to investigate the capacity of the noncoherent channel as a
function of M and ST/No, for various types of decoding, and to draw conclusions
pertaining to the design of coded, noncoherent communication systems. Section II is a
formulation of the channel model and the optimum receiver, which is known to produce M
outputs (Ref. 4). Section III investigates the capacity for hard-decision decoding of these
receiver outputs; the ultimate capacity for no quantization of receiver outputs is treated in
Section IV; quantization to Q equally spaced levels results in a new family of capacity
curves, treated in Section V.

Section VI discusses the importance of the results to practical engineering design. Two
basic constraints are power and bandwidth. The peak power is limited to the average
power by transmitter technology, and a low predetection signal-to-noise ratio is the result
at low data rates. The bandwidth is proportional to the number of signals, M, which is also
proportional to the receiver complexity, the real constraint.

Section VII discusses the rate limit due to computational requirements in decoding
convolutional codes. A realistic goal for a communications engineer would be to approach
this rate, rather than the capacity.

Section VIII summarizes the results and presents conclusions.

II.   Formulation.   Multi-frequency-shift-keying refers to the case in which the
orthogonal signals over time T are harmonics of the frequency 1/T. Usually the orthogonal
signals are modulated onto a high-frequency carrier and it is the phase of the carrier as



opposed to the phase of the signals that cannot be tracked. In that case the maximum
number of orthogonal signals that can be distinguished in a system of bandwidth W is
approximately M = 2 WT, since both sin(2Bkt/T) and cos(2Bkt/T), k = 1, 2, ..., WT, can
be used. However if the phases of the signals are also unknown, then only M = WT signals
can be distinguished by the receiver. The model assumes that the carrier phase is constant
over each T second signal interval, but random and independent from the other intervals.

Figure 1 is a block diagram of a noncoherent MFSK system. During each interval of time
T, one of M = 2K orthogonal signals xm(t), m = 1, 2, M with unit energy is modulated onto
a carrier cos Tt and arrives in the presence of additive Gaussian noise n(t) as

(1)

where 2 is an unknown phase shift uniformly distributed between -B and B.

The optimum receiver (Ref. 4) for this system computes the M dimensional test statistic
r = (r1, r2, ...  rM) where

(2)

It is possible to show (Ref. 4) that the conditional density of rk is

(3)

where "2/2 = ST/No and                                      exp("rcos2)d2 is the modified Bessel
function of the first kind.

The conditional probability density of the M-vector r is then

(4)

where

(5)

The function g(R) may be regarded as a joint probability density of M independent
identically Rayleigh distributed random variables R1, R2, ..., RM.



III.   Hard Decision Capacity.   Now, if no further coding is used, the optimum decoding
rule is to declare xm received when rm is largest. In Ref. 1 it is shown that the probability of
being correct is

(6)

and the data rate is

(7)

It is well known (Refs. 2, 3, and 4) that

(8)

however, the bandwidth W grows exponentially as

(9)

Moreover, as already mentioned, letting T grow to infinity assumes a constant phase. This
means that coherent communication was possible in the first place, and that C4 could have
been achieved with binary signals of duration approaching zero as 1/(2W), where W 64
independent of T. However, the problem, in general, is not a dearth of bandwidth; rather it
is a lack of ST/No.

Examination of Eq. (6) reveals that Pc < 1 if ST/No is finite and decreases ultimately as
1/M, as M increases. Therefore, additional coding is required if the error probability for a
given ST/No and M is to be reduced further. The maximum rate of transmission at which
the error probability can be made arbitrarily small by use of additional coding is, of course,
the capacity of the inner, MFSK channel.

When the receiver makes a decision as to which one of M signals is received and discards
all other information the result is an M-ary symmetric channel with crossover probability
(1 - Pc)/(M - 1). The capacity of such a channel is easy to compute (Ref. 5).

(10)

(11)



where

(12)

is the information per input bit of the MFSK channel.

Normalizing with respect to C4 = S/(NoRn2) yields

(13)

where

(14)

is the signal-to-noise ratio per input bit of the MFSK channel.

Figure 2 is a plot of the normalized capacity versus MFSK signal-to-noise ratio for K = 1,
2, ..., 10, 15, 20 and K 64. The K 64 curve is obtained from the fact that Pc 6 1 if STB/No

> Rn2 = 0.693, and Pc 6 0 otherwise; therefore,

(15)

This reveals, incidentally, that MFSK signaling approaches C4 in a nonuniform manner as
K 64, as opposed to the uniform convergence obtained over the coherent binary input,
infinite quantized (no hard decisions) Gaussian channel. The nonuniform convergence is in
accord with the threshold effect that is observed in nonlinear receivers.

Note that the performance with K = 1 (2 signals) and K = 2 (4 signals) is always worse
than with K 3 (8 signals) for all values of ST/No. This is proved in Ref. 6.

IV.   Ultimate Unquantized Capacity.   The ultimate information per signal is retained if
the receiver outputs are used with their full precision. This information content is

(16)



where P = (p1, p2, ..., PM) is the vector of probabilities of the input signals (x1, x2, ..., xM).    
We can maximize IM(", P) over P by choosing

It is shown in Ref. 7 that this results in a maximum value of

(18)

where

(19)

It is also shown in Ref. 7 that IM(") increases monotonically with M to a wideband. limit

(20)

The ultimate MFSK capacity is then

(21)

which approaches

(22)

In summary

(23)

These capacities can be better understood by looking at close approx mations. It was
found that

(24)



and

(25)

Figures 3 and 4 show CM(") versus ST/No.

V.   Capacity with Quantization.   In practice, each receiver output rk is quantized to an
integer qk (O # qk # Q - 1) representing one of Q levels with equal spacing ). The
resulting M-dimensional decision vector is q = (q1, q2, ..., qM), where each qi is defined by: 

(26)

Assuming M equiprobable inputs (the real capacity requires an optimization over the input
distribution), equation (16) for capacity reduces to the following sum over all q:

(27)

where

(28)

Each p(qi *j) is an integral over the interval of ri that is quantized into qi as follows:

(29)

These integrals can be evaluated explicitly for i … j, or in terms of the Marcum-Q function
for i = j (Ref. 8).

The level spacing ) that optimizes the capacity has been computed (Ref. 8); plots of
optimized ) and normalized capacity CM(", Q)/C4 are presented in Figures 5 through 10.

VI.   Discussion of Results.   Notice that CM(") is a monotonically increasing function of
M; at very low predetection signal-to-noise ratios, CM(") = C4(")(1 - 1/M). However, in
the hard-decision case; there is an optimum M for every ". At very low predetection
signal-to-noise ratios,



This is maximized at M = 7; higher values of M are optimal in other regions. It is
conjectured, but not proven, that any quantization destroys the monotonicity of capacity
with M.

At high predetection signal-to-noise ratio, CM("), CM(", Q), and CM(", hard) all approach
(1/T)log2M. But the wideband channel capacity C4(") increases with the coherent channel
capacity, C4 = S/NoRn2, so to maintain a constant fraction of wideband capacity as ST/No

increases, M (and hence bandwidth) must grow exponentially. Therefore, techniques of
partial coherence may be more attractive that orthogonal signaling in this region.

Besides the bandwidth expansion problem, a more severe constraint on M is receiver
complexity, since M envelope detectors are needed. If each output is quantized to Q
levels, then M log2Q bits of storage are needed. For a given complexity in terms of storage
requirements, there is a tradeoff between M and Q that typically results in different
optimum parameters in the low and high ST/No ranges. The tradeoff is illustrated in
Figure 11 for M log2Q = 16 and for M log2Q = 8.

The optimum quantizer level spacing, ), varies with ST/No, but the capacity is only a
weak function of ), so a single setting of ) = 4/Q will result in no significant degradation
for 0 < ST/No < 2. As an example, Figure 12 is a plot of capacity versus ) for M = 8,
Q = 4, ST/No = 1.0.

Notice that to minimize the energy needed to transmit a message (with predetermined M),
ST/No should be chosen to maximize C/C4. If the transmitter power is the only
independent variable, this optimum may result in a rate much higher than that needed to
transmit the message in the available time, and may require much more power than that
which is available on a continuous basis. If the channel were coherent, C and R and S
could be decreased proportionally and no more energy would be required; by contrast, in
the noncoherent channel C and R decrease ultimately as S2, so the total energy requirement
increases as the transmitter power decreases. Instead, the transmitter may be run at the
optimum power, but only part time. If the on/off cycle is not long compared to T,
acquisition and tracking problems will negate any advantage gained; but if the cycle is too
long, energy storage at the transmitter will be a constraint. In any case, this is an inefficient
use of a high power transmitter, since its average power is low. These tradeoffs among
total energy, energy storage, and peak power capability will determine which ST/No is
most economical.



VII.   Convolutional Coding and Decoding Limit.  As a guide to performance obtainable
when a convolutional code is used over the MFSK channel, it is of interest to evaluate the
computational limit on the decodable rate RCOMP. Without going into the details treated
adequately in Ref. 1, the expected number of computations necessary to decode a
convolutional code using a sequential decoding algorithm becomes infinite if the rate
exceeds Rcomp. Thus, Rcomp is an effective measure of the rate achievable with convolutional
codes.

For the hard-decision receiver (M-ary symmetric channel)

(32)

Figure 13 shows Rcomp,hard for several values of M, versus ST/No.

For the non-quantizing receiver,

(33)

which approaches                                 For large                                            

Corresponding to C4("), the wideband capacity limit, we can compute Rcomp,4 by letting
M 64 in (33). The result is

(34)

These rates are plotted in Figure 14 for various M and for the wideband case.

We can easily extend qualitative results to the quantizing receiver. At low predetection
signal-to-noise ratio, Rcomp is half or capacity. At high predetection signal-to-noise ratio,
Rcomp is the same as capacity, limited by M.

VIII.   Conclusions.   This article establishes performance limits theoretically achievable
over noncoherent channels perturbed by additive Gaussian noise using orthogonal signals
and noncoherent receivers with various types of outputs. For a given receiver, the
performance is a function of the signal-to-noise ratio ST/No in the MFSK correlators. A
correlator may be thought of as a predetection filter and ST/No as the predetection signal-
to-noise ratio. The performance improves as ST/No increases, provided the bandwidth, as
measured by the number of orthogonal signals, can be increased.



A more interesting result is that the optimum number of signals is not infinite, except in the
case of the optimal receiver; the optimum number decrease; as ST/No decreases, but is
never less than 7 for the most suboptimum receiver (hard decision).
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Summary.   Computer simulation of data transmission over a noncoherent channel with
predetection signal-to-noise ratio ST/N0 = 1 shows that convolutional coding can reduce
the energy requirement by 4.5 dB at a bit error rate of 0.001. The effects of receiver
quantization and choice of number of tones are analyzed; nearly optimum performance is
attained with eight quantization levels and sixteen tones at ST/N0 = 1. The effects of
changing ST/N0 are also analyzed; for lower ST/N0, accurate extrapolations can be made
from the data, but for higher ST/N0 the results are more complicated. These analyses will
be useful in designing telemetry systems when coherence is limited by turbulence in the
signal propagation medium or oscillator instability.

Introduction.   A simulation program has been written to evaluate the performance of a
particular class of codes for transmission of data over a noisy noncoherent channel, with a
peak power constraint.

The MFSK code uses k bits to select one of M = 2k tones (channel symbols); the power of
each tone is fixed at a value S, but the duration of the tone may be varied to achieve
acceptable communication. The channel performance is analyzed both for the MFSK with
no further coding, and for MFSK preceded by a convolutional coder (i. e., the codes are
concatenated). The convolutional codes are rate 1/<, where for simplicity of decoding we
consider only the cases k = 1 or k = < for 2 # < # 4 .

The receiver utilizes M envelope detectors, one for each possible tone, integrating over the
channel coherence time T. The duration of each tone is restricted to be a multiple of T, and
the tones are orthogonal on the interval T. The M detector outputs are quantized to eight
levels; the level numbers are approximately log-likelihood metrics, as needed for optimum
decoding. If the tone duration is NrT, then each of M postdetection filters sums Nr of these 
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metrics for the final branch metrics, which are sent to an optimum (Viterbi) convolutional
decoder. The encoding-channel-decoding system is diagrammed in Figure 1.

The object of this investigation is to determine the effects of choice of M, and of
convolutional coding for a channel specified in terms of the predetection signal-to-noise
ratio ST/N0, where signal power S, coherence time T, and one-sided noise spectral density
N0 are all fixed. The value ST/N0 = 1.0 was used for all simulations discussed in this
article. The effect of this choice will also be discussed.

Curves of error probability PE versus bit-energy-to-noise ratio Eb/N0 characterize the
channel performance for various M and code choices. The Eb/N0 corresponding to
PE = 0.001 is compared to a theoretical minimum, (Eb/N0)min for a simple figure of merit.
The minimum is simply S/N0C, where C is the theoretical capacity of the channel, in bits
per second.

Effect of Quantization.   It has been shown by Butman and Levitt 2 that the performance
degradation caused by using eight quantization levels, instead of an infinite number, is less
than the degradation caused by decreasing from eight to four levels. That is, using eight
levels may be justified, but using more is not. This conclusion was borne out in simulations
with two, four, eight, and sixteen levels. All further simulations used eight-level
quantization, with uniform level spacing equal to one half the most likely value of the
envelope detector output in the presence of noise, but no signal. Since the spacing does not
increase with the signal level, it is near optimum only for ST/N0 < 4. 3 Above this value,
error probability does not continue to decrease with ST/N0, but levels off. In our case,
ST/N0 = 1, the quantization scheme is not a limitation.

Choice of M-Uncoded Case.   The convolutional code is omitted to give a reference case.
The parameters which can be varied to give reliable communication are the number of
tones, M, and the duration of the tones, NrT. Only increasing Nr will increase Eb/N0, in
order to decrease PE.

The receiver decodes the k bits corresponding to the tone with the highest log-likelihood
metric after postdetection filtering. If an error is made in this decision, (k/2)(M/M - 1) bit
errors will result on the average.
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Figure 2 shows the resulting bit error probabilities, PE versus Eb/N0 for M = 2, 4, 8 and 16.
As expected, performance improves significantly as M increases from 2 to 4 to 8, but not
so much when M goes to 16, because the MFSK capacity is approaching the M = 4 limit.

Effect of Coding.   When convolutional coding is used, each input bit gives rise to < bits
out of the coder. Using k = <, i.e., M = 2< tones, one tone will be selected for each single
bit input. Alternatively, using k = 1, < choices of two tones can be made (BFSK). Other
combinations are possible, but if the selection of a tone involves coder bits from more than
a single input, the Viterbi decoder in the receiver becomes more complicated.

A typical characteristic of convolutional coding is increased error rate at low Eb/N0,
followed by sharply falling error rate, crossing below the uncoded reference. Figure 2b
shows the error performance of the noncoherent channel using short (constraint length
four) codes for < = 2, 3, 4, and M = 2, 4, 8, 16. The codes for the various values of <
perform almost identically at M = 2, the only place they can be compared. The codes used
are all optimal in the sense of free distance. 4

Figure 3 compares the coded and uncoded performance for each value of M. The
difference is a saving of 1 to 3 dB at moderate error rates (PE = 0.01), and more at lower
error rates.

Longer codes result in further energy savings at low PE. Figure 4 compares for M = 4 the
cases uncoded, constraint length 4, constraint length 8, and constraint length 12.

Figure of Merit, or Code Efficiency.   From the figures we have: (Eb/N0) (@PE = 0.001).
To get (Eb/N0)min, we first need the capacity of the channel. The capacity of a wideband
coherent channel is C4 = S/N0Rn2 bits /sec. Butman and Klass5 show that the noncoherent
channel capacity C is approximated very closely by:
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For our example ST/N0 = 1.0, this is a degradation by the factor 1/3, or -4.8 dB. The
MFSK capacity, CM, when M is fixed, is approximately 6 (for low ST/N0):

Using two theoretical capacities, C and CM, we can compute two figures of merit, one
based on unrestricted M, the other based on the fixed M chosen; then the difference
between them (in dB) will reflect the degradation due to the finite choice of M. Evidently,
this degradation will be 10 log10 (1 - 1/M). The figure of merit:

is then just the efficiency of coding. These efficiencies are tabulated in Table I. For M = 4,
the difference between the uncoded and the constraint length 12 code is 4.5 dB.

Dependence on Predetection Signal-to-Noise Ratio.   All the data presented so far could
be calculated and tabulated for other values of ST/N0. This has been started for ST/N0 =
0.25, 0.5, 1.0, 2.0, and 4. What are the expected results? Assume the code efficiency
remains about constant. Then Eb/N0 is proportional to (Eb/N0)min, and

which increases as ST/N0 decreases, proportionally when ST/N0 << 2. In order to attain
this necessary increase in Eb/N0, the tone repetitions Nr must be increased inversely as the
square of St/N0. 

In the region ST/N0 > 2, the approximation

no longer holds. In this region C = C4 and

Now transmission without coding at rate k/T (which will yield low PE if ST/N0 is high) will
result in a coding efficiency of unity with reference to the MFSK channel, but the
degradation due to small M will be severe. That is



but

which is very low unless M is unmanageably large.

This waste of energy in the high ST/N0 channel can be reduced by using a tone duration T’
shorter than the channel coherence time T. Further reduction is possible by techniques of
“partial coherence,” using data in each subinterval T’ to estimate the phase in the others.

Figure 5 shows the effect of changing ST/N0 on the performance curve of a channel using a
constraint length 4 rate 1/2 code with M = 4. The inverse proportionality between Eb/N0

and ST/N0 is evident at the low values of ST/N0, and breaks down as expected for
ST/N0 > 2.

Conclusions.   We have simulated MFSK transmission through a noncoherent channel, as
described by the coherence time model. Preliminary results show that coding (beyond the
simple repeat code) can increase efficiency by 4.5 dB at moderate error rates (PE = 0.001).
Further savings result at lower error rates.

The effect of coding on the very noncoherent channel (ST/N0 << 2) is now fairly well
understood; accurate extrapolations of performance can be made from the data presented.
Note that ideal conditions are approached very rapidly as the number of tones increases to
16 and the receiver quantization increases to 8 levels.

In designing such a noncoherent system, power cost and energy cost must be considered as
separate parameters, since increasing power, and hence ST/N0, can allow a proportional
decrease in total energy requirements.

More work is needed to understand the behavior of the high ST/N0 channel, and to develop
a good coding scheme for it. The problem of tone synchronization has also been left for
future work.



7 Larsen, K. J., op. cit.

Table 1.  Code Efficiencies

Appendix A

All the data presented are from simulations using a Xerox Sigma 5 Computer. The
subroutine simulating the receiver can be changed to represent various schemes (k = <,
k = 2, uncoded, or hard decision); its result is an array of metrics (a posteriori
probabilities) which is sent to the Viterbi decoder subroutine. The program simulates
transmission until 100 errors are received, then estimates PE as the number of errors over
the number of bits transmitted. The relative standard deviation of this estimate is                 
                               .

The convolutional codes used can be represented by their code generating polynomials, 7

or by another equivalent representation of the coder connection matrix. For example, the
short-rate 1/2 code has coefficients 1101 and 1111 in the code generating polynomial,
expressed in octal as 15, 17. Writing these in a 2 X 4 matrix, we can also reduce the
columns to four base four numbers as follows:



15
17

1101
1111

3313

Larsen lists codes in the first form, whereas the simulation program takes the second. The
codes used in the simulations are listed both ways in Table I-A.

Table I-A.  Convolutional Codes Used

1 /Rate, < 
Constraint

Length
Row Form

(Octal)
Column Form

(Base 2<)

2
3
4
2
2

4
4
4
8
12

15, 17
17, 12, 15
17, 13, 15, 15
247,371
4335, 5723

3313
7567
FBCF
31311223
301133032213

Fig. 1.  Coding-Channel-Decoding System



Fig. 2.  Performance for Various M

Fig. 3.  Coded Versus Uncoded Performance



Fig. 4.  Performance With Longer Codes

Fig. 5.  Effect of Predetection Signal-to-Noise Ratio



SOME SIMULATION RESULTS FOR CONVOLUTIONAL CODES
OVER A PCM/FM FADING CHANNEL

T. L. GRANT and L. HOFMAN
NASA Ames Research Center

Moffett Field, California

Summary.   NASA is now actively planning entry probe missions for the outer planets.
Such an entry probe requires a new telemetry link design. A probable modulation for this
link is a continuous phase, narrow-band FSK (or PCM/FM), and this paper reports on
simulations which can be used to estimate convolutional code performance with mild
fading on such a channel. Simulated decoding has been performed for a range of signal-to-
noise ratios on the PCM/FM channel with various fading characteristics.

The channel itself was a digital simulation comprizing a data generator, a modulator, a
noise and fading generator, a tracking receiver, and a symbol synchronizer/detector. The
signal with noise and fading and the receiver tracking response were simulated as complex
amplitudes which vary at subsymbol time intervals. Thus the channel simulation was felt to
be an accurate representation of actual hardware performance.

A quantized detected symbol stream from the simulated receiver was recorded on
magnetic tape in files of 100 k symbols or processed by the decoding simulator. The
symbol files using both a Fano Sequential Decoder (k = 24, R = ½) and a Viterbi
Maximum Likelihood Decoder (k = 7, R = 1/2). Although the data file was recorded with
eight level quantization, it was decoded under simulated quantizations of 2, 4, and 8. The
data, as generated, consisted of a repeated 63-symbol pseudo-noise sequence, but it was
transformed into an all-zero sequence of longer lengths for the decoding simulation. Most
decoding was done on data frames of 252 bits (504 symbols).

The effect of atmospheric turbulence was modeled assuming that the refractive index
fluctuations were weak and spacially homogeneous. The amplitude and phase fluctuations
were modeled as narrow-band, independent random processes with the phase being normal
and the amplitude being log normal. The variance and bandwidth of each process were
adjusted to give parametric decoding performance. In addition, the fading effect on the
decoders was simulated under conditions of different interlace matrices.

The results presented include the decoded error rate measured for the Maximum
Likelihood Decoder, and the frame deletion rate versus the number of computations for



sequential decoding. In addition, histograms are presented as an aid in characterizing the
channel amplitude probability and error bursts.

These results give the communications system engineer a good basis for choosing design
parameters and operating points for a PCM/FM fading channel. They also provide some
interesting points of comparison with decoding performance over the more common PSK,
additive Gaussian noise channel.



COMPARISON OF VITERBI AND SEQUENTIAL DECODING WITH
A NOISY CARRIER REFERENCE

L. B. HOFMAN and D. R. LUMB
NASA Ames Research Center

Moffett Field, California

Summary.   Performance of convolutionally encoded telemetry systems with Viterbi
decoding or sequential decoding is well understood for the additive white Gaussian noise
channel with coherent detection of bi-phase-shift-keyed signals. Significant degradation
from ideal performance can occur due to correlated noise resulting from low signal-to-
noise ratios in the receiver carrier tracking phase-locked loop. Performance at the lower
telemetry data rates on the two Pioneer Jupiter deep space probes provides examples of
the effect of correlated noise on a sequential decoding system. Performance degradation
needs to be quantified as a function of carrier signal-to-noise ratio (Pc/No2B1o) and carrier-
tracking-loop-bandwidth-to-symbol-rate ratio (B1/Rs) in order to provide design and
analysis information on such effects. Analytical modeling is extremely difficult,
particularly where B1/Rs is neither very large nor very small.

This paper presents results obtained from processing and analyzing data collected at two
NASA deep space communications facilities. An alternating 1,0 symbol sequence was
used to PSK modulate a 32,768 Hz square-wave subcarrier which phase modulated an
S-band carrier. Data rates ranged from 16 to 4096 symbols per second in binary steps.
Signal strength and modulation index were set to yield desired combinations of Pc/No2B1o

and normalized symbol signal-to-noise ratio (Es /No). The standard Deep Space Network
configuration of S-band receiver with 12 Hz threshold loop bandwidth, Subcarrier
Demodulator Assembly, and Symbol Synchronizer Assembly (SSA) was used. The raw
data were digital magnetic tape recordings of the SSA outputs, quantized to 256 levels.
These data were used as inputs to an analysis program at Ames Research.Center that
included simulations of the Pioneer 10/11 rate 1/2, k=32 sequential decoder, and an
optimum rate 1/2, k=7 Viterbi decoder. Capability to vary data quantization, frame size,
and data interleaving was provided. Program outputs included performance statistics for
the channel, sequential decoder, and Viterbi decoder. For a sufficiently long tail sequence,
the sequential decoder performed with virtually zero undetected bit errors for real-time
operational limits. The primary sequential decoding performance indicator was the
computation curve which is a function of symbol rate, Es/No, and Pc/No2B1o. Direct
comparisons between sequential decoder frame erasure rate and Viterbi decoder
undetected bit error rate were made using identical data. Data interleavers of various size



were used before decoding to study the extent of the channel memory and determine the
amount of degradation that could be recovered by interleaving. This information can be
used to provide more accurate link designs for future communications systems, and to aid
in the selection of error correction coding system types and interleaver sizes where erasure
rate and undetected bit error rate axe critical parameters.



1 This paper presents the results of one phase of research carried out at the Jet Propulsion
Laboratory, California Institute of Technology, under Contract No. NAS 7-100, sponsored by the
National Aeronautics and Space Administration.

A MODEL FOR SEQUENTIAL DECODING OVERFLOW DUE TO A
NOISY CARRIER REFERENCE1

JAMES W. LAYLAND
Communications Systems Research Section

Jet Propulsion Laboratory

Summary.    An approximate analysis of the effect of a noisy carrier reference on the
performance of sequential decoding is presented. The analysis uses previously developed
techniques for analyzing noisy reference performance for medium-rate uncoded
communications adapted to sequential decoding for data rates of 8 to 2048 bits/s. In
estimating the 10-4 deletion probability thresholds for Helios, the model agrees with
experimental data to within the experimental tolerances.

I.   Introduction.   Convolutional encoding with sequential decoding is a very powerful
technique for communicating at low error probability with deep space probes. It has been
used successfully with all recent Pioneer spacecraft and will be used with Helios. Most, if
not all, of the performance data for this coding technique have been developed without
regard to the effects of noisy reference signals in carrier or subcarrier tracking loops.
These effects must be known with fair accuracy for the optimal design of telemetry links
with sequential decoding.

II.   Sequential Decoding - The Computation Problem.   Convolutional codes which are
sequentially decoded typically have a large enough constraint length so that the undetected
error probability out of the decoder is negligible compared to the probability that a block
cannot be successfully decoded in the time allowed. Thus, the limiting factor for sequential
decoding is the probability that large amounts of computation are required to decode a
frame of the code, rather than the probability of error. Experimental and theoretical work
has shown that the distribution of the number of computations c1 needed by the decoder to
penetrate 1 bit deeper into the convolutional code tree has a Pareto distribution

(1)
The exponent " is the noisy channel error exponent (Ref. 1), and k is a small constant,
found by Heller (Ref. 2) to be 1.9.



The computation distribution is somewhat changed when an entire code frame is
considered. The number of computations needed by the decoder to penetrate from a depth
of N-1 to a depth of N is certainly not independent of the number of computations needed
to penetrate from depth N to depth N+l. However, the number of computations needed to
penetrate from depth N-1 to depth N is independent of the number of computations needed
to penetrate from depth N+j-1 to depth N+j, if *j* is large enough. The magnitude *j*
which is large enough to establish independence is believed to be a function of the signal-
to-noise ratio (SNR). The Pareto distribution has the property that for moderately large N,
the probability of a single long computation of length 2N is much greater than the
probability of two smaller computations, each of length approximately N. As a result,
whenever the number of computations needed to decode a code frame is large, its
distribution is dominated by single long computations, representing decoder penetration
from M-R to M, for some M,R. Where the number of computations is small, however, the
distribution function represents the sum of many small computations.

III.   Carrier Loop Effects.   The receivers of the JPL Deep Space Network use a
narrowband phase-locked loop, tracking the carrier component of the signal received from
the spacecraft, to provide a coherent reference for demodulation of the telemetry sidebands
on that signal. The bandwidth of the phase-locked loop is generally wide enough to track
out received doppler, yet narrow with respect to the telemetry data rate, so that the phase
of the reference signal is essentially constant while several tens of bits are being received.
If a phase error N exists between the received carrier and the local carrier reference, the
amplitude of the signal entering the decoder is degraded by a factor cosN.

The probability distribution of the phase error N in a phase-locked loop has been derived
elsewhere (Ref. 3) to be

(2)

where I0( ) is the zeroth-order modified Bessel function and PL is 2Pc/NoWL.

Lindsey (Ref. 4) has used this phase error distribution to derive performance curves for the
biorthogonal block code which account for noise in the reference signal under the
(reasonable) assumption that the phase error N is constant while a code block is being
received. This assumption is valid when the bandwidth of the phase-locked loop is narrow
with respect to the rate at which code blocks are received. The theoretical bit-error
probability curves, which are functions of bit SNR, can thus be considered functions of the
phase error N that existed while each block was being received, and the bit SNR that
would exist if the carrier reference were perfect. Averaging over the probability
distribution of phase error N results in performance curves which show the expected bit-



error probability of the coded system, and account correctly for the losses due to a noisy
carrier reference.

For sequential decoding, if the phase error N is essentially constant over a frame of data,
then it is clear that we can average the erasure probability curves conditioned on bit SNR
(and N) over the distribution of phase error, and derive a valid estimate of decoding
performance with a noisy reference. This condition, however, requires that the phase-
locked loop be extremely narrow with respect to data rate, an unrealistic assumption at
medium and low data rates.

Let us consider the characteristics of the distribution of the number of computations per
frame in the region where the number of computations is large. As noted before, the
computations on any block in this region are dominated by single large computations that
result from the decoder extending its penetration from depth M-R to depth M, for some M
and some R much less than the frame length. If the phase error N is essentially constant for
these R or more bits, then the distribution of computations can be considered as being
conditioned on N for large numbers of computations per frame. The validity of this high-
rate approach appears to extend at the lowest to 103 bits/sec.

At extremely low data rates, the sequential decoding noisy reference performance is again
relatively well behaved. At low data rates, the time-varying carrier phase error varies
rapidly enough that its effect is almost completely averaged out within one symbol time;
there is no correlation between carrier reference noise in adjacent symbols, and the
resultant channel model is white and Gaussian, with a somewhat degraded signal power.

To obtain numerical results for the high rate extreme model, an experimental computation
distribution family is used as a basis. The author has used the distribution determined by
Dolainsky (Ref. 5) for the Helios frame of 1152 bits. This data, shown in Figure 1, was
approximated by functions of bit SNR(R), and average number of computations per bit
(N). The chosen approximating functions are of the form

(3)

The coefficients {An,r} were determined by a two-dimensional, least-squares polynomial
fit, and appear in Table 1. The frame length is L.

The solid lines of Fig. 1 show this approximation. Having thus been defined as functions of
bit SNR, it is a trivial task to express these distributions as functions of total bit SNR and
carrier phase error N, and to numerically integrate them over the distribution of N (Eq. 2)



for various values of the carrier tracking loop SNR. As noted above, this approach is valid
only at high data rates.

IV.   Medium Rate Model.   Sequential decoding data rates between 10 and 103 bits/s
must be categorized as medium data rates from the performance modeling standpoint.
Their performance lies somewhere between the performance predicted by the high- and
low-rate models. There are two primary difficulties associated with establishing an
accurate performance model for these medium data rates. The first is that we do not really
know over what interval of data record the sequential decoding search is defined. It could
be argued that the computation distributions for most long searches are defined by a noisy
“barrier” of perhaps 3 to 10 bits in length. However, the backward search depth in
sequential decoding is on the order of a constraint-length, or two, and the noise at each
symbol encountered within a search must necessarily affect the number of computations
needed in that search. Finally, we note that individual searches can interact up to the limit
of the frame length, where they are forcibly terminated. None of these correctly represents
the effective memory duration of the decoder, yet all are partially correct. The second
problem is that the carrier reference errors interact with the record length that defines the
searches. For example, the data rate/loop bandwidth ratio * may be such that the carrier
phase reference is essentially constant over the 1 to 3 bit times that define most short
searches; yet when a large carrier reference phase error occurs a long search results, with a
number of computations, which is dependent not only upon the section of data over which
the carrier reference is poor, but upon a long preceding section of data within which the
carrier reference varies significantly. From these considerations, it is not expected that the
noisy reference performance of sequential decoding can be accurately modeled with any
simple technique.

Fairly tractable techniques exist for calculating the performance of uncoded telemetry at
medium data rates (Ref. 6). They exist because the error probability in uncoded telemetry
depends uniformly upon the signal, noise, and carrier reference statistics over a
predetermined interval of the data signal, and not at all outside that interval. The approach
which has been followed in modeling the sequential decoding performance at medium data
rates has been to use an uncoded medium rate technique to extend the validity of the high-
rate model to lower data rates.

Extension of the high-rate model into the medium-rate region involves a number of
assumptions and approximations: (1) the decoding computation distribution depends
predominantly upon isolated long searches that are defined in structure over some fixed
length segment of the data record, called Tm; (2) the computation distribution for long
searches depends uniformly upon the carrier reference noise throughout the Tm interval; (3)
the correlation between Tm intervals within a frame is independent of their position within
that frame. The analysis technique implied by these assumptions is as follows: the channel



signal-strength statistics are computed for the signal average over the Tm interval using the
techniques for uncoded telemetry. The sequential decoding performance is computed
conditioned upon the channel signal strength, and then averaged over the distribution of the
channel signal strength. Specifically we compute

(4)

where

(5)

This approximate distribution has been developed for analysis of mediumrate uncoded
communications (Ref. 6). The effective loop signal-to-noise ratio DL' , is determined
parametrically by DL = DL'  exp{1/(2 DL' )}, where DL is the true carrier loop SNR in the
operating bandwidth, as computed by Lindsey (Ref. 7), and includes the effects of
bandwidth expansion of the limiter-phase-locked loop. Results computed with this
distribution merge smoothly with high-rate, and low-rate extremes as a function of *, the
normalized data rate.

The performance computed by this technique is significantly dependent upon the value of
Tm used. The true value is, as noted above, unknown. It is clear that the effective value for
Tm depends upon the number of computations in each search. If the number of
computations-per-bit is very small, then all decoding decisions are made on the basis of
very short pieces of the received data, and Tm = 1 is appropriate. On the other hand, when
the number of computations-per-bit is large, at least some of the decoding decisions must
be made over long segments of the received data, and Tm may be much greater than one. If
we let N be the average number of computations per bit in the frame, and approximate



(6)
we compute medium rate computation distribution curves which agree, on the average,
satisfactorily with experimental ones. This agreement is only approximate, since it
represents a compromise between differing modes of behavior at different data rates. The
true behavior of the sequential decoding algorithm depends in a complex way upon the
data-rate/phase-process-bandwidth which cannot be modeled exactly by separating them
as is done here. It would, of course, be much more correct to compute the numerical
sequential decoding model using the true joint distribution of Tm,WL, and N, but such
would require much more computing time than is used by the current model, and the
needed statistics are not currently available.

V.   Modeled Decoding Performance.   The modeled decoding performance estimate is
perhaps best displayed graphically. Figures 2a and 2b show the deletion probability as a
function of the total-power-to-noise density ratio (PT/N0) for the Helios modulation indices
(MI) and data rates. A 12-Hz carrier-tracking loop is assumed in the DSN receiver. These
Mod. indices are a compromise optimum set for the overall range of data rates, and were
chosen based largely upon the sequential decoding model described herein.

Figure 3 shows the modeled total-power-to-noise density ratio required to achieve a 10-4

deletion probability for the Helios rates and modulation indices. The results of a series of
system tests is also shown. Viewed conservatively, the modeled performance is an
adequate, although far from exact, representation of total system performance of sequential
decoding.

VI.   Commentary and Future Work.   At this point, modeling of the sequential
decoding noisy reference performance by the techniques described here appears to be at,
or near, a dead-end. The results are close, and perhaps usable for system design, but they
are not exact. There is no obvious physically-justifiable change to the modeling technique
or parameters that can be applied with assurance of improving the result, or of representing
more exactly the physical process of sequential decoding.

The choice of Tm is perhaps the weakest link within the model. Tm has been used by Stolle
(Ref. 8) as a free parameter to manipulate a model similar to the one presented here into
agreement with experimental data. The approach is successful, and clearly a good one for
improving a model with experimental data. However, the effective Tm/Tb ratio determined
this way is largest at 128 bits/s, and the physical interpretation of that fact is not clear.

To step from the simple but serviceable model presented here to an exact model for
sequential decoding seems extremely difficult; for medium data rates, this step will only be 



achieved through an in-depth understanding of the complex interaction between the
sequential decoding algorithm and the noisy carrier reference phase process.
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Table 1.  An’r for Helios frame

Fig. 1 . Distribution Of computations for sequential decoding of
Helios frame



Fig. 2.  Modeled deletion probability for Helios; (a) Ml = 42 deg,
(b) Ml = 55 deg



Fig. 3.  PT /No thresholds for Helios for 10-4 deletion probability; comparison
of model and extrapolated experiment
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FLEXIBILITY OBJECTIVES FOR REAL-TIME TELEMETRY
PROCESSING SYSTEMS

J. W. RYMER
Naval Air Test Center

Patuxent River, Maryland

Summary.   A generalized real-time telemetry processing system model is developed in
four blocks:  Demod/Synchronization, Data Channel, Processing/Control and Display.
Flexibility objectives are stated for each block and illustrated with respect to the Navy’s
existing Real-time Telemetry Processing System (RTPS). Features and tradeoffs are
discussed for each block along with references to the growing and significant body of such
systems already existing and currently under development.

Introduction.   The last few years have seen major changes in the problems facing the test
and evaluation community and particularly the test data processing systems on which they
depend for the bulk of quantitative results. The typical number of instrumented parameters
has tripled:  Instrumentation on the assembly line has become the rule rather than the
exception for major test programs–effectively locking-in the telemetry variables before the
test vehicle arrives and reducing the options of test center instrumentation engineering.
Sophistication of the avionics, flight control and weapons systems has increased to the
point where it is typical for airborne systems to have higher resolution, accuracy and
capacity than their ground-based counterpart which was in use for test verification only a
few years ago. The pressures of flight, manpower, vehicle and test duration costs have
long since dictated real-time telemetry processing–computed results available to the
project engineer/test pilot team during the event. The data rates presently available via
telemetry far exceed the project engineer’s ability to assimilate the results–in many cases
even when aided by a large scale telemetry processing system and elaborate human-
engineered mechanisms for sorting out results. Current project mixes at the Naval Air Test
Center include 12 to 15 major projects on the Real-time Telemetry Processing System
(RTPS) ranging from flying qualities, performance, carrier suitability, avionics testing,
propulsion and structures work on F-14, S-3A and other Navy aircraft to 3 different
surface-effects ships and spin coverage for Test Pilot School’s T-2C. With several hundred
projects in process at NATC an extremely broad spectrum of project types and data
formats could later require real-time telemetry processing. The current and 4-to-5 year
problems, then, center around flexibility to handle the cases rather than state-of-the-art
bandwidth, rate or demodulation techniques. This paper develops a generalized real-time
telemetry processing system and considers the flexibility objectives applicable to each



block. Assumptions include: (1) multimillion dollar test vehicles or components thereof,
typically prototypes though testing may or may not be developmental and could just as
well be demonstration or specification compliance, (2) that the decision to go with real-
time and/or online post-test handling has been made and (3) that reliability and dollars are
of sufficient concern to preclude major fractions of the hardware being developed uniquely
for the target system, and (4) that the useful life-span of the system will extend at least
until 1980. The Navy’s Real-time Telemetry Processing System (RTPS) is used heavily for
discussion and illustration of how flexibility objectives may be realized.

Generalized Real-time Telemetry Processing System.   In order to consider flexibility
aspects, the generalized block diagram, Figure 1, is used.

Demod/Synchronization.   This block contains all of the classic ground station elements
necessary to decode and obtain synchronization with required formats. In the Navy’s
RTPS this block consists of PCM bit synchronizer, stored program PCM decom, FM
discriminators, analog and parallel PCM tape recorder/reproducers, stored program
simulation/calibration and distribution matrix and patching hardware. See references
(14)and (19) for more detail concerning that particular implementation.

Data Channel.   The functions of this block include limit checking, linearization, data
compression, scaling to Engineering Units (EU), digital formatting and conversion and
floating point conversion.

Prior to about 1968 these were generally considered to be central processing functions and
in most test data processing facilities were done off-line or post-flight. While some
efforts (13,22) and notably the Sikorsky Flight Data Processing System by System
Engineering Labs have retained this orientation, the predominance of “large-scale” real-
time telemetry systems (14,8) recently implemented and at least two others currently under
development–the Air Force B-1 facility at Edwards and the Boeing-Vertol facility in
Philadelphia–have separated these as preprocessing rather than central-processing
functions. The coming-of-age of fast, inexpensive minicomputers and the promise of
readily available microprocessors (10) for algorithm implementation and updating has
secured the separate Data Channel approach for the foreseeable future.

In the Navy RTPS this block contains a 16-bit general purpose digital computer, A-to-D
converter, random-addressing stored-program multiplexor, D-to-A converters, 1600 bpi
tape units for EU recording/playback, and a special-purpose Programmed Algorithm Unit
for handling the Data Channel functions.

Processing and Control.   This block consists of a large general-purpose digital computer
and peripherals, the majority of system software, instrumentation files containing



calibrations and format descriptions, applications software, distribution/patch control, and
a terminal or other means for telemetry engineer operational control. In the Navy RTPS
this block also includes a microwave telecommunications link for range data and an
alphanumeric CRT and keyboard for operational control. Remote central processing such
as that being done (20) by McDonnell-Douglas for the F-15 does not fall within the scope of
the generalized system presented here except in cases where the transmission bandwidth
equals the original data rate coming from the test vehicle. Network resources may,
however, be an extremely valuable asset to future real-time telemetry processing systems.

Display.   The output subsystem is by far the simplest to visualize but the most difficult to
design for rapid response, flexibility and user demand for features without making it so
complex as to be unuseable, in the human engineering sense, for all but highly specialized
dedicated ‘operators.’ Systems typically employ (7,16,14) a computer-driven graphics CRT,
hardcopy and strip-charts for time history presentations. A voice transceiver is provided
for closing the loop to the test pilot. Many systems including the Navy RTPS provide line
printer, time-code and numeric displays in this block.

Having developed the concept of a generalized realtime telemetry processing system,
Figure 2, each block will be considered in detail with respect to applicable flexibility
objectives. All of these will vary in relative importance according to user needs and type of
testing (aircraft, missile, weapon system, transportation system).

Flexibility Objectives-Demod/Synchronization

Codes and Formats-FM.   For handling ‘high frequency’ data, vibration measurements,
many ‘internal’ avionics signals, hull buffeting, acoustics and the like, IRIG standard(9)
FM, either CBW or PBW is expected to remain the medium of choice. While several
current programs (notably S-3A at 800 Kilobits/sec.) and several future programs
(proposed instrumentation for Advanced Navy Fighter) have gone to higher rate PCM to
avoid a project mix of analog and digital data, many programs through 1980 will retain FM
and a viable target system must be capable of handling it. One factor which will maintain
pressure to retain FM capability is the need for filtering. In order to handle all data digitally
(i.e., PCM) presently operational realtime systems within the scope of this paper must
resort to software digital filter routines or cope with the realities of programmable digital
filters such as cost, word length compatibility, difficulty of checkout, added software cost,
and awkwardness for switching in/out. The Test Center presently uses software digital
filtering for the isolated few PCM measurements that presently must be filtered in the
ground-based system. This is not practical however for large numbers of parameters due to
CPU bandwidth limitations. Another factor creating pressure to retain FM is the reliability,
ease of installation and checkout, adequate noise performance and broad availability of
FM instrumentation. The Navy RTPS employs standard discriminators (DCS GFD-13’s)



configured for plug-in PBW, CBW and translated CBW handling. For maximum
flexibility, two programmable “universal demods” (UDMODS) are included in each
demod/synchronization front-end. These allow non-standard center-frequency/filter/
deviation combinations to be handled with ease. In addition, these units are configured so
that the Telemetry Engineer can easily arm the system software via a switch panel
allowing a UDMOD to be substituted in milliseconds for an out-of-lock discriminator.
These are also indispensable for the occasional “wrong” tape speed or as substitutes for
FM reproduce electronics. Auto-cal (IRIG standard) as well as software calibration
corrections are available (but not heavily used) for in-flight calibration.

Codes, Formats and Loading-PCM/PAM/PDM.   To cover the range of new
developments and potentials here would be to cover much of Communication Engineering
as it exists today and is clearly beyond the scope of this paper. Due largely to the wide
popularity and universal applicability of PCM, the use of PAM/PDM has and is expected
to continue to decline. Auxiliary interface provisions exist in RTPS at Patuxent for use of a
PAM/PDM decom should the need arise.

The majority of present and expected future programs are PCM with many PCM and FM
combinations. The IRIG standard serial codes (9) are adequate at present. Through 1980,
bit synchronizer updates to handle such codes as Miller and rates up to 1.5 mbps are
considered desirable. As mentioned in the introduction, it is difficult to visualize Test Data
Processing Systems end-users in the 1970’s making effective use of data content above the
1.0 to 1.5 mbps range. Another factor which will tend to hold these rates down is tape
recording and tape usage rates.

The primary flexibility objectives for PCM in the target system are quick, repeatable
programming, stand-alone capacity and wide ranges of synchronization methods, word
lengths, discretes handling and filler/parity/unwanted-data-discard capability.
Implementations which depend on the cycle time of a general purpose digital computer for
decommutation are limited from the flexibility standpoint. These implementations are
generally limited to lower word rates than their stand-alone stored-program counterparts
and are inherently dependent on the repeatability of software execution rates in a computer
not designed with that goal in mind. The Navy RTPS utilizes a Monitor 1126A stored-
program decom providing rate capability to 1.6 mbps, variable word length formats from
1 to 16 bits, 2 asynchronous subcoms to a depth of 128 and the commonly used main and
subframe synchronization methods. This unit is equipped with core memory which
receives a software load module from the CPU at log-on time. The load module is
prepared by a “Telemetry Compiler” processing pass on format descriptions stored in the
RTPS database. The net effect is a very fast repeatable means of configuring or
reconfiguring for a new project, between unrelated jobs on the system and between various
instrumentation status levels within the same project. An additional advantage of the



stored-program approach is standalone capability. In the event of CPU failure, the Data
Channel and decom may be used for scaled linearized EU strip chart output. In the event
of Data Channel computer failure, the decom is equipped with ‘raw’ DAC’s and can still
output strip chart data. Essentially these flexibility advantages are those described in 1969
by Galpin and Mabe (2) and others. RTPS format flexibility includes 16-track parallel tape
input, serial input from tape or TM and stored program simulation capability. The
simulator memory receives a load module identical to that of the decom for readiness
testing purposes. Readiness testing in RTPS provides such flexibilities as simulation value
modification by keyboard/CRT entry and throughput to CPU with software tolerance tests
for both calibrations and floating-point converted PCM simulation levels. Many of the
readiness test objectives described by Lemke (11) are achieved by this heavy emphasis on
stored program approach. Flexibility has been added at NATC by dual utilization of the bit
synchronizer. During 16-track PCM playbacks software commands the programmable bit
synch to the correct ‘bit rate’ allowing level-shift time-code from the tape to be routed via
a specially designed card in the bit synch to the normal IRIG-B translator. This is operable
for both search and playback speeds, and with the standard Datatron 3030 programmable
tape-search facility the NATC project engineer can do auto tape searches via time-slice
selection from the display station for both parallel and serial front-end tapes. Since the bit
synch is not otherwise used in parallel tape input mode, the cost of a level-shift translator
has been saved. Other modifications accommodate such formats as the so-called “bursted”
or variable-frame-length formats which have had noise or patterns added to complete a
fixed frame length. In this mode, throughput will occur for data in the same frame in which
synchronization is acquired.

Flexibility Objectives–Data Channel.   As in the Demod/Synchronization block the ideal
or ‘target’ system Data Channel flexibility objectives include quick, repeatable
programming, stand-alone capacity, and wide ranges of format/ project capability. In the
RTPS Data Channel, Figure 2, two design concepts contribute most heavily to meeting
these objectives. The first is the stored-program (read-only-during-processing) aspect and
the second is the shared memory feature.

The problem of mixing FM and PCM data in real-time is solved in RTPS by building
separate buffers for both PCM and FM, sized on the basis of rates and double-buffering
both for EU (gapped) tape generation. The stored-program advantages come to bear in the
random-addressing multiplexor controller. A commutation sequence is stored in a core
memory private to the multiplexor controller for each project at log-on time via a load
module from the central processor. The TM Compiler software which prepared the PCM
load module also prepares the FM sampling sequence and resolves rate mix and buffer
lengths to allow continuous merging of the two asynchronous data sets. PCM, if present, is
used as boss for buffer switching. The PAU, Figure 2, is a small, special-purpose digital 



computer with 8K-32 bit private core. It too receives a load module at log-on time from the
CPU.

The entire system is based on a shared-memory approach. In the case of the Data Channel,
both the PAU and the Sigma 3 share memory with the Sigma 9 CPU making for extremely
fast and therefore flexible data transfers. This design allows considerable mode flexibility.
The Data Channel can operate in ‘integrated’ or full system mode, passing data to the CPU
at rates in excess of 50K words/second. It can operate in EU tape playback mode where
gapped 1600 bpi 9-track tapes are ‘ungapped’ and played back through the CPU as if the
test were taking place but with better repeatability of data values than would be the case
with analog tapes. Unusual flexibility exists here in that EU tapes can be played back at
non-factor-of-two data transfer rates higher or lower than original data rates for optimizing
throughput and processing speed. Another mode which meets a flexibility objective is
stand-alone. The Data Channel Sigma 3 can be loaded with a configuration tape containing
multiplexor controller and PAU load modules. Engineering Unit (EU) DAC’s are switched
via a peripheral switch from Sigma 9 I/O to Sigma 3 Data Channel I/O. In this mode, all
PAU features (except for limit checking) are performed such that scaled, linearized strip
chart data and EU tape are provided in real-time or post-flight without any CPU services.
This provides the flexibility to configure around failures should they occur in the CPU and
to completely avoid CPU time being used for customers who desire only strip charts and
EU tape.

Programmed Algorithm Unit (PAU).   In the Navy RTPS, the PAU (19) is a subsystem
developed for the Test Center and unlike the remainder of the system was not ‘off-the-
shelf.’ Departure from the safe, off-the-shelf route was chosen for reasons of speed,
applications programming economy and overall system flexibility. The PAU performs
calibration curve linearization by executing a 5th order polynomial computation algorithm
for up to 512 measurements, converts all measurements not selected as discretes to
floating-point Engineering Unit values and loads Sigma 9 core areas called ‘measurement
string buffers’ with data samples. These samples are directly compatible with Sigma 9
software and ready for immediate realtime processing. The PAU also limit-checks up to
512 measurements against high and low limits, time-tags data and effectively merges PCM
and FM samples. These features are available at a specified 50,000 samples per second
and NATC has operated the unit at 107% of this level. The unit, designed and built by
Xerox, the overall system contractor, is constructed from off-the-shelf logic modules and
core memory unit. By using the PAU for the above functions, applications programs
become more modular and flexible as well as creating a much lower demand on CPU
processing bandwidth. Discretes and syllables of 16 bits or less may be transferred bit-for-
bit without scaling if desired. It should be noted that this design allows virtually unlimited
percentage mixes between FM and PCM. NATC has operated the system using less than 



1% FM data on one end of the spectrum and less than 2% PCM data on the other. The
trivial cases of all FM and all PCM are, of course, supported.

Cross Stream Feature.   In the multi-stream (more than one Decom/Synchronization and
Display block) system it is extremely desirable to be able to log-on with any of the front-
end and Display block combinations. In RTPS this flexibility is provided. The primary use
is to configure around problems and to retain setups where manual patching or other
nonstandard features are involved.

Data compression is not utilized in RTPS other than that the measurement string buffers
may be resampled at lower rates if redundant data is known to have been collected and
that the PAU and PCM decom make excellent editing devices for not passing data that is
unwanted. Additional flexibility is provided via software which allows the calibration
coefficients to be modified on the basis of inflight calibration sequences for FM and to be
tested for PCM.

Flexibility Objectives-Processing and Control.   To cover the total range and potential
of existing and new developments for this block is to exhaustively treat the field of digital
computation and is clearly beyond the scope of this paper. Currently feasible features can
be treated as they relate to real-time test data processing, however, with a view to
evaluating future developments and to retaining integrated system objectives as opposed to
computerization mania. Many references are available in the real-time computation
area (10,1) in addition to voluminous vendor information concerning specific machines.

Features which have proven to be extremely useful for real-time processing include the
flexibility offered by combination hardware (interrupt) and software task scheduling, multi-
programming for foreground real-time jobs, the ability to do input/output without cycle-
stealing, memory sharing capability, and low-overhead operating system software. These
should be considered as mandatory on a selective basis for the target system depending on
total integrated system context. This block will be considered further only in terms of
features as seen by the Telemetry Engineer and the impact on the end-user or Project
Engineer. The adequacy of core storage, execution speed and peripherals is an obvious
overall requirement.

Telemetry Engineer Terminal.   The importance of software design, reliability and depth
cannot be overemphasized with respect to todays real-time telemetry processing systems.
Software ultimately determines the useable flexibility of the system at any point in time. A
primary flexibility objective is immediate Telemetry Engineer control of system operation
and access to pertinent files and status information. An extremely effective mechanism in
the Navy RTPS is an alphanumeric keyboard and CRT combination directly connected to
the central processor and referred to as the Telemetry Engineer Station (TES). One very



effective feature is the utilization of menus for selecting activity, displaying information
and maintaining logical organization. The TES, Figure 3, is completely menu-oriented.
This terminal provides direct control for enabling a total integrated data path or stream
(“log-on”). A single terminal serves two streams in RTPS. One stream may be logged on
or off while the other continues processing, instrumentation files may be interrogated,
created or updated and front-end equipment can be configured or readiness tested, all
through the TES terminal. All inputs are in English-language telemetry terminology and no
programming experience is needed for operation. A major flexibility objective is to be able
to quickly configure the system to handle a real-time test or playback. By utilizing disc
storage and automated patching control, approximately 60 different projects can be
available for immediate log-on. The system can be configured to halt processing on one
project, call up all necessary files and be logged on for full integrated processing of a
different or unrelated project in under 2 minutes. This provides good utilization potential
and rapid response to operational trade-off decisions, for example when a scheduled flight
is cancelled or when a new flight is begun on short notice.

The flexibility of any real-time telemetry system is greatly enhanced by a ‘Telemetry
Compiler’ software package. In RTPS, this allows simple format description to the system
in TM terminology–no programming involved–entry of calibration data, and generation of
all machine language load modules for decommutation, sampling and Data Channel
functions. In effect, this package is software which writes the tedious machine language
load modules for all front-end devices, preprocessing and simulation for all projects,
regardless of format–a program which ‘writes’ programs on behalf of the Telemetry
Engineer. The prime flexibility objectives from the telemetry engineer’s viewpoint are
accomplished via a menu oriented terminal connected directly to the central processor
supported by universal Telemetry Compiler, instrumentation file, readiness test, equipment
configuration and log-on software.

Concurrent Batch.   Most processors utilized for realtime telemetry processing (19,21,7,22)

can support batch processing as a background feature. This is a valuable flexibility fall-out
of the inclusion of a large-scale general-purpose digital computer. In the NATC system
two real-time or tape playback streams are supported concurrently with background batch
utilizing a Xerox sigma 9 with 224K-32 bit core, 55 million bytes of disc storage and the
CP-R operating system. This has proven quite flexible for processing EU tapes in the
background while handling two real-time tests or integrated mode tape playbacks.

Space Position Interface.   A key flexibility item in terms of weapons system and certain
other tests is the ability to compute upon telemetered data and range-collected space-
position data in the same system in real-time and to display combined results. This
capability exists with the Navy RTPS utilizing a microwave link from a theodolite/radar
range facility.



Measurement-string Buffer Concept.   The key to flexibility in the RTPS-CPU for real-
time processing is the measurement string buffer concept. Fixed, known real-memory
locations (as opposed to virtual addresses) are loaded with the latest samples of data by
the Data Channel Programmed Algorithm Unit. These buffer locations are then available
for retrieval-scan use by the RTPS operating software which provides (a) automatic
availability of EU data outputs to all output devices without writing individual project
software (b) fetch for NATC applications programs in a “latest sample” mode and (c) fetch
for applications in an “every sample but no redundant samples” mode. This storage and
resampling scheme, then, is the key to data throughput flexibility in RTPS. In this
particular system all applications software (relating to a unique project or type of project)
written by the Test Center is done on the Sigma 9 CPU. The bulk of this software is
extended Fortran IV with some in-line assembly code where extra speed is required. The
flexibility provided by the in-line assembly code feature of Xerox extended Fortran IV has
proven to be of value in conserving the manpower needed to do real-time applications
programming.

Flexibility objectives–Display.   The range of features and outputs for real-time
display (5,7,15,16,14) is so broad that there are wide variations from system-to-system based
largely on the subject matter (aircraft testing, transportation vehicle testing, weapons
system testing) but also due to individual preferences of the customers involved. The
objectives discussed here are referenced to aircraft/weapon-system testing in support of all
divisions of the Naval Air Test Center, Test Pilot School and Surface Effect Ships Test
and Evaluation Facility.

The Navy’s RTPS output/display subsystem is called a Project Engineer Station (PES),
Figures 4 through 7. A major decision must be made at the design stage for a system of
this type as to who will operate the display subsystem. Presumably, more complex and
intricate features can be applied if the operator is in a computer specialty field and
prepared to mentally visualize the inner-workings of the system. There are several
problems with this approach however. First, the assumption that detailed knowledge of
internal hardware or software mechanisms is helpful is not valid in a system of this type. In
fact, preoccupation in this area tends to distract the operator from the objectives of the test
being conducted. It further contributes to the chronic problems which inhibit optimum
application of digital computers: a tendency toward unjustified job security through jargon
and rote memory mechanisms and a tendency toward introverted attention to the machine
rather than to the overall purpose of the integrated system. Secondly, the barrier and time-
delay of interpersonal communications between end-user and operator would preclude
optimum man-machine interaction in real-time testing activity. This is probably the most
basic premise underlying the productivity of any real-time telemetry processing system.
Based on the above reasoning, the Naval Air Test Center determined in 1969 that Project
Engineers who would be the end-users of results available through real-time telemetry



processing should also be the operators of the Display Subsystem of RTPS. The validity of
this decision is supported by current experience at NATC. The end-users (almost
exclusively engineers) have learned to use the PES, Figure 7, with only 3 half-days of
formal training augmented by 2 or more days of hands-on utilization. While simplicity
appears to contradict flexibility objectives, the net effect has been greater flexibility to the
end-user because learning to use the PES has not been an obstacle. Another advantage of
this approach (14) is increased Project Engineer involvement with the realities of his
quantitative test information. The conclusion is that high productivity cannot be realized in
the real-time telemetry processing system without Display block operational simplicity.
Flexibility objectives are met in this subsystem in the design stage by subordinating other
factors and demands to the goal of simplicity.

Function Keyboard.   The primary selection device placed before the user is the 64 key
function keyboard, Figure 6, and discussion here will center on that device. A typewriter-
like ‘standard’ keyboard is also used, primarily for response that is prompted by prompting
messages at the bottom of the CRT. Commands for Start/Stop of Flight, strip-chart output,
EU tape generation, out-of-limits processing, and maneuvers (specifically characterized
test events) are all handled by direct single-button “function key” selection. Each selection
is followed up by a prompting message on the screen indicating any further action or input
required of the user. Any typed input is displayed on an “echo” line below the prompting
line. If the user is satisfied with his tentative input he completes the entry by pressing an
end-of-message key. Extensive logical validity checks are applied to the message and the
operator is advised if textual or typing mistakes have been made.

The top 48 of the 64 function keys are dedicated to specific systems functions such as the
Start/Stop operations noted above and have the same meaning for all projects. Several
keys are spares for future system features. The remaining (bottom) 16 are universally
available for (NATC-written) software definition and retain their particular use only for a
single maneuver or flight. This provides virtually unlimited flexibility for the Project
Engineer to have unique applications software written and tied to his test program without
interfering with the work of other projects and other disciplines. This feature facilitates
support of diverse projects (such as weapon systems and flight testing) on the same
system. An extremely useful systems enhancement implemented by NATC is the
Calibration Plot Function, Figure 6. This function provides a full-screen plot of any
calibration curve stored in the RTPS data base. Figure 7 shows an example of the result.
The plot is Engineering Units of the subject measurement/transducer versus Telemetry
Units (either PCM counts or FM % bandedge). All pertinent file information and a tabular
list of the calibration points is provided. A third column shows the table of residuals from
the polynomial fit being applied in the Data Channel algorithm unit. This provides
feedback to the instrumentation personnel and a rapid means for resolving any questions of 



calibration which arise. Note that an indicator alongside the residuals shows which points
are not fitted within tolerance by the first or fifth order fit applied by the system.

Systems-level function keys are provided for routing digital output “Nixie” displays,
selected measurements in the screen header and strip chart parameters. Further “define”
keys are provided for maneuver, plot group within maneuver and individual plot grid setup.
Wide varieties of plotting formats are provided as standard features. None require “new”
software and all are available for use by the Project Engineer as he sees fit in forming his
test plans. By using the save/restore key each user saves his entire setup (plot group,
maneuver and all output routing) in a disc file at the central processor. The same key is
used to restore the file by name, making well-planned, lengthy display/output arrangements
immediately available at flight time. Another flexibility objective is satisfied by the ability
to modify and make changes at or during the flight. Routine operation involves use of the
Select Maneuver key to select predefined maneuvers during the flight or tape playback
prior to Start Maneuver. Once the maneuver is started Select Group is used to pick out one
of up to 16 display setups to use at the moment. All 16 plot groups are being collected and
stored on a recall file regardless of which is being viewed. The Plot Recall key is used
after Stop Maneuver to display any or all of those plots in the full-screen format for
detailed inspection. Any useful result appearing on the CRT is committed to paper by use
of the Hardcopy key. Various other convenience features are provided by the remaining
system-level keys such as limit-check alteration, plot scale changes, smoothing (“fair”),
text editing and note entry on the screen. In-flight calibration keys are also provided.
Finally, keys are color-coded by functional group.

Other features included with the Display block in the Navy RTPS are video tracking
coverage (both realtime and playback)for close-in flights, automatic user controlled tape
search of analog, parallel PCM, serial PCM or EU (computer) tapes all from the PES for
quick-turnaround, on-line, post-flight processing.

Conclusions.   FM handling will be retained for the next several years due to needs for
filtering, reliability, ease of installation and availability strengthened by the lack of
drawbacks which have seen PAM/PDM decline in recent years. Primary flexibility
objectives for the Data Channel block are speed, rapid repeatable project/format switching
and stand-alone capacity. The ability to merge widely varying percentages of FM and
PCM from project to project is highly advantageous in meeting customer demand. These
objectives can be met by using a heavily stored-program approach and special-purpose
algorithm units to do the high-rate repetitive scaling limit-checking and linearization
functions. This will be more so in the future as microprocessors and microprogrammed
minicomputers advance into common use. A menu-oriented terminal off the CPU
supported by a Telemetry Compiler, instrumentation file and related software can provide
extremely good control and response flexibility for the Telemetry Engineer. Processing and



Control block objectives can be met effectively using a large-scale digital computer with
combination hardware and software task scheduling, multiprogramming for foreground
real-time jobs and concurrent processing during input/output. The measurement-string
buffer concept has proven very flexible for realtime data throughput. Display block
flexibility objectives should evolve from a heavy simplicity design requirement including
the end-user as the Display Subsystem operator. The simplicity objective in relation to
computer-driven graphics CRT and typical real-time/rapid post-test processing can be
achieved using a dedicated function keyboard to control operation while retaining the
flexibility to handle widely diverse project types. The key to success with computer
applications such as real-time telemetry processing is to make software/hardware details
transparent to the logically unconcerned end-user and to apply careful human engineering
attention to all operational sequences.
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FIG. 2  DATA CHANNEL - RTPS (one stream shown )

Figure 3 - Telemetry Engineer Station CRT
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FIG.4  DISPLAY SUBSYSTEM - RTPS
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EVOLUTION OF THE DOUGLAS FLIGHT-TEST DATA SYSTEM

L. D. CROWLEY
Douglas Aircraft Company

Long Beach, Calif.

Summary.   The process of developing new techniques and systems for the purpose of
flight-test data acquisition, communication, and processing is, in fact, an evolutionary one.
It is filled with potential mutations formed when an orderly or direct path is not taken in
any of supporting disciplines or when the capabilities of one link greatly exceed those of
another.

The rigid design philosophy that made the Douglas system so successful in support of
numerous test programs has had both a negative and positive effect of limiting, or at least
slowing, the future growth in flexibility. Upgrading the system with new hardware and
software must be accomplished in a manner that does not degrade the existing performance
and throughput capabilities while making room for the new species to evolve.

Problems have been minimized by placing the development of the acquisition and
processing systems under common management and, in turn, having this group
accountable to the project users of the system. Constant feedback between system
developers and users has ensured a degree of adaptability to the hostile environment of test
program costs and schedules.

Introduction.   The Douglas Flight-Test Data System was designed to provide a new
approach to data acquisition, communications, and processing. In order to ensure success
for the DC-10 program, these three elements were developed and integrated
simultaneously to obtain maximum compatibility. The resulting system has performed very
well and according to design specifications. It has been successfully utilized in the
development and certification of the DC-10 (Series 10, 30, and 40), DC-9 and DC-8
commercial aircraft, the A-4N military development and demonstration programs and
many miscellaneous laboratory programs, including seat ejection development tests.

Since its initial implementation in 1970 the most challenging efforts have been in
developing and/or accepting inputs from new acquisition systems with formats different
from the original and in interfacing these sources to the communications and data
processing system. During this process, the ground station hardware has not changed
significantly, but the software has been continually expanded.



In addition to the new input sources, the next most challenging effort is in terms of
increasing the level of data processing. This involves improvements in real-time and post-
test data analysis capability by combining the basic data processing task with special
analysis programs and interactive computer graphics. The goal of adaptability/flexibility is
being met by tempering the requirements for improvements with the data throughput
sufficient for a multiproject operation.

Airborne Data Acquisition

Baseline Digital Data System (DDS).   The baseline airborne data acquisition system was
procured in 1968 and 10 of these systems are in use today. The system, shown in Fig. 1,
uses PCM encoding techniques and contains 400 data channels, 90 channels recorded at
prime sampling rates, 290 channels recorded at a 10:1 subcom rate, and 20 channels at
20:1 subcom rate. The prime and subcom allocations are made up of 320 analog,
60 digital, and 20 frequency input channels. The prime channel sampling rate can be
controlled in flight from 400 to 10 samples-per-second in six stages.

FIGURE 1. 400  CHANNEL DATA SYSTEM - DDS

Test information is resolved into a 10-bit data word for a ±511-count range. The maximum
data stream rate is 500,000 bits-per-second. Recording is in Manchester I code (serial)
with a maximum tape packing density of 8333 bits-per-inch. Telemetry transmission uses
NRZ-M code. An IRIG time code generator is integrated into the system to provide system



clock, remote time displays for the flight-test engineer, clocking pulses to drive auxiliary
equipment, group binary time in the data stream, and serial BCD time with a 1-KHz carrier
on a separate tape search track.

The system is given wide flexibility for recording instrumentation inputs through the use of
a signal conditioning subsystem. This subsystem consists of an identical processing
network for 320 analog input channels packaged in two 160-channel modules. Each one
provides amplification (gain), zero adjustment, active filtering, common mode isolation,
shunt calibration, and standard instrumentation excitation power distribution. All elements
except amplifiers may be bypassed if desired. Transducer bridge, thermocouple, or other
electrical signal inputs of 5 millivolts to 30 volts full-scale can be accepted on any of these
universal analog channels. In addition, the system will accept pure parallel digital inputs on
both prime and subcom channels.

The 14-track tape recorder has 2 MHz bandwidth response at a tape speed of 120 inches-
per-second. It operates at any one of six run speeds to match the selected digital data
sampling rates. Data are recorded on one track of magnetic tape which is 1 inch wide,
9200 feet long, and carried on a 14-inch reel. Other tracks on the magnetic tape are used to
record IRIG B time and FM data.

New Airborne Equipment.   Several changes and additions have been made to the
airborne data acquisition equipment. All of these changes have retained overall
compatibility with the existing communication and ground station systems.

(1)   Mini Digital Data System (MDDS) - Uses the same format as the baseline 400-
channel data system. This version has 125 channels all of which are prime. The MDDS
(see Fig. 2) is physically smaller and is designed for quicker installation for large aircraft
where fewer parameters are required and for small aircraft such as the A-4 series where it
fits into an external instrumentation store.

(2)   Asychronous Buffer System (ABS) - Many data requirements for today’s complex
avionics systems require the acquisition of signals from airborne computers that output a
serial data stream which is asychronous to the basic test data system. In order to capture
these data and utilize the existing ground station hardware and software, the ABS system
was designed to accept these high-burst rate signals, then buffer, reformat, and clock these
data into a compatible data stream.

(3)   Hybrid Thick Film Micro Circuitry - The advent of the new film technology has made
possible the updating of test equipment to improve reliability, decrease power
requirements and reduce the size and weight of equipment. Douglas has been very active
in this area and has done in-house design, development and fabrication of several 



FIGURE 2.  125 CHANNEL DATA SYSTEM - MDDS

components including signal conditioning amplifiers, time code generators and special
signal conditioning units for discrete measurements. A comparison of a discrete component
version of a signal conditioning card with a thick-film, microcircuit version containing
variable gain-step amplification, zero adjustment, active filtering, common-mode isolation,
shunt calibration and excitation power is shown in Fig. 3.

FIGURE 3. SIGNAL CONDITIONING AMPLIFIERS



Future Airborne System Plans.   Airborne data acquisition systems will continue to
evolve as new requirements arise and technology permits. Douglas is active in the
design/development cycle or in the procurement phase of many new systems associated
with acquisition and recording. Among these are the following:

(1)   Digital Subcom Unit (DSU) - When the original DDS was designed, fixed limits were
set as to how many analog and digital parameters, both prime and subcom, could be input
to each system and exactly where these signals would be sampled in the PCM frame.
Parameter types were grouped together in blocks of channels such as digital subcom,
analog subcom, analog prime, and digital prime. The great majority of these channels were
reserved for analog inputs. The digital inputs were reserved for a few digital transducers,
encoders, counters, and discretes. New avionics equipment, however, abounds with bi-
level discretes that indicate modes of operation. In order to handle additional discretes or
parallel digital inputs the new DSU currently in development will replace prime digital
channels with subcom channels. This will be done in module of 3 prime or 30 subcom.
channels. Since each channel contains 10 bits a subtotal of 300 bi-level discretes will be
handled by each DSU. Up to three DSUs may be added for a total of up to 900 discretes.

(2)   Digital Add- on Unit (DAU) - Like the DSU above the DAU will extend the
capability of the basic DDS to handle more digital inputs. The DAU will permit serial or
parallel digital channels to replace analog channel in the serial data stream. This will be
accomplished external to the existing system by clocking the replacement data into the
serial word string at the proper location. Both prime and subcom positions may be used.
The DAU will incorporate features similar to the ABS previously discussed in that it will
merge serial asychronous burst data with standard parallel inputs.

(3)   Remote Multiplexor Data System (RMDS) - One of the more significant costs of
instrumenting an aircraft such as the DC-10 with its multitude of parameters and physical
size, is in the stringing of wire from the end item transducers to the data acquisition system
(see Figs. 4 and 5). The cost of material and labor for installation prior to first flight and
for the refurbishment after the last test flight of an aircraft provides a strong incentive for
the implementation of a new type of data acquisition system. The RMDS which is in the
procurement phase is ideal for this application since it allows for many smaller remote
multiplexor units (RMU) to be located at strategic points in the aircraft rather than a single
centralized location. These acquisition units are tied to a “mother” data management unit
(DMU) which merges all remote units into a serial data stream for recording and/or
transmission (see Fig. 6). It is estimated that a forthcoming DC-10 test program will use
only 24,000 feet of wiring using the multiplexor system as compared to 205,000 feet
(40 miles) if the DDS were used. A direct savings of 3900 man-hours for installation,
$55,000 in wire costs and a 7000-pound reduction in weight will be realized. These
savings do not include the reduction in refurbishment costs.



FIGURE 4.  WIRING BUNDLES - FIGURE 5.  WIRING BUNDLES - 
DC-10 CARGO BAY DC-10 PATCH PANEL BAYS

FIGURE 6.  REMOTE MULTIPLEXER DATA SYSTEM INSTALLATION



In addition to its appeal to management as a cost savings technique, the RMDS will give
the instrumentation engineer a much greater capability in data acquisition. One of the main
features of the RMDS is its flexibility in terms of parameter inputs and sampling rates.
Where the present DDS uses fixed prime/subcom and analog/digital channel assignments,
the RMDS does not. The instrumentation engineer may mix parameters in a variety of
ways. He may have several different subcommutation ratesand may supercommutate as
well (all of which are unavailable in the existing DDS system). He may add or subtract
remote MUX units and vary the length of the major and minor frames.

However, all of this flexibility has its price. Operational procedures will become more
complex. With the fixed-format DDS system there is no confusion about the DDS
configuration of today’s flight relative to yesterday’s or two years’ previous. Channel 360
is, was and will be an analog prime channel, regardless of what aircraft it appears on or at
what point in time it occurs. Not so with the RMDS. (Some modification to this
simplification may occur with the use of the add-on units previously described.) Greater
control and coordination must be evolved to monitor and communicate system changes
such that data processing is not unduly complicated or data throughput reduced. As such
Douglas will initially use the RMDS in a fashion similar to the present DDS. As
operational procedures and data processing capabilities permit, the system will be given
more and more freedom of format.

Since the RMUs are independent data systems they may be used standalone without the
DMU for lessor applications. The DMU is actually a mini-computer and some of the
excess bandwidth will probably be used to enhance on-board processing and display of
test parameters.

(4)   Hybrid Thin-Film Microcircuitry - Douglas is actively pursuing the development of
thin-film microcircuit technology. Although still in the development stage, these techniques
will play a big part in the future of instrumentation components. Applications at Douglas
are beginning with the utilization of these techniques for a PCM decommutation unit to
provide on-board display of test data directly from the serial data stream of DDS or
RMDS units.

Data Transmission/Communications

Baseline Telemetry/Microwave Link.   Developed and procured at the same time as the
airborne acquisition systems the baseline telemetry and microwave link provides real-time
data and voice communications for Douglas flight-test operations in Southern California.
The telemetry section originally utilized dual, 10-watt, L-band transmitters in the aircraft
operating on different frequencies in the 1435 to 1485 MHz band. An automated ground
tracking antenna is located atop 8400-foot Frost Peak (42 air miles from Long Beach) and



provides a test radius of up to 250 miles at 30,000-foot altitude. The mountain-top facility
uses four receivers for frequency and polarity diversity monitoring of signals to minimize
signal dropout during aircraft maneuvering. The entire data stream and IRIG time of day is
received and relayed to Long Beach via a single-leg microwave link. In addition to the
500-KHz data stream the microwave link provides active radio communication on several
bands between test aircraft and the Long Beach facility. Automatic microwave fault
isolation monitoring is also carried on the link.

New Facilities and Capabilities.   The following improvements have been made in the
T/M microwave link:

(1)   Telemetry Transmission - One of the earliest updates to the telemetry section was to
improve the reliability and bandwidth capabilities of the airborne transmitter. Twenty-watt
transmitters have replaced the 10-watt units and have improved the overall operation
considerably.

(2)   Yuma Remote Terminal - Shortly after the start of the DC-10 test program the bulk of
the test operation was moved to Yuma, Arizona which is 190 air miles from Long Beach.
Initially test flights from this facility were monitored with telemetry from the Frost Peak
antenna only after the aircraft had reached an altitude of 20,000 feet. Today the operation
is quite different. The Yuma facility has its own telemetry tracking system and is
connected to Long Beach via a 5-leg microwave link. Test operation range from Long
Beach is greatly extended (see Fig. 7) and now covers airspace from above Fresno,
California into Baja, California where the Mexican government has given permission to
operate.

FIGURE 7.  TELEMETRY/MICROWAVE COVERAGE -
AIRCRAFT AT 30,000 FT



(3)   Data Dump - Operating from Yuma necessitated an improvement in the transportation
of high-priority airborne recorded tapes to the Long Beach facility. Instead of waiting for
air or ground shipment of these tapes they are now dumped via the microwave link to Long
Beach and duplicated on similar tape equipment. Playback rates of up to 1 MHz are used
to expedite this transmittal providing a speedup of 2 to 64 times the real-time record rate.

(4)   Closed-Circuit TV - The Yuma microwave link provides 24 channels of telephone
lines in addition to the data transmittal. The adage “a picture is worth 1024 words”
justifies the newest use of this link in support of a closed-circuit TV system. Management
and engineering personnel at Long Beach and their counterparts at Yuma now
communicate (pre- and post-flight meetings, etc.) from conference rooms and offices
equipped with camera and monitors.

(5)   Laser Modem - Although not a basic part of the Flight-Test Data System the Mobile
Laser Tracking System must communicate with the Long Beach facility to expedite data
processing. This is accomplished by transmitting the laser data via a dual modem and the
microwave link to the Long Beach facility. The microwave link eliminates many problems
associated with commercial telephone networks.

Future Expansion.   Since communication of information expedites decision making, new
developments are always required to narrow the time gap from acquisition to analysis.
Some of these are listed below:

(1)   Laser Computer Uplink - As previously mentioned the laser tracking data are
currently transmitted to Long Beach via modem. These are raw polar coordinate data and
must then be processed into x, y, z space positioning data and merged with the appropriate
measured aircraft data. The newest laser system will incorporate a computer in the laser
van to process the raw data in a format which is directly usable. In order to eliminate the
need for a post-flight merge of the laser and aircraft data, it is currently planned to uplink
the laser data to the aircraft and merge into the DDS data stream for recording and/or
transmittal to the ground data processing facility via the microwave link. In addition this
uplink permits the installation of flight guidance data displays for the flight crew.

(2)   CRT Image Transmission - Remote test sites such as Yuma require feedback of data
for test planning purposes. Since all data processing is accomplished at Long Beach a
means of relaying this information must be developed. Current plans include the
installation of equipment to scan and transmit CRT display images and transmit these to
Yuma in video format via the microwave link for display on a high-resolution TV monitor
and/or hardcopy output unit. With the use of a TV camera this system will be used for
high-speed facsimile transmission of images from any source such as listings, sketches,
photographs, etc.



(3)   Acoustic Data Transmission - With the emphasis on noise abatement, more testing
than ever before is being done in this field and the testing is done again at remote
locations. The Douglas installation at Yuma has extensive facilities to measure and record
acoustic noise levels. Current operation requires these FM recorded data to be sent to
Long Beach for the process of performing 1/3-octave-band filtering, digitizing, and
processing to obtain standardized perceived noise levels. In order to expedite this
procedure and provide improved field monitoring and test direction, some of the noise data
processing will be accomplished at Yuma in real time and transmitted via the microwave
link for final data reduction in Long Beach. This approach simplifies and expedites the
merging of the aircraft and space positioning data (from the laser uplink) with the noise
measurements.

Test Monitor and Data Processing

Baseline Flight Control and Data Center.   The Flight Control and Data Center serves
as both a data reduction center and a flight control monitor station for flight-test aircraft. It
provides the equipment and environment to allow multiple-test vehicle data processing and
monitoring of test data, both in graphical and tabular forms, with strip chart backup for
redundancy independent of the computer. To accomplish these objectives, the approach
diagrammed in Fig. 8 was provided. The data processing consists of handling the multiple,
high-rate input data, making engineering unit displays of selected test data, and obtaining
hardcopy and/or high-quality microfilm outputs of the finished display. Fig. 9 and 10 are
views of the data center.

FIGURE 8.  DATA PROCESSING SYSTEM - OPERATIONAL SCHEMATIC



FIGURE 9.  FLIGHT CONTROL AND DATA CENTER
 

FIGURE 10.  CRT GRAPHIC DISPLAYS

The heart of the Flight Control and Data Center is a Sigma 7 computer with 131K words
of memory. The computer receives test information either from the telemetry microwave
link or from the tape recorded onboard for post-flight analysis, converts the raw data to
engineering units, and displays the results in corrected time history or tabular form on
CRTs. Through a special-function keyboard designed specifically for flight development,
and a standard alphanumeric keyboard, a CRT operator (a flight-test engineer) is able to



call for any parameter over any time span. Through these keyboards and a light pen, the
operator is capable of adding, deleting, or replacing parameters, changing scales in both
the X and Y axis, adding notes or titles, and producing on the CRT a final annotated
engineering-unit tabulation, or time-history plot. This can be accomplished during the flight
or after the flight. When the operator is satisfied with the results, he can make a hardcopy
or microfilm copy, or both, by actuating a key on the special function keyboard. The
hardcopy is available in approximately 10 seconds.

The ground system includes five active CRTs, each completely independent of the others,
a large random-access disc file used primarily for temporary raw-data storage, and two
PCM decommutators which permit post-flight analysis on two separate flights or a
combination of post-flight analysis in conjunction with real-time flight monitoring. For
easy access and fast data processing, all calibrations for all channels and all flights for
each of the test aircraft are also stored on the random-access disc. A standard line printer
and a 1/2-inch magnetic tape output are also available for analysis and for standard batch
programs not requiring the graphic display output. The data center also includes a
complete communications system, operating through the microwave relay station, that
permits direct aircraft communications for the flight director and/or the individual CRT
users.

Modifications to Date - Hardware.   Few changes have been made in the ground station
hardware since, for the most part, the operation has been satisfactory and the system and
personnel have been too busy to afford the opportunity for change. Areas that have been
modified include:

(1)   Hardcopy/Microfilm - The one area of the data system which has been less than
satisfactory has been in the reproduction of CRT displays. The hardcopy and microfilm
units have required more maintenance than any of the units in the system. Accordingly,
Douglas had to procure a second hardcopy unit for backup purposes and modify the
camera installation in the microfilm unit to improve reliability and provide better status
indications to the controlling software. Several vendor updates were made to the hardcopy
units to improve the paper handling mechanism and dust removal from the optical section.

(2) Multiplexor/Digitizer (MD-40) - Since its inception the system as described in this
paper has been limited to the processing of PCM data. Due to the high sampling rates of
the airborne acquisition system it was possible to handle most test requirements in this
manner except for vibration and acoustic information utilizing FM recording techniques.
This type of data has been handled separately in an adjacent facility. As applications of the
Data Center and the CRT displays have spread to other areas in flight and laboratory
development so has the need for handling high-frequency data. Accordingly, the Data
Center now contains sufficient FM electronics, a high-speed multiplexor and analog-to-



digital converter to enter these data into the Sigma 7 for processing and display in the same
manner as PCM data.

(3)   Flight Recorder Playback/Transcription Electronics - All commercial passenger-
carrying aircraft carry some form of a flight recorder, measuring pertinent variables for the
investigation of accidents or incidents. The newest versions of these systems are digital
PCM and they acquire many more parameters than their predecessors. It requires special
equipment to play back data from these recorders so it may be processed. Douglas has
procured and installed sufficient equipment to handle this requirement for all
configurations of recording systems currently in use on the DC-10 aircraft.

Modifications to Date - Software.   A full-time staff of at least seven programmers has
been involved with supporting the Flight Control and Data Center. Although some of these
programmers have concentrated on batch analysis programs the greater percentage have
dealt directly with system software maintenance and new capabilities. The major areas of
new capabilities include:

(1)   Normalize - In addition to the basic task of producing engineering unit time-history
data in tabular, time-plot or cross-plot formats, the system can output another level of
processed data. This capability is termed “Normalize” and is available via the CRT
function keyboard either through the CRT operator or via the keyboard simulate mode.
Basically, this mode allows the user to further process the engineering unit data through
various equations or chains of equations to output calculated parameters. These equations
permit combining the engineering unit output of one or more data channels along with
appropriate constants to form a new output value. The normalize process is a powerful tool
that permits on-line computation and display in time plot, cross plot, or tabulations of
many values that would normally be processed in a batch mode with special analysis
programs.

(2)   Background Batch Capability - During the first two years of operation, batch
programs could not be input when the system software was resident. All batch jobs had to
be run on second or third work shifts or system operation had to be suspended while batch
jobs were run on the first shift. Since that time, the concurrent foreground (system) and
background (batch) operation has been implemented which greatly improves overall
efficiency and data turnaround time.

(3)   Variation of Input Data Formats - With the first deviation from the format or
configuration of the baseline data acquisition system, software changes were required in
two major areas: 1) those required to handle the unique format in the individual routines
comprising data acquisition, file management and data selection and 2) those necessary to
distinguish one configuration from another during system log-on (initialization procedure



for each user) such that the appropriate routines would be utilized. Changes were required
for all input configurations where such parameters as frame sizes, sampling rates, subcom
ratios, word size or negative number notation were changed or where the tape density (i.e.,
8000 vs 16000 bits /inch), PCM code (i.e., BI-PHASE, NRZ, DM) were different from the
baseline configuration.

Future System Improvements - Hardware.   Except for core-size limitations within the
computer, the system as it is currently configured, is adequate for its original goal of
handling flight-test data monitoring and processing. However, efforts are currently
underway to extend the interactive processing capability to areas in laboratory test and
acoustic/vibration data processing support. Many of these tasks involve remote locations
which will necessitate communications of both input and output data. Some of the planned
improvements are:

(1)   Digital Electrostatic Plotter - Certain test requirements necessitate output data formats
that are either not compatible with CRT displays or would result in a waste of resources if
CRTs were used. As such, Douglas is implementing a high-speed electrostatic printer/
plotter which will be interfaced to the Sigma 7 and will provide this alternative to data
output.

(2)   Interface to Other Data Sources - The acquisition and processing capabilities of the
Flight-Test Data System have been used for a variety of applications for laboratory tests.
For the most part these requirements have been fulfilled by using an airborne data system
to acquire the data. Future uses will interface existing laboratory equipment directly to the
Sigma 7 for processing and output to the CRTs or digital plotter.

(3)   System Resource Allocation Console - The current method of assigning a data source
to the system preprocessing equipment, computer, and output devices is too complicated,
time consuming, and is subject to human errors. A new approach will be taken to
consolidate all of these functions in a centralized resource allocation console, from which
an electronic switching matrix and direct computer interface would be activated to set up
the appropriate data path and equipment assignment.

(4)   Hardcopy/Microfilm Unit Replacement - The existing hardcopy and microfilm output
devices for CRT data are analog driven and utilize a small CRT and optical translation to
produce an image on chemicallytreated paper. As previously mentioned, this equipment
requires extensive maintenance and produces copies of marginal quality. Current plans at
Douglas are to replace and/or augment these units with a device which improves quality,
reduces maintenance and is suitable for use in remote locations via a digital link.
Candidate systems for this replacement include the implementation of a high-speed, fine-



resolution, electrostatic printer/plotter with software required to convert the existing
random CRT refresh commands to an ordered raster scan digital output.

It is disappointing to say the least, that the industry has not perfected a means of producing
high-quality hardcopies of CRT display images that may be produced quickly and
inexpensively. The continued development and utilization of CRT displays and interfacing
equipment seems to have left a void in this area.

(5)   Basic Computer Update - The existing Sigma 7 computer is fully expanded with 131K
words of core memory and all six memory ports are in use. In addition, the batch
processing monitor can only accommodate one batch job concurrent with the foreground
operation. With the increase in I10 required to handle new data sources, as discussed
above, and increasing number and size of batch jobs, it will be necessary to update the
Sigma 7 with a Sigma 9 or equivalent. The final system must be Sigma compatible as far
as software is concerned and must permit additional core, ports, and virtual memory
features.

Future System Improvements - Software.   The requirements for software updates is an
ongoing one that is involved with most improvements to the acquisition and processing
hardware discussed previously. In addition, two major areas of software development will
be accomplished in the near future:

(1)   Analysis Program - The existing interactive CRT data processing permits real-time,
intermaneuver and post-flight display of data in graphical or tabular format. Displayed data
may be simply converted to engineering units or may involve the use of a series of
equations to output special computer values. In order to provide a more powerful analysis
and interactive graphics capability, the following improvements are currently being made:

• Allow batch analysis programs to be initiated from the CRT keyboards.
• Permit these programs to operate in the backbround but be able to use data from the

real-time foreground acquisition.
• Implement a user-oriented, general-purpose graphic package to allow the user to

communicate with the operating program and to output the data in any customized
display format (not limited to plots and tabulations).

The first phase of the development is now operational and the others are scheduled for
completion near the end of the year. These features, in conjunction with the basic system
capabilities, should greatly improve the level of data analysis capability and reduce the
turnaround time for final processing.



(2)   Flexible Format - Up to this point in time, software modifications have been required
each time the basic frame format or quantitizing technique has varied from that of the
original data acquisition system. The task of making these modifications is time
consuming, expensive, and complicates the software greatly. In order to take full
advantage of the Remote Multiplexor Data System (RMDS) capabilities previously
described, it will be necessary to take a new approach to this problem. The major
requirements in this area are three-fold:

• Permit dynamic redefinition of these formats or configurations.
• Be able to accept data acquisition system formats with a wide range of frame sizes,

frame rates, word sizes, supercom and and subcom ratios, LSB or MSB first,
magnitude only, sign and magnitude, 2’s complement, auto ranging gain notation, etc.

• Accomplish these improvements in a manner such that current processing and analysis
capability is not impaired and operational procedures are not unduly complicated.

Conclusions.   The basic character of the Douglas Flight-Test Data System remains
unchanged from its 1970 operational date. However, its capabilities have been expanded
through new data acquisition systems and improved communications links. Major
improvements in system reliability have been realized in the operation of hardware and
software. Continued development is foreseen in areas that improve the adaptability to
handle new input requirements and those that expand the interactive data processing and
display capabilities.



THE FUTURE OF REAL TIME TELEMETRY SYSTEMS
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Introduction.   This paper briefly outlines the development of real time data processing
systems and discusses the techniques used in present systems to bring full power of
computer facilities to the systems user. While discussing existing systems, future user
requirements are examined and the application of recent technology to these needs is
investigated. Software systems, hardware techniques and systems management are
reviewed so that future systems design may be responsive to the human, as well as the
technical elements of vehicle testing.

Background.   Since the advent of the missile age, the complexity of aircraft and space
vehicles and their associated costs have increased by several orders of magnitude. The task
of testing these vehicles has also been magnified to the extent that computerized data
processing is now required to handle the vast amounts of data produced by the
sophisticated instrumentation systems. The need for more data, at higher rates and with
greater accuracy, has led to the development of new digital data acquisition systems
which, in turn, has spurred the evolution of present telemetry and data processing systems.
The Apollo program, for example, telemetered approximately 1000 PCM parameters at a
51.2 Kbps rate. Typical aircraft flight test programs call for 300 to 500 measurements
outputted at a rate of 600 Kbps. Equipment is now available to handle data streams above
10 Mbps, but present user requirements seem to indicate that a 1 Mbps rate will satisfy
most needs over the next few years.

As the test vehicles become more exotic, so too have the acquisition systems. Sensors and
signal conditioning units have been miniaturized, allowing still more measurements per
unit volume. The cost per measurement has significantly decreased over the past five
years, but the sheer number of sensors have driven the total instrumentation cost skyward.
Single test vehicles, instrumented for multiple test disciplines, are now commonplace.
Safety-of-flight, even on unmanned vehicles, becomes an overriding consideration, since
the loss of a test vehicle may be catastrophic to the test program.



The on-board magnetic tape recording has gradually given way to telemetry of vehicle test
data to ground based equipment. Some of the most obvious advantages of this approach
are:

• The ability of ground based acquisition and processing systems to act on the test data
while the vehicle is still under test;

• More efficient use of the ground based equipment may be expected, since it is
available for other tests when the prime vehicle is not in use; maintenance is
facilitated; cost per vehicle is reduced;

• Elimination of the recording systems in test vehicles save weight and space, and so on.

Of these items, the ability to process data during vehicle testing is most relevent to this
discussion.

Early test efforts utilized FM analog techniques and the results, expressed in real time via
strip chart recorders or oscillographs, were in pseudo-engineering units. Accuracy was
severely limited by such factors as frequency response of the writing pen or galvanometer,
damping coefficients, calibrations, drift, etc. Digitizing the FM data improved the accuracy
but still left the number of transmitted data parameters as a direct function of the frequency
bandwidth.

Then the manned spacecraft effort was initiated. The combination of the astronomical
sums of money being spent on the vehicle equipment plus the safety-of-flight
considerations for the men on-board, required that the ground control personnel have
access to flight information without delay. Using the digital PCM techniques and advanced
high speed processors coupled with new generation real time software and peripheral
display devices, this effort was spectacularly successful.

The techniques proved in space were successfully adapted to other vehicle testing efforts.
Improvements and refinements were made to allow multiple data streams from several
independent sources to be simultaneously processed in real time. This creates greater
machine efficiency and utilization.

Perhaps the greatest contribution of real time processing has been the ability of the test
conductor to interact with the pilot/aircraft based on his knowledge of the on-going test
results. This communication provides assurance for the entire test team and greatly
enhances chances for successful fulfillment of test criteria. At the same time, safety-of-
flight is improved.

A reduction in the total test time may be expected, as well as a pecentage of planned
contingency flights. Real time processing allows comparison of test results with predicted



values. In case of divergence, the test conductor may elect to include a more gradual
progression of checkpoints, or if all values are normal, he may opt to skip certain
functions.

Learning from the extensive aerospace experience and based on a firm foundation of
technical computer expertise, Grumman Data Systems has created a new, user oriented,
real time data processing facility. This hardware/software system, in operation for the past
four years, continues to fulfill and expand upon its initial charter: to provide the user with
answers, not just data, in real time. This task embodies several important concepts which
point the way for future real time systems development. First, answers: presuppose that
confidence in the entire system is assured from sensor through analysis display. Second,
the ability of the ground personnel to assess this information must be facilitated through
interactive display capabilities. Third, and probably most important, is the ability, through
advanced software and hardware techniques, to avail the user of the full power and
resources of the computer.

This discussion will outline the approach we have taken and some of the advances which
have been made in the development of the Grumman Automated Telemetry System for real
time vehicle testing. We will then attempt to extrapolate the future direction of these
systems and forsee what is in store for the next generation of real time test facilities.

Software Operating Systems.   The advent of larger and more powerful computer
hardware creates the need for an advanced telemetry oriented, real time operating system.
Such a system would combine telemetry hardware, computer resources and user
requirements to produce meaningful results for the svstems user in real time. An example
is the Grumman Tele-SCOPE 340TM operating system. The criteria used in designing and
implementing such a system were flexibility, reliability and adaptability.

Such flexibility has been defined as the ability to adapt readily to the changing telemetry
and system user needs and requirements. One approach which may be taken to achieve
this goal is the separation of the system functions and responsibilities. In larger systems,
this may be done by separating the preprocessing and analysis functions with the
preprocessor handling all the front end functions such as data acquisition, decommutation,
sync acquisition, engineering units conversion and data buffering. Other features which
may be included are limit checking, data compression, strip chart display, etc. The analysis
function, then, may be carried out using the full power of the main processor or central
computer. The entire system, however, remains under the control of the real time operating
system. It provides complete control of all elements of the system and enables the real time
tasks to function smoothly, while simultaneously directing all other functions, such as
batch, timesharing/ RiE and monitoring operations.



The control and direction of this real time operating system may be accomplished using a
multi-level priority structure which may be dynamically adjusted according to system
requirements. Since real time operations, under normal conditions, require only minor
portions of the operating systems cycle time, the capability may exist to support batch,
remote job entry and timesharing facilities simultaneously. The dynamically changing
priority structure, allows for a continuously updated priority scale with the most critical
jobs assigned the highest priority and the least critical functions the lowest. The highest
priority is usually assigned to a real time task after it has been initiated and it has reached
real time status. The operating system then schedules the non-real time periods of a real
time task to be allocated to all lower priority tasks in concurrent execution.

In addition to providing the scheduling and task initiation for real time tasks, the operating
system controls resource allocation. User program swapping, I/O staging, allocation of real
time peripherals and mass storage may be efficiently handled through the real time
operating system. Depending on the data file manipulation, the data may be accessed by
multiple user programs. System flexibility is further enhanced by the use of option
dependent programming. This is the ability to structure the computer routines using
variables which are defined according to the user requirements. These definitions may
include such items as data rates, types of interactive displays, size of user programs, etc.
This feature eliminates costly reprogramming for each user application.

System reliability must be inherent to any real time system. One method of increasing
system reliability has been to incorporate debug facilities within the operating system for
user programs. The availability of this feature allows the user to locate logic problems
prior to utilizing the program in a real time environment. Another feature which has been
found desirable is the incorporation of real time status checks for all critical functions, both
hardware and software, throughout the system. Using this facility, the system user may be
assured that the answers presented are, in fact, results of good data input and proper
system operation. In the event of program errors, recovery techniques should allow the
user retention of as much of the acquired data as possible. 

System adaptability is achieved through the capacity to change the course of a real time
test without reloading or restarting. This may be accomplished by allowing the test director
or console operator direct access to the operating system through interactive displays and
appropriate software control points. This interactive capability allows the test conductor to
notify the system of reconfiguration or changes in the types of data presentations. In most
cases, all possible programs for use during a particular test are pre-defined and loaded into
a system library for use during the real time operations. Also pre-defined are the telemetry
data formats, interactive displays and user programs necessary to accomplish the
designated tasks for the vehicle under test.



The immediate goal of the designer of real time computer systems is to free the user from
concern about the data manipulation techniques, and allow him to concentrate on the on-
going test results. Once this confidence has been achieved, the benefits of the real time
system are limited only by the imagination of the user and the computer facilities available
to him.

Hardware Systems.   The previous discussion of real time operating systems assumed
that the system hardware configuration was such that inherent hardware limits were never
reached or exceeded. In reality, the choice of the hardware, including computer facilities
and peripheral equipment, rarely comes close to this idealization. The cost/requirements
tradeoff has been the subject of numerous papers, and shall not be discussed here.
However, present systems, and the immediate application possibilities which are
presented, may be profitably discussed. Multi-stream configurations, 1Mbps data rates,
micro-programmable processors and highspeed remote intelligent terminals will all
contribute to the near term plans of the real time systems designer. Applications apart from
the purely aerospace activities are presently appearing in such diverse fields as
environmental pollution monitoring systems, distribution network control systems, and
monitoring and control of other computer subsystems. Recent advances in technology,
particularly in the fields of Large Scale Integrated circuits, semi-conductor memories and
low cost miniature components open vast new areas for the application of real time
processing, test, analysis and control. Communication through fast multi-port memories to
all functional elements of the system may eliminate the “traffic jams” which presently
plague some large scale systems.

The shared memory technique, whereby the various system elements all share dedicated
segments within a common memory, may take advantage of the technological
achievements in recent years. Conventional core memories (cycle time in the order of
1-1.5 microsec.), MOS designs (600-750 nsec.), and the high performance monolithic
circuits (100 - 250 nsec.) are becoming less expensive. Volatility is not significant since
the memory is typically reprogrammed completely from the main processor prior to each
use. Ideally, shared memory should be available with a range of from four to ten ports,
with dedicated segments of from 1K to 16K words per port. This presents the maximum
flexibility and versatility to the systems user while still maintaining a fairly simple and
effective operating system for real time applications.

The hardware design configuration of new systems is beginning to reflect the rapidly
changing technological base. Standardized microprocessors are now available off-the-
shelf, with the user being given instructions for programming a unique instruction set for
his specific application. In this manner, a building block approach may now be considered
both realistic and economically feasible for new systems development. The advantages of
this modular concept are fairly obvious. Lower cost results from the fact that most systems
may be configured from a limited variety of standardized hardware elements. The non-
recurring costs are associated with the development of specific applications



software/firmware. The system may be tailored, in this manner, to the users’ needs; he
does not need to buy a capability which he does not require. “Off-the-shelf” hardware also
permits more rapid fabrication of customs systems, since it eliminates the hardware
development, with its associated long lead times. Standardized interfaces allow selection
between several price/performance levels for each system element. In addition, non-
standard functions, such as special processors, may be added with minimum impact to the
overall system. Expansion is greatly facilitated and flexibility is virtually limitless.
Upgrading may be accomplished easily, sometimes by just plugging in a module, or
replacing an existing element with its higher performance counterpart.

The student of computer architecture will observe that the proposed system organization is
essentially that of a “distributed processor” which is much in vogue in current literature.
Examples of such systems are still relatively rare, but several current systems do make use
of the concept, using multipart shared memories to link one or more processors with I/O
channels.

Systems Management.   While the real time operating system may be considered the
heart of the computer facility, and the hardware elements may establish the boundaries for
the system operations, the real key to making full use of the inherent capabilities of the
entire complex, is system management. As technology advances, greater stress will be
placed on this aspect of real time systems. New avenues of communication and
understanding must be created among the analyst, test conductor, flight personnel,
computer and real time programming specialists. Ground rules must be formulated and
maintained until system reliance is assured. Once this changeover has occured, a new “real
time oriented user” will emerge, ready to make full use of the power available to him by
this new generation of real time computational facilities. The demands on the user are
many. The planning responsibilities are awesome. Real time brings with it the direct
responsibility to correctly determine which are the significant factors in the test, what
displays are needed, and, if something goes wrong, what steps to take next. All this
information must be thought out in advance so that appropriate routines may be prepared
and loaded into the system, ready to cover all contingencies of the test. Interpretation of
events and the establishment of limits for specific parameters take on new meaning when
approached in the light of a dynamic real time test environment. No longer can the
computer operator, programmer or user rely on the ability to go back and rerun the routine
if data anomalies occur indicating program malfunction. Real time reliability and accuracy
of the displayed information are essential to the overall use of the system. In conclusion,
real time acquisition and processing systems are here to stay. New advances of computer
technology are widening the scope of applications. Management must be ready with
suitable plans for a unified approach to the problems associated with this type of facility.
The combination then, of new hardware, flexible real time operating system software and a
sensible system management plan will assure efficient and timely processing of real time
information and provide the user with, not just data, but the necessary answers in real time.
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1 This paper presents the results of one phase of research carried out at the Jet Propulsion
Laboratory, California Institute of Technology, under Contract No. NAS7- 100, sponsored by the
National Aeronautics and Space Administration.

TIME RESPONSE SIMULATION OF THE 1975 VIKING ORBITER
DIGITAL TAPE RECORDER1

ASOK K. MUKHOPADHYAY
Jet Propulsion Laboratory (JPL)
California Institute of Technology

Pasadena, California.

Summary.    The objective of this study is to verify and understand in depth the
performance of the speed control (frequency loop) servo of the 1975 Viking Orbiter
(VO75) digital tape recorder (DTR). The linear frequency-domain methods, such as the
Bode Plot and the Root Locus, are inadequate in analyzing the VO75 DTR servo due to
such dominant non-linear effects as servo signal limiting and static/dynamic Coulomb
friction. The Time Response method employed in this study is written in the Continuous
System Simulation Language (CSSL) for the Univac 1108 computer system. In order to
demonstrate the power and flexibility of the graphic interactive simulation program, four
aspects of system dynamics are interactively adjusted to arrive at a number of stable
system configurations which has significantly different tape transport and/or summing
amplifier gain, larger static/dynamic Coulomb friction, system lag than envisioned in the
nominal design by linear methods.

Introduction.   NASA’ s Viking 1975 spacecraft to Mars carries four digital magnetic
tape recorders on board--two on a Mars orbiter and two on a Mars Lander. The Jet
Propulsion Laboratory is responsible for the Viking Orbiter System which is part of the
overall Viking Project managed for NASA by the Viking Project Office, Langley Research
Center, Hampton, Virginia. The VO75 DTR uses a peripheral belt data storage transport
(DST) whose top deck geometry is shown in Fig. 1. In order to store and reproduce digital
data accurately for transmission to earth in a non- real time mode, a formidable problem to
solve is the speed control of the DST for a number of record and playback data rates. The
complete feedback control system for the VO75 DTR is a two-loop frequency and phase
servo. Only the frequency loop servo parameters will be discussed in this paper for two
reasons: (1) At the present time, the buffer (phase) loop transfer function parameters are
not definitely determined; and hence, no simulation program exists which incorporates
both the frequency and the phase loops; whereas, the servo design of the frequency loop of
the VO75 DTR has proceeded to a stage where frequent design changes are not probable.



A number of frequency loop configurations have been narrowed down to the one shown in
Fig. 2. The transfer functions for the different servo elements of Fig. 2 have also been
derived; (2) For the overall design of the two-loop servo, it is necessary to verify the servo
performance of the frequency loop first, since it has a much wider bandwidth than the
phase loop and, is principally responsible for the initial tracking and acquisition of the tach
channel signals on tape. The buffer loop is used for “fine tuning” purposes only.

Although the Bode Plot (Frequency Response) and Root Locus methods are very helpful
for linear servo design (pole-zero compensation and loop gain selection), they lack the
power of the Time Response Simulation in the sense that the latter pictorially depicts the
system behavior with time and offers much more physical insight into such system
characteristics as damping, rise time, settling time, peak overshoot and the interaction of
dominant resonant frequencies. Furthermore, Time Response Simulation can easily
accommodate system non-linearities and sampled input which play significant roles in
determining VO75 DTR servo performance at low Play-Back Rates (PBR). In the next
section, we briefly describe the two analytical-models of the VO75 mechanical transport.

Model Description and Simplifying Assumptions.   The VO75 DTR consists of the
mechanical data storage transport (DST) and the data storage electronics (DSE) which
includes the control electronics. Although the complete frequency loop contains signal
preamplifiers, limiters, equalizers, etc. , for primary servo analysis, it has been simplified
to Fig. 2, wherein all transfer blocks nonessential from servo point of view have been
deleted and the remaining blocks rearranged to make signal flow more obvious. One of the
most important points to remember is that the speed control servo is unidirectional; i. e. ,
error signals are used to accelerate the DST motor when the reference input signal
frequency is larger than the output tach frequency of the DST. When the tach frequency
overshoots the reference input, slow-down is accomplished by frictional losses being
greater than the DST motor output torque. By the very nature of the control circuit,
negative voltage is never applied to the motor control winding. The gain factors of the
electrical motor, the frequency discriminator, the summing amplifier, as well as the tach
phase lock loop (PLL) constants vary significantly with the playback rate (PBR). For the
current simulation, all constants are assumed to be valid for 1 kilobit/sec PBR (0.15 in/sec
tape speed at the read/write heads). We now describe briefly the transfer functions of the
most important block in Fig. 2, viz. , the DST and its inherent dynamic Coulomb friction.

A.   Data Storage Transport (DST) - The mechanical part of the VO75 DTR, viz. , the
DST, is the most difficult to model analytically as can be partially appreciated by
examining the top deck geometry of the DST in Fig. 1. The DST consists of thirteen
rotating masses (tape reels, idlers and drive capstans) distributed in different planes and
connected by three different elastic couplings (magnetic tape, peripheral belt and drive
belts). The major steps involved in the analytical derivation of the transfer function of the



DST are: formulation of the dynamical equations for each rotating mass, canonical
transformation of matrix-vector equation set, Laplace transformation and matrix inversion
by Cramer’ s Rule. , A more detailed exposition is outside the scope of this paper. The
normal size of the complete DST transfer function consists of fourteen zeros and twenty-
five poles. However, such a large order transfer function along with the control electronics
transfer functions is rather unwieldy to simulate on the computer with any reasonable
degree of accuracy. It is clear from the gain vs. frequency plot of the closed loop transfer
function block diagram of the speed control servo, that due to rapid attenuation in gain, the
servo design is critical only up to 100 Hz. It has thus been decided to “truncate” the
original DST transfer functions by discarding all poles and zeros located beyond 150 Hz
and adjusting the transfer function gain accordingly. Such truncated transfer functions have
approximated the empirical frequency response of the DST quite well up to 100 Hz.

Two separate five zero/nine pole DST transfer functions have been used in the simulation.
The first represents the original DST and the second, the DST as modified by the addition
of a left-reel damper to damp out a pronounced “46 Hz” oscillation associated with the
original DST. These are given below.

Original DST Transfer Function (TAPE SPEED IPS/TORQUE OZ-IN):

Modified DST Transfer Function (TAPE SPEED IPS/TORQUE OZ-IN):

Since the DST transfer function gain and pole/zero locations are dependent on PBR and
the tape inventory, the above transfer functions are valid for 1 kilobit/sec PBR and
midpack tape inventory.

B.   Static and Dynamic Coulomb Friction - Static and dynamic Coulomb friction at the
magnetic tape/head interface is difficult to model analytically for two reasons: the actual
nature of the friction force is hard to determine experimentally; the discontinuous change



of magnitude (caused by a change of sign) of the dynamic Coulomb friction in the vicinity
of zero tape speed at the read/write heads, tends to cause terrible convergence problems
for the integrators of CSSL transfer function subroutines. The current study models the
Coulomb friction in the following way (see Fig. 3):

1. The static Coulomb friction torque is nominally assumed to be 2 vrms across motor
control winding (motor “deadspace” corresponding to breakaway torque).

2. The dynamic Coulomb friction torque is bidirectional, so that it is a retardation for
positive, as well as negative directions of tape motion.

3. In order to avoid the zero tape speed discontinuity in the classical Coulomb friction
representation, it is assumed that the system is at rest when * Tach Frequency *
< 0.5 Hz.

4. The velocity independent component of dynamic Coulomb friction is assumed to be
10% of the maximum value of the dynamic Coulomb friction.

5. In order to avoid the discontinuity caused by the velocity independent component of
the dynamic Coulomb friction, it is represented by a straight line of very high gradient
between the tach frequencies 0.50 and 0.51 Hz.

6. The dynamic Coulomb friction representation for tach frequencies between ±0.51 Hz
and ±500 Hz consists of a constant part of ±0.18 vrms and a velocity dependent part
that reaches its maximum value of ±1.8 vrms at ±500 Hz as shown in Fig. 3.

7. Beyond a tach frequency of ±500 Hz, the dynamic Coulomb friction is limited to
±1.8 vrms.

C.   Test Input Signals - The input test signals used in the CSSL simulation are an
instantaneous 500 Hz Step (corresponding to 1 kilobit/sec PBR). The simulation time has
also been limited to 0.5 secs, since it is the normal run-up time of the DST for 1 kilobit/sec
PBR.

Results for Nominal Frequency Loops.   Before discussing the different simulation runs
with accompanying plots, it is appropriate to point out that only Case 1 of this section uses
the original 5 zero/9 pole mechanical transfer function representing the DST before the
incorporation of the left-reel damper. All other cases including those of the next section
use the modified 5 zero/9 pole transfer function representing the addition of the left-reel
damper to the DST.



CASE 1 - The time simulation print-out and associated plots (Figs. 4 and 5) reveal that as
the system is turned on by a step increase in reference input, the frequency error between
the reference and the tach with the tape at rest, increases to 500 Hz causing a voltage
buildup across the motor control winding until about 2 millisecs when the motor voltage is
large enough to overcome the break-away torque. As soon as the DST starts moving, the
static Coulomb friction is replaced by the velocity independent component of dynamic
Coulomb friction which is less than 10% of the static Coulomb friction. This results in a
very large net accelerative motor torque. Due to the extreme undamped condition of the
system, the DST speeds up quite rapidly and the tach frequency pulls much ahead of the
reference step frequency input. The overshoot in the tach frequency caused by the start-up
transients effectively turn off the motor as soon as it is turned on, due to the negative
feedback voltage of the frequency loop. With the motor power off, the system and hence,
the tach channel frequency oscillates freely, affected only by the dynamic Coulomb
friction. The free oscillation in turn causes the instantaneous tach frequency to undershoot
the 500 Hz reference step (see Fig. 4). When this happens, the motor control winding
voltage is driven momentarily to saturation, viz., 11.5 vrms at 0.075 sec (see Fig. 5). This
turn-on voltage creates a larger transient in the system and the motor stays shut off until
the end of the simulation (see Fig. 5). The decrease in the mean amplitude of free
oscillation of the tach frequency in Fig. 4 is caused by a constant decelerative force as the
dynamic Coulomb friction reaches a constant velocity-independent value above the tach
frequency of 500 Hz as shown in Fig. 3. Due to the finite computational steps of the
current simulation and the negligible system damping and high gain, the dynamic Coulomb
friction in Fig. 4, theoretically drives the system in the other direction (negative tach
frequency); and small free vibration about zero tach frequency ensues with the passive
dynamic Coulomb friction behaving as an active accelerative/decelerative torque
depending on the direction of the tape motion. In later simulation, this problem is
overcome by the added damping to the system and analytically “clamping” the tape motion
before it goes negative.

When a multi-dimensional system such as the VO75 DTR is undergoing free oscillations
(with no power applied to the motor) in its transient response to a ramp or a step input, at
most two strongest component frequencies can be identified in the composite time
response such as Fig. 4. Oftentimes the transient response appears as a modulated
waveform whose “carrier frequency” corresponds to the higher of the two strongest
frequencies and whose “modulator” is either the beat frequency or the lower small
amplitude frequency if they are far apart. Referring to Fig. 4, the strongest system
resonance can be calculated as 46 Hz (verified by modal analysis to originate in the left-
reel of the DTR). The modulator which seems to consist of two 6 Hz “sine waves” giving
rise to a “standing wave envelope” has not been identified with any specific system
eigenfrequency.



CASE 2 - The rest of the simulation runs including the present one uses a modified DST
mechanical transfer function incorporating the change due to the mechanical left-reel
rubber (visco-elastic) damper to damp out the 46 Hz resonance caused principally by the
left- reel oscillations as seen in Fig. 4. The time response for this case shows the following
pronounced difference from the preceding case: the turn-on motor transients in the present
case are much smaller in amplitudes than those of Case 1 for identical reference input
(500 Hz step); the transients build up slower and die out faster due to the added left-reel
damping. However, the basic time behavior of FTACH remains unchanged from Fig. 4
and, as verified by experimental data, data recovery at low PBR (such as 1 kilobit/sec) is
still not possible due to residual 46 Hz oscillation and inappropriate servo gain based on
linear models. This leads us to the interactive design studies described in the next section.

Interactive Design Results.   In view of Case 1 and 2 results, it is decided to conduct an
iterative design study using the graphic interactive version of the simulation program. From
past experience, four parameters are considered crucial in determining system stability:
system lag (lead), DST mechanical transfer function gain, open loop system gain as
determined by the summing amplifier gain and finally, the assumed model of the dynamic
Coulomb friction torque. Of the many simulations, where the preceding parameters are
varied singly or in conjunction with each other, only the four most interesting cases will be
described:

CASE 3 - Variation of DST Gain and System Lag: In reality, it is not easily feasible to
vary the gain of the DST; however, since a maximum possible 6 db divergence exists
between the experimental frequency response and the analytical Bode Plot, it is decided to
lower the nominal DST transfer function gain to see if stable operation results. It is also
observed from Case 1 and 2 that, the motor control voltage shows the effect of an
overshoot in the tach frequency a hundred millisec or later. This can be interpreted as too
much lag for a lightly damped system. For the present simulation run the system lag is
reduced by about 40E and the nominal DST gain is halved to obtain stable operation as
shown in Figs. 6, 7 and 8. All other parameters are left unchanged from Case 2.

The direct effect of the reduction of the DST gain when other parameters are held
constant, is that for a given feedback voltage to the motor control winding, the output tach
frequency is reduced. Notice the near -50 Hz oscillation in the tach frequency (Fig. 6) and
hence, in the dynamic Coulomb friction (Fig. 7). The amplitude of these oscillations are
proportional to the DST transfer function gain and as the latter is gradually increased from
half its nominal value (present case) to about 60% of its nominal value, sustained
oscillation sets in and the system behavior looks very similar to Fig. 4. Figure 6 shows that
the system has almost reached the desired tach frequency of 500 Hz in about 0.5 secs
which is closely borne out by experimental data. Also, the steady-state motor input voltage
from Fig. 7, is very close to what is observed in the laboratory. In Fig. 7, the motor break-



away voltage spike is clearly visible. Since the values of the motor voltage and the
dynamic Coulomb friction are closely balanced with respect to each other (Fig. 7), the
instantaneous motor torque in Fig. 8 exhibits sharp peaks and valleys. These have been
conjectured to be one of the possible causes of tape velocity “stick-slip” in the DST at low
PBR’ s.

CASE 4 - Variation of Summing Amplifier Gain and System Lag: The gain of the summing
amplifier is the usual and the most practical parameter used for adjusting the forward gain
of the closed loop servo. For the present case, the gain of the summing amplifier is set at
60% of the nominal value and the system lag is reduced by 40E from nominal. All other
parameters are left unchanged from their nominal values.

The direct effect of the reduction of the summing amplifier (feed-forward) gain is that, for
a particular frequency error between the reference input frequency and the instantaneous
tach frequency, the value of the motor actuating voltage is reduced. The system behavior
for this case is very similar to the preceding case (Ref. to Figs. 6-8). As the summing
amplifier gain is increased from 60% nominal to 75% nominal, sustained oscillation sets in
and the systems behaves as in Case 2. As expected, the value of the summing amplifier (or
the DST) gain does not affect the time when the system starts moving (roughly 50 millisec
after switch-on), but the initial jump in the tach frequency after the DST overcomes the
break-away torque, is more dependent on the 76 change in the value of the summing
amplifier gain than the same % change in the value of the DST gain. Thus, the rise time
and the settling times are more sensitive to a change in the summing amplifier gain than the
DST gain.

CASE 5 - Variation of Dynamic Coulomb Friction Model: The principal source of
dynamic Coulomb friction in the DST is in the tape/head interface. It is clear from Fig. 8,
that the steady-state value of the motor input voltage depends primarily upon the value of
the voltage equivalent of dynamic Coulomb friction for the reference input (500 Hz step
for 1 kilobit/ sec PBR). In the current simulation, the dynamic Coulomb friction model was
slightly changed so that the steady-state value of the motor voltage resembles the
experimental data (2.5 vrms) more closely. The breakaway torque was raised to 3.0 vrms
and the maximum dynamic Coulomb friction was raised to 2.5 vrms at 500 Hz tach
frequency. All other aspects of the dynamic friction model was left unchanged.

Changing the friction model requires changing both the summing amplifier and the DST
gain to regain stable operation, since the dynamic friction torque determines the net motor
torque for a p rticular tach frequency and the latter is determined by DST gain and/or
motor voltage (hence, summing amplifier gain). A stable operating point is reached in the
current simulation when the nominal gain of the DST is halved and the nominal summing
amplifier gain is reduced by 40% leaving all other parameters of the frequency loop



unchanged. The comments regarding the DST starting time, the turn-on voltage spike,
system rise time, instantaneous torque dips, etc. , made in the preceding two simulations
are also applicable here.

CASE 6 - Elimination of Dynamic Coulomb Friction from the DST: Cases 3, 4 and 5 have
demonstrated the importance of the dynamic Coulomb friction torque in the unidirectional
servo control of the tape recorder. In the present simulation, the dynamic Coulomb friction
parameters are set to zero, i. e. , we are modeling the VO75 DTR frequency loop with the
read/write heads removed. The behavior of the system as depicted in Figs. 9 and 10 shows
that it is unfeasible to control a very loosely coupled, under-damped high order system
with negligible natural friction using unidirectional speed control. As is evident from the
motor input voltage (Fig. 10), the DTR start-up transients effectively turn off the motor
soon after it is turned on and the motor stays shut-off for the duration of the simulation.
Figure 9 shows the quick damp-out of the 46 Hz free oscillation due to the addition of the
left-reel damper. The apparent steady-state of the tach frequency (viz., 1378 Hz) in Fig. 9,
is in actuality the system running at constant speed due to stored momentum and
insignificant frictional losses in the bearings or the left-reel rubber damper. It becomes
evident from the current simulation that the proper choice of phase lag for an underdamped
system is much more critical than the choice of the system gain.

Conclusion.   In conclusion, the following points deserve mention:

A.   The start up and settling times from Fig. 6 and the steady-state motor input voltage
from Fig. 7 are very representative of experimental data.

B.   For low-order linear systems, the time response method is more of an analysis tool
than a design tool in the sense that it is used to verify tentative designs arrived at by other
linear frequency-domain methods, such as, Bode, Root Locus. Nyquist and Nichol’ s plots.
Unfortunately, as we have seen from Case 6 above, the linear frequency-domain methods
are inadequate and misleading as to the final design of the VO75 servo, because of
dominant system non-linearities. The linear methods do provide a starting point for non-
linear simulation as reported in this paper.

C.   Most of the step responses of the VO75 DTR servo prominently display the
near-50 Hz resonance. It is clear that the DTR cannot be effectively controlled with a
unidirectional servo so long as the near-50 Hz resonance remains in the DST and the
transport has negligible damping. In such a situation, the proper choice of phase lag is
much more crucial for satisfactory servo performance than the choice of system gain.

D.   It should be noted that the damping action of the left- reel rubber or fluid damper
depends not only on sudden velocity changes of the DST leftreel, but also on the



differential velocity between the left-reel and the damper. In other words, the damper
behaves as a separate-but-coupled rotating mass and its effects can only be taken into
account by changing the order of the original DST transfer function.

Recently, the addition of an inertia mass on the shaft of the motor has improved the bit
error rate to within flight specifications. Work is currently underway to derive a new
higher order DST transfer function and simulate the servo using state-space variable
techniques. It would be then possible to shorten the execution time of the program by using
different convergence bounds for the different integrators in the simulation. The results of
such an undertaking will be reported at a later date.

Figure 1.  Top Deck Geometry of VO75 Digital Tape Recorder



Figure 2.  VO75 DTR Freq Loop Figure 3.  Coulomb Friction
Simplified Block Diagram Simulation (Not to Scale)

Figure 4.  Case 1 Step Response Figure 5. Case 1 Motor Input Voltage
(Original DST) and Dynamic Coulomb Friction

(DCF) for Original DST



Figure 6.  Case 3 Step Response Figure 7.  Case 3 Motor Input
Modified DST) Voltage and Dynamic Friction

(Modified DST)

Figure 8.  Case Net Motor Output Figure 9.  Case 6 Step Response
Torque in Excess of Dynamic with no Dynamic Coulomb Friction

Friction (Modified DST) (Modified DST)



Figure 10.  Case 6 Motor Input
Voltage (Modified DST with no

Dynamic Coulomb Friction)
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USE OF PSEUDO-RANDOM PCM TAPE SIGNATURES FOR
TELEMETRY GROUND STATION VALIDATION
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Summary.   This paper describes an improved tape recorder signature using pseudo-
random PCM data. The use of the signature for telemetry ground station validation is
discussed. Advantages over other techniques in common use are shown.

Introduction.   There have been several ITC papers presented which describe the
difficulties experienced in recording telemetry data at one facility and processing the data
at another facility [Ref. 1, 2, 3, 4].

As discussed in these papers, degradation can be reduced by aligning the head azimuth and
reproduce electronics of the playback machine to match the acquisition site recorder. To
facilitate the alignment, it has become standard practice to record signatures on each data
tape. Signatures in common use include low frequency sine waves for azimuth adjustment
(the lissajous presentation method) and white noise or stepping oscillator signals for
equalization adjustment [Ref. 5].

Use of these signatures in the SAMTEC processing environment has not, however, proven
satisfactory for the following reasons:

a. Alignment of the playback machine is time consuming. It requires special test setups
and auxiliary equipment such as spectrum analyzers, oscilloscopes, etc.

b. On several recorder models, trim pots are not readily accessible and are not
designed for repetitive adjustment.

c. Many of the problems previously attributed to the recorder are caused by other
equipment in the system. Ideally, the signature should certify not only the recorder,
but the playback receiver, demodulator, data distribution amplifiers and cables, and
bit synchronizer as well.

Consequently, SAMTEC has developed an improved signature which overcomes these
limitations on PCM formats.



Station Certification.   As a part of the system reliability improvement program instituted
at SAMTEC [Ref. 6], telemetry acquisition sites are required to perform a bit-error-rate
test during pre-operational checks. As shown in Figure 1, a pseudo-random PCM pattern is
used to simulate an operational data link. The signal to noise ratio required to provide
1 x 10-6 data is determined and compared to established criteria. This is a useful test which
verifies that the receiving equipment and recorders are performing to an expected norm.

During the acquisition site test, a 20 second segment of data is placed on the operational
tape. Also, a voice annotation of the individual error counts as observed by the operator is
provided. This leader is then used to certify the processing station prior to a data run as
shown in Figure 2. A properly operating system will provide at least 1 x 10-4 data which
equates to a signal to noise degradation of about 2 db. If the bit synchronizer and error rate
monitor do not indicate a solid lock, then an effective degradation exceeding 3 db is
indicated and system alignment or maintenance is required.

The advantages of this certification technique are obvious. First, the signature is made with
the acquisition station in the operational configuration. No special setup is required. Next,
the entire processing station front end is tested including the recorder, playback receiver,
demodulator, bit synchronizer, and distribution network. Again, no special setup is
required as the error rate monitor can be permanently connected to unused outputs of the
bit synchronizer. Finally, a permanent record of the error rate count is provided on a strip
chart as evidence of station quality at the time of the data run.

The philosophy associated with the station certification results should also be considered.
Note than an effective “go/no go” test has been provided which is simple to interpret.
Either the error rate monitor reads better than 1 x 10-4 or it doesn’t. If so, there is no need
to perform time consuming alignments. If not achieved, the data run cannot commence
until the problem is resolved.

Recorder Alignment.   If a station fails the certification test, recorder alignment is suspect
and should be checked. For predetect and high bit rate postdetect PCM formats, it has
been found that all required alignments can be accomplished using only the bit error rate
leader. No other tape signatures are required [Ref 7].

For head azimuth alignment, it is only necessary to rock the playback head until the output
level meter is peaked and a minimum error rate is verified. Not only is this method easy to
perform, but it provides an extremely accurate alignment as shown in Figure 3.

Adjustment of playback equalization on PCM formats has been found to be unnecessary.
However, this conclusion is qualified as follows:



a. SAMTEC playback facilities use only 2 MHz recorders.

b. For predetect recording, the effective bandwidth is limited to 1.5 MHz by the
down/up translation equipment. Consequently, postdetect recording is used
whenever the data spectrum exceeds 1.5 MHz when centered at 900 kHz.

c. No postdetect data formats are presently in use at SAMTEC which require a
bandwidth in excess of 1.5 MHz.

Consequently, it is only necessary for the playback recorders to be “flat” to 1.5 MHz. Test
results [Ref 6] show that the entire bandedge adjustment of ±10 db causes only a small
change in the error rate. Consequently, the desired approach is to simply follow
manufacturer’s recommendations regarding equalization adjustment. Special adjustment to
provide a “flat” response for each tape played is not required.

Field Tests.   Using the configuration of Figure 2, a bit error rate leader was played into
several SAMTEC processing stations. Operators were allowed to adjust head azimuth by
peaking the output meter as previously discussed. If the error rate monitor failed to achieve
lock, a failure was recorded. The test was then stopped and maintenance performed to
correct the system problem. The technique effectively identified numerous problems in a
minimum of time. Results are tabulated below.

Number of test runs 48
Number of failures 35

Receiver Main Frame Failures   4
Demodulator/Distribution Failures 21
Recorder Failures 10
Bit Synchronizer Failures   0

Conclusions.   The bit error rate leader provides a means of rapidly certifying telemetry
equipment. The leader can also be used to simply and accurately align recorder head
azimuth. No special alignment for equalization is required for PCM formats if 2 MHz
machines are used for playback.
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Note: 1 arc minute misalignment results in approximately 4.5 db change
in reproduce level, yet there is negligible change in bit error rate
up to 1 Mbit. These measurements were compiled from many tests
made on twelve of the operational 1/2 inch Model VR3700B
analog tape recorder/reproducers at the SAMTEC.

Figure 3   Reproduce Output Level versus Head Azimuth Alignment
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A FLEXIBLE PREPROCESSOR FOR ERTS MSS DATA

EDWARD L. WALTZ
Bendix Aerospace Systems Division

Summary.   The requirements to preprocess Earth Resources Technology Satellite
(ERTS) multispectral scanner (MSS) data from its 24 channel tape format at real time rates
can be met most efficiently by a parallel processor with a flexible interface for
compatibility with a wide range of digital computers. The ability of the preprocessor and
tape unit to playback data at programmable rates (real-time and half and quarter real-time)
provides the additional ability to adjust preprocessing rate to optimize system throughput
for several image processing computer system configurations, and processing modes. The
MSS Data Interface described in this paper has been developed to meet these requirements
for ERTS processing facilities of those nations which record ERTS data in the NASA-
compatible format on 28 channel tape units. The first MDI which has been delivered to the
Brazilian government is compatible with the Digital Equipment Corporation PDP-11
computer and can be operated in either a single or dual processor system configuration.

Introduction.   Following the initial success of the ERTS-1 mission, many developing
countries of the international scientific community have considered the value of regional
receiving sites and image processing facilities for acquiring data from ERTS-1 and the
future spacecraft in the ERTS series. These systems require high density digital tape
(HDDT) recording of the MSS data and subsequent playback into a computer system for
radiometric/geometric correction and conversion to film, tape or display products. The
playback, demultiplexing, scan line reformatting, and radiometric correction of MSS digital
data is referred to as the preprocessing operation. The MSS data is preprocessed upon
HDDT playback and is transferred to a control computer for geometric correction and/or
output formatting of data and merging of image annotation.

The problems of preprocessing MSS data in the NASA parallel tape format, and in serial
data formats have been considered for the throughputs and system requirements of various
countries. A fully-parallel special purpose hardware preprocessor1 was developed by
Bendix in 1971 to meet the high-throughput requirements of the NASA Goddard Space
Flight Center. Current studies have considered the feasibility of high rate preprocessing of
the MSS serial data stream in special purpose hardware and microprogrammed general



purpose processors. With the introduction of serial-in/serial-out high density digital tape
recorders it has become practical to record and reproduce serial baseband MSS bit rates.
With this HDDT recording approach it is feasible to perform preprocessing with a serial-
stream sequential machine operating at very high logic rates. The parallel processing
approach described in this paper requires reduced logic speeds to accomplish the
preprocessing of MSS data at real-time rates. The MDI parallel processor (Figure 1) has
been developed to meet the requirements of those ERTS image processing systems which
utilize the 28 channel NASA format as the HDDT storage medium.

Functional Description.   The basic functions performed by the MDI are as follows:

• Automatically acquire mirror sweep synchronization with the MSS data format,
obtaining scan line and word synchronization with each MSS sensor channel
independently.

• Provide synchronization status and timing interrupts to a computer system.
• Decommutate spacecraft time code and line length code for transfer to a control

computer.
• Decommutate video data from selected channels between programmable word

counts in the scan.
• Pass each video word through a lookup table transfer function and assemble word-

pairs of consecutive transformed picture elements.
• Generate unique buffer memory addresses for each word-pair and asynchronously

load the video data into a buffer memory to effectively deskew and reformat the
scan lines.

• Automatically detect the occurrence of the MSS calibration wedge and sample the
wedge data from each channel for subsequent transfer to a computer.

In addition to these basic functions, a self-test capability and computer-programmable
command interface is required to provide efficient, reliable operation in a production
environment.

Figure 2 shows the implementation of the MDI in two image processing system
configurations. The dual-processor configuration employed in the Brazilian ERTS system
allocates control and data handling functions to individual central processing units to
maximize a sustained playback throughput. This configuration can attain preprocessing of
a single spectral band at real-time playback rates, or four-band preprocessing at one-fourth
real time rate. The single processor configuration is applied to those systems employing a
disc-based processing approach for all-digital image processing. In this configuration, the
MDI loads data into the core buffer for subsequent transfer to disc where entire
multispectral scenes are assembled. Although the playback and preprocessing of data in
this configuration may be at lower effective input rates, the subsequent output operations



make efficient use of the computer system and permit digital geometric correction of the
assembled scene available on disc.

The bus-oriented architecture of the parallel MDI design is shown in Figure 3. The 24
input channels are processed by individual logic modules which interface to bidirectional
data/address buses. This input modularity permits expansion of the number of input
channels while reducing the complexity of hardware to multiplex the channels to a single
DMA interface with the computer. A programmable group synchronizer controls the
search phase of synchronization for the 24 input sync word correlators and provides
flywheel timing to permit the MDI to maintain timing with the MSS mirror rate through
long dropouts. Four playback rates may be programmed into the group synchronizer from
the computer interface. Each input logic module includes: (1) sync word correlator and
control, (2) calibration wedge detector and sampler, (3) memory load request logic, and (4)
lookup table with output holding register (TK). The input modules also decommutate time
and scan line length binary codes. These values are stored for transfer to the computer
after decoding of the time code and majority voting on four line length codes are
performed.

The memory address programmer controls the transfer of data on the data (D) and memory
(M) buses to asynchronously transfer data from the T registers to memory at the location
provided by the memory address (MK) registers. Prior to acquisition of each MSS start of
scan, the computer loads the 24 M-registers with 24 unique buffer starting addresses to
designate the sectors for loading each scan line. As each channel acquires line sync and
reaches the selected point in the scan to begin loading video data, the following sequence
is initiated: (1) input word pairs are accumulated and transferred to an intermediate
register, (2) each word is sequentially used to address a corresponding output value in the
lookup table, with this transformed value being transferred to the TK register, (3) once the
TK register is loaded, a data ready flag is issued to the memory address programmer. The
programmer responds to the 24 asynchronous load request by sequentially enabling each
(TK, MK) register pair onto the D and M buses and requesting a DMA cycle to transfer the
data to computer memory. Upon completion of each word transfer, the contents of the MK

register are incremented by a programmable value to provide the address for the transfer of
the next (TK, MK) pair. This addressing flexibility permits the computer to assemble the
scan line data in a spectrally interleaved format (for tape output products) or a scan line
serialized format (for film output products).

The 24 input modules individually detect the calibration wedge and transfer six words
sampled from the wedge (per channel) to a semiconductor scratchpad memory. The
loading of this memory is performed in the normal video sequence, with the memory
address programmer controlling the asynchronous load operation. Once the memory 



contains the 144 cal samples, the contents may be read onto the D bus for a normal block
transfer to the computer.

Processing Timeline.   Figure 4 is a timeline of the events in processing a mirror sweep
(one major frame) of MSS data. The analog representation and real-time rate of a single
scan line is shown at the top the figure. The MDI accepts the 24 scan lines (representing
four spectral bands of six spatially adjacent detectors per band) in parallel. Each video
scan is preceded by a preamble of alternating 1’s and 0’s and a single six-bit line start
synchronizer code. The two words immediately following the line start sync (LNST)
contain spacecraft time code, and a three-word line length code (LLC) is provided at the
end of video data to relate the number of picture elements sampled across the scan. The
calibration wedge is available on alternate major frames and is characterized by a sharp
black-to-white rising edge followed by the descending grey scale wedge. A sweep clock
priority interrupt is issued at the acquisition of each start of scan, notifying the computer of
the availability of time code and sync status. The line length code interrupt indicates that
the LLC register is updated and provides end-of-scan timing. On alternate mirror sweeps a
cal ready interrupt is issued to indicate the availability of updated calibration samples. The
figure details the DMA activity which is conducted throughout the timeline using the
mnemonics for the four primary DMA operations:

• MAP - Memory address programming is the asynchronous transfer of the (TK, MK)
registers onto the DMA channel to transfer packed data to buffer memory.

• MARLO - Memory address register load sequence enables the computer to block
transfer 24 initial addresses to the M registers prior to each MAP operation.

• RAMLO - Random access memory load is a block transfer to move data from
computer memory into the MDI lookup tables. The computer may randomly access
any word location in any lookup table in this mode.

• CDX - Calibration data transfer is the block transfer of the contents of the
semiconductor scratch pad memory to computer memory.

Computer Interface Operations.   Interface between the MDI and the computer system
is provided by a single direct memory access (DMA) channel and eight input/output
registers. The DMA is utilized as a high speed interface to transfer data into and out of the
MDL The four basic DMA operations (MAP, MARLO, RAMLO and CDX) are initiated
under software control when the DMA is initialized. The DMA interface logic consists of
an instruction register (I) which holds the operation code provided by software, a
preparation generator which initiates transfers, and an interface controller which generates
cycle requests and controls bus transfers in all but the MAP operations. The software
initiates each DMA operation by setting the appropriate op code in the I register and
(optionally) loading a word count in the DMA logic. The software then commands the
DMA to go and the MDI responds by decoding I and setting any appropriate transfer



mode bits in the DMA logic (e. g. , cycle-steal or burst transfer, input or output operation,
byte or word addressing, etc.). The MARLO, RAMLO and CDX block transfers are then
immediately executed with the MDI contributing less than 250 nsec overhead on each
word transferred. The MAP operation is initiated up to I millisecond prior to start of scan,
but execution of DMA requests do not occur until video data is acquired. All operations
may be terminated automatically by the computer DMA hardware (upon decrementing a
word counter to zero) or by an optional programmable timer. MAP is unique in that the
MDI provides the write address for the DMA to permit random (rather than block-
sequential) access to the computer memory. This requires a DMA hardware addition
which is easily accommodated by most interfaces and permits scan line
buffering/deskewing in the computer memory. The MAP address programming equation
which is implemented by each MK register is:

An = Ao  + nC

where, An = current location to which word n is to be stored.
Ao = initial address provided by MARLO.
n = number of address programming cycles.
C = address increment value.

Data may be spectrally interleaved by defining six buffers in core with Ao for the buffer of
each band being offset by one location and C = 4. Buffet offsets may also be adjusted to
remove the spectral band misregistration due to the MSS sensor sampling sequence.

The MDI accepts commands from the control computer via four 16bit registers, transmits
status via four 16-bit registers and provides timing information to the computer by the
three priority interrupts. The commands provided by the computer include: (1) playback
speed select for synchronizer programming, (2) spectral band select (any combination may
be selected to efficiently utilize DMA and system capacity), (3) lookup table select or
bypass, (4) input data source (FR1928 or Test Pattern Generator), (5) start and stop load
points referenced to start of scan, (6) calibration detector threshold value, and (7) memory
address increment value. The four status registers are updated each MSS mirror sweep at
times which are synchronous with the priority interrupts. These status registers contain the
following information: (1) spacecraft time code data (24 bits), (2) MSS line length code
(16 bits), (3) individual track synchronization status (24 bits), (4) group synchronization
status (3 bits: full sync loss, partial sync loss, time base error detect), (5) calibration wedge
detection state (1 bit).

Radiometric Calibration Loop.   The MDI calibration detection/storage logic and lookup
tables form the source and destination for an operational loop which radiometrically
corrects the MSS data. This calibration is performed to: (1) calibrate the six spatial sensors



(per spectral band) with respect to an onboard standard radiometric source to remove
striping effects (relative calibration), (2) reference the gain of all detectors to the sun
(absolute calibration), and (3) perform the inverse function of a nonlinear compression
amplifier on the scanner. The MSS provides the calibration gray scale (wedge) on alternate
retrace intervals by sweeping a continuously variable (neutral density) optical filter
between the sensors and a calibration light source.

The strategy for digital detection of the black-to-white rising edge of the cal wedge is
based upon the following considerations: (1) the wedge occurs on alternate scans with
calibration black level between words 3960 ± 200 and preamble on non-cal scans; (2)
calibration black level is the MSS sensor average noise with zero exposure and has a very
low probability of containing noise spikes greater than 50% full scale and of duration
greater than one sample; (3) the rising edge occurs between word counts 4095 and 4515,
referenced to LNST, and (4) the rising edge ascends from black level to a plateau which is
greater than 50% full scale within 4 to 30 samples. The state diagram in Figure 5 describes
the operation of the cal detection logic employed. This detection strategy enables search
for the rising edge to occur within a preset window defined by two word counts from
LNST (see constraint 3 above.) The rising edge is detected when the first n consecutive
words of value greater than the 50% threshold (the threshold value is programmable) are
found within the window (n= 1, 2, or 3. ) Once the rising edge is detected, six samples are
demultiplexed from the wedge at gray levels defined by word count from the edge. At the
end of the cal wedge the samples are transferred to a core buffer area by the CDX
operation. Figure 6 shows the software computations (MRAD routine) which generate the
lookup tables for correction of the video data.

A linear regression is performed on the six samples of each detector, and an offset (") and
gain ($) are derived. These corrections are smoothed and a lookup table is generated for
each detector with the inverse of the non-linear compression function being applied to the
data from those detectors which were compressed onboard the spacecraft. Once these
tables are completed for the spectral bands being processed by the MDI, the table values
are block transferred to the semiconductor memory lookup tables in the MDI by the
RAMLO operation. This transfer occurs during the MSS mirror backscan while the lookup
tables are available for access.

Self Test and Sensor Performance Capabilities   The MDI includes a status panel and
test pattern generator which permit self test of the FR1928 playback and MDI
preprocessing functions, off line screening of MSS tapes for performance evaluation, and
inputting of synthetic imagery to the computer for system calibration.

The status panel includes displays of scanner performance parameters (scan line length and
spacecraft time code), synchronization status, MDI mode and local command switches,



and maintenance information. The spacecraft time code is demultiplexed from the MSS
format and is displayed to permit off line screening and correlation of synchronization
events with spacecraft time. A synchronization lock indicator is provided for each MSS
sensor channel (i. e. each tape recorder track) as well as full sync loss (all 24 channels out-
of-lock), partial sync loss (any one or more channels out-of-lock) and time base error
indicators. The MSS line length code (LLC), representing the number of data words in the
185 Km scan, is demultiplexed and a line length value is computed in the MDI hardware
and is displayed in decimal. The line length value (LLV) represents the number of picture
element samples per channel per scan, and is related to LLC by the equation:

Operating mode switch/indicators display the computer commanded mode or may be used
by the operator to select mode when the MDI is placed in the LOCAL command mode.
The primary components of the MDI mode which may be selected are: (1) tape playback
speed: 15 ips, 30 ips, 60 ips, (2) spectral band selection, and (3) input data source
selection (FR1928 or MSS Test Pattern Generator). The maintenance section of the
display panel is partitioned into three switch groups. The first group permits display of the
contents of any of the ten 16-bit command-status-DMA registers. In addition, the operator
may load the contents of the command registers from the front panel for diagnostic
purposes. Two additional internal maintenance registers may be displayed for diagnosis of
the state and operation of internal hardware. The second switch group provides operator
control of a hardware memory exerciser which can automatically perform read/write tests
on any one of the 24 semiconductor lookup table memories. A thumbwheel switch selects
the desired lookup table and an alternate read/write or continuous read may be performed
with stop-on-error or error bypass options. In the stop-on-error mode, the exerciser
displays the error condition and the lookup table address. The data pattern which is loaded
at each address may be selected: location address, complement of address, or fixed binary
code 0-63. The third switch group controls a built-in bit error rate test for the input tape
recorder. A tape channel is selected on the thumbwheel switch and a test tape containing a
512 bit maximal length pseudo-random code is played back for reference. The bit error
rate logic performs the standard automatic lock and compare operations, displaying
accumulated decimal errors on the three-digit display.

The additional capability of displaying the analog scan (i.e. A-scope display) of any
selected sensor channel is provided to permit evaluation of sensor performance, noise
magnitude, and tape playback bit slip errors. The status panel channel select thumbwheel
switch enables the operator to rapidly scan the MSS channels for video or calibration
wedge anomalies in off line playback, or while the MDI is operating with the computer
system.



The test pattern generator is a fixed-format generator which outputs the 24 channel MSS
format with selectable video and calibration patterns. The LNST and preamble codes are
provided and LNST for each sensor may be disabled to verify MDI sync loss detection.
The basic test patterns provided by the TPG are: (1) horizontal and vertical black/white
bars of variable width for vertical and horizontal image modulation transfer function
measurements, respectively, (2) horizontal and vertical gray scale patterns for radiometric
measurements and step response analysis of film recorders, (3) uniform gray fields for
radiometric calibration, and (4) a uniform grid of black lines on a white background for
distortion measurement of geometric corrections. The scan line length is variable, with end
of line code being inserted and LLC adjusted to permit evaluation of the application of
scan line length corrections. BCD time code is accepted from a commercial time code
generator (slaved to an external clock to simulate variable playback rates) and is
multiplexed into the format. The TPG is required for offline diagnosis of the MDI and
permits generation of test HDDT Is for system performance evaluation.

Software Support Diagnostics   A complete package of support softwate has been
developed in PDP-11 assembly language to exercise the MDI/computer interfaces. A
command/status routine permits generation of individual MDI commands via teletype. In
addition, status registers are read and dumped on teletype or line printer in organized
format (time code, line length code, sync status for each sweep. ) This dump routine is also
useful in detailed tape screening operations and performance evaluation. A direct memory
access interface diagnostic permits each DMA operation to be individually exercised or all
operations to be performed in normal timeline sequence with the MDI synchronized to the
TPG. The routine can cycle on any individual operation (e.g. continuous PLAMLO
sequences loading the lookup tables) to permit validation of MDI logic functions with
oscilloscope or digital test equipment.

Conclusion   This paper has presented one flexible approach to preprocessing ERTS MSS
data from the NASA parallel HDDT format. The design is based upon experience gained
with the operational processing of ERTS data at the Goddard Space Flight Center, and
extends this technology to the lower throughput requirements of the international scientific
community. The flexible computer interface of the MDI and the programmable
synchronization and memory addressing features permit users to adapt the preprocessor to
their unique system requirements and configurations. The modular and programmable
characteristics of this design exhibit the trend from special purpose processors to more
flexible processors which efficiently use the computational power of the system computer.



Fig. 1  MSS Interface and FR1928 Tape Unit

Fig. 2  Image Processing System Configurations.



Fig. 3  MDI Functional Block Diagram

Fig. 4  MSS Data Format and Processing Timeline



Fig. 5  Calibration Detector State Diagram.

Fig. 6  Radiometric Calibration Loop.
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Summary.   Engineering formulae have been developed for estimating the performance of
a telemetry system utilizing an NRZ PCM multiplex plus an FM/FM multiplex frequency
modulating a carrier. These formulae have been checked against a laboratory simulation
and the agreement is within 1 dB for the PCM and 1.8 dB for the FM/FM. About 1 dB of
the 1.8 dB is tentatively accounted for on the basis of lack of symmetry of the carrier
predetection (IF) filter used.

Introduction.   The purpose of this paper is to develop compact engineering formulae to
predict the performance of a hybrid telemetry system. The model used consists of an NRZ
PCM bit stream at the bottom of the baseband plus a single subcarrier at the upper end of
the baseband, as indicated schematically in Figure 1. The sum of the two signals
frequency-modulates a carrier.

Theory.   To get a preliminary feel for the problem, consider Figure 7. Figure 7a is an
oscillogram of the NRZ psuedo noise (PN) stream filtered from the output of the FM
carrier discriminator with no noise added to the carrier. Figure 7b is with noise such that
the predetection signal-to-noise ratio is 7 dB. Note that most of the time there is very little
noise on the bit stream but there are occasional large pulses, which cause the bit errors.
This phenomenon leads to the modeling, for the approximate analysis, of the noise in the
output of a FM discriminator as consisting of two components, one being smooth
(fluctuation) noise and the other being “pop” noise. The spectrum of these two
components is shown schematically in Figure 2. Since they are relatively short, the
spectrum of the pops is nearly flat. The spectrum of the fluctuation noise is parabolic. A
vector diagram illustrating the origin of the pop noise is given schematically in Figure 3, in
which it is assumed that most of the time the noise vector n(t) is small compared with the
predetection signal vector S(t). Occasionally, however, a large noise peak comes along
which carries the vector sum of signal plus noise around the origin. Evidently, the rate of
change of phase of the resultant is large in this situation. Since the FM discriminator can
be modeled as a phase differentiator, its output is large at this point; i.e., a pop is
produced. Since the PCM is at the bottom of the baseband, the fluctuation noise is small so
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that the pop noise is predominant. On the other hand, in the neighborhood of the 106 kHz
subcarrier, the fluctuation noise predominates.

This model of noise in the output of an FM discriminator has been analyzed by S. O.
Rice.1  In the range of interest of the predetection signal-to-noise ratio, the approximate
number of positive pops per second n+, when the carrier is frequency-modulated by a
sinusoid with peak deviation of A Hz is given approximately by

(1)

where D is the carrier predetection signal-to-noise ratio. Because of symmetry, the number
of negative pops per second is equal to the number of positive pops. Equation (1) is based
on equation (30) of reference 1. Note that in this approximate solution, the frequency of
the sine wave modulating the carrier does not appear--only the shape of the modulating
wave is important. Also, note that the predetection noise bandwidth does not appear
explicitly.

In order to use equation (1) for our purpose, consider Figure 4. This is an oscillogram of
the baseband signal consisting of the bit stream of Figure 7a to which is added the
subcarrier in accordance with Figure 1. Over the entire PN sequence this waveform.
spends about half as much time at maximum modulation than would a pure sine wave of
the same peak carrier deviation. (Note that Figure 4 shows only a small portion of the
entire PN sequence. ) Therefore, the expected number of positive pops per second can be
estimated from equation (1) divided by two. Also, the pops which cause error must be of
opposite polarity to the bit stream at any particular instant. Therefore, the expected number
of errors per second is the same as the expected number of positive pops (or negative
pops) assuming that the bit stream has about the same number of ones as zeros. We now
assume that each pop in the opposite polarity of the bit pulse results in an error. Since the
bit error probability Pe is the number of errors per second divided by the bit rate, the bit
error probability estimated from equation )1) is given by

(2)

where C is now the peak carrier deviation due to the PCM plus the subcarrier, fb is the bit
rate, and D is the signal-to-noise ratio in the carrier predetection channel--i.e., in the IF.

The signal-to-noise ratio in the subcarrier channel can be approximated simply by
assuming that, in the upper end of the baseband, the fluctuation noise predominates in the
range of D of interest. The result is



(3)

where
B =  noise bandwidth of IF
Bj =  noise bandwidth of subcarrier predetection filter
fj =  center frequency of subcarrier in Hz
fdj =  peak deviation of carrier due to subcarrier in Hz
D =  signal-to-noise ratio in IF

Test Setup, Parameters and Procedure.   In order to verify the accuracy of the
engineering formulae, equations (2) and (3), a test was run in the Aerospace Astralab.
Figure 5 is a block diagram of the test setup.

The parameters were as follows:
PCM bit rate = 62.5 kHz NRZ
PCM peak carrier deviation = 69 kHz
Frequency of subcarrier = 106 kHz
Peak carrier deviation by subcarrier = 90 kHz

The procedure was as follows:
1. Calibrate VCO.
2. Set modulation of the two services.
3. Set predetection signal-to-noise ratio.
4. Measure bit error probability Pe.
5. Measure output of BPF No. 2 with oscillator switched out. This is noise in BPF.
6. Switch oscillator back in and measure output of BPF No. 2. The ratio of (6) to

(5) is (S+N)/N in the FM/FM service.

Figure 7a shows a portion of the filtered PN test sequence. Figure 4 shows a portion of the
baseband test signal. Figure 6 is the spectrum of the carrier modulated by the baseband test
signal. The characteristics of the predetection filter in the EMR model 4142 discriminator
used to demodulate the carrier and the Kronheit model 3103R bandpass filter used to
recover the subcarrier were used to calculate, by numerical integration, the noise
bandwidths required in the application of equation (3). Graphical integration gave a noise
bandwidth of 980 kHz for the EMR and 66 kHz for the Kronheit.

Discussion of Test Results.   Figure 8 shows measured bit error probability compared
with the bit error probability calculated from equation (2). Note that agreement is good to
within 1 dB at 10-5 bit error probability.



Figure 9 shows measured (S/N)j in the subcarrier channel compared with equation (3).

Figure 9 needs some interpretation. Below 10 dB carrier predetection signal-to-noise ratio
(=D), the rapid rise is due to thresholding of the carrier discriminator. The flattening out
above 10 dB is due to intermodulation from the PCM signal. In order to interpret the
results in terms of equation (3), it is necessary to use that part of the curve tangent to the
line of unity slope (45E). The offset along the abscissa between this line and theory is the
error relative to theory. As it turned out, it would have been desirable, for purposes of
interpretation, to have made a run of (S/N)j versus D with the PCM removed to eliminate
intermodulation effects.

It was originally intended to operate the carrier at 600 kHz, tuning the EMR discriminator
to that frequency. However, with this setting, the pops were mostly in one direction. By
tuning the carrier frequency to 930 kHz, it was found that the pops were more or less
symmetric about the origin. This setting was used for the test data presented. It may be
noted that, in applications involving telemetry receivers, the IF characteristic will be more
or less symmetric, so this difficulty will probably not occur. The gain in the neighborhood
of 930 kHz is about 1.5 dB less than the gain in the lower frequency part of the band.
Thus, the average noise as represented by the noise bandwidth B in equation (3) is larger
by the better part of a dB than the actual noise in the neighborhood of the carrier, which
was set at 930 kHz. This would bring the agreement between test and theory in Figure 9 to
within a dB or less.

In order to illustrate the performance of the PCM alone, obtained by removing the
subcarrier from the baseband, Figure 10 shows the bit error probability in this condition.
Note that there is about 1 dB improvement in the test data compared with the test data in
Figure 8. The solid line is from the approximate theory for this case based on equation (71)
of reference 1. The resulting equation is

(4)

where
f0 = peak deviation of carrier by the PCM
fb = bit rate
D = carrier predetection signal-to-noise ratio

The fact that the test results are somewhat better than equation (4) may indicate that in the
absence of the subcarrier many of the pops are not sufficiently large to cause errors.



Conclusion.   The test data show agreement with the simple engineering formulae,
equations (2) and (3), to within better than 1 dB. This is considered to be satisfactory for
practical use. It may be expected that the agreement will be as good or better when a
symmetric IF characteristic is used.

Acknowledgement.   The author is grateful for the assistance of Dr. W. R. Hedeman and
Roland Rothnie of the Aerospace Corporation staff.
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Fig. 8 - Measured and calculated Pe.

Fig. 10 - Measured and calculated
Pe for PCM only.

Fig. 9 - Measured and
calculated (S/N)j. 
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Summary.   The goals of TCAS were to recommend a Telemetry Integrated Processing
System (TIPS) that will improve SAMTEC mission support, increase flexibility and
modularity of the system, and provide a system that is more easily operated by the range
operations personnel with an associated reduction in overall operating cost. SAMTEC has
completed the conceptual phase of the classical system life cycle. The validation phase is
now well underway and the development phase is expected to start early in the calendar
year 1975. The Integrated Telemetry System was derived utilizing the fundamentals of
good engineering practices, common sense, and very extensive analysis. The resultant
system should satisfy the goals of improved support, flexibility and modularity, and should
provide at least a 20 to 40 percent reduction in the current telemetry processing
expenditures.

Statement of the Problem.   In performing its function as a test range, the Space and
Missile Test Center employs a number of computer based systems to perform the
telemetry processing function. This support includes the data processing for missile ground
tests, missile launches (both ballistic and orbital), and the post flight analysis of missile
performance. In addition the systems provide off line data reduction for programs like the
Space Test Program and the Minuteman Launcher Equipment Room Evaluation series.
SAMTEC provides support to foreign nations such as Canada, Great Britain, Germany and
the Netherlands as well as other branches of the military and NASA.

The problem is that SAMTEC cannot meet its support requirements without obtaining
more system capability. The requirements now being received are beyond the capability of
the current systems.

The Environment:  SAMTEC currently is experiencing an environment of increasing
requirements and increasing data processing for analysis of the telemetry data. The
requirements vary widely with increasing emphasis upon more sophisticated techniques



and faster response. Furthermore, there is an ever increasing need for more efficient and
less costly modes of operation.

Typically the approach at SAMTEC has been to incrementally acquire hardware and
software to support each new requirement. The computer inventory to support telemetry
processing has more than tripled in the past six years and continues to grow annually.

SAMTEC spent in FY74 a record sum of money for operations and support personnel in
telemetry processing and even more is projected for FY75. Additional money has been
expended for system modifications and for lease and maintenance costs.

New requirements continue to be received that dictate further expansion. This mode of
development creates many interfaces and multiple maintenance contracts. Reliability goes
down often resulting in many reruns to produce good data, maintainability becomes more
complex with experiences of increased difficulty to adequately obtain and provision spare
parts.

In summary, SAMTEC’s problem is that many new telemetry requirements exceed
capability which results in high reoccurring modification costs and operating costs while
lengthening lead times required for proper support.

Statement of Objectives:  SAMTEC in order to continue in its role as a national test range
must establish and attain the following goals:

1) The program office (or any user) test support requirements must be satisfied. This
must be accomplished within a reasonable time and cost constraints.

2) Annual operation costs must be reduced.
3) It must be recognized that requirements will continue to vary wl ‘dely and therefore

systems must have flexibility and planned growth capability to minimize
development costs and risks.

Preliminary analysis during the Long Range Computer Study (LRCS) performed by
Logicon for SAMTEC in FY72 indicated that consolidation of the telemetry functions on a
centralized multi-processing computer complex was feasible and would result in significant
improvements in mission support and operational flexibility.

A Telemetry Consolidation Analysis Study (TCAS) was initiated by the Space and Missile
Test Center (SAMTEC) to define a new telemetry system that would result in improved
operating efficiencies and satisfy user requirements through the next five years. The
consolidation study was performed by Logicon and had the following goals:



• Improvement of SAMTEC telemetry support
• Increase telemetry system flexibility, modularity, and growth
• Consolidated telemetry system operational requirements
• A telemetry system with improved operating efficiencies and associated reduction in

operating costs

The technical approach utilized during the TCAS is illustrated below: In brief, the
technical approach included a requirements definition phase to determine system
requirements, design contraints and loading parameters.

TCAS Technical Approach

A workload scenario was derived as a basis for the sizing task to determine parameters
such as number and type of launches per worst-case month, number and category of front-
end links, and telemetry stream characteristics such as bit rates, frame rates, and syllable
sizes. The purpose of the requirement allocation task was to: define the telemetry functions
at the lowest processing level possible; allocate the previously defined requirements to
these functions; and then categorize the functions as front-end, main-frame (e.g., large
scale computer system), or solution dependent (e.g., either main frame or front end).

These basic functions were then sized in applicable units which included throughput rates
for the special-purpose front-end devices (e.g., synchronizers and decommutatiors), and
processing loads, memory size, execution speeds, etc. for the digital computer devices.

The configuration development task was to define technically feasible telemetry
configurations that satisfy the system requirements previously derived and sized.

At the same time evaluation metrics were developed for application to these system
configurations. The metrics were designed to support quantitative configuration selection.

The purpose of the configuration analysis task was to determine the most suitable
configuration to meet SAMTEC’s telemetry requirements. This was accomplished by



comparitive analysis and by application of the evaluation metrics to each of the postulated
configurations. Once the configuration was selected, specific detailed requirements were
determined for support of possible SAMTEC procurement activities.

Telemetry Consolidation Analysis.   The results of the consolidation analysis are
described in the following subsections which include: requirements definition and
allocation, workload scenario, requirements sizing, configuration development, evaluation
metrics, and configuration analysis.

Requirements Definition and Allocation:  The telemetry system requirements were
obtained from numerous interviews with SAMTEC personnel and with major range users
such as SAMSO and their associated industrial contractors. In addition the present
SAMTEC telemetry systems were analyzed in detail to provide insight into the current
requirements. Approximately 70 major requirements were formulated and included
categories of system design, automated setup and validation, remote terminals, display,
range safety, and post flight data reduction. These requirements were then mapped to the
telemetry functions shown in Table I and allocated to either the front end or main frame
portion of the telemetry system. In some cases the allocation was to either portion of the
system depending on a given configuration. These fundamental functions then formed the
basis for the sizing analysis.

Workload Scenario:  In addition to the telemetry functions defined during the requirements
definition phase, it was necessary to determine a workload scenario to fully prepare for the
sizing analysis. The workload scenario consists of the number and distribution of the
launches during a worst-case month, the system loading characteristics, and the expected
monthly hours of utilization on the system. From SAMTEC historical launch records over
a 2 year period a worst case month of ten launches was derived. From a statistical analysis
of the launch data the following categories were determined: six launches will be Ballistic-
Operational Test (B-OT); two will be Ballistic-Research and Development (B-RD); and
two will be Space (S). The distribution over the one-month period is shown in the
following sketch:



Table 1.  Function Requirement Allocation

Function Allocation

PCM Decommutation
PCM Identification
PCM Routing
PAM/PDM Decommutation
PAM Identification
PAM Routing
FM Processing
FM Identification
FM Routing
Timing
Incremental Processing
Discrete Processing
Tape Formatting
Event Detection
Engineering Unit Conversion
Data Compression (Redundancy)
Limit Check
Telemetry Validation
Real-Time Range Safety
Real-Time Control
Data Base Management
Display
Analytical Processing
Operating Systems
Setup
General Data Processing
Diagnostics

Front End
Front End
Front End
Front End
Front End
Front End
Front End
Front End
Front End
Front End
Front End
Front End
Main Frame or Front End
Main Frame or Front End
Main Frame or Front End
Front End
Main Frame or Front End
Main Frame or Front End
Main Frame or Front End
Main Frame or Front End
Main Frame
Main Frame or Front End
Main Frame
Main Frame and GP Computers
Main Frame and GP Computers
Main Frame
Front End and Main Frame

The telemetry system front-end loading characteristics were derived by projecting existing
workloads and are shown in Table 2.

The worst-case real-time loading is postulated as the 10 PCM links operating
simultaneously at the specified rates for 900 sec. The 900 sec was determined as the
average missile flight with respect to real-time telemetry data being received at SAMTEC
(e.g., from VAFB or Point Pillar). For the ten-launch worst-case month, approximately 700
hours of real-time and 1800 hours of batch processing were derived based on a statistical
analysis of historical utilization data and addition of the new processing requirements.



Table 2.  Telemetry System Front End Loading

Loading Characteristics Source

10 links of PCM
• 2 links at a 2-mbs rate
• 8 links at a 0.4-mbs rate

Worst case ABRES R&D launch planned
in the near future

13 links of PAM/PDM
• 2 links at a 25K-sps rate
• 11 links at a 0.9K-sps rate

Worst case derived from existing
combinations of prelaunch and launch
activities

5 links of continuous data (e.g., FM)
Each link consists of IRIG

PBW channels 11 to 21 or
CBW channels 3B to 21B,
or equivalent

Worst case derived from existing
combinations of prelaunch and launch
activities

PCM
200 frames/sec at 2 mbs
40 frames/sec at 0.4 mbs
1200 unique 8-bit data

syllables/frame

Worst case approximated from the
Minuteman frame rate and word length at
the 346-kbs rate

PAM/PDM
800 frames/sec at 25K sps
30 frames/sec at 0.9K sps
30 unique 10-bit data

syllables/frame

Worst case based on existing SAMTEC
programs

Continuous data (FM)
11 unique quantities per link
500 frames/sec at 50K wps
100 10-bit data syllables/frame

Worst case based on the capacity of the
top 11 IRIG channels

900 sec average dedicated real-time
support/launch/link

Representative launch times

Requirements Sizing:  The functional requirements previously defined were sized based on
the postulated workload scenario. The sizing technique used were primarily two
approaches. For the front end realtime oriented devices a data throughput approach was
developed. For the more complex functions that required computer processing the sizing
analysis included evaluation of the required amount, characteristics, and speed of
execution of the processing, in addition to the data throughput.



For the throughput analysis each of the front end functions was evaluated for input and
output volumes and data sizes. For example for a serial 2 megabit per sec telemetry stream
input rate into the PCM decommutation function the output was an average rate of 250K
syllables per second, each 8 bits in length (parallel). With the addition of the identification
and routing functions the syllable rate remained constant but the syllable size increased to
approximately 28 bits in length. It should be noted that while described separately the
sizing function was an iterative process with the configuration development task. This is
required since functions such as routing, have variable data length dependent on a
particular configuration. The telemetry links both PCM and analog were sized based on the
workload scenario. The individual links were sized on a worst case basis, but the
composite throughput for input to the main frame computers was based on a combination
of worst case and nominal.

The functions requiring computer processing were sized using several techniques. The
most desirable sizing approach was to utilize an existing model that closely represented the
particular function. To obtain this type of sizing information, software program
questionnaires were constructed for SAMTEC telemetry system programmers to answer
based on existing telemetry software. To size functions for which no model exists, pseudo
programming techniques were used. To size by pseudo programming logic flowcharts of
the required processing are constructed. The number and type of instructions are then
estimated from these flowcharts. Therefore from either the existing model data or by
pseudo programming the number and type of instructions, and memory sizing was
determined for each of the complex functions. From the LRCS study techniques were
developed for transferring sizing parameters from one computer to a representative
computer model (baseline computer). This allowed sizing data from a variety of computers
to be utilized and compared. The sizing data from the existing telemetry systems was thus
transferred to representation in terms of the baseline computer. The pseudo programming
data was directly sized based on the speeds of this baseline computer. Utilizing the
baseline computer sizing data and associated execution speeds in combination with the
data throughput, the required processing speeds were determined. At this point in the
analysis the functions were sized so as to permit various combinations to be evaluated
during the configuration development analysis iterations.

Configuration Development:  Based on the requirements and design constraints determined
earlier and the functional sizing results, four telemetry system configurations were
developed. Each of these systems was functionally designed to be technically feasible and
to satisfy both SAMTECs existing and long term telemetry requirements. Figure I shows a
brief overview of these configurations and their salient features are summarized in Table 3.
The configurations were designed to a level sufficient to allow meaningful comparative
evaluation but were not necessarily optimumized.



Evaluation Metrics:  Evaluation metrics were developed and applied to the four
configurations to arrive at the recommended configuration. These metrics are:

1. Long-Term Follow-on Confidence:  This metric evaluates the potential of the
configuration to allow upward growth with technology improvements.

2. Growth Potential:  The growth potential metric evaluates the ease and response time
of modular expansion with increased loading.

3. Developement and Operating Costs:  The cost metric evaluates the initial development
costs and the monthly operating costs.

4. Hardware and Software Complexity:  The complexity metric evaluates the
development risks associated with the hardware and software as well as factors such
as acceptance testing time and costs, maintainability, etc.

Each of the metrics was mathematically derived for application to the four system
configurations. For example the metric for long term follow-on confidence (MF) is:

where
n = number of types of computers within the system

             = probabilities for each type of system computer for upward-compatible

            = probabilities for lateral follow-on



Figure 1.  Configuration Overview



Table 3.  Salient Features of the Four Configurations



Applying these metrics to each of the four configuration is shown in Table 4. The metrics
were combined using the composite function:

F(M) = 0.23 MF + 0.16 MG + 0.26 MC + 0.18 MH + 0.17 MS

Table 4.

This resulted in selection of the powerful front end configuration. The evaluation results
for each of the configurations were:

Individual Stream - 0. 84
Powerful Front End - 0. 87
Preprocessor Pool - 0. 74
Powerful Main Frame - 0. 70

Telemetry Consolidation Results   The powerful front end configuration was selected as
the best for SAMTECs particular requirements. Figure 2 illustrates the selected
configuration primary concepts. Based on this configuration and associated analysis a
detailed specifications were developed for eventual procurement by SAMTEC.

The salient characteristics of the recommended powerful front-end configuration include
automated setup and validation, identical PCM, PAM/PDM, and FM links alternatively
feeding into dual-port preprocessors, a general-purpose minicomputer in the front end for
critical real-time processing and limited stand-alone capability, dual main-frame computers
for batch, timeshare, and data basemanagement processing as well as spooling front end
real-time display, recording data to the applicable peripherals, and a real-time control and
status mission operator function.

The automated setup concept is to provide approximately 90 to 95 percent automation of
the setup process with the remainder accomplished manually via interactive terminals with
printout instructions, etc. For a given test the required setup configuration data (hardware 



Figure 2.  Powerful Front End - Consolidated Telemetry System

and software) will be contained within the Telemetry Data Base, located in the main-frame
computers. The main-frame will utilize this data to select the appropriate and available
equipment, send control data to the video switching matrix and quick-look display
controller, and send programs and control information to the front-end general-purpose
computer. The general-purpose computer will, in turn, properly set up the link subsystems
which include the synchronizers, decommutators, andpreprocessors. The validation
process will be initiated by the main-frame computer to provide TDVS-simulated mission
inputs to the previously set up link(s).

Each of the preprocessors can accept either a PCM or an analog link. This allows for a
minimum number of preprocessors and generalpurpose computers since it is not likely (nor
required) that the PCM and analog links will operate simultaneously. Each of the PCM
links is to be identical and capable of handling the worst-case loading as in each of the
analog links. The preprocessor has a direct data link with the main frame for tOO percent
recording of the telemetry stream. This 100-percent recording function is intended to
minimize the need for time consuming playback modes originating from the analog tape
recording.



The general-purpose computer does all of the critical processing for real-time functions
such as range safety, event detection, engineering unit conversion, display, limit checking
and status control. It is also required that the general-purpose computer have stand-alone
capability (independent of main-frame computer) for data processing such as tape dubs,
tape formatting, software development, and during real-time to provide range safety data in
case of a main-frame computer failure.

The dual main-frame computers are primarily intended for batch and timeshare modes with
limited real-time, data spooling from the preprocessor and general-purpose computers to
display and recording peripherals. The spooling function was introduced to allow efficient
display and recording peripheral utilization without complex switching matrices for the
front ends. It is planned that either the main-frame or general-purpose computers will
process the real-time control and status functions.

In addition to the normal data processing center computer operating function, there is a
telemetry mission operating function. The intent of this real-time status and control
function is, to ensure that the front-end system(s) are properly operating and to perform
system control. The status data that should be displayed to the real-time telemetry
controller include: synchronization status (bit/frame), realtime diagnostics, general-purpose
or main-frame computer overflow, 100 percent data recording channel, general-
purpose/main-frame data channel, and voice data on inputs/equipment, etc. The real-time
control capabilities should include stream input selection, stream to main-frame selection,
decommutation of format rate changes, recording and print changes.

Sponsor: This work was supported by the Space and Missilte Test Center under
Contract Number F0470i-73-C-0132
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A SIMPLE PREPROCESSOR FOR NARROWBAND OMEGA RETRANSMISSION 

By FREDERICK H. RAAB 

Summary - Global distress location and search and rescue operation may 
utilize Omega VLF navigation signals for position determination. The rescue 
radio would retransmit the Omega signals to a satellite for relay to a search 
and rescue center, where the position of the retransmitter would be determined. 
Since only the phases of the Omega signal are required, preprocessing prior 
to retransmission can have several advantages, including reduced bandwidth, 
transmission time, transmitter power, antennasize, and error rate. Both 
phase measurement and averaging can be accomplished by a simple counting 
phase detector. The characteristics of an Omega preprocessor using a set of 
counting detectors are described. 

Introduction - Preprocessing of the Omega signals received by a distress 
location/rescue radio provides an alternative to linear retransmission such as 
was used in the Omega position location experiment. There is an important 
difference between full processing and preprocessing, Full processing, as in 
an Omega receiver, must produce actual phase estimates for position finding. 
Preprocessing need only produce data which can be used to produce the actual 
phase estimates. This allows a preprocessor to be considerably less complex 
than an actual Omega receiver. 

A preprocessor must reduce the received Omega signals to a small number 
of bits of data containing information about the signal phases and carrier-to- 
noise ratios. The use of digital data will allow considerable flexibility in re- 
transmission. Data may be transmitted slowly in a small bandwidth, or rapidly 
in bursts in a wide bandwidth, as fits the channel. Transfer from one relay 
link to another can be accomplished easily and with negligible corruption of the 
data. 

Centicycle accuracy in a phase measurement requires retransmission of 
at least 7 bits (27 = 128). Global position finding will require measurement of 
the phases of five frequencies from each of three Omega stations, Thus, as 
few as 105 bits can identify the location. However, an actual preprocessor is 
likely to transmit more than the minimum 105 bits. To reduce basic measure- 
ments to the minimum number of bits would require a complex processor, 
capable of deciding which stations to monitor and how to correct for such things 
as drift, clock frequency errors and carrier-to-noise ratio. 

Counting Detector Concept - A digital counter can both detect and average 
the phase of a received Omega carrier. A local reference signal starts a 
counter, which is toggled at a frequency 100 or more times the carrier frequency 
(Figure 1). The received Omega signal is clipped into a logic-like signal 
which stops the counter, The number of counts is then proportional to the phase 

This workwas supported under Air Force Contract F33657-72-C-1066. 

Dr. Raab is with Cincinnati Electronics Corporation. 



difference between the reference and the reference and the received signal. 
Both the local reference and the counting frequency can be derived from the same 
stable oscillator (clock). 

Omega transmissions have duration of approximately one second, which 
allows a noise bandwidth of approximately 1 Hz. However, the passive filters 
used in the front end of an Omega receiver have a nominal bandwidth of 100 Hz. 
The preprocessor must, therefore, take a number of samples and average them 
to produce the 1 Hz bandwidth. The nominal 100 Hz bandwidth suggests that 
approximately 100 uncorrelated phase samples can be taken during a one second 
transmission. 

A sampling rate of 100 per second can be accomplished simply by making 
the local reference signal 100 Hz. A phase sample will be taken whenever a 
rising edge of the reference signal occurs (Figure 2). All of these samples must 
be coherent; i. e in the absence of noise, all phase samples must be the same. - -2 2 
To insure this, the reference or sampling frequency must be an integral sub- 
multiple of the received frequency. Both the 10.2 and 13.6 kHz Omega carriers 
can be sampled at exactly 100 Hz because it is an integral submultiple of each 
(f/102 and f/136, respectively). The 11.3 kHz and proposed 10.88 kHz carriers 
must be sampled at slightly different frequencies, for example, 101.19 Hz 
(f/112) and 100. 74 Hz (f/108), respectively. 

The counter is set to zero only at the beginning of the one second interval. 
Successive phase samples simply add to the previous samples. At the end of 
the one second interval, the counter has a number stored in it proportional to the 
sum of the counts in each sample. If scaling and quantizing are ignored, this sum 
can be described by 

s(k) = ~(1) + ~(2) + . . . + y(k), (1) 

where y (j) represents the p phase sample. The average phase is then recovered 
by division by the number of samples: 

j = t s(k) . (2) 

If 100 samples are taken during a one second transmission and there are 
100 counts per cycle, the number of counts cannot exceed 10,000 ( 214= 16,384). 
However, only 7 or 8 of the 14 bits must be transmitted. The others are insig- 
nificant because of the noise errors. 

In the absence of noise, the average measured by the counter is the true 
phase difference between the received signal and the referenced signal. If the 
atmospheric noise is gaussian, the carrier-to-noise ratio R is good (+ 10 dB 
or better), and the true phase x is not near the ends of the measurement range 
(0 and 277 ), the phase noise n(k) is essentially additive gaussian noise: 

y(k) = x + n(k) (3) 

i= x+II, [n(l) + n(2) + . , . + n(k)] . (4) 

The variance of the noise in a particular sample is 
2 1 

%=2R, (5) 

where R is measured in the 100 Hz bandwidth input to the processor. The 
averaging process reduces the noise variance according to 

2 0-z 102 
p-jyn. (6) 



One can see that 100 samples taken during a 1 second interval with a 100 Hz band- 
width is equivalent to a 1 Hz noise bandwidth. 

In general use, preprocessing of Omega signals with carrier-to-noise 
ratios as low as 0 or -5 dB (in the 100 Hz bandwidth) may be required. At these 
carrier-to-noise ratios, gaussian atmospheric noise produces non-gaussian phase 
noise. In addition, actual VLF noise is impulsive, rather than gaussian. An 
analytical description of this impulse noise was not available. In addition, the 
averages of a large number of samples tend to be gaussian. A gaussian noise 
model was therefore used for its analytical convenience in the preliminary 
evaluation described here. Since in final processing, a computer converts 
preprocessor data to phase data using a noise statistics table. it will be possible 
to change the noise model quite easily. 

The generalized phase probability density for gaussian noise with carrier- 
to-noise power ratio R is given by Beckman 1) as 

~(~)=1e 
-R 

[ l+Gfie 
.a 

(1 + erf G)] 9 (7) 
2x 

where 
G = ,fi cos y  l (8) 

and the true phase x is zero. For other values of x, the probability density for a 
given measured phase y can be found by using the mapping 

tp=(Y-4 * (9) 

where the operator{) adds or subtracts 2nas necessary to insure that 

OiY-c2Tc f (10) 

Note that when the true phase is nearly aligned with 0 or 27;; some measurements 
will be near 0 and some near 27r, producing an erroneous average of it, even for 
good carrier-to-noise ratios. These effects are included in this density. 

The characteristics of this phase detector with gaussian atmospheric noise 
can now be evaluated. The expected value of a phase sample or average can be 
determined by evaluating 

p = E [Yj =2$2jrY~y (Y) dy . (11) 
0 

The integration is most easily done by numerical techniques. Simpson’s rule 
integration was used, and full details are described in (2). The resulting curves 
for fi as a function of x and R are shown in Figure 3. Note that at high values of 
R, the curves follow closely the,&= x line. For all values of R, as the phase 
value nears 0 or 2/ii, the average is pulled towardit. 

The variance of the phase increases not only as R decreases, but as x 

nears 0 or 2fl . The variance was also evaluated numerically, and the standard 
deviation is plotted in Figure 4. Note that as carrier-to-noise ratio improves, 
u stays relatively constant except when x is close to 0 or 2-~. For very low 
values of R, cr approaches that of a uniform phase density, showing little 
dependence on signal phase. Inaccuracies in this preprocessing technique 
(other than errors due to atmospheric noise) arise from quantization and the non- 
linear relationship between true phase and average phase. The maximum quanti- 
zation error that can occur is 

InQ I max = g ’ (12) 



where M is the number of counts per cycle. A noisy signal will cause some 
quantization errors to be positive and some to be negative, resulting in an average 
quantization error much smaller than the maximum. 

Evaluation of errors due to the non-linear phase-to-phase average transfer 
curve requires determination of the slope a/u /ax for specified values of R. 
Note that a noise error A y will convert to a phase error Ax according to 

Ax=&- ) 
(13) 

P x 
so the phase estimate error variance will be 

2 
c- 6-t 

A = (14) 
X 

r+Ja$- - 

A decrease in the slope then causes an increase in the estimation error variance. 
The slope can be evaluated by differentiation of (ll), since all functions are 

continuous. 2n 

&=_L 
s y?)$! dy . 

ax 2v o 
(15) 

This is a straightforward (although somewhat painful) numerical integration, and 
is described in (2). The resulting values of ?N/ ax were combined with my 
for various x and R values and the resulting estimation error standard deviation 
is shown in Figure 5. It is apparent that the most accurate measurements are 
obtained when the phase is close to R, and the least accurate measurements 
occur when the phase is at a turning point on the transfer curves. 

It is also apparent that a single counting detector is not sufficient to 
guarantee accurate phase estimates. The use of two or more counters operating 
at different reference phases will allow accurate measurements to be made by 
at least one of two counters. The amount of data which must be averaged to 
produce a specified accuracy with a given number of counters can now be 
determined. From Figure 5, the worst case equivalent ~$1 for a single 

phase sample with R = -5 dB is 5.36 for two counters and 2.52 for three counters. 
The standard deviation of the average can be found by dividing these numbers by 
the square root of the number of samples. To guarantee a 6; of one centi- 
cycle (2~ /lOO) requires 7285 samples (about 12.1 minutes) with two counters 
and 1610 samples (about 2.7 minutes) with three counters. The use of three 
counters is thus preferred for the nominal three minute data collection time in 
this application. 

Estimating the carrier-to-noise ratio - There are two related questions 
which must be answered before the three phase averages can be converted to a 
phase estimate. First, the most accurate (mid-range) average must be 
identified. Secondly, if the carrier-to-noise ratio is less than about +5 dB, 
it must be estimated to allow an accurate phase estimate to be made. Three 
techniques for resolving these problems which have been considered are average 
absolute difference, interval variance and curve fitting. 

The average absolute difference technique adds some simple circuitry to 
the preprocessors. This circuitry determines the absolute difference between 
two successive samples and accumulates a sum of the absolute differences. The 
expected value of the absolute difference increases as the carrier-to-noise 



ratio decreases or as the phase approaches 0 or 27~ . and can therefore be used 
to identify the most accurate counter and to estimate the carrier-to-noise ratio. 
While any measure (such as squared difference) of the difference between phase 
samples can be used to estimate the carrier-to-noise ratio, absolute difference 
can be implemented more easily. 

Evaluation of the expected value of the absolute difference is necessary if 
R is to be estimated. The average absolute difference is generated by the 
following operations: 

q(l) = 0 
a(2) = I Y(2) - WI q(2) = q(l) + a (2) 
a(3) = ly(3) - ~(2) 1 q(3) = q(2) + a (3) 

(16) 
* . . . . . 

a - -h q(k) . (17) 
First, it is necessary to evaluate the probability density pa (a), from which the 
statistics of a can be determined. This requires a convolution interval. Noting 
that a value a can arise two ways: 

Yl - Y2 3 YllY2 
a= 

Y2 - Yl 3 Y1<Y2 3 (18) 

the convolution integral becomes 
27r 

p,(a) = 
J c 

py (Y) py (u-a) + py (u+aj du . (IS) 
0 

This is a straightforward numerical integration, but it must be done for many 
different values of x and R. 

The next step is evaluation of2the expected value 

E [a]=d=& s a P,(a) da, (20) 
0 

which is graphed in Figure 6. 
An algorithm using the average absolute difference for carrier-to-noise 

ratio estimation requires six inputs: three counter averages and three average 
absolute differences. The counter having the lowest average absolute difference 
is selected as best, and the other two sets of data are discarded. The phase 
and carrier-to-noise ratio are interrelated, so an iterative procedure must be 
used. The algorithm first assumes that x = fl (center of the selected counter), 
and interpolates in a table of x values to estimate R from a. It then assumes 
this value of R and interpolates in a table of p values to estimate x fro? 7. 
This value of 2 replaces 72 and the process is repeated until both x  ̂and R have 
converged. Figure 7 shows the results of several simulated runs of this 
detector and algorithm, 

While the use of average absolute difference is straightforward, it requires 
additional circuitry in the preprocessor. If the carrier-to-noise ratio can be 
extracted without this additional hardware, it will simplify the preprocessor. In 
this application, the preprocessor will be balloon-borne and drifting. Since 
drift can cause phase shifts which reduce the accuracy of the average, it will be 
desirable to transmit data after each Omega transmission so that balloon drift 
can be estimated. The variance of this set of phase averages can be used to 



estimate carrier-to-noise ratio. 
In this technique, the input data are three sets of (nominally) eighteen phase 

averages, denoted zl(l), z,(l), 23(l), . . . , 21(J), z2(J), and 23(J). From these, 

IL i -7 = ‘--I .T zi W (21) 
1 j=l 

J 

c 1 
2 

u zz 1 L‘ Z i (j) - Ti . (22) 
i 

-7 j=l 

(Balloon drift is ignored here. ) Now uI, u2, and u3 increase as x approaches 0 
or2 , so the smallest value of ui indicates the best counter. This value 3 is 
then an estimate of the variance of Zi , and is therefore related to 6y according 
to 

E fui]=+ d2 (23) 
Y ’ 

where K is the number of samples taken during a one second Omega transmission. 
An algorithm using this technique would operate in much the same manner 

as the one for average absolute difference, iterating until 2 and 2 converge, 
The accuracy possible can be found by comparison with standard tables, since 
u. is a chi-squared random variable. 

1 It appears that a 95 percent confidence interval allows -2.5 dB to +2.1 dB 
errors in R for 18 intervals (3 minutes) and -2.1 dB to +l. 6 dB for 30 intervals 
(5 minutes). If R is +5 dB or better, these errors are of little importance, 
However, at 0 or -5 dB they will affect the accuracy of the phase estimate. 

The third technique uses the phase averages of all three counters, rather 
than just that of the best one. Since phase average depends on carrier-to-noise 
ratio, as well as phase, it can be used to estimate carrier-to-noise ratio, 
Figure 8 shows how a phase produces three averagesiI, 52, and i 

3’ 
Also 

plotted are phase average curves for two other carrier-to-noise ratios. Note 
that neither could produce the observed set of averages. By evaluating the 
squared error between the measured averages and the expected averages for 
several values of x and R, the x and R which best fit the data can be selected. 
The previous algorithm can be used to set limits for this algorithm. At the time 
of writing, this algorithm had not yet been evaluated. 

Other Aspects - The preprocessor must establish synchronization with the 
Omega transmitter commutation pattern so that it can start and stop phase 
averaging at the proper times. This can be done by two blocks of circuitry. One 
of these is a sequencer, which derives commutation times from a 10 Hz signal 
derived from the clock oscillator. The 10 Hz signal triggers a counter and the 
numbers in the counter indicate whether to start or stop sampling. The other 
circuit is a synchronizer which starts the sequencer in the right place. To do 
this, it is necessary to measure the lengths of the 10.2 and 13.6 kHz trans- 
missions from the strongest station. Logic circuits can then load an appropriate 
position number into the sequencer. 



Such a preprocessor might ultimately be fabricated in the form of three 
special purpose integrated circuits. The three circuits would probably be the 
commutator, the detector, and the formatter. This will allow flexibility in the 
use of the IC’s in varied applications. For example, changing the formatter 
allows the same basic preprocessor to be adapted to a fixed receiver. 

As currently envisioned, this preprocessor will make measurements on 
each Omega frequency during each transmission interval. Data will be trans- 
mitted during the following interval. With five Omega frequencies and three 
counters (7 bits each), this amounts to about 105 bits per second. If modulation 
is added to the fourth Omega frequency and it can be detected by using four 
detectors for that carrier, each operating at different parts of the modulation 
cycle. 

Conclusions - The use of counting detectors as an Omega preprocessor 
appears feasible. The use of three detectors with phase references separated 
by 2~ /3 guarantees at least one accurate phase average. If the detector is to 
be used with carrier-to-noise ratios of less than +5 dB (in a nominal 100 Hz 
bandwidth), carrier-to-noise ratio must be estimated to estimate phase 
accurately. There are several ways this can be done, but a combination of 
interval-to-interval variance and three counter curve fitting requires the least 
hardware in the preprocessor. Work is continuing at the time of writing. 

The author wishes to thank Jerry Waechter for his valuable assistance in 
much of the computer programming. 
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A MARKOV MODEL FOR NASA’S GROUND COMMUNICATIONS FACILITY* 

R\/ nnl lnvr ADEYEMI 
Y, VYV” I L 

Summary. -For those burst noise channels that can be modelled by finite 
state Markov chains (FSMC) this paper presents a 'natural' way of construct- 
ing such models and in particular gives a five-state Markov chain as a model 
of errors occurring on the NASA's Ground Communications Facility (GCF). A 
Maximum Likelihood procedure applicable to any FSMC is developed for esti- 
mating all the model parameters starting from the data of error runs. Then 
we give a few of the statistics important for estimating the performance of 
error control strategies on the channel. 

I. Introduction. -Pioneered by Gilbert [l], many attempts have been made 
at constructing models for a noisy binary channel in which errors group 
into isolated bursts and for which the classical Binary Symmetric Channel 
(BSC) is inadequate. A noisy binary channel generates a sequence of binary 
noise digits {zn], which it adds (modulo 2) to input digits Ix,} to produce 
output digits yn = x,-!-z,. A burst-noise channel has memory which makes it 
necessary to determine the probability distribution of {z,] only through 
test runs on the particular channel unlike in the case of the BSC in which 
the noise digits are generated by a sequence of independent trials. Fur- 
thermore, the capacity of a burst-noise channel is more difficult to cal- 
culate. 

Two broad classes of theoretical models have been proposed for the 
error sequence [z,] on burst-noise channels: The Independent Gap (or 
Pareto) Model [2], and the Markov Model [I-l. The Pareto Model assumes that 
successive gaps are approximately independent and suggests the Pareto dis- 
tribution for the gaps. The Markov model combines Markovian property with 
Independent Gap property. In the general case, however, when the error 
clusters are different for different phases of the channel and hence more 
than one error state is used in the Markov model, no assumption of indepen- 
dent gap distribution is made. 

To show when each of these models is applicable, let zn = 1 if the n th 

bit is in error and 0 otherwise. Let {Okll] be the event, starting with a 
bit error,of getting exactly k zeroes before another 1 and {Ok\13 the con- 
ditional event of k or more zeroes. Then 

V(k) = P{Oklll] k z 0 (1) 

is the gap distribution and 

U(k) = P(Okll) 

* This paper presents the results of one phase of research carried out at 
the Jet Propulsion Laboratory, California Institute of Technology, under 
Contract No. NAS 7-100, sponsored by the National Aeronautics and Space 
Administration. 

Dr. Adeyemi is in the Communications Systems Research Section, Jet Propulsion Laboratory, Pasadena, 
California 



is the probability of a gap length zz k. 

The Pareto Model predicts (within the interval of its definition) that 
the graph of Jog U(k) is a straight line. So that any burst-noise channel 
whose empirical U(k) cannot be fitted with a straight line on the Jog-Rag 
plot cannot be modelled by the Pareto distribution, For the GCF, Figures 4, 
5, and 6 show that the empirical U(k), on the Jog plot, is convex for 
k < 2000 and then becomes approximately a straight line. The interval of 
convexity depends on the bit error rate; the higher the bit rate the longer 
this interval. Thus, as will be shown below, the Markov model, not the 
Pareto, may be used for the GCF. In general, as was shown in [3] (See also 
Sussman [4]), the Pareto Model performs well only on good quality telephone 
channels (with very low bit rate). 

In Section III we present a maximum likelihood procedure for estimat- 
ing all the parameters of the five state model constructed in Section II. 
This method is applicable to any finite state,Markov chain. Then a few of 
the statistics important for estimating the performance of error correcting 
schemes on the channel are obtained in Section IV. 

II. The Model. -Our model is based on the 4800 bps high-speed GCF data- 
line test run conducted by McClure [5] although we show that the same basic 
model is good also for the 50 kbps wideband circuit. The high-speed data 
(HSD) set consists of 31 test runs on all NASA lines between JPL and each 
of the outpost stations at Goldstone, Florida, Madrid (Spain), South Africa, 
and Australia. Details of transmission modes between continental and over- 
seas terminals and between these stations are contained in [5]. The bit 
error rates (BER) range widely (O-x10-3), there being two of the 31 test 
runs in which no errors occur; the duration of the tests range from several 
minutes to a few hours. 

It is convenient to divide the tests into three main groups: the Green, 
Amber, and Red groups, The green group consists of those tests with bitw4 
rate of less than 1 x 10e5, those in the amber group have between 1 ~~10 
and 1 x 10T5 BER and the red group are those with higher than 1 x 10 BER. 
Of the 31 test runs only 3 are in the red group, 7 in the green and 19 in 
the amber. 

The histogram for the 31 runs of the 4800 bps data is shown in Figurel. 
The error-free (gap) lengths are represented in the x-axis and their fre- 
quencies in the 31 runs on the ordinate, For example, the number of con- 
secutive errors, (at x = l), is 17, 149 while the frequency of gaps of 
lengths 100 S: x < 499 is 652. 

We make the Markovian assumption that whenever an error occurs the 
behavior of the channel at that time is independent of how good the channel 
has been prior to that time. In other words, the behavior of the channel 
each time it enters the bursty state is statistically the same irrespective 
of how long the time has been since it last showed thisburst phenomenon. 
(Here we adopt the definition of a burst as a sequence beginning and ending 
with an error, separated from the nearest preceding and following error by 
a gap of no less than a given length, say G, called the guardspace and con- 
taining within it no gap of length equal to or greater than G.) Each time 
the channel enters a burst, that is each time we observe an error after a 
long gap, the length of the burst, the number of errors within it and the 
distribution of these errors are therefore all independent of what had gone 
on prior to the occurrence of this phenomenon. We can therefore represent 
distinct groups of gap lengths by distinct states of the channel and indi- 
cate the beginning of a burst by a return to a single error state from 
states representing long enough gaps, The short gaps and consecutive errors 
within a burst are then represented by transitions between this error state 
and those states representing appropriately short gaps. 



With respect to this 'natural' way of constructing a model it would be 
necessary to represent each mode of the histogram by at least a state each 
of which connects to a single error state. But that may make the model 
unwieldy to analyze and therefore impractical. The five-state model we 
found to give acceptably good fit is shown in Figure 2. State B is the 
error state which connects to perfectly good states Gl,G2,G3 and G4. The 
good states represent gap lengths 

x 2 105; 1100 < x 5; 99999; 50 s x g 1099; 2rxr49 (2) 
These interval boundaries are determined from the histogram. All errors 
occur in state B, consecutive errors occurring with the indicated proba- 
bility 0 < q < 1. Short bursts represent transitions between states B and 

G4' Varying gap lengths are represented by transitions between state B and 
G1 ,G2 ,G3; the very long gaps indicating that the process is in state Gl. 

Let us denote the one-step transition probability of going from state 
i to a state k by P(kli). Then 

P(Gj(Gj) = pj = 1 - P(BJGj) 

P(GjJB) = Cj j = 1,4 (3) 
and 

P(BIB) = q = 1 -cci 

The model is not unlike four workmen with varying degrees of efficiency 
pl>p2> p > p4 employed to maintain a system. 

2 
We agree to call a workman 

and his e ficiency rate by the same name. Each time the system breaks down 
(in state B) any one of the four workmen may be called upon to do the re- 
pairs, workman pj being called with probability Cj; j=l, 4. The proba- . ..) 
bility is q that the maintenance supervisor will not call on any one of the 
workmen immediately the system breaks down. If he calls however, the length 
of time after the repairs are done for which the system remains in working 
condition is proportional to the workman's efficiency. In other words, if 
pj is called upon, the chances are q. 

3 
that the system will not stay in work- 

ing condition the next unit of time. Thus, the lower the workman's effi- 
ciency the higher his q.. 

J 
There are some apparent deficiencies in our model. One is that it is 

fairly well known that the error-causing mechanism does not reverse the bit 
each time the channel enters into a burst, a fact which we seem to ignore 
by allowing errors to occur with probability one each time the process 
reaches the state B. We hasten to point out however, that a model using a 
state 3 in which errors occur with some probability O< hclinstead of B 
can be made to be mathematically equivalent to our model by appropriately 
increasing the number of good states and adjusting the corresponding transi- 
tion probabilities. Moreover introducing such a state B would involve un- 
necessary complications in the analysis. A rather serious assumption in 
our model is that it is possible to fit a channel with BER varying between 
0 and 10m3 and exhibiting three distinct error modes (Green, Amber, and Red) 
by a single stationary model. If the model performs well at high error rate 
it cannot be expected to depict the channel in the Green error mode. For 
when other users of the GCF come onto or drop off the line the characteris- 
tics of the channel change significantly. A realistic model must incorpor- 
ate such changes in the line conditions and the times between the changes. 
A way to construct such a model is outlined in [3]. 

III. Estimation of Parameters. -Let us indicate the procedure for es- 
timating the model parameters pj and c., j =1,...,4 from the data. 

i 
Then 

the optimizing set of parameters will e obtained from these by the method 
of maximum likelihood, 



Let Rj = number of times the process enters state j, j =1,...,4. 

kji = the length of gap i in state j, i=l,...,aj. 

xj = the threshold to state j or the minimal gap length deter- 
mining state j. 

Ne = number of errors in the run 

Nil = cardinality of [X=1] or the number of occurrences of consecu- 
tive 1's. 

Further denote by M the transition matrix of the five state Markov chain. 
That is 

P1 0 0 

0 

A, r 

0 l-p1 

p2 O 0 l-p2 

M= 0 0 p3 0 i-p, 

0 00 

1 

P4 l-p4 

Cl c2 c3 c4 q 

Then the steady state probabilities are given by 

'iu5 u. = 1 

u5 = T+;$I 
(4) 

and since errors occur only in state B, the bit error probability is given 
by 

P, = U,‘ 

The fact that U(k) = >1 cipt-', k 
_ 

2-T 
.L 3 

2 0; implies that 
i=l - 

6 c. 

Now suppose we assume that for the process t. _. 
of the gap is at least k,-, bits (Gl is the best error-frf 

=l (5) 
1=1 'i 

:o be in state Gl the length 
:e state\ _ Then 

since 

U(ko) = P(Okoll = c v(k) 
k>k, 

: 2 k. is given by 

(6) 

the conditional probability of getting a gap of length E 

where 
c1(1-Pl) 

c = rr,,. \ ; 
kO-1 

u(L) = C.P. . 

If then there are R gaps of lengths 
the joint conditional probabilitv of 

It is desired to maximize this D 
tive w.r.t. pl to zero using (5) gives: 



R 

c 
ki-Rko 

1 
&= j( (8) 

c 
ki-RkO+R 

1 

We can interpret 61 as the proportion of time spent in state Gl as a 
fraction of the sum total of the time spent in Gl and the number of times 
the process enters this state. So internreted it is then easv to see that 

Now let 4 be the number of error-free bits before the first error in a 
sample and L the number of error-free bits after the last error. Here take 
,&. to be the length of the jth gap, j = l,...,N,-1. 
Oi 

Then the probability 
getting a sequence 2 = {z,] if M is the transition matrix can be written 

as N,-1 

P(M,z) = P1 U(R)U(L) n V(Jj) (10) 
j=l 

ch maximizes We take as an estimate of the true value M" of M an I? whi' 
PtM,z) . 

It is not difficult to show, using the method of Lagrange's multi- 
pliers, subject to (5), that the set {pf,ci] giving this maximum is: 

L J. 

D2 
p; = - 

D1+D2 

F' = D; 

i (Ne+l) (Dl+D2> 
(11) 

E!p! 
c! = 11 

1 l-p! 1 

R. 

'i 
J 

o!. & L 

where 

'iPi 
R 

Dl = 
Cl-p,)o, 



'i(l-Pi) 
c 

XF p 'j. 1 x'. _C4piL F.P. 
7 = 

i ;a = 
pi 

1 1 l-pi’ oL- i l-p.' @j = i i i 
1 

To obtain the estimates p{ and ck the raw estimates :i and pi are used 
in (11) for pi and Ci* The pi and ci thus obtained are used iteratively 
in (11) on a digital computer to give a new set of maximizing parameters 
py and cy. This iterative method is repeated until a degree of stability 
sufficient for curve fitting purposes is achieved. See Baum and Welch [6] 
for further details of this iterative method. 

For constructing appropriate coding schemes it is useful to have a 
single channel estimate or at least estimates of these parameters for each 
of the three error modes. To obtain this we assume each of the test runs 
to be an independent sample from some underlying distribution (transition 
matrix M). Thus if there are n such samples and we let Dlk and D2k repre- 
sent Dl and D2 respectively for sample k, k=l,...,n, then we can show that 
the maximizing averaged group channel parameter set is given by 

jj2 I=- 
'i D 

P! 
D1 

l ($ N-l+n)D 

W) 

F.p! 
cl = 11 

1 1-p; 

where 

El = 2Dlk; D2 = kD,,; D = ijl+D2 

k=l k=l 

and N,k = number of errors in sample k. The weighted average (weighted in 
proportion to the number of bits in the sample) of the optimal set of param- 
eters obtained in (11) may be used as starting point for the iteration in 
(W * 

The optimum parameter set for individual runs from each of the error 
modes is shown in Table 1. Table 2 contains the parameters for the Green, 
Amber, and Red groups in the overall channels for the HF 4800 bps and wide- 
band 50 kbps channels. 

IV. Curve Fitting and Goodness-of-fit Test. -A basic statistic in the 
model is the gap distribution V(k) because the process renews itself each 
time it reaches state B. In other words, the occurrence of an error is the 
renewal event which wipes out the memory of the past gap. Each gap is then 
an independent statistical sample from the distribution V(k), k2 0. The 
occurrence of bursts is a direct consequence of the form of the gap distri- 
bution. Therefore we shall assess the performance of the model by how good 
a fit U(k), ks0, a function of the gap distribution, gives to the empiri- 
cal O(k). 

For purposes of error control it is more important to have accurate 
prediction of error cluster when the gaps are short (at high BER) than dur- 
ing long intervals of error-free transmissions. Thus we compare U(k) and 
c(k) for 0 i; kc 4000. 



The error of our prediction is then 

Y(k) = u(k) - v"(k); 0 s: k L 4000 

and the highest prediction error is 

p = 0 ,cmkaxs 4000 IY(k)j 

For a very good fit one would expect Y(k) to have very small mean? and 
standard deviation sy, For the test runs shown, the maximum average devia- 
tion is 0.006 with a standard error of 0.007 (Table 3). Further we may use 
the Kolmogorov-Smirnov test to construct confidence intervals for p. The 
desired probability for this is 

@,(V = P(v6 g h) 

and the significance level of the test is cy given by A, such that 
l-@n(&J = cy. p is at most h&ii. At significance levels cy = 0.00, 0.05, 
0.10 and 0.15, $,(X,) and h&/ii-are found (Table 4). 

The table shows that at a,=.Ol, i.e., in 99% of the cases, the error 
of our estimates should be less than 3.6%. The maximum error p in Table 3 
is 3.5% in the Green (least BER) mode. In the high to moderate error 
modes (Red and Amber) p is smaller (respectively 2.2 and 1.5 percent), in- 
deed much less than the theoretically allowable grror of 2.6% at signifi- 
cance level of cy = 0.15. Thus the fit given by the model U(k) is excellent. 
This result holds also for most of the rest of the 31 test runs. The con- 
clusion for the grouped and overall channels can be drawn from Tables 3 and 
4. 

Figures 3-6 show comparative plots of U(k) VS. c(k) for individual, 
grouped (for Green, Amber and Red) and the overall channels, 

V. Channel Capacity. -Gilbert's expression for the capacity C of a 
burst-noise channel [lj is given by 

C=l-H 
where 

H = Rim c Nzl'".,zn+l) Ros P(~n+l\~y"yJ. (13) 
n + m Zi= 0 or 1 

H is the entropy of the noise sequence z = [z+,]. When the model contains 
a single error state,H can be written as 

H = -PI $U(k)j~ Rag w +(I - +$f),,(1 - w)) (14) 

Since U(k) = k ciPi k-l, for large values of k U(k) N clpk-' where pl is the 
i=l 

largest of the p's. tisw N pl for sufficiently large k = k0, say. So 
that for all k 5. k. we can approximate the summand in (14) by 

ho = Pl Rag Pl + (1-P1) Rog (1-P1) 

and thus H can be approximated by H' given by 

kO-1 

H' = -PI c U(k) w Rag w 
k=O 1 

kO-1 (15) 

c 1 U(k) l 

k=O 



Let us remark that since the capacity of a burst-noise channel is lar- 
ger than that of a BSC with the same bit error rate which, at the error 
rate on the GCF, is large enough (> 0.996 for the HF circuit and > 0.997 
for the wideband) it is clear that for purposes of error control the capa- 
city does not present any problem. 

VI. Some Important Error Statistics. -Such error distributions as 

(i) the covariance or the autocorrelation of the binary noise {zn], 
(ii) the distribution of errors in a block and the distances between 

extreme errors in a block, 
(iii) the distribution of error symbols in an n-symbol word where a 

symbol is a fixed number of bits long, and most importantly, 
(iv) the distribution and mean of burst lengths and the probability of 

getting a given number of errors in a burst, can now be evaluated. 
Detailed expressions for all these are contained in [3] where it is shown, 
for example, that 

(i) the autocorrelation function r(k) = P(zk=llzo=l) is given by 

k-l 
r(k) = v V(j) r(k-j-l); k 2 1 

3% (16) 

r(0) = 1; V(j) =xci(l-pi)pk-' 

(ii) the distribution of errors in a block of length N bits-P(k,N)- 
is given by 

N-k 
P(k,N) = Pl c U(Rl)P(k-l,N-Rl-1); 0 s R c N-k (17) 

Al'0 

where 
N-$1-k 

P(k-l,N-al-l) = c V(J2)?(k-2,N-al-J2-2);~~j = N-k 
R,=O 

with the initial conditions P(O,L) = U(L), L Z 0; and 

(iii) P(burst of length n) = L(n), is given by , - . - 

I 0 ifni0 
L(n) = 

L(n) = c vu: 
where 

(U(G) L(n), n 2 1 

min(G-l,n-2) 

) E(n-a-1) 
fi=O 

y(1) = 1 and G = the guardspace. 

(18) 

VII. Conclusion. -A mathematical model has been constructed for the 
errors occurring on NASA's Ground Communication lines. A Maximum Likeli- 
hood estimation-procedure, applicable in general to any finite Markov chain, 
was develooedfor obtaining estimates of all the parameters. And although 
the performance of no specific coding algorithms-is analyzed, statistics 



for comparing the performances of a large class of known error control 
schemes were given. Graphs of the empirical and model values of some of 
these functions are shown in Figs. 7-12. 
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Table 1 

ML Estimates of p and c for the 4800 bps H-F and 50 kbps W-B Datalines 

Green (BER = .0000036) 
No. of bits 

in the run 

z: 
.99999982 .99977777 .999244038 .753295698 55,360800 
.05989128 .036389 .02454708 .6622567 

Amber (BER = .000045) 

;: 
.999999345 .99992822 .99727146 .6780365 61,706400 
.015046 .01804396 .01771507 .643555 

Red (BER = .00015) 

;: 
.999995395 .99680729 .91065915 .57173257 24,642OOO 
.00898176 .067450 .1713521 .42033176 

50 kbps Dataline (BER = .000051) 

P' .99999954 .99990046 .96762984 .5338685 39,198003 
C’ .0098453 .00876970 .0199757 .5129089 



Table 2 

ML Estimates of p and c for groups Green, Amber and Red 
and Overall 4800 bps and 50 kbps Channels 

Green (x 10m5) group 

P' .999999696 
C’ .091481754 

Amber (x 10w4) group 

.916510198 a563564605 .5635646 

.14505589 .097966495 .32543278 

P' .9999991048 .99987335 .92785276 .5752459 
C’ .0303859 .02886455 .12148999 .46583938 

Red (x 10s3) group 

P' .9999982928 .9975858 .9114607 .5645881 
C’ .00694744 .0381146 .11032526 .47075548 

Overall 4800 bps channel 

P' .99999897 .9987626 .91348638 .5668315 
C’ .0234645 .02937897 .1211068 .46171998 

Overall 50 kbps channel 

.9999998 .9967974 .902718 .513891 

.0062265 .02531177 .2027755 .3822079 

Table 3 

Curve Fitting Parameters 

Y(k) = U(k) - ff(k) 
'ii = Mean of Y; syt= standard error of Y 

P = O<~~OOObJO - h) 1 

Table 4 

: Statistics; n = 2000 Kolmogorov-Smirnov Test 
, Significance 

Level IY P(fi s x,> b &JJ;; 

0.01 .99 1.628 0.0364 

0.05 .95 1.3581 0.0304 

0.10 .90 1.224 0.0274 

0.15 .85 1.138 0.0255 
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PERFORMANCE OF A TRACKING STATUS DETECTOR FOR A DIGITAL DELAY 
LOCK LOOP 

Bv J. K. HOLMES and C. C. CHEN 

Summary. - A tracking status detector, operating on the principal of 
detecting the instantaneous phase error is considered in conjunction with 
a noncoherent -r-dither loop. This detector offers a significant improve- 
ment in performance as compared,to the conventional loop lock detector. 
The out-of-lock detection when the loop is not in lock is modeled as a 
Markov process and the detection probability is the probability that the 
phase error accumulator (or a digital counter) exceeds a preset threshold 
in a fixed T seconds. The other performance parameter, the probability of 
false alarm, is also obtained using a Markov model. The results indicate 
that at a signal-to-noise ratio of 6 dB, the probability of out-of-lock 
detection of 0.9999 is attainable. The probability of one or more false 
alarms in one year was less than 10-S. A brief discussion on the fre- 
quency drift estimator based on the same principal is also included. 

Introduction. - Precise time synchronization for a high data rate TDMA 
system or for a psuedo-ranging system can be provided by using a delay- 
lock loop in a satellite-Earth communication link. When such a loop is 
used, it is imperative to know whether the loop is tracking or not. Con- 
ventional lock detectors are based on detecting the energy in the inphase 
detector output after suitable filtering. These detectors are not very 
reliable when the loop is operating near threshold, and in addition the 
detector is sensitive to the input signal level. 

In this paper, a new approach to the lock detector as shown in Figure 1 
is proposed and analyzed. This detector is operated on the principal that 
the instantaneous phase error determines the loop tracking status. The 
delay lock loop behavior has been analyzed by many authorsl-4. Lewis5 
studied the same detector by different methods, however, his model ignored 
non-independent samples and did not estimate the probability of detection. 

The phase up-dating in the delay lock loop is accomplished by an 
Incremental Phase Modulator (IPM). The IPM is the digital equivalent of a 
VCO and up-dates the code phase by incrementing or decrementing a fraction 
of a code chip dependent on whether the phase error signal is positive or 
negative. The error signal is derived from the code correlator by either 
T-dither or the equivalent early-late technique. After low-pass filtering, 
the error signal out of the limiter provides-a binary valued signal to the 
up-down counter (accumulator). When the loop is in lock the positive and 
negative counts essentially cancel leaving a residual error that can be 

This work was supported by Naval Research Laboratory under Contract 
N00014-72-C-0107 

Dr. Holmes and Dr. Chen are with TRW Systems Group, Redondo Beach, Calif. 



shown, with high probability, to be small. However, when the loop is out 
of lock the counter quickly proceeds to accumulate a value qreater than a 
pre-set threshold value. The threshold count can be set to correspond to 
any desired phase error value (such as tl80"). These two cases are shown 
in Figure 2-a and 2-b. In Figure l-a the phase error, expressed in error 
counts, is shown for the in-lock case. The delay in the loop (due to filters 
or propagation time in earth to satellite transmission) even in the noise- 
less case produces a triangular shaped phase error variation with time. 
The period of the triangular function is four times the total loop delay. 
In Figure 2-b a typical count as a function of time is shown when the loop 
loses lock. At the time of loss of lock the count quickly accumulates to 
either the positive or negative threshold indicating an out-of-lock state. 
If the input signal frequency is not exactly at the local reference fre- 
quency a bias develops which can be utilized to estimate the frequency 
offset by a long term average. This case is shown in Figure 2-c. When 
there is a frequency error the offset frequency estimator (an up-down 
counter similar to the lock-detector counter) accumulates the phase error 
for a time much longer than the lock detector counter in order to provide 
an accurate estimate of the frequency offset, then the accumulation is 
divided by the averaging time to form the offset frequency. 

The proposed detector system has been analyzed by a Markov random 
walk model generalizing a result due to FellerG. Two sets of probabili- 
ties were determined. The first was the probability of detecting the out- 
of-lock condition given that the loop was out of lock. The second per- 
formance parameter was the probability of exceeding the threshold given 
that the loop was in lock. 

The frequency drift estimator was configured and analyzed to provide 
accurate estimation of the frequency error. 

Up-Down Counter Model for Out-of-Lock Detection. - The up-down counter 
that is used for lock detection is driven by the sign of samples of signal 
plus noise at the IPM clock rate. 

In the case of no noise or delay and in lock, the loop oscillates back 
and forth between the two nearest error states, with an attendant sync error 
of less than the increment step size (A). The model for the counter system 
during the out-of-lock state is shown in Figure 3. The input si nal to the 
sampler just after loss of lock is modeled as Y(t) = Vo(t) + N(t where 9 
Vo(t) is a ramp voltage due to the lowpass filter F(s) behaving as an 
integrator to system DC offsets and N(t) is zero mean lowpass Gaussian noise. 
The lock detector works in the following way. Suppose the signal suddenly 
decreases to a negligable value. After a short time the offset (integrated) 
signal-to-noise ratio will be high due to the integration effect of the 
active lowpass filter so that virtually every count in the counter is 
either positive or negative according to the sign of the output DC voltage 
Vo(t). After the counter counts to + N, (the threshold), the loop is 
declared conditionally out of lock. Tf after a second consecutive time the 
counter exceeds 2 N counts within T seconds (counter reset time), the loop 
is declared out of lock and the acquisition search is started. When the 
loop is in lock, the total count after T seconds will, with high probability, 
be small compared to $ N and consequently, the loop will not be declared 
out of lock. The counter is then reset to zero and again checked after 
T seconds, etc. 

The filter in Figure 3 has a nominal noise bandwidth of BL Hz and con- 
sequently we expect 2B independent samples per second. 

b 
If the count rate 

is R samples per secon , and if R > 2BL, the system would be over sampled 



by a factor of R/2BL. When the samples are not independent, it is not 
possible to apply random walk theory directly to solve for the desired 
probabilities. However, a reasonable assumption is to assume that only 
2BL samples per second are independent so that blocks of R/2BL samples are 
equal and the blocks themselves would be essentially statistically indepen- 
dent. This assumption appears to be an approximate lower bound to perfor- 
mance, but in addition, as a model it agrees with the available experimental 
data reasonably well. 

If we use the above 2BL sample block model with the assumed indepen- 
dence, we then can model the problem as a random walk and determine the 
probability of correctly detecting the out-of-lock condition. 

Analysis bf Out-of-Lock Detector Performance. - The problem can be 
formulated as follows: What is the probability that the counter will add 
up to + 2BLN/R during T seconds (or 2BLT independent samples) given that it 
starts-with the value zero at time zero. ,This problem has been partially 
solved by Feller (Ref. 6). The complete solution is given in Appendix I. 
From Aooendix I we have that UN.~ is the probability that at the nth sample* 
input,'the counter accumulates"& either +N' or -N'-for the first time, 
given that the counter started at zero and the system is out of lock. The 
probability UN',n is given by: 

U 

/n-N'\ /IN+ 2N'-1 

hl' n = 
2n-1N-,lp\ 2 / q\ 2 

c cosn~'(~) sin($) sin($)* 
I” ,II 

k=l 

(1) 

The total probability of exceeding + N'counts in the counter in M 
block of R/2BL counts is given by the sum of the probabilities of exceeding 
t N' in N'+l, N't2, . . . . M inputs so the out-of-lock detection probability 
7s given by 

M 
t- 

'D = i %',n (2) 
n-N' 

where N' = 2BLN/R and M = 2BLT. Since the DC input voltage (Vo) (assumed 
to be constant) to the lowpass filter is a variable from system to system, 
due to different offset bias voltages the probability, P 

?' 
of out-of-lock 

detection (given that the system is out of lock) is plot ed forvarious 
offset input bias voltages and a noise rms voltage of 166 mv's in Figure 4. 

False Alarm Probabilities. - The intent of this section is to obtain 
an upper bound on the probability of false alarm, i.e., a crossing of the 
threshold due to noise while still in lock. When the loop is in lock, we 
find that the probability of correctly updating is dependent upon the actual 
value of the timing error because of the form of the error control signal 
present at the input of the lowpass filter. A typical error control signal 
is shown below in Figure 5 for a r-dither system with a "dither" of 0.1 chips. 

* 
Each input sample in the following section is equival'ent to R/2BL actual 

samples, and N' = N/(R/2BL). 



This variation with timing error implies that transition probabilities 
are timing error dependent until the error >O.l chips in magnitude. How- 
ever, if we assume a ground to synchronous satellite to qround 100~ with- 
out noise, there would be an oscillation about the mean drift rate'due 
to the round trip delay time of l/4 second. In order to obtain an upper 
bound on the probability of false alarm, we reduce the threshold by the 
error count due to the two way delay plus the error count due to both 
clocks being at slightly different frequencies, plus a term that quarantees 
that the error signal is maximum. The counter accumulation as a function 
of time is plotted in Figure 6, 
at time T, the reset time. 

illustrating a typical accumulation value 
It can be shown that the maximum value of 

Np=D+lalT where D is the peak to peak oscillation magnitude and 01 is fre- 

quency difference between the ground and satellite clocks expressed in 
counts per second. Since the peaks of the counter accumulation correspond 
to minimum error control voltage and not maximum, an additional count 
value 6 is used to ensure that an upper bound is used to determine the 
false alarm probability (see Figure 6). 

Mathematically, we have that the equivalent threshold N,, is given by 

N = N - D - IalT - 6 
e WBL) (3) 

Equation (3) is based on the block of R/~BL assumption discussed in Section 
3. Since the new threshold holds at both the upper and glower boundarys, 
we may view the problem as a random walk with fixed p since by virtue of 
our bound the control voltage is constant. We have in effect removed a 
center strip from the count vs time diagram to obtain our random walk 
model for the false alarm probability bound., 

Because of our simplifications, we may replace the two sided random 
walk problem with a one sided one with the addition of a reflecting bound- 
ary at the origin. 
Appendix II. 

The solution for this random,walk problem is given in 
From Appendix II, the probability of going from counter value 

0 to counter value N, in exactly n sample inputs is bounded by 

‘Ne,” 5 (l-q/p)(q/p)Ne-’ + 2n+l :ql+(l/2)(n+Ne),(l/2)(n-Ne) ~'~(~)~x (4) 

where 
fi cosn(-lrx) sin (Tx){sin(r(Ne+l)x) - p/ s:n (~N,x)l 

f(x) = - I 
1-2r/pq' cos(nx) (5) 

The total probability of false alarm, PFA, is over bounded by 
M 

'FA ( LzN "N, ,n (6) 
e 

where M is the number of blocks of samples inputed into-the counter in T 
seconds and Ne is given by eqn(3) for the block of R/2BL uncorrelated sam- 

ples model. The values of N depend on ~1 as can be seen from eqn(3). 
Since the second term has be& found from numeral integration to be neg- 
ative and small for all parameter values of interest we can upper bound 
eqn(6) by dropping the second term, so we have 

pFA ( cMeNe) (i-q/p) cq/,JNe (7) 

Using a typical value of M (240) and assuming that at one half a chip 
timing error, the SNR is 7db then p=.98745 and q=.O1255., The values,of N, 



are listed in Table 1 as a function of c1 and the counting reset time T. 

<pi 

IL<) f 
or E 
De- 

;ired Range of a Table 1. Tabular Form of Equation 

The false al-arm probability bound given by the right hand side of 
eqn(7), call it PE1, is plotted in Figure 7 for both a counter reset time 
of 20 and 30 seco s which are typical parameters. A more meaningful 
probability measure is the false alarm rate for a five year period. Since 
the probability of false alarm in T seconds is known, it is readily seen 
that the false alarm probabilities are binominal distributed. However, 
since the T set false alarm rate is very small and the time of one year 
(Ty) is a large number of T set intervals, we may accurately approximate 
the 5 year false alarm distribution by a Poisson distribution with mean 
rate parameter 

n = (p) iFA (T) (9) 
- 

(T) is the false alarm rate in T seconds. 
",!Ezei!F8f the form 

The Poisson distribu- 

P(n) = e 
-7i 

p" (10) 

This probability function is plotted on Figure 8 for three cases: 
(1) T=20 SEC, a=1 (2) T=30 SEC, ~1=1, and (3) T=20 SEC, a=4. Clearly 

[u.) increases the false alarm rate increases. - 

Estimation of Relative Drift of Oscillators - The steady state phase 
error of the code tracking loop under noiseless and no code clock error 

as.the frequency difference ( 

conditions, traces out a triangular waveform with slope altern ating between 
the positive and negative phase increment rates (Figure 9). T he oscillation 
period is equal to 4 times total delay in the loop. Whet l'code clock error 
is present, the slopes of the tria ngular waveform become K,+a and K--a 
respectively, as shown in Figure 10, where K is the phaseLincremenC rate 
(RA) and c1 the clock error. The peak amplitides ar se oscillating between 
K2ta )2~ and (K2-a)2~ with 2~ as the total delay in the loop. 

The period of the triangular waveform is given by 

T, = 8TK2z 

K22 - a2 
(14) 

where 
2(K2-& 2(K,+l 

'1 = K,tn r2 = 
Z)T 

K;-a (15) 
2 -. 

The average phase error of t he loop is the time integration of E(t) in 
Figure 10 

T’ 

: 

I 

'ave = -' n / E(t) dt = 2a-c (16) 

lent rate, we can take the average time To obtain the average phase incren 
difference of the positive and negative voltage durations of the IPM input 
and multiply the difference by the IPM rate. 



(2T+T2)-(2T-T,) 
(Z) = T' K2 = c1 (17) 

The result is the relative clock error ~1, that is, the average counter 
accumulation rate is exactly the clock error. 

When noise is present, the phase jitter due to noise can be super- 
imposed on the triangular oscillator. The combined effects by an approxi- 
mate analysis7, are as follows: 

A. For a reasonable SNR out of the lowpass filter (say > 4 db), the 
predominant source of phase error in the loop is the steady syate oscilla- 
tion, with the noise producing a small perturbation on the oscillation. 

B. Using the effective phase increment size of A chips, the standard 
deviation of the phase jitter due to noise is 0.03 chips or less for 
SNR=4 db and .Ol chips for SNR=lO db. 
tion). 

(Assuming no steady state oscilla- 

C. When both noise and steady state oscillation are present in the 
loop, the noise induced phase jitter is much smaller than that predicted 
above. 
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APPENDIX I 

First Passage Time Probability 

Let P denote the probability that the counter increases by one and 
let q denote the probability that the counter decreases by one. Further, 
let Ux,n denote the probability that at the nth sample input the counter 
accumulates to either tN or -N given that the initial counter value is 
equal to the value x. Following Feller, Reference 6, (pp. 318-323), we 
note that Ux,n satisfies 



U 
x,n+l 

= pu 
x+l,n + qUx-l,n 

l<x<ZN-1, N > 1 I-l - 

Equation I-l states that the probability of absorption at the ntlth 
sample input is equal to the probability of being absorbed at the nth 
sample input given that it started at an initial count of x+1, times the 
probability of increasing the count by one plus the probability of being 
absorbed at the nth sample input given that it started at a count of x-l, 
times the probability of decreasing the count by one. The boundary con- 
ditions are given by 

U 
o,n = '2N,n = 0 n>l- I-2 

U ,o,o = 1, U2,40 = 1, ux,o = 0, O<x<2N I-3 

Define the generating function Ux(s) by 

U,(s) = i u 
n=O x,n 

s" I-4 

We find that the transformed boundary conditions become 

Uo(s) = 1 I-5 

U2,,,(S) = 1 

Now if we multiplv esn(I-1) bv sn+' and sum we obtain ,- .- - 

u,(s) = ps uxtl(s) + qs Ux-,(s) O<x<2N I-6 

Following the approach given in Feller, we obtain the generating 
function of the probability that the counter threshold is exceeded at 
the nth input sample: 

u (s) = (gp A12E - A22;;T + XlX(5) - h2xb) 
I-7 

X P x,2N(sl - A,::, h,2N(S) - h22N(S) 

._ -he sum of the individual 
pbing boundary. The first term in I-7, 

We note that the total generating function is t. 
generating functions for each absoi 
corresponds to the absorbing boundary at zero and the second term to the 
absorbing boundary at 2N. 

e finally arrive Following the same procedure given in Section XIV.5*, WI 
at the result , . , , 211-l l- 

2n-1 y-l 
us= IP 

‘YC 
9 

7 
x ,n 

I-8 

*Reference 6. 



Since our problem starts at zero count this corresponds to setting x=N so 
that we obtain our desired result. ?&, 7 

"N,n = 
2n-1 N-l 

P 
‘2' 

q 
‘2' 

Cl CO! 

(n-N) (ntNI L'Y" r 

, L sn-' (7&) sin ($1 sin k) 

I-9 
\‘/ J 

APPENDIX II 

k= 

A Bound on the False Alarm Probability 

The upper bound on the false alarm probability is obtained by deter- 
mining the probability that the accumulated count will total N at the nth 
(block of eight) sample input. This is not the same as being absorbed at 
the nth sample input, but in fact is an over bound since trajectories that 
cross the threshold can fall below and cross again and therefore be counted 
again, increasing the probability. 

(n) 
To obtain our result, we let N be the threshold value and let P&k be 

the probability that in n sample inputs the counter goes from the va ue j i 
to the value k. Further, let p be the probability of decreasing the timing 
error and q be the probability of increasing the timing error. 

Initially we consider the case of two reflecting boundary's, one at 
the origin and one at the value of a and then later we let a-. From 
Section XVI.3 (Reference 6) it is shown ,that 

11-l 

pJ!;) = -$$-, (q/p)k-' + 
2n+l ql +i (n-j+k)p $(ntj-k) a-l 

a XI 'r r=l 

where S, is defined by 

s = cosn(E)/sin($)-kr sintr(i-'))/Isin($)-kr sin(*)/ 

r 
l-2 JiTi7 cos 5 

0 
II-2 

Now if we let the reflecting boundary a- we have 

PiI' = (l-q/p) (q/p)k-1 + 2"+' q ' + 

II-3 

$(n-j+k) p i(n+j-k) 
J 

lf(x)dx 

0 

Now let the initial value of the counter be zero*, then j=O so f( x) be- 
comes 

-, \ Jplq cosn(ax) sin(sx) { sin (nkx) -m sin (a(k-1)x)) 
II-4 t(x) = \ 

XOur allowed counter values are 0, 1, 2 , . . . . N. 

l-2&$ cos(nx) 



Figure 1.  Digital Delay Lock Loop and Unlock Detector

Figure 2.  Up-Down Counter Accumulation Counts

Figure 3.  Lock Detector System Model



Figure 4.  Probability of Out-of-Lock Detection Vs
Counter Reset Time Parameterized by the 
Input Vo as Voltage to the Lowpass Filter

Figure 5.  Error Control Voltage to the Lowpass Filter Input

Figure 6.  Model Used to Get Equivalent Threshold N



Figure 7.  False Alarm Probabilities Vs Relative Oscillator Drift Rate

Figure 8.  Upper Bound on “n” False Alarms in 5 Years



Figure 9.  Counter Accumulation Without Clock Error

Figure 10.  Counter Accumulation with Clock Error



ODD-BIT SYMMETRIC QASK* 

Bv JOEL G. SMITH 

Summary. -Multiple-amplitude and phase-shift-keyed (MAPSK) signal 
set selection is influenced by factors such as average and/or peak signal- 
to-noise ratio for a given error probability, dynamic range of signal 
amplitudes, simplicity of generation and detection, and number of bit 
errors per adjacent symbol error. This paper compares two possible 
quadrature-amplitude-shift-keyed (QASK) signal sets for the case where 
the number of bits per symbol is odd (fox the even-bit case, the square 
array is the only viable QASK choice). The symmetric QASK version out- 
performs the rectangular QASK set at a very modest implementation 
penalty. This permits symmetric QASK to be considered in future odd-bit 
system studies. 

Introduction. -Quadrature Amplitude Shift Keying (QASK) is a term 
used to characterize signal sets with essentially rectangular signal space 
arrays. The maximum likelihood decision regions in the signal space are 
essentially all rectangular. Actually, these regions are all square or 
rectangular if, and only if, the two quadrature signal components are 
independent, as in the various square and rectangular signal arrays of 
Fig. 1. Although the square arrays of Fig. 1 are the best QASK arrays 
for data symbols consisting of even numbers of bits, the rectangular 
arrays for the odd-bit cases are not. These rectangular arrays can be 
improved upon (reduced packing coefficients, peak coefficient, and 
dynamic range) by a more symmetric array structure (see, for example, 
Fig. Z), but at a penalty in increased complexity of implementation. 
Further, since the quadrature components are not independent, the 
maximum-likelihood regions are not all rectangular, as shown in Fig. 3a 
for a particular 5-bit array. However, suboptimal, but rectangular, 
decision regions such as that of Fig. 3b are possible which yield insig- 
nificantly degraded performance at typical error levels. 

For the case of interest, the data source is assumed to be a random 
binary stream, hence block buffering and two-dimensional Gray coding are 
required. Figure 4 shows the basic system with rectangular QASK shown 
in Fig. 4a and symmetric QASK in Fig. 4b. Successive blocks of k bits 
(k = 2n t 1, k ? 5) are accumulated in a buffer in the transmitter; then 
input to two Gray-coded D/A converters. Rectangular arrays do not 
require any processing between buffers and converters since the 2n t 1 
bits are simply split into n t 1 and n bits (Fig. 4a). Symmetric arrays 
require processing to add one bit and manipulate the 2n t 2 bits before 
splitting into two groups of n t 1 bits each (Fig. 4b). The two analog out- 
puts are multiplied by cosine and sine carriers, and thus are called, 
respectively, the in-phase and quadrature signals. The receiver requires 

:gThis paper presents the results of one phase of research carried out at 
the Jet Propulsion Laboratory, California Institute of Technology, under 
Contract No. NAS 7-100, sponsored by the National Aeronautics and 
Space Administration. 

Dr. Smith is with the Jet Propulsion Laboratory, California Institute of Technology, Pasadena, California. 



a pair of quadrature references, matched filters, A/D converters, buffer, 
and, in the case of a symmetric array, further processing during trans- 
fer to recover the original data stream (Fig. 4). 

The three implementation penalties associated with a symmetric 
pattern are: (1) an impure Gray code penalty (defined later), (2) the extra 
one bit in the quadrature channel converters, and (3) the digital processing 
necessary in both transmitter and receiver to create the symmetric struc- 
ture. The penalties must be weighed, however, against the three per- 
formance parameter improvements: (1) a reduced packing coefficient (a 
measure of average symbol signal-to-noise ratio required), (2) a smaller 
peak coefficient, and (3) a lower signal set dynamic range. 

This paper examines the improvement in performance and the corre- 
sponding implementation penalty for a particular class of symmetric 
QASK signal sets with 5, 7, 9 . . . bits per symbol (the 3-bit set is not 
considered). The average symbol signal-to-noise ratio is reduced at 
least 1 dB by using a symmetric QASK signal rather than the rectangular 
one, and the peak power and dynamic range are reduced 1.5 to 2 dB. The 
added complexity (ignoring the added bit requirement in the quadrature 
converters) is a negligible amount of digital processing, independent of 
the number of bits per symbol. 

Performance of MAPSK Sets. -The “Gilbert approximation” to the 
probability of symbol error PE for any multiple-amplitude and phase- 
shift-key (MAPSK) array is [l, 21 

P E s N Q(A) (1) 

where Q is the Gaussian tail function [ 3, equation 26. 2, 31; A, the nor- 
malized “Gilbert distance” of the array, is the least distance (in signal- 
to-noise ratio) from a signal point to a decision boundary; and N, the 
“Gilbert number” of the array, is the average (over the array) number of 
distinct decision boundaries at an exact distance A from a signal point. 
N may be thought of as the average number of “nearest neighbors” in the 
array, since a decision boundary at the minimum distance A implies 
another signal point equidistant beyond it. The “packing coefficient” Cp 
is defined by 

M 

C 
A 1 =--- 

c 
d2 

P M 1 (2) 
i=l 

where M is the number of signal points in the array, and di is the distance 
from the origin to the ith signal point (normalized by the Gilbert distance). 
The average symbol signal-to-noise ratio Rd is then given by [Z] 

Rd 
= CPA212 (3) 

To a good approximation at low symbol error probability PE, equations (1) 
and (3) can be combined to yield [2] 

Rd = CpRdol[ 1 - (In N)/Rdo] (4) 

where 

Rdo P,) 2/2 1 (5) 



Thus, since Cp and N are fixed numbers for any specified array, 
PE can be described as a function of Rd using equations (1) and (3), or 
Rd as a function of PE, using equations (4) and (5). Therefore, Cp and N 
of an array suffice to characterize the average symbol performance of the 
array. Further, in comparing two arrays with essentially equal Gilbert 
numbers, the ratio of required average symbol signal-to-noise ratios 
equals the ratio of packing coefficients. (Later, inclusion of the Gray 
code penalty Gp will permit comparison of arrays at equal average & 
error probabilities). 

Similarly, the & symbol signal-to-noise ratio Rp is related to the 
“peak coefficient ” 
relation C41 

Cpk, the maximum of the di’s in (Z), by a similar 

R = c A212 (6) 
P Pk 

and in comparing two arrays, the ratio of peak coefficients is a measure 
of the ratio of peak powers required by 
set dynamic range D is defined as 
nal energy levels in an array. 

Thus, in comparing any two arrays 
numbers, peak coefficients, 
required in average, maximum, and minimur _ 
ratios). 

the arrays. Finally, the signal 
the ratio of the highest and lowest sig- 

the packing coefficients, Gilbert 
and dynami’c ranges characterize differences 

n power (or signal-to-noise n power (or signal-to-noise 

Rectangular QASK. -It is geometrically obviou; 
mathematically) that the rectangular arr - - 
the smallest packing coefficient of all se 
where k = 2n t 1. We define Ll = Zn-1, L2 = 2n, and ’ 

1 (and easily proved 1 (and easily proved 
say of P by 2n+l say of P by 2n+l signal points has signal points has 
:ctangular arrays of 2k points, :ctangular arrays of 2k points, 

e 
S(e) 4 C (2i-1)2 = & (4j2 - 1)/3 (7) 

i=l 

ch quadrant, the packing coeffi- Since there are LlL2 signal points in ea 
cient Cp can be written as 

C 
P 
= &- 2 [(2i-l)2 t (2j-l)2] 

i=l j=l 

1 = - L2S(Ll) t LlS(L2) 
LlL2 iI 1 

.- - +40 22n-4 -1) (8) 

For reasons which will be obvious later, we define 

A n-2 y= 2 q L1/2 = L2/4 (9) 

and note that M=32y2. Thus, we can view the rectangular signal set as an 
array of 32 blocks of Y2 points each, arranged in 4 rows and 8 columns 



(Fig. 5a). Using (8) and (9) the packing coefficient becomes 

C 
P 

= $(40v2 - 1) 

Since the array has four “corner” points, each with two “nearest” 
neighbors, 4Ll + 4L2 -8 “side” points each with three nearest neighbors, 
and (2Ll-2)(2L2-2) “interior” points each with four nearest neighbors, the 
Gilbert number can be shown to be 

N = 4(1 - 3/16y) 

Also, the peak coefficient C ’ 
pk Is 

(11) 

C 
pk 

= (ZL,-1)2 t (2L,-1)2 = 80y2 ” 24yt2 (12) 

and the dynamic range D, the ratio of the highest to the lowest signal 
level, is 

D = 40y2 - 12~ t 1 (13) 

Symmetric QASK. -Rectangular QASK was characterized in the last 
section by an 8 X 4 array of blocks of y2 points each. The symmetric 
QASK set described here is characterized by a 6 x 6,, array of these blocks, 
with the four corner blocks deleted, (See Fig. 5b). * 

The packing coefficient Co is 

C 
P 

[(2i-l)2 + (Zj-l)‘] 

t 2 i [(2i-l)2 + (2j-1)’ 

i=l j=Lltl 
li 

2 =- 
LlL2 [ 

LlS(L) t (L-Ll) s (L1) +31y2 1 - 1) (14) 

The array has eight blocks of y2 signal points in each quadrant. One block 
has one “corner’;point, 2(y-1) tssidell points, and (~-1)~ “interior” points. 
Three blocks have y “side” points and y (y- 1) “interior” points. The 
remaining four blocks each have y2 “interior” points. Thus, the Gilbert 
number can be shown to be 

N = 4(1 - 5/32Y) (15) 

::The symmetric 7-bit QASK signal described here differs from 
Compopiano and Glazer’s original 7-bit signal set [5]. Both have the 
same performance, but the original requires more processing. 



The peak coefficient C ’ 
pk is 

C 
pk 

= (ZL- 1)2 t (2Ll - 1)2 q 52y2 - 20yt2 (16) 

and the dynamic range is 

D = 26y2 -10~ t 1 (17) 

Equations (10) through (17) are shown in Table 1 for comparison. Note 
that the differences in Gilbert numbers of the two kinds of arrays are 
negligible, and that the packing coefficient suffices for comparison of 
average symbol error probability performance. It can be shown that no 
more than 0.025-dB error results from this approximation. Table 2 
gives the actual performance parameter values of the two QASK kinds of 
arrays for several values of k. 
coefficients is exactly 6~2, 

Note that the difference in packing 
while the ratio decreases asymptotically (for 

large k) to 1.29 or about 1. 1 dB. The ratio of peak coefficients and 
dynamic range decreases asymptotically to 1.54 or about 1.9 dB. 

Symmetric QASK Implementation Penalties. -A bit-symbol corre- 
spondence that yields exactly one-bit differences in bit representations of 
adjacent symbols is called a “pure” Gray code. All one-dimensional Gray 
codes , and two-dimensional Gray codes of orthogonal components are 
pure. All other Gray codes are “impure, ‘I and suffer a “Gray code 
penalty, ” Gp, the average numbers of bit differences per adjacent decision 

Table 1. Performance Equations of Symmetric and Rectangular QASK 

Rectangular Symmetric 

C 
P 

= 2(40y2 - 1)/3 C 
P 

= 2(31y2 - 1)/3 

N = 4(1 - 3/16y) N = 4(1 - 5/32y) 

C 
pk 

= 80y2 - 24yt2 C 
pk 

= 52y2 - 2oy t 2 

D = 40y2 - 12yt 1 D = 26y2 - 10~ t 1 
L 

Parameter Values of Svmmetric Table 2. Performance 
and Ret 

I 

stangular QASK 

sYr---c-~ - 1 Rectangular _ llllltl LA LL 
I 
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&I 

N nk ,.-. 0 N 
P In I 

1 : j :. ii:::: /:::I 124.38 121.38 1 19. 

/ 9 j 4 / 26.30 13.81 
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17.63 14.63 13.01 3. 38 15.31 12.31 

14 3.69 22.30 19.30 

30.74 27.74 25. 19 3.84 28.77 25.77 



region. Thus, on the average, a single symbol threshold error will cause 
Gp bits to be in error. The “peak Gray penalty, ‘I Gpk, is defined as the 
maximum (over the array) number of bit errors per single symbol thresh- 
old error. An acceptable Gray code has a GP near unity and a Gpk of two. 
Although Gp could be incorporated into equations (1-5) relating error 
probability and signal-to-noise ratio, it suffices here to note that a small 
value of G has minimal impact on the equations and can be neglected. 
That is, 1 suffices to establish that Gp is near unity, since the bit error *tp 
probability PB is approximately 

GPN 
pB 

E ~ Q(A) 
lofp 

(18) 

Two-dimensional Gray coding is achieved by processing received bits 
and splitting the results, which are then input to two conventional Gray 
coded D/A converters (Fig. 4b). The Gray codes used are reflected 
binary [6] and conform to bit assignments typical of commercial Gray- 
coded D/A and A/D converters (see Table 3). In rectangular QASK, the 
ntl bits of the in-phase and n bits of the quadrature inputs are inde- 
pendently Gray-coded as shown, for example, in Fig. 6a for 5-bitQASK. 
There the first three bits encode the in-phase signals; the second two bits 
encode the quadrature signal. The Gray coding is perfect! The problem 
is how to generate Gray-coded signals for symmetric QASK. A solution 
is shown in Fig. 6b for the 5-bit QASK. There the eight “end” words 
have been shifted to new positions to form the Symmetric array. For 
convenience, the original 5-bit words of the rectangular array of Fig. 6a 
have been written as a pair of 3-bit words by adding a zero bit, 
XlX2X3fYlY20. Below this pair of 3-bit words is written the pair of 
3-bit words to be produced by the processing in order to generate the 
correct analog signals. The function of the two digital processing units 
placed between buffer pairs in Fig. 4b is to perform the changes in bits 
shown. Note that if xzXj#l , no “end” word has occurred and no process- 
ing need occurs. Note further th_at if s2X3Y2=1, then X2, X3, and Y-j 
must be complemented; while if X2X3Y2=l, then X3, Y 2, and Y3 must be 
complemented. Clearly the logic necessary to implement the decisions 
for this 5-bit symmetric QASK array is very minor. 

The most important point of this paper is that the logic just described 
for generating the array for 5-bit symmetric QASK is sufficient for any 
odd-bit symmetric QASK array, In general, an extra zero bit is added to 
the (2ntl)-bit input word to-yield Xl, X2,. . . , X,,Xn+l/Yl, Y2,. . . , Y,Y,+l. 
The logic is (as before): if_X,Xn+l_Yn=l, then Xn, Xntl, and Yn+l must 
be complemented; while if XnXn+lYn=l, then Xn+l, Yn, and Y,+l must be 
complemented. 

Table 3. Reflected Binary Gray Code 

Amplitude Gray Code 

7 001 
5 011 
3 010 
1 000 

-1 100 
-3 110 
-5 111 
-7 101 



The impact of this logic on the signal set is shown in Fig. 7. With no 
logic, the eight blocks Bll through B14 and B21 through B24 comprise the 
signal set in the first quadrant. The effect of the logic is to convert 
blocks B14 and B24 into blocks Bl4 and B54, respectively (and correspond- 
ingly in other quadrants). It can be shown that blocks Bq4 and B54 can be 
“~~onstructsfd” by the logic described above and that edge elements in blocks 
Biq and B24 $ffer only in one bit positions, while edge elements in B24 
and Bl 1 or B 14 and B12 differ in exactly two bit positions. Thus “end” 
blocks are effectively converted to new better-placed blocks by the 
logic, 

The logic required to effect this shifting is trivial, AND and OR gates 
examine the nth, (ntl)th, and kth bits to see if the signal point lies in 
blocks Bl4 or B24 (or corresponding blocks in other quadrants). If B14, 
then thenth, (ntl)th, and (ktl)th bits are changed; if B24, then the 
(ntl)th, kth, and (ktl)th bits are changed. Similarly in the receiver, if 
the (ktl)th bit is a 1, the (ntl)th bit is changed, as is either the nth or kth, 
depending on whether the signal block is B14 or B24 (which depends on the 
nth bit value). 

The only double-bit changes occurring at symbol threshold boundaries 
are the 8y signal point pairs where the shifted blocks interface. For k=5 
(and y=l), there are 4 points with a Gray code penalty of 312 (i.e., an 
average of 312 bit errors per symbol error), 4 at 413, 8 at 514, and the 
rest at 1, so the average Gray code penalty Gp = 716. For k > 5 (and 
y > I), there are 4 points at 413, 16y-4 points at 514, and the rest at 1, 
so Gp = 1 t 1/6y t 1/96y2. In general, then, the Gray code penalty is no 
more than 7/6, a perfectly tolerable level. 

Conclusion. -Comparison of odd-bit symmetric and rectangular QASK 
reveals that symmetric QASK requires about 1 dB less average signal-to- 
noise ratio, about 1.5 to 2 dB less peak power and dynamic range, has an 
average Gray code penalty of less than 716 with a maximum Gray code 
penalty of 2, and requires a trivial amount of digital processing, inde- 
pendent of the array size. Clearly the performance improvements more 
than warrant the minor implementation penalties. 
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Fig. 1 - Rectangular and Square QASK Arrays

Fig. 2 - Odd-Bit Symmetric QASK Arrays



Fig. 3a - Maximum Likelihood Fig. 3b - Rectangular Decision
Decision Regions for 5-Bit Regions for 5-Bit Symmetric

Symmetric QASK QASK

Fig. 4a - Transmitter/Receiver for Rectangular QASK

Fig. 4b - Transmitter/Receiver for Symmetric QASK



Fig. 5a - (2 Block Structure of Rectangular QASK

Fig. 5b - (2 Block Structure of Symmetric QASK

Fig. 6a - Pure Gray Code for 5-Bit Rectangular QASK



Fig. 6b - Gray Code for 5-Bit Symmetric QASK

Fig. 7 - Block Notation for Odd-Bit QASK
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FRAME SYNC ACQUISITION FOR BIORTHOGONALLY CODED DATA* 

By BARRY K. LEVITT 

Summary. -The optimum procedure for locating a sync word 
periodically inserted in uncoded binary data received over a binary sym- 
metric channel is based on the Hamming or bit distance metric. This 
paper addresses the corresponding frame sync problem for 
biorthogonally coded data transmitted over the additive white Gaussian 
noise channel. For conceptual convenience, the k-bit words from the 
decoder out 

K 
ut are treated as “super symbols” from an alphabet of 

dimension 2 . It is argued that the optimum sync word search over the 
decoded data stream is based on a super symbol distance rule matched 
to the properties of the biorthogonally coded transmissions over the noisy 
channel. An optimum frame sync acquisition algorithm based on this 
distance rule is formulated, and its performance is investigated. As an 
example, the performance of this optimum frame sync algorithm is con- 
trasted analytically with that of a Hamming distance algorithm 
operating on decoded (32,6) biorthogonal data, a case of interest to some 
recent unmanned American space missions. 

Introduction. -Many recent American unmanned planetary probes 
have used biorthogonally coded spacecraft-to-Earth telemetry links. 
An examination of the frame synchronization (sync) techniques 
employed on these missions revealed that they were not specifically 
designed for coded data. This led to a consideration of the optimum 
frame sync problem for biorthogonally coded data received over the addi- 
tive white Gaussian noise (AWGN) channel and decoded prior to sync 
acquisition. The results of this analysis are documented below. 

Frame synchronization for binary communication links is usually 
provided by prefixing each frame of transmitted data with a particular 
binary sequence or sync word. For uncoded binary signals received 
over the AWGN channel, the optimum sync word search algorithm is 
based on a bit correlation rule [l, 21. In this case, the probability of 
false synchronization is minimized by selecting binary sync words with 
highly peaked autocorrelation functions, such as Barker [3] and Neuman- 
Hofman [4] sequences. If hard decisions are made on the received data 
bits prior to the acquisition of frame synchronization, the problem is 
reduced to locating the sync words in uncoded data received over a binary 
symmetric channel. Because successive bit errors in the received data 
stream are statistically independent, the optimum frame sync decision is 
based on the binary Hamming or bit distance metric. 

These frame sync decision rules are not optimum, however, for 
biorthogonally coded telemetry received over the AWGN channel. Assum- 
ing the received data is decoded word-by-word prior to the determination 
of frame synchronization, the optimum sync word search must take 
account of the multiple bit error patterns in the decoded data stream 
resulting from independent word errors. If an (n, k) biorthogonal code is 

4This paper represents the results of one phase of research carried out 
at the Jet Propulsion Laboratory, California Institute of Technology, 
under Contract No. NAS 7-100, sponsored by the National Aeronautics 
and Space Administration. 

Dr. Levitt is in the Communications Systems Research Section, Jet Propulsion Laboratory, Pasadena, 
California. 



being considered, it is convenient to regard the decoded words as “super 
symbols” from an alphabet of binary k-tuples received over a noisy 
super symbol channel. A frame sync algorithm for biorthogonally coded 
data based on a super symbol distance rule is proposed below, along with 
a corresponding selection criterion for the sync sequence. It is argued 
heuristically that this approach is optimum with regard to minimizing the 
probability of false synchronization. 

Derivation of Frame Sync Algorithm. -The problem of acquiring frame 
synchronization for binary phase-shift-keyed (PSK) telemetry modes 
employing an (n, k) biorthogonal code is examined below. For simplicity, 
the scope of the discussion is restricted to the case in which each frame 
contains F complete code words, including a frame sync prefix of P 
complete code words. (The general case wherein the frame and the sync 
sequence do not contain integral numbers of code words results in a more 
complicated optimum frame sync algorithm. ) It is assumed below that 
code word synchronization is correctly established, and the received data 
is decoded, prior to the search for the received frame sync sequences. 

For convenience, we will regar‘d the k-bit source words and the k-bit 
decoded words as super symbols from an alphabet of binary k-tuples. We 
can then lump the biorthogonal encoder, the AWGN channel, and the 
decoder into a super symbol channel; the characteristics of this channel 
will determine the form of the optimum frame sync decision rule. The 
super s mbol channel is discrete, memoryless, and symmetric, with a 
set of 2 distinct inputs and a like set of outputs. K This channel is more 
easily described with words than a diagram. Neglecting the PSK binary 
phase ambiguity, an arbitrary transmitted super symbol will be received 
as 

(i) Itself with probability l-E, where E is the channel symbol error 
rate. 

(ii) Its complement (in the alphabet of binary k-tuples) with proba- 
bility E I. 

(iii) Any particular symbol excluding itself and its complement with 
probability (E - E’)/(2k-2). 

In the context of the n=2k- 1 dimensional hyperspace that contains the (n, k) 
biorthogonal code word set, item (ii) above refers to an antipodal error, 
while item (iii) relates to an orthogonal error. Typically, E’ is suffi- 
ciently small in comparison with the other crossover probabilities that it 
can be neglected. (For example, if k=6 and E=O. 5, E’/E is of the order of 
10-5; and E’/E decreases monotonically as E decreases, for fixed k. ) The 
assumption that E’ is in fact negligible is made in the work that follows. 

Suppose frame synchronization is to be acquired by processing an 
arbitrary, contiguous span of F received super symbols in order to locate 
the P-symbol received sync sequence contained therein. (If the frame 
sync decision is actually to be based on the observation of L such spans, 
the problem reduces to the above for a frame length of LF super symbols 
and a sync sequence composed of LP noncontiguous symbols. ) The frame 
sync sequence will be denoted by the P-tuple 

-z = (s 0’ sl’...‘sp-lL 



while the received data used to acquire frame synchronization will be 
represented by the F-tuple 

Q 
5? = (r o, rl,..., rFel); 

the si’s and rj’s are members of the 2k -ary alphabet of super symbols. 
Define a particular segment of P cyclically contiguous received super 

symbols, 

7 m = (rm, rmS1, . . . , rmtP- 1 ), 

where the subscripts are modulo F, and 0 5 m C F- 1. The objective is to 
determine which of the F sequences $, is the most likely received frame 
sync sequence. In order to compare eachrm with??, the error sequence 

S = (e e 
m, 0’ m, 1’“” em, P-l ) 

is formed according to the prescription 

0; r = s. 
mtj J 

e = l;r =-Cz 
m,j mtj (1) 

2; r f s;, xj mtj 

where the super symbol sj is the complement of sj in the alphabet of 
binary k-tuples. 

Suppose Pm * is the actual received frame sync sequence. . To devise 
a suitable frame sync metric operating on the bm’s, it isusefultoexamine 
the probability distribution of grn*. As noted earlier, when a binary PSK 
signal is demodulated using a carrier reference derived from the modu- 
lated signal, there is a binary phase ambiguity in the detector output: 
that is, the output of the block decoder can be data or inverted data 
(denoted by data), with equal likelihood. In the absence of any errors in 
pm* due to the noisy channel, grn* will either be the all 0 or all 1 P-tuple, 
each with probability+. When frame sync is acquired, the PSK phase 
ambiguity is resolved according to whether srns more closely resembles 
G or its complement. For the noisy super symbol channel defined above 
(neglecting E’), conditioned on the output of data or data, the em*, j’s are 
statistically independent random variables with identical probability 
distributions: 

Pr[em*,j]data] E 

(2) 



The probability that gm:; contains d 2’s is therefore given by 

b 

Pr[d 2’s in Gm:; - 
I=0 

d” (I- ,ydcd (3) 

for E < (ltP)-1, this probability decreases monotonically as d increases 
over the range 0 5 d c: P. Because E is generally small, ‘6 * will not 
contain many 2’s. And, under the assumption that s’ is negggible, Grne 
cannot contain both O’s and 1 ‘s. 

By comparison, for some uniformly random received sequence Frn 
which does not overlap prn’g, the components of Gm are statistically 
independent with probability distribution 

/ 

2-k ; e = 0 
m,j 

Pr[e m, j] = 2-k; em,j = 1 (4) 

2-k(2k-2); em j = 2 
, 

independent of the data/data status. In general, if a suitable sync 
sequence g is chosen (see selection criterion below), all of the g,‘s 
excluding grn” are likely to contain a high proportion of 2’s. 

These characteristics suggest that the frame sync decision be based 
on a super symbol distance parameter d, computed for each Frn, where 

m I 

Ptl if G contains both O’s and 1 ‘s 

d = (5) 
number of 2’s in s otherwise 

Setting d 
T 

= PSl when zrn contains both O’s and l’s is simply a way of 
flagging t ose 7jm’ s that are highly unlikely to be the received sync 
sequence, since E’ is assumed to be negligible. (It also causes d, to 
fail the triangle inequality, so that it cannot be technically labeled a 
metric. ) Based on this distance parameter, the frame sync acquisition 
algorithm operating on the received sequence 1 can have the following 
form: 

(1) For each index m in the range 0 5 m 5 F-l, form the error 
sequence sm. I) 

(2) Decide that Fm is the received sync sequence if di;l is the 
(unique) minimum of the set of F computed distances, {dm}. 

(3) Decide that the decoder output is (non-inverted) data if gm con- 
tains 0)s; otherwise, decide that it is data. 



Using a more rigorous mathematical derivation, it can be verified 
that this frame sync acquisition algorithm is optimum in the sense that it 
minimizes the probability of false synchronization, based on the obser- 
vable ?, for a given sync sequence ?. And with respect to this algorithm, 
there is no longer any advantage to selecting a sync sequence with good 
autocorrelation properties relative to the Hamming distance metric, such 
as a Barker sequence. Allowing for the possibility of data or data at the 
decoder output, it can be argued that the optimum g is any sequence of P 
super symbols such that the n-dimensional code words corresponding to 
these symbols are mutually orthogonal. 

Performance Analysis. -Having developed an optimum frame sync 
acquisition algorithm for biorthogonally coded telemetry, there remains 
the task of evaluating its performance. To this end, a union bound 
approach will be used to provide a quantitative measure of the probability 
of false synchronization for this algorithm. 

Again, denote the received sync sequence by Pm* and assume E’ = 0: 
rewriting Eq. (3), 

Pr[d *=y] = 
0 

y (l-QP-V; 0 2 y s P (6) 

For those F-2Ptl received P-tuples cm which do not overlap ;j;n,*, 
Eqs. (4) and (5) yield the result 

Pr[d ,=r-ll = 

i 

0 f: 21-kP(2k-2)p ; 0 5 p 9 P-l 

2-kP(2k-2)P; i* = P (7) 

1 - ,1-kP(2k4 JP + 2-kP(p-2)P; ).I = PSl 

The probability of false synchronization is simply the likelihood that one or 
more of the d ‘s for m # m* is less than dm”. 
bounding tecbzque, this probability is given by 

Using the familiar union 

F-l 
PrrFS] = Pr L I (d.-_ < d._-,) 1 _ _ 

&GO ‘I1 II1 
m#m* J 

F-l 

5 
c 

Pr[d, < d,d (8) 

m=O 
m#m* 

For those non-overlapping indices m 
are statistically independent random variables: t 

to which Eq. (7) applies, dm and d * 
:herefore, for these mlf3: 



p = Pr[dm < dm*] 

P Y-l 
= 21-kP 

c(> 
; (I- E)p- y EY 

c(> 
; (Zk-2)‘-” (9) 
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For the 2P-2 overlapping indices m, excluding m”, the joint probability 
distribution of dm and dm,,. d’ depends on the choice of the sync sequence LG?. 
If the optimum selection criterion for g, recommended earlier, is used, a 
particular srn that overlaps Frna should be less likely to resemble Z on a 
super symbol distance basis than a totally random, non-overlapping Frn. 
Then 

Pr[drn< dmd I P (10) 

for the overlapping indices. Combining Eqs. (8) - (lo), 

Pr[FS] ‘c: (F-l)p (11) 

this upper bound is tight when p is small, which occurs when E is small. 

heF2g?$p T Beginning with the 1969 dual missions to Mars, the 
armer series of unmanned space exploration probes have 

used (32, 6) biorthogonally coded telemetry links. For convenience, frame 
synchronization algorithms for the uncoded and coded telemetry modes 
have been based on the Hamming distance metric, even though this is a 
suboptimum approach in the coded case. As a practical demonstration 
of the merits of the optimum algorithm derived above, its performance 
for the special case k = 6 will be compared with that of the Hamming 
distance algorithm described in the Appendix. 

It is shown in the Appendix that the probability of false synchroniza- 
tion for the suboptimum algorithm can be expressed by an upperbound of 
the form of Eq. (11): 

Pr[FS] < (F- 1 )q (12) 

The dependence of q on E is defined by the complex expression of Eq. 
(A- 12) in the Appendix. Assuming that E is sufficiently small that the 
performance bounds of Eqs. (11) and (12) are tight, the relative 
superiority of the optimum algorithm is demonstrated by showing that q/p 
is large for given values of P and E . The figure of merit q/p is plotted 
against E in Fig. 1 for 1 5 P 5 5. Even at relatively high error rates, it 
is evident that the super symbol distance frame sync acquisition algorithm 
is much more reliable than its Hamming distance counterpart; and this 
performance advantage increases rapidly as the sync sequence is length- 
ened. 
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Appendix 

This section describes a frame sync acquisition algorithm based on 
the Hamming distance metric, operating on decoded (32, 6) biorthogonal 
telemetry. As in the main text, each frame contains F complete code 
words, including a P-word sync prefix. The frame sync decision is based 
on a contiguous sequence of F decoded 6-bit words, represented by the 
binary 6F-tuple 

$ = (F 0’ ?I’ * * * t 9 F-l)’ 

where each pi is a decoded word. The sync sequence is similarly denoted 
by a binary 6P-tuple, 

z = G ,+.., &)’ 

It is assumed that word sync information is available to the frame 
synchronizer, so that only l/6 of the bits in i: need be considered as 
possible starting locations for the received sync sequence. The algorithm 
must therefore decide which of F received 6P-tuples 

7;, = Gm9ifm+l,...‘~m+p-l) 

is the received sync sequence (the subscripts in Fm are modulo F). It 
does this by initially computing the Hamming distance dm between each 
j?, and Z. Because of the data/data ambiguity, it normalizes these 
distances according to 

d” z 3P - d’ (A-1) m 

It then chases i;m if d$ is the maximum of the F normalized distances. 
In order to analyze the performance of this algorithm, the probability 

distribution of dm is needed. From Eq. (A-l), 



3P]; IJ = 0 

(-4-Z) 
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Suppose pm * is the received sync sequence. 
which do not overlap pm p 

It is assumed that the srn’s 
9 are uniformly random binary 6P-tuples: for 

these indices, 

pr[dA=‘1] = 41’ +p; 
0 

05n56P (A-3) 

From Eqs. (A-Z) and (A-3), 
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Pr[dm= rJ-3 = (A-4) 
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The probability distribution of d&l* is more difficult to derive. 
Regarding the data/data ambiguity, 

Pr[dms=Y data] = Pr[dm,k=6P-Y data] 

it then follows from Eq. (A-Z) that 

(A-5) 

Pr[dm*= ~1 = Pr[dm;k= pIdata] (A-6) 

So the probability distribution of d&e can be computed in 
distribution of dm,*, conditioned on the detectj 

terms of the 

Consider a particul, 
Len of non-inverted data. 

ar 6-bit word pi within the sync sequence Z, which 
Jeglecting the possibility of is transmitted over the noisy channel. *i’ 

antipodal word errors (equivalent to assuming E’ = 0 in the super symbol 
channel defined in the main text), the channel is characterized by equally 
likely orthogonal word errors. If E is the channel word error probability, 
conditioned on the reception of data, Zi will be received correctly with 
probability 1 -E, and it will be decoded as a particular binary 6-tuple 
excluding itself and its complement with probability E /62. For example, 
the probability that the decoded word has one bit error is identical to the 
probability that it has five bit errors. And this illustrates the basic 
inferiority of the frame sync algorithm based on the Hamming distance 
metric relative to the super symbol distance algorithm for biorthogonally 
coded data. Although one bit error is just as likely as five bit errors 
when a word is transmitted, the Hamming distance algorithm distinguishes 
between these two cases. 



Conditioned on the detection of data, dm+: is simply the number of bit 
errors in the transmission of ??. If A,,Y/(62)Y d enotes the probability of 
having a total of n bit errors in a groub of Y incorrectly decoded words, 

Pr[dm*=n(data] = 2 An,Y (rl) (&)‘(l-~)~-‘; Osn C5P (A-7) 
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It is easily shown that 
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can be found recursively: 
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ibution of d” * can be Combining Eqs. (A-2), (A-6), and (A-7), the distr 
written as 
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The probability of false synchronization, Pr [FS] , can now be upper- 
bounded using Eqs.- (A-4) and -(A- 10). Assuming that Pr [dm > dm::]‘ is 
less for those ljm’s that overlap c;,:k - ” than for the non-overlapping c m’s9 
which is accurate if the sy nc word is as a Barker or PN sequence, it can 
be shown that 

Pr [FSJ s (F-1)q (A-11) 
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Summary   A firmware controlled, integrated data acquisition unit for computer controlled
or standalone operation reduces the users Data Acquisition system programming task to
preparation of a parameter list in IBM card deck format. Data cycle format generation is
accomplished on a host computer which produces program tapes for the Data Acquisition
system’s field erasable PROM format memory. The completely random data system can
be programmed for a wide spectrum of data cycle sizes. Cycle rate can be remotely
controlled in flight permitting the operator to select any of 256 word rates from 244 WPS
to 125,000 WPS. Analog and digital signal conditioning can be included in the unit which
also provides excitation power for all conventional sensors. Sensor capacity is from 44 to
352 channels depending on the type of signal conditioning required for a specific
application. Up to eleven of over 20 different types of signal conditioner/ multiplexer I/O
modules, plus the overhead modules and the system power supplies, may be
accommodated at one time in a package of less than 450 cu in. (4" x 8" x 14"). All I/O
cards and modules regardless of type are interchangeable at any of the eleven I/O locations
in the unit housing. A miniature data display module which can be mounted in any
standard cockpit control console permits the pilot or test engineer to have real time access
during flight to any data point in the system. Two or more data systems may be used at
remote locations in the same aircraft in synchronized operation to accommodate higher
data throughput rates without increasing recorder bandwidth requirements by recording
separate serial data streams on parallel tracks of a single multi-track recorder. Ground
support equipment permits sensor installation, calibration and system checkout without the
need for aircraft ground power or finalization of a sampling format for a test flight.
Interchanging the Standalone Timing Module with a Digital Processor Module permits the
Data Acquisition Unit to become a remotely controlled bidirectional data processor of a
larger system performing both data acquisition and control loop functions.

Introduction   The constantly increasing cost per flight hour of aircraft flight testing,
coupled with a corollary change in accounting techniques of several major airframe
companies as to how they treat aircraft flight test instrumentation hardware, has resulted in
data system users taking a different approach to system mechanization. Increasing flight



hour costs are being combatted by performing several test objectives per flight with more
use of real time data on-board the aircraft. The accounting technique of capitalizing flight
test hardware, instead of expensing it to a given project has made the user think in terms of
achieving a ten year (or longer) life cycle from his equipment [1]. In the area of PCM
hardware these two constraints have helped force the development of software controlled
modular flexibility permitting a single family of instrumentation hardware to be applied to
any unforeseen instrumentation task. Development of this type of PCM hardware was
started in 1971 under a contract with NASA-FRC which produced the Prototype AIFTDS-
4000 system [2]. The primary conceptual goals of the AIFTDS-4000 development program
were to produce a computer controlled random access PCM system which had a much
higher data throughput rate than that dictated by most aircraft flight test requirements. It
was generally agreed, that with sampling rates, amplifier gains, etc., under software
control, there would be no constraints in applying the hardware to a non-defined test task
many years in the future. The integration of a computer with a large memory in the data
acquisition system would permit real time calculations so the flight crew might have the
use of data in engineering units in flight. This program was successfully completed in 1973
with the qualification of an Airborne Computing System and several Remote Multiplexer/
Demultiplexer units. However, as in all cases where the state-of-the-art is advanced,
analysis of the delivered hardware showed where minor changes and design improvements
could greatly enhance the capability and usefulness of the hardware. Thus the need for
production engineering to eliminate the schedule forced design deficiencies of the
prototype system.

Productionizing of the AIFTDS-4000 hardware has been accomplished under contract
NAS2-7727 with Ames Research Center where one element of the system, the Remote
Multiplexer/Demultiplexer Unit (RMDU) becomes the major building block of the
flexible/modular system concept. The RMDU’s will be configured for use as conventional
PCM systems, that will be used in free flight aircraft, and then reconfigured as computer
controlled PCM systems that will be used in wind tunnel test applications [3, 4]. In the
production engineering process all of the hardware flexibility limitations of the Prototype
RMDU were eliminated, greatly increasing its capability as a data processing unit [5]. A
major technological advancement developed in conjunction with the production
engineering of the hardware (under contract NAS4-2084 to NASA-FRC) has been the
writing of software programs for PCM format generation on a host computer. The AIFTDS
data system user now need only prepare an IBM card for each parameter (data point) in
the data system specifying assigned RMDU location (i.e. card, channel, gain) and the
anticipated maximum frequency (or sampling rate desired) of the data. From this card deck
(or teletype tape) the software program in the host computer produces a printout of all
RMDU address codes, an illustration of the data cycle, a tabulation of desired sampling
rates, hardware imposed actual sampling rates (if they differ from desired rates due to
hardware restrictions) and the punched tapes for programming the EPROM memory which



controls the hardware operation. This paper describes the AIFTDS-4000 production
RMDU, its companion hardware, software and GSE.

BASIC REMOTE MULTIPLEXER/DEMULTIPLEXER UNIT (RMDU)

When used as an autonomous PCM system, the RMDU may be treated as an analog/
digital data processor whose data point capacity is largely a function of the different types
of sensors used in the aircraft, the quantity of each type of sensor and whether or not the
integral signal conditioning capability of the unit is used on a given test or program. Here,
of course, the test engineer has three options: (1) he can use his existing signal
conditioning modules to normalize or process sensor signals before applying them to the
RMDU, (2) he can use the AIFTDS integral signal conditioner/ multiplexers, or (3) he can
use a combination of either type of hardware. Depending on these user determined
variables, the maximum data processing capacity of the RMDU is 396 discrete/digital
inputs or 352 analog data points or some lesser mix of both. The physical limitation is the
availability of I/O card slot locations which accept the many different types of signal
conditioner/multiplexer cards available.

To best understand the modularity and flexibility of the RMDU, it is first necessary to
describe the modular packaging and hardware division of the system circuits. All electrical
functions have been divided into two categories: (1) Overhead Circuits - those time-shared
circuits for processing analog signals and digitizing them, the system timing and digital
data processing and output format generation plus the system power supplies, and (2)
Input/Output Circuits - those signal conditioners and multiplexers necessary to interface
between different types of sensors and loads and the analog or digital data processors
within the RMDU. The overhead circuits have been divided into three basic categories and
packaged as three separate pluggable modules:

Module Function

Standalone Timing Module
(SAT-M),

Or

Generates system timing, stores sampling format
in EPROM’s, controls sampling, amplification and
output data formatting.

Digital Data Processor Module
(DDP-M)

Interfaces with DMU, accepts clock and address,
controls internal functions and transmits digital
data to DMU.

Analog Data Processor Module
(ADP-M)

Contains gain programmable differential amplifier,
auto-ranging amplifier (an option) and analog to
digital converter.



Power Supply Module
(PS -M)

Provides regulated and unregulated sensor supply
voltages as well as internal supply voltages for
operation of overhead and I/O cards.

Note:  SAT-M and DDP-M are electrically and mechanically interchangeable.

The three overhead modules and the housing(s) are identified as the basic RMDU, to
which may be added up to eleven identical or different types of I/O modules. The number
and type of I/O cards required for a specific test application depends on the number of data
points to be processed and the type of sensor used for each data point. The number of
sensors of a given type processed by any one I/O card is a function of the complexity of
the signal conditioning necessary to process the signal as either an analog signal or a
discrete/digital signal and varies between 3 channels/card and 36 channels/card. Therefore,
the RMDU’s card configuration for any type of test requirement can be infinitely variable.
A block diagram of the basic RMDU with a typical mix of I/O cards is presented in
Figure 1.

The basic RMDU chassis is a two-piece dip-braze aluminum housing with the power
supply contained in one section and the I/O and overhead cards (modules) contained in the
other section. The two sections of the housing may be separated and mounted to the
aircraft as separate units if space or heat dissipation problems become critical at the
location where the RMDU is to be installed. Photographs of the RMDU and its power
supply module are shown in Figure 2.

The housing length is a variable, dependent on the number of I/O cards desired. The
standard unit has eleven I/O card slots. It can, however, be produced with as few as one or
two I/O card slots if space were a critical factor. Also, if only a few I/O cards were
required, a smaller power supply module could be used further reducing the total unit size.
Each I/O card slot has a dedicated signal on the front face of the housing connector which
provides 64 wires plus a shield and a ground for connection of the sensors to the ci rcuits
on the I/O card. This provides a total input capability of 704 signal wires (352 differential
pairs). A twelfth signal connector on the housing is used to bring thermocouple reference
wires from the isothermal units outside the RMDU to the four I/O card slots which have
been allocated to thermocouple multiplexers. In ad dition to the signal connectors there is a
power input connector (for primary power), a transducer excitation connector and a
communications connector. The communications connector serves a dual purpose. When
the SAT-M is used to control the RMDU it provides the serial data output lines (including
frame sync pulses, end-of-cycle pulses and PCM clock), the external clock and sync input
lines and the word rate programming control lines. When the DDP-M is used in place of
the SAT-M (operating the RMDU as a slave unit to the central data management unit), the
communications connector serves as the clock, address and data interface with the DMU. 



Figure 1.



Figure 2.

Thereby, the only change necessary to convert an RMDU from an autonomous PCM
system to an element of a larger computer controlled system is interchanging the pluggable
digital processor modules (remove the SAT-M and plug in a DDP-M or visa-versa).

The RMDU has an integral calibration capability under software control which does not
detract from the channel capacity of the I/O cards. Because a calibration signal is available
on every card/module the Cal data cycle may be used as Built-In-Test Equipment (BITE)
for fault isolation to the card level. Use of the Cal/BITE data points generates from four to
fourteen additional addressable data words (not available outside the box) which produce a
dynamic calibration of each analog error source within the RMDU. The Cal words are
identified as follows:



Acronym Cal Function

PSB A go/no-go sum of all power supply secondary voltages
measured for an overvoltage or undervoltage condition.

HLC A 3/4 F.S. signal injected directly into the ADC to
calibrate the ladder network.

GPA-0 A short applied across the input to the GFA to measure
the amplifier’s offset voltage (HLC minus GPA -0 =
Offset).

LLC-l thru LLC-11 A 33rd Cal Channel addressable on each of the I/O cards
used in a box.

The signal levels of the Cal channels on the I/O cards can be set to provide plus or minus
3/4 F. S. Cal signals for each of the gains used by the GPA. Thus, all of the analog error
sources (gain, offset and ADC ladder) may be calibrated each data cycle. The Cal data, if
used to correct sampled data in the data reduction process, will increase the accuracy of
the system to at least 0.1%.

RMDU/Sensor Power Supply

The RMDU/Sensor Power Supply is a pluggable module with pluggable cards that
provides a multiplicity of both regulated and unregulated voltages for sensor excitation as
well as supply of all of the regulated voltages for operation of the SAT-M, the ADP-M and
any of the I/O modules used in the system. It is an integrated power supply module which
accepts 115 VAC, 400 Hz, MIL-STD-704B power and is capable of operating more cards
and sensors than required to satisfy the average parameter list. It is the reserve capacity of
the power supply which permits the RMDU to achieve the flexibility of using different
types and quantities of I/O cards to satisfy different aircraft sensor list requirements.

For example, the sensor supply section of the power supply module produces five different
sources of excitation power which are available at both the I/O card connectors and at the
external transducer power connector. The following sensor excitation voltages are
provided:



Note 1 - Voltage regulators on PSF, EBC or DCB cards may be set to
provide 5V, 10V or 15V sensor excitation, but no more than 14 watts
of sensor power may be drawn from any one supply regardless of the
I/O card and sensor complement.

Note 2 - These unregulated voltages are also available at the excitation (output/control)
connector for use by external voltage regulators.

A block diagram of the RMDU power supply module is shown in Figure 3. Primary power
is applied through an RFI filter to the primary windings of four power transformers having
multiple secondary windings. Rectified and filtered regulated and unregulated secondary
supply voltages are connected to the overhead side (the LH 84 pins) of each PC connector
in the RMDU. This distributes the power to each I/O and overhead module. Printed circuit
connections on each module pick-off the required voltages to operate the circuits on the
card/module. Isolated taps on all of the power supply secondaries are summed together
and applied to a sensitive bi-polar comparator which produces a fault status bit
addressable as PSB.

Standalone Timing Module (SAT-M)

The Standalone Timing Module is the heart of the RMDU as it contains the format
memory, controls all internal and external time bases and RMDU functions and formats
digital data for transmission. The following are the key characteristics of the SAT-M:

PCM Outputs

Output Signal
Amplitude:

Isolated dual data outputs (TTL compatible) at cable
lengths to 250 feet from RMDU irrespective of bit rate.

Data Cycle Size: Infinitely variable up to 33K words (MF words x deepest
SF column).

Frame Sync: Any sync code of any length, software programmable at
start or end of frame.

Main Frames: MF lengths to 124 words, excluding frame sync, SF ID
counter and SF columns (max MF length = 256 words).



Subframe Counter: SF binary counter word software programmable to any
word slot in main frame.

Subfrarnes: Total number of subframe data point addresses is 128.
Number of SF time slots is 256. The product of SF
columns times the deepest SF depth is limited to 256 time
slots maximum.

Internal Clock: XTAL controlled (10. 56 MHz to 5. 28 MHz). Changing
pluggable crystal oscillators sets the highest word rate
and thus gives a 2:1 expansion of programmable word
rates.

External Clock Input: 2. 64 MHz to 5.28 MHz (also available from SAT-M as
clock output) used when two or more RMDU’s are
slaved together in a single system with clock supplied
from master SAT-M.

Word Lengths: Hardware programmable 8 bits to 12 bits, with or without
autoranging (GT Bit), and/or with or without parity.

Word Rates: 256 different externally program word rates in 1 /n WPS
increments from 488 WPS to 125, 000 WPS (or 244
WPS to 62, 500 WPS). Highest word rate set by selection
of XTAL frequency.

Bit Rates: 1. 9K BPS to 1. 5M BPS - set by word rate and word
length.

Gain/Card/Channel: Random data point sampling with any of 8 GPA gains
selectable for each analog channel.

Documentary Data: Flight test documentary data such as aircraft number,
engine number and even date and crew can be stored in
memory and f ‘ ormatted as data words without using I/O
channels (treated as additional sync words).

Master/Slave Opern: Additional RMDU’s may be operated in a synchronized
master/slave relationship to increase throughput rate or to
decrease bandwidth (parallel data s tr eams).





Timing of the RMDU generated within the SAT-M is divided into two categories: (1)
internal or RMDU timing and (2) external or PCM timing, providing a semi-asynchronous
timing relationship between internal word rates and external word rates and lengths. The
use of digital phase lock loops to produce two different time bases from the same crystal
clock is the basis for the programmable word rates and word lengths. The RMDU bit/word
clock is set by the selected crystal frequency and the fixed dividers on the SAT-M, and is
the systems highest PCM word rate that is used for internal data processing irrespective of
the programmable PCM word rate (and length) used to produce the output serial data
streams. A block diagram of the SAT-M is shown in Figure 4.

The ratio between the internal RMDU word rate and the PCM word rate is a 1/n number
where the PCM output word rate can be any integer between 1/2 and 1/256 of the highest
word rate determined by the crystal frequency. Additional word rate granularity may be
achieved by using different pluggable crystal oscillator units to produce any maximum
word rate between 125K WPS and 62.5K WPS. This combination of pluggable crystal
units and (remotely) programmable word rates gives infinite granularity to sampling rates
for any given data system application.

The flexibility of word rates is further expanded by the hardwire programmable word
length generator which operates from the PCM word clock to generate the output PCM bit
rate so that the data word may be truncated from its maximum length of 12 bits (eleven
bits resolution, plus parity or the autoranging GT bit) down to 8 bits. This means that
without changing crystal modules, the RMDU can be programmed to produce any of 1280
different bit rates, 256 of which may be controlled remotely by the system operator during
flight from a word rate selector switch in the cockpit.

During system operation the MF/SF format memory counter increments through the format
memory at the PCM word clock rate until all of the programmed main frame and sub-
frame memory locations have been addressed (until end of cycle - EOC is reached). EOC
resets the memory address counters and the subframe counter and the sequencing process
starts again. The subframe counter memory is used to permit the subframe data point
addresses in the MF/SF format memory to be used more than once per data cycle, as is the
case for data points sampled at a rate inbetween the slowest sampling rate (deepest
subframe column) and the main frame rate.

Each of the MF/SF format memory words contain the internal control information for data
processing within the RMDU, i.e., which I/O card to select, which channel to address on
the selected I/O card, the gain of the Gain Programmable Amplifier (GFA), and whether
the next address in memory is MF, SF, EOF or EOC. The composition of a 16-bit MF/SF
format memory is as follows:



Figure 4.



This same code without the control bits is used when a data management unit is used to
control operation of an RMDU [6].

Analog Data Processor Module (ADP-M)

The Analog Data Processor Module (ADP-M) converts PAM signals from all analog I/O
cards to eleven bit digital words which are formatted with words from digital I/O cards in
the SAT-M to produce the continuous serial PCM data stream. The ADP-M and the I/O
cards always operate at the highest RMDU word rate (the PCM word rate). The only
difference between the RMDU word rate and the highest PCM word rate is the RMDU bit
clock frequency which is a constant 20 bits per word as opposed to the 8-bits to 12-bits
per word of the PCM word.

Functionally, the ADP-M is a two card module composed of a Gain Programmable
Amplifier (GPA) with an (optional) autoranging amplifier, and an eleven bit analog to
digital converter. The ADP-M is shown in block diagram form in Figure 5. The GPA is a
wide band, high quality, differential instrumentation amplifier that uses a switch selectable
feedback resistor network to produce any eight gains desired (from 1 to 1024) under
software control. It amplifies the PAM signal from the output of the analog signal
conditioner/multiplexer card selected for a given channel to a full scale range of ±5 VDC.
Dual (ping-pong) follow and hold circuits hold the amplified signal while the ADC is
digitizing it to an eleven bit word.

The GPA without autoranging can operate much faster than 8 microseconds per sample as
the ADC is capable of making a full eleven bit conversion in less than 5 microseconds
(200K WPS). However, when the autoranging amplifier (ARA) is used, it must (in one
eight microsecond period) sense when the GPA output exceeds 90% F. S. (± 4.5V), switch
to a gain of one-half, come out of saturation and then settle on the signal at the reduced
gain. If the ARA switches gain, a gain tag bit (GT) is generated, passed through a one-
word delay (to account for the ADC encoding period) and appended to the digital word in
the SAT-M. The GT bit per mits the ground station to determine whether the gain used
was the same as the programmed gain stored in format memory. The addition of the GT 
bit makes the full data word twelve bits long.

The ADC is a conventional bi-polar successive approximation converter with a self
generated high frequency clock and makes an 11-bit conversion in less than 5
microseconds. It has an addressable calibrate function (HLC) which operates in the same 



Figure 5.



manner as any other data point in the system. HLC disconnects the F&H outputs from the
GPA card and connects a precis ion +3. 75 VDC from the RMDU isolated reference
supply directly into the ADC ladder network.

The cards of the ADP-M can be calibrated individually. Therefore, for maintenance
purposes, any calibrated GPA or ADC card can be combined to produce a useable
ADP-M requiring no further calibration. Any ADP-M can be used in any RMDU without
affecting the system accuracy or without further calibration. This modular calibration
concept (i.e., each card/ modules calibration is independent of any other card/module)
reduces system repair time. It is only necessary to replace a suspected module with another
unit to return the RMDU to serviceability.

Signal Conditioner/Multiplexer I/O Cards

The eleven I/O card slots in the housing can accept any of the more than twenty different
types of signal conditioner/multiplexer cards of which have so far been designed for the
system. All I/O cards are divided into two categories with two types of each category: i. e.,
(1) signal input cards - analog or digital and (2) signal output cards - analog or
discrete/digital. Output cards, of course, can only be used when the RMDU is part of a
computer controlled system so, at this time, we will limit I/O card des criptions to signal
input cards.

Analog Multiplexer Card (AMX)   The AMX card is a 32-channel differential
multiplexer for use with any analog sensor having a signal output of ±10 mV to ±5V full
scale. The calibration on this card (LLC) is the 33rd channel whose precision wire would
divider may be set to cal ± 3/4 F. S. of any of the GPA gains. With eleven AMX cards the
RMDU would have a data processing capacity of 352 channels.

DC Bridge Card (DCB)   The DCB card is a 12-channel differential multiplexer that is
designed to accommodate one, two or four-leg bonded strain gages, potentiometers or
resistance thermometers. It provides a programmable voltage regulator for sensor
excitation which may be set by jumpers on the card to provide 5V, 10V or 15V to excite
the sensors. Excitation current limiting resistors and sensitivity controls are supplied for all
twelve sensors, and adjustable signal offset, bridge completion and signal loading
capability circuits for six of the twelve sensors. The voltage regulator on the board may be
bypassed and an external excitation supply may be connected to the card through spare I/O
cable wiring. A block diagram of the DCB card showing the different kinds of bridge
circuits which may be accommodated is shown in Figure 6.





Discrete Multiplexer Card (DMX)   The DMX card is used to process discrete switch
signals or parallel digital data. It will develop a logic “one” from any signal between +2V
and +30V and a logic “zero” from any signal of +0.8V to -15V. The DMX card is a
36-channel card which is programmed in the SAT-M as three 12-bit data words. When the
SAT-M word length is truncated to less than 12 bits/word, the channel capacity of the
DMX decreases accordingly. In addition to the 36 inputs the DMX provides 24 current
limited 5V excitation sources for discrete switch excitation. The DMX-I version of the
card provides three TTL compatible inhibit lines so that source registers may be inhibited
from being updated during the period that each of the 12-bit words is being read into the
data stream. A differential input version of the card (D-DMX) for use with long, noisy
signal lines is a 24 channel card.

Thermocouple Multiplexer Card (TCMX)   The TCMX card and it companion
isothermal module assembly are used to process up to 30 thermocouples of any SAE type
(K, T, E, J, S, SX, RX or Y). It will operate with floating or grounded thermocouples and
its time shared reference junction compensators eliminate the unwanted base metal to
copper junction signals so that only the temperature of the junction of interest is processed
by the RMDU. The isothermal module is a passive unit which may be mounted in the
vehicle as close to the temperature measurement points as possible. TSP copper cables
plus two pairs of base metal wires from the reference junctions in the isothermal module
are then used to connect the isothermal module to the RMDU. The reference wires are
brought into the RMDU through a TC reference connector which uses base metal pins and
sockets.

The TCMX card is the only I/O card which is restricted to prescribed card slot locations in
the RMDU due to the need to connect the reference junction wires from the TC reference
connector to the I/O PC card connector. The standard housing is configured for I/O card
slots I thru 4 to accept TCMX cards. However, by rewiring the housing TC reference
wires, any four card slots could be used for TCMX cards.

The TC reference junctions are connected to two temperature compensated bridge circuits
located on the TCMX card which are excited from isolated, low power, DC-DC power
supplies. The signal outputs of the compensator bridges are connected in series with the
HI-LO signal lines between the input multiplexer and the card select gates. The TCMX
card has a 33rd channel Low Level Calibration (LLC) channel as do all analog input cards.
Because only four TCMX cards can be accommodated by one RMDU the number of
thermocouples which may be processed is limited to 120. A block diagram of the TCMX
card and an illustration of the isothermal module are shown in Figure 7.
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Frequency to Digital Converter (FDC)   The FDC card is a four channel digital signal
conditioner designed to operate from flow meter pulse generators. It will accept pulse
trains with signal amplitudes of from 20MV to 20V having full scale pulse intervals of
from 1100 PPS to 11,000 PPS. It can be programmed (hardwire on the card) for any of
three different counter clear intervals per channel having a time ratio of 1, 3 & 5. The FDC
card has an asynchronous time base for counter clear rate generated by a crystal oscillator
on the card. The minimum clear interval is set by selection of the time base crystal and is
determined by the anticipated maximum pulse rate and the desired resolution. Each of the
four counters is a 10-bit counter. The time base is usually set to provide 1000 counts at the
sensors maximum pulse rate before the counter is cleared. Because the FDC timing is
independent from RMDU timing, any channel may be addressed at any sampling rate
desired. When the SAT-M is programmed for 11 or 12 -bit words, the last bit(s) of the
FDC word are logic 0’s.

Pulse Totalizer Module (FTM)   The PTM is a four channel digital signal conditioner
also designed for use with fuel flow pulse generator sensors, but it is configured to
measure total fuel consumed on a flight. It has adjustable threshold controls for each
channel and can operate from signal levels between 10mV to 20V. Each channel is treated
as two independent data points as far as SAT-M programming is concerne This means that
the MSB word (the 1st 10 bits) of each channel may be sampled at a much slower
sampling rate than the LSB word (the 2nd 10 bits), thereby conserving data cycle
bandwidth. C-MOS counters supported by a rechargeable battery on the module permit the
counters to retain their information for up to 30 hours of powered down operation. When a
word of one channel is addressed by the SAT-M the counter’s data is transferred in
parallel to a latch so that data will not change during readout into the PCM data stream.

Tachometer Generator Counter Card (TGC)   The TGC card is a four channel card
that is designed to process signals from low frequency tachometer generators used to
measure N1 and N2 RPM of gas turbines (0 to 100 Hz data). In order to improve
resolution and accuracy of the low frequency pulse train from the tach generator, the TGC
uses the incoming pulse intervals to gate a high frequency precision clock into the counter.
The crystal frequency is selected to permit gating of 1000 clock pulses into the counter at
the highest pulse rate of the tach generator.

Phase Sensitive Demodulator Card (PSD)   The PSD card contains four classical phase
sensitive demodulators which may be used with Linear Variable Displacement
Transformers (LVDT’s) or two wire synchro information. The card provides an accurate
2KHz 10VRMS excitation source for the LVDT or synchro. Each PSD, however, may
also be used with sensors excited from the 400Hz vehicle power. Hardwire jumpers on the
card will permit either type of operation for any of the four channels. The PSD outputs 



(±5V = ±180E Phase) are selected.by one-of-four multiplexer on the card and applied to
the ADP-M for digitizing.

Synchro Card (SYN)   The SYN card is a 3-channel card designed to condition signals
from classical 3-wire synchros. Scott-tee transformers convert each 3-wire signal into the
Sine and Cosine of the angle. The sine/cosine information is stored in dual, pin-pong,
sample and hold circuits operated by a peak detector controlled by the 40OHz synchro
power. The sine/cosine information of each channel is treated as two sequential data points
by the SAT-M program. The start of F&H switching is delayed by address control logic if
the cosine data word (the second address of the pair of data points representing one angle
measurement) has not been read out when the peak detector switches. This precludes the
sine measurement of one peak being computed with the cosine value of the next peak. The
use of dual F&H circuits means that one pair of angle data points is always available for
digitization irrespective of the SAT-M sample rate programmed.

Scannivalve Driver Card (SVD)   The SVD card is designed to control Ledex type
Scannivalves used for pneumatic subcommutation of pressure transducers making static
types of pressure measurements. The SVD contains hardwire programmable counters
which divide down the pressure transducer valve position sensors sampling rate to
generate low frequency pulse rates to increment and home the Scannivalve. Two 7-line
discrete multiplexers on the card are used to monitor the binary position sensors of two
different Scannivalves. Since Scannivalve position is required in addition to sensor
pressure, the counters used to increment the valves are invisible in the sampling format.
The advance counter is a programmable 8-bit counter which permits the Scannivalve to be
advanced at rates down to 1/256 of the position sensor address rate. The 6-bit home
counter permits use of any number of the Scannivalve’s 48 ports to be used on a given test.

Serial Digital Transducer Card (SDT)  The SDT card is a four channel digital input card
designed to operate with extremely accurate 20-bit digital pressure transducers (0 to
80,000 ft. ). Each channel provides an inhibit line and gated clock so that each half of the
20-bit word stored in the transducers output register may be clocked into the RMDU data
stream as two sequential 10-bit words. The inhibit line prevents the transducer from
updating its output register until both halves of the 20-bit word have been read out by the
RMDU.

Inertial Navigation System Interface (INS)   The INS module is designed to interface
with any ARINC-561 Inertial Navigation System’s computer output port and transfers
selected 24-bit words of INS data into the PCM data stream. The INS module can be
programmed via pluggable EPROM’s on the module to strip out up to 16 of the 256
different serial data point words produced within the INS computer. The sixteen 24-bit
data words are stored in a dynamic RAM on the module which is addressed by the SAT-M



sampling program as 48 different data points (each 24-bit INS word is treated as three 8-
bit data points). The remaining bits of the RMDU word are filled out as 01s. A block
diagram of the INS module is shown in Figure 8.

Presample Filter Card (PSF)   The presample filter card is a multipurpose card for use in
either an RMDU or a dedicated Pre-Amplifier and Filter Unit (PAF). The PSF card has six
different configurations depending on the ultimate intended uses of the card. For classical
low-level signal sources such as skin vibrations, it is a four channel card with a high
quality instrumentation amplifier followed by a three-pole unity gain active filter per
channel. The knee locations of the filter can be programmed in the field to any 3db point
from 10Hz upwards. The preamplifier gain can also be changed in the field to any gain up
to 1024. Each filter has two isolated outputs, one of which is connected to a 1 of 4
multiplexer so the filter’s signal may be processed by the ADP-M. The second buffered
output of each filter is available at the I/O connector for use in driving analog instruments
for real time photo panel displays. Options include bias pots on the preamplifter input so
the filters may be used with bonded strain gages or other sensors requiring offset controls.
Another option is a voltage regulator (the same as the one used on the DCB card) so that
sensors connected to the PSF inputs may be excited from a precision 5V, 10V or 15V
source on the PSF card. For low level signals, the dynamic range of the preamplifier is four
times selected full scale gain so that semiconductor pressure transducers (or any other
bridge circuit) need not be balanced and/or the autoranging feature of the GPA in the
ADP-M may be preserved without saturation of the filter.

SYSTEM PROGRAMMING

Preparation of the PCM data cycle format has been computerized so that the AIFTDS user
need only prepare a master parameter list containing the sensor type (the I/O card and
channel assigned to an RMDU card slot for a particular type of sensor), the full scale gain
(if it is an analog channel), and the desired minimum sampling rate. This parameter list is
then converted to either a deck of IBM. pi-inch cards or a punched paper tape for entry
into the computer (the software for format generation has been developed for use on a
PDP-11 T-iost computer with 28K core memory).

The computer program tests the ratio of the number of channels of the highest sampling
rate with the second highest sampling rate and compares the sum of 2 times the number of
channels at this highest sampling rate plus the number of channels at the next highest
sampling rate against the EPROM main frame format memory limitation of 128 data point
address locations (including frame sync and subframe counter words). Depending on the
fit, the main frame rate is thus established. All other desired data point sampling rates are
grouped into arrays which are integer submultiples of the main frame rate. If the specified 
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minimum sampling rates of the lower frequency data are not integer submultiples, their
sampling rate is adjusted upwards until this test is satisfied.

Next, the number of subframe columns times the deepest subframe column is tested to
verify that the total number of subframe time slots is less than the 256 word physical limit
of the subframe steering memory on the SAT-M, and that the number of different subframe
data point addresses is less than the 128 word limit of the MF/SF format memory.

Any time an impossible data cycle format condition is reached in the iterative process, the
computer prints out the parameter limit exceeded. If no parameter limits are exceeded, the
computer prints out a picture of the data cycle format with the channel numbers assigned
to each time slot and the crystal frequency for the SAT-M that will produce the desired
main frame word rate. It prints out a tabulation of the requested sampling rates versus the
actual sampling rates achieved by the data cycle and prints out the binary address codes to
be stored in MF/SF format memory identified by memory location. Finally it punches four
separate paper tapes which may be used on the PROM programmer so that a set of
EPROM’s for the SAT-M may be programmed to produce the computed data cycle.

DATA DISPLAY UNIT

A portable data display unit has been developed which may be used for either pre- or post-
flight checkout of the system or for use in flight as a real time data point monitor.
Identified as the Flight Line Tester (FLT) this unit is a miniature bit/frame/subframe
synchronizer which operates from any IRIG serial data stream, where frame sync pulses
and the PCM bit clock are also available, as they are from the SAT-M output ports of the
RMDU. Two sets of lever action thumb-wheel type selector switches permit the operator
to select any main frame word location (0 to 512) and any subframe location (0 to 512) in
a data cycle and then display the data word and gain tag bit from that time slot in the data
cycle on numerical displays in sign/magnitude binary format. Discrete/digital data is
displayed on a bank of twelve indicator lamps located below the analog data display
indicators.

An output code selector switch selects an integral decoder to match any of five types of
PCM output code (available from the SAT-M). A display update rate selector permits
selection of a broad range of data display update rates from continuous to Z per second.
The operator can also trap and hold any given data word for as long as desired by
depressing a hold switch.

The FLT operates either as a termination load for the line drivers on the SAT-M in the
RMDU, or as a party line receiver listening to either of the output ports of the SAT-M 



when the RMDU is connected to a magnetic tape recorder and a UHF transmitter as would
be the case during a test flight.

Test jacks on the front panel provide buffered outputs of the four signal lines from the
SAT-M (XMTR, RCDR, Fr Sync, Bit Clock). A D/A converter and GT shift register
provide a continuous bipolar analog output of the selected data point to drive an instrument
or a single channel strip chart recorder. A programmable display converter card permits
the display indicators to always display the data in single scale, sign/magnitude format,
irrespective of the type of encoding format used in the RMDU A/D converter and whether
or not autoranging is used or inhibited on the GPA. A drawing of the FLT control panel is
shown in Figure 9.

Figure 9.

PORTABLE ADDRESS GENERATOR (PAG)

Another piece of essential RMDU GSE is the PAG, a tester for both laboratory and flight
line testing of the RMDU. To use the PAG [51 it is only nec e s s ar y to r eplac e the
SAT-M with a Digital Data Pr oc e s s or Module (DDP-M) which is used as the digital
control/interface when the RMDU is slaved to a central DMU. By using the PAG/DDP-M



it is possible to interrogate any channel or function of an RMDU without having a
sampling program written for the EPROM’s in the SAT-M. The primary flight line use
here is for dynamic sensor calibration or checkout. Since the RMDU powers the sensors,
and a frequency inverter in the PAG powers the RMDU, data system checkout can be
made without the need for ship’s power on the vehicle. Position sensors can be set
precisely while reading the data value on the PAG. Control surface calibration curves can
be prepared or tailored to a specific scale factor without the laborious procedure of making
an airborne tape and then reducing the data through the ground station to see the end-to-
end results. A photograph of the PAG is shown in Figure 10.

Figure 10.

In the laborator y the PAG can be used to perform periodic calibration tests on the RMDU.
The ability to randomly address any five data points in the RMDU and read out the data
from any of the addresses permits measurement of crosstalk under conditions of common
mode voltages, overvoltages, etc. It will also provide digital signal sources for checkout of
analog and discrete/digital signal output cards residing in RMDU I/O card slots.

As with the FLT, the PAG provides two modes of communication cable termination. In the
“test” mode the PAG acts as a DMU and provides the line drivers and receivers for the
RMDU communication lines. In the “monitor” mode it acts as a party line receiver



trapping both selected data point addresses transmitted by the DMU and the selected data
value word transmitted by the RMDU to the DMU. The PAG address functions are in
English language with the data point controls stored in EPROM’s within the PAG. The
address display indicators display the address of the data word selected by the display
word selector switch to ensure the operator that the data being monitored is from the
location in the RMDU the operator has selected (not data from one of the other five
addresses sent to the RMDU by the PAG). For flight line use where only sensor
calibration is involved, a cover panel may be installed over Word 2 through Word 5
selector switches inhibiting their operation and thus reducing the possibility of human error
in use of the PAG.

RMDU Power Monitor meters on the control panel indicate the voltage and VA being
supplied to the RMDU from the internal frequency inverter. The digital and analog Data
Outputs jacks provide the same function as their FLT counterparts. As with the FLT
different display converters can be installed to match the encoder format of the A/D
converter in the RMDU.
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A COMPUTER-CONTROLLED, ON-BOARD DATA ACQUISITION
SYSTEM FOR WIND-TUNNEL TESTING
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Summary.   A computer-controlled data acquisition system has been developed for the
40x80-Foot Wind Tunnel at Ames Research Center. The system, consisting of several
small “on-board” units installed in the model and a data-managing, data-displaying ground
station, is capable of sampling up to 256 channels of raw data at a total sample rate of
128,000 samples/sec. Complete signal conditioning is contained within the on-board units.
The sampling sequence and channel gain selection is completely random and under total
control of the ground station. Outputs include a bar-graph displays digital-to-analog
converters, and digital interface to the tunnel’s central computer, an SEL 840MP. The
system can be run stand-alone or under the control of the SEL 840MP.

Introduction.   Ames Research Center has been the leader in large-scale aerodynamics
research for many years. Ames, 40x80-Foot Wind Tunnel, the world’s largest such facility,
has enabled researchers to study in detail full- or large-scale models of flight vehicles such
as the F-14, SST, VSTOL, and STOL.

The tunnel’s increasing popularity had put tunnel time at a premium and created a need for
a data system which could reduce preparation time and gain modification time once the
model was in the tunnel. In addition, the system had to have enough flexibility to handle
almost any type of model or experiment which came into the tunnel, while offering a
relatively simple means of operation. Size, too, was a concern. Finally, since a large
investment of capital was being made, the system had to have accuracies well beyond
those found in current transducers. The system could not become the limiting factor as
transducer technology improved.

A data acquisition system therefore has been developed, fashioned after the Airborne
Integrated Flight Test Data System (AIFTDS) developed by Teledyne Controls for NASA
Flight Research Center (FRC) and previously discussed by Borek1 and Trover.2 The
modified AIFTDS system provides all the desired capabilities such as remote control,
pretunnel set-up, and accuracy in flight-qualified units approximately the size of a
telephone. The On-Board System (as it is called) contains the small remote multiplexer and
digitizer units (RMDU’s) developed for FRC, along with dedicated presample filters and



shunt resistor strain gage calibration units (PAF’s and R-Cal units) for complete transducer
excitation, signal conditioning, and on-board digitizing. Communication to a data
management unit (DMU) in the tunnel control room is done through serializing the
digitized data into a pulse code modulated bit stream. A bar-graph display and digital-to-
analog converters within the DMU provide quick-look displays for the user and analog
communication to other data systems in the 40x80 data system. IRIG standard PCM
outputs to analog tape recorders and a digital interface to the tunnel’s central computer, an
SEL 840MP, provide storage for later analysis.

Testing Procedure in 40x80-Foot Tunnel.   The On-Board System has been designed to
satisfy several unique problems of the 40x80-Foot Wind Tunnel. These restrictions can be
better brought to light by understanding the procedure experimenters are expected to
follow before and during a tunnel test.

Several months prior to the test, the experimenter, either from Ames, another government
agency, or a government contractor, discusses with tunnel engineers the types of
parameters to be examined during the test and the types of analysis which will be done on
these data. The experimenter is then sent one or two sets of on-boara signal conditioners
with the appropriate I/O cards for the experiment. The experimenter also receives a
portable checkout unit to enable him to connect the transducers and check every channel
prior to his bringing the model into the tunnel. It is hoped that the experimenter can
determine as closely as possible the gains of all channels at this time.

Once the model is set up, brought to Ames, and placed in the tunnel, connection to the
OBS ground station is quick and simple. The communication cable previously used for the
portable checkout unit is merely connected to the DMU cable from the tunnel control room
and the model is ready for calibration and testing.

While in the tunnel, delays must be kept to a minimum. Minor changes to the data system,
for instance, which would result in the tunnel being shut down, are generally compromised
to reduce the time the model is kept in the tunnel and to allow for major modifications not
prolonging the test beyond the proposed schedule. Off-line analysis is encouraged, when
possible. Remote control of the RMDU’s is essential for efficient tunnel operation.

Finally, once the test is over, the data system is quickly disconnected and the model
removed both because other tests are waiting for tunnel time and because other models are
waiting for on-board data acquisition units.



OBS System.   To satisfy these constraints, the on-Board System must have the following
characteristics:

(1) set up and checkout capabilities away from the DKU

(2) flexibility in configuration, both to type, gain, and sequence of channels

(3) ease of connection of on-board units with ground station

(4) ability for remote central computer or autonomous control of the DMU

(5) ability for DMU control of the RMDU’s

(6) sufficient displays and DAC’s for user viewing

The OBS system (fig. 1) has therefore been conceived in two major sections. The on-board
section, consisting of remote multiplexer and digitizer units (RMDU), preamplifier and
filter units (PAF), and R-Cal units, is a second generation of NASA-FRC’s AIFTDS
system. The RMDU (figs. 2 & 3), which has been described in detail by Trover,2,3 is the
prime signal conditioning unit. Transducers, such as strain-gage bridges, thermocouples,
and pots, can be connected directly to the RMDU. The signals are then filtered, amplified,
and digitized for transmission serially to the ground station.

Any of the up to 352 channels can be addressed and sampled within a 7.8 µs period,
thereby enabling a sample rate of just over 128,000 samples per second. Channels can be
sampled in a totally random nature within the 11 I/O cards/RMDU and up to 32
channels/card matrix. Eight gains (1, 2, 4, 8, 32, 128, 256, and 512) can be independently
selected for each channel. Automatic, predigitizing downranging by a factor of 2 enables
extended range with no loss in digital granularity. An 11-bit, 5.12-V A/D converter
provides a neat 5-mV/count conversion.

Specialized I/O cards for digital signals, presample filtering, specific transducer
interfacing, or analog output can be also inserted in any of the 11 card slots.

For those applications where significant filtering is needed, 32channel or 64-channel PAF
units provide fixed gain preamplification and 3-pole Bessel filtering. Each channel has its
own preamp and filter. The output of the PAF is fed to an analog multiplexer card in the
RMDU. In addition to the basic amplification and filtering, the 32-channel PAF unit
provides full bridge excitation, completion, sensitivity, and balancing.



The 64-channel PAF unit provides only excitation and balancing. The R-Cal unit has been
designed to provide a shunt resistor calibration for strain-gage bridge transducers. The R-
Cal unit is remotely activated from the ground station. The 32-channel unit activates all
channels simultaneously.

The ground station shown in figure 4 has two main functions. First, the ground station must
direct the RMDU to sample each channel with the appropriate gain. This is accomplished
by serial PCM transmission of gain and address information from the ground station to the
RMDU every time a channel is to be sampled. The addresses and gains are determined by
the user and entered into the ground station either through the CRT terminal or through the
SEL 840MP computer.

In addition, the DMU is responsible for receiving the serially transmitted data from the
RMDU’s, converting the data back to parallel, and distributing the data to all appropriate
output devices such as two tape recorder ports, a bar-graph display, 16 digital/analog
converters, and the SEL 840MP. The ground station, described in detail by Prichard,4 also
contains five first-in, first-out (FIFO) memories, and a PDP-11/05 processor. The FIFO
memories make up the output buffers for the various output devices. The FIFO concept
enables the buffers to be filled at a sporadic rate and emptied at a constant interval. The
PDP-11/05 processor provides the user with a means of instant analysis, data compression,
or data supplementation. The PDP-11 also enables stand-alone, user conversational
operation.

The OBS ground station further has the capability to accept data from an IRIG standard
PCM data system. The ground station contains computercontrolled PCM bit and frame
synchronizers which can input data into the OBS and out through all the appropriate FIFO
buffers. The OBS system can “ping-pong” between its own computer-controlled RMDU’s
and the IRIG units, sending to the SEL and the displays a combined set of data points. The
ground station has the capacity to handle almost any on-board data acquisition unit
currently available.

Scannivalve Control.   Of particular interest to Ames has been the scannivalve control
card developed for the RMDU. This card, shown schematically in figure 5, contains two
counter circuits. The first counter enables the card to output one “advance” pulse to a
photo-isolated. driver circuit every Nth time the first channel on the card is sampled. The
second counter enables the card to output a “home” pulse every Mth “advance” pulse to
resynchronize the system.

Both values are preset on the card by the user. The 8-bit N value gives sufficient range to
advance the stepper as slow as 4 times/sec with the slowest subcom sample rate as high as 



1000 times/sec. The 6-bit M value is more than sufficient to handle the traditional 24 and
48 port scannivalves.

Since continuous running of such steppers may significantly reduce their life, external
controls such as counter reset, control disable, external advance, and external home have
been included in the design. Scannivalve sampling only during “prime data” or “data
collection” modes is thus possible.

Because of the complexity of the circuitry, only one such control circuit is available per
card; however, as indicated previously, multiple drivers can be actuated via a single card.
All scannivalves would be stepped at the same time. This restriction should cause no
hardship to the user since the data system can sample the transducers at speeds far beyond
the pressure stabilization. The ultimate limiter will always be pressure settling time.

Remote Operation.   Despite its stand-alone capabilities, the OBS is expected to be used
primarily under the control of the SEL 840MP computer in the 40x80 control room. Each
function must be controllable through the 840MP as well as the graphic display keyboard
on the PDP-11/05.

As shown in figure 6, the 40x80 Data system (FEDS) is a highly complex data acquisition
system consisting of several subsystems.5 These subsystems, of which the OBS is just one,
can be used autonomously or under control of the tunnel’s main computer. Coordination
between the subsystems enables the user to record and examine any data point in a variety
of mediums. Data from the OBS, for instance, can be directed to the Dynamic Recording
System, the Dynamic Analysis System, the SEL 840MP, as well as to the various displays
within the OBS itself.

All systems can be completely set up and controlled through user interaction with the
SEL 840MP. Initially, the user submits a deck of IBM cards to the SEL 840MP describing
set-up parameters for all the tunnel systems. Parameters for the OBS include the number of
channels of dynamic data, the sample rate of the dynamic channels, the number of static
data channels, and the sample rate of the static channels. The user also submits a complete
list of every channel address and every channel gain in the order they are to be sampled.
This “initialization table” is reformatted by the SEL 840MP and transmitted to the data
management unit in the ground station.

After the initialization table is transmitted to the ground station and verified by the SEL, a
second list is transmitted and verified by the SEL. This list of bad channels is determined
by the user and entered into the SEL. These channels are, in the opinion of the user,
malfunctioning in some manner and will be tagged by the OBS so that erroneous data will
not be analyzed.



The OBS ground station then sets up the sampling format and enters the data monitoring
mode. In this mode, data channels can be displayed on the bar graph or through the DAC’s
to the chart recorder. Two PCM serial bit streams, one static channel and one dynamic
channel, are also continuously output through the recorder buffers to analog tape recorders.
Either Miller (delayed modulation) or biphase level codes are available.

Instructional communication between the SEL 840MP and the OBS ground station is
performed through a single command word transfer. The SEL can command the ground
station to accept the initialization table, retransfer back for verification, accept the “bad
channel” table retransfer back for verification, enter the static standardization mode, enter
the static calibration mode, enter the dynamic calibration mode, enter the static collection
mode, enter the dynamic collection mode, or transfer data to the SEL.

Static standardization has been defined for all 40x80 subsystems as a voltage substitution
for the transducer signal input to each amplifier. The RMDU provides a precision voltage
source on every RMDU I/O card. Eight cards therefore provide enough sources for each of
eight gains of the one RMDU gain programmable amplifier. The RMDU further provides a
zero input to the gain programmable amplifier, a precision “high-level” voltage source at
the input to the ADC, and a “power supply bite” word which gives the go-nogo status of
all the power supplies in the RMDU.

Upon receiving the “static standardization” command from the SEL, the OBS will gather
all the standardization points listed above. When the “transmit data to SEL” command is
then received, the OBS will transfer to the SEL the 11 standardization points, the 11
expected values, and 11 in- or out-of-tolerance indicators. The OBS will then revert back
to the “data monitor” mode.

Calibration has been defined as the calibration of the system with the transducer left in the
system. Two static calibration points have been designed into the OBS system. An R-Cal
point can be taken by placing a known resistance across one leg of a strain-gage bridge
(see fig. 7). A zero calibration point can be taken by opening the power leads to the bridge
and sampling the thermoelectric potentials in the system. The one dynamic calibration
point which can be taken requires the R-Cal resistor to be placed across one leg of the
bridge and a sine-wave function to be switched into the power lead of the bridge rather
than normal power. This procedure gives a measure of the frequency response of the
transducer as well as the data system.

Prior to every data collection sequence, the calibration data will also be taken. A typical
sequence might include static calibration, dynamic calibration, dynamic data, and static
data. The calibration and data points will be collected at a rate defined in the initialization
table. The total number of “static” and “dynamic” frames will also be defined by the table.



Generally, static calibration and data points will be collected completely and then sent to
the SEL while dynamic data points will be collected and simultaneously transmitted to the
SEL in 10-sec runs. In each case, the SEL, through the command word, will inform the
OBS ground station which mode to enter. After each “data point” (i.e., a complete
calibration-collection sequence) is finished, the OBS will return to the data monitoring
mode.

Flight Testing Hardware.   In addition, a corollary system - a stand-alone firmware
controlled PCM data system with erasable read-only memories has been developed for
Ames. This system consists of the same flight-qualified, on-board units found in the 40x80
OBS, but replaces the DMU communication card and the DMIJ in the ground station with
a stand-alone timing card which contains the four E-PROM memories. The PROM’s,
which can be erased using ultraviolet light and then reprogrammed, are used to control the
RMDU sampling sequence and gain selection. The stand-alone RMDU enables the user to
set up a sampling program, with subcommutation, in the RMDU memories and modify any
or all of the program, including gains, in a matter of minutes once the system is back on the
ground.

The stand-alone RMDU has the capability for outputing NRZ, biphase or delayed
modulation PCM codes at any of 256 programmable rates up to 125K words/sec with 5
programmable word lengths. The unit is identical to the RMDU used in the wind-tunnel
application except for the different overhead card and can accept any of the I/O cards used
in the tunnel. Filtering and R-Cal operation is the same as in the wind-tunnel case.

The stand-alone RMDU therefore enables Ames to perform complete testing on, for
instance, the tilt-rotor aircraft. This aircraft currently under contract by NASA and the
Army to Bell Helicopter, Fort Worth, Texas, will use the AIFTDS system throughout all
phases of testing. The Tilt-Rotor Data System (TRDS)(fig. 8) consists of two stand-alone
RMDU’s, two 64-channel PAF’s, and five R-Cal units. Analog voltage, digital, strain-
gage, and scannivalve I/O cards will be used throughout. The 250-channel system will
output two PCM bit streams to a MARS 1414 airborne tape recorder at a 480K bit/sec rate
(12 bits at 40K words/sec).

Once the TRDS is fixed in the aircraft, no out-of-plane modifications or adjustments will
need to be made to it. The stand-alone TRDS system will first be used during aircraft
ground test operations at Bell. By merely changing the digital processing module in the
RMDU from a stand-alone timing module to a DMU communication module, the same
data system will then be used for the wind-tunnel phase of testing at the Ames 40x80-Foot
Wind Tunnel. Finally, after tunnel testing, the system will again be used in the standalone
configuration for actual flight testing. Throughout, a minimum of technician effort will be
needed to reconfigure the system for tunnel or flight testing. Furthermore, since each



RMDU is capable of handling far more than the 125 channels/box maximum expected for
the tilt-rotor testing, all transducers to be used in any phase of the testing can be wired up
originally and programmed in as needed. The data system and transducers therefore can be
completely installed during the early, less hectic phases of operation without any rewiring
necessary.

The tilt-rotor aircraft will thus become the first plane configured with a data system of such
flexibility that it can be used throughout its experimental testing program.

OBS Expansion Capabilities.   Currently configured as a 256-channel system, the Ames
on-board system has expansion capabilities up to a staggering maximum of over 9000
channels. More realistic needs therefore are well within system hardware capabilities. The
AIFTDS production model RMDU’s have a maximum channel capacity of 352 low-
and/or high-level analog channels. More elaborate signal conditioning reduces this number.
The Ames version of the AIFTDS data management unit, though currently expected to
service 2 RMDU’s, has the ability to handle 4 and expansion capability up to 29 RMDU’s.
The stand-alone RMDU’s also can be multiplexed together so that 4 units can produce a
single PCM output.

More elaborate signal conditioning than described here is currently available.
Thermocouple, scannivalve, synchro, frequency-to-digital, and pulse-sensitive demodulator
signal conditioning cards are among those now in production. Others axe or can be
designed.

The OBS is therefore an almost infinitely expandable system perfectly suited to the
unlimited demands of aircraft research. As described, it has been designed to be user
oriented at the researcher and technician levels. Even instructional aspects of the system
reflect this state of mind. Ames has attempted to divide training courses into selected topic
areas and video tape each topic separately, thereby enabling personnel to view courses
only in their area of interest.

The portable checkout unit alluded to earlier is an English language device that allows a
technician or experimenter to easily select a channel and a gain and quickly read back a
decimal and/or binary value for that channel.

In the final analysis, the Ames OBS is expected to become an integral part of the 40x80
data analysis concept. As familiarity and understanding of the system by Ames personnel
increase, the OBS is expected to replace older systems. As demands increase, more and
more of the OBS’s capabilities will be explored. Its long-term applications can only be left
to speculation.
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Figure 2.- Schematic of the RMDU
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Figure 6.- 40x80 Data System
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Figure 8.- Tilt-Rotor Data System



AN INTEGRATED PCM DATA SYSTEM FOR FULL SCALE
AERONAUTICS TESTING

DON R. REYNOLDS
Ames Research Center
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Summary.   An integrated PCM data system is being developed at Ames Research Center
to gather test data on advanced STOL propulsive lift, VTOL, rotary wing, and V/STOL
control systems concepts as they pass through wind-tunnel, test-stand, flight-simulator and
flight-test phases. Identical airborne signal conditioning and PCM encoding is used on test
aircraft and wind tunnel models. An 80,000 word/second PCM installation will be the first
“all PCM”instrumented rotary wing development project. The system uses both dedicated
and time-shared computers for fast data analysis with maximum use of resources. This
system development shows one way to bring separate data user groups together over a
common data base, while sharing computing resources for minimum cost.

Introduction.   Flight testing today requires increased flexibility and cost effectiveness.
The integrated PCM (Pulse Code Modulation) system at Ames Research Center departs
from the usual “integrated system” concept in some important ways. Since flight testing is
not the prime mission of Ames, the system shares resources which are normally
autonomous in their prime missions. The integration comes at the flight project level. This
system has some compromises, as well as some advantages. The system concept is
discussed first, followed by some system design detail. User examples and some thoughts
for future development conclude the paper.

System Concept.   Test engineering and test data analysis at Ames is performed by the
project user. The Integrated PCM Data System concept is to provide the project user
hardware and test data processing tools at minimum cost. The integrated PCM system
development came largely from project funds. This has the advantage of controlling system
cost, since the development projects always have other money problems and priorities of
their own. However, each project must usually buy and install a new airborne data system
rather than pick a proven system off the shelf for use. Our airborne hardware is almost
always committed to support another ongoing program, so there is never anything sitting
on our shelf to pick. Thus, the airborne data acquisition system is purchased by Ames and
is usually installed by the prime vehicle contractor. This enables us to control the
interfaces with our test data processing system.



The Integrated PCM Data System is shown in Fig. 1. Each project integrates its own test
data system, from the blocks shown, according to its needs. The user project’s test
engineers and data analysts are free to use whichever blocks work well for them. All data
in the system except the high-frequency noise data, is presently digitized in real time and
stored in serial PCM (digital) form on magnetic tape. This serial PCM data on the PCM
Airborne Tape, the Ground Tape, or the Special Analysis Tape (Fig. 1) is accepted by the
PCM Ground Station for data reduction. These tapes often contain voice tracks, analog
data, and IRIG-B time code, in addition to the serial PCM data. All data on these tapes
comply with the Telemetry Standards set by the Inter-Range Instrumentation Group
(IRIG). The goal is to permit wide flexibility in the content and format of these tapes. In
contrast, the digital computer tapes (IBM tape in Fig. 1) are as rigidly constrained as we
can make them. The constraints we are able to enforce on these IBM tapes directly
determine the practicality of a system of computer programs on the Central Computer
Facility.

The key problem that flight test data presents to the computer and computer user is its
large volume. It is relatively easy to acquire 200 million or more data samples on an
aircraft flight. But it is difficult to edit this data volume down to a size small enough for the
computer to deal with in reasonable time. Further, it is difficult to program the machine to
extract what is important from the data and not fill the flight test engineers’ offices with all
those numbers. The computer system concept for handling the data volume requires
efficiently matching the job to the computer resources available. Smaller general-purpose
computers handle high data volume more efficiently than their larger cousins do because
they have smaller, simpler input-output software systems. However, large general-purpose
computers solve complex calculations on small data volume more efficiently than small
computers do. Special-purpose computers perform simple or complex calculations on large
volumes of data quickly. But they are efficiently used only where unchanging, routine
calculations must be done on large volumes of data.

To minimize computer programming costs one tries to re-use programs developed for other
projects. But to do this, the programs must be standardized to fit within some uniform,
testdata software system. Building such a system under project cost and schedule
constraints is difficult. The choice to assign programmers to write “ashcan” programs for
each project, and re-invent them all too often, competes with the choice to build such a
uniform system. Unfortunately, computer system differences conspire against transplanting
an existing large program from another computer system. One cannot easily benefit from
someone else’s system programming effort. The problem is the incompatible hardware and
software input/output techniques used by the computer industry. Flight test data’s high
volume requires that software be optimized for a particular computer installation. Only
simple programs can be made completely computer system independent. The computer
field has no Inter-Range Instrumentation Group (IRIG) as does the telemetry field.



System Design, Present System.   The portions of the system which have been
implemented to date are discussed first, followed by portions under construction.

Data are presently generated from PCM encoders on five research aircraft and Nike-
Hercules precision tracking radar. Two of the aircraft are shown in Figs. 2 and 3. All
present installations record the serial PCM data directly on magnetic tape. A typical
Airborne PCM System is shown in Fig. 4.

PCM Ground Station.   PCM data are presently accepted by a small PCM Ground
Station. This station comprises a magnetic tape playback unit, a patchboard PCM
Decommutator and Displays, Time Code Translators, and a PCM Decommutator “Front
End” linked to an XDS Sigma 7 computer. The station is shown in Fig. 5. The raw data
tape is first played onto the strip chart and bar chart displays at the left for a “quick look”
to locate data intervals of interest. Next, the edited data are played through the PCM “front
end” decommutator at the right, which is controlled by the Sigma 7 computer in the Hybrid
Computer Laboratory.

Hybrid Computer Laboratory.   All PCM data are presently reduced on computers
which have another prime mission. The prime mission of the Hybrid Computer Laboratory
in Fig. 1 is control of motion generators for simulation. Wind-tunnel dynamic data analysis
and digitizing is another use. The laboratory also supports PCM computer-tape formatting
and mission-time data processing on its XDS Sigma 7 computer. The Sigma 7 computer
presently finds most of its use processing mission-time flight-test data, while a Sigma 8 is
presently used for simulation. But the computers can be configured for data processing or
simulation work as needed. The Hybrid Computer Laboratory also provides dynamic data
analysis on a separate time-series analysis system. This will be used on Tilt-Rotor
Research Aircraft data, and is discussed in more detail later.

The mission-time PCM software is shown in Fig. 6. It provides the user plots and printouts
of computer data with fast response. Although priority analysis could be done within
hours, computed data are usually available one to two days after the flight. The system is
presently capable of a throughput of 8000 samples/second onto digital computer tape. This
MAC/RAN tape (Fig. 6) is a common format for digitized analog tape data as well as
PCM data. The software is presently CPU-limited at PCM prime frame rates of 100
frames/second. Subcommutation is presently programmed in software. One of the data
outputs available from the Sigma 7 system is a magnetic tape that is FORTRAN
compatible with the IBM 360 computer. This provides an efficient inter-computer
standardized data format. The Sigma 7 system’s realtime capability is achieved by expert
professional programmers under contract.



Central Computer Facility.   One prime mission of the Central Computation Facility’s
IBM 360/67 is to provide real-time computing for other wind tunnels (not shown in Fig. 1).
A second mission is to support computational fluid dynamics. But the central computer
also provides time-shared interactive or batch analysis computing of flight test data (post
mission), as well as other general-purpose computing. The IBM 360/67 fulfills quite a
distinct test-data computing function compared to the function of the Sigma 7 system. The
Sigma 7 performs relatively simple computations on a large volume of data. Programs are
written by computer professionals at user request. The Sigma 7 operates best when
computing the routine lift coefficients, etc., that can be planned for well ahead of the test
flight. The user does not interact online with the computing system.

The IBM 360/67 is used best for research data analysis such as identifying stability
derivatives. For this work, the computer programs constantly change, and a much smaller
amount of data is used. Two useful features of the operating system, TSS 360, are virtual
memory and conversational computing (time-sharing).

Virtual memory refers to the technique of breaking the user’s program up into pages, then
swapping the needed pages of many users into core memory for computing as needed.
Each user can run a program that would use a million words of core memory. This is large
enough for nearly all programs. The IBM 360/67 in the Central Facility provides time-
sharing so that the analyst can interact with the computation process and redirect it as
desired. This is similar to the NASA-Langley Real-Time System for parameter
identification (Ref. 1). The time-share system also permits online computer program
debugging, but this requires some skill for any but the trivial programs. Any online
technique is only useful where the user can “think on his feet.” Otherwise, it can entice the
user into wasting his time guessing, when instead, he should pull back and think more.
This can be as wasteful as requesting ten times as many batch runs to make sure what one
wants is contained within what one gets.

These features of our central computer have made it, in a sense, a victim of its own
success. Its users absorb any system improvements so fast the system returns to saturation
before the average user notices an improvement in response time or data turn-around time.
The system always seems to be resource limited.

FLYTE, A Test-Data Reduction System.   We are attempting to make a software system
that can be used by nonprogrammers as well as by skilled programmers. The Ames
system, called FLYTE, is shown in Fig. 7. Each active mission has a private disk pack for
working data storage. One disk pack holds over 5 million data samples. Data from the
IBM tape are first copied onto a user’s disk. This copy program, SIGFRONT, has not
been optimized yet, so the copy program is most efficiently run in batch after midnight. A
typical run of six test conditions of 61 channels of data used 18.6 minutes of computer



time. The computer run required 95 minutes of real time, whereas less than six minutes
were used in tape setup. The six test conditions ranged from 1 6 to 22 seconds at I 00
samples/second on each channel (11116 times 61 total data samples); thus, less than two
minutes of real flight time was represented. An improved version of the program now in
test runs faster. Runs from several flights can be stored on the same disk so that an
analysis program can run many different test cases without complex and slow tape
operations.

Users can have the operators mount disk packs or magnetic tapes for interactive use from
the conversational terminal, or computing can be done in batch. The system has been
directed to serve the nonprogrammer user. Interactive mode is emphasized, with the
computer checking for “reasonable” parameter inputs.

FLYTE uses direct access input/output to store computer results back on the disk in time
correlation with the original data. Using this powerful capability invites a bookkeeping
problem unless the users and programmers follow careful plans.

Building such a system is not a straightforward job, nor is it really compatible with the
minimum-resources constraint. Much of the work has been done by a skilled college
student. With the 360/67 computer often saturated during prime shift, conversational
access to FLYTE has been restricted by schedule. Due to these constraints, the data
analysis system has only recently been able to compete with the “ashcan” programming
technique mentioned earlier. Configuration control of a large central group of support
programmers is possible. But individual user-programmers naturally prefer to avoid
constraints. Using a partially developed system can be inconvenient compared to
programming on data directly from the IBM tape.

System Design, Under Development.   The FLYTE test data processing system
described above is under continual development as we learn more about how to write
workable, interactive programs. Much work is still needed for debugging this system and
adding extensions, such as data plotting on a storage-tube CRT terminal.

The 40 by 80 On-Board PCM System is one of the new additions to the existing SEL
840MP real-time computer system in the 40 by 80-foot wind tunnel (Ref. 2). The concept
here is to instrument full-scale wind-tunnel models with signal conditioning and PCM data
systems. The PCM data will be brought out from the model to the control room on a digital
data buss. This will permit wind tunnel models to be checked out before they are brought
into the tunnel. In addition to the time saved getting models into the tunnel, a saving in
wire will result from digitizing on-board the model. This system uses a production version
of the Airborne Integrated Flight Test Data System (AIFTDS) conceived by NASA-Flight
Research Center (Refs. 3 and 4). The system block diagram is shown in Fig. 8. Sample



formats and channel gains are remote controlled by computer. More details are available
on the 40 by 80 system in Ref. 2.

STOLAND Project Application.   STOLAND is a terminal area and control avionics
system for short-takeoff-and landing (STOL) aircraft (Ref. 5). Its airborne digital computer
has been interfaced to the PCM encoding system to combine all airborne data in one time-
correlated system. Precision radar tracking data is acquired presently on a ground-based
PCM encoder. This encoder will be replaced by the real-time computer in the Aircraft Test
Van (ATVAN, Fig. 1) in mid-1974. ATVAN’s use supporting the Tilt-Rotor is discussed
later. The ATVAN system and its companion low-cost, precision terminal area tracking
system will likely be described in future papers by others.

Tilt-Rotor Project Application, Airborne.   The Tilt-Rotor Research aircraft (or XV-15)
is a twin prop-rotor VTOL to be built by Bell Helicopter, Forth Worth for NASA and the
Army. It will use the AIFTDS PCM system described earlier (Refs. 3 and 4) in all testing.
It is significant in that it will use one instrumentation system through its entire dynamic
ground test, windtunnel test, and flight-test programs. The aircraft will not have to be re-
instrumented for each phase. The airborne data systems for Tilt-Rotor and the 40 by 80
foot wind tunnel are being acquired by combined procurement to maximize compatibility
with the full-scale wind tunnel. This offers the potential for more precise correlation of
wind-tunnel and flight-test data. Obviously, this commonality also minimizes cost and
manpower requirements. IRIG standard compatibility is maintained to guarantee data
interchangeability, of course.

It is also significant that this appears to be the first aircraft development program to use
PCM as the primary data acquisition technique for a significant dynamic data requirement.
There is no plan for a narrow-band frequency modulation (NB-FM) system for any test
phase. An “all PCM” vehicle is not new in the missile business. Minuteman’s 384-kbit/
second system forced the state of the telemetry art in this area some years ago. But “all
PCM” is quite new to an aircraft development, particularly to a rotary wing aircraft
program.

The high data bandwidth for rotor dynamic loads and vibration data pushes the system
sample rate to 80,000 samples/second. This is split into two PCM streams of 40,000
samples/second each. The airborne block diagram is shown in Fig. 9. The system will use
Delay Modulation or high-density NRZ serial recording on magnetic tape at packing
densities on the order of 15000 to 20000 bits/inch. Provision has also been made to use L-
band telemetry to enhance both flight safety and test control.

Tilt-Rotor Project Application, Data Analysis.   The data analysis system for the Tilt-
Rotor program is in the planning stage at this writing. The general-purpose computer



system technology does not exist which can analyze data at continuous 40,000
sample/second rates. As can be seen from the discussion above, large-scale computers
with their sophisticated software tend to accept numbers at lower rates than small
computers. Thus, special-purpose computers must be used for the high-rate oscillatory
loads data. The ATVAN system was developed by EMR Telemetry for high-rate telemetry
computing. A programmed data distributor and two powerful “midi” computers are used.
This real-time telemetry editing and radar tracking data-merge capability is available in a
system dedicated to flight test. Special-purpose calculation hardware and a direct digital
interface between a PCM Decommutator and a time series analyzer are also being
considered. The special-purpose hardware reduces the data volume to fit the capabilities of
the general-purpose Sigma 7 and 360 computers. It is anticipated that the results of this
development will be reported in a future paper.

Future Plans.   Returning to the Integrated PCM Data System block diagram (Fig. 1), we
note several items which have not been discussed. PCM telemetry to the PCM Ground
Station at Moffett Field is planned to support test stand and V/STOL operations. All the
usual advantages of telemetry to a real-time computer in instrumentation checkout,
subsystem monitoring, more aggressive test scheduling, etc., should result when this is
implemented.

The PCM Ground Station was originally planned by the very forward-thinking Simulator
Computer Systems Branch to efficiently exchange data between a small simulator cab and
the digital computer through fewer expensive slip rings. Flight-qualified PCM encoders are
only recently becoming economical for instrumenting a simulator cab. Such use is now
being planned.

The high-density serial PCM tape recording technology is now fairly mature and analog-
to-digital converter and logic prices are coming down. The development of the direct
digital link of the PCM decommutator to the time series analyzer will pave the way for
extending PCM technology to handle acoustic noise data. Today’s analog (wide-band FM)
magnetic tape technology offers only slightly better than one-part-in-100 dynamic range,
while the PCM technology will offer one-part-in-1000, or better, at comparable cost. The
Special Analysis Tape in Fig. I will provide this capability for offline detailed dynamic
analysis.

The hardwire link from the 40 by 80-foot tunnel computer to the Central Computer Facility
will be implemented when the Central Facility capacity increases enough to accept its data.
This central computer resource limitation has encouraged Ames to lead the way in the
aerospace industry in computer network use. We presently buy an equivalent to the IBM
360/67 duplex (dual computer) capacity in remote computing from a CDC 6600/7600
system at the Lawrence Berkeley Laboratory. The Ames 360/67 is also online to the



Advanced Research Projects Agency network (ARPANET). This network of computers
and access nodes can be reached by users from Norway to Hawaii.

Advanced development of this resource would permit flight and wind-tunnel test data to be
accessed in real time from a mass memory such as the Unicon laser memory system, and
processed on the optimum software system on a computer any distance away. The Unicon
(Ref. 6) is now online on the ARPANET for experimental use. It uses a laser to burn spots
on mylar strips. The presence or absence of spots is read as binary data. Its online data
capacity is on the order of a trillion bits. The Unicon system and the Illiac IV
supercomputer are being developed into a viable resource by the Institute for Advanced
Computation at Ames. Ames is in an excellent position to develop an online, sharable data
base of flight-test and wind-tunnel data for the aerospace industry.

The potential for computer networking can circumvent many of the machine-dependent
problems, noted earlier, which prevent transfer of computer software technology to another
site. One merely ships his data to that site through the computer network and receives his
answers back over the network. This online process is both fast and economical and is
being done now between Ames and other ARPANET sites. The author anticipates
development of such tools as the Online Mathematical System (University of California at
Santa Barbara and UCLA) to analyze flight-test and wind-tunnel research data online. The
exciting teleconferencing and data-base techniques which permit a geographically
distributed “knowledge workshop” (Ref. 7) could find use in working with flight-test and
wind-tunnel data in the next few years. The Stanford Research Institute’s Augmentation
Research Center has this computer technology in hand and it is now available
experimentally online to the ARPANET.

Summary and Conclusions.   An Integrated PCM Data System has been described which
is integrated by project requirements rather than by a traditional organization chart. This
new type of system integration better matches the “visible results now” at “bare bones”
cost environment of the aerospace industry in the 1970’s. PCM provides a unifying
technology which can assist in interchange of data and data analysis techniques between
analysts who would not otherwise get together.

PCM techniques will soon be routinely extended to acoustic data frequencies through
digital interfaces to special-purpose computers (time series analyzers). Interactive use of
computers where the analyst is an online partner to the online machine will continue to
make the significant contributions to aerospace vehicle and control system technology.
This will be available to more people as hardware costs continue to drop.

An integrated data system which shares real-time computer resources to minimize cost and
manpower will likely be the rule rather than the exception. It must be built with minimum



manpower and minimum cost, since lavish resources simply will be unavailable. The
sharing of resources on an industry-wide basis may not arrive as a completely satisfactory
and workable tool in the 1970’s, but the economic climate for the short run could spur
great effort to develop these advanced tools. It is anticipated that our experience in
developing a low-cost Integrated PCM Data System can be coupled with our computer
network experience to produce these tools. With the aerospace industry resource
environment, we are likely to find we cannot get the job done as we have in the past
without them.
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Figure 1.  Integrated PCM System

Figure 2.  Augmentor Wing Jet STOL Research Aircraft

Figure 3.  X-14B VTO  Research Aircraft on Test Stand



Figure 4.  Airborne PCM Data System

Figure 5.  PCM Ground Station

Figure 6.  PCM Data Processing System



Figure 7.  TSS-FLYTE Test Data Processing System

Figure 8.  40-by-80 Onboard System



Figure 9.-  Tilt-Rotor Research Aircraft Instrumentation System



A CENTRAL CONTROLLER/DISPLAY SYSTEM WITH REAL TIME
PROCESSING FOR REMOTE DATA ACQUISITION UNITS
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Summary   A flexible Data Management and Display Unit (DMDU) has been developed
as part of the On-Board Data System developed for the 40' x 80' Wind Tunnel at Ames
Research Center. The DMDU can be operated as a slave to a Systems Engineering
Laboratories Model SEL-840MP computer or as a standalone system receiving
instructions from an operator via data terminal/keyboard inputs. It is capable of controlling
the acquisition data from four data acquisition units at software selectable word rates of
250 to 125,000 words per second in increments of 50 words per second. The number of
remote acquisition units can be expanded to twenty-nine units providing data point
capacity in excess of 10,000 channels. Acquired data can be distributed in real time to the
host computer (SEL-840MP), a bar graph CRT display (up to 128 data points), a strip
chart recorder (up to 3Z data points), to one or both of two analog magnetic tape recorders
(BI0/ -L or DM-M format) or to a PDP-11/05 minicomputer for data processing in real time.
The DMDU can be utilized as a “quick-look” playback facility for the playback and
display of data previously recorded on magnetic tapes in any of the standard IRIG PCM
formats. It receives initialization information consisting of the remote acquisition units and
data point address, amplifier gain, each data points required sampling rate and the data
output destination entered locally via punched paper tape or from the SEL-840MP
computer. Resident software generates a “master sampling format” with sub-commutation
and super-commutation as required. Embedded within the master cycle are the minor cycle
sampling formats for the individual recorder outputs, complete with software controllable
fram ‘ e synchronization patterns. Conversion from the data acquisition mode to the data
playback or data reduction mode can be performed dynamically under interrupt control.

Introduction.   NASA’s Ames Research Center, in an effort to increase the efficiency of
its 40' x 80' wind tunnel, as described by Finger and Cambra (1), contracted with Teledyne
Controls under Contract NAS2-7727 to develop a computer controlled wind tunnel data
acquisition system. This system, known as the “On-Board System” or OBS, consists of
two (2) primary elements. One major element is the Remote Multiplexer/Demultiplexer
Unit (RMDU) which performs data point selection, signal conditioning and transducer
excitation. The RMDU described by Trover (2) is located in the aircraft in the tunnel. The 



second major element of the OBS is the Data Management and Display Unit (DMDU)
which is located in the wind tunnel control room and is the subject of this paper.

Due to the wide variety of tests that are performed on a model in the wind tunnel, and the
wide spectrum of models tested, the data acquisition system (DMDU) had to be designed
with a great amount of built-in flexibility. That is, it must have the ability to readily change
data sampling formats (sampling rates), change the display of selected parameter’s, gather
data from multiple sources and operate as a slave or standalone system. The DMDU will
operate either as a slave to the 40 x 8'’s main computer, a Systems Engineering
Laboratories Model SEL- 840MP in the “On- Line Mode” or as a standalone data system
in “Off- Line Mode” whereby all machine functions are controlled locally by an operator.
In either mode of operation, the DMDU controls the acquisition of data from the
RMDU(s) or other (foreign) PCM Systems in the model and outputs the acquired data to
any one of six (6) output devices.

All key system parameters are under software control of the DMDU’s PDP-11/05
minicomputer. The storage medium for the data acquisition sampling format is a 4096
word x 18 bit semiconductor random access memory (Format Memory), while the main
memory consists of 28K words x 16 bit core RAM. The format memory can accommodate
a single data cycle of approximately 2000 data points or multiple data cycles of smaller
size. For future expansion, or to satisfy requirements for increased data cycle sizes, the
storage capacity of the Format Memory can be incrementally expanded to 16K words by
the addition of up to four standard 4K word memory modules. When multiple sampling
formats are stored in the Format Memory, the DMDU can switch formats in less than 80
microseconds by software command from the PDP-11/05 minicomputer, thus dynamically
changing the system configuration to meet changing test conditions.

Since Ames Research Center has an investment in existing data acquisition equipment, it
was necessary for the DMDU to simultaneously accept data from both RMDU’s and
existing PCM equipment, which may be installed in the models, in any one of the standard
IRIG formats and merge the data with the data from the OBS On-Board Units. To satisfy
requirements for widely varying data acquisition rates, the DMDU has been designed to
provide a master data cycle for data acquisition with the capability of outputting either the
master data cycle and/or minor data cycles at semi-asychronous word rates to the
destination devices. Master data cycle flexibility is achieved by a software controllable
time base generator in the RMDU controller which incorporates a “phase-locked-loop”
word rate generator. The RMDU controller can output addresses to the RMDU’s and
accept data words from the RMDU’s at word rates from 250 WPS to 125,000 WPS in
increments of 50 WPS, for a total of 2496 different word rates selectable by software
command from the DPD-11/05 minicomputer. The master data cycle (RMDU) word rate 



or data acquisition rate can be changed dynamically during a test run to increase or
decrease data acquisition rates during critical test phases.

Input initialization data for the DMDU may be received from either the SEL-840MP
computer or locally entered thru the DMDU paper tape reader/ punch. Initialization data
consists of RMDU address, RMDU card select, channel select, amplifier gain, required
sampling rate and data destination. From this basic requirements list, the format generation
software system assembles a standard PCM sampling format and produces a punched
paper tape of the format memory contents as an archivable record. The sampling format is
stored in the format memory section of the DMDU and is accessed by the RMDU
controller for transmission of data point addresses in serial format to the RMDU’s in the
model. The DMDU is presently mechanized to control four RMDU’s (two will be
delivered with the system). The system can be expanded at any time to a maximum of
twenty-eight remote units bythe addition of up to six additional RMDU I/O assembly
boards, each of which can control four RMDU’s. Expanded to its full capacity, it is
possible for the DMDU to direct data acquisition from nearly 10,000 different data points
or transducers.

Information stored in format memory consists of the previously mentioned data point
specifiers, output port destination control information and pointers to the next words to be
fetched from format memory. Acquired data are outputted to any or all of up to six
destinations. The present destination units include two display devices, (1) a bar graph
CRT display where up to 128 data points can be displayed, in unipolar or bipolar PAM
format and (2) a digital to analog converter where up to 16 data points can be displayed on
a strip chart recorder (expandable to 32 channels with the addition of DAC modules). In
addition to the real time displays, data can be routed to two different magnetic tape
recorders (or parallel tracks of the same recorder) with individually programmable word
rate and word length controls, to the SEL-840MP (block transfer), and/or to the
PDP-11/05 for real time computation. Data points outputted to the bar graph and strip
chart recorder are displayed in real time and the selection of data points to be displayed
can be changed during a test by software command from the PDP-11/05 minicomputer.
This change can be initiated by the system operator via the CRT/Keyboard terminal.

Either the master data cycle or minor data cycles (or both) can be outputted to one or both
of two analog tape recorder ports for recording in either BI0/ -L or DM-M code. Each
recorder output port has a unique standard PCM data cycle which may, or may not be
related to the major data cycle of the RMDU controller. Each recorder controller’s minor
data cycle however is synchronized to the RMDU controller data cycle by the “end of
cycle” signal from the RMDU controller. Thereby, the common time denominator between
the RMDU controller and each analog recorder port is the master cycle rate of the RMDU
controller. The word rates of the recorder ports are simply the master “cycle rate”



multiplied by the number of words out of the data cycle that are recorded on that recorder
track. Each recorder port has subcommutation and super commutation capability with
frame synchronization patterns software programmable and is semi-synchronous in relation
to the other recorder port and/or the RMDU controller.

The capability of having an asynchronous (or semi-synchronous) relationship of acquired
data to data distributed to an individual output device required some means of data
buffering. Original system concepts had the output data buffered in portions of the
PDP-11/05 minicomputer memory for each output device. Detailed timing analysis
revealed that during worst case conditions, up to 95% of real time would be required for
data transfers into and out of the PDP-11/05 memory, leaving little or no time or rea time
data processing and system “housekeeping chores”. As a result of this undesirable
condition, the concept of a separate output data bus and a “first in - first out” (FIFO) data
buffer for each output device evolved. This separation of data acquisition from system
control enables the PDP-11/ 05 to be occupied with meaningful tasks during the
acquisition of data. The output bus structure of the DMDU permits any type of output
device or peripheral to be utilized with the DMDU as long as the peripheral meets the
generalized I/O requirements of the output data bus. The significance of the dual bus
concept (the output data bus plus the PDP-11/05 Unibus) is that additional analog
recorders, or multiple tracks of a single recorder can be used to distribute the acquired data
thus reducing recorder bandwidth requirements and/or increasing record time capacity,
while leaving over 90% of the PDP-11 Unibus time available for data processing. A block
diagram of the DMDU is presented in Figure 1, and Figure 2 is a photograph of the
DMDU.

System Operation   The DMDU requires a certain amount of operator-machine dialogue
whether it is in the On-Line mode as slave to the SEL840MP computer, or in the Off-Line
mode as a standalone data acquisition system. The principal device for this operator-
machine dialogue is a video display CRT for displaying system status and requesting
inputs of the operator and a standard Teletype T type of keyboard for operator commands
and responses. When DMDU power is turned on, the system requests a definition of
operational mode from the operator, i.e., Off-Line or On-Line mode. If the operator types
in On- Line, the DMDU then looks to the SE L840MP computer for further control via the
Control Word interface. The SEL-840MP then commands the DMDU to start accepting a
table of initialization data that contains the previously mentioned data point specifiers,
required sampling rates, data destination points and a definition of “foreign PCM” if any.
The SEL-840MP computer then commands the DMDU to echo back this table of
initialization data as a verification of valid data transfer. The SEL-840MP then transmits a
second list of data point specifiers which are in the opinion of the operator bad channels,
i.e., malfunctioning transducers, etc.



For Off-Line operation, the table of initialization data is inputted via the DMDU’s punched
paper tape reader and the list of bad channels is inputted by the operator via the operator’s
keyboard. For either mode, the DMDU then asks via the operator for a definition of
whether or not there is also foreign model PCM (other data acquisition units than
RMDU’s). Foreign PCM setup data consists of information required to control the EMR
Model 720 Bit Synchronizer and EMR Model 2731 Frame Synchronizer under computer
control, i.e., bit rate, frame (word) rate, frame length, word length, PCM code (BI0/ -L,
DM-M, etc.), frame synchronization pattern, etc. The operator then enters the required
data via the operator keyboard. At this juncture a foreign PCM program tape can be
created for future setups of the same type of test. The DMDU then requests of the operator
information defining which channels are to be outputted to the Bar Graph Display and the
Digital to Analog Converter. The operator responds accordingly.

Finally, the DMDU then generates a standard PCM sampling format (Figure 4) for the
RMDU controller with super-commutation and subcommutation as required. The software
format sampling generation program thus relieves the operator of the tedious trial-and-error
method of generating a sampling format. The DMDU is then ready to enter the Data
Gathering mode and start acquiring and disseminating data as defined by the sampling
format. The SEL-840MP can at this time command the DMDU to enter the static
standardization, static calibration, static data collection or dynamic data collection modes
of operation as described by Finger and Cambra (1).

DMDU Functional Description   The DMDU is divided into four functional elements.
These are; (1) the Central Processor Unit (CPU) and it’s associated peripheral devices
(station control, data processing and data input - output), (2) the RMDU Controller, (3) the
Format Memory and, (4) the Output Data Buffers, controllers and display devices
(recorders, digital-analog converters and bar graph display) including the “Foreign PCM”
loop (bit synchronizer and frame synchronizer).

CPU and Peripherals   The central processor unit selected for the DMDU is the Digital
Equipment Corporation Model PDP-11/05 minicomputer. The PDP-11/05 is a 16-bit
general purpose parallel logic, 2’s complement arithmetic computer whose instruction set
lends itself to control functions. The PDP-11/05 instruction set consists of 45 basic
instructions which when modified by the byte mode and the different addressing modes
expand to over 400 instructions. The PDP-11/05 features eight hardware general registers,
push-down, pop-off stack processing, automatic priority interrupts, hardware vectored
interrupts, direct addressing of up to 32K words of core memory, direct memory access for
maximum data transfer rate and automatic power-fail restart. As in the basic DMDU
design, the capability for modular expansion was a “must” requirement in the selection of
a CPU. Due to the unique “Unibus” T structure of the PDP-11/05 the capability of the
CPU can be expanded simply by the addition of peripherals on the Unibus. This expansion



can include hardware arithmetic units which decrease the time required for multiply and
divide operations, a disk memory for program storage and “Disk Operating Systems”
software, a digital magnetic tape system for mass record storage, and a high speed line
printer for data dumps. Available software support for the PDP-11 /0 5 include s a macro
assembler, an editor, an on-line debugger program, floating point math routines, and a
complete set of hardware diagnostics.

The PDP-11/05 through its software program controls all of the DMDU operation. Then in
the On-Line mode, the PDP-11/05 interprets and responds to instructions from the 40 x
80’s SEL-840MP computer, and when in the Off-Line mode it interprets and responds to
instructions entered by the operator via the CRT/Keyboard.

The DMDU input-output devices are the high speed paper tape reader/ punch and the
CRT/Keyboard. The CRT/Keyboard is the Model H-2000 manufactured by Hazeltine
Corporation. It has a display area of 27 lines x 74 characters ( a total of 1998 characters)
with an update rate of up to 960 characters per second. The PDP-11/05 through the system
software displays primary system parameters, system error messages, operator prompts
and monitors selected data points on the video CRT.

The high speed paper tape reader/punch is the Digital Equipment Corp. Model PC-11. It
can read a paper tape at rates up to 300 characters per second and punches a tape at rates
up to 50 characters per second under software control. The PC-11 paper tape reader is
used for loading the system software program into core memory, and inputting
initialization data for the format generation program. The PC-11 paper tape punch is used
to output the results of the format generation program when in the Off-Line mode. The
information contained on the punched paper tape is a mirror image of the data in the
Format Memory and information defining the RMDU Controller bit rate and word rate,
and Recorder Controller bit rate and word rate. When the format generation program is
used for programming of the EPROM’s used on the RMDU Stand Alone Timing Module,
the PC-11 paper tape punch outputs four different paper tapes to be used by the DATA I/O
Model PROM Programmer.

RMDU Controller and Format Memory.   The RMDU controller operates in one of two
modes under software control of the PDP-11/0 5. The software system, via the proper
commands, can cause the RMDU Controller to; (1) continuously acquire and disseminate
data, (2) to acquire and disseminate (or store in mainframe memory) a complete signal
scan of data or, (3) to acquire and disseminate (or store in mainframe memory) a single
frame of data.

The RMDU Controller, as shown in Figure 4, consists of five functional areas; the format
memory read logic, bit rate and word rate generator, RMDU address transmission logic,



RMDU out ut data logic, and the data/ control registers. The Format Memory read logic
consists of a mainframe address register, a mainframe address counter, a subfrarne
register, subframe address counter, read address multiplexer and control logic. The
mainframe address register and subframe address register are loaded via system software
command from the PDP-11/05 with the Format Memory address of the first word of the
mainframe format memory map and the first word of the subframe memory map
respectively. At the start of a typical data acquisition cycle (see Figure 5), the contents of
both registers are clocked into the mainframe subframe address counters. The read control
logic then initiates a memory cycle from Format Memory and multiplexes either the
mainframe address counter or the subframe address counter to the format memory. As
Control Word 1 and 2 are transferred from Format Memory to the RMDU Controller
logic, the selected address counter (MF next or SF next) is incremented to point to the next
word to be read from Format -Memory. Bits 5 and 6 of control word 2 determine section
of Format Memory (i.e., subframe or mainframe) is accessed for the next pair of control
words. At the end of each mainframe of the “master data cycle”, the mainframe address
counter is reloaded with the contents of the mainframe address register which points to the
first two control words in the mainframe memory stack. At the end of the last frame of the
“master data cycle” both the mainframe and subframe address counters are reinitialized
with the address of the beginning word(s) of both the MF and SF memory stacks.

Upon completion of the generation of the sampling format generation program, the
PDP-11/05 CPU under software control writes the sampling format into the format
memory. A sampling format consists of two words of memory per data point. As shown in
Figure 6, Control Word Number 1, bits 2-5 specify 1 of 11 cards and bits 6-9 specify 1 of
8 RMDU amplifier gains, per RMDU to be addressed, while bits 10-15 specify 1 of 32
channels on the selected card. Control Word Number two bits 0-5 specify 1 of 29
RMDU’s to which Control Word #1 is to be transmitted. RMDU addresses 30-32 are
special overhead addresses used internal to the RMDU Controller to be described later.
Bits 10-15 of Control Word two are used to steer the data acquired from the data point
defined by Control Word one to the desired output device. In addition, there are three
spare overhead bits on Control Word two for system expansion, i.e. , additional output
devices. Figure 5 also provides correlation of bit assignment vs. output device. It should be
noted that an acquired data point value can be sent to anyone or all six output devices
simultaneously. As previously stated, bits 5, 6 are used as pointers by the RMDU
Controller to define the source of the next two control words to be fetched from the
Format Memory.

The acquisition of a data word from the RMDU is a five word time cycle, During word
time one, Control Words 1 and 2 are fetched from Format Memory. During word time 2,
Control Word 1 is transmitted in serial fashion to the selected RMDU. Word times 3 and 4
are consumed by the RMDU for interal processing (data point multiplexing and analog to



digital conversion). The RMDU then transmits the data word to the RMDU Controller
during word time 5. In the RMDU Controller the received data word is adjusted for
autoranging (if is occurred) and outputs the data to the devices specified by Control
Word 2.

The Format Memory is organized as two 4096 words x 9 bits/word sections. Each 9-bit
word is composed of eight data bits plus an odd parity bit, thus there are 16 data bits per
word. The memory is a dynamic semiconductor memory with an access time of 800 nsec.
requiring refreshing of the data in memory at a 500HZ rate. All refresh circuitry is built
into the memory and is invisible to the using device, The memory is functionally organized
into two sections, Mainframe Format Memory and Subframe Format Memory (see
Figure 7). This memory organization is a dynamically changing organization and varies
from test to test as the required sampling format changes. In addition, there may be more
than one sampling format in the Format Memory during a test and the RMDU Controller
can switch from one format to another (within 80 psec) under software command from the
PDP-11/ 05 minicompute r.

During the 1st word period the RMDU Controller fetches Control Words one and two
from Format Memory, transmits Control Word one (in serial format) to the selected
RMDU encoded in control word two’s field. Control Word two is then delayed two word
periods through a series of parallel shift registers until the data word is returned from the
RMDU. The RMDU controller shifts the returned data word to account for GPA
autoranging in the RMDU and outputs the CT corrected data word to the destinations
designated in Control Word two.

The basic unit of frequency in the RMDU Controller is the RMDU bit rate clock which is
divided by twenty to generate the RMDU word rate clock. The word rate clock determines
the rate at which data point addresses and data are transferred between the RMDU
Controller and the RMDU’s (i.e., the data acquisition rate). The clock frequency is
synthesized via a digital phase locked loop from a basic frequency of 1 KHZ. This 1 KHZ
frequency multiplied by a software programmable frequency multiplier to generate a high
frequency internal clock of 5.0 - 10.0 MHZ. This 5.0 - 10.0 MHZ internal clock is divided
by 4 to generate the 1.25 - 2.5 MHZ RMDU clock. The 1.25 - 2.5 MHZ clock is further
divided by 20 to generate the basic RMDU clock of 62.5 KHZ to 125 KHZ.

The word clock of 62.5 KHZ to 125 KHZ is further divided by a software programmable
divider to generate word rates of less than 62.5 KHZ for slower data acquisition rates. An
algorithm has been developed for use by the system software in programming of the bit
rate and word rate generator. It is WORD RATE = 50xN 1/M, 1250 # N # 2500, 1 # M #
256. This results in data acquisition rates of 250 WPS 125,000 WPS in software selectable
increments of 50 words per second.



When Control Word #1 (the RMDU address word) is read from format memory it is
loaded into a parallel shift register. At the beginning of the next word time the RMDU
address is transferred to a parallel to serial output register and clocked onto the RMDU
address line through the output gating logic. The address and clock information is coupled
to the communication cable line drivers through optical isolators thus guaranteeing total
DC isolation between the DMDU and the RMDU (which can have a 208V potential
differential). The RMDU’s can be located up to 250 feet from the DMDU. As previously
stated, the DMDU transmits an address to the RMDU and the RMDU returns a data word
to the RMDU Controller. Due to the possibility of widely variable distances between the
DMDU and any one RMDU, the phase shift (propagation delay) in the transfer of data
from the RMDU Controller to the RMDU can vary from I bit time to 4 bit times
(depending upon bit rate and cable length). To insure the integrity of the returned data, all
received data is resynchronized to the internal RMDU controller clock with a digital
resynchronizer. Once the returned data word has been received, the “gain tag” bit is tested.
If the “gain tag” is set to a logic “1”, indicating that autoranging has occurred in the GPA
of the RMDU, the RMDU Controller shifts the data word to compensate for the decrease
in amplifier gain. Data is then transferred to the output data register from which it is
strobed via the output data bus into the output devices which are enabled by the control
word to accept the data word.

To provide a means of testing system operation, exclusive of RMDU’s, internal self-test
logic has been built-in to the RMDU Controller. When control words are fetched from
Format Memory with an RMDU address of 35(8), the address is shifted to a special test
register and then gated to the input data stream where it can be outputted to any one or all
of the output devices including the PDP-11/05 minicomputer for error checking.
Additionally, a means has been provided to insert computed data values from the CPU in
the data to be recorded on the analog recorders. Any pair of control words fetched from
Format Memory with an RMDU address of 36(8), is treated as a data word to be inserted in
the output data stream and can be routed to any output device on the output data bus.

FIFO Buffer Memory.   Data from the RMDU’s being transferred to the output devices
via the output data bus, more often than not, is outputted asynchronously in data bursts
while the using device (bar graph display, digital to analog converter, analog recorder,
etc,) must access the data at a fixed synchronous rate. The data being transferred from the
RMDU Controller to a destination device is stored in “first in - first out” FIFO buffer
memories. These FIFO memories accept the even or uneven data input rates from the
RMDU Controller and output the data to the using device at a continuous but slower data
rate ( assuming only part of the master data cycle is being sent to any given destination
device). Each output device connected to the output data bus has its own FIFO buffer
memory. The size of the buffer memory varies with each output device from 64 words by
12 bits for the DAC channel to 3088 words x 16 bits for the SEL-840MP FIFO buffer



memory. Each output devices’ FIFO buffer memory is an expansion of the basic memory
element which is a MOS semiconductor 64 word x 4 bit FIFO memory integrated circuit
(Figure 8). The FIFO memory integrated circuits can be connected in series to produce
memories of an increased number of words, and can be expanded in parallel to generate
memories of any word length. The maximum data transfer rate into or out of the FIFO
memories is 500 KHZ.

Bar Chart Display.   Any data point computed data value or foreign PCM data point, up
to a maximum of 128 data points, can be displayed in histogram form on the Bar Chart
display. These data points can be displayed as two’s complement numbers with the most
negative value at the base line and the zero data value at the mid-point of the display or as
positive values only with the zero data value point at the bottom of the display (switch
selectable on the display). The Bar Chart Display system consists of a 190 word x 12 bit
FIFO buffer memory and control electronics, an EMR Model 2759 Bar Chart Driver and a
HP1300A Bar Chart CRT Display Unit.

Data on the output data bus of the RMDU Controller is strobed into the FIFO buffer when
the destination bit Z3 of Control Word 2 for that data point is set to a logic one. The EMR
Model 2759 Bar Chart Driver then accesses the data stored in the FIFO buffer and
converts the 8-bit binary number to an analog value applied to the vertical sweep circuits
of the HP1300A Bar Chart Display. Data can be displayed at a maximum rate of .5Hz/
channel in the worst case condition when there are 128 channels displayed and all are at
maximum value of 28 of 256(10).

Digital to Analog Converter System.   Any data point, computed data value, or foreign
PCM data point, up to 16 channels (expandable to 32 channels) can be outputted to the
digital to analog conversion system for application to a strip chart recorder in real time.
The DAC system consists of a 64 word x 12-bit FIFO buffer memory, control electronics
and an EMR Model 2750 DAC controller with 16 8-bit DAC’s (the 2750 capacity can be
expanded to 32 channels by the addition of DAC modules). The 8MSB’s of data on the
RMDU Controller output data bus is strobed into the FIFO buffer if destination bit (Z2) in
Control Word 2 for that data point is set to logic one. These 8MSB’s are combined with a
5-bit address counter to form a 13-bit word for outputting to the DAC where bits 0-7 are
the data to be displayed in two’s complement form and bits 8-12 specify the channel of the
DAC Controller on which the data is to be displayed. The maximum update rate for the
DAC’s is 500 KHZ/channel.

Recorder Controller.   In order to produce an archivable record of all events of a test in
the 40' x 80' wind tunnel, all data acquired from the RMDU’s and “foreign PCM” are
recorded on a fourteen track analog tape recorder. The foreign PCM, already in a standard 



IRIG format, is recorded directly on the magnetic tape recorder while data acquired via the
RMDU’s must be coded to a standard IRIG form.

The Recorder Controller (see Figure 9 for block diagram) performs three functions. The
FIFO buffer memory (500 words x 16 bits) temporarily stores the data words acquired by
the RMDU’s to account for time gaps created by differences between the master data
cycle contents and that of a minor data cycle going to one of the recorder controllers
(assuming that not all data points in a master cycle are programmed to go to one recorder
controller). Data words are fetched from the FIFO buffer at a constant word rate (i.e.,
recording rate) to the PCM Encoder. This constant recording rate is generated by the
Recorder Controller Word Rate and the Bit Rate generators. The Word Rate Generator is
a phase locked loop frequency synthesizer whose reference or input frequency is the
“master cycle rate” pulse from the RMDU controller. In order to guarantee synchronism of
the recorder (minor) data cycle rate and the RMDU controller major data cycle rate, (i.e.,
insure a continuous stream of data to the analog recorder) the relationship of MCR = RCR
must be satisified where MCR = RMDU Controller master cycle rate and RCR = recorder
data cycle rate. This is insured by multiplying the MCR times the number of words from
the master data cycle to be recorded in a digital phase locked loop to generate the recorder
word rate (RWR). Or the relationship is then RWR = MCR x N where N = the number of
words in a recorder data cycle mainframe. If there is sub-commutation, a subframe ID
word must be included and the equation is then RWR = MCR x (N + 1). This word rate is
then used as the reference frequency to an additional phase locked loop whose output is
the recorder bit rate. The recorder bit rate (RBR) is relates to the word rate by RBR =
RWR x M where M = the recorded word length in number of bits. This ultimate
relationship for the recorder bit rate is RBR = [MCR x (N + 1)] M. The output of the word
rate generator is used to transfer data words from the FIFO buffer output port to a parallel
to serial shift register where to clock pulses generated by the recorder controller bit rate
generator shift then out to the PCM encoder. The PCM encoder converts the NRZ-L
output of the serial shift register to either BIV-0/  or DM-M code (jumper selectable on the
recorder controller board). The recorder controller generates bit rates of 2.4 KB/S to 1.5
MB/s and can output data words of from 8-12 bits per word at word rates between 250
WPS and 125,000 WPS all under software selectable control in 50 WPS increments.

Foreign PCM.   Non RMDU generated PCM data in any standard IRIG format or RMDU
recorded data played back from the magnetic tape recorder (non-real time) can be applied
to the DMU for display purposes (i.e., quick look) or for merging with RMDU data for
transfer to the SEL840MP computer. This acquisition of foreign PCM is entirely under
software control and can be dynamically selected from any one of four input sources.
When the foreign PCM loop is used as a playback or quick look facility, selected data
channels can be outputted to the Bar Chart Display subsystem or the Digital to Analog
Converter subsystem for outputting to a strip chart recorder. When used for data



acquisition in real time the foreign PCM is transferred to the PDP-11/05 mainframe
memory by direct memory access (DMA) where it is stored until commanded to transfer it
to the SEL-840MP computer.

The foreign PCM subsystem consists of an EMR Model 720 Bit Synchronizer, an EMR
Model 2731 Frame Synchronizer and an EMR Model 2763 Unibus Interface. All setup
parameters for the Foreign PCM subsystem are under software control of the PDP-11/05
computer. During the initialization phase of system operation, the system operator enters
into an interactive dialogue with the DMDU cia the CRT/keyboard. One of the setup tasks
is the initialization of the Bit and Frame synchronizers which are controlled by a control
format stored in PDP-11 memory. The initialization dialogue is a command/response
interaction between the DMDU and the operator is setting up control parameters including:
data bit rate (1 BPS - 5.0 MBPS), data input code (NRZ-L, NRZ-M, NRZ-S, BI0/ -L,
BI0/ -M, BI0/ -S, RZ, DM-M and DM-S) tracking range (1%, 3%, or 10% of bit rate), frame
sync pattern data word length, number of words per frame, etc. These parameters can be
different for each of the four foreign PCM sources and can be changed dynamically to
sequentially scan the four foreign PCM sources.

Software.   Software for the DMDU consists of initialization software, calibration
software, on-line operational software, off-line operational software and format generation
software. All software has been designed for interactive dialogue between the CRT/
keyboard operator and the DMDU. The format generation program converts an English
language parameter list to a PCM sampling format for either the DMDU format memory or
for the EPROM memory of the Standalone Timing Module (SAT-M) of the RMDU The
format generation program produces a paper tape of the format memory contents (four
separate tapes for the SAT-M PROM programmer). If a line printer is added to the DMDU
the format generation program can also print out a graphics presentation of the Sampling
Format plus a word by word binary printout of format memory contents. Punched paper
tapes of all software test programs can be produced to give an archivable record of all test
programs.
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Figure 1.  OBS Data Management & Display Unit



Figure 2
40' x 80' OBS Data Management & Display Unit

Figure 3.  Typical Software Generated PCM Sampling Format



Figure 4.  RMDU Controller



Figure 5.  Typical Sampling Program Format Memory Contents



Figure 6.  Format Memory Control Word Organization



Figure 7.  Main Frame/Subframe Format Memory
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METHOD AND APPARATUS FOR COLLECTING IMPACT
TEST DATA

THOMAS C. MERCER, JR.
Safety Research and Development Lab

GM Proving Grounds
Milford, Michigan

SUMMARY   A flexible, powerful and interactive data collection system is described
based upon state of the art instrumentation and computer aided digitization and processing.
The result is a highly accurate and repeatable system capable of yielding reduced
engineering plots within hours after an impact test has been conducted.

INTRODUCTION   The accurate acquisition of large volumes of high frequency (2KHZ)
impact test data has proven to be a most demanding test environment. Whether the test
being conducted involves a full-scale vehicle-barrier interaction to evaluate a hand built
prototype which cannot be easily reproduced or a less elaborate impact simulation using a
sled fixture, the requirements remain the same; quick, accurate, and reliable acquisition of
the test data followed by highly sophisticated data processing and plotting techniques. As
an adjunct to these two test classes, a third is added which involves vehicle component and
dummy testing. Together, these 3 test classes dictate that a data collection system serve the
needs for test durations of between 250 milliseconds and several minutes, from one to 100
channels, and rapid turnaround time of processed data.

Historically, early data acquisition at the Safety R&D Lab involved the recording of test
data from transducers directly to oscillographs. This equipment was shared amongst test
sites and the time required to relocate such hardware was inordinate. Data processing was
limited to time-consuming hand calculations often requiring several weeks to complete. As
the nature of crash testing became more extensive, more sophisticated techniques emerged
such as dedicated analog electronics to perform some of the specialized calculations on
raw data. These low accuracy techniques became archaic as stringent vehicle safety
development time schedules were shortened. What evolved was a fixed data acquisition
site (data room) yielding a system capable of collecting data from remote test sites for the
most generic classes of testing. Concurrently, processing functions were performed by a
“number crunching” large scale computer easily programmable from one test to the next.

The business of collecting impact data is rather Straightforward and is by no means
unique. However, the most important system feature is that it operates under a multiple



user environment with minimal delay associated with running a test. This paper describes
the techniques utilized to collect impact test data, digitize it and to some degree the
processing techniques used to obtain engineering plots.

DESCRIPTION OF SYSTEM   A block diagram of one data channel is depicted in
figure 1 and will be described in subsequent sections. For simplicity, the discussion will be
divided into three functional groups: acquisition, digitizing and processing. Figure 1
combines digitizing and processing into the processing category.

Figure 1

I   Acquisition of Data

A.  Transducers - All impact test data is generated by a transducer, here defined as a
device that transforms physical events such as velocity, force, acceleration and
displacement into a time-varying analog voltage. Both off the shelf and GM designed units
are used.

B.  Signal Conditioners and Amplifiers - Each data channel has its own signal conditioner
and amplifier. The signal conditioner provides DC excitation for each transducer and also
the ability to remove any offset voltage from the transducer. The low-level signal from the
transducer, typically 20 millivolts rms, is fed into a variable gain differential amplifier. This
device maintains a high common-mode rejection characteristic and contains a highly
selective low pass filter whose band width is controllable from a front panel switch. The 



output of the data amplifier is routed through several hundred feet of shielded cable to the
data acquisition center.

C.  Tape Recorders - The data lines entering the central acquisition site emanuate from
various test areas in the laboratory. Since sufficient capacity is not available to handle all
tests simultaneously, input selection electronics is called upon to select one of the test
areaal data lines as can be seen in figure 2. The selected data lines are stripped of
common-mode noise voltages by the unity gain line receivers. The data is then recorded on
analog magnetic tape at a speed of 60 inches per second. Tape allows data to be stored
indefinitely and also facilitates time expansion when played back at 3 3/4 inches per
second. This reduces the frequency response requirements of data analysis equipment. In
addition, magnetic tape data storage, coupled with digital computer data reduction allows
cross-plotting of data, either with data of the same test or another test.

From figure 2, one can see that a variable number of tape decks are available for recording
test run information. This provides the flexibility for collecting data from one up to 96
channels. All data is recorded using frequency modulation techniques to minimize tape
drop-out problems and provide DC to 10 KHZ response characteristics. It is this potential
far wide frequency response on many channels that has led us to use hard-wiring and FM
magnetic tape recording as opposed to telemetry techniques. When failure does occur only
one channel of information is affected and not the entire set of data.

At this point, an example of how test data is collected from a test site is in order. Before
any test data can be recorded, it is essential that all data from transducers be calibrated.
Calibration involves relating the analog data, in volts, to a reference voltage assigned some
engineering unit. For instance, for a load cell transducer, 500 millivolts might be equivalent
to 260 pounds of force. Since all transducers used are electrically equivalent to a
Wheatstone bridge, a voltage is said to be equivalent to some physical event and can be
simulated by shunting a known resistor across one arm of the bridge (see figure 3a). The
test technician knows what the approximate full-scale engineering unit output will be and
thus can select the calibration resistor to simulate this fullscale output for each transducer.
When all shunt cal values have been programmed, he informs the data room operator that
he wishes to record calibration signals. When the operator can respond, he pushes a button
to manually select the data lines from that area. The analog tape is started and the test
technician pushes a button causing each cal resistor to be simultaneously applied to one
arm of the respective bridge for a fixed interval. At the end of this period the cal resistors
are removed and then applied to the opposite arm of each respective bridge so as to
produce a signal with a minus, zero and plus, full scale amplitude deflection. The net result
is the calibration signal shown in figure 3b., During the record process, the signals are
scanned in real time by a computer to detect any gross failures. After the cal signals are
recorded, the data room operator may then select any other area for recording. Shortly 



Figure 2



thereafter, the test is conducted and a similar procedure of manually selecting an area
occurs. With both cals and data recorded, the operator may now choose to digitize this
information or record a test from another area.

3a  Wheatstore bridge with Rcal shunting one arm of the bridge to produce
an equivalent full-scale output.

3b. A calibration signal with minus, zero and plus amplitude variations
followed by acceleration data.

II  Digitizing of Data

The data that is recorded on magnetic tape can be analyzed in two ways. First, the data is
played back onto a strip chart recorder along with calibration steps. This gives the
engineer a preliminary look at his data and provides a way to detect defective channels.
See figure 3b. The second method available to the central operator is the data conversion
system or digitizer. This process usually takes place simultaneously with the strip chart
recording method. Before describing the digitizing process in detail a brief description of
the system configuration is needed.

A.  Hardware - A block diagram of the system is given in figure 4. The system centers
around a Varian 620L minicomputer which utilizes a 16 bit word length and 1.8 µsec
machine cycle time. The memory consists of 12 K words and is expandable to 32 K words.
Other features of the CPU include:

1. An accurate crystal clock operated under program control. The clock provides the
sampling time base and is programmable from 500 usec to a user defined upper
limit.



Figure 4

2. Hardware integer multiply-divide allowing either of these two functions to be
performed in less than 15 µsec.

3. Two channels of direct memory access (DMA). These channels are used for
transferring data directly from the A/D converter to core and from core directly to
magnetic tape. Using these devices, data transfer rates can occur at up to 200 K
words/sec.

4. The A/D converter and multiplexer provide the interface for up to 32 input lines to
the computer. The 12 bit plus sign converter (± 10V full-scale) allows digitizing at
rates up to 50 K words/sec.

5. An I/O bus which enables connection of peripheral devices through plug-in interface
cards. A total of 16 priority level interrupts are available for peripherals.

6. Power-fail detection hardware provides an orderly shutdown in case power is lost.
When power again returns, the machine continues to run from the point of
interruption.

The presample or anti-aliasing filters prevent errors of commission. These programmable
filters have an equivalent bandwidth of 1600 hz for normal data reduction. The cut-off
characteristic of this filter is arranged so that frequencies above 1600 hz are reduced
before the sampling process is performed.

The peripherals used in the system consist of two magnetic tape units and three terminal
units. One tape unit is dedicated to storing digitized test data while the other tape



maintains a current library of all system programs. The three terminal units serve as the
interface between user and machine. Two of the terminals are CRT units manufactured by
ITT and operate at 300 baud; the other unit (ASR 33) serves as both a line printer and
terminal.

EXAMPLE

Digitizing a Test - To generate a tape containing digitized test data requires a minimum of
operator-computer interaction. By simply typing a two character command phrase
requesting digitizing, the computer will sequentially interrogate the operator so that it may
initiate itself properly. The operator must supply a unique test number, the number of
channels the machine must digitize, and the sampling rate. The number of channels that
may be digitized by the computer is dependent on the sampling rate, A/D and magnetic
tape throughput rate, and to some extent on machine speed. We have designed our system
so that a maximum of 10 channels may be digitized from analog tape. When a
multichannel test must be digitized, the 10 channel blocks are broken into passes. If it is
desired to digitize a 28 channel test, then the 32 track analog tape must be played back
three times, i.e., the data is said to consist of three passes of 10, 10 and 8 channels
respectively. In addition calibration signals for the respective channels are also digitized
prior to each pass of data. Thus, for our example an operator would digitize this test as
shown in Table 1.

Table 1

Type of Data Pass Number Number of Channels

CALS 1 10
DATA 1 10
CALS 2 10
DATA 2 10
CALS 3   8
DATA 3   8

A sampling rate of 10 samples/cycle is based on studies of determining reconstruction
errors associated with different sampling rates. The 3db signal bandwidth of 1600 hz is
reduced to an equivalent 100 hz through tape playback speed reduction. As a result data is
sampled at 10 samples/cycle x 100 cycles or 1 KHZ per data channel. If the spectral
characteristics of the data are below 1600 hz, then the operator may reduce the sampling
frequency needed by the A/D equipment. The advantage is less digital tape is required to
digitize such a test.

B.  System Software - The software used by the system is categorized as either an
application program or a supervisory routine. The application programs, written in BASIC



and assembly language allow users to digitize data, load, compile, debug and edit
programs while on line. The supervisory programs, written in assembly language, provide
the scheduling of tasks, execution of programs and the allocation of I/O resources. All
programs were developed at the GM Safety Research Laboratory.

Initially, the software was written so as to allow only the central acquisition operator
access to the machine. As component and dummy certification testing grew in volume, the
central acquisition area became saturated to the point that testing was being severely
delayed to digitize previous tests. The result was that a remote recorder was installed at
this test site to eliminate the saturated condition. To achieve the remote digitizing
requirement both hardware and software were modified. The software evolved into a
multi-user time sharing system. Switching data lines from the central or the remote area
into the computer was accomplished by hardware changes. The net result is that a second
terminal was installed at the remote site so that digitizing and program execution could
occur from either location. It should be emphasized, however, that digitizing is not shared
in the general sense of the term. An operator cannot digitize his test data until an earlier
user has completed his digitization process. Response time is somewhat hampered by
sluggish loading of programs from magnetic tape which remain in core until execution is
completed. In addition, the inherent delay associated with waiting for required peripherals
such as the A/D converter can cause slow response.

Data Processing - Processing the data from the digital magnetic tape is accomplished by
hand-carrying the tape to an IBM 370/145. A collection of programs written in Fortran
processes and interprets the crash test data. The processing is controlled by commmand
phrases followed by keywords contained on punched cards. The phrases are used by the
system to call up the proper module for a particular operation while the keywords supply
specific information to be used by the module. The output of the program consists of plot
files of the processed data, complete with labelling. Aside from the basic cards needed to
initiate and end execution of the processing program, there are three types of processing
cards:

1. Test description cards
2. Signal description cards
3. Processing command cards

Test Description Cards - These cards convey information involving a unique test number,
division to be charged, test class date and test title.

Signal Description Cards - These cards give information about each input channel
concerning polarity, calibration factors and measurement units. The digitized data has no
engineering units associated with it; the data is in the form of A/D converter units. To
assign meaningful engineeringunits to the data, a bipolar calibration signal is provided



prior to the data (see figure 3b). An engineering value such as ± 500 lbs. can be assigned
to each calibration step and the data can be scaled from this value. This scaling process is
performed on all channels specified in the signal description cards.

Data Plotting - The processed information is plotted by a Varian 620L-100 minicomputer
and STATOS electrostatic plotter system. Under 370 control, the files are transmitted via a
high speed data link to the mini where the data is sorted, buffered on magnetic tape and
plotted. The speed of the system can be reflected in a ten second period required to plot an
8 1/2 x 11 impact test plot. Grid lines, labelling and all other identification are provided by
software control.

The Varian mini was chosen on the basis of cost, availability and compatibility with
existing equipment. The machine is basically a faster version of the data acquisition mini
and hence many of the interface cards from one unit can be swapped with cards from the
other unit. The timesharing supervisory software was modified to run in this new machine.
The software that coordinated the high speed transfers between the 370 and the mini as
well as the programs needed to perform the sorting were developed by Varian Data
Machines. All other programs were developed by the Safety Research Laboratory.

CONCLUSIONS AND RECOMMENDATIONS   The large measure of success of the
system is attributable to several key design factors. For one, eac channel contains its own
signal conditioner and amplifier thus minimizi crosstalk between data channels. Shielding
and grounding techniques we empirically determined to optimize signal to noise ratio at
each site. Perhaps the most significant feature is the high degree of flexibility built into the
system. With the numerous configurations available, the equipment can be adapted to
almost any test requirement. As an additional consideration, some backup capability exists
for almost every link in the data collection-processing path. For instance, digitizing can be
handled by the IBM 370 and the electrostatic plotter is backed up by an earlier generation
plotting system.

Several errors associated with this system are attributable to the analog tape machines and
human interactions required to properly identify and calibrate instruments for a test. As a
result of recent advances in inexpensive A/D converter modules and the declining price of
semiconductor memories, the lab has long range plans for doing all digitizing in real time.
The required sampling rate for this technique would be in the order of 2 MHZ. By using a
parallel A/D converter technique and utilizing a medium scale buffer memory, the real-time
digitizing can be made feasible. The human errors associated tihe test set-up can be
reduced significantly through computer control and monitoring of test technician job
functions.
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THE LASER ABSORPTION SPECTROMETER: A NEW REMOTE
SENSING INSTRUMENT FOR ATMOSPHERIC POLLUTION

MONITORING1

M. S. SHUMATE
Jet Propulsion Laboratory
Pasadena, California 91103

Summary.   An instrument capable of remotely monitoring trace atmospheric constituents
is described. The instrument, called a Laser Absorption Spectrometer, can be operated
from an aircraft or spacecraft to measure the concentration of selected gases in three
dimensions. This device will be particularly useful for rapid determination of pollutant
levels in urban areas.

Introduction.   This paper describes an instrument for monitoring the concentration of
trace constituents in the atmosphere. The device utilizes infrared lasers, and is capable of
measuring the amount of several important trace atmospheric constituents that constitute
what is commonly called photochemical smog. The instrument is designed to operate from
an aircraft, and will look downward toward the Earth, continuously measuring the
concentrations of selected pollutants between the aircraft and the Earth below. An
instrument using the same concept could also be designed to operate from satellite
altitudes.

The principle of operation of this instrument, called the Laser Absorption Spectrometer
(LAS), is depicted in Figure 1 (Ref. 1). The instrument contains an infrared laser
transmitter and a heterodyne receiver which are capable of operation at several
wavelengths. The laser signal is transmitted downward from the aircraft, and scatters off
the ground. A small part of the reflected signal is detected by the heterodyne receiver.
Operation at two different, closely spaced wavelengths will permit the determination of the
amount of a specific pollutant in the optical path. One of the operating wavelengths is
chosen so that it over laps an absorption line of the pollutant molecule of interest. The
second wavelength is chosen so that it does not overlap absorption lines of any variable
atmospheric constituents. The latter wavelength serves to calibrate the losses on the path:
scattering, surface absorption, and optical system. The former wavelength has an added 



Figure 1. Laser Absorption Spectrometer Concept

loss due to the absorption by the pollutant selected. The difference in the two signals
provides a measure of the amount of the pollutant in the optical path.

An important feature of the LAS is that it is capable of measuring the concentrations of
pollutants in the low-lying atmospheric layers. Since it is an active system, carrying its
own controlled source, it does not depend upon scattered sunlight or thermal emissions for
its operation. The system can be used any time of the day or night, and could produce a
great deal of information about the spatial and temporal history of selected pollutants.

The successful operation of the LAS depends upon the coincidence between the emission
line of an infrared laser and an absorption line of a specific pollutant. The pollutant line
must be isolated from absorption lines of other atmospheric constituents, in order to
provide an unambiguous measurement. Broadband sources and systems based on
conventional spectrometers have limited usefulness clue to the very narrow linewidths of
most trace atmospheric gases in the middle infrared portion of the spectrum. Tunable
lasers are available for use in the 2-10 µm wavelength range (Refs. 2, 3) and have been
used extensively to study the absorption properties of atmospheric gases (Ref. 4).

The tunable laser sources mentioned, infrared emitting diode type devices, have low output
powers, and require cooling below 30 K for CW operation. Their tunability makes them
ideally suited for laboratory use, and at limited fixed sites on the ground. For operation
from an aircraft or spacecraft platform, higher laser powers are required, necessitating the
consideration of other types of infrared lasers.



Several types of CW lasers that operate in the infrared are available. These lasers typically
operate at vibration-rotation bands of polyatomic molecules, with an individual gas
capable of producing laser oscillations at many different, closely spaced wavelengths. The
most common infrared gas lasers use carbon monoxide and carbon dioxide, and operate in
the 5-7 µm and 9-12 µm part of the spectrum, respectively. The lasers can be constructed
so that they will oscillate on one line at a time, with stability and power levels that are
appropriate for use in a LAS.

Since carbon monoxide and carbon dioxide lasers are only discreetly tunable, it has been
necessary to investigate the spectral overlaps that exist between their emission lines and
the absorption lines of the interesting pollutants. A significant amount of laboratory work
has revealed that many such overlaps do occur (Refs. 5, 6, 7). Table 1 presents a summary
of some of the important atmospheric pollutants that have absorption lines coincident with
CO and CO2 laser emission lines.

Table 1



A typical absorption line of a trace gas in an atmospheric background has a linewidth of
0.1 cm-1. Expressed in frequency units, this linewidth is about 3 GHz. Laser linewidths are
significantly smaller, usually less than 100 KHz in a well designed and passively stabilized
laser. Furthermore, these lasers can be tuned within the pressure broadened width of the
spectral line being used.. Our present laboratory CO and CO2 lasers (Ref. 8) operate at
pressures in the 10-20 torr range, and can be tuned ±15 MHz from line center. The newly
developed waveguide molecular lasers operate at pressures in the 100-300 torr range, and
can be tuned over ±1 GHz from the line center (Refs. 9, 10). The ability to tune the laser
source over a good portion of an absorption line of a pollutant molecule is an important
advantage, and will allow us to learn much about the spectra of molecules that has not
been attainable with more conventional spectroscopic techniques.

In order to calculate the laser power required to perform a measurement of absorption loss,
we must compare the intensity of the return signal from the ground and the heterodyne
receiver’s inherent internal noise. The amount of transmitted power, Pt, collected by the
receiving aperture, diameter d, in an aircraft at altitude h is

(1)

where r includes all the losses along the path. The sensitivity of the heterodyne receiver is
best expressed in terms of the noise-equivalent-power (NEP) of an optical heterodyne
radiometer, since the receiving system cannot be considered to be coherent with the trans
mitted signal clue to the ground surface roughness. The NEP is (see Ref. 1):

(2)

where 0 is the detector quantum efficiency, Bif is the bandwidth of intermediate frequency
amplifier, and J is the post detection integration time. If the system is operating at a
wavelength near 10 µm, then with 0 = 50%, Bif = 1 MHz, and J = 0.1 sec, the NEP is
2.4 x 10-16 watts. For operation from an altitude of 10 km, a 1-watt transmitter and a
collecting aperture of 5 cm diameter would provide a signal-to-noise ratio of about 2000.

It should be noted that the main source of noise in this type of optical receiver is the
internal noise of the detector itself. The bandwidth of the receiver is very narrow by optical
standards, and the noise amplitudes of both the Earth’s thermal emissions and the scattered
sunlight are quite small by comparison. The system is thus free of the interfering effects
that are a source of difficulty to many infrared systems.

In order to detect a pollutant, it is necessary to measure the path loss at one of the
overlapping wavelengths mentioned above. Operation at a second, nearby wavelength is



used to calibrate the fixed path losses, with the difference in the two measurements being
attributed to the absorption by the pollutant. The main limitation to detection of small
levels of a pollutant is the ability to accurately measure the difference between the two
signals. For an instrument mounted in an aircraft, measurements must be made
simultaneously at two wavelengths, since the Earth surface albedo will fluctuate very
rapidly. Assuming that the minimum signal difference that we can observe is 1%, and
using previously published data for absorption losses at laser wavelengths we can calculate
the amount of pollutant necessary to produce a measurable absorption loss. Table 2
presents a summary of minimum detectable levels of common atmospheric pollutants. Also
presented in Table 2 are comments about the pollutant levels to be expected on a typical
smoggy day. Many other materials that are components of photochemical smog can also
be detected by laser absorption techniques. More extensive laboratory study of these
materials is necessary, however, before we can consider monitoring them remotely.
Among these materials are carbon monoxide, peroxyacetyl nitrate, aldehydes and other
hydrocarbons.

Description.   The details of one version of a laser absorption spectrometer will now be
presented. The instrument is to be mounted in an aircraft, and will be used to monitor
ozone concentrations and flow patterms in the South Coast Air Basin of California. With
minor modifications, the instrument can be used to monitor other atmospheric constituents,
with particular emphasis being placed upon the oxides of nitrogen.

The aircraft instrument consists of two identical laser transmitter-heterodyne receiver
systems operating simultaneously along the same atmospheric path. The two lasers will be
operating at different wavelengths, and the measured parameter is the differential
absorption. At closely spaced wavelengths, the differential effects of the albedo
fluctuations, as well as atmospheric turbulence, aerosol scattering and optical system
losses will be minimal, and the main observable difference will be difference in absorption
loss due to the molecular species along the atmospheric path.

Figure 2 presents a schematic diagram of the optical portion of the instrument. The lasers
chosen for the first series of experiments are waveguide type carbon dioxide lasers. They
are constructed so that individual lines can be selected with a Littrow-mounted diffraction
grating serving as one mirror of the laser, and with the other mirror mounted on a
piezoelectric translator to provide fine tuning of the laser’s frequency. The laser is
designed so that it will not require active stabilization for its operation. These lasers are
capable of one watt continuous output at most of the CO2 lines of both the 9.4 µm and
10.4 µm bands. The laser signals are optically chopped to provide suitable modulation for
the power monitor and receiver electronics. The beams will be transmitted through small
telescopes that will aid in controlling the beam divergence and assure proper boresighting 



 Table 2.  Sensitivities to Various Pollutants

Assembly for the Aircraft Laser Absorption Spectrometerof the two beams. A small
portion of each laser signal is split off to provide local oscillator signals for the receiver
system.

In order for proper operation of the heterodyne receivers, a frequency shift between the
local oscillator signal and the return signal is necessary. A very simple method for
providing this frequency shift is to take advantage of the aircraft’s velocity to produce a
Doppler shift in the signal scattering from the ground. By aiming the system field-of-view
via a steerable mirror forward along the aircraft’s ground track, adequate frequency shifts
for the receivers can be obtained.

The receivers are identical, consisting of 5 cm diameter beam collecting telescopes and
liquid nitrogen cooled mercury-cadmium-telluride detectors. Two signals are projected
onto each detector: the local oscillator signal and the return signal from the ground. The
detectors have sufficiently short time constants that the signal at the difference frequency,
the intermediate frequency, is readily available. Note that this photomixing process is
inherent to any optical detector (Ref. 11), since these detectors respond linearity to optical
power. This process does not depend upon an intrinsic optical nonlinearity of the device.



Figure 2.  Schematic Diagram of the Transmitter-Receiver
Assembly for the Aircraft Laser Absorption Spectormeter

The block diagram of the receiver electronics and other ancillary equipment is presented in
Figure 3. The signal path electronics for each receiver is identical, consisting of an RF
preamplifier, a bandpass amplifier, a video-type detector, and a synchronous demodulator
and filtering amplifier. The signals from each receiver, along with laser power monitor
signals and necessary meteorological data are all recorded on an instrumentation-type tape
recorder or telemetered directly to a central ground station.

In order to provide adequate control of the Doppler-produced frequency difference, an
automatic frequency control is incorporated into the system. The AFC adjusts the angle of
the aiming mirror to keep the difference frequency within the bandpass of the receiver
electronics.

In principal, the reduction of the recorded data to produce a record of the pollutant
concentration is relatively simple. The recorded data can be played back into either a
special purpose analog system, or digitized and processed by a digital computer. Either
way, the calculations required are trivial, and little time would be required. If a real time
recording is deemed necessary, additional equipment in the aircraft would provide for it.
The reduction of the data could be complicated by the presence of an atmospheric 



Figure 3.  Block Diagram of the Receiver Electronics and Recording Equipment.

constituent whose absorption lines overlapped the two wavelengths, chosen to operate the
LAS. A way of overcoming this problem is to operate at additional wavelengths, requiring
additional transmitter-receiver systems. The data reduction then becomes quite involved,
requiring the use of a digital computer to perform the solution to a complex matrix
equation. Such interference effects are expected to be minimal with most atmospheric
constituents.

Applications.   The most significant application of the laser absorption spectrometer is
remote monitoring of selected pollutants over a wide area. The instrument has the
capability of performing an additional measurement that is of great interest to many
atmospheric physicists. The waveguide lasers being used are able to tune over the
considerable portion of an operating line, a frequency range of about a GHz. By tuning the
laser to several different points on an atmospheric absorption line, the line shape can be
deduced. Detailed knowledge of an absorption line shape, as measured over a long vertical 



path through the atmosphere, is sufficient to allow calculation of the variation of
concentration with altitude of the pollutant being monitored.

The technique for determining the altitude profile of a pollutant from its absorption line
shape has been extensively studied theoretically and is reported in Reference 12. The
technique utilizes the fact that the absorption linewidth varies with altitude, due to the
pressure variations. Absorption lines are narrower at higher altitudes, and broader at lower
altitudes. Higher altitude pollutants contribute more to the total absorption near the center
of a line than they do at frequencies that are displaced from the line center. Figure 4
illustrates this effect. A total absorption measurement at the line center, <o, would
determine the contributions from all altitudes, and would be used to determine the total
pollutant burden. Measurement at <1, would show the contribution from the middle and
lower altitude pollutants, and measurement at <3, the lower pollutants. Computer
simulations of several interesting pollutants and altitude profiles have been performed. The
results indicate that the resolution of the profile measurement is 4 to 5 km in upper regions
of the atmosphere and 2 to 3 km in the lower atmosphere. This resolution is adequate to
determine inversion layer altitudes, and would be of significant aid in monitoring the
effects of wind on mixing and distributing pollutant loads.

Figure 4. The altitude profile principle is based on the fact that absorption line
widths are proportional to background pressure and only slightly
dependent on temperature. Measurement of total absorption at several
frequencies (e.g. <0, <1, <2) provide concentrations at various altitudes.

The aircraft-borne laser absorption spectrometer as it is presently designed will be of great
utility in studying photochemical smog. It will have the capability to determine the spatial
distribution of selected pollutants over reasonably large geographic areas. An improved
‘Version of this instrument can be considered when the tunable laser technology has
advanced to the point where high power, broadly tunable (but narrow linewidth) lasers
become available. An instrument based upon the same concept will function from typical
Earth satellite altitudes. Such an instrument would provide an opportunity to monitor trace



atmospheric constituents on a global basis, and this would be a very useful tool to aid man
in his efforts to assess the effects of his impact on his environment.
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AMBIENT AND INDUSTRIAL IN-SITU EMISSIONS MONITORING

H. C. Lord
Vice-President
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Summary.    Most of the papers presented here deal with remote measurements of
pollutants either from an emission source, or in the ambient air. This paper deals with an
alternative route: The utilization of rugged, reliable instrumentation located in-situ. This
instrumentation, based upon absorption spectroscopy, gives a specific and instantaneous
analysis of multiple parameters (typically up to five) without sample handling or
conditioning.

Introduction.   The industrial instrumentation technology has developed rapidly in the
recent past, so that now a broad spectra of devices are available to fit almost all industrial
monitoring or analysis requirements. In the environmental field this ranges from the small
portable qualitative devices, to the quantitative instruments located in the field for remote
analysis, and in the laboratory, or now directly on-stream for rapid, reliable process or
emission information.

Principles of Operation.   The in-situ multi-parameter analyzers operate primarily on the
principle of absorption of radiation. In the Environmental Data Corporation system the
beam of light is polychromatic. The detection module consists of a means to separate these
wavelengths. Both a specific wavelength where the gas uniquely absorbs (I) and an
adjacent non-absorbing wavelength (Io) are alternately measured, Figure 1, with a single
detector. From Beer’s law we have

where " = absorption coefficient (from cal curve)
c = sample concentration (unknown)
1 = pathlength

The light level will change in the system due to variations in the particulate loading in the
gas stream, darkening of the windows, decay of the source, etc. However, since only one
light beam is used, the two wavelengths selected (sample and reference) are equally
affected by any of these changes. These two wavelengths are then ratioed in our
electronics and the result is only dependent upon the concentration of sample in the gas 



Fig. 1. Sample (I) and Background (Io) Wavelengths

stream. There is a separate detector for each gas allowing simultaneous and continuous
monitoring of each parameter.

The instrumentation is designed to operate in the ultraviolet, visible, and near infra-red
portions of the optical spectrum. A separate source with maximum emission in the
appropriate region is utilized. In this way, it has been found that almost every gas of
general interest, except o2, can be directly measured.

The detection techniques applied vary depending upon the specific absorption features
utilized. These techniques include relatively high resolution dispersive spectroscopy, or a
variant, correlation spectroscopy. Here a series of slits are selected and positioned to
coincide with the absorption features (I), and a second interposing series which coincide
with the background (Io). Gas cell correlation provides exactly the same analysis. in this
case, a narrow-band pass filter is used to define )8 being used, and a small sealed cell of a
high concentration of the gas being studied is alternately cycled into and out of the beam.
When the cell is in the beam, all the wavelengths where the gas absorbs are removed,
leaving only the interposing non-absorbing wavelengths. When the cell is out of the beam,
both the background and the absorption wavelengths are present. Finally, for specific
circumstances where one wants to increase signal-to-noise, or to remove the effect of a
rapidly changing continuum intensity with wavelength, derivative spectroscopy is used.

By selecting the absorption feature carefully, and matching the detection technique to it, it
has been possible to measure each gas desired, in the presence of any other gases, with no
interference.

Instrumentation, Stack Monitoring.   The in-situ analyzer is designed so that there is no
sample lead-off, clean-up, or manipulation in any manner. The light beam traverses the
sample generating a continuous analog signal out of the analyzer which instantaneously
varies with gas concentration.



Either a single or double-pass optical system is usually utilized. In the single-pass system,
light from the source is collimated, sent through the gas stream and then focussed onto the
detection module, Figure 2. The double pass system sends the collimated light across the
gas stream to a retro-reflector which returns the beam upon itself to a beam splitter and
then to the detection module.

Fig. 2.  Stack-mounted installation schematic

A clean air purge, detailed in Figure 3, is used to maintain the relative cleanliness of the
window interface between the analytical system and the stack, since the system is designed
to operate only up to an 80-95% reduction in signal. Also, the air draft purges the pipe up
to the slot. In this way there is a known and fixed pathlength being measured.

Fig. 3.  Stack-instrument interface schematic



For gas analysis, a single-pass system is normally utilized. At the present, detection
modules for the following gases have been built: NO, NO2, NH3, CO, CO2, hydrocarbons
(equivalent to n-hexane sensitized NDIR), SO2, and H2S. Many other gases are amenable
to this analytical technique by merely selecting the appropriate I and Io’s.

Instrumentation, Opacity Monitoring.   The opacity monitoring channel is
fundamentally different as by definition the measured particulate scattering is limited to the
visible portion of the spectrum. Therefore, this band can not be ratioed to another
wavelength in a precise and meaningful way. Instead, using the split-beam principle, the
light from the source is collimated, and then part is transmitted through the gas sample to a
retro-reflector which then returns the beam upon itself. This beam (I) is ratioed with a
second beam (Io) directly from the source, Figure 4. The detector assembly is designed to
match the spectral response of the human eye allowing direct correlation with exit stack
Ringelmann readings.

Fig. 4.  Opacity schematic

Table 1.  Opacity Specifications



Instrumentation, Ambient Air Monitoring.   The same analytical technology described
above is also utilized for ambient air monitoring. The increased sensitivity is primarily
obtained by increasing the pathlength. Depending upon the monitoring application this is
done either by merely extending the distance between the source and receiver, or by using
a White-type multi-path cell. In the latter case, the source and receiver are at the same
location, potentially simplifying operation of the unit.

Furthermore, sensitivity may also be increased by selecting a more strongly absorbing
wavelength in the spectrum. Most gases have a variety of absorption features with a wide
range of absorption coefficients. SO2, which has a wealth of absorption detail, is
particularly amenable to this manipulation.

Instruments are now available to continuously monitor ambient SO2, with ranges of .01 to
0.5 ppm SO2, with 2% sensitivity, and 1 minute system response time for 95% of final
reading. Ambient systems are also available for CO, hydrocarbons, and NO.

This equipment is uniquely adapted to this application. Basic system simplicity, with no
instrument moving parts except for tuning fork choppers, and no chemical reactions to
effect the analysis, results in long-term reliable operation with minimum servicing required.
Furthermore, the continuous monitoring of both the absorption wavelengths (I), and the
background wavelengths (Io), provides real long-term stability. Finally, the addition of
automatic calibration, described below, allows for completely unattended operation.

Calibration.   Since absorption of radiation is proportional to the number of molecules in
the light beam, as long as the total pressure is the same, one can simulate stack or ambient
concentrations over long paths by using higher concentrations in a shorter path. For
periodic calibration, sealed cells containing the concentrations of gases desired are placed
in the light beam for the instrument calibration. In this way, zero, full scale and several
intermediate points are checked to insure instrument calibration.

For the situation where sample gas is being measured, the calibration can be performed by
means of an incremental addition of known concentrations of gas. Since the relationship of
gas concentration to instrument response has a continuously changing slope throughout the
curve, there is only one set point for both zero and span wherein the addition of these
known concentrations will properly add to the existing asread stack concentration. In this
way, a dynamic on-stream calibration is performed which uniquely determines both zero
and span, and which provides a check on the entire analytical system. This is a calibration
in the presence of the sample and all other stack constituents.

An automatic or on-demand calibration check is available also, wherein a known
concentration of gas in a sealed allquartz cell is inserted into the light beam for an



incremental addition. The cell is solenoid operated, and actuated by a push button in’the
control room, or automatically by a preset clock timer. As in the routine calibration, the
correct addition of this known gas to the existing sample reading indicates that both zero
and span are set properly.

Conclusion.   The continued pressure for cleaning the environment requires detailed
ambient and emissions inventories. Operation of this equipment in over 150 installations
monitoring over 450 parameters has shown that in-situ monitoring is capable of long-term,
continuous, unattended monitoring. Further work in emissions control will be based upon
the data being derived today by instrumentation of this kind.



ATMOSPHERIC MONITORING USING INFRARED
HETERODYNE RADIOMETRY
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Summary.   Atmospheric constituents have unique vibrational-rotational signature lines
within the infrared spectrum and the signature intensities and line shapes vary with the
constituent concentration and the atmospheric density. The recent development of stable,
single frequency, single-mode laser local oscillators and nearly quantum-noise-limited
heterodyne receivers have permitted the development of infrared heterodyne radiometers
(IHR’s) which provide good sensitivity and excellent specificity for the remote
examination of individual atmospheric constituent signature lines. A 9 to 11 µm IHR
employing a CO2 laser local oscillator has been developed and can be used to resolve the
spectral signature of atmospheric constituents such as SO2, O3 C2H4, and NH3. The IHR
has a bandwidth of 100 MHz (33 x 10-3 cm-1) and a minimum detectable power spectral
density of 5.4 x 10-24 W/Hz for a 1-second integration time. For atmospheric monitoring
applications the IHR telescope collects the thermal energy radiating from the earth at: (1) a
clear spectral window, and (2) a spectral region in which the signature lines of the
constituent gases at various layers of the atmosphere will be energized by the upwelling
thermal radiation. When the vertical temperature distribution of the atmosphere is known,
the concentration of the atmospheric constituent gas can be determined as a function of
altitude from the radiance data collected at the IHR using an iterative mathematical
technique.

Introduction.   Remote measurements of the concentration and vertical distribution of
atmospheric constituents on a global and regional basis have been carried out at infrared
wavelengths using direct detection techniques (ref 1 and 2). For example, the Infrared
Interferometer Spectrometer (IRIS) operates between 400 and 1600 cm-1with a spectral
resolution of 84 GHz (2.8 cm-1) and a noise equivalent radiance (NEP) of 0.5 erg s-1 cm-2

sr-1/cm-1(ref 1). Since the infrared signature line widths of atmospheric constituents are
approximately 3 GHz (10-1 cm-1 near ground level and decrease to Doppler limited
linewidths near 100 MHz (3.3 x 10-3 cm-1 ) at high altitude, the direct detection type of
infrared instrumentation will examine a portion of the infrared spectrum which includes a
significant number of constituent signature lines. In addition, the direct detection
instrumentation may collect thermal radiation which is strongly overlapped by thermal



emission lines of atmospheric gases other than the constituents being monitored. This
paper considers the potential of infrared heterodyne radiometers (IHR’s) for the remote
passive monitoring of atmospheric constituents. The infrared heterodyne receiver provides
excellent sensitivity and specificity when compared to conventional infrared detectors
(ref 3) and can be tuned to discrete portions of the infrared spectrum by proper selection of
the laser local oscillator (LO).

An IHR has been developed (ref 4) for operation at the CO2 laser wavelengths (9 to
11 µm) which exhibits an IF bandwidth between 2 MHz (7 x 10-5 cm-1 ) and 100 MHz (3.3
x 10-3 cm-1 ) and a minimum detectable power spectral density of 5.4 x 10-24 W/Hz for a
1-second integration time. The 9 to 11 µm IHR was used to carry out atmospheric
propagation measurements (ref 4). A wideband 9 to 11 gm IHR can be used to resolve the
spectral signature of atmospheric constituents such as SO2, O3, C2H4, and NH3 by
measuring the upwelling thermal radiation at specific infrared signature lines (Table I).

Table I. Pollutants Having Infrared Signatures Which Overlap
CO2 Laser Transitions

Pollutant Source  Location (µm) Laser Line (µm)

O3 (Ozone) Atmospheric photo-
chemistry

9.6 CO2--9.6

C2H4 (Ethylene) Engine exhaust 10.5 CO2-- 10.53

NH3 (Ammonia) Organic waste 10.5 CO2-- 10.6

SO2 (Sulfur Dioxide) Burning of fuels 9.018 CO2--9.018
(isotope doped)

CH3OH (Methanol) Engine exhaust 9.67 CO2--9.67

Infrared Heterodyne Radiometers.   The Dicke-type infrared heterodyne radiometer
consists of a collecting telescope, a Dicke switch, an infrared photomixer, a laser local
oscillator, an IF amplifier chain, and a radiometric processing network. Heterodyne
detection is most practical at the longer infrared wavelengths due to reduced photon noise
(h<), easier alignment of source energy and laser local oscillator, and the larger diffraction
limited field of view.

The remote sensing of selected optical line signatures can be best achieved with an IHR
by: (1) using a tunable receiver to detect spectral lines which fall within an atmospheric
transmission window, (2) matching the spectral window of the receiver to the selected
emission (or absorption) signature line, (3) providing a real-time reference by rapidly



switching between the selected spectral line and a nearby “empty” wavelength band, (4)
using integration techniques to sum the spectral signature over a large number of
measurement intervals, and (5) using an optical system in which a small instantaneous field
of view is scanned to cover a large spatial region.

The instantaneous IF bandwidth of the receiver establishes the frequency (spectral)
resolution of the IHR and its lower limit is fixed by laser instabilities (<1 MHz), such that
the Doppler widths of tens of MHz can be resolved. Thus, an IHR with an instantaneous
bandwidth of 1.5 GHz (an overall spectral window of 3 GHz) and a narrow tunable IF
window will permit the spectral inspection of a molecular signature on a real-time basis.
The conventional CO2 laser is tunable over a 40-MHz band; additional tuning (± 700
MHz) is achievable in waveguide lasers using pressure broadening techniques. Fig. 1
illustrates that infrared (LO) tuning is a more effective way of defining the signature profile
than electronic (IF) tuning since proper tuning of the laser LO will include the infrared
image of the photomixer within the infrared line spectra. Cooled diode lasers which exhibit
wide tunability and low available power may be potential laser LO sources.

An infrared heterodyne receiver can be designed to provide nearly quantum-noise-limited
sensitivity by fixing the mean-square shot noise current induced by the absorbed laser LO
power to be significantly larger than the sum of all other receiver noise currents. For a
reversed biased photovoltaic photomixer, the heterodyne receiver sensitivity is given
(ref 3) by

(1)

where NEP is the noise equivalent power for a unity receiver signal-tonoise ratio, h is
Planck’s constant, < is the infrared frequency, 0 is the photomixer quantum efficiency, B is
the IF bandwidth, k is Boltzmann’s constant, Tm is the photomixer temperature, TÍF is the
effective input noise temperature of the IF amplifier, q is the electronic charge, Io is the
laser LO induced dc photocurrent, GD is the small signal shunt conductance, f is the IF
frequency, and fc is the 3-dB cutoff frequency of the photomixer. Equation 1 can be
simplified to

(2)

where Z is the effective receiver quantum efficiency. When observing a thermal source the
IHR predetection signal-to-noise ratio is given by

(3)



where J is the IHR integration time and To is the transmissivity between the thermal source
and the IHR.

When measuring atmospheric constituents, an IHR with a wideband photomixer/
preamplifier combination should be employed to examine the collision broadened signature
line. For remote sensing applications the photomixer should have a 3-dB cutoff frequency
near 1 GHz, operate at a temperature near 100 K, require minimum laser LO and dc bias
power, and be suitable for aircraft or spacecraft operation. Previously developed
PV:HgCdTe photomixers mounted in a specially designed housing (Fig. 2) have been
shown to meet these technical objectives. Cutoff frequency (Fig. 3) and RFI measurements
on the PV:HgCdTe photomixers indicate that the detector housing could be effectively
used above 1000 MHz. Laboratory measurements on a heterodyne receiver having a
selected infrared mixer, an optimized impedance matching network, and a specially
designed wideband IF preamplifier indicate that an infrared heterodyne receiver having an
NEP <1.5 x 10-19 W/Hz at 1000 MHz and #2.0 x 10-19 W/Hz at 1500 MHz at CO2 laser
wavelengths is presently achievable for a photomixer temperature of 125 K and incident
laser LO power levels near 2 mW.

The temperature resolution of a previously developed IHR (Fig. 4) has been measured
using a blackbody radiator as the source. The blackbody thermal radiator was positioned
in the field of view of the radiometer telescope and a simple lens was used to collimate the
thermal source. For the experimental conditions of 8 = 10.6 µm, B = 100 MHz, J = 3 s,
and NEP = 2 x 10-19 W/Hz, the IHR output was monitored as the thermal source
temperature was varied. The calculated and measured IHR temperature resolution of the
IHR is given in Fig. 5. The measured temperature resolution of the IHR was approximately
)TS = 15 K for a source temperature of Ts = 300 K and decreased to a )Ts = 3 K for a
source temperature of Ts = 1000 K. The IHR temperature resolution is expected to be
reduced to approximately 0.8 K at Ts = 300 K for an IF bandwidth of 1500 MHz.

The slight variation between the calculated and measured resolution is attributed to: (1)
optics losses, (2) a slight astigmatism in the off-aids parabolic telescope, and (3) some
rapid amplitude fluctuations in the CO2 laser LO. The use of reflective optics, higher
quantum efficiency photomixers, and a 1500-MHz IF bandwidth may reduce the IHR
temperature resolution below 0.5 K for Ts = 300 K. It should also be noted that the IHR
temperature resolution can also be improved by increasing the system integration time.

Two possible spatial measurement modes exist for the remote sensing of atmospheric
constituents: (1) a quasi-fixed platform such as a stationary satellite (or balloon platform)
can be used in conjunction with a scanning optical system., or (2) a moving platform such
as a nearearth spacecraft (or aircraft) can be used to continuously scan portions of the
earth and its environment. The telescope requirements will be fixed by the particular



vehicle and mission characteristics. For the case of an IHR on a synchronous satellite, a
10-inch diameter telescope having a diffraction-limited half beam width of 130 µrad will
resolve a 5-km diameter area on earth. The use of infrared heterodyne radiometers for
remote sensing applications has been previously discussed by several authors (ref 5 to 11)
. IHR applications such as solar physics, astronomy, atmospheric physics, and plume
physics have been considered (ref 4 to 11).

Vertical Profiling Using an IHR.   For vertical profiling applications, the laser local
oscillator of the IHR is tuned to overlap a selected signature line of an atmospheric
constituent and the optical telescope collects the upwelling thermal energy radiating from
the earth. The thermal radiation energizes gas molecules located at the various layers of
the atmosphere and variations in the incident thermal radiation at any atmospheric layer
(Fig. 6) causes changes in the quantum-mechanical population distribution of the energy
states of the gases. For a selected constituent the energy state differences correspond to
unique “signature” frequencies given by

(4)

where )EN is the energy state difference between the two levels of the selected
atmospheric constituent. The transition of particles between the energy states of an
atmospheric gas results in an absorption (emission) at the infrared signature frequency. The
absorption (emission) strength at the signature frequency is given by

(5)

where Ni is the number of gas particles in the ith state, A is a gas constant, N is the total
number of constituent particles, E is the energy constant of the ith state, k is Boltzmann’s
constant, and T is the gas temperature.

The vibrational and rotational motion of atoms in the molecule of the selected atmospheric
constituent result in an infrared absorption (emission) spectra. Infrared wavelengths which
are larger than 3.5 µm are particularly suited for passive atmospheric monitoring
applications because the thermal emission from the earth at these wavelengths is greater
than the energy due to reflected and scattered sunlight. The location of signature lines due
to mid-infrared vibrational-rotational transitions are an intrinsic characteristic of the
selected atmospheric constituent. The intensity of a selected signature line is a
characteristic of the gas constituent, the gas temperature, and the energy state being
monitored. The spectral line width of a signature line is characteristic of the temperature
and/or the pressure as well as the specific weight of the selected constituent. For example,
the measured variation of the spectral line width of Ammonia (NH3) with pressure is given
in Fig. 7. The measured Doppler line width for NH3 is 100 MHz and the signature



line width increases to approximately 1 GHz near P = 5 torr due to collision broadening.
Measured laboratory data on the variation of pollutant line width with pressure can be used
to determine vertical distribution of pollutants by IF frequency examination of the total
spectral profile collected at the IHR.

For atmospheric constituents with known vertical concentration distributions, remote IHR
measurements can be used to establish temperature profiles of the atmosphere for
meterological applications. On the other hand, for the condition of a known temperature
profile of the atmosphere normally obtained from available data, remote IHR
measurements can be used to establish the vertical concentration profile of an atmospheric
constituent. The basic equation for the radiance collected at an IHR receiver which: (1)
looks at the earth, (2) is located at an altitude y = R (Fig. 6), and (3) spectrally overlaps the
atmospheric constituent signature line of interest, is given by

(6)

where Bi(y) = f(T) is the thermal irradiance over the spectral width of the IHR receiver at
altitude y, Bo is the irradiance at the surface of the earth (y = o) due to the earth’s ambient
temperature, Ji(y) is the average spectral transmission of the atmosphere from altitude
y = yi to altitude y = R given as a function of the spectral signature characteristics of the
absorbing atmospheric gas, and Jo is the average spectral transmission from the earth
(y = o) to the IHR (y = R). The first term on the right in equation 6 is the net radiance due
to the earth emission as attenuated by the absorbing atmospheric gas in the path between
the earth (y = o) and the IHR (y = R). The second term of equation 6 represents the
reemission radiances at each level yi, subject to attenuation in the atmospheric path
between levels y = yi and y = R.

As may be seen from equation 6, the two basic quantities which enter into the radiance
equation are the atmospheric irradiance and atmospheric transmission. The atmospheric
irradiance is temperature dependent and the atmospheric transmission is dependent on the
spectral signature and the concentration of the pollutant gas. Thus a knowledge of the
atmospheric profile of either one of the basic quantities is required in order to determine
the other.

From Planck’s radiation equation, the thermal irradiance of a source at temperature T is
given by:

                                                                                                         (7)



or

(8)

where c is the speed of light. The radiance is transmitted through a uniform atmosphere
with a transmission coefficient which is given by:

(9)

and the line absorption coefficient for a collision broadened line is given by:

(10)

where P(Hi) is the atmospheric pressure at y = Hi, Po is the atmospheric pressure at sea
level (y o), Wi is the atmospheric constituent concentration at the ith level, R is the total
atmospheric path, S is the absorption (emission) line intensity, f o is the center frequency of
the absorption line, and ( is the half-width at half-maximum of the absorption line.

The constituent concentration as a function of altitude is determined using the radiance
data collected at the IHR. For a measured radiance Ni an inversion of the basic relationship
(equation 6) is required so as to solve for the constituent concentration Wi as a function of
Ji(y) for the case of  Ji(y) being a function of Ni. Since no unique explicit solution of the
localized constituent concentration Wi in terms of the measurable quantity Ni is possible,
the data reduction is carried out using an iterative solution technique (ref 11 to 13) . The
key to the iterative process is based on derived relationships between the actual pollutant
concentration, which is reflected in the radiance measured at the MR, and an assumed
pollutant concentration, which deviates by a small value from the actual measured
radiance. The ratio of the pollutant concentrations is proportional to a function of the linear
difference between the radiances. Thus by a consecutive iteration, the difference is made
small until the actual concentration is approached.

The accuracy of the process may be enhanced by employing several channels and
weighing the obtained parameters over the outputs of each channel. The maximum
information at a given altitude level is obtained from a channel which has a maximum
slope of its transmission function at the given level (ref 11) . Hence, a judicious selection
of the spectral channels (or laser local oscillators) appears to be important for optimum
accuracy and/or vertical resolution.



Conclusions.   The use of infrared heterodyne radiometers to remotely monitor the
concentration and vertical distribution of selected atmospheric constituents has been
reviewed. A 9 to 11 µm IHR has been developed for atmospheric propagation
measurements and appears to be uniquely suitable for atmospheric monitoring
applications. A 9 to 11 µm IHR having an IF bandwidth of 1.5 GHz is presently being
developed for use in an aircraft (or balloon) for the remote measurements of atmospheric
constituents such as SO2, O3, C2H4, and NH3.
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REMOTE MONITORING OF OZONE IN THE TROPOSPHERE USING EARTH 
REFLECTED DIFFERENTIAL ABSORPTION 

By DR. JOHN L. GUAGLIARDO and MR. DONALD H. BUNDY 

Summary.-A method of remotely monitoring the tropospheric concentra- 
tion of ozone is proposed. The method uses two lasers, each emitting a 
different wavelength. It is shown that even though only two laser 
wavelengths are used, the method is both specific and accurate for ozone 
concentrations which are encountered in most urban areas, 

Introduction.-In this paper, is proposed a method which will be a 
true airborne remote sensing method. Two or more wavelengths are emitted 
from an IR Laser source in a downward direction. These bursts of photons 
strike the ground and are scattered up, back into a telescope receiver. 
TWO lasers will be used; the lasers and the telescope receiver are aimed 
at the same spot on the ground. This is seen in Figure 1. One wave- 
length is tuned to be absorbed by ozone, while the other is not. A 
relationship exists between intensities of the two scattered beams such 
that the column density of ozone between the aircraft and the ground can 
be inferred. 

The main limitation in the active detection of molecular pollutants 
at the present time is the laser source. Considering the parameters of 
power output and state-of-the-art dependability, the carbon dioxide laser 
is the best laser source, Discounting isotopic shifting, the common air 
pollutants which have absorption peaks in the CO2 tuning range are 
benzene, ethylene, ammonia, and ozone. One of the more important 
pollutants is ozone. It is formed in nature in the upper atmosphere and 
is known to be a very important component in photochemical smog. It is 
known to be toxic to both animal and vegetable tissues, A rapid assess- 
ment of ozone concentration is valuable information to many areas of 
interest. 

There are many “wet chemical” methods for ozone (or total oxidants) 
as well as a number of other contact methods utilizing scrubbing tech- 
niques, UV absorption, chemiluminescence or fluorescence.1j2,3 There 
have also been studies aimed toward developing a laser coincidence 
method where a number of wavelengths are used and the differential 
absorption between the wavelengths is taken as a measure of specific 
pollutants .4, 5 In these coincidence methods “cooperative” targets, and 
a long path between source and receiver are required. The logical next 
step in the differential absorption method is the use of non-cooperative 
targets such as a building, smokestack, or, if the method is to be air- 
borne, the ground. Some of the ground reflection methods have proposed 
heterodyne detection. 6, 7 If it is assumed that heterodyne detection 
might prove difficult in an airborne situation, then direct detection, 
with a necessary increase in source output power, becomes the preferred 
technique. 8 This paper will be limited to the direct detection method. 

Dr. Guagliardo and Mr. Bundy are with the Environmental Protection Agency’s National 
Environmental Research Center, Las Vegas, Nevada. 



There is no question as to the utility of certain of the contact 
methods in gaining information on 03 concentration that is specific, 
precise and accurate and, in fact, ambient standards are written in terms 
of point measurements (pg/M3). However, if data are to be obtained over 
a large area, 
required, 

or a quick look or monitoring of a clandestine pollutor is 

methods . 
remote sensing methods have a great advantage over the contact 
It can easily be seen that an airborne long path absorption 

method, using a cooperative reflector, 
precise alignment of source, 

would be very difficult since 
reflector and receiver is required. 

Theory.-The CO2 laser emits in the so called “atmospheric window” 
where there is little absorption by the common components of the tropo- 
sphere, e.g., 02, N2, COP, and H20. The power which falls on the detector, 
neglecting absorption by the molecular pollutants, can be calculated by9 

Pr=Cy(A)P(A)A Po/nR2}exp(-2osc R) 1 

where y(A) is the efficiency of the collection optics at the laser wave- 
length, P(A) is the ground reflectivity. A is the area of the receiver 
mirror, PO is the laser output power, and R is the range. The term o 
is the atmospheric extinction coefficient due to scattering. This te% 
is due to both Rayleigh and Mie scattering, and is dependent upon the 
visibility. 

The noise from a background limited photodetector can be calculated 
from the equation: 

Pn=NEP(2Af) ‘I2 2 

where P is the noise power, NEP is the noise equivalent power, and Af is 
the banTdwidth of the amplifier. The NEP is equal to YIvD* where A is 
the detector area and D* is the detectivity. 

Another source of noise (or background) is the thermal emission from 
the earth which is focused on the detector by the receiver system. An 
indication of the thermal noise power can be gained from the following 
equation. 

PB=TXAARRAN (X) 3 

where P is the background power, Ah is the optical bandwidth, R is the 
field o! view, A is the area of the receiver mirror, N(X) is theRspectral 
radiance and T is the atmospheric transmission. 

The signal incident on the detector including the effects of the 
absorbing pollutant species in the atmosphere is given by 

Px=Pr exp(-ZA:) 4 

where Pr is from equation 1, Px is the received power after atmospheric 
absorption, and AC is the absorption coefficient of pollutant C at wave- 
length A , The a&orption coefficient is given by the equation: 

A;=29 [c]R; 5 

where uc(h) is the extinction coefficient of pollutant C, at wavelength 
A, [c] is the concentration of pollutant C, and Rk is the thickness of the 
pollution layer in which C is contained. 



Combining equations 4 and 5, if two laser wavelengths are used, then 
two equations of the form 

PA =Pr exp{-~~~3[0~1Rb3-2O~gHg[CSHSIR~6H~-2o~21I4[C~H~IR~2H~- 
n n 

2+.$W$,, 6 
3 

are obtained for 03, CgHg, CzHt, and NH3 . If the two equations generated 
above are rearranged as 

pA2p1 
In - = 2[%1R;3($3 -Ut3) -2 [c&]R’ 

p p2 
c6~6 (0~6~,-uC26H6)-2 rC2H41Rh2H4 

Al 

(“;2~4-u;2~4) -2 [NH31RiH3 @AH3 -GH 3) 

it is then seen that if the terms (uf-u$) for benzene, ethylene, and 
ammonia are small compared to that for ozone, then the quantity 

p p2 
In A:! is a measure of relative concentrations of ozone. This is, 

p p2 
Xl 

of course, contingent on the magnitude of the other factors in AAcE 
2 [ c]Rr (ef-ug) leading to 

p Pl 
x2 

In - = AAo3+AAC H +AAC H +AANH 
p p2 

66 24 2 

Al 

I.e., the concentration [c] , and the pollutant cloud thickness Ri. 

System Parameters.-Considering equation 2, using the values of 
A=lO-‘cm‘, D*=2xlOlecm Hz1/2watt-1 and Af=107Hz; a noise power of 
approximately 1.5x10-swatts is ob&ned. 

It is seen from equation 3 that the apparent thermal background is 
dependent upon the field of view and the area of the receiver. If all 
the terms in this equation are considered fixed, except the area, and 
the thermal background is adjusted to equal the detector noise background 
then for valuesI of Ah=3xlO-lmicrometers, fi =lO- Steradians, N(A) = 
1.2x10-3 watt cm-2u-1sr- 1 the receiver area w ere P =P % is 2.32 centimeters 
in diameter. A system with a collection mirror larEerBthan 2.32 cm will 
be limited by the thermal background (of the earth). If a ten inch 
diameter collection mirror is used, then PR=1.3~10-~ watts is obtained. 

Considering Equation 1, if it is assumed a visibility of 5 kilometers 
then the values of the extinction coefficients are 4.3x10-2km-1 and 
10T8kmm1 at 10 micrometers for the Rayleigh and Mie components, 
respectively. I1 For values of 0(X)=0.5, P=O.l, A=(r) (1.4~1O-~M-~), 
Po=106 watts, and R=103 meters, a power of approximately 7x10e4 watts is 
obtained. 

It has been found, that by using a CO, laser as a source, it 
can be seen that the absorption spectrum of ozone has a much more 
pronounced dip at 9.58 micrometers than that seen by conventional spec- 
trometers. The low resolution absorption spectrum, together with the 



CO;! laser gain curve is shown in Figure 2. This can be taken advantage 
of, in that two lines differing very little in wavelength can be used 
as the detection and reference lines. Two lines which might be used in 
this fashion are the P14(9.505 pm's) and P24(9.586pm1s) of the 00'1 - 02'0 
carbon dioxide laser transition. For the P14 and P24 lines AA = 

03 
1.7x10-1, AA = 5~10-~, AA = -8~10-~, 

C6H6 
ASH = 0 using best 

c2H4 
current data available on concentration profiles. Id 

To arrive at the AA values, average concentration height profiles 
have to be assumed. Tho.$e used in these calculations were lo-Gtrn cm for 
03 9 1.8x10m4atm cm for NH, , low3 atm cm for C&L+, and 6~10~~ atm cm 
for benzene. It must be also remembered that the high resolution 
extinction coefficients were used for ozone and the low resolution data 
in Figure 2 were used for the other molecules. 

PA PI 
It can be seen from the AAc's that 97% of the signal (ln *) 

A 
1 

is due to ozone and that only very low ozone concentration and very high 
hydrocarbon concentration, above the ambient urban levels, can introduce 
gross inaccuracies in the method. It can further be seen that the signal 
to noise ratio (reflected laser signal to thermal background) is greater 
than lo2 for both laser lines used. 

Equipment.-The lasers which will be used in the airborne ERDA-system 
will be the transverse excitation type operated at atmospheric pressure. 
This will mean that at a high altitude there will be some dimunition in 
the output power. The free-running output (non-tunable) power at one 
atmosphere is two megawatts. The tunable laser head with grating is 
about a meter long, seventeen centimeters in diameter, and weighs about 
100 pounds. The repetition rate is adjustable from 0.2 to 2 pps. The 
laser uses a mixture of helium, nitrogen, and carbon dioxide at a rate 
of about 2 liters per minute. The divergence of the lasers is about 3 
milliradians, so the beams spread sufficiently to avoid any safety hazards 
at ground level. 

The primary mirror in the collection optics is a 12-l/2" f/4 parabolic. 
The light passes through a background limiting filter and falls on the 
detector. An indication of the physical layout of the lasers and receiver 
can be gained from Figure 3. 

The detector is a lead-tin-telluride type whose characteristics were 
given above. 

The tri-metal detector-preamplifier combination provides a voltage 
proportional to thermal background emission plus laser pulse return 
within the filter band pass wavelength. Since the primary return is only 
100 ns wide, a peak sense and hold is selected to capture and store this 
peak value. Each laser is fired about once a second. A slow decay sample 
and hold will store this signal with minimum decay for the one second 
period (a sample and hold is required because of the trade off of 
acquisition time vs decay or hold time for the peak sense to adequately 
follow the primary return signal). 

A similar network is required for the pyrolectric detector used to 
monitor each output pulse from the lasers. Peak sense and hold is used 
rather than integration of total power to more nearly match the receiver 
characteristics. The above signals in conjunction with timing and control 
circuitry provide the required solution to equation (7) namely 

p Pl 
In- . A2 

p p2 
Xl 



A block diagram of the network to accomplish the above is shown in 
Figure 4. 

Implementation is by multiplying P by PI and P by P, with 
x2 Xl’ 

analog module for the desired results. 

Output of In 5% . is available for a slow analog stripchart 
11 2 

recorder. 
Ranging or instantaneous height above ground provides information 

relative to column length. Negative slope available from the peak hold 
modules provides a means of sensing the total transit time associated 
with each pulse. A count proportional to height above ground is 
generated, converted to an analog equivalent, and recorded on the 
analog stripchart with the other data. 

The calculations made in this paper all assume that the reflectivity 
of the ground surface remains the same for both wavelengths used. Since 
in this case the two wavelengths are spectrally very close, the only 
limitation is that the spots on the ground be physically close. 

The timing and control network controls firing and acquisition so 
that return from one laser is received before the second fires. The 
time interval between the firing of X1 and A2 is about fifteen micro- 
seconds. In this time the distance travelled by an aircraft flying at 
about 260 knots is about 2mm (the diameter of the beam at ground level 
is about 3 meters). 

Some thought has been given to a second generation ERDA system using 
one Q-switched CO2 laser which emits at a number of different wave- 
lengths. The development of this system would greatly reduce the power 
and space requirements of the ERDA system. 

Conclusions.-It has been shown that it is theoretically possible to 
measure ozone over wide areas using an Earth Reflected Differential 
Absorption system. Further, it has been shown that the concentration 
thickness product of ozone in the column of air between the ERDA air- 
craft and the ground can be measured using only two wavelengths. It 
is believed that this method will be an important addition to the 
EPA’s remote monitoring effort, 



FIG. 1.  AIRBORNE ERDA SYSTEM

FIG. 2.  POLLUTANT EXTINCTION COEFFICIENTS AND CO2 LASER
OUTPUT CURVE vs. WAVELENGTH



FIG. 3.  SOURCE-RECEIVER SYSTEM

1.  Tri-Metal Detector   2.  Filter   3.  Parabolic Mirror
4.  Laser Plasma Tube   5.  Front Mirror   6.  Grating
7.  Pyroelectric Detector (High Speed)

FIG. 4. BLOCK DIAGRAM OF SIGNAL PROCESSING NETWORK

1.  Laser Power Supply   2.  Tri-Metal Detector   3.  Pyroelectric Detector
4.  Timing and Control Network   5.  Preamplifier   6.  Peak Sense and Hold
7.  Store and Hold   8.  Multiplier   9.  Log Ratio   10.  Strip Chart Recorder
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SPACE SHUTTLE COMMUNICATIONS AND TRACKING SYSTEM

By BARTUS H. BATSON and JOHN H. JOHNSON
Lyndon B. Johnson Space Center

Houston, Texas

SUMMARY.   This paper provides an overview of communications and tracking for the
Space Shuttle Program. The Shuttle Program itself is briefly described, and
communications and tracking requirements and capabilities are discussed for the various
phases (ascent, on-orbit, and reentry/ landing) of a Shuttle mission.

INTRODUCTION.   The primary objective of the Space Shuttle Program is to provide an
economic space transportation system that will support a wide range of scientific, defense,
and commercial applications in Earth orbit. The Shuttle will be a manned, reuseable space
vehicle designed to accommodate these applications. As shown in figure 1, it will consist
of two stages, the first being an unmanned booster rocket and the second being piloted
such that it can be flown back to Earth for an airplane-like landing Two launch sites are
planned for the Shuttle Program:  Kennedy Space Center (KSC) and Vandenberg Air
Force Base (VAFB). Five landing sites are currently being assumed for planning purposes:
KSC, VAFB, Edwards AFB, Anderson AFB (in Guam), and Hickham AFB (in Hawaii).

The manned Orbiter will be approximately 108 feet long and will have a wingspread of
78 feet. It will be capable of carrying a payload of 65,000 pounds. The crew will consist of
two pilots and two flight engineers. The duties of the latter include checkout and
deployment of unmanned satellite payloads.

The Shuttle Orbiter will be used to carry into space nearly all civilian and military
payloads of the future, including automated scientific space probes and Earth-orbiting solar
and astronomical observatories. Application payloads will be Earth resources sensing,
communications, meteorological, and geodetic satellites.

The major program milestones for Shuttle are summarized in figure 2. Current estimates
are for the Shuttle to carry out 30 to 40 missions per year, with a mission mix of 30
percent for the Department of Defense (DOD) and the remainder for others.
Approximately 80 percent of the total flights will be for deploying and servicing satellite
payloads.



COMMUNICATIONS.   The Shuttle Orbiter will have several communications links,
depending on the particular type of mission involved and depending on the mission phase.

Ascent.   During ascent, the Shuttle must communicate with ground-based terminals, either
the Space Tracking and Data Network (STDN) for NASA missions or the Satellite Control
Facility (SCF) for DOD missions. As illustrated in figure 3(a), there will be an S-band
uplink (PM) available. This link will be used for transmission of voice (two 32-kbps delta-
modulated channels) and commands (encoded to 6.4 kbps and added to a 1.6-kbps
synchronization signal). The resulting TDM (time-division-multiplexed) uplink data rate
will be 72 kbps. There will also be a PM/PM subcarrier containing transmitted range tones
(for coherent turnaround in the Orbiter transponder). The uplink carrier frequency will be
either 2041.947 MHz or 2106.406 MHz for NASA missions; for DOD missions, the
uplink frequency will be either 1775.733 MHz or 1831.787 MHz.

The S-band downlink (PM) available for communications during ascent will be used for
transmission of voice (two 32-kbps delta-modulated channels) and PCM (pulse-code-
modulated) telemetry (128 kbps) for a resulting TDM data rate of 192 kbps. The uplink
PM/PM range tone subcarrier will be coherently turned around and retransmitted as part of
the downlink signal. The downlink carrier frequency will be 240/221 times the uplink
frequency for NASA missions or 256/205 times the uplink frequency for DOD missions
and will nominally be either 2217.5 MHz or 2287.5 MHz for either class of mission.

Both the S-band PM uplink and downlink will utilize a system of four flush-mounted,
switchable, omnidirectional Orbiter antenna elements. There will be another S-band
downlink (FM) available for ascent communications. This link, which will utilize a
separate system of two flush-mounted, switchable omnidirectional antenna elements, will
be designed primarily for onorbit support of television, wideband payload data, or
playback of recorded Orbiter data. However, during ascent this link will be available for
realtime transmission of Orbiter main-engine data [three separate 60-kbps digital signals
each used to phase-shift-key (PSK) a separate subcarrier]. There is also the possibility that
for certain DOD missions this link will be used for transmission of 256-kbps payload data
so that ground monitoring of critical payload parameters may be accomplished. A carrier
frequency of 2250 MHz will be used for the FM direct downlink, with an available RF
bandwidth of 10 MHz.

On-Orbit.   As illustrated in figure 3(b), during on-orbit operation the Shuttle Orbiter must
communicate with ground stations, either directly or via a tracking and data relay satellite
(TDRS) system. The direct ground links will be exactly the same as for ascent (S-band PM
uplink and S-band PM and FM downlinks), except that the absence of a requirement for
turnaround ranging will allow the ranging signal to be turned off. The FM downlink will be
used for time-shared transmission of television (NASA missions only), 1:1 playback of
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recorded operational data (128 kbps), 8:1 playback of recorded operational data (8 x 128
kbps = 1.024 Mbps), wideband digital or analog payload data, or 256-kbps secure payload
data (DOD missions only).

The S-band relay links (NASA use only) will be similar to the S-band PM direct links,
with several very significant exceptions (all being required to alleviate performance
problems associated with the relay links). As illustrated in figure 4, the TDRS system (two
geosynchronous satellites, 130E apart) will provide a very high coverage capability. This
increased coverage, however, will not be without penalty. Using a switched-element,
omnidirectional, flush-mounted antenna system on the Orbiter for communications with a
12.5-foot dish at distances in excess of 22,000 nautical miles will result in very weak links.
As a consequence of this, it has been necessary to baseline a coded PSK signal design1 for
both the forward (ground6TDRS6Orbiter) and return (Orbiter6TDRS6ground) links,
together with a high-power (~100-watt) transmitter power amplifier and a low-noise
receiver. In addition, it has bAn necessary to provide for a reduced data-rate forward link
mode consisting of two 16-kbps delta-modulated voice channels and 8 kbps of encoded
commands plus synchronization for a total of 40 kbps; a reduced data-rate return link
mode will also be available, providing two 32-kbps delta-modulated voice channels and
64 kbps of PCM telemetry, for a total of 128 kbps. The reduced rate modes will only be
used for relay transmission and not for the direct ground links.

In addition to the S-band direct and relay links, the capability for relay of wideband signals
via TDRS over Ku-band forward and return links is planned. Preliminary sizing studies
have assumed for the return link either (a) high-rate digital data (up to 50 Mbps) plus
operational data/ voice (192 kbps) or (b) television plus high-rate digital data (1 Mbps)
plus operational data/voice (192 kbps) over the return link; for the forward link, there will
be a capability for digital data (probably 1 Mbps) plus operational commands/voice
(72 kbps). The Ku-band relay links will timeshare the deployable 20-inch steerable antenna
used by the Orbiter rendezvous radar; whenever this antenna is deployed and the Ku-band
relay links are established, the S-band links will no longer be used for transmission of
operational data/commands/voice.

Figure 3(b) also indicates that the Orbiter will communicate with either NASA or DOD
payloads. This capability is required at relatively close ranges (<10 n.mi.) to facilitate post-
deployment checkout or preretrieval safing and/or checkout of payloads. (The capability is
also required to communicate with attached payloads--predeployment or postretrieval.)
Communications with released payloads will be via an S-band link. The Orbiter will
transmit commands (plus voice, if the payload is manned) to the payloads, and the payload



will transmit PCM telemetry (plus voice, if manned) back to the Orbiter. The Orbiter
payload interrogator will be designed to receive any of 20 channels (5-MHz each) located
in the 2200- to 2300-MHz band, and to transmit at either 221/240 times the receive
frequency (for NASA payloads) or 205/256 times the receive frequency (for DOD
payloads). A single flush-mounted Orbiter antenna will be used for communications with
payloads. Figure 5 shows the frequency plan for Orbiter/ payload communications. An
interesting design problem is introduced by the fact that it may be necessary for the Orbiter
to simultaneously transmit to ground or TDRS and receive from payloads in either the
same channel or in nearby channels. The filtering necessary to properly isolate the payload
receiver (in the Orbiter) from the ground/TDRS transmitter (in the Orbiter) thus becomes
very critical and very difficult to achieve.

The remaining communications capability required during on-orbit operations is between
the Orbiter and either one or two extravehicular (EVA) crewmen. It will be necessary for
the Orbiter to transmit voice to the crewmen and to receive voice and biomedical data.
Both units of a redundant UHF transceiver (also used for communications with air traffic
controllers during reentry/landing) can be activated to obtain duplex operation with the
crewmen, or the units can be activated individually for simplex operation. The Orbiter
transmit frequency will be 296.8 MHz, with a transmit bandwidth of 55 kHz, and will be
the same for all modes of operation. The transmit frequency of the first crewman (EVA1),
will be 259.7 MHz, with a transmit bandwidth of 55 kHz. The transmit frequency of the
second crewman (EVA2) will be 279.0 MHz, with a transmit bandwidth of 100 kHz to
allow for relay of EVA1 voice/data to the Orbiter.

Reentry/Landing.   Figure 3(c) indicates the Orbiter communications capabilities required
during reentry and landing. After RF blackout, the Orbiter must communicate with either
the STDN or the SCF. The S-band PM direct uplink and downlink, exactly as described
for ascent communications, will be utilized. Although the capability will exist to use the
S-band FM direct downlink, no requirement for its use is foreseen at this time.

In addition to communicating with the STDN or the SCF, the Orbiter will also be required
to communicate (voice only) with air traffic controllers (ATC) and it is desired to have the
capability for communicating (voice only) with chase planes. These capabilities will be
provided by the UHF ATC transceiver, which has 7000 AM voice channels spaced 25 kHz
apart in the 225.000- to 399.975-MHz frequency band.

TRACKING.   There are several tracking functions associated with a Shuttle mission,
some of which will involve the Orbiter as the target (the object being tracked), and some
of which will utilize systems onboard the Orbiter to track other vehicles/terminals.



Ascent.   Figure 6(a) indicates the basic tracking function required during the ascent phase
of a Shuttle mission. As pointed out previously in the discussion of ascent
communications, the S-band PM uplink signal from STDN or SCF will contain a
subcarrier which is phase-modulated by a set of range tones. This modulated subcarrier
will be turned around coherently in the Orbiter transponder and the received tones at the
ground station will be compared with the transmitted tones such that a phase measurement,
directly relatable to two-way range between ground station and Orbiter, is obtained. This
range measurement will then be used on the ground to develop trajectory data which are
independent of Orbiter onboard measurements and/or computations.

On-Orbit.   During on-orbit operations, as indicated in figure 6(b), Doppler extraction will
be achieved both onboard the Orbiter (one-way Doppler) and at the ground (two-way
Doppler) for either S-band direct or TDRS-relay transmission, using the PM
communications carrier. One-way Doppler extraction is based on comparing the frequency
of the Doppler-shifted carrier received at the Orbiter with the frequency of a very stable (1
part in 1010 over a 1-second interval, 1 part in 109 over a 24-hour interval) onboard
reference oscillator to determine a relative velocity measurement. This measurement can
then be integrated to obtain range, which will be used by the Orbiter G&N (guidance and
navigation) system to determine a state vector. An alternate method of computing a state
vector is to use two-way Doppler (which is based on comparing the ground station
transmit frequency with the frequency of the Doppler-shifted coherent carrier received at
the ground station). The computation can be performed on the ground and the resultant
state vector transmitted to the Orbiter via the uplink or forward link command channel.

Another tracking function which will be required during on-orbit operations is that of
payload tracking by the Orbiter. In order to accomplish station-keeping (either post-
deployment or pre-retrieval) or rendezvous with orbiting satellites, measurements of range,
range rate, angle, and angle rate will be required. Targets may be either cooperative
(having a transponder which will retransmit the signal received from the Orbiter radar) or
passive (requiring “skin-track” by the Orbiter radar).

The basic requirements imposed on the rendevous radar are for a range measurement
(accurate to within ±1%) from 10 nautical miles to 100 feet, a range rate measurement
accurate to within ±1 ft./sec., an angle measurement having a ±10 mr random error and 60
mr bias error, and an angle rate measurement accurate to within ±0.14 mr/sec. Those
characteristics of the radar which impact the structural and electronic interfaces in the
Orbiter have been preliminarily defined; however, the specific radar mechanization has not
been selected. The radar antenna (also shared for Ku-band relay communications) will be a
20-inch boom-deployable, Cassegranian-feed parabolic dish operating nominally at 15
GHz. Angle tracking will be accomplished via a 4-horn monopulse scheme. The radar
average transmit power is planned to be 40 watts.



Reentry/Landing.   Figure 6(c) shows that in addition to S-band turnaround ranging,
several tracking functions are required which are uniquely related to the reentry/landing
phase of a Shuttle mission. Area navigation will be accomplished using TACAN (tactical
air navigation). A system of three airborne TACAN receiver/transmitters with
demodulation, decoding, and data computation capabilities will provide the Orbiter crew
and guidance system with slant range and direct magnetic bearing to groundbased TACAN
beacons. Each of the airborne TACAN navigational units will interface with two antennas
(L-band annular slots, one top and one bottom) and an external computer which will
automatically select the channel, antenna, and mode of operation, and which will display
range and bearing information on a horizontal situation indicator (HSI). In addition, each
unit will receive a periodic identification signal from the ground beacon and will provide
an audio output signal to the Orbiter intercom system.

An autoland capability will be facilitated by two classes of onboard navaids, the MSBLS
and the radar altimeter. The MSBLS (triply redundant RF units, receiver/decoder units,
and Ku-band waveguide horn antennas) will provide guidance signals beginning at least 16
n.mi. from touchdown (or at least 10 n.mi., in 10 mm/hr. rainfall) and continuing through
touchdown and rollout. The MSBLS ground station will provide azimuth and elevation
data by means of two planar shaped beams which scan 20E either side of azimuth
centerline and from 0E to 30E in elevation. These Ku-band beams will be pulse-code-
modulated with the pointing angle information. The MSBLS airborne receiver will be
illuminated sequentially by the azimuth-elevation beams 5 times per second and will
transform the pulse coded information into azimuth and elevation angles. The MSBLS also
will provide precision range-to-go information by means of an airborne Ku-band
interrogator and a ground transponder located at the runway. When the Shuttle vehicle gets
close to the ground, the azimuth and range data will remain good, but the elevation data
will begin to degenerate. At this point, the C-band pulsed radar altimeter (dual redundant
with dedicated transmit and receive waveguide horn antennas) will take over and provide
the needed accuracy in altitude. The altimeter will be capable of operating with a high
degree of accuracy from 2500 feet down to wheel touchdown. After touchdown the
MSBLS azimuth and range data will provide steering and braking commands through
rollout to a full stop. This will terminate autoland; taxi operation will be handled by a tow
vehicle.



Figure l.- Shuttle mission profile

Figure 2.- Shuttle Program milestones



Figure 3.- Shuttle communications
(a)  Ascent (KSC launch)
(b)  On-orbit
(c)  Reentry/landing



Figure 4.- Tracking and Data Relay Satellite System



Figure 5.- (a)  Satellite characteristics
(b) User coverage capability



Figure 6.- Shuttle tracking
(a)  Ascent (KSC launch)
(b)  On-orbit
(c)  Reentry/landing
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Summary   The unique nature of the Shuttle orbiter is that all of its systems must meet the
design requirements of a spacecraft as well as the basic aircraft requirements for
atmospheric flight. The Shuttle antenna system design, therefore, faces many unique
problems. Some of the most significant of these problems include the interface with the
Shuttle thermal protection system, the wide range of thermal extremes and rates to be
encountered, the long life requirement, and the need for lightning protection. In addition,
the radiation coverage requirements of some of the Orbiter antennas are complicated by
the multiple requirement for operation during launch, from earth orbit to both ground
station and relay satellites, and to the landing area during atmospheric flight. The unique
engineering problems that result from these requirements will be described along with
techniques that are planned for their solution.

Introduction   The development of the antenna subsystems for the Space Shuttle Orbiter
communication, tracking, and navigation functions will require compatible solutions for
problems encountered in the design of antennas for spacecraft, re-entry vehicles, and high
performance aircraft. All of the Orbiter antennas will be flush mounted on the fuselage as
required to obtain the benefits of the TPS (thermal protection system), which will cover the
entire Orbiter structure. The TPS is being designed to insure that no part of the structure
will experience a maximum temperature higher than +350EF, even though some outer
surfaces may rise to 3,000EF during re-entry.

On the other hand, the antennas will not be protected from other severe environments, such
as lightning, the shock and vibration conditions during launch, and the high to low
temperature cycling in orbit, Another major area of concern has been the difficulty of



achieving omnidirectional pattern coverage with flush mounted elements in place of the
usual stub or blade antennas found on both subsonic and supersonic jet airplanes. This
problem has been compounded by the unavailability of several prime locations on the
airframe, such as the top of the midfuselage, all leading-edge surfaces, the nose, and the
vertical stabilizer cap.

These difficulties, in combination with a service life goal of 100,000 hours, have led to the
realization that the Orbiter antennas must be specially developed and qualified in all cases,
in order to meet the performance requirements with the required degree of reliability. The
Orbiter antenna locations and the coordinate system used in this paper
are shown in Figure 1.

Functional Description of Systems   The antenna subsystems are divided into two
functionals groups:

a. Navigational aids

b. Communication and Tracking

Three antenna sensor systems supporting navigation, (1) TACAN (Tactical Air
Navigation), (2) MSBLS (Microwave Scan Beam Landing System), and (3) Radar
Altimeter, are activated during the approach and landing phase of the mission. The
navigation sensor data will update the onboard guidance and navigation computer system
(GN&C) with sufficient accuracy and resolution to facilitate a fully automatic landing.

The TACAN system provides positional and rate data to the GN&C during the early phase
of approach (post-blackout to 14K feet) and is the prime sensor. At 14K feet, the Orbiter
initiates the final approach maneuvers, after which the MSBLS becomes the primary
sensor providing data for the glide slope and roll out maneuvers. The radar altimeter
provides the prime data for flare and touchdown.

The C&T (communication and tracking) systems support all phases of the mission
operating in two frequency bands, S- and UHF. The S-band system provides two services:
FM (Developmental Flight Data) and PM (Operational Flight Data). The UHF link
provides ATC (air traffic control) during the approach and landing phase and supports
EVA (extravehicular activity) communication during on-orbit operations.

Mission Related Requirements    The Space Shuttle vehicle has three operations phases
during the execution of a mission: (1) Ascent, (2) On-Orbit, and (3) Approach and
Landing. The Shuttle vehicle evolves through various physical configurations in transition
from one phase to the next. The ascent phase will begin with a full-up vehicle (Orbiter, ET



(external tank), and SRB’s (solid rocket boosters)) at lift-off, the SRB’s are dropped at
approximately 125 seconds into the mission and the ET at approximately 460 seconds,
except for an aborted launch. The series of vehicle configurations during the ascent phase
is illustrated in Figure 2.

Once orbit insertion is accomplished, the Orbiter vehicle changes configuration for on-
orbit operation by deploying the payload bay doors and reaction control system doors.

For communication purposes to ground or relay terminals, there are infrequent constraints
imposed on the Orbiter’s attitude. Thus, the antenna subsystems are required to provide
near-spherical coverage for the FM and PM services. The direct Orbiter-to-Ground
communication is limited to periods of mutual visibility at best, and to something less than
this as an antenna subsystem implementation constraint. Because of the limited number of
ground stations available (14 during the developmental phase of the program, then
decreasing to five during the operational phase), a TDRSS (Tracking and Data Relay
Satellite) is being implemented to greatly enhance the mutual communication visibility of a
ground terminal and the orbiter. The TDRSS will handle the S-band FM service, providing
100 percent coverage for most of the missions, and greater than 80 percent for others. The
sector illumination requirements for the FM and PM links are illustrated in Figures 3 and 4.

Prior to the de-orbit maneuver, the Orbiter vehicle changes configuration by retracting the
payload bay and RCS doors in preparation for re-entry. During the de-orbit maneuvers, the
Orbiter will lose communication due to an RF blackout associated with entry into the
earth’s atmosphere at orbital velocities. As the Orbiter slows and plasma subsides, RF
communication is reestablished and the vehicle is in the approach and landing phase of the
mission. Post blackout for the TACAN system occurs at approximately 160K feet altitude,
at which point an early state-vector update, as required for the GN&C system, will be
provided by TACAN.

The Orbiter always exits blackout with an excess of kinetic energy to insure achievement
of the RTGL (Range-To-Go-To-Land). The excess of energy is dissipated by maneuvering
in the TAEM (Terminal Area Energy Management) approach. The usable TACAN stations
are randomly located about the approach trajectory within the RF horizon; thus, the
TACAN antenna subsystem must have coverage in all directions in order to have no
impact on guidance or TAEM maneuvers. Figure 5 illustrates the required sectors the
antennas must illuminate. The TAEM maneuvers start at approximately 70K feet and
terminate between 14K and 12K feet altitude, at which time the transition from the
TACAN to the MSBLS occurs.

The MSBLS becomes the primary navigation sensor during the final approach and landing
phase. The MSBLS supports the glide slope, flare and roll out maneuvers. The prime
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sensor for touchdown is the radar altimeter. The sector illumination requirement for the
MSBLS antennas (Figure 6) includes perterbations caused by head, tail, and cross-winds,
plus air turbulences the Orbiter could experience during the landing phase. The radar
altimeter antennas must accommodate angles of attack and roll maneuvers as great as
±30E. The metamorphosis of the Orbiter vehicle from spacecraft to re-entry vehicle to
landing craft is mostly made possible by the TPS materials which encompass the outer
surface of the vehicle. The TPS is an excellent insulation material, translating very little
thermal energy to the Orbiter structural surface during the aerodynamic heating phase of
entry. The antennas will experience a maximum temperature of +350EF some 20 to 30
minutes after the Orbiter has landed. This is a 500EF change from the -150EF experienced
in space minutes before.

Developmental Requirements   Contracted Research and Development technology
studies1 were conducted at the NASA to assess the viability of using off-the-shelf aircraft
and spacecraft antennas for the Space Shuttle Orbiter vehicle. These studies identified
temperature profiles and radiation characteristics associated with integrating flush-mounted
antennas with TPS. The candidate antenna types were chosen from those that stood a
reasonable chance of satisfying mission related coverage requirements.

The general requirements for the antenna subsystems, as listed in Table I, are the result of
various studies and test programs. The life and environmental conditions of the Orbiter
vehicle makes the use of unmodified off-the-shelf antenna unlikely. The TPS interface is a
frequency dependent medium in which each antenna requires tuning for match; it also
aggravates the isolation and radiation characteristics of the higher frequency elements, S-
band and above. Design of the TPS provides little or no margin for additional heat loads to
vehicle structures, as associated with antennas of the protruding aperture designs, making
solution of the isolation problem more difficult.

The low temperature experience in space, -150EF, exceeds the certification temperatures
of off-the-shelf aircraft antennas, as the result of long term cold soaks. Added to the more
severe thermal environment is the vibration levels experienced during the boost phase of
launch plus the one-hundred missions life requirement of the Orbiter. Due to this, we
realize that off-the-shelf antennas are not likely candidates.

Installation philosophy of the TPS on the Orbiter does not facilitate ease of antenna change
out or maintenance schedules. This makes the elements life the same as that of the vehicle
which is ten years. The TPS antenna interface configuration is shown in Table II. The
Space Shuttle vehicle may experience a lightning strike at any time during atmospheric
flight. Therefore, the Orbiter antennas are designed to survive lightning strikes with peak 



TABLE 1.  SELECTED ANTENNA TYPES & FUNCTION

TABLE II.  MULTIPLE-LAYER TPS ANTENNA INTERFACE
CONFIGURATION

currents of 200K amperes and rates of change of 100K amperes per microsecond. The
antennas must withstand direct effects of lightning which are burning, blasting, coupling of
voltages and currents to structures, causing high pressures associated with shock waves
and magnetic fields. Thus, the antennas are designed and bonded to primary structures
with bonding resistances less than 2.5 milliohms to minimize diffusion coupling. The
radiating structure of the antennas is designed for low susceptibility to lightning effects,
presenting electrical short circuits to energies in the frequency domain of lightning or static
discharges, each with frequencies less than 20 kilohertz.



Development Approach

S-band Quad Antenna   The basic antenna configuration for S-band communications
consists of a set of four CP (circular polarized omni antennas (quad) flush-mounted with
90E spacing around the roll axis of the Orbiter forward fuselage, as illustrated in Figure 1.
This is the same basic arrangement that was employed successfully on the Apollo
command module, and it was originally proposed to purchase “off-the-shelf” Apollo type
helix-in-cavity antennas for installation on the Orbiter. However, additional requirements
in terms of frequeny bandwidth and pattern coverage have prevented implementation of
this plan. Instead, the procurement of a specially developed S-band quad antenna design
has been initiated. The objective will be to meet the new requirements while retaining high
efficiency, reliability, pattern quality, and freedom from environmental effects.

Preliminary design studies at the Rockwell Space Division have shown that the bandwidth
capability of a cylindrical cavity could be increased from 200 MHz (Apollo) to the
required 560 MHz by changing from quartz dielectric loading to a dual-electric filled
cavity. However, laboratory tests have shown that a helix type circular polarization
launcher for the cavity is inherently limited in bandwidth. This led to the preliminary
design and evaluation of other combinations of wideband CP radiating elements and feed
circuits. The following three combinations have emerged as possible candidates.

1. Open-ended, round waveguide radiators with dielectric loading (dual dielectric
arrangement) and turnstile waveguide feed.

2. Open-ended, square waveguide radiator with ridge loading (quad ridge arrangement)
and coaxial hybrid feed.

3. Archimedean spiral with cavity backing and coaxial or stripline balun feed.

A discussion of the relative merits of these elements would be beyond the scope of this
paper, mainly because the full-scale development programs have not yet been conducted.
However, a few key features may be pointed out at this time.

The dual-dielectric filled cavity could be developed to provide a complete and permanent
hermetic seal at the aperture, like the Apollo antenna, with the similar advantages of long
life, high reliability, and high efficiency. The quad-ridge waveguide element would have no
dielectric material.in, or near, the aperture, so it might be expected that damage from
lightning would be less severe. The cavity backed spiral represents a low-cost approach
that would depend on the TPS for environmental protection.



The pattern coverage capability of the basic quad configuration has been measured with
one-tenth scale models of the Orbiter and electrical scale models of candidate antennas at
the NASA/JSC, Houston, anechoic chamber facility (see Figure 7). These measurements
have shown that original estimates and proposals of obtainable coverage were quite correct
refering to the expected lack of coverage in the forward and aft directions. The 1973
change in Orbiter configuration to a smaller, light weight design (150K configuration)
caused some improvement in the forward coverage, at the expense of aft coverage, due to
a new 10E forward slope of the forwad fuselage surfaces. The resulting forward tilting of
the quad antennas causes the aft sector without coverage to be about 40E greater than the
forward sector with similar conditions.

One readily implemented technique for improvement of fore and aft coverage of flush-
mounted circular polarized antennas involves replacement of each omni element with a
linear array of three closely spaced elements with relative amplitudes and phasing adjusted
to control pattern shape. These would be nonsteerable, fixed arrays of omindirectional
elements. Initial computer studies of these nonsteerable, fixed arrays have shown that
maximum beam broadening will occur with the two outer elements operating 180E out of
phase, with respect to the center elements. It is expected that the fore and aft beamwidth
can be increased to 140E, as referred to the 3+ dBci (decibels with respect to a circular
polarized isotropic antenna) gain level. It should be noted that the half-power beamwidth
would be somewhat less than this, since the peak gain could be as high as +8 or 9 dBci.

RDP (radiation distribution plot) measurements obtained at NASA/JSC with a 1/10 scale
Orbiter model (furnished by Rockwell Space Division) have shown that total coverage at
the +3 dBci level would be about 42 percent (of the spherical space) with the originally
proposed single-element quad antennas, whereas it is estimated that four 3-element fixed
arrays could provide 78 percent coverage.

S-band Hemi Antenna   The quad and hemi antenna specifications are similar, except that
the latter is required to have beam broadening out to 140E beamwidth for all (azimuth)
directions, not just the fore and aft directions. The initial computer studies have shown that
the desired results could be obtained with a seven element fixed array, using the same
element types and spacing as in the quad antenna. Again, the outer elements would operate
at considerably reduced amplitudes and 180E out of phase with respect to the central
element.

S-band Payload Antenna   The payload antenna will produce a circular polarized
broadside beam with gain and pattern requirements less severe than those for the above
described antennas. It is, therefore, planned to employ only a single element, which could
be essentially identical to the central element of a quad array antenna. Future
environmental tests of element types might lead to a different result, however, due to the
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high lightning susceptibility of the top centerline location. Another problem area has arisen
from the requirement of at least 70 db isolation between the payload antenna and the quad
antennas. Numerous approaches for improvement of S-band isolation could be followed,
such as the addition of annular slot traps around the antennas or the addition of lossy
material to one or more of the TPS dielectric lavers and/or the surface of the supporting
structure.

C-band Altimeter Antennas   The altimeter horn antennas will require additional
development work to solve the antenna/TPS interface problems. It has been determined
that patterns, impedance match, and isolation levels are all impaired to some extent by the
addition of a TPS layup consisting of the first five items in Table II, and with a two-inch
thickness of RSI-900 tile, (Lockheed LI-900). One of the developmental problems will be
the determination of the additional electrical effects of adding the honeycomb carrier panel
(structural support) and the moisture avoidance pad (seal), listed as items 6 through 9 in
Table II.

Another problem has arisen from the fact that modification to the TPS, for the purpose of
antenna pattern and/or impedance improvement, is generally not acceptable from the
standpoint of thermal or structural design. Therefore, studies will be required to ascertain
(a) which of the electrical effects are large enough to require corrective design, and (b)
whether redesign of the antenna might achieve the desired results, without altering the
TPS. If necessary, specially designed TPS tile (antenna windows) could be installed at a
last resort.

L-Band TACAN Antennas   The electrical performance of the TACAN annular slot
antennas may also be affected by the addition of TPS, especially the lower antennas due to
the TPS thickness being about twice as great as for the upper antennas. On the other hand,
the operating wavelength at L-band will be four times the C-band wavelength, so the
effects will be less severe. This conclusion is based on preliminary tests of patterns and
impedance of a commercial TACAN antenna with simulated TPS tile consisting of
polystyrene foam.2 It should be emphasized that the 1973-1974 TPS designs are only
preliminary and are being continually changed. Therefore, all of the statements and
conclusions in this paper relating to TPS would be subject to change after release of the
final TPS design in November 1974. Scale model pattern and RDP tests at NASA/ JSC of
the TACAN annular slot have shown that installation of a pair of these antennas on the top
and bottom of the fuselage will provide complete coverage, except for the upper aft region
and the usual null regions in line with the antenna axes. Accordingly, a pair of annular slots 



is being provided for each of the three TACAN sets, thus satisfying the tripleredundancy
requirements.

UHF/ATC Antenna   NASA/JSC pattern and RDP tests of a 1/10 scale UHF single
cavity annular slot antenna model provided excellent results, with good hemispherical
coverage similar to that obtained with the 1/10 scale TACAN models. This model also
provided a good impedance match over the lower half of the required frequency band (225
to 400 MHz full-scale, or 2,250 to 4,000 MHz for 1/10 scale.)

The development approach planned for achieving the required bandwidth includes the
investigation of both two-cavity and three-cavity annular slot configurations. The structural
interface requirements are such that it became necessary to specify a 22-inch square
configuration for the UHF antenna cavity. Since single cavity annular slots have been
successfully converted to square configurations without difficulty, it seems likely that this
could also be achieved with multiple cavities.

It is anticipated that the antenna/TPS interface problem. will require considerable
developmental effort in terms of the thermal, vibration and structural aspects because of
the relatively large size of this antenna. Some effort has been expended on theoretical
analysis in these areas, and it now appears that the next step should be environmental tests
of full-scale models. No difficulty is expected in terms of TPS electrical effects, for the
reason that the total TPS thickness is a small fraction of a wavelength.

Ku-Band NSBLS Antenna   The design of the MSBLS antenna will be similar to the
commercially available taper-cut horn antennas for microwave landing systems. It is not
expected that the electrical development problems will be difficult to solve, since the
inherently tapered transition at the antenna/TPS interface causes the impedance mismatch
to be distributed and partially cancelled out. On the other hand, the oblique transmission
angle through the TPS will tend to cause appreciable distortions of the radiated patterns.
The development approach will be to provide compensation in the antenna design to
correct for pattern distortion.

Conclusions   Contracted research and development technology studies, plus scale model
antenna/Orbiter pattern tests, have led to a firm choice of antenna types, except S-band, for
all frequency bands.

The environment conditions have been the major driver in selection of design types and
configuration, with the effects of lightning exposure being the most severe in terms of
precipitating failures or reducing the life expectancy of elements. The thermal environment
can be handled by judicious selection and use of materials or providing some thermal
conditioning for the extreme low temperature.



Figure 1. - Antenna locations and coordinate system - Orbiter 103

Figure 2. - Space Shuttle ascent geometry.



Figure 3. - 0n-orbit FM services.

Figure 4. - On-orbit TDRS PM-service.



Figure 5. - TACAN L-band link.

Figure 6. - MSBLS antennas



Figure 7. - S-band quad antenna coverage sectors.



RENDEZVOUS RADAR FOR SPACE SHUTTLE ORBITER VEHICLE
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Summary.   To successfully complete many of the Space Shuttle Program proposed
missions involving Orbiter rendezvous with orbiting satellites, some method of detecting
and tracking remote targets is desirable. Several studies to establish the requirements for a
rendezvous radar system indicated the feasibility of the concept. Extensive application of
state of the art components is possible, and system parameters can be determined in a
general sense to avoid impacting Orbiter development. Considerations of size and weight
are necessary to the choice of any system, as well as the operational capabilities of the
candidate. Two radar systems appeared to meet the requirements: a microwave radar and a
laser radar. Although the laser radar was highly competitive, difficulty was encountered in
assessing the operational risk of such a system. The microwave radar was therefore
selected as the rendezvous sensor most suitable for Space Shuttle Program use.

Introduction.   Among the multipurpose functions of the Space Shuttle Orbiter is the
routine rendezvous of the vehicle with a variety of orbiting spacecraft. In addition,
rendezvous is accomplished over a broad range of orbit parameters. A high level of
operational flexibility can be obtained with the use of a sensor that facilitates rendezvous
with minimum ground assistance. The Orbiter is the active, maneuvering vehicle so that
the effect of using a sensor is to limit fuel consumption during rendezvous maneuvering to
a level compatible with the Orbiter reaction control system (RCS).

The evaluation of a sensor for rendezvous use is the result of a series of design studies that
investigated the expected performance of microwave radar and laser sensor systems,
passive and cooperative targets, navigation system errors, specific model mission
requirements, installation limitations on the Orbiter vehicle, and the parameters to be
measured by the sensors plus the required measurement accuracies. The conceptual design
of a microwave radar based on these elements is discussed in this presentation. The sensor
design has been carried only to the point of determining the installation and performance
impact on the Orbiter. Some subjective judgments in selecting a rendezvous sensor
concept were inevitable, since the reconciliation of claims of improvement in the state of
sensor art with overall Orbiter program goals is not always definable in quantitative terms.



This discussion presents the basis for the use of a rendezvous sensor on the Orbiter and the
development of the sensor operational requirements, followed by the results of a trade
study to select a sensor concept. Since a requirement for detecting and tracking passive
targets, independent of ground assistance and ambient lighting conditions, is basic, the
trade study was narrowed to a comparison of microwave and laser (optical) radar systems
in the “skin” tracking mode. A microwave radar was selected.

Characteristics are described for a radar system that will meet Orbiter requirements,
considering target models, mission parameters, installation constraints, and the limitations
of available technology. Radar parameters were defined in as general a way as possible to
give wide latitude in selecting a realistic design. The result is a description of the
significant installed system characteristics.

Why a Rendezvous Sensor for Shuttle Orbiter?   The large number and variety of
missions envisioned for the Shuttle Orbiter leads to the conclusion that missions requiring
rendezvous with unmanned satellites must be as independent of ground assistance as
feasible. Independence can be obtained in large degree by an autonomous navigation
system on the Orbiter. However, reasonable autonomous navigation requires periodic
updating during a mission, and time to perform updating is not always available. This
indicates that a requirement for an onboard rendezvous sensor would be advantageous to
preclude excessive fuel consumption or the possibility of incomplete rendezvous.

For each instance during which rendezvous with an unmanned satellite is a primary Orbiter
mission requirement, a time is imposed for rendezvous completion. The constraint is not
severe or even limiting for some missions, but in the case of one specific mission, the time
available to complete rendezvous is short by space operating standards. The time-
constrained mission, which for study purposes is designated Mission III-B, requires the
retrieval of an unmanned satellite in a single orbit. Mission III-B is commonly referred to
as the “once-around mission” in that the Orbiter is launched in a polar orbit, retrieves an
unmanned satellite, deorbits, and lands in essentially one revolution around the earth. The
are shown diagrammatically in Figure 1. Consideration of the detailed mission time line
indicates dramatically the the accomplishment of rendezvous.

A summary of the time history of the dynamic parameters for Mission III-B is given in
Figure 2 for one case of navigation system errors. The case illustrated in Figure 2 is
pessimistic and is used for illustrative purposes. From the data in the figure, however,
basic radar system parameters can be deduced, since the angle uncertainty of the target
relative to the Orbiter increases rapidly as the range to the target decreases. Thus, short-
range detection requires large angular search in a short time. To decrease angle search
requirements, detection range should be as large as possible. But mission events after
insertion, which are not shown in the figure, preclude radar operation prior to a range of



approximately 7.5 nautical miles, that is until 4 minutes after insertion. The time available
for target detection and acquisition is limited. Without a rendezvous sensor, target location
and Orbiter control to effect rendezvous would have a low probability of success.

The second type of rendezvous, which is not nearly so time-constrained, is essentially a
multiple orbit, coplanar maneuver and is initiated at a range between 200 and 300 nautical
miles. A typical relative motion plot for long-range rendezvous is presented in Figure 3.
Since an active sensor capable of detecting a target at 300 nautical miles would be
excessively large, this type of rendezvous with passive targets depends on optical
detection and tracking during the initial phases of rendezvous. The optical tracker is not a
separate instrument but rather one of the star sensors on the Orbiter whose primary
function is navigation system updating. It detects and tracks targets in angle only using
reflected sunlight. Rendezvous is therefore initiated on the assumption that the target is
sunlit. Because the star sensor is useful only when the target is illumiated by the sun, at
some range it is necessary to switch to an active sensor for the terminal phase of
rendezvous. If the target is not sunlit at initiation, it is possible to start rendezvous at long
range from ground-supplied target information and navigation system update. An active
sensor is then extremely useful during the terminal phase of rendezvous in reducing RCS
fuel consumption. The effect of sensor range on RCS fuel use is shown in Figure 4. From
Figure 4, it can be seen that a sensor detection range of approximately 30 nautical miles
imposes a small increase in )V requirements, but if the detection range is shorter than 10
nautical miles the )V requirements increase rapidly. Since a change in Orbiter velocity of
one ft/s uses approximately 28 pounds of RCS fuel, a sensor detection range between 10
and 30 nautical miles is advantageous. The values given in Figure 4 are not absolute; they
vary depending upon the model selected for the onboard navigator and the time from the
last navigation system update.

Of significance in sensor performance requirement definition is the rate at which angle
errors build-up as a function of range from the Orbiter to the target for the terminal phase
of long-range rendezvous. The dynamics leading to the data in Figure 4 are based on an
angular build-up rate (Figure 5). It can be seen that at ranges greater than 12 nautical miles
the angular error is quite small, but as range decreases the angle uncertainty in target
location increases rapidly. For short range detection, it is again necessary for a sensor to
search large angle uncertainties “to find” the target.

For those missions during which rendezvous is to be accomplished without ground
assistance, a cooperative rendezvous sensor mode must also be provided. The cooperative
mode requires a beacon-transponder on the target for long-range detection and tracking.

The angle uncertainties of target location and consequent fuel penalties associated with
rendezvous indicate the utility of a rendezvous sensor. However, additional considerations



fortify the functional utility of a sensor that measures the spatial coordinates of the target
relative to the Orbiter and the rate of change of the spatial coordinates. In theory, the
rendezvous phase can be conducted automatically under the control of the central
computer of the Orbiter once the target is acquired and tracked by the rendezvous sensor.
However, in actuality, the rendezvous is conducted under the supervision of the Orbiter
crew at short range where velocity changes are used to slow the Orbiter to zero relative
velocity with respect to the target. Maneuvering the Orbiter relative to the target may also
be necessary at short range to obtain the correct position for docking.

Sensor measurements most useful for optimizing the man-machine interface are difficult to
establish analytically. Therefore, a man-in-the-loop simulation study was conducted at the
NASA L.B. Johnson Space Center to define quantitative limits on rendezvous sensor
performance. A concomitant to rendezvous sensor performance definition was the
demonstration of the ability of astronauts to achieve rendezvous with the aid of a properly
configured sensor.

Sensor Performance Requirements.   Analytical study results, sensor performance
capabilities, and man-in-the-loop simulation have been combined into a set of performance
requirements. The sensor requirements for passive target rendezvous are summarized in
Table 1. These requirements were not established in one step but represent the results of
an iterative process. This is perhaps best illustrated by the detection range requirements for
long-range rendezvous. From Figure 4, it is obvious that a sensor detection range of
approximately 60 nautical miles would conserve RCS fuel. A sensor for passive detection
of a reasonably sized target at this range would impose a severe penalty on the Orbiter.
Since detection at 30 nautical miles requires only a modest increase in RCS fuel, a
reduction in sensor performance of 12 dB results because of the inverse fourth power
dependence on range. But a sensor configured for 30 nautical miles detection could not be
installed on the Orbiter without major impact. Further study established that the RCS fuel
capacity on the Orbiter was sufficient to support rendezvous maneuvers for a sensor
detection range which resulted in good measured data at 10 nautical miles. The sensor to
support a 10-nautical-mile range could be installed on the Orbiter vehicle and this value
was adopted.

The parameter measurement accuracies given in Table 1 are in terms of random and bias
errors. The types of errors are distinguished primarily by their expected duration. For
specification purposes, bias errors are considered to be those measurement errors that are
constant over a period of time of sensor operation.



Table 1.  Rendezvous Sensor Performance Requirements

Measurement or
System Characteristic Requirements How Established

Angle search limits

Detection -
acquisition range

±50 deg about
LOS - 2 axes

10 - 12 nm

• Computer studies: III-B and
Baseline Navigator

• Orbiter limit cycle
• Deployment bias
• Navigation system designation

accuracy

• Computer studies
• Navigation system accuracy
• Expected target size

TRACKING PARAMETERS - Accuracies are 3F

Range

Angle
(±10 deg about LOS)

Range rate

Angle rate

10 nm to 100 ft
±0.01R

±10 mr random,
60 mr bias*

±1 ft/s

0.14 mr/s

• Range rat e accuracy requirements
• Computer studies
• Man-in-the-loop simulation at JSC

• Man-in-the-loop simulations at
JSC

• Angle rate accuracy requirements
• Computer studies

• Man-in-the-loop simulation at JSC

• Man-in-the-loop simulation at JSC

*Bias error of 3 degrees (60 mr) imposes increased RCS weight of 112 pounds.

What Form of Rendezvous Sensor is Optimum?   From the sensor requirements for
both passive and cooperative targets, the detection problem associated with target location
uncertainties, the parameters to be measured, and the required measurement accuracies, no
single optimum approach to rendezvous sensor selection is obvious. Claims can be made
for a variety of sensing techniques, but for passive target detection and tracking with
measurement of range and range rate as well as angle parameters, straightforward solution
to the rendezvous sensor problem appears to be a microwave radar patterned after a
conventional airborne fire control radar. The technology of fire control radar is highly
developed and meets substantially all of the rendezvous sensor requirements. However, in
an operational system the penalty in size, weight, and power imposed by the rendezvous



sensor may be sufficiently large that alternate techniques could be advantageous.

The operational flexibility afforded by a “skin” tracking mode (target surface reflection)
narrowed the field of suitable sensor types to a choice between a microwave radar and an
optical radar based on laser technology. A detailed trade study was performed to establish
a basis for a selection. The results favored a laser radar if such a system is considered
realistic. Efforts to obtain assurance that an advanced laser radar does not represent high
technical risk were not fruitful, so the microwave radar was selected.

The trade study conclusion was enhanced by the emergence of wideband data
communication requirements for the Orbiter. Data rates postulated for wideband
communications were sufficiently high that the use of a high-gain antenna on the Orbiter is
necessary to constrain transmitter power. Later studies determined that the use of a
common high-gain antenna for the rendezvous radar and high data rate communications is
feasible and that the selection of a microwave radar afforded an advantageous growth
potential for the equipment on the Orbiter.

In a short report it is not possible to discuss the detailed design studies which isolated the
trade factors between microwave and optical radar. However, a competitive laser radar
design concept emerged based on heterodyne detection. Heterodyne laser radar systems
are conceptually identical to microwave systems with the distinction that in the optical
portion of the spectrum different techniques are used to obtain equivalent effects. The
flexibility of design afforded by optical technology is available to the optical (laser) radar
designer. A truly lightweight laser radar using CW transmission evolved as the basic
competitive approach with a microwave radar.

The CW laser radar system is a relatively straightforward design based on a radiated
power of 5 watts. An optical schematic of a CW laser radar is shown in Figure 6. The
operating wavelength is 10.6 microns because of available CO2 sealed-off lasers. A
common aperture is used for transmission and reception (transceiver) and coherent
heterodyne detection is used. Local oscillator power for heterodyne detection is obtained
from a separate laser. The local oscillator is locked to the transmitter to maintain temporal
coherence. The local oscillator is also used to remove the Doppler frequency from the
received signal. This is necessary to reduce the IF bandwidth, since Doppler sensitivity is
high at a wavelength of 10.6 microns, of the order of 62 kHz/ft/s. The characteristics and
performance of the CW heterodyne laser radar are given in Table 2.

Ranging is accomplished by linear FM modulation of the transmitter and local oscillator.
The frequency modulator is a piezoelectric crystal which mechanically modulates the
length of the laser cavity. It is a commonly used approach in laser communications systems
but has yet to be demonstrated as a useful ranging technique in CW laser operation for 



Table 2. Coherent CW Laser Search and Track Radar
Characteristics and Performance Summary

Item Characteristics

Baseline System

Operating wavelength
Laser power
Detector quantum efficiency
Laser power X aperture area
Weight (telescope/gimbal)
Detector temperature
Size

Performance

Search/detection  

Track
Angle accuracy
Range accuracy
Range rate accuracy

Margin
Detection probability = 0.99
Detection probability = 0.90

10.6µ
5 watts
0.25
0.05 watt M2

25 lb
78EK
8 x 12 x 18 in.

S/N $ 17 dB
T/N = 13.5 dB

< 1 mrad
<< 100 ft
< 1 ft/s

- 5.2 dB
- 8.2 dB

long ranges. Time of flight considerations require range compensation of the receive
optics. This is accomplished internally by a driven mirror.

Two-dimensional angle scanning is achieved by a scanning mirror in one axis and a gimbal
drive in the orthogonal axis, which produces a raster scan with variable spacing between
scan lines. Scan rates and acquisition times can be held to a reasonable level for extended
targets, This follows from the narrow beamwidths encountered in optical systems with the
result that targets are generally larger than the beamwidth for ranges shorter than 30
nautical miles. This condition is opposite that of the microwave radar for which the target
is considered a point source during detection. At optical frequencies a 10-cm aperture has
a beamwidth of 0.1 milliradian or less. At a range of 10 nautical miles, the beam diameter
is approximately two meters, and large targets may subtend several beamwidths. Thus a
spaced or nonoverlapping raster scan can be used in the search mode.



Power calculations are based on a target reflectivity of 20 percent and diffuse (Lambertian)
scattering. But real targets may be specular so that diffraction produces a lobed model. A
significant increase in laser system performance would be required for specular targets.
Before a laser radar is selected it would first be necessary to obtain actual target scattering
data.

Trade Study Results.   It was established that the CW laser radar approach is highly
competitive with the microwave radar in meeting the requirements of the rendezvous
sensor in the skin track mode. The system in Figure 6 is flexible, lightweight (less than 100
pounds) and low power. It is based on available CO2 laser technology and longwave IR
optical tracker technology. It requires cryogenic cooling of the detector for high quantum
efficiency, although cooled optics are not required. When compared with a microwave
radar, however, it has a high technical risk. This conclusion is based on the data in
Table 3, which is a summary of the comparison of laser and microwave technology.

Design Constraints. A radar system design represents a series of design compromises. The
resulting design meets operational requirements to the extent that these requirements are
also subject to adjustment as the characteristics of the Orbiter and its subsystem are more
fully defined. However, in a concept as complex as the Orbiter, it is frequently necessary
to start with a set of operational conditions and uses in order to proceed with a system
design. One of the first orders of priority in the development of the Orbiter is a realistic
definition of each operating subsystem, so as to properly aportion space and power and to
control total Orbiter weight. Early definition of subsystem characteristics is then basic to
the orderly development of the Orbiter vehicle.

In performing this task, it is to be expected that an iterative approach is essential, because
an early subsystem concept may be displaced by a modification of requirements or by the
use of alternate design approaches. Thus, the rendezvous sensor approach discussed is a
first order design to establish general sensor subsystem characteristics without precluding
alternate approaches. In specific areas of parameter measurement, actual mechanizations
are considered and the measurement results compared. Significant parameters are
identified for the purpose of determining the installation impact on the Orbiter.

Radar Target Model.   The design of a sensor requires a definition of what is to be
sensed. For microwave radar a target is defined in terms of its radar cross section. For
targets that are large relative to wavelength, the statement of a radar cross section implies
an average cross section, since for large targets interference effects produce a lobed
structure. Consequently, the reflectivity pattern of most targets is a function of aspect
angle. This effect is present to some extent in all distributed targets, except for spherical
shapes. A typical large target such as an Agena spacecraft has a measured reflectivity
pattern, as shown in Figure 7. When a large target is in motion relative to a radar, it is not



Table 3.  Technical Risk Comparison of Microwave and
Laser Radar Technology

Parameter Microwave Radar Laser Radar

Design/development problem Assembly of system using well-
proven techniques

Assembly of system from non-
matured techniques

Availability of proven
subassemblies and components

Multitude of past systems from
which to choose (basically cata
log items)

Transmitter and receiver
components must be developed

Similarity to prior systems Numerous aircraft radars and
Gemini/Apollo space radars

Experimental systems only - no
space experience

Production experience 30 years None

Reliability Experience allows confidence in
MTBF - technology mature

Can only calculate MTBF - at
start of maturity curve

Industry base Many qualified companies Few qualified companies

Recent programs Problems found solvable Several CO2 programs cancelled
prior to qualification

Detector problem None Shelf life; requires cryogenic
cooling, very critical - unknown
aging characteristics

Target • Good history to assure ability
to determine PD

• Target characteristics change
very little with age

• Performance against irregular
target not well predictable -
target characteristics may
change with age

possible to predict what part of the target is being illuminated. Furthermore, as the target
moves, the illumination direction varies. Target cross section variation is referred to as
“scintillation.”

The magnitude of target cross section is a statistical variable, and in radar detection theory,
it is defined ideally as an exponential probability density in power or a Rayleigh
probability density in amplitude. In addition to the density functions, it is necessary to
establish the rate at which the target produces a fluctuating return for a radar in search
mode. Slow variations are defined relative to the angle search rate as those which are
constant on one antenna angle scan but which vary from scan to scan. Rapid variations
change fast enough that during the time the radar antenna beam illuminates the target
several independent target amplitude samples are obtained. The two types of scintillation



1 P. Swerling, “Probability of Detection for Fluctuating Targets,” IRE Trans Information Theory,
Vol II-6; April 1960.

are referred to as Case I and Case II, after the work of P. Swerling.1 The definition of a
target model is an approximation but is a useful engineering procedure for determining
required radar performance.

The significance of the two cases is that, for most detection situations, the target
scintillates slowly and a Case I model applies. But Case II-that is, independent returns on a
sample-to-sample basis-is advantageous when a high probability of detection is required in
a short period of time. It has become the practice in search radar system design to induce
rapid target fluctuation by incorporating frequency diversity in the radar. This has the net
effect of changing the lobed structure spatial distribution of the target scattering pattern
and thereby increasing the probability of obtaining one or more samples of target return
during the time that the target is within the antenna beam. Target site or radar cross section
is not increased, but the probability is greater that the target cross section is near the
average on a single “look” or antenna dwell. The amount of frequency change necessary to
obtain independence from pulse to pulse or pulse group to pulse group is determined by
the power covariance function of the reflected signal. Decorrelated returns occur when this
function is numerically small, and a change in frequency of                  is used. C is the
speed of light and L the target length. Thus, for a 10-meter target, the required frequency
change is )f = 15 MHz. This assumes that L >> 8. Measurements on real targets using
frequency diversity indicate that somewhat larger frequency shifts are required to obtain
independent samples, so that shifts of the order of 25 to 50 MHz are used from sample to
sample; and a total of five independent samples of frequency steps are used.

Target Search Requirements.   Radar sizing is usually more sensitive to detection
requirements than measurement accuracy, since if the required detection probability is
high, a radar can track all closing targets detected. Target search limits the amount of
energy reflected from a target as target location uncertainty is searched systematically. If
the target is continuously illuminated, then the detection problem becomes trivial. The
most significant effect of uncertainties encountered in rendezvous target acquisition is
created by the angular position of the target relative to the Orbiter. For the long-range
rendezvous mode, acquisition can be achieved by an angular scan of approximately ±20
degrees in each of two angular coordinates about the line of sight from the Orbiter to the
target. This more than covers the three-sigma random angle errors as well as all systematic
bias errors. Therefore, for long range rendezvous missions, the radar antenna searches an
angular field of 40 by 40 degrees.

The effect of range uncertainty is relatively modest, and range search is not required. For
the once-around mission, angle uncertainty can be quite large. For system sizing purposes, 



an angular search field of 90 by 90 degrees is used, although a decrease in navigation
errors during the launch phase may permit a reduction of this value.

The effects of angle search on performance requirements are directly related to the time
that a target is within the antenna beam, as the beam is systematically directed over the
angular search field. The dwell time on the target can be shown to be given approximately
by

The value of the constant k is determined by the dual requirement of overlapping
successive scan lines in the raster scan and the time required to stop the antenna on each
scan line before commencing the next. For design purposes, the following values are used:
elevation overlap - 30 percent and turnaround time - 20 percent per scan line.

For a given search frame time and total search field, the antenna scan rate is shown in
Figure 8 with search field size as a parameter. The data are for a beamwidth of 2.76
degrees. For a real antenna, a practical upper limit exists on scan speed. The upper limit is
not absolute, but a value of 120 degrees per second is used as a greatest upper bound. For
the same antenna, the dwell time on a target is shown in Figure 9. Since long dwell times
are advantageous, it follows that, as the search field increases, the frame time should be
increased. The basic trade among scan speed, antenna beamwidth, and time on target
presents a conflict, because the gain of a symmetrical antenna can be represented as

and if this is substituted into the expression for dwell time, then



This represents a basic conflict of high antenna gain and long target dwell time for a fixed
frame time.

Installation Location on Orbiter.   In contrast to the usual installation of fire control
radar in aircraft in which the nose is a useful installation area, the Orbiter vehicle has no
convenient volume for installing a high-gain antenna. This results primarily from the
requirements for reentry, since most of the available vehicle surface area is covered with
thermal protective material. This material is not transparent to microwaves, and the Orbiter
nose, which would be a convenient location, would have to be opened for radar operation.
This represents a flight safety problem, since reentry would not be possible with the nose
open, and a heavy weight penalty caused by redundant closing mechanisms. The design
philosophy has been extended to all of the principal surfaces of the vehicle, which obviates
windows or doors for installing and deploying a high-gain antenna. An exception is the
payload bay where doors are provided for payload deployment and retrieval during orbital
operations. However, the payload bay is configured to hold the largest payload the Orbiter
must carry into orbit for deployment and subsequent retrieval, and any deployable antenna
cannot interfere with useful payload volume.

The installation dilemma was resolved, as shown in Figure 10, where an unfilled volume
exists between the skin line of the largest payload and the payload bay door in the forward
portion of the payload bay. The available volume is adequate for installation of a 20-inch
diameter parabolic reflector on a two-axis gimbaled structure. To obtain adequate reflector
illumination, a rear feed Cassegrainian antenna is used. The antenna shown was chosen to
demonstrate the adequacy of the available installation volume, and further study may
determine that an alternate design is more suitable. As currently configured, the antenna
and all microwave components are located on a deployment boom, but only waveguide
and receiver components are inside the gimbals so that rotary joints are required for the
transmitted power. The use of the antenna for rendezvous in the position shown is
adequate with the attitude of the Orbiter during rendezvous along the -Z body axis.

Radar Parameter Development.   The characteristics of the rendezvous radar can be
developed to a large extent independently of the modulation of the transmitted signal. This
is especially true in target detection, which has a primary influence on radar system size.
Although it is common practice to develop specialized forms of the radar equation, this
approach creates difficulties when several mechanizations are to be compared. Therefore,
for system sizing, it is desirable to keep the analysis as general as possible to determine a
minimum set of characteristics before any attempt is made to particularize the radar design.
This approach has been useful in the development of requirements for the rendezvous
radar, since no selection of a design has been made. Basic to this is the assumption that all
radar systems can possess the same design parameters such as antenna gain and noise
figure and operating parameters such as wavelength, range, and target cross section. It is



desirable to isolate the parameters likely to be different for a variety of radar designs. This
approach results in a radar equation of the form

In this form, the equation gives the integrated signal-to-noise ratio used in detection
probability calculations. All radars are definable in this form. Major differences occur in
the time on target, td, and system losses, L. For a discrete sampled system such as a pulsed
radar, it is the integrated signal-to-noise ratio resulting from the summation of the number
of pulses of received signal exchanged with the target during the antenna dwell time. It
points out specifically that target detection is a function of energy rather than power.

If the losses are restricted to real system losses, such as waveguide insertion loss, then the
resulting signal-to-noise ratio is for a matched filter system known to be optimum.
Specifically, if a detection threshold is set for a given probability of false alarm, then for a
matched filter system, the ratio of received energy to noise power per Hertz establishes the
probability of detection which cannot be improved. Real radar systems do not attain ideal
performance, nor are target cross sections constant, so that the loss factor, L, must be
increased depending upon the actual radar system mechanization and the target fluctuation
loss. The loss mechanisms contained in L are determined by the radar mechanization and
target characteristics. Typical loss factors are (1) all real system attenuations and insertion
losses; (2) nonideal integration and detector losses; (3) detection threshold variations; (4)
antenna beam shape (departure from assumed constant gain over the beamwidth); (5)
nonideal IF bandwidth; (6) mechanization losses such as eclipsing in high PRF pulse
Doppler; and (7) target fluctuation loss.
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A detailed analysis of system losses is beyond the scope of this discussion, but it is in the
area of system losses that much of the controversy arises in estimating system
performance. Of particular concern are the losses associated with integration and detection
and the reduction of target fluctuation loss by the use of frequency diversity. These points
are discussed separately. The other losses have been estimated for system sizing purposes
as follows:

Attenuation and insertion loss 3 dB
Threshold 1 dB
Antenna beam shape 1.6 dB
Nonideal IF bandwidth 1.0 dB

Total 6.7 dB

In addition, it is common practice to include an allowance for field degradation of up to
3 dB to account for nonideal operating conditions.

To account for integration and target fluctuation loss, it is first necessary to systematize the
detection procedure. To accomplish this, an acceptable false alarm rate is first set, since
detection of a signal in noise admits a false decision that a signal is present when, in fact,
only noise is present. For sizing purposes, a false alarm rate of one per hour is used. The
number of independent decisions in one hour is related to the system bandwidth, B, and
the false alarm time, tfa, by

The probability of detection is then definable in terms of required signal-to-noise ratio and
false alarm probability. Many sets of standard curves of probability of detection are
available depending upon target definition. A typical set is shown in Figure 112 for a
Swerling Case I target. The comparable curves for a nonfluctuating target are shown in
Figure 12. The signal-to-noise values on the curves are numerics. For bandwidths
encountered in radar, the value of false alarm probability falls between 10-6 to 10-10. It can
be seen from Figure 11 that for high probability of detection the false alarm probability is
not a sensitive parameter.

Because of the short time available for detection, a high probability of detection is
required. Overall, a detection probability of 0.99 is imposed as a requirement to assure a
high probability of accomplishing rendezvous. Also, from a consideration of mission
timeliness one minute is allocated for the required angle search. This can be divided into a
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number of search frames provided that actual antenna scan speed is kept below the
maximum of 120 degrees/second. Then, for a number of frames, n, a cumulative
probability of detection can be defined as

Pc = 1 -(1 - Pd )
n

where

Pc - the cumulative probability of detection
Pd - the single frame detection probability
n - the number of frames or opportunities to detect the target

For realistic antenna beamwidths and scan speeds, the number of frames is no more than
two, and the required Pd is either 0.9 for two frames or 0.99 for one frame. For a Pfa of
10-9, the required signal-to-noise ratio for a Pd of 0.9 is 200 (23 dB) for a fluctuating target
and 39 (14.6 dB) for a nonfluctuating target. The difference is described as fluctuation
loss. In this case, the fluctuation loss is 8.4 dB. But for 0.99 probability of detection in a
single frame the fluctuation loss is 16.2 dB. Frequency diversity is applied to reduce
fluctuation loss. The amount of loss reduction is difficult to establish. One procedures3

recommended is to divide the fluctuation loss in dB by the number of independent steps.
This is a heuristic approach, but it is borne out approximately by theoretical analysis.4

However, for high probability of detection, a measurement program conducted by
Westinghouse5 indicates a maximum of approximately 10 dB improvement for a Pd of 0.99
for a frequency diversity bandwidth of 250 MHz . This is pessimistic compared to the
Barton approach, since for Pd = 0.99, fluctuation loss, Lf, is 16.2 dB and for five frequency
steps

an improvement of 12.6 dB. A realistic compromise appears to be the approach
recommended by Barton up to the point that improvement is 10 dB and then the use of a
maximum of 10 dB improvement.

The loss associated with post-detection integration is another way of expressing the well-
known small signal suppression effect of rectification for detection. The resulting loss
depends on input signal-to-noise ratio. Standard curves for determining integration loss are



given in the paper by D.K. Barton, as well as in most standard texts on radar detection. For
a pulsed radar, it is necessary to know the actual number of pulses integrated before the
effect of integration loss can be fully assessed. An illustration of this point are the data of
Figure 13 from Barton’s paper. The abscissa is entered at the number of pulses integrated
or summed in the post-detection integrator. The parameter on the curves is the required
signal-to-noise ratio for a given Pd and Pfa if a single sample is used in the detection
process. These data are obtained from Figure 11 or 12, depending on the target model. The
integration loss is then read from the ordinate. However, for most radar mechanizations the
number of pulses integrated is between 50 and 200, and the resulting integration loss for a
single sample of 14 dB is approximately 5 dB. This value is used for sizing purposes and
can be verified once a firm mechanization is established. The losses are summarized in
Table 4 for single scan detection probabilities of 0.9 and 0.99. For power requirement
calculations, the values with frequency diversity are used.

Table 4.  System Loss Summary (values in dB)

Loss

Pd = 0-9  Pd = 0-99

Without
 Freq Div

5-Step
Freq Div

Without
Freq Div

5-Step
Freq Div

System

Integration

Fluctuation

6.7

5.0

8.4

6.7

5.0

1.7(1)

6.7

5.0

16.2

6.7

5.0

6.2(2)

Total 20.1 13.4 27.9 17.9

Radar system sizing is a matter of routine once the losses are established. The question of
operating frequency was originally based on the use of a sufficiently high frequency to
obtain both a high antenna gain and acceptable angular accuracy within the limits of
available components such as transmitter tubes and reasonably low noise receivers. The
original choice of frequency band was 16 to 17 GHz, but this was reduced to 15 GHz
when wideband data communication was added. At 15 GHz, the following system
parameters were established as reasonable design goals using available technology.



Noise figure 8 dB
Antenna gain 35.4 dB (antenna dia 20 inches)
Antenna beamwidth 2.76 degrees

In radar system design a standard temperature of 290EK is commonly used. For an average
radar cross section of one square meter and a Swerling Case I target with frequency
diversity, the system parameters are summarized in Table 5 and the calculation of average
power required is given in Table 6. The long-range rendezvous missions and the short-
range Mission III-B power requirements are essentially identical. As pointed out
previously, it is common practice in radar system design to allow up to 3 dB for field
degradation, so that actual average transmitter power has been set at 40 watts and the
system sized accordingly.

Table 5.  Radar System Parameters (values in meters)



Table 6.  Average Power Requirements

Parameter Measurement Accuracy.   Radar measurement accuracy is determined
essentially by the signal-to-noise ratio and the mechanization used. When accurate angle
estimation is required, a monopulse antenna system is used. When both position and the
rate of change of position are required, it is common practice to mechanize the parameter
measurements separately. Angle position data are measured indirectly by angle “pick-
off’s” on a tracking antenna structure, and separate pick-offs are used for angle rate. The
radar acts as an angle error detector to generate drive signals to antenna servos. Angle
accuracy is dependent upon three essential characteristics: the antenna beamwidth, the
signal-to-noise ratio, and the error slope of the angle error detection characteristic of the
antenna. For the antenna beamwidths at 15 GHz and 20-inch antenna diameter, antenna
angle and angle rate accuracies can be met without difficulty.

When the radar measures parameters directly as with range and range rate a conflict
occurs. Theoretically, range and range rate can be measured simultaneously by judicious
design of the radar transmitted waveform. Practically, however, it is common to optimize
the waveform for either direct range or velocity measurement and derive the associated
parameter. For typical pulse radar, the range is measured directly and the range rate is
determined by differentiating the range. In a pulse Doppler radar, the velocity is measured
directly and range is determined by the solution of an algorithm for resolution of range
ambiguity. An alternative method in a high pulse repetition frequency Doppler radar is to



use a more complex waveform for the transmitted signal and measure range and range rate
simultaneously.

It is at least theoretically possible to meet range and range rate accuracy requirements with
a conventional pulse system provided that range rate data are smoothed sufficiently. But
smoothing requires data delay, so that output velocity may lag actual velocity by as much
as two seconds following an acceleration. The required value of FR is 0.33 ft/s, and a
smoothing time of approximately 3.7 seconds is indicated. A data delay following an
acceleration would be approximately one-half the smoothing time, or two seconds. The
acceptability of this delay remains to be demonstrated.

With Doppler velocity measurement the smoothing time is of the order of 0.25 second, and
a much shorter delay is obtained following an acceleration. The choice of a Doppler or
conventional pulse system is still under study.

Rendezvous Sensor Characteristics.   The significant characteristics of the rendezvous
radar that impact the installation and use of the sensor on the Orbiter are given in Table 7.
It would be premature to define a mechanization in detail. Based on performance
requirements and Orbiter interfaces, it has been possible to establish size and form factors
for the radar to an extent that permits orderly development of the Orbiter vehicle.

Table 7.  Significant Radar Characteristics

Antenna:

Diameter
Feed
Angle tracking
Beamwidth
Gain
Location
Gimbals

Operating frequency
Frequency diversity
Transmit power
Transmitter cooling
Total power

20 inches
Cassegrainian
4-horn monopulse - amplitude-amplitude
2.76 degrees
35.4 dB
Deployed on boom
2 axis

15 GHz nominal
250 MHz in 5 steps
40 Watts average
Radiative
600 Watts



The radar as installed in the Orbiter is divided between a deployed assembly and an
electronic assembly. It is installed in a controlled environment outside of the payload bay.
The total installed weight is in the range of 150 pounds.

Conclusions.   Design and trade studies have been conducted on the impact of a
rendezvous sensor for the Space Shuttle Orbiter vehicle. To minimize technical risk, a
microwave radar was chosen. The performance requirements for the rendezvous radar are
similar to airborne fire control radar except that the detection probability is substantially
higher. This follows from the fact that a high probability of success of the rendezvous
mission is required.

The general form and principal characteristics of the rendezvous radar are defined, so that
adequate provision can be made on the Orbiter vehicle at an early stage in the vehicle
development. The actual mechanization of the radar has not been selected, but the
simultaneous measurement of range and range rate to a high level of accuracy can be
expected to add complexity to the radar.

Figure 1.  Mission III-B Figure 2.  Mission III-B Dynamics
Orbital Geometry Relative Motion



Figure 3.  Nominal Long-Range Rendezvous Profile

Figure 4.  Long-Range Rendezvous Figure 5.  Long-Range Rendezvous
RCS )V Required as a Function Terminal Phase Angle Uncertainty

 of Sensor Operating Range



Figure 6.  Optical Schematic of Figure 7.  Measured Radar Cross
CW Laser Radar Section of Agena Spacecraft

at X Band

Figure 8.  Required Angle Scan Rate



Figure 9.  Target Dwell Time in Search Beam Width

Figure 10.  Rendezvous Radar



Figure 11.  Probability of Detection Figure 12.  Probability of Detection of
Versus False Alarm Probability for a a Steady-Target Versus Probability
Swerling Case I Fluctuating Target of False Alarm

Figure 13.  Integration Loss Versus Number of Pulses
Integrated for Different Values of Single-Pulse SNR
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CARRIER TRACKING, BIT SYNCHRONIZATION, AND CODING
FOR S-BAND COMMUNICATIONS LINKS1
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Summary.   This paper presents the results of a study of the performance of Viterbi-
decoded convolutional codes in the presence of nonideal carrier tracking and bit
synchronization. A constraint length 7, rate 1/3 convolutional code and parameters suitable
for the Space Shuttle coded communications links are used. Mathematical models are
developed and theoretical and simulation results are obtained to determine the tracking and
acquisition performance of the system.

It is shown that the combined Eb/No degradation due to nonideal carrier tracking and bit
synchronization over that required for the ideal tracking case can be held to less than
1.5 dB and that combined carrier tracking and bit timing can be acquired in only a few
seconds for the parameters and operating ranges of the Space Shuttle coded
communications links.

Introduction.   The successful application of convolutional coding depends on the careful
design of the carrier and bit timing tracking loops. This is especially true with low rate
codes where the channel symbol energy-to-noise ratio, Es/No, may be quite small. Here
theoretical and computer simulation results are used to determine the impact of practical
bit synchronizer and carrier tracking loops on the coded system performance.

Figure 1 gives a functional block diagram of the coded communications link. This paper,
just as the study it represents [1], is organized from the user outward. Since LINKABIT
has performed extensive computer simulations and hardware implemented a K=7, R=1/3
Viterbi-decoded convolutional coding system, the ideal demodulation and tracking
performance of the system is available for comparison with that of the nonideal cases
considered here.

The first section treats the design and impact on decoder performance of a practical bit
synchronizer for the BIN-L binary PSK modulation used. In addition to tracking 



simulations to determine the degradation in decoded bit error probability, considerable
attention and simulations are devoted to synchronizer loop acquisition performance.

The following section incorporates the effects of the carrier tracking loop. Both Costas and
decision-directed loops are considered, with considerable performance improvement
demonstrated by the latter. Simulation results are obtained for decoder performance
degradation due to the combination of bit synchronizer and carrier tracking loops, as well
as for the joint acquisition behavior of both loops.

Bit Synchronizer Effect on Coded Performance.   The extensive literature available on
the subject of bit synchronizers ([2]-[4] among many) deals almost exclusively with the
problem of synchronization of a bit stream which employs NRZ-L modulation. Practically
none of the references have addressed in any significant detail the problem for BIN-L
modulation which is used in this application. This form of modulation offers both
advantages and disadvantages for acquiring and tracking the bit or symbol timing.

The obvious advantage is that since a transition is provided with certainty during each bit
period, a greater effective signal-to-noise ratio is guaranteed in the tracking loop. This is
particularly useful during acquisition. It also avoids the problem of maintaining
synchronization when a long sequence of zeros or ones occurs in the random data.

There are, however, some potential disadvantages of BIN-L modulation. These are, in
order of importance:

a) A given fixed timing error will degrade BIN-L somewhat more than it degrades
NRZ-L modulation; this will be partially or completely offset by the reduction in
timing error achieved by the BIN-L loop.

b) A bit synchronization loop for BIN-L exhibits a two-way ambiguity, with the
possibility of locking with a half-bit timing error. This condition can be detected
and corrected.

c) The bandwidth occupancy is approximately double that of NRZ-L. Bandwidth
occupancy is not likely to be particularly significant in the Space Shuttle
application, other than that for a fixed predetection filter, signals with wider
bandwidths will be more susceptible to intersymbol interference effects.

Bit synchronizers are members of the class of tracking and synchronization systems whose
performance may be evaluated by the classical phase-locked loop analysis ([2], [5]). In
addition, bit synchronizer performance is measured by the degradation suffered due to
timing errors in the soft decision decoder inputs, whose timing is derived by the



synchronizer. This, in fact, is the most important parameter in the Space Shuttle
application.

Numerous types of error detectors are possible. Basically they derive an error signal by
integrating over the expected data transitions. With BIN-L modulation usually only the
guaranteed center transition is used. The transitions between symbols can also be used.
However, in this application the added implementation complexity of using the edge
transitions is not necessary. The choice of gate width for the integration is governed by the
values of the input and desired loop SNR and dynamic range. The narrower the gate, the
higher the loop SNR for a given noise level; however a narrow gate produces an error
detector characteristic which saturates beyond small timing errors. In this report a gate
width of T/4, where T is the channel symbol time, is used.

Figure 2 gives a functional block diagram of the bit synchronizer used. The loop filter can
be either digital, employing an accumulator and a scaler for a second order loop, or analog.
The VCO can also be either digital, employing an accumulator and a crystal-controlled
clock, or analog.

By making enough simplifying assumptions, this system can be analyzed theoretically. A
better approach is to use the theoretical results to obtain coarse loop parameters, but to
determine the performance by computer simulation. This is the approach used here.

The goal was to design a bit synchronizer capable of tracking frequency uncertainties, i.e.,
timing ramps, of up to 108 Hz without degrading the coded performance by more than
0.5 dB with respect to that of the ideal tracking performance. Simulations showed that
such a synchronizer can be designed. These simulations used second order loops with a
damping factor of 1/%2̄ and the maximum 108 Hz frequency uncertainty. Figure 3 shows
the results for time-loop bandwidth products of 4 x 10-3 and 5 x 10-4, corresponding to
bandwidths of 864 Hz and 108 Hz, respectively, at the 216 kbps channel symbol rate. The
larger bandwidth is used in the acquisition mode.

Since there are no theoretical results available for predicting acquisition times a low signal-
to-noise ratios, the simulation program was used to estimate this time. It was found that at
the threshold value of symbol E/No = -5 dB acquisition times became excessively long for
offsets equal to or greater than the loop bandwidth. However, it was found that by using a
wider loop bandwidth during acquisition the situation was markedly improved. For an
acquisition loop bandwidth of 864 Hz, i.e., 8 times the tracking loop bandwidth, the mean
time to lock with the 108 Hz offset was about 0.08 seconds. In this case the acquisition
time (in symbol times) is defined as the number of symbol times from the start of
acquisition until the first of 4096 consecutive symbol times during which the magnitude of 



the timing error is less than 1/8 symbol time. In practice a somewhat larger acquisition
time would be required to guarantee that with a very high probability the loop is locked.

other acquisition strategies involving stepping or sweeping the VCO over the region of
uncertainity were also investigated. one strategy which was simulated stepped the VCO
over the region of uncertainty in 8 equal steps, using a 864 Hz bandwidth for each step.
Thus the maximum frequency uncertainty per step is 13.5 Hz. The total acquisition time
with this strategy is about 8 times the single step acquisition time. This total time was
found to be about the same as that of the single step strategy of the preceeding paragraph.

Combined Carrier Tracking and Bit Synchronizer Loop Effects on Coded
Performance.   Combined carrier tracking and bit synchronizer performance was
considered for Costas and decision-directed carrier tracking loops.

Figure 4 shows a block diagram of the two types of carrier tracking loops considered.
Without the limiter the diagram represents a Costas loop, with the limiter it is termed a
decision-directed loop. m(t) represents the antipodal modulation, S is the signal power and
n(t) is the wideband Gaussian noise of one-sided power spectral density of No, nc(t) and
ns(t) represent independent in-phase and quadrature noise components.

The discrete time version of the loop used for the computer simulation is shown in
Figure 5. The matched filters are matched to the BIN-L modulation and their timing is
controlled by the bit synchronizer.

As with the bit synchronizer loop, the phase locked loop theory can be used to obtain
coarse estimates of many of the loop parameters. However, computer simulations are
needed to determine the coded tracking performance.

Figure 6 shows the simulated performance of the coded system with both carrier tracking
and bit synchronization loops implemented. A second-order decision-directed carrier
tracking loop and carrier tracking and bit synchronization loop bandwidths of 640 Hz and
160 Hz, respectively, were used. Tracking data was also obtained with a Costas rather
than a decision-directed loop. This data showed that the Costas loop was inferior to the
decision-directed loop for this application.

The 640 Hz carrier loop bandwidth, BL, was selected large enough to obtain a small steady
state phase error, but small enough to make the probability of loss of lock very small. From
linear phase locked loop theory the steady state phase error with a damping coefficient of
1/%2̄ and the maximum expected doppler rate of 4.1 KHz/sec can be shown to be                
radians. The 640 Hz bandwidth makes this error insignificant. Also simulations showed 



that the probability of loss of lock with this bandwidth is very small. In all of the
simulations at this bandwidth the loop never lost lock.

The curves of Figure 6 show that the combined carrier and bit timing tracking degradation
from that of the ideal tracking case can be maintained at reasonable values. For the set of
loop bandwidths used here, the total degradation varies from 0.6 to 1.3 dB for Eb/No ratios
from 2.5 to 0.5 dB, respectively.

Acquiring carrier tracking within a reasonable amount of time with the maximum expected
doppler offset of 55 KHz requires either a large loop bandwidth or that the loop be stepped
or swept through the frequency range of uncertainty. Simulations have shown that the
carrier loop bandwidth cannot be increased very much above 640 Hz without occasionally
losing lock. So in the acquisition simulations the loop bandwidth was fixed at 640 Hz.
Acquisition simulation data for the combined carrier tracking and bit synchronization loops
was obtained for bit synchronization and carrier tracking loop bandwidths of 864 Hz and
640 Hz, respectively, the single step bit synchronizer acquisition strategy of the previous
section, and carrier tracking acquisition strategies which assume the VCO is swept through
64 or 512 steps. At an Eb/No of 2.5 dB both strategies required a total acquisition time of
about 0.4 seconds.

Conclusions.   This paper presented some of the results of a study of a coded digital
transmission system suitable for the Space Shuttle. The tracking loop parameters required
to maintain the error probability performance curves within 1.5 dB of the ideal achievable
for a K=7, R=1/3 convolutional encoder-Viterbi decoder with perfect bit and carrier
tracking have been determined. It has been established, partly theoretically but mostly by
simulation, that this performance can be achieved by using a bit synchronizer for BIN-L
modulation and a decision-directed carrier tracking loop utilizing matched filters, which
derive symbol timing from the bit synchronizer. The required loop bandwidths for the bit
synchronizer and the carrier loop are, respectively, 160 Hz and 640 Hz.

Acquisition for both loops can be achieved within 0.4 seconds even at Eb/No ratios as low
as 2.5 dB.
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Figure 1.  Coded Communications System Block Diagram

Figure 2.  Bit Synchronizer Block Diagram



Figure 3.  Coded System Performance with Nonideal Bit Timing
 



Figure 4.  Carrier Tracking Loop Block Diagram

Figure 5.  Simulation Carrier Tracking Loop Model



Figure 6.  Coded System Performance with Nonideal Carrier
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SUMMARY.   This paper describes the design of a wideband S-band communications
link from the Space Shuttle Orbiter to a ground-based terminal. This link will be used for
transmission of television, digital data (various rates), or analog data, and is of interest
because of the presence of bandwidth, power, and hardware constraints. The procedure
followed to arrive at an overall signal and system design is outlined, and system
performance margins are presented for various operational configurations. Finally, the
growth potential of this link for digital data transmission is discussed.

INTRODUCTION.   The Orbiter wideband direct link will be required for both NASA
and DOD (Department of Defense) Shuttle missions. For NASA missions, the wideband
link will be used for time-shared transmission of television, 1:1 playback of recorded
operational data (128 kbps), 8:1 playback of recorded operational data (8 x 128 kbps =
1.024 Mbps), either real-time or recorded main-engine data (three subcarriers, each phase-
modulated by a 60-kbps data sequence), and wideband digital or analog payload data. For
DOD missions the wideband link will not be required for television but, for certain
missions, will be used for transmission of secure data (256 kbps).

Because the wideband direct links will be required during ascent and reentry (when it will
not be possible to deploy steerable antennas) and because it will be desirable to achieve
nearly spherical coverage about the Orbiter, a switched-element array of two flush-
mounted omnidirectional antenna elements has been baselined for the Orbiter. A set of
predicted gain contours for these elements is shown in figure 1. Each element provides a
+1-dB gain over approximately a 145E cone, and this is the gain which will be used in this
paper for purposes of computing performance margins. It can be determined that this gain
(or greater) should be achievable over approximately 70% of the total coverage sphere. A
given performance margin will, of course, improve for the more favorable Orbiter attitudes 



(when antenna boresight approaches coincidence with ground station line-of-sight), and
will be degraded for less favorable attitudes.

Link Geometry.   As illustrated in figure 2, it is assumed that the Orbiter is in a 270-n.mi.
orbit with a maximum slant range of approximately 1122 n.mi. (5E elevation angle) to the
ground station. The maximum slant range will be used in the subsequent performance
margin calculations.

Ground Station Characteristics.   Table I details the ground station S-band parameters
which are assumed for both the NASA STDN (Spade Tracking and Data Network) and the
Air Force SCF (Satellite Control Facility) stations.

Orbiter Parameters.   Table II summarizes the Orbiter communications parameters
which are assumed for the wideband direct links to both the STDN and the SCF. These
parameters reflect the current baseline equipment configuration for the Orbiter (which is,
of course, subject to change prior to the program flight phase).

System Configuration.   The basic design approach for the Orbiter wideband direct link is
illustrated in figure 3. The wideband signal processor in the Orbiter serves primarily as a
switch to select one of the possible input signals for transmission. It also must set the
output levels such that the desired frequency deviation ()f) is obtained at the output of the
frequency modulator; the best value of )f is different, in general, for each input signal.
Should additional premodulation processing (such as filtering or clipping) of any of the
possible input signals be required, then these functions will also be performed in the
wideband signal processor.

Selection of the best Orbiter antenna element is performed by the antenna switch, which is
under either automatic control by one of the Orbiter computers, under manual control by a
crew member, or under ground control (via an uplink command channel).

Fundamental System Constraints.   The Orbiter wideband direct link is of particular
interest because the design is subject to relatively severe bandwidth and power constraints.
In addition, it is desirable not to deviate from a baselined hardware design unless a change
is absolutely necessary; therefore, the wideband direct link design was considered to be
subject to use of the Orbiter/ground system configuration (fig. 3) and parameters (tables I
and II) described earlier.

The bandwidth constraint is that only 10 MHz of RF bandwidth will be available for the
wideband direct link. As shown in figure 4, two 5-MHz channels are to be used for this
link, with a center frequency of 2250 MHz. Although 10 MHz of RF bandwidth is
certainly more than adequate in many instances for transmission of any of the required



communications functions shown in figure 3, it will be shown that the Orbiter wideband
direct link is power-limited when television is to be transmitted. Under such a power-
limited condition, it is important to trade as much bandwidth as possible (by increasing )f)
to achieve a power improvement (a reduction in the required power at the receiver for a
given performance criterion). A bandwidth constraint can (and does in this instance)
prevent realization of the optimum power/bandwidth trade.

That power is indeed constrained can be determined by performing a link calculation
(solving the one-way range equation) to determine the received power (Prec) at the ground
station (or more conveniently, the ratio Prec/No, where No is the single-sided noise spectral
density of the ground station receiver). As noted previously, this calculation is performed
for maximum slant range between the Orbiter and ground station and assumes a nominal
Orbiter antenna gain of +1 dB. The link calculation is shown in table III and results in
values of 87.7 dBHz (NASA) and 74.0 dBHz (DOD) for Prec/No. A subsequent calculation
will show that the available Prec/No is marginal for the particular case of television
transmission.

Television Performance Requirement.   The performance requirement assumed for the
television channel (NASA only) is an output signal-to-noise ratio

SNRout = 26 dB (rms signal/rms noise) (1)

where SNRout is measured in a 3-MHz bandwidth. This value was determined to be the
minimum tolerable SNRout, in terms of picture quality and resolution. How SNRout = 26 dB
can be related to a required value of Prec/No will be shown in a later section of this paper.

Data Channel Performance Requirements.   The performance requirement assumed for
the various digital data channels (either recorded or real-time) is a bit error rate

BER = 10-5 (2)

SIGNAL DESIGNS AND PERFORMANCE CALCULATIONS.   Previous sections
have established those values of Prec/No available at either a NASA or DOD ground
station, as well as certain performance requirements (either output SNR or BER) for the
various channels. One objective of the signal designer is to arrive at a set of system
parameters which minimizes the value of Prec/No and which must be provided to satisfy the
various performance requirements. A performance margin, which can be defined as the
difference between the available Prec/No and the required Prec/No can then be calculated for
each channel. It is important to make the required Prec/No as small as possible, so that the
performance margin is maximized. Large performance margins are particularly desirable in
the early stages of a flight program, so that unexpected degradations in parameter values



(which typically occur as the program progresses) do not result in unacceptable
performance (negative margins).

Television Channel.   Figure 5 illustrates additional details associated with the wideband
direct link configuration for television transmission. The signal output from the camera has
been found to have (effectively) been bandlimited to approximately 2.5 MHz, and a
postdetection filter bandwidth (at the ground station) of 3 MHz was determined to be wide
enough to provide maximum resolution in the detected television picture. As noted earlier,
the output signal-to-noise ratio requirement of 26 dB must be maintained in this 3-MRz
postdetection filter bandwidth.

Assuming that operation is above FM threshold, the ratio of the SNR at the output of an
FM discriminator to the in ut SNR is given by

(3)

where )f is the peak frequency deviation

BWIF is the input (predetection) noise bandwidth

and Bwout is the output (postdetection) noise bandwidth

Since

(4)

then equation 3 may be rearranged to yield

(5)

Substituting SNRout = 26 dB and BWout = 3 MHz into equation (5) yields

(6)

Equation (6), which is plotted in figure 6, indicates that the required Prec/No decreases with
increasing )f. This is, of course, only true up to a point. )f cannot actually be increased
without limit because FM threshold will eventually occur (due to the required increase in
BWIF) and the above-threshold FM equation (3) will no longer be valid. However,



equation (6) does correctly indicate that an advantage exists in making )f as large as
possible. The most efficient value for )f (that which minimizes the required Prec/No) is that
value which results in operation at or somewhat above FM threshold. FM threshold occurs
for only slightly different values of input SNR as )f is varied over a wide range, and a
conservative value of the input SNR (in the IF bandwidth) which will provide above-
threshold operation is

SNRin = 10 dB (7)

Substituting equation (7) into (4) gives

(8)

Equation (8) would constitute another relationship between Prec/No and )f, should it be
possible to functionally relate BWIF to )f. A frequently-used relationship is given by
Carson’s rule, which states that the predetection bandwidth required for a good tradeoff
between distortion and input noise power is given by

(9)

where fm is the maximum modulating frequency.

For the case under consideration,                            , and substitution of equation (9) into
equation (8) yields

(10)

Equation (10), which is also plotted in figure 6, indicates that the Prec/No required to
provide above-threshold operation increases with increasing )f. However, equation (10) is
valid only so long as the input bandwidth is given by Carson’s rule. Since a limitation of
10 MHz has been placed on BWIF, then equation (10) is valid only for

BWIF = 2()f + 2.5 MHz) < 10 MHz (11)
or

)f  < 2.5 MHz (12)

For values of )f above 2.5 MHz, we assume that BWIF = 10 MHz and, therefore, from
equation (8) that

(13)



Figure 6 can be used to obtain a good understanding of the considerations involved in
selecting the best )f for television transmission. Using the Carson’s rule bandwidth
criterion, figure 6 shows that the optimum )f is approximately 6 MHz. Using the 10-MHz
bandwidth criterion, it can be seen that the required Prec/No (for )f greater than 2.5 MHz)
is smaller than when Carson’s rule is used. This is, of course, possible and this improved
efficiency is indeed achievable at values of )f on the order of 3 to 5 MHz because the
Carson’s rule bandwidth is actually somewhat conservative (too high) in this region. For
the higher )f s, however, an IF bandwidth of 10 MHz is simply too small and results in an
unacceptable loss in picture resolution. Tests conducted at the NASA Johnson Space
Center’s ESCL (Electronic Systems Compatibility Laboratory) have shown that the
maximumm )f that is acceptable under the 10-MHz IF bandwidth constraint is
approximately 4.5 MHz. Figures 7(a), 7(b), and 7(c) suggest this conclusion by showing
the results of a television spectral analysis for )f’s of 3.0 MHz, 4.5 MHz, and 6.0 MHz,
respectively.

Using )f = 4.5 MHz for the television signal results in

(14)

This obviously does not represent an absolutely optimum choice of )f, because as shown
in figure 6, had sufficient bandwidth been available, the required Prec/No could have been
reduced to approximately 82.5 dBHz using the Carson’s rule bandwidth and even further
using a smaller bandwidth than recommended by Carson’s rule.

A comparison of equation (14) with the available Prec/No computed in table III shows that
the performance margin for the television channel is given by

(15)

Digital Data Channels (Baseband).   Figure 8 illustrates additional details associated
with the wideband direct link configuration for any one of the digital data channels. As for
the case of television transmission, the parameters available for manipulation by the signal 
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designer are )f and BWIF. It has been shown1 that an optimum set of design parameters for
an uncoded binary FSK data transmission link such as the one under consideration here is

(16)

and                                                 (17_

where R is the bit rate.

It was further shown that an error probability of 10-5 is achievable (using the parameter
values given above and assuming ideal discrimination and ideal integrate-and-dump
detection for

(18)

Allowing for a 1.0-dB degradation for non-ideal limiter discriminator performance and a
1.5-dB degradation in bit detector performance and slightly rearranging equation (18)
yields

(19)

Table IV summarizes the performance margins obtained for the digital data channels by
substituting for R in equation (19) and comparing the resultant requirements with the
available values of Prec/No given by table III.

Main-Engine Data Channels (PM/FM).   The main-engine data channels consist of three
subcarriers (576 kHz, 768 kHz, and 1024 kHz), each of which is phase-shift-keyed by a
60-kbps data sequence. Figure 9 illustrates details of the wideband direct link
configuration for these channels.

Assuming that operation is above FM threshold, a variation of equation (3) holds for the
IF/IF demodulation case under consideration that is

(20)

 where )fsc is the peak frequency deviation due to the Subcarrier of frequency fsc.



BWIF is the input (predetection) noise bandwidth and BWsc is the output (postdetection)
noise bandwidth for the subcarrier of frequency fsc.

Since

(21)

where Psc is the output power in the (modulated) subcarrier

and

(22)

then equation 20 may be rearranged to yield

(23)

The availability of existing hardware makes it convenient to consider use of the following
values of )fsc:

(24)

By substituting (24) into (23) and using the appropriate value for fsc, and by substituting the
available values of Prec/No given by table III, a set of available values of Psc/No can be
obtained. To determine performance margins, these available values of Psc/No must be
compared with the value required for 10-5 BER.

To achieve a 10-5 BER using PSK requires (ideally)

(25)

Allowing for a 1.0-dB degradation for non-ideal limiter/discriminator performance, a
1.5-dB degradation in bit detector performance, and substituting R = 60 kbps into (25)
gives

(26)



Table V summarizes the performance margins obtained for the main engine data channels.

Wideband Analog Payload Data Channel.   Since requirements have not been fully
established for wideband analog payload data bandwidth and output quality, no
performance margins will be presented here. However, a procedure identical to that
summarized earlier for optimization of the television channel can be used to select a )f
which minimizes the Prec/No needed to satisfy the output SNR requirement, and that
therefore maximizes the performance margin.

Growth Potential for Wideband Data Links.   As indicated in table IV, the performance
margins for even the highest rate digital data channel (1.024 Mbps) are relatively high for
communications between the Orbiter and the NASA ground network. It is of interest to
consider the maximum data rate which can be supported by this link, considering both the
power and bandwidth constraints.

Assuming that a 6dB performance margin must be maintained, from equation (19) it is
seen that

(27)

Equation (27) assumes that the optimum design parameters given by (16) and (17) are
used. Comparing (27) with the available value of Prec/No given by table III shows that for
NASA links

(28)

CONCLUSIONS.   It was shown that the presence of a bandwidth constraint for the
S-band direct link prevents an optimum trade-off between bandwidth and power for the
particular case of television transmission. This results in a smaller performance margin
than could be obtained in the absence of such a constraint.

The problem for the digital data channels is not bandwidth, but instead, for transmission to
the DOD ground network, is power. The performance margin for the 8:1 playback data
channel for DOD use is slightly negative. indicating that unacceptable performance (> 10-6

BER) is expected to occur. This may lead to a decision that high-speed tape dumps will
not be attempted at maximum slant range to a 14-foot SCF station or that if such dumps
are made, BER’s greater than 10-5 will be tolerated. If these are not acceptable



alternatives, however, then it will be necessary to enhance the channel performance in
some manner. Possible approaches include imposition of Orbiter attitude constraints (such
that the larger antenna gains near boresight can be obtained), increasing the Orbiter
transmitter power, or reducing the Orbiter transmitting circuit losses.

Digital data channel performance margins for transmission to the NASA ground network
are high and it was shown that a certain growth potential is present. Both the available
power and the available bandwidth are sufficient to support a data rate (at maximum slant
range to a 30-foot STDN station) in excess of 5 MBPS with a 6-dB performance margin.

Tables

TABLE I. GROUND STATION CHARACTERISTICS
TABLE II. ORBITER WIDEBAND DIRECT LINK COMMUNICATIONS

PARAMETERS
TABLE III. ORBITER WIDEBAND DIRECT LINK CALCULATION
TABLE IV.  DIGITAL DATA CHANNEL PERFORMANCE (10-5 BER)
TABLE V. MAIN ENGINE DATA CHANNEL PERFORMANCE
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TABLE II.-  ORBITER WIDEBAND DIRECT
LINK COMMUNICATIONS PARAMETERS

TABLE III.  ORBITER WIDEBAND DIRECT LINK CALCULATION
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Figure 1.  Gain contours for the Orbiter S-band wideband direct link antennas

Figure 2.   Link geometry for direct wideband communications



Figure 3.   Wideband direct link design approach



Figure 5.  Wideband direct link configuration for television transmission

Figure 6.   Required Prec/No for television versus )f



Figure 7.   Television signal spectral analysis



Figure 8.   Wideband direct link configuration for digital data transmission
 

Figure 9.  Wideband direct link configuration for main engine data channels



AEROFLIGHT COMMUNICATIONS AND RF NAVAIDS

DOUGLAS S. LILLY
Lyndon B. Johnson Space Center

Houston, Texas

Summary.   The Space Shuttle Program concept of a low cost, reliable and reusable
orbital vehicle has proven to be a driving function in systems design and integration.
Extensive use of existing designs to satisfy these requirements has been effectively
employed in the aeroflight systems. Appropriate planning and a careful appraisal of
maturity, cost, performance, vehicle burdens, and operational flexibility were completed
prior to a system choice. The aerial navigation and landing systems selected for the orbital
vehicle are described and their interfaces with the control and navigation system discussed.

Introduction.   The Space Shuttle Orbiter vehicle atmospheric flight maneuvers are among
the most critical performed during a nominal mission. The re-entering unpowered orbiter
has a decreasing landing footprint and a rapidly increasing state vector error.
Consequently, reliable and accurate position updates to correct the state vector for
trajectory determination are of prime importance. To this end and with system costs in
mind, a complement of aeroflight communication and RF navaids were selected from off-
the-shelf (existing) hardware. A mixture of redundant systems and software is used to
insure that the data eventually presented to the guidance system is reliable. In general,
triple redundant systems that can be computer controlled are used in time critical
maneuvers. The only navaid exception is the radar altimeter since a third functional (and
independent) path is available by computation from the range and angle data of the landing
system.

This paper first describes the operational use requirements and then describes the
individual systems through the use of the system block diagram and functional interfaces.
Redundancy management is not treated in depth but the following paragraph will serve as
an introduction to that vital function.

Redundancy Management.   The redundancy management is primarily a software routine
to determine which sensor (or sensors) have correct data to within an allowed error
budget. For triple redundant systems, this may be as simple as a vote (2-1). However,
since failures must be expected additional criteria must be used. Accordingly, the
following type of information and data are obtained, stored, and reviewed at each update
by the redundancy management software routine:



1. Status at last self test
2. Reasonableness of data compared to last update and the stored state vector?
3. Previous determination of status?
4. Is system configuration correct?
5. Is other data from the system valid (agc, loop track valid, etc.)

Operational Requirements.   The principal requirements and the selected systems are
graphically presented in figure 1. The TAGAN (TACtical Aerial Navigation) R/T
(receiver/transmitter) unit,RA (radar altimeter), MSBLS (microwave scanning beam
landing system),and UHF transceiver constitute the operational hardware. A C-band
beacon is used to provide the beacon track capability for the ALT (approach and landing
tests) portion of the ground test program. The URF transceiver also functions as the
receiver/ transmitter for a duplex EVA (extra vehicular activity) communication link.

TACAN is used immediately after re-entry blackout to interrogate ground stations for
position information. This occurs around 150,000 feet altitude and a range to the landing
field of about 280 nautical miles.

FIGURE 1 - OPERATIONAL REQUIREMENTS/SYSTEMS



Successive updates are used to further reduce the state vector error and provide guidance
until the terminal area landing phase is initiated.

The MSBLS intercept occurs at around 12,000 feet and 8 nautical miles to touchdown.
The MSBLS guidance signal is used to guide the Orbiter to the touchdown point and
through rollout with the RA refining altitude information for flare maneuvers from about
2500 feet altitude to touchdown.

The UHF transceiver is in use throughout the atmospheric flight regime after blackout.

Systems Description.    The block diagram (see figure 2) indicates the redundancy level
and major interfaces. Note that parallel redundancy is maintained from antenna to data
system interface. The MDM (multiplexer-demultiplexer) is an interface device between all
data sources and the data bus (a party line type). The data bus interconnects the MDM’s
and the G&N (guidance and navigation) computer. The MDM designations--FF1, FF2,
FF3 -identifies a particular unit

FIGURE 2 - BLOCK DIAGRAM

The G&N computer provides timing, sequencing, data preprocessing as required, SOP
(subsystem operating program) execution for data manipulation failure detection, and
isolation, as well as generating displays and the steering commands. There is no sensor
data displayed directly to the cockpit indicators.



The UHF transceiver interfaces directly to the audio center but in an emergency or failure
of the audio center can be directly switched to the crew. The transceivers can be connected
to either antenna in a simplex mode for ATC voice or a duplex mode for the EVA
communication link. In the duplex mode separate frequencies are used for transmit and
receive and each transceiver can be either a transmitter or a receiver. Broadband noise
generated by the transceiver acting as the transmitter is kept out of the complementary
receiver by port-to-port isolation in the coupling network.

Figure 3 depicts the cockpit control console for the systems and figure 4 shows the
displays. Separate controls are used for each redundant system but the IVISBLS and the
TACAN display are time shared on the HSI (horizontal situation indicator). For the
TACAN both range (DME) and bearing are displayed. The MSBLS angle data is
converted to deviation from a selected glidepath for convenience to the crew in monitoring
the autoland system or in manual landing mode. The MSBLS range data is dis1 ed in the
same manner and lace as the TACAN range data.

FIGURE 3 - CONTROLS

The RA data is displayed on the AVVI (Altitude Velocity Vertical Indicator) along with
altitude rate and barometric altitude.



FIGURE 4 - DISPLAYS

UHF Transceiver.   The UHF transceiver is a 7000 channel AM communications device
similar to the ARC-150 used by the military. Modification extent has been limited to a
reduction of transmit power in the EVA mode. Nominal power output is 10 watts but
reduced to 0.5 watts for the EVA mode. Channel spacing is 25 kilohertz and the
frequency, volume, squelch level, squelch on/off, guard receiver and power are all
adjustable.

Radar Altimeter.   The RA is a leading edge pulse type altimeter similar to the military
APN-194. Only two level redundancy is used since altitude computed from the MSBLS is
accurate enough to support all the maneuvers and software requirements except final flare
(approximately the last 200 feet of altitude). Table 1 gives the RA performance
characteristics. Functional interfaces (see figure 5a.) are straightforward. A special I/O
(input/output) module sequences BIT (built in test) commands from either the control head
or the data systems to the altimeter, converts the serial digital word to a data system
compatible format, and interleaves the reliability signal. The reliability signal indicates
proper range loop track. The “OF” MDM, different design from the “FF” MDM, performs
a switch scan to determine its on-off status.

MSBLS   The MSBLS airborne unit consists of an angle decoder, distance measuring
equipment and an RF unit that transmits an interrogate pulse to the ground transmitting
system. The design is based on the military ARQ-31. The ground system consists of an
elevation angle transmitter on the side of the runway about 5000 feet from threshold
(pavement end), an azimuth transmitter located at the end of the runway, and an
interrogate reply unit located with the azimuth transmitter. The azimuth and elevation
transmitters sequentially scan the required coverage volume with planar beams and
transmit a pulse code modulated signal that uniquely defines its instantaneous pointing



angle. As the planar beam scans by the airborne receiver it is detected and the pulse code
translated into an angle. The scan occurs five times each second and covers 20E to either
side of the runway and from 0 to 30E in elevation. The range measurement is a
straightforward interrogate-reply process allotted a set time to occur during each total
ground system scan. Table I gives the expected total system performance including both
airborne and ground systems errors.

The MSBLS functional interfaces are shown in figure 5b. Power on and channel select (10
channels are available) are direct wired from the control head to the receiver/decoder unit.
As with the RA, the BIT is routed through the MDM so that it can be accomplished by the
data system as well as by the control head. Angle data, range data, and status is contained
in 3 data words (16 bits each) which are sequenced by the MDM to the data system.

TACAN   The TACAN unit is an airborne L-band receiver/transmitter with demodulating,
decoding, and data computation capabilities for air navigation functions. It is based on the
military ARN-84V. The airborne unit transmits to and receives from a ground navigation
beacon a combination of pulsed signals conforming to MIL-STD-291, from which it
derives and processes the information necessary to do the following:

a. Provide bearing to the ground beacon
b. Provide slant range to the ground beacon in the T/R and AUTO modes (see

figure 3)
c. Automatically select, for satisfactory performance, one of the two associated

antennas in the RCV, or T/R mode (see figure 3)
d. Give an aural identification to the crew of the beacon to which the equipment is

channeled.

There is also a capability to provide range data between two or more similarly equipped
vehicles (air-to-air mode) but this is not presently implemented in the control loop. Table 1
gives the TACAN performance.

The TACAN functional interfaces are shown in figure 5c. Parallel inputs from the control
head channel select, X-Y, AUTO, mode, and BIT are converted to a 16 bit serial control
word by the special I/O module in the MDM. This module also converts the 32 bit ternary
data word coming from the TACAN unit into the Manchester biphase format used in the
data system. Suppression pulses are interconnected to all three TACAN units to keep
multiple interrogations from occurring simultaneously.



TABLE 1 - RF NAVAIDS PERFORMANCE

5a - RADAR ALTIMETER

5b - MSBLS



5c - TAGAN

FIGURE 5 - FUNCTIONAL INTERFACES

Conclusions.   The Space Shuttle Orbiter atmospheric flight systems represent an
adaptation of existing designs to a new application. Fortunately, design improvements have
been held to a minimum with no new concepts or extensive modifications required that
might compromise previous system experience or qualification status. Performance also
mapped quite well into anticipated requirements.

Where possible, the newest concepts have been utilized - digital designs, serial digital
control, etc. - and integration of software and hardware has been accomplished to control
and manage time critical processes such as BIT and redundancy management.
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A CODING ALGORITHM FOR RANDOM ACCESS SATELLITE SYSTEMS 

ByW.W.WU 

SUltlKl~. -In satellite communications systems, when a 
code-Eision scheme is desirable for random multiple access, 
specific codes must be constructed for the users in the sYs- 
tem to share the same satellite channel. This paper develops 
a coding algorithm for such purposes by means of a binary 
matrix. Step-by-step procedures are separately described. 
An example demonstrates the usefulness of the algorithm, and 
its advantages and disadvantages are discussed, Finally, a 
problem for future work is suggested. 

Introduction.-When the number of users is large and the 
indivxual messages are brief, a code-division multiple ac- 
cess system has been suggested for satellite communications.* 
When bandwidth is available, it has been observed that random 
access has several advantages, First, a reference station 
for channel assignment and message synchronization is not re- 
quired. Second, based on the average duty cycle of partici- 
pating stations, efficient utilization of all channels can be 
realized. Third, a tradeoff between the transmission rate 
and the number of simultaneous operating stations is feasi- 
ble. In addition, the system performance degrades gracefully 
as the number of users increases, 

For such multiuser systems, coding is needed for ad- 
dressing, identification, and message transmission to mini- 
mize system error probability and, at the same time, to 
accommodate a large number of users. 

For random multiple-access coding by means of orthogonal 
latin squares and Reed-Solomon-type code construction has 
been suggested. Unfortunately the number of latin squares is 
limited, For some non-prime integers latin squares do not 
exist. Arbitrary minimum distance codes cannot be derived 
from latin squares. For the Reed-Solomon-type code construc- 
tion the number of usable code vectors is limited and the 
code words contain repeated symbols. The purpose of this 
paper iS to provide a simple algorithm so that codes with 
m symbols of arbitrary minimum distance and code words with 
nonrepeated symbol properties can be constructed from a 
binary matrix [WI;. 

The Algorithm.- In this section the algorithm is de- 
scribed in steps. An example will follow in the next section. 

*"Special Issue on Satellite Communications," Proc. IEEE; 
February, 1971. 

This paper is based upon work performed in COMSAT Labs under 
the sponsorship of the Communications Satellite Corporation. 
Mr. Wu is at COMSAT Laboratories, Clarksburg, Md. 20734. 



The proofs of the algorithm are omitted, but some of them 
will be presented elsewhere,* 

Step 1. Define a binary matrix 

[IO,01 t&,11 l l l [Io,t-11 

[11,11 l ** [I 1rti1 1 

which consists of a set of submatrices [I. al, 
s - 1, and j = 0, 1, . ,, t - l.'&i 

kmks'kf the submatrices as R ='O, 1, . , ., n 

[I~4,ll . l . [I,,,&41 1 

i = 0, 1, 
.gnate the col- 
- 1. Then, 

identity matrix, j=O 

i-1; 41 = (2) -I,- 
the Rth column is non-zero . 
and zero everywhere else, l=l.,j#O 

The total number of rows of [WI1 is v and the total number of 
columns of [WI1 is b. Hence v = ns and b = nt. Let the rows 
of WI1 be ro, rl, . . ., rVmle 

Step 2. The v rows of [WI, are partitioned into row 
sections Wit i = 0, 1, , . ., S - 1. Let Wi consist of the 
rows rinr rin+lr . l ., $(* of [WI Let a common col- 
umn (Rot RI, l l l , Rn,l)i :&%&-it the :'rows corresponding 
to each partition W;.-- That is, 

(3) 

'ess Codes," 1974 International “W. w. wu, "Random Multiple Act 
Symposium on Information Theory, Notre Dame, Indiana. 



From (R,, R,, . . ,, Rnsl)y of W, select t - 2 columns out Of 
the D(n) columns to form a matrix [Dll, where D(n) 
= n! [l - l/l! + l/2! . . . + (-l)n/n!] is the number of de- 
rangements of n 9~'s. The 0th column of [Dll is always (RO, 
RI, l l -I R 1 n-1 i* Next, let 6 be the number of consecutive 
elements common to any two rows of [D] 1. Then, in terms of 
the code length, n, and minimum distance, dmin, 

S < n - dnin - 1 (4) 

If condition (4) can be satisfied, proceed with the next 
step; otherwise select another t - 2 columns from D(n). 

Step 3. If t - 
obtained, 

2 acceptable columns of [D], have been 
cyclically permute the columns of [Dl, to form 

[D12, [D13, . l ., IDI,-1. This can always be done if t > s. 
Then consecutively place all the columns of [D]i in [Ii,j] 
of [WI, for all i and j. In each row section, Wit replace 
the row designations in accordance with equation (3). The 
entries of [D]i are nonbinary. 
[D]i are also ncnbinary. 

The entries of [WI, due to 
The resultant nonbinary matrix with 

entry structure according to [WI, is [WI,, and the compact 
form of [WI, is [WI,. 

This procedure for obtaining [WI,, based on [WI, is dia- 
grammed in Figure 1. 

FROM 1Rn R, 

r-4 
I I 

OF W, SELECT(P_iDl) ’ 

‘-’ l----l 

COLUMNS TO FORM [D], 

I’ I 

CYCLICALLY ’ PI I 
PERMUTE THE i=2,3,. ., 
t-2 COLUMNS S-l 

Fig, 1 - A General Algorithm for [WI, Generation 



Step 4. The number of a code symbol m is derived from 
the product of the two integers n and v, which can be any two 
physical quantities; for example, they can be time,and fre- 
quency partitions. Let the m symbols be the elements of a 
matrix, M: 

0 ‘1 . . . n - 1 no 
n n+l . . . 2n - 1 ll- 1’ n1 

2n 2n+l . . . 3n-1 n2 
M= . . . = . (5 

. . . l 

. . . . 

(v - l)n (v - l)n + 1 . . . vn - 1 nv- 1 

where each row of M is denoted as nt. E = 0. 1, . . v - 1, 
and each nc has n components. Next$a cascade matrix'; of 
size n x nt is constructed: 

) 

-- - 

FO 
N = r nF : 5 -+ [WI, 1 (6) 

L’ J 

Equation (6) states that the elements of N are the row desig- 
nations nc. The transformation F, indicates that the sub- 
scripts 5 of n are the l-to-l mappings from the set of the 
subscripts rg of [WI,. Since each n5 has n elements of M, it 
follows that a square matrix of size n can be formed from 
each subrow of N. This sten is similar to the techniaue used 

& * 
by Spira.* 

Step 5. Develop a set of circulant matrices Aj of size 
n x n from a set of integers clo, al, . . ., ~ln-~. For j = 2 
the matrix A, is defined as follows: 

r a0 a1 . . . a,-, 
I 

1 
I an-l cl0 . . . On-2 

I 
I * . . 

A, = 
I (7) 

I 

. . . 

. . . 

a1 cl2 . . . a0 1 

*P. M.‘Spira, "A Class of Codes fc )r Multiwle-Access Satellite 
Communication Systems," the Rand Corporation; September,, 
1966. 



when n is a prime, and there are n" n x n circulant matrices 
over the finite field of n elements. Because a circulant 
matrix is determined by specifying the entries in its 0th 
row, there are n" combinations which can be the 0th row. 
Thus, there are at most nn possible circulant matrices of 
size n. The number of permissible 0th rows is restricted to 
the cyclic permutations of the ~1's (except clO) in the 0th 
row. This number is n - 1 for n - 1 permutable entries, with 

1 (8) 

1OW Step 6. Let the square matrices, formed by each sub] 
of N, be denoted as Ra,h,c,.,,, ,where a, b, c, . . . is from 
the subscripts Of the rowmatrix [n,; nb, n,, . ., .I. Sinde 
each element na, nb, n,, . . ., represents a row in the 
matrix M, the elements of the Ra,b,o,.+. matrices are in the 
original symbols of 0, 1, . , ,, m - 1. Next, based on each 
Ra,b,c f...l derive 

0 j = 0 

(Ra,b IT ,C,.‘. I j = 1 

+b,c,... = (9) 

IT 
Fl 

CR a,b,c,... , -+ As 
3’ 

t-l>j,2 

where (R)T is the transpose of R. 
It is clear that, for each combination a, b, c, . . ., 

there are t - 1 n x n square matrices U;! b c The trans- 
formation F, means that, for each j > 2,'the';eiitive order 
of the column elements in (Ra b,c -)* is rearranged with 
respect to the subscripts of Aj. '+A;? rows Of all Vi b,c 
and the v rows of matrix M constitute the set of cod& 

,c*. 

vectors, 

Example. -For n = s = 4, t = 5, and v = 16, this example 
shows how [WI, is obtained and how code words with specified 
d min are derived from it according to the algorithm described 
in the last section. 



Step 1. The non-zero elements of the matrix [WI, are 

i-l 1 1 1 1 1 r, T 

For j = 0, 

1 1 1 1 1 
11 1 1 1 

1 1 1 
1 1 1 1 

1 ' 11 1 1 1 
1 '11 1 1 1 

1 1 

:: 1 1 
1 
1 

1 1 1 
1 1 1 

1 ,l 
1 
1 : 
1 1 

0 0 1 0 

0 0 01 

For j # 0 and i = R, 

r T 
10 0 

10 0 

[Ii,j] = _ _ _ R=O 

I- 
The row designations r 
partitions Wi (i = 0, 

3 section 
, 

(5 = 3) 0, are 1, 
2, 

labeled . . ., 15) as and shown. the 

. 

. 

. 

0 0 01 

0 0 01 
[Ii,jl = I R=3 

0 0 01 



Step 2. The common column of W, is (R,, R,, Rg, R3)T, 
which is the column in W, with a dotted line ” The numberof 
derangements of R,, R,, R,, R, is D(4) = 9, of which t - '2 
= 3 columns are selected to form [Dl,. If 

for 6 = 1 the consecutive elements R, R, have one element 
common to r4 and r5, the elements R1 Ro are common to rows 
r5 and r6, etc. A code with dmin 2 n - 2 can be derived 
from [D]!, 

Suppose that S = 0 (for maximum dmin = n - 1). Then 

ED1 1 = 

There are no adjacent rows having any common consecutive 
elements in [Dll. 

Step 3. Cyclically permute the columns (except the 0th 
column) of [D], to obtain 

\ 

2 

r Ro R3 Rl R2 1 
IDI 3 = 

Rl R2 R, R, 
I 

R, R, 

Place all the columns of [D] 
corresponding rr-'s in [Ii.i]*of [I 

I,, [D12, and [D] in terms of the 
jJ1 I to obtain -I 2 

[Dl, = 

3 



rro 

r5 r6 r7 I 

[WI, = 

r1 21 rl 

r2 r2 

r3 r3 r3 r3 r3 I 

14 rp 

r5 r5 T4 r7 r6 

I6 r6 "r 7 T4 15 
I-.. 1T- 

r6 1^5 \ T4 

110 r 11 L^9 

r9 T9 
r 

11 
r 

10 r8 
r10 ZlO r6 r 

9 rll 
r11 111 r, Tt3 r10 

r12 r15 r13 r14 

113 r13 L^14 112 r15 

L^14 r14 ‘i3 r15 r12 

115 r15 112 r14 113 
J 

and, when all the non-zero elements of [WI, are collected 
column wise, [WI, is obtained. 

Step 4. Let 

r - -~ 
0 12 

M= 

and with [WI, 

n1 n2 n3 no n7 “9 

n5 n6 n7 -1 - nl n6 n8 
. l . 

n5 n11 

n4 “10 

A set of square matrices of size 4 ( 3an be formed from each 
subrow of N as in step 6. 

Step 5. 
r 1 



Step 6. 

0 12 3 

4 5 6 7 

Rro,l,2,31 = i 

8 9 10 11 

12 13 14 15 1 

16 17 18 19 

,131 = 
40 41 42 43 

R[ 3,4,10 

I I 
I52 53 54 55 1 I- 4 

In addition to the 16 rows of M, the code words are the rows 

r. 4 8 121 



I 
0 5 10 15- 

3 4 9 14 

= 

2 7 8 13 

1 6 11 12 

. . 

. . 

If&, 10,13 = (R[3,4,10 

Fl 
,131 IT - A, 

Concluding Remarks .-This paper has discussed an algo- 
rithm to generate code words for random multiple-access sys- 
tems. Step-by-step procedures have been described. The 
algorithm begins by defining a binary matrix [WI, which con- 
sists of a set of submatrices [Ii,j]: Identifying a row sec- 
tion (zint rin+lr . . ., rii+l)n-lIT with a CO~LQWI (Rot R,, 
l . ., n-,)? makes it oossible to form the matrices f~l+ for _- . - . . a specified dmin. For n = s = 3 the derangement D(n) ‘in' 
step 2 leads to the only possible solution. As n increases, 

lim Do + 1 
n3m n! e 

D(n) becomes very large and the effectiveness of the algo- 
rithm decreases because the maximum number of 6 computations 
is D(n) combinations of t - 2. 

In the future it may be of theoretical interest to de- 
termine how to minimize this number of computations through a 
better algebraic structure. However, for practical applica- 
tions of small n, the usefulness of the algorithm has been 
demonstrated by a simple example. 



ADAPTIVE BIT SYNCHRONIZER 

By PETER H. HALPERN 
/ 

Summary: 

The motivation for adapting loop bandwidth is reviewed. The ideal 
loopwidth is shown to be a monotonic function of the ratio of two statistical 
measurements, namely the input SNR and the present uncertainty of proper 
phase. This is seen from a relatively simple viewpoint of how to combine 
independent measurements of the same quantity. 

Means for measuring the statistical quantities are described. Simple 
means for varying loop widths are described. 

Experimental results of the adaptive bit synchronizer are compared 
with a classical bit synchronizer. 

Introduction: 

Because acquisition has a requirement for wide bandwidth and 
holding lock in the presence of noise has a requirement for narrow bandwidth 
and because both are drastic functions of loop width we are motivated to change 
the looo width as the reauirements chanse. 

A classical formula for acquisition time is give an by Richman ref (1) 

1) T=d 
B3 

frequency offset and B is where T = acquisition time in bits, Af is initial : 
loop bandwidth. 

Similarly a classical formula for mean time to 
first order loop is given by (See for example Viterbi ref (2)) 



Figure 1 shows published curves of a classical bit synchronizer 
depicting the dependency of acquisition of loopwidth. These curves bear 
out the classical relationship of eq (1) at least in the general shape. Similarly 
figure 2 shows synchronization thresholds for various loopwidths for a classical 
bit synchronizer. Figure 3 shows the dependency of jitter threshold on loop- 
width. (Superimposed on these is the performance of the adaptive synchronizer.) 

We shall describe here some of the thinking behind the adaptive 
bit synchronizer, 

A block diagram of an adaptive bit synchronizer is shown in 
figure 4, 

WHAT TO MEASURE TO DETERMINE LOOPWIDTHS 

First of all the question arises what parameters do we measure to 
determine loopwidth. The view we take here is that the synchronizer essentially 
averages measurements of the proper phase, 

The bandwidth essentially determines the relative weighting of the 
cumulative old measurements to the incoming new measurements, This relative 
weighting should depend on the relative uncertainty of the measurements. 

We are only after the gross parameters of the loop filters. We 
assume that the detailed spectral shape of the disturbances are of second 
order effect. 

SIMPLE STATISTICAL THEORY FOR COMBINING MEASUREMENTS 
(ADJUSTING LOOPWIDTH) 

The basic problem of how to adjust the loop bandwidth is closely 
related to the problem of combining independent measurements of the same 
quantity, namely proper phase. 

We can presume that the accumulation of all the previous measure- 
ments of proper phase have associated with them a certain reliability. The 
present rms error in phase can be measured as well as the incoming signal to 
noise ratio, Therefore, one has an estimate of the rms error of the old 
measurements +l , and the new measurements 9,. Furthermore, the experi- 
ments on measuring phase error are all presumed independent, and the rms 
errors in each measurement are respectively al and u . 

2 

Suppose the old measurements say that the proper phase was +l 
and the new measurements say the proper phase is +2. Suppose first that the 



experimental outcomes cpl and +2 are drawn from Gaussian distributions and we 
are looking for the most likely Cp. NOW 

3) 

That is probability density that 3:s the correct phase given the results of the 
experiments +l, +2 is the same as the probability of getting the experiments 
givenT, was the correct phase times the a/priori probabilities p,@$ divided 
by the fixed number p,(#1,+2). Since all phases are a$riori equally likely, 
the problem reduces to finding + which maximizes p(@l,@2m. But 

4) - 

This is assuming the experiments are independent. 

The Fwhich minimizes the exponent in eq (4) is easily found by 
11 to zero obtaining taking the derivative and setting it equi 

5) 

-- 
2 J 

cp= 

All this was assuming Gausianity to find the most likely ph .ase. 

without any know- It is possible to derive a similar linear estimate 
ledge of the density functions but just knowing their variances. To this 
end let: 

6) T= WJ, + ww2 

be a weighted average of the experiments and find the ct which minimizes the 
rms error. That is we minimize: 

7) E = E {@-a2) #yB2} ^ E{(~-~~~-(l-d~2)2101,~2} 

where E I-- l$l&2 1 means the expected value over the restricted space (given the 
results of the experiments) 



8) E = Efcra (+“1)2/c,,~2 }+ E { (l-d2 (“1-$)2 1++2} 

Since the experiments are independent, eq (8) simplifies to 

E is minimized for 

E = (Y2 al2 + (l-c1)2a2 

O2 
2 

Ci= 
u12+ a 

2 
2 

Substituting in eq (6) results once again in eq (5) 

2 2 

& u2 ~ ,3 

y2+ 0 
2 %+ p2+ u 

2 +2 
2 2 

which shows the relative weighting of incoming data vs. stored data. 

OPTIMAL FILTERING THEORY FOR ADJUSTING LOOPWIDTH 

The optimum bandwidth is a monotonic function of rms disturbance 
to incident noise ratio. Regard the input frequency variation as a random 
process and consider the noise disturbance as additive then the optimum loop 
filter is easily derived. 

For our simple model we are looking for the closed loop response 
which will minimize rms tracking error for a given input jitter and a given 
additive (independent noise). 

For simplicity of discussion we are going to disregard realizability 
of the optimum filters so that one does not need to solve a Wiener Hopf 
integral equation or perform spectrum factorization. We are using this model 
to obtain an idea of the optimal bandwidth only. 



The optimum filters transfer function is given by: 

9) K(w) = 
sm w 

+ S,(w) + sn (4 

where Sm(w) iS the input power density spectrum of the jitter and Sri(w) is the 
noise. (Wanstien ref (3) .) 

Now consider the case where the input jitter disturbance rolls of 
like a single time constant 

Sm(w) = 
a2 

r2w2+ 1 * 

The rms jitter in this case is proportional to a. For white noise S,(w) = K2 
the resulting bandwidth for the optimum filter is proportional to s. For optimal 
realizable filter, even this simple case yields a fairly complex transfer function, 
however the same sort of dependency on rms jitter and rms noise applies. (See 
Y. W. Lee ref (4) .) 

The fact that the optimum filter is a function of the ratio of rms 
input jitter to rms noise holding the spectral shape of each constant is obvious 
from the original integral equation describing the optimal filter for tracking. The 
Wiener-Hopf integral equation for the optimum realizable filter: 

11) #y, (r) = Jopt qm,,(r-x) +q& (r-x) dX 1 
for r> 0 

Where $1 (r) is the autocorrelation of the input jitter, enn (r) is the auto- 
correlation of the noise. 
noise ‘pnn 

If we increase the jitter $111 by a factor K and the 
by a factor y then divide the resulting equation (11) by y then it is 

clear that the resulting optimum loop filter h(r) will depend on the ratio r/K. 

HOW TO MEASURE PERTINENT PARAMETERS 

From ref (5) we saw that data matched filters and transition matched 
filters can be derived from the same network. There were useful for synchron- 
ization for AGC and offset control. They are also useful for estimating SNR. 
In fact, the input to noise ratio can be measured without synchronization. 



In order to obtain an estimate of signal and noise square law 
detection of both the transition and the data (an ac coupled version) matched 
filter is needed. The transition matched filter is noiser than the data matched 
filter. 

Consider the scheme shown in figure 5. The output of the first 
square law detector can be written 

12) fl = 
rr 

hl (x)hl(y) [Sl(t-x) + N(t-x)1 @(t-y) + N(W): dxdy 

where the bar indicates averaging over t., assumed long compared to the 
signal duration and relatively short compared to the bandwidth of the noise 
environment change. Under the assumption the noise is white and S,(t) = Sob,(t) 
where hl is a normalized impulse response. Eq (12) simplifies to: 

13) fi = ‘I + So21R112(X)dx 

where q is the noise density, RI1 is the autocorrelation function of a normalized 
input. 

In a similar manner the output of the transition matched filter can 
be written 

correlation 

14) f2 = 0 + S,“r R11(x)R22(x)dx. 

For our case of NRZ and split phase matched filters the autc 
functions are defined: 

15) Rl(t) = I- IfI 

the two outputs are for T normalized to 



17) fl = 9 + ; so2 

f2 = o++so2 

Consequently the noise to signal ratio can be computed simply by 

18) (4f2-f1)/6(fl-f2) as shown in figure 5. 

The rms jitter can be measured by bandpass and rectifying the input 
to the VCO. As shown in figure 6, a simple method for estimating the rms 
frequency error is by examining the gyrations of the error signal. We want to 
avoid counting the dc frequency offset as an error hence we must ac couple the 
error signal before rectifying to obtain our estimate. 

A SIMPLE METHOD FOR ADAPTING LOOPWIDTH 

In order to modulate bandwidth of the loop we simply modulate the 
gain of the phase detector. However, in order to maintain a constant damping 
factor we utilize a nonlinear resistor whose voltage across it is proportional 
to the square root of the current magnitude, The loop is depicted in the block 
diagram of figure 7. Using this type of loop it was possible to modulate the 
bandwidth a factor of nearly 30 to one. 

DIRECT FREQUENCY OFFSET MEASUREMENT 

In many cases it is possible that the loopwidth may be very much 
smaller than the acquisition range, consequently the system may become 
sensitive to false locks. 

Using sequential circuits we can measure frequency error directly 
without being in phase lock. In order to break false locks and improve upon 
the classical U-shaped acquisition curves of ordinary phase-locked loops, 
we can measure frequency error directly. To measure frequency error, we 
observe the sequence of events shown in figure 8. The leading edge of the 
threshold pulse occurs in one of the time zones. If the number of the next 
time zone in which the leading edge of the following threshold pulse occurs 
has increased, the clock is fast; if it has decreased, we say the clock is 
slow. (Note that this is a modulo 4 operation; hence going from zone 4 to 
zone 1 is an ‘increase’.) The range of frequency error that can be detected 
this way depends on transition density and is typically on the order of 26 
percent. 



This frequency error measurement can be integrated and can serve as an additional input to an ordinary
phase lock loop, as shown in figure 9.

RESULTS

As shown in figures 1, 2, and 3 it was possible to build an adaptive loop which out performed a classical
synchronizer for all manual loop settings.

It had faster acquisition than the widest classical loop and it held lock better than the narrowest classical
loop. All without operator manual intervention.

ACKNOWLEDGEMENTS

I wish to thank my associates at General Dynamics and Sandia for their technical and financial support of
this project. Particularly Jim Rea, Tom Flannagan and Dave Caskey of Sandia, and Al Sullivan of General
Dynamics who contributed heavily to the circuit design.

REFERENCES

Re f (1) D. Richman, Color Carrier reference phase synchronization Proc IRE Vol. 42, No. 1, Jan.,
1954, pp 106-133.

Ref (2) Viterbi, Principles of Communication McGraw-Hill 1966, pp 102.

Ref (3) Wanstien, “Extraction of Signals from Noise” Prentice Hall 1962, pp 9-14.

Ref (4) Y. W. Lee, Statistical Theory of Communications John Wiley and Sons 1960, pp 397-401.

Ref (5) P. H. Halpern, “Use of Matched Filters for Synchronization” ITC 1972.



Figure 1.  Dependency of Acquisition of Loopwidth



Figure 2.  Acquisition Curves



Figure 3.  Maximum Peak-to-Peak jitter (Sine Wave) Versus Rate
of jitter for Maintenance of Synchronization

Figure 4.  This Bit Synchronizer Adapts to All Input Dynamics



Figure 5.  Noise to Signal Estimater

Figure 6.  Jitter Estimate

Figure 7.



Figure 8.  Frequency Error Detection

Figure 9.  Composit Phase Lock Loop



ON-BOARD HIGH FREQUENCY DATA PROCESSING

ROBERT H. MASCHHOFF
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Summary.   On-board processing of high frequency analog data, such as that derived from
vibration and acoustic sensors, offers the telemetry engineer three highly significant
advantages over traditional fm/fm transmission of such data. When combined with PCM
techniques the result is (1) bandwidth compression, (2) single rf data link, and (3)
substantially higher data accuracy. In this processing technique only data representative of
the power spectral density of the sensed waveform is transmitted to the ground station. By
shifting the data processing function to the on-board telemetry system and transmitting
only the processed data, the required transmission channel bandwidth is greatly reduced.
As a result of this bandwidth compression the high frequency data can be pulse code
modulated. Two significant advantages thereby ensue. The first is that data from multiple
sources may now be transmitted over a single rf data link. The second advantage is that the
data accuracy is greatly increased.

Statement of the Problem.   On-board high frequency data processing is a technique
which has been developed in response to certain problems arising out of the telemetering
of high frequency data derived from such sources as vibration and acoustic sensors.
Through the implementation of this technique, the telemetry engineer is able to avoid
certain basic problems which greatly hamper, and can even frustrate, his efforts to obtain
high frequency data when traditional fm/fm telemetry techniques must be employed. There
are three interrelated factors at the source of these problems. They are (1) transmission
bandwidth, (2) number of data sources per rf data link, and (3) data accuracy. In fm/fm
transmission, the engineer, in order to satisfy IRIG requirements, is restricted to a small
number of subcarriers (per rf link) each of which can carry the data of only one data
source. The higher the frequency of the data is, the smaller will be the number of available
subcarriers per rf link and the greater will be the number of rf links required. At the same
time the accuracy of the data transmitted will be reduced since more of the non-linear
portions of the subcarrier frequency response characteristic will necessarily be utilized.
Due to the limitations of onboard space, weight, and power, it is frequently necessary to
reduce the number of telemetered data sources to a level below the quantity desired and/or
to compromise the required accuracy of that data which is transmitted. Even where the
number of high frequency data sources is small and all of the desired data can be



transmitted over one rf data link, the data accuracy permitted by fm/fm transmission
techniques is often quite poor, and the telemetry engineer is faced with the necessity of
making the best of a bad situation.

One possible solution to this problem is to directly sample and digitize this high frequency
analog data prior to transmission. Through the utilization of pulse code modulation (PCM)
techniques, the engineer may seek to realize two highly significant advantages. The first is
to transmit all of the data over a single rf data link since all data is time-multiplexed in the
PCM approach. The second is to increase data accuracy by virtue of the higher accuracies
which digital techniques afford. Although this approach has been successfully employed,
its scope of application is greatly restricted. This results from the fact that with a PCM
encoding process, individual analog data input signals should be sampled at a rate which is
at least four times the highest frequency contained in the original waveform in order to
avoid excessive aliasing errors and to satisfy IRIG recommendations. The high sampling
rates which these data sources impose upon a PCM system which must also encode a
considerable number of low frequency analog data sources result in a high system bit rate
and consequently a high data transmission bandwidth. The number of high frequency data
sources which a PCM system can encode in this manner, without exceeding the practical
limits of bit rate and transmission bandwidth, is thus primarily determined by the frequency
of the high frequency data sources under consideration in conjunction with the number of
low frequency analog and digital data sources. In practice the result is that very little high
frequency data can be transmitted with this approach. Where such sources are handled by
a PCM system they are the factors within the system which are usually responsible for the
hardware problems deriving from high bit rates.

Now it is one thing to employ a telemetering system which encounters design problems but
which nevertheless works well once these problems are solved. It is quite another thing to
be faced with the impossibility of telemetering all of the necessary data. The former is the
case where it is possible to employ a PCM system to transmit the desired high frequency
data. In addition, it should be noted here that since many telemetering systems employ
PCM techniques for transmission of other data not suitable for fm/fm techniques, it is
highly advantageous to include this high frequency data on the same rf data link. Thus
where the PCM approach can be implemented, not only will the data be transmitted with
substantially higher accuracy than with fm/fm but it will all be transmitted over one rf data
link. However, this straightforward PCM approach cannot be implemented where the
number of high frequency data sources and their frequencies rise above the minimal levels
established by the overall PCM system requirements. Since the highest frequencies
contained in the original data waveforms generated by vibration and acoustic sensors may
be as high as 3 kHz and 15 kHz respectively, the limitations of this PCM approach are
quickly encountered by the telemetry engineer seeking to transmit such data. In fact, it may
be difficult to satisfactorily telemeter even a single acoustic data source.



A simple example can readily display the impact which even one such high frequency data
source can have on the PCM system bit rate. Neglecting the complications arising from the
necessity of synchronization, assume a 10-bit PCM system which telemeters only one
acoustic data source with a 15 kHz maximum frequency component in conjunction with
100 low frequency analog data sources. Then the minimum required PCM sample rate /
channel would be 60 kHz and the minimum system output bit rate would be 1.2 MHz
(assuming other word in the prime frame is acoustic data so that bit rate = 60 kHz x 200
channels x 10 bits/word), which results in excessive bandwidth. Of course a lower
frequency acoustic data source or a small number of vibration data sources could possibly
be telemetered under these conditions, But even here, where the low frequency inputs,
both analog and digital, are more numerous and the requirements which they impose more
complex, the limits of this straightforward PCM approach will be very quickly
encountered.

Solution to the Problem.   Thus we have quickly run through the limitations which the
telemetry engineer encounters in his attempts to telemeter, via either fm/fm or
straightforward PCM techniques, high frequency data sources with a high degree of
accuracy over a single rf data link. The purpose of the remainder of this paper is to present
a solution to this problem which combines the high accuracy of PCM transmission
techniques with on-board processing of high frequency data. The result is a high accuracy
telemetry system which can handle several high frequency data sources in conjunction with
literally hundreds of low frequency analog and digital data sources and under some of the
most complex overall system data format requirements which are likely to be imposed.

The design rationale behind on-board high frequency data processing is quite simple and is
based upon the normal practical objectives of the telemetry engineer seeking to obtain
vibration and acoustic data. Now the initial objective in sampling source data with PCM
encoding techniques is to have the capability of reconstructing an original waveform to a
high degree of accuracy with a minimal amount of transmitter bandwidth., However,
vibration and acoustic data measurements impose the necessity of high bit rates and hence
wide bandwidth transmissions, as explained above, in order to reconstruct original
waveforms. But the point is that, as a practical matter, it is frequently not necessary to
reconstruct the original waveform of this high frequency source data. That is, in many
cases the primary information of interest is in the power spectral density of the original
waveform rather than in that waveform itself. For these cases there exist techniques for
processing the information prior to PCM encoding which greatly reduce bandwidth
requirements but still preserve the power spectral density information which is of primary
interest. On-board high frequency processing is one such technique. The ensuing
discussion will be an explanation of the basics of this technique as it has been developed
and constructed at the Data Systems Division of Gulton Industries on a reentry vehicle
program for McDonnell Douglas Aircraft Corporation.



Since the power contained in any selected frequency band of the source data waveform is
proportional to the square of the average voltage of the waveform within that frequency
band, the rms value of this voltage can be used as a measure of the power density. Thus
the design objective of onboard high frequency processing (hereafter designated as HFP) is
to present pieces of information to the PCM encoder proper which are accurate
representations of the rms voltages contained within the frequency bands into which the
original data waveform has been analyzed. These processed pieces of information can then
be transmitted to the ground station via PCM techniques with practically no further error.
It is a simple matter for the ground station equipment to extract these rms voltage values
and then construct the power spectral density of the original high frequency data
waveform.

There are three basic functions which the HFP subsystem performs in processing the high
frequency data in this manner. They are (1) frequency division of the original high
frequency data waveforms, (2) squaring, and (3) integration of the voltage values
representative of each frequency band resulting from the division in (1). The first function
is accomplished with a parallel array of active bandpass filters whose quantity and
frequency ranges for each high frequency data source are established in conjunction with
the dynamist. This division is arrived at on the basis of known and expected signal
waveform characteristics so that the amount of desired data transmitted to the ground may
be maximized. Thus, for example, in one PCM system built by Gulton which utilizes a
HFP subsystem, each of the two vibration data waveforms were divided into 12 frequency
bands (up to a maximum frequency of 2.83 kHz), while each of the two acoustic data
waveforms were divided into 7 frequency bands (up to a maximum frequency of
11.3 kHz). It might also be noted here that in addition to these four high frequency data
sources, the overall PCM system in question encoded over 400 low frequency analog data
inputs.

The output analog signal from each filter is squared to yield a positive number. The
squared number is then successively integrated over intervals of time T, where the value of
T is established such that synchronous operation of the HFP subsystem with the overall
PCM system is enabled. Immediately following interrogation of a specific frequency band,
that associated integration is reset in preparation for a new integration period of time T.
Thus each band is interrogated once every T seconds and the output data is represented as



where fn(t) = the time domain waveform which appears at the output of filter band n
and T = integration period.

From the above data, ground station data reduction equipment can calculate

which is the rms value of the voltage appearing at the output of filter band n.

While function (1), frequency division, is implemented in the same manner for all high
frequency inputs, the bandpass filter outputs are not all squared and integrated in the same
manner. The filter outputs with maximum frequencies of greater than approximately 3 kHz
are processed with analog squaring and integrating techniques, while the lower frequency
filter outputs (which are in the majority even for the acoustic data sources alone) are
processed via time shared digital squaring and integration techniques.

Briefly, these two squaring and integrating techniques are implemented as follows. In the
analog approach, the outputs from the filters whose highest frequency is greater than
approximately 3 kHz are routed to individual analog squaring circuits on a continuous
basis. The squared outputs are then routed in turn to individual analog integrators which
each have a reset field effect transistor (FET) connected across their respective integrating
capacitors. At the completion of each integration interval T, the analog outputs are then
routed, in accord with their assigned location in the PCM system data format, to the PCM
system analog multiplexer. There they are treated as low frequency (1/T) analog data
inputs and digitized along with all of the other low frequency analog data inputs. The
capacitor is then discharged, through the FET, to reset for the next integration interval.

In the digital approach, an analog multiplexer sequentially presents each filtered output to
an analog to digital converter at a very high sample rate satisfying the Nyquist criterion
(i.e., sampling rate is at least four times the highest frequency contained in the sampled
data). The digitized outputs address a read only memory (ROM) using the digitized
magnitude as address. Since the content of each addressed location is the binary square of
its corresponding address, each ROM output is the binary square of its input.

The digital integration is actually performed as an accumulation of a fixed number of
squared samples (determined by the multiplexer sampling rate just described in
conjunction with the integration time interval T) by a random access memory (RAM).



Each filter output being digitally processed has a corresponding totally dedicated location
in this RAM where this fixed number of samples is accumulated. At the completion of
each integration (accumulation) interval, whose duration is synchronized with the PCM
system prime frame rate, the integrated output is routed in digital form to the PCM system
digital multiplexer. There it is treated as a specific number of digital data inputs (equal to
the number of bits/word in the PCM output bit stream) and appropriately inserted into the
PCM system output data format along with all the other bandpass filter outputs undergoing
digital squaring and integration.

Although the digital method is preferable in terms of accuracy, and particularly in terms of
hardware implementation, it has to date been found more satisfactory to employ the analog
method for the higher frequency outputs on the basis of size, cost, and power tradeoffs. As
a result of the time sharing of the filter outputs in the digital technique, the recurring
channel to channel hardware is minimized. Basically, only the multiplexer need be
enlarged. However, this holds true only at the lower frequency ranges. For the higher
frequency channels, recurring analog to digital converters (and possibly ROM’s and
RAM’s) would be required in order to handle the high sampling rates which would be
necessitated in order to avoid aliasing errors on this high frequency data. On the other
hand, since time sharing is not employed in the analog technique, each data channel
requires a separate squaring circuit and integrating circuit. Now where the frequencies are
low enough to allow for implementation of the digital technique (and are of sufficient
quantity to absorb the nonrecurring hardware which this approach requires) without
incurring any substantial increase in the channel to channel hardware, the digital technique
is preferable. But where the frequencies are higher so that this no longer holds true, then it
is preferable to begin employing the recurring channel to channel hardware required by the
analog technique so long as an excessive number of analog channels are not required. Thus
in the HFP subsystem referred to earlier, only 4 out of 38 bandpass filter outputs are
subjected to analog processing. By setting the dividing line between digital and analog
processing techniques at approximately 3 kHz, this tradeoff is optimized.

Conclusions.   A solution to the telemetering of high frequency analog data sources has
been presented in the form of on-board high frequency processing (HFP) techniques. Some
of the advantages as well as the limitations of this approach have been rather briefly
discussed. The basic position which has been presented in this paper is that HFP
techniques, which are now a reality due to recent advances in the technology of monolithic
and hybrid active filters and of large scale semiconductor arrays, can provide significant
advantages, and, in many cases, solutions to real dilemmas, for the dynamist and the
telemetry engineer who have heretofore relied upon fm/fm transmission techniques. In this
shift of the data processing function from the ground station to the airborne PCM system,
the telemetry engineer gives up the possibility of reconstructing the original high frequency
data waveform. Where it is essential that such reconstruction be performed on the ground,



then the HFP techniques presented here provide no solution. But where the original
waveform need not be reconstructed, where power spectral density information is, or can
be made to be, sufficient for one’s data needs, then the benefits of HFP techniques can be
significant indeed. Gulton’s efforts in the development of HFP hardware reflect the strong
conviction, based upon extensive telemetry experience, that a significantly large proportion
of high frequency data source telemetering can benefit greatly from the utilization of these
techniques.

To recapitulate, the immediate effect of the HFP approach is transmission bandwidth
compression to the extent that PCM techniques can be employed even where several high
frequency data sources are to be telemetered together with literally hundreds of low
frequency data sources. As a result of PCM transmission of the data, the accuracy of this
data can be maintained at the high levels which digital techniques afford. Perhaps an even
more significant result is that so much data can be transmitted over a single rf data link.
Where airborne size, weight, and power are important factors, as they almost always are,
the significance of using only a single rf data link can be great indeed, particularly when
the impact of the size and weight of additional batteries are included. But perhaps an even
more effective way of stating the case for on-board high frequency data processing (HFP)
is to point out that it can often provide the telemetry engineer with the opportunity to
obtain important high frequency data which would otherwise, as a result of various
practical limitations beyond his control, be inaccessible to him.

A further advantage which can be derived from PCM HFP techniques is the ability to
telemeter the critical data which occurs during the rf blackout interval on vehicle reentry
with greater accuracy and less hardware than with comparable fm/fm techniques. Through
the implementation of a digital delay unit, this data can be maintained in digital form (so
that there is no reduction in accuracy) and then transmitted with the subsequent PCM data.
This approach does not require an additional tape recorder, whereas one is required in
fm/fm transmission. In addition, where the normal transmission bandwidth is not already
quite high (e.g., over 400 kHz), an additional rf data link may not even be required since
the delayed data could be incorporated into the original PCM output data format. These
further improvements in cost, power, size, and accuracy are highly significant in the light
of the critical nature of this reentry data.
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FOR AN FM/FM TELEMETRY SYSTEM BASED ON OPTIMUM

PERFORMANCE

CHARLES ROSEN
Vice President and Chief Engineer

Microcom Corporation

Summary.   This paper will describe a system for calculating the pre-emphasis schedule
and the required receiver IF bandwidth for FM/FM Telemetry Systems (Frequency
Division Multiplexing.

An investigation of the procedures presently in use, disclose that system engineers
calculate their system pre-emphasis based on the 3/2 Power Law, for proportional
bandwidth systems and a 6 db per octave taper for constant bandwidth systems. Systems
using both proportional and constant bandwidth channels are usually left to empirical
methods. The total deviation and the receiver bandwidth is assumed using empirical values
previously found successful. So far, an investigation has not shown any exact technical
basis for the selection of the total deviation or the receiver bandwidth to be utilized in a
system.

Introduction.   The following lists the requirements that systems engineer should design
for, in establishing the optimum pre-emphasis schedule:

1) The system shall perform as close to threshold of the receiver as possible with no
loss of data.

2) At this point of receiver operation, the signal to noise ratio at the output of each
subcarrier discriminator shall be a minimum of 40 db.

3) The bandwidth of the receiver shall be the minimum required to provide
undistorted data. The considerations are the information bandwidth required, and
the stabilities of the transmitter and receiver. The determination of the bandwidth
is extremely important since it enters into the margin calculations. Using more
bandwidth than required does not improve the performance of the system and has
a detrimental effect on the margin calculations.

4) Modification of the lower frequency VCO channels to insure sufficient output
from the receiver to limit the subcarrier discriminators. This variation from the



normal pre-emphasis schedules is what is commonly referred to as the modified
pre-emphasis schedule.

This paper will define all of the requirements listed above. The method employed will be
capable of defining a proportional bandwidth system, a constant bandwidth system or a
combination of both. It takes into consideration the various frequency responses of the
subcarrier oscillator (SCO), the various deviation ratios of the SCO, as well as any special
SCO channels that may be used. It should be noted that there are no cases of FM/FM
Systems that this procedure cannot define. It is also of great significance in the design of
PAM/FM/FM and FM/FM/FM (triple FM) Systems where bandwidths and deviation of
high frequency SCO’s must be calculated accurately, together with, the modulation
requirements of the transmitter. The result will be reliable data transmission, with the least
amount of transmitter deviation, and the narrowest receiver bandwidth requirements,
which are the desired result. Before describing the procedure, an understanding of the
parameters which describe the system performance must be presented.

The first parameter is the deviation of the RF carrier by each subcarrier oscillator. In a
Telemetry System a number of SCO’s are multiplexed to modulate a transmitter. As the
received signal level decreases in the receiver, the desired result is that each SCO channel
is deviating the transmitter an exact amount, such that at threshold of the receiver, the
signal to noise ratio of each channel shall be the same. In the standard language of the
system designer, “All of the SCO channels will drop out simultaneously”. As previously
stated the only modification to the pre-emphasis schedule which is not consistent with the
recommended calculations is the lower frequency channels (i.e., below 5.4KHz). Due to
the sensitivity of the subcarrier discriminators used in the demodulation phase, the lower
frequency subcarrier oscillator must be adjusted to insure sufficient output voltage from the
receiver to provide limiting or lock of the subcarrier discriminator.

The second important parameter which effects this “performance” of the system, is the
receiver bandwidth. The receiver bandwidth requirements are a function of the deviation of
the transmitter and the frequencies of the modulation signal. To best describe the
requirements for bandwidth a frequency spectrum diagram can be used, Figure 1. This
diagram shows three different modulating frequencies, modulating a transmitter at the
same modulation index.

The diagram of Figure 1 is an indication of the deviation of the transmitter, but cannot be
directly measured in the diagram. The deviation can be calculated by determining the
Modulation Index (MI) from the spectrum display and applying it to the formula:
fdc = M C fs.



FIGURE 1

The bandwidth is directly apparent by counting the number of sidebands of any of the
modulating frequencies. This is so because the sidebands are displaced as a function of the
modulating frequency.

If we now take these three frequencies and linearly mix them and modulate the transmitter
then we can superimpose the three spectrum displays. From this we can see that the
deviation of the transmitter will increase, but the bandwidth requirements with respect to
the modulating frequencies will remain the same. The sidebands generated by the two
lower frequencies will fall within the bandwidth required by the highest modulation
frequency.

The bandwidth requirements of the system are therefore a function of the highest
modulation frequency and the total deviation of the transmitter. The only error which can
occur in this analysis is when a lower frequency modulates the transmitter sufficiently to
generate sidebands beyond the highest modulation frequency. In the standard FM/FM
Telemetry Systems, this does not occur due to the nature of the frequency division
multiplex system. In both the proportional and constant bandwidth subcarrier channels the
higher the subcarrier frequency, the larger the deviation must be, to keep the signal to
noise ratio constant. This fact will be established later in the analysis.

It has now been established that the highest frequency subcarrier and the total deviation
describe the overall information bandwidth requirements of the system. There are two
equations which are commonly used for calculating bandwidth. Bc = 2 (fdc + 2fs) - Found
in ITT Handbook, pp 21-9. This is the rule of thumb equation used to determine the



bandwidth requirements for the 1% sidebands components. Bc = 2 (fdc + fs) found in
“Information Transmission, Modulation Noise” by Schwartz, pp 247. This again is the rule
of thumb equation for determining the bandwidth required for the 10% sideband
components. In order to determine the exact bandwidth required, the Bessel functions
should be referred to for either the 10% or 1% values. Sidebands generated in all the
systems that have so far been observed are such that either me of the approximate
equations has been found adequate for bandwidth determination. Since the 10% sideband
equation requires less bandwidth, it will be used in the procedure described in this paper.

Glossary.

SCO = Subcarrier Oscillator
= Data or Discriminator output RE signal to noise ratio, expressed as a voltage

ratio.
= Receiver carrier to noise ratio, expressed as a voltage ratio.

Bc = Receiver IF bandwidth.
fdc = RF carrier peak deviation produced by the SCO.
fds = SCO peak deviation produced by data.
fs = SCO center frequency.
Fud = Maximum data frequency modulating an SCO or 3 db frequency of the

subcarrier output low pass filter.
M = Modulation Index of SCO modulating the RF carrier.
N = Modulation Index of highest frequency data modulating an SCO.
)f = Total peak deviation of RF carrier by all the SOO channels in the system.
C = Constant determine by the ratio of the subcarrier discriminator signal to noise

ratio, divided by the quantity of the receiver signal to noise ratio, times the
square root of 3/4.

A = The sum of the ratios of the SCO channels modulating a transmitter where the
deviation of each SCO is normalized with respect to the deviation of the
highest frequency SCO modulating an PF carrier.

K = Peak deviation of a SCO produced by data (i.e., narrow band channels are
7.5%).

fdc1 = Terms which is established from the equation for fdc for purposed of
determining the value of A.

Description of Procedure.   The following procedures will determine the optimum RF
deviation for a group of subcarrier channels and the optimum receiver bandwidth.
Equation 1 describes the thermal noise performance of an FM/FM channel above
threshold.



Equation 1

* Refer to Telemetry Standards IRIG 106-71, pp 85.

There have been many papers written on noise performance of an FM/FM channel, and the
basic equations are similiar. This particular equation, and its nomenclatures were used,
because it appears in the IRIG 106-71 Standards, pp 85. It is therefore the intent of this
procedure to be an extention of this equation. From it the system engineer can determine
the optimum bandwidth of the receiver required, the deviation of the transmitter by each
subcarrier channel, and the total deviation. When the receiver bandwidth required does not
correspond to the standard receiver bandwidths available, he can select the standard one
which is greater than calculated and adjust the systems in accordance with the procedure
which will be discussed.

It must be clearly understood that the above thermal noise equation can be used only to
determine the optimum deviation and bandwidth. In most cases, the bandwidth selected
will be different than the calculated value due to the availability of receivers and receiver
IF plug in modules. It is obvious from studying the equation that to maintain a 40db S/N
ratio at the output of the subcarrier discriminator the equation states that, as the receiver
bandwidth is increased the transmitter deviation should be decreased. Obviously this is not
consistent with the established theory of signal to noise performance of a system. The
value of this equation and others like it, is that it provides a starting point. As will be
described, the equation provides the ability to calculate the values of receiver BW and the
transmitter deviation for optimum performance conditions. After these parameters are
established and the receiver bandwidth selected is larger than the calculated value, (which
will be the usual case) then the transmitter deviation must be increased to maintain the
same signal to noise ratio. Optimum performance will be maintained in this fashion. This
procedure will eliminate the over designing of systems which unnecessarily waste
bandwidth and exceed power output requirement for adequate transmission range. It will
eliminate using 3.3MHz bandwidth when 1MHz is more than adequate, and will eliminate
deviating the transmitter 500KHz when 250KHz is adequate. These are the major
contributions of this paper.

Optimum Performance is described as follows: The output of each subcarrier discriminator
in the system shall have a minimum signal to noise ratio of 40db at 1db above receiver
threshold, using the minimum receiver IF bandwidth which will provide undistorted data.
Then referring to Equation 1, the following conditions are established.

10db = 3.16 voltage ratio. This was selected because it is 1db above
threshold which has been established over the years through analysis
and actual tests. (Crosby FM Modulation Analysis).



40db = 100 voltage ratio. This has been selected because the noise
contribution will be limited to 1% of the data information.

For other performance requirements              and             are selected by the system
engineer.

Referring to Equation 1 the following constants are established:

Constant 1

Constant 2

Constant 3

A further description of the bandwidth equation will be made so it can be used in this
analysis. The total deviation )f can be described in the terms of any one of the subcarrier
frequencies in the system. To standardized for purposes of this paper the total deviation
()f) will be described with respect to the highest modulating frequency in the system. If
the ratio of the transmitter deviation of each subcarrier frequency is established with
respect to the highest modulating frequency, then by adding up the ratios and multiplying it
by the highest modulating frequency, the total deviation can be determined. The bandwidth
equation can now be rewritten.

Constant 4

Bc = 2 (A fdc + fs)
where

A = the sun of the ratios of the SCO channels in the system.
fdc = the transmitter deviation of the highest SCO channel.
fs = the frequency of the highest SCO channel.

 



Constant 5

fds = K fs Peak deviation of subcarrier referred to subcarrier center
frequency.

Substitute Constants 1 and 3 in Equation 1

Squaring the above

Solve for fdc2

Substitute Constant 5 for fds.

Equation 2

Substitute Constant 4, into Equation.2 to reduce the equation to one unknown.

Equation 3

Re-arrange the equation in terms of the unknown fdc.

Equation 4

The only unknown in Equation 4 is fdc. Equation 4 can be reduced in term of the
modulation index (M) by dividing both sides of the equation by fs because



  (constant 2)

Then the only unknown will be the modulation index (M)

Equation 5

The value of M can be found by substituting the constants in the formula and using the
general solution for a cubic equation.

Once the value of M is found,the system parameters can be established as follows: The
transmitter deviation of the highest modulation channel is determined using the following
equation: fdc = Mfs Constant 2

Since the value of A is known, the receiver bandwidth can be determined by the equation
Bc = 2 (Afdc + fs) Constant 4.

The transmitter deviation of each subcarrier in the system can now be determined by
solving 

Equation 2 

Another method of determining the transmitter deviation of each subcarrier channel will be
established later when the step by step procedure is presented. As can be observed in
Equation 2 the only variable in determining the deviations of each SCO channel is the
modulating frequency fs. This value varies as a function of fs to the 3/2 Power, which is
the mathematical justification for the 3/2 Power setting for the proportional bandwidth
channel FM/FM Systems. In the constant bandwidth systems where fds is the subcarrier
peak deviation produced by data                         then the Equation 2 will become

The variable fs to the 1 Power establishes the 6 db octave settings for the constant
bandwidth channel FM/FM Systems.

One other point must be established before a complete procedure can be presented for
solving all of the parameters of the system and calculating all of the values. The value of A



is determined by summing the normalized deviations with respect to the highest SCO
frequency deviation. As discussed previously, the relationship between the deviations of
each subcarrier channel is a function of Equation 2 or in the equivalent equation for
constant B.W. channels.

These equations will now be used in determining the value of A

Equation 2
Proportional Channels Constant Bandwidth Channels

Once the bandwidth is determined (Bc), it will remain a constant for the system. In the
standard proportional or constant bandwidth systems all of the terms of the equation are
fixed such as, N = 5; K = .075 for narrow band channels and K = .15 for wideband
channels or

 for constant BW channels.

However, in many present day systems there are nonstandard frequency channels used,
and many with variations as to the modulation index (N) and the peak deviation of the
subcarrier oscillator. For these reasons the discipline of making the following calculations
using the entire equation is urged.

To establish the value of A, Equation 2 will be used. Since the bandwidth (Bc) once
established will be constant for the entire system, it will not enter in determining the
normalized relationship between the SCO channel deviations. Therefore, it can be dropped
from Equation 2 without affecting the relationship. Doing this we can establish a now term
fdc1. The equations for fdc1 are as follows:

For proportional subcarrier channels



For constant bandwidth channels

The values of fdc1 of each subcarrier channel are used in the determination of the term (A).

The constants and equations which have been established will now be used in an 11 step
procedure which will describe the setting up of an FM/FM System and determining the
receiver bandwidth. Finally a table has been established which will require the posting of
the results of the calculation of certain of the steps. The final column of this table will be
the transmitter deviation of each subcarrier, and the required optimum receiver IF
bandwidth will be determined in one of the steps of the procedure.

STEP 1 Calculate fdc1 for each subcarrier channel.

Proportion Constant Bandwidth

 Post in Table of Values

STEP 2

Normalize the values of fdc1 in terms of the highest frequency SCO channel.
Divide fdc1 for the highest modulating SCO into the values of fdc1 calculated
for each SCO channel. The normalized value of the highest SCO channel will
be 1 and all others will be proportionally lower. Post in Tables of Values.

STEP 3

Add the normalized values. This number = A

STEP 4

Substitute all of the known values for the highest SCO channel in equation 



 Solve for M, which is the modulation index for the transmitter deviation of
the highest frequency subcarrier channel.

STEP 5

Substitute M in equation fdc = Mfs where fs is the highest subcarrier
frequency. This will be the transmitter deviation of the highest SCO channel.

STEP 6

Calculate the receiver bandwidth required using the following equation
Bc = 2 (Afdc + fs)

Both fdc and fs teruLs are with respect to the highest SCO channel. (A C fdc)
is the total transmitter deviation ()f).

STEP 7

Determine the transmitter deviation of each subcarrier channel by multiplying
the normalized values established in Step 2 by the deviation fdc calculated in
Step 5.

The complete system has now been determined. The optimum receiver bandwidth has been
calculated in Step 6 and the required transmitter deviation for each subcarrier channel has
been established to provide 40db S/N ratio at the output of the subcarrier discriminators at
1db above threshold of the receiver.

STEP 8

At this point the receiver bandwidth must be selected with respect to the
availability of equipment. The receiver bandwidth selected should be equal to
the calculated value of Step 6 or the closest larger bandwidth which is
available.

STEP 9

Divide the bandwidth selected in Step 8 by the bandwidth calculated in
Step 6. This will be a multiplier constant (B).



STEP 10

Using constant B calculated in Step 9, multiply each of the subcarrier SCO
transmitter deviations calculated in Step 7 by constant B to determine their
new deviations in terms of the new bandwidth. Post in table of values.

The justification for this step is as follows: As the receiver bandwidth is
opened it allows more noise into the system. Since the noise bandwidth is
flat, any increase in bandwidth will result in a linear increase in the amplitude
of the noise. To keep the signal to noise ratio constant in the system, the
deviations will have to be increased proportionately. The new total deviation
resulting from this procedure will no longer satisfy the bandwidth equation
Bc = 2 ()f + fs). If the total deviation ()f) is determined using the selected
Bc of Step 8 it will be larger than what is established by Step 11. However, it
is not necessary to satisfy this equation at this point in the procedure. The
system requirement is to provide sufficient deviation of the transmitter to
maintain the desired signal to noise ratio, using the minimum IF bandwidth
necessary to provide undistorted data.

STEP 11

Modify the deviations of the lower SCO channels wherever necessary to
provide sufficient receiver output to limit or lock the subcarrier
discriminators. Also round out the deviations of all channels. Post in Table of
Values.

The system has sufficient tolerance so that the center frequency of the SCO channels can
be used for the term fs instead of the upper bandedge. If the transmitter or receiver has
excessive drift, for example non crystal controlled transmitter, then this drift in frequency
must be added to the bandwidth (Bc) required before the final bandwidth selection. Then
the usable information bandwidth is applied in Step 9 of the procedure.

The performance of the system will be degraded, but this cannot be helped in view of the
available equipment. If in some cases the bandwidth available is less than the bandwidth
calculated for optimm performance, the amount of degradation of system performance can
be calculated.

The following is the Table of Value chart, the procedure steps in actual form, and a typical
example.



STEP 4

STEP 5

fdc = Mfs (Highest SCO channel)

STEP 6

Bc = 2 (Afdc + fs) (Highest SCO channel)
Afdc = Total Deviation ()f)

STEP 8

Selection of receiver IF BW to be used.



STEP 9

STEP 10

B x fdc

STEP 11

Adjust low frequency channels for sufficient deviation and round off
deviations of all channels.

Typical Example

1)  5 SCO channels, standard narrow band proportional channels, with standard
modulation index, frequency 22KHz, 30KHz, 40KHz, 52.5KHz, 70KHz. N = 5 K = .075.

2)  Desired operation: 40db S/N ratio at output of subcarrier discriminator at 1db, above
receiver threshold.

STEP 1

For proportional channels

Calculate fdc1 for each SCO channel
Post in Table of Values

STEP 2

Post in Table of Values



STEP 3

Total of Normalized values   A = 2.54
Post at bottom of Step 2 column in Table of Values

STEP 4

2.54M3 + M2 = .4          M = .436

STEP 5

STEP 6

Bc = 2 (Afdc + fs)  = 2 (2.54 x 30.52 x 103 + 70 x 103

Bc = 295KHz = Receiver IF bandwidth
Afdc = 2.54 x 30.52 x 103 = 77.52 = )f total deviation

STEP 7

fdc1 = Normalized Values x Step 5
= Normalized Values x 30.52 = deviation of each SCO channel

Post in Table of Values



STEP 8
SelectedReceiver IF bandwidth = 500KHz

STEP 9

STEP 10

B x fdc = 1.68 x fdc
Post in Table of Values

STEP 11

Modify deviation
Post in Table of Values

The system should have used a 300KHz receiver IF bandwidth for optimum conditions,
and the design would have been completed by skipping from Step 7 to Step 11. But for the
purposes of showing the procedure for the selection of another bandwidth, which might be
the only one available, the example was continued by just such a selection.
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SIMULATION OF PCM DATA UTILIZING A GENERAL
PURPOSE COMPUTER1

K. G. SHULTENBURG
Control Data Corporation
Santa Maria, California

E. E. EHRSAM
Space Missile Test Center

Vandenberg Air Force Base, California

Summary.   Due to the increased complexity and capabilities of modern missile telemetry
systems, it has become increasingly difficult to provide an effective yet flexible simulation
capability for the verification and validation of PCM decommutation systems.

Control Data Corporation, under contract with the Space and Missile Test Center
(SAMTEC) at Vandenberg Air Force Base, California, recently completed the
development of a powerful and flexible simulation system utilizing a CDC 3300 computer.
This Telemetry Decom Validation System (TDVS) now allows personnel to develop a
simulated PCM data stream using a telemetry-oriented compiler to generate telemetry
instructions. The compiled program can then be executed in a microprogrammable
processor which generates the defined PCM stream through the interpretation of the
specially designed instruction set output by the compiler. Data can be simulated at rates up
to 2 megabits using any of the seven IRIG code conventions or Miller Code.

Introduction.   The primary function of the Space and Missile Test Center is to provide
support for the relatively large number of various missiles launched from Vandenberg Air
Force Base. Associated with this function is the requirement to provide telemetry
decommutation systems capable of processing the telemetry transmitted by the missiles.
One of the major problems in providing this support is the development of a decom system
for a new missile or telemetry format. This problem is compounded because of the non-
availability of historical data with which to verify the decom once developed. Realistic
simulation of the data has, in the past, been a difficult, if not impossible, task. In order to
help alleviate the problems imposed by this situation, Control Data Corporation was
contracted by the Space and Missile Test Center to develop the Telemetry Decom
Validation System.



2 D. J. Karleskint, “Microprogrammable Processors Applied to Telemetry Processing Systems”
Proc. ITC Vol. VIII, pp 614-620, 1972.

Discussion.   The Telemetry Decom Validation System is a hardware/software
computerized simulation system which was implemented on a CDC 3300 general purpose
computer using the CDC Mass Storage Operating System (Figure 1). An additional
hardware device, called the Telemetry Output Module, was designed to perform the actual
transmission of PCM data. The Telemetry Output Module design is based on a
microprogrammable processor.2

The software system is made up of three major elements (Figure 2). The key to the use of
the Telemetry Decom Validation System is a Telemetry-Oriented Language (TELOL)
Compiler. This compiler program, which executes in the CDC 3300 computer, was
designed so that telemetry personnel with little or no computer background can develop a
simulation program using common telemetry terminology. A simulated PCM data stream
can be created to verify decommutation synchronization by defining only the frame format
(i.e., frame length and sync patterns). This basic frame definition can then be expanded to
include measurement definition (subcommutation, super-commutation), and measurement
data values. Each measurement may also be assigned a unique and meaningful symbol
which will allow direct reference to the measurement by name. Measurement data content
can then be caused to vary on a timed basis in order to provide a realistic simulation. Thus
it becomes very easy to develop a highly sophisticated simulation program on an
incremental basis. This feature becomes very useful in the development of decommutation
software in that simulation data can be developed as required without a large initial effort.
Use of high level compiler language also reduces the possibility of error in the format of
the simulated PCM data stream.

Another feature of the TELOL Compiler is its ability to automatically save and catalog the
simulation program it has generated. Once cataloged, this program can be called up and
executed at any time. The loading and execution of the program is controlled by a real time
executive program.

The real time executive, in association with the Telemetry Output Module, performs the
actual simulation and transmission of the PCM data. The Telemetry Output Module
executes, via firmware emulation, the simulation program that was generated by the
compiler. The real time executive controls the execution of the instructions and is also
capable of modifying the instructions.

There are two methods of directing the real time executive to modify the simulation
instruction set, thereby causing the output PCM data to be altered. The first method
involves the time based measurement changes input to the TELOL Compiler. During the
compilation of these timed measurement changes, the TELOL Compiler generates a list of



new instructions along with the location of where they are to be placed within the
simulation program. The generated list is then saved in a mass storage file as was the basic
simulation program. Up to 24 of these timed measurement change files can be generated
for each basic simulation program. The real time executive, if so directed, will retrieve and
merge any combination of these timed measurement change files prior to an actual
simulation. When the simulation of data begins, this merged list of measurement changes is
referenced by the real time executive and the modification of the instructions takes place
automatically. This method of data modification provides two powerful capabilities to a
user of the system. The first one is that he may predefine a series of intricate measurement
changes which will in turn be automatically incorporated into the PCM data stream. The
second is the ability to describe measurement changes in several increments. In missile
telemetry, each separate stage of the missile has a unique set of measurements associated
with it. The measurements within each stage can therefore be described and simulated
separately, or can be combined for a complete missile simulation. It is therefore possible to
prepare a total and complex simulation program in incremental steps.

The second method of measurement data modification provided by the real time executive
allows for dynamic changes in the measurements. The real time executive has within it a
miniature and limited version of the TELOL Compiler. Each measurement described to the
TELOL Compiler has a symbolic identifier associated with it. An operator of the real time
executive can direct, via a CRT, a measurement data change by referencing its symbolic
name. The real time executive will then alter the simulation instruction causing the
telemetered data to be changed correspondingly. This function thereby allows the data to
be modified as it is being transmitted providing the ability to perturbate measurements for
decommutation system checkout.

Other controls provided by the real time executive allow for starting and stopping data
output, starting and stopping the timed measurement changes, freezing the data output
(causing it to repeat a frame of data with no measurement changes) and changing the data
rate, code or polarity.

The third major software module associated with the Telemetry Decom Validation System
is a file manager. The system utilizes punched cards, magnetic tape and mass storage for
information storage and retrieval. Compiled programs, if saved and cataloged, reside on
mass storage. Input to the TELOL Compiler may reside on any of the storage media.
Manipulation of data between these various media is the function of the file manager.

The file manager can be operated in either a batch or interactive mode. In the interactive
mode, control is provided by a CRT. In the batch mode of operation, the file manager will
read commands from a card reader or magnetic tape. It is also possible to pass control 



from one device to another causing the change from interactive to batch mode, or vice
versa. The file manager commands are the same in either mode of operation.

The file management command set allows for maintenance and modification of the various
simulation files. Maintenance of files is provided for by commands that allow data to be
transferred between files and other storage media. Modification of files is accomplished
via another set of commands which allows deletion or insertion of files or records within a
file. An optional log is available which contains a complete history of all transactions made
during a file manager session.

The three software modules described thus far could be adapted to many simulation
applications. The Telemetry Decom Validation System in operation at the Space and
Missile Test Center bas associated with it other ancillary programs which are specifically
applicable to the Space and Missile Test Center operation. Among these programs is one
which uses historical data to generate TELOL source statements which, when compiled,
will simulate selected measurements of that data stream. Another program uses theoretical
data to generate measurement data. These two programs, both of which generate TELOL
source statements, help alleviate the task of manually building a simulation program with
complex measurement definitions.

The real time executive program has a feature which allows for a decom analysis program.
As data is being telemetered from the simulation system, a file can be built which contains
a complete history of the data transmitted. Utilizing this feature, a decom evaluation
program was written which compares the data sent from the simulator to that received and
recorded by one of two specific decommutation systems. This program provides an
automated analysis of the decommutation systems capabilities and accuracy.

Conclusions.   The Telemetry Decom Validation System is now in operation andhas
proved its usefulness many times. A primary concern of the Space and Missile Test Center
in providing support is that the data products produced on their systems are accurate.
Therefore, prior to all real time operations involving telemetry, this system is used to verify
that the decommutation system is operationally ready and configured properly. It has also,
in the past, been used to pinpoint problem areas and to provide known data for hardware
and software debugging.

There are two primary advantages of this system. The first advantage is the ability to
develop a simulated PCM data stream using a high level compiler language. Because of
the extended checks performed by the compiler and its diagnostic ability, the format of the
data resulting from a simulation is extremely accurate. Provision is also made for
identifying and referencing measurements by a symbolic name.



The second advantage of this system is the ability to modify the telemetered data, on a
measurement basis, as it is being transmitted. This capability provides for true dynamic
simulation.

FIGURE 1.  TDVS HARDWARE CONFIGURATION

FIGURE 2.  TDVS SOFTWARE DATA FLOW
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Summary   Science objectives are outlined for long surface traverse missions on Mars and
the moon, with remotely-controlled roving vehicles. Series of candidate rover science
payloads are proposed, varying in purpose, development needed, cost, and weight (35 to
almost 300 kg). A high degree of internal control will be needed on the Mars rover,
including the ability to carry out complex science sequences. Decision-making by humans
in the Mars mission includes supervisory control of rover operations and selection of
features and samples of geological and biological interest. For the lunar mission, less
control on the rover and more on earth is appropriate. Operational problem areas for Mars
include control, communications, data storage, night operations, and the mission
operations system. For the moon, science data storage on the rover would be unnecessary
and control much simpler.

INTRODUCTION

This paper discusses science aspects of a remotely-controlled roving vehicle for a long
traverse mission across a planetary surface. Primary attention is given to a Mars mission,
but a lunar mission is also considered. Lunokhods 1 and 2 are remotely-controlled lunar
roving vehicles. However, they performed local exploration in the vicinity of their landing
sites, rather than long traverses covering many areas (ref 1 and 2). Previous studies of
Mars and lunar roving vehicles have been recently reviewed (ref 3).

A Mars roving vehicle mission differs from a lunar mission in that the Mars mission would
probably be concerned with biology and meteorology, as well as with the geology and
geophysics to which a lunar mission would be addressed. In the harsh environment of
Mars, life may exist only in limited areas where conditions are most favorable. Thus,



whether or not earlier lander missions find evidence of life, an important reason for
sending of a rover to Mars may be to use its mobility to search systematically for places
where life may exist.

Other important differences between Mars and Lunar missions arise from the radio
transmission times to earth: 2.5 s round trip for the moon, 6 to 44 min for Mars. These lead
to major contrasts in control of the vehicle, in timeline, and in mission operations.

A rover forms only one element of a desirable Mars traverse mission. Other elements of
scientific importance should include: (1) a Mars orbiter, (2) a science package at the
landing site, (3) science packages emplaced by the rover, away from the landing site, (4)
possibly instruments for measurements during atmospheric entry and descent. These
elements appear less important for a lunar traverse mission. In this paper, items (2) and (3)
are considered as “emplaced science packages.” The orbiter and entry payloads are not
discussed here (see ref 4).

The return to earth of samples gathered by the rover is considered here only for lunar
missions, and that briefly; the topic deserves further attention. Also, only science
concerned with Mars and the moon is considered, not the use of Mars and the moon as
stations for other kinds of scientific measurement.

No mission constraints were imposed on this work, and no attempt is made here to define
the minimum missions that would be worthwhile.

SCIENCE OBJECTIVES AND MEASURABLES

The overall goals of a long traverse mission on Mars are considered to be determination
of: distribution of surface composition; internal structure and thermal regime of the planet;
nature of the major surface features and of the processes that formed them; atmospheric
regime; environmental conditions pertinent to the development of life; past or present
existence of life; and, if life is found, the nature of that life. On the Moon, determination of
surface composition and surface features would be of primary interest, with some attention
to internal structure and thermal regime (ref 5).

Among the geological and geophysical properties to be directly measured or observed are:
geomorphic features, rock units, structural elements an rock texture; mineralogic and
elemental composition and volatiles; chemical, physical, optical, and mechanical properties
of soils and rocks; magnetic field and gravity. On Mars, planetary rotation and seismicity
are appropriate observables. Meteorological properties include atmospheric composition,
pressure, temperature, wind, suspended solids, and sunlight at the surface. Biological
characteristics at Mars include both organic matter and life. Preferably, the rover should



also provide measurements and observations of isotopic composition, time of chemical
differentiation, and fossils, but this may be beyond the state of the art.

The appropriateness of the listed measurables to a rover mission must be qualified in terms
of scale: Large-scale geomorphic features, gravity field characteristics, etc., are more
appropriately measured with an orbiter, small-scale with a rover. Temporal changes, such
as meteorological, are most appropriately observed from a fixed site or with an emplaced
package. The measurables are discussed in ref 4 and 6; associated science tasks,
requirements, functions, and candidate instruments in ref 4 and 7.

SCIENCE PAYLOADS

No attempt is made in this report to pick a science payload to meet prescribed weight,
cost, or schedule constraints, since these have not yet been defined. Rather, series of
science payloads have been selected that provide a spectrum of possibilities in weight,
power, complexity, cost, development required, and scientific capability.

Mars Payloads.   For Mars, four of the payloads (Payloads C to F in Table 1) are
“balanced” in that they provide measurements in geology and geochemistry, geophysics,
meteorology and atmosphere, and biology. Of these balanced payloads, Payload C is the
smallest and Payload F the largest in all the respects mentioned. Payloads A and B are
specialized payloads in which all capability for measurements in one or more of the
scientific areas is omitted to provide lower weight. The reasons for choosing these
payloads and characteristics of the individual instruments are given in ref 4. The science
payload weights range from 35 kg to almost 300 including instruments in emplaced science
stations. The power estimates (Table 1) include diversity factors (ref 4); the average
science payload power during science operations ranges from 36 to 139 W. Emplaced
stations are to be left behind by the rover, and so must have their own power sources.
Science power during vehicle motion is assumed limited to analytical equipment and the
electromagnetic sounder, if one is carried; any camera or range-finder power needed
during vehicle motion is assumed chargeable to guidance, since there is no science
requirement for operation of these instruments during motion.

The payload data rate is fixed essentially by the cameras; other instruments add little. A
wide-angle TV picture with the selected characteristics includes 6 x 106 bits; a narrow-
angle TV picture, 1 x 107 bits; a facsimile panorama, 3.9 x 107 bits. A TV data rate of 128
kb/s was assumed, based on a very preliminary look at the frame time required. The
assumed transmission channel has a capacity of 32 kb/s of science imaging data (either 32
kb/s of raw data or 16 kb/s of data compressed 2:1), and is continuously available except
during rover motion. With these rates, a timeline was worked out (below) for activities at a
science site. This includes 120 science pictures containing 1.1 x 109 bits, exclusive of TV



needed for vehicle guidance at the site. The peak data storage involved in this sequence is
1.3 hr of science video transmission, or about 108 bits precompressed 2:1.

Lunar Payloads.   Lunar payloads, Table 2, were selected independently of the Mars
payloads. Some of the differences between the two reflect only this independent choice,
others reflect differences in mission constraints or objectives. For example, more cameras
are proposed even for the smaller payloads; the wider communications bandwidth from the
moon permits greater use of pictures. Seismometers are omitted on the assumption that the
seismometers landed by Apollo are adequate.

Proposed are lunar payload types for 5 different missions: missions with no return of
samples to earth: (1) aimed primarily at geophysical studies, (2) aimed primarily at
geological and geochemical studies, (3) balanced mission (geological/geochemical/
geophysical), and missions involving return of samples to earth: (4) aimed primarily at
geological and geochemical studies, (5) balanced mission (geological/geochemical/
geophysical). The less specialized payload types (3 and 5) are considered more desirable
than the specialized (1, 2, 4) but would be heavier and more costly. For each type, a small
payload (S) and a large one (L) are given. Reasons for choosing these payloads are given
in ref 7.

Instrument weights for the lunar science payloads range from 35 to 103 kg (Table 2) .
Estimated average science payload power during science operations ranges from 38 to 95
W; 2 to 27 W are needed for analysis and sounding during vehicle motion. The
transmission channel to earth is tentatively constrained to 0.5 Mb/s on the basis of
limitations in digital ground data-handling equipment; a 2 Mb/s channel seems
operationally desirable and could probably be provided without much difficulty. These
rates would match the science (camera) data rates, permitting transmission of science data
in real time, without storage on the rover.

FUNCTION ALLOCATION

Allocation of functions, between the rover and the ground operating complex of men and
machines on earth, is key in the design of a roving vehicle mission. This problem is
summarized here and discussed in more detail, for a Mars mission, in ref 8.

Mars.   For Mars, a high degree of internal control should be possible on the rover. To the
time for a signal to go between Mars and earth (6 to 44 min round trip) must be added the
time for information critical to continued operation to enter the communications channel.
In the science site operation discussed below, critical information is as much as 108 bits,
requiring 1 hr to enter the channel. A control mode in which all decisions are made on
earth is therefore impractical. Sequences involving intermediate decisions would be



executed so slowly that very little in the way of science would be returned from a mission
of reasonable duration (ref 9). The rover should have sufficient internal control capability
to carry out complex sequences involving imaging, manipulation, vehicle motion, chemical
analysis, biological culturing, geophysical surveying, and meteorology. This capability
should include using data obtained by the scientific measurements to change rover
operating sequences and parameters. Decision making on earth, by humans, should include
supervisory control of the rover and such major matters as changes in mission strategy and
overall route. It should also, importantly, include decisions, on the basis of data transmitted
by the rover, as to which Martian features found along the way should be investigated,
which rocks or other Martian material should be chosen as samples, whether further
testing of a sample is worthwhile, and which of the techniques available on the rover are
most appropriate for the problems at hand.

Moon.   Function allocation for the moon is simpler. The round trip signal transit time is
only 2.5 s; transmittal of 108 bits at the rate mentioned will take only a few minutes.
Making all science decisions on earth (by humans or machines) will not significantly delay
the mission, and appears to be the most reliable and cost-effective-approach. This is not to
say that rover guidance will not require on-board decisions; as a minimum, the vehicle
should be able to detect hazards and stop before it gets into trouble, without a delay of
2.5 s or more.

SCIENCE MISSION OPERATIONAL REQUIREMENTS

On the basis of the above discussions, the following operational requirements appear
desirable from the science standpoint:

Mars Rover.   The rover should have an operating radius of at least 500 km (map
distance); the corresponding track distance (length of path on the ground) is taken to be
1000 km. The rover should be capable of transmitting scientific data continuously to earth
and receiving commands during science operation. While moving, the rover should be
capable of analyzing on-board samples and perhaps of carrying out electromagnetic
sounding (scientific imaging is not included). The rover should be capable of automatically
carrying out motion and science operations, adjusting its operation on the basis of the data
it obtains while so doing. All motion and science sequences, telemetry content and rover
transmission sequences should be readily and quickly alterable by earth command. At
night, the rover should be able to analyze on-board samples, transmit data from deployed
instruments, and do a limited amount of sampling. The operating lifetime of the rover
should be at least one Martian year; the operating lifetime of emplaced science packages
should be at least two Martian years. It should be possible to land and operate the rover at
latitudes up to 70E north and south.



Mars Rover-Orbiter Relationships.   A Mars orbiter should be in operating
simultaneously with, and in support of the rover (see ref 4). The orbiter should provide
imaging coverage of areas to be traversed by the rover, as far in advance as possible, at as
high a resolution as possible (preferably 2-m line resolution or better). The orbiter should
measure magnetic field fluctuations simultaneously with the corresponding measurements
by the rover and its emplaced packages. The orber should monitor planet-wide and
regional changes in the atmosphere and on the surface; it should be used to provide
weather predictions for the rover through observations of atmospheric patterns. On a lower
priority basis, the orbiter should provide detailed orbital examination of selected scientific
areas. The operating lifetime of the orbiter should be at least one Martian year. The orbiter
should be able to support the rover at latitudes up to 70E north and south.

Lunar Rover and Orbiter.   The lunar rover should have an operating radius of at least
1000 km (map distance); the corresponding track distance (length of path on the ground) is
taken to be 2000 km. The rover should be capable of transmitting scientific data
continuously to earth and receiving commands during science operation. While moving,
the rover should be capable of analyzing on-board samples and of carrying out
electromagnetic sounding (scientific imaging is not included). At night, the rover should be
able to analyze on-board samples, transmit data from deployed instruments, and do a
limited amount of sampling. The operating lifetime of the rover should be at least one year.
Imaging coverage of areas to be traversed by the rover should be provided from orbit, as
far in advance as possible, with a line resolution of 2 m.

SCIENCE PROFILE

Mars Profile. The science profile assumed as a basis for mission design may be
summarized as follows (Payload D is assumed here):

(1) The rover will investigate the landing area and ten other science areas within 500
km of the landing (mission traverse). Science areas will ordinarily be chosen prior to
the mission.

(2) Within each science area, approximately 4 km in radius, measurements will, on the
average, be made at six science sites and one geophysical survey. Science sites will
ordinarily be selected on the basis of high-resolution imaging and other data
obtained by Mars orbiters. Geophysical surveys will be selected on the basis of data
obtained by Mars orbiters and by the rover.

(3) At each science site, the rover will stop at three or four science stations, on the
average, within a 50-m radius, to take pictures, deploy instruments, and collect
samples. The rover may move a few meters at each station. Science stations will
generally be selected on the basis of rover observations at the site.



(4) A geophysical survey will average about 1 km long and will consist of 8 to 15
geophysical stations. Geophysical stations will be selected on the basis of rover and
orbiter observations. In many cases they may be spaced at fixed intervals along the
survey line.

The mission traverse, science areas and sites, and a geophysical survey are
sketched in ref 4, 8, 10.

Activities at a science site are illustrated by Table 4, part of the timeline for such a site.
Assumptions made in deriving this timeline include

Vehicle speed: 0.25 km/h (along track)
Distance to earth: 2.2 x 108 km

On arriving at the science site, the rover stops (Station 1) and takes a panoramic picture of
the general scene and some views, in arbitrary directions, of the surface nearest to itself.
When these pictures reach earth, humans examine them and select the more interesting
portions for additional pictures at higher resolution. The rover takes them and sends them
back. The cycle is repeated, providing pictures of the most interesting features at highest
resolution. The rover takes weather readings while it waits for human inputs.

When they examine the pictures, the humans note and select stations where samples
should be taken, stations where geophysical instruments should be deployed, and, if
warranted, stations for examination of objects at closer range.

At Station 2, the rover deploys the magnetometer, then moves off so its magnetic field will
not disturb the instrument. It remains connected to the magnetometer by cable.

At Station 3 or 4, where sampling is to be done, the rover takes a picture for location and
selection of individual samples. Humans, when they have this picture, choose prospective
samples and send back commands. The rover takes pictures at higher resolution to confirm
the sample selection and the position of the sample, and pictures to document the sample
and the surrounding surface. The rover waits for the confirmation pictures to get to earth
and for confirmation to return. (Pictures purely for documentation do not involve similar
operational waits; they are stored at Mars and transmitted when the communications
channel becomes available.) While the rover waits for sample confirmation, it carries out
operations in place: meteorology, continued magnetic readings, deploying instruments that
do not require motion of the vehicle.

When the rover receives a go-ahead to pick up a sample, it does so under on-board control
(see ref 11). It takes more pictures (stereo pairs) to document the sample (in the
manipulator hand) or the hole left in the ground. If the sample is a rock, the rover, with its



manipulator, places the rock on its viewing stage. The rover rotates the stage and takes
pictures of the rock in several orientations and at several magnifications.

After the humans have received and examined the pictures of the rock on the stage, they
decide which areas of the rock should be examined at higher resolution, with polarized
light, etc., and send the appropriate commands. The rover completes the on-stage imaging,
then crushes the rock, places some of the fragments under a microscope, and transmits
micrographs. It transfers other portions of the crushed rock to analytical instruments, and
starts their work. After humans have examined the first micrographs, they decide on
additional ones and send commands for them. These pictures can be taken as analysis
proceeds. For a soil sample, the procedure is generally similar.

When the rover completes manipulation and picture-taking with one sample it goes on to
the next, at the same station or the next one. On-board analysis of the first sample may
continue. When the scientific work at the site is done, the rover retrieves any deployed
instruments and is ready to go to the next site. It may wait for an o.k. from earth to confirm
that all data look good and nothing need be repeated. Biological culturing, which takes 10
days or more for each sample, will continue as the rover goes to and works at subsequent
sites. Some other on-board analysis may also continue after the rover leaves the site. If the
rover at any point runs into difficulties which it cannot handle alone, it will request help
from earth, or humans may intervene on their own initiative. Control of the rover at the
science site alternates between an automated mode with human monitoring, and a remote-
control mode in which the rover waits for commands from earth.

Table 4 shows the first few hr of a timeline totaling 14 hr at the science site. This timeline,
however, does not consider engineering operations which will have to be interspersed with
science, start-up time, weather on Mars, sunlight or time of day, but only effective science
operating time. Success the first time for almost all operations was also assumed. The
nominal time of 14 hr for a science site is therefore unrealistically short; Table 4 and its
continuation serve merely as starting points for design of the operations.

Ref 4 gives a timeline for the geophysical survey. Activities at the individual stations
include deploying magnetometer and gravimeter, moving away from the magnetometer,
taking pictures to check deployment, taking magnetometer and gravimeter readings, and
retrieving the instruments, as well as taking pictures to check the suitability of the stations
ahead. Control of the rover in the geophysical survey example is highly automated, after an
initial check of the route with a picture by humans. The local control on Mars will take
care of all subsequent operations in the full survey of 15 stations, if no difficulties arise.
Humans monitor robot operation continuously and can intervene on their own initiative
whenever they wish. The profile is set up to provide opportunity for intervention, if 



necessary, with as little delay to operations on Mars as possible. The survey is shown as
taking 13 hr, but the qualifications mentioned for the science site time apply here also.

A timeline for the entire mission traverse has been sketched (ref 4). Table 4 shows the
corresponding mission time breakdown and rover mileage. For simplicity, both the
communications transit time and the communications channel capacity were assumed
constant throughout the mission (at 12 min one-way time and 32 kbits/s of uncompressed
video); in practice they would vary with the earth-Mars distance.

Lunar Profile.   The science elements of a lunar rover mission traverse are the same as
those outlined above for Mars. Operation at science sites and on geophysical surveys will
differ from the corresponding Mars operations in two major respects: (1) the intervals of
waiting for decisions on earth are greatly reduced, because of the short signal transit time
and greater communications channel capacity. The time for the science site operations
would accordingly be less than 4 hr instead of 14 hr, and for a geophysical survey to less
than 10 hr, instead of 13 hr; (2) the number of pictures taken can be considerably
increased, because of the greater channel capacity and quicker decisions on what to take.

Mission time and mileage breakdowns are included in Table 3. Because of the longer
overall track length (2000 km), the greater vehicle speed (1.5 km/h assumed, along track),
and much less time spent waiting for communications, the number and size of science
areas can be increased; Table 3 assumes 16 science areas averaging 6 km radius. Even
with a shorter mission traverse time (365 days instead of 687), the number of science sites
and geophysical surveys can also be increased, investigation at the sites can be more
detailed, and time will be available for more targets of opportunity.

OPERATIONAL PROBLEMS

Mars Operational Problems

Control.   The alternation between local on-Mars control and remote control is
characteristic of the science operations as a whole. Measures to reduce the delay in the
remote loop and the number of times this loop is used are, accordingly, important in
increasing the scientific return per day of operation. Man-machine relations in the control
of science operations are discussed in ref 8, motion control in ref 12.

Communications.   The science site operations are highly sensitive to communications
channel capacity and delay. If the time to transmit a given quantity of data, or the time the
data spend en route, is increased over the values assumed, the time required for site
operations generally will increase to the same extent.



The profile for operations at a science site calls for eleven waits, in series, for decisions on
earth. With a communications system that involved communications only once a day,
operations at the site would take eleven days, as compared to the 14 hr called for by
Table 4 and its continuation. This seems quite intolerable; continuous communications are
required during operation. Two or three ground stations will be needed for communication.

Data Storage.   The order in which the pictures are transmitted is considerably different
from that in which they are taken (Table 4); pictures needed for immediate operational
decisions have a higher transmission priority than pictures which are taken for scientific
analysis only. As a result, the system must be capable of storing many pictures at Mars and
of transmitting them in any order as governed by immediate operational needs.

Night Operations.   The 8 hr of operation per day, indicated in Table 3, arises not from
oFe-rational convenience on the ground, but from the assumed need for sunlight, at
suitable angles, to provide lighting for imaging during science operations and for vehicle
guidance. This means that the rover spends two-thirds of its operational life waiting for the
sun. Clearly, there is much incentive to develop techniques, using artificial lighting or other
approaches, that would permit more active operation at night and during low sun.

Mission Operations System.   The profiles given allow some time for human decisions,
but to stay within the times allocated will require efficient humans, competent in geology
and biology and well-trained in mission operations. Fast ground communications and,
especially, very rapid setting up, checking, and transmitting of command sequences also
will be needed. Past experience in lunar and planetary operations indicates that achieving
this performance will require a major effort.

Lunar Operational Problems.   For the lunar vehicle, almost all science control can be
from earth, as tor Surveyor and Lunokhod. (This is not necessarily true for motion control.)
To permit this control, continuous communication with earth will be needed for science
operations. Science data storage will not be required; the communications channel of 0.5 -
2 Mb/s should permit science data to be transmitted as quickly as it is acquired. Night
operations may be somewhat less important, since time will be less critical, but may still
be worthwhile.

CONCLUSIONS

A long-range remotely-controlled surface roving vehicle could collect critical data on
scientific questions concerning both Mars and the moon. Series of science payloads are
suggested; they range in weight from 35 to almost 300 kg and in average power from 36 to
about 140 W. Examination of science function allocation and some possible profiles, for
missions extending across 500-2000 km of planetary surface, suggests that control of the



payload and vehicle and communications are likely to be key problem areas for Mars. On-
board data storage will be necessary for Mars but not for the moon. Only a small fraction
of the mission time is likely to be available for science activities; much will be spent in
moving between science areas and sites and in waiting for the sun to reach a satisfactory
angle for illumination.

ACKNOWLEDGEMENTS

G. Hobby, R. Phillips, F. Fanale, E. Haines, and A. Metzger offered helpful suggestions on
Mars science. R. B. Coryell, A. Eisenman, G. K. Hornbrook, C. McCormick, and R. A.
Strelitz took part in the lunar studies, as did R. Sullivan of IITRI.

REFERENCES

1. “Mobile Laboratory on the Moon. Lunokhod-l,” ed. A. P. Vinogradov, Nauka
Press, Moscow, 1971. Also, G. I. Petrov, “Investigation of the Moon with the
Lunokhod 1 Space Vehicle,” in “COSPAR-Space Research XII,” eds. S. A.
Bowhill, L. D. Jaffe, and M. J. Rycroft, Akademie-Verlag, Berlin, pp. 1-12, 1972.

2. A. P. Vinogradov and S. Sokolov, PRAVDA, Dec. 1973.

3. J. W. Moore, “Lunar and Planetary Rover Concepts,” in “Remotely Manned
Systems -- Exploration and Operation in Space,” ed. E. Heer, California Institute of
Technology, Pasadena, pp. 149-158, 1973.

4. R. Choate and L. D. Jaffe, “Science Aspects of a Remotely Controlled Mars
Surface Roving Vehicle,” Doc. 760-76, Jet Propulsion Laboratory, Pasadena,
California, July 1972.*

5. D. B. Nash, J. E. Conel and F. P. Fanale, “Utility of Unmanned Lunar Roving
Vehicles,” THE MOON, vol. 3, pp. 221-230, 1971.

6. L. D. Jaffe, R. Choate and R. B. Coryell, “Spacecraft Techniques for Lunar
Research,” THE MOON, vol. 5, pp. 348-367, 1972.

7. L. D. Jaffe, R. Choate, R. B. Coryell, A. Eisenman, G. K. Hornbrook and R. A.
Strelitz, “Payload Requirements for Remotely Controlled Long-Range Lunar
Traverse Vehicles,” Doc. 760-62, Jet Propulsion Laboratory, Pasadena, California,
Jan. 1971.*

* JPL Internal Documents



8. R. Choate and L. D. Jaffe, “Science Aspects of a Remotely Controlled Mars
Surface Roving Vehicle,” in “Remotely Manned Systems -- Exploration and
Operation in Space,” ed. E. Heer, California Institute of Technology, Pasadena, pp.
133-147, 1973.

9. J. W. Moore, G. K. Hornbrook, W. S. McDonald, J. R. Gilder, W. E. Dorroh, M.
Swerdling, H. Bank, R. E. Imus, T. Gottlieb, L. Y. Lim, D. W. Kurtz and P. H.
Roberts, “An Exploratory Investigation of a 1979 Mars Roving Vehicle Mission,”
Doc. 760-58, Jet Propulsion Laboratory, Pasadena, California, Dec. 1970.*

10. L. D. Jaffe and R. Choate, “Unmanned Surface Traverses of Mars and Moon:
Science Objectives, Payloads, Operations,” J. SPACECRAFT ROC.KETS, 1974.

11. A. K. Bejczy, “Remote Manipulator Systems, Technology Review and Planetary
Operation Requirements,” Doc. 760-77, Jet Propulsion Laboratory, Pasadena,
California, July 1972.*

12. V. F. Anthony, “Motion Control Requirements for Planetary Surface Roving
Vehicles,” Doc. 760-78, Jet Propulsion Laboratory, Pasadena, California, July
1972.*

*JPL Internal Documents



Table 1. Mars Rover Payloads & Instrument Weights



Table 2.  Lunar Rover Science
Payloads and Instrument Weights

(Values not otherwise specified are weights in kilograms)



Table 3.  Mission Time and Mileage Breakdown



TABLE 4
Portion of Time-Line for Science Site

(Abbreviations: Fax = facsimile (picture), Pan = panorama,
WA = wide angle TV picture, NA = narrow angle TV picture.)
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THE IMPACT OF ROBOTS ON PLANETARY MISSION
OPERATIONS1

A. A. HOOKE, B. T. LARMAN, and W. M. WHITNEY
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California Institute of Technology
Pasadena, California

Summary.   For reasons of efficiency and safety, unmanned roving vehicles sent to
explore remote planetary surfaces must carry out some of their tasks without step-by-step
human control. To realize the benefits that such semiautonomous machines can provide
will require some changes in how planetary missions axe presently planned and conducted.
Specifically, mission profiles will have to be based on tasks or functions rather than
sequences of timed events, scientists will have to be more directly involved in the control
of their instruments, and present ideas concerning spacecraft safety, testing and simulation
of vehicle performance, telemetry design, and ground-system implementation must be
reexamined.

Introduction.   The families of spacecraft presently used in planetary investigations have
limited ability to cope with unforeseen problems. For the orbital and flyby missions
conducted to date, the return of scientific data has been bountiful and the spacecraft have
been highly successful despite inflight anomalies, because most of the external and internal
conditions with which they have had to contend have been anticipated and taken into
account in design. Other kinds of missions, however, especially those involving
exploration of the surfaces of planets or their satellites by roving vehicles, will require that
the remote machines operate in environments whose detailed features cannot be known in
advance. Survival, and the efficient execution of tasks, will demand that the rovers be able
to do for themselves some things that would otherwise require protracted step-by-step
control by people on Earth.

The purpose of this paper is to examine how the transfer of more autonomy to spacecraft
will affect the manner in which planetary missions are planned and conducted. The
concern is not with technical problems in artificial intelligence and robotics, but rather with
some of their consequences when solutions axe found. The spacecraft is only one element
in a complex chain of systems needed to conduct a mission. The allocation of functions
and responsibilities between the spacecraft and the ground reflects such technical



considerations as the mission objectives, available technology, and the limitations of the
communication link. There are also important non-technical considerations: the investment
in money, time, and experience in capital equipment and systems that already exist; the
delay and expense in making changes; an(! the dynamics of the interaction among the
people who design spacecraft, those who use them as experimental tools for scientific
research, and those responsible for prudent inflight operations. To ignore these factors in
fashioning solutions to the technical problems is to guarantee that the solutions will not be
used.

In this paper we describe briefly how present missions are planned and how they are
carried out. The need for more spacecraft autonomy is reviewed for a Mars roving vehicle
of the kind that might be flown in the period after 1985. Possible scientific objectives,
functional requirements, and characteristics of such a rover are given and a scenario for its
use is developed. We call attention to aspects of our present mission-control philosophy
and approach that will not be adequate for more autonomous spacecraft, and suggest some
changes that will have to be made.

Mission Design.   Although planetary spacecraft have evolved into rather complex
systems, the manner in which they are presently flown remains, at least in principle,
relatively simple. Mission profiles are based on pre-defined blocks of sequence events.
Each block specifies related actions or changes in state of one or more of the spacecraft
subsystems, and contains command components which follow a rigid timeline. Inflight
sequences are built by linking the blocks and inserting or modifying commands as
required. Such sequences can be executed in response to commands directly sent from
Earth, or can be stored in the memory of the spacecraft computer. The computer keeps
track of mission-elapsed time by counting an on-board clock signal. Critical sequences
may be initiated automatically when the predetermined moment arrives on the spacecraft
clock, unless a prior command from Earth to inhibit the sequence has been received. By
putting blocks of sequences together in the right order, and scheduling their execution at
the right times, the entire mission is constructed. Once initiated, the profile minutely
follows the preplanned timeline, and will deviate from it only in the event of on-board
failure or upon intervention by ground control.

The success of the above approach reflects three important characteristics of present
missions. First, the times when the spacecraft will arrive at given points of its trajectory
can be very accurately predicted. The spacecraft can be placed on a predetermined flight
path by its launch vehicle and kept on course by corrective firings of its own propulsive
system. Second, in the missions conducted to date, planetary spacecraft have not disturbed
or interacted with their environment in such a way that their own subsequent behavior was
affected unpredictably. Finally, despite the fact that unplanned as well as planned events
occur, and that detailed scientific strategies are sometimes changed after launch, there has



usually been enough flexibility and functional redundancy built into the spacecraft and
enough inactive cruising time built into the flight plan to enable new sequences to be
designed that work around an anomaly and achieve some or all of the mission objectives.
Thus, although the sequence-block approach to mission design appears to be rather
inflexible, it has in fact proved quite adaptable to increasingly complex mission profiles,
especially where human ingenuity has modified the blocks in response to anomalies or
changing requirements.

One can, however, envision classes of missions in which the design philosophy and control
strategies that have worked so well will no longer be adequate. In the remote exploration
of planetary or satellite surfaces, which is the concern in this paper, the times and the
ordering of significant mission events and the interaction of the spacecraft with its
environment cannot be predicted. Highly detailed preplanning of mission sequences will
therefore be inappropriate, although, as will be seen, certain features of block organization
can be retained.

Present Space Vehicles and Their Control.   We shall describe here the procedures that
are used to control our present Mariner series of deep-space probes and some of the
problems faced in implementing them. Similar techniques will be employed on other
interplanetary missions within the next decade, including two stationary scientific stations
that are scheduled to be landed on the surface of Mars in 1976 as part of the Viking
mission.

The objectives of flyby, orbital and landed missions embrace investigation of particular
planetary environments and exploration of surface topography, morphology and physical
properties. The probes are characterized by a large set of complementary payload
instruments, supported hospitably by “engineering” subsystems of the spacecraft. Certain
of the non-imaging instruments are rigidly fixed to the body of the probe, but targetable
experiments such as TV cameras and spectrometers are usually co-located on a scanning
platform. The probe is stabilized with respect to some celestial or surface reference, and
the platform is pointed at objects of interest via two-degree-of-freedom actuators.

The spacecraft communicates with the ground system by formatting scientific and
engineering data into digital telemetry streams, and transmitting these data to a receiving
station on Earth. on the ground, the incoming data streams are relayed to a central
processing site for decommutation, display and interpretation. On the basis of the analysis
of these incoming data, commands may be generated and transmitted which initiate,
modify, refine or otherwise perturb upcoming preplanned sequences. A simplified block
diagram of this human-interactive feedback system is presented in Fig. 1. Specific
elements of this control process will now be discussed in more detail.



Phenomena of the planetary target stimulate the science instruments, which produce
electrical analogs of the disturbance. These signals are sampled, digitized into binary
measurement words, and fed to a telemetry formatter. Under control of hardware or
(increasingly) software, the measurements are multiplexed into predetermined formats to
construct a ccimnutated data stream. on-board measurements from the spacecraft
engineering subsystems are multiplexed with the science data, and synchronization
identifiers are added to form composite pulse-code-modulated telemetry frames. These bit
streams are then phase-modulated onto subcarriers, which in turn modulate an S- or X-
band carrier in the radio transmitter. The signal is radiated from the spacecraft antenna and
passes through space to a receiving antenna of the ground-station network. Since the space
link may introduce considerable noise into spacecraft data, the stream is often coded prior
to transmission to lessen the effect of such errors. At the ground station the signal is
received, detected from the carrier and subcarriers, and decoded if necessary. The “raw”
spacecraft data are inserted into transmission blocks by the on-site telemetry processor,
and are then relayed in this form to the mission-control center via land and satellite links
through a global data-transmission network. (It should be noted that the capacity of this
network is often much less than the rate of incoming data; thus on-site editing is required
to maintain the flow of information for analysis.) At the central processing facility the
incoming bit streams are de-blocked and sent to a computer for frame synchronization,
decommutation and display. Data are here converted back into analogs and presented to
the science experimenter or the spacecraft analyst in real or non-real time for his
examination. on the basis of an interpretation of these incoming data, which describe the
phenomena being observed by the probe, sequence modifications may be recommended
which improve the acquisition of future data or which lessen an environmental hazard.
Such modifications are discussed and approved, mission sequence changes are generated
by ground controllers and fed to large-scale computer programs which assemble the
required commands into a file suitable for transmission back to the remote ground station.
Before such transmission is approved by the mission director, the receipt of the command
file is simulated by complicated software packages which model the spacecraft response.
This simulation is validated by operational personnel to verify that mission constraints are
not violated by the revised sequence.

The sequence generation and command validation process is extremely laborious and
requires much manpower and time, since it is at this stage that all of the spacecraft and
ground idiosyncracies coagulate and influence the production of a working mission profile.
The task is minutely detailed, requires extreme precision, and involves many iterations to
complete a flightworthy profile that reflects competing mission requirements. The process
is in many ways similar to the painting of a picture, where an abstract concept is translated
into colored images on canvas. Not only must the artist crystallize a large number of ideas
into a composed scene, but he must also prepare the canvas, mix the paint, build the scene
with a variety of different brushes, over-paint areas which are not in perspective, critically



inspect the finished result, and finally sign, frame and take it to the gallery for sale. The
flight-sequence-generation process has historically been a major bottleneck in the progress
of a mission, and will remain so until spacecraft are able to look after themselves without
large amounts of care and feeding from the ground.

Once generated and validated, the command files are reviewed and approved by the
mission director, and are then sent via the global. communications network to a remote
ground station, where they modulate a subcarrier applied to an S-band carrier and are
radiated to the spacecraft. The signal is received at the spacecraft and the command
messages are detected, decoded and fed to an on-board computer. The processed
commands may modify a previously stored sequence program within the computer, or
occasionally may be routed directly to a user subsystem for immediate action. The
spacecraft then executes the modified sequence, thus altering data-acquisition parameters
and providing new information for analysis.

Of particular concern to this discussion is the nature of the processes involved within the
mission-control loop, for some of these must be synthesized by any autonomous probe.
There are four major and largely separate mission-control activities. These are shown
organizationally in Fig. 2 and include: (1) Monitoring of engineering parameters
telemetered from the probe, and verification of correct operation. This work requires large
quantities of real-time engineering data to be presented to analysts, who are responsible for
maintaining continued health of the spacecraft. From their scrutiny of the performance of
those subsystems which support the science instruments, the spacecraft-team engineers
may recommend sequence changes which improve the quality of science return or -which
are necessary to prevent immediate or future hazards which would jeopardize mission
progress. Over the long term, these analysts assemble a wide data base for performance
review and predictions. (2) Interpretation of science data, sometimes in real time but
usually over extended intervals. on the basis of these analyses, the science team may
recommend retargetting or resequencing the probe’s instruments to improve monitoring of
the observed phenomena. (3) Sequence generation, based largely on a previously
developed time-line, but which must accommodate the adaptive inputs from (1) and (2)
above. As noted, this function entails many software operations in order to assemble,
validate and integrate the new sequence. Since reprogramming of the on-board computer is
usually required, a large amount of time must be expended scrutinizing a software
simulation of the command series before transmission, in order not only to verify that the
changes have been incorporated correctly, but to check that the modifications have not
impacted or invalidated ongoing sequences. (4) Sequence execution, usually by a multi-
shift team of mission controllers, led by a mission director. This group is responsible for all
real-time operations of the probe and is empowered to take emergency command actions if
required.



Since the components of the mission-control feedback loop are predominantly human,
there are some weaknesses in the system. Firstly, and obviously, human mistakes are
made: data may be interpreted incorrectly, poor conclusions may be drawn, and sequence
errors may occur. Secondly, because of the limited “intelligence” of the probe subsystems,
human beings must agonize over failure modes and worry about constraint violations and
external disturbances to spacecraft equilibrium. Subjective judgment and emotions are
involved in their decisions, which often must be made under pressure. Basic conservatism
often forbids some actions which would otherwise improve science return, and adds
unnecessary activity. Thirdly, people become fatigued and are effective for only limited
periods of time, making it difficult to cover extended operations with key personnel. All of
these factors, and many others,1 slow down the operation of the mission, add
organizational checks and balances, and may introduce frustrating delays between the
scientist and control of his instrument. It is not unusual for a fairly simple sequence
modification to take from twelve hours to one week to accomplish.

There are obstacles of other kinds that the mission director has to surmount in meeting his
objectives. The elements of the system with which he is working may be far from optimum
for their purposes.1 The capabilities of the ground system (or lack thereof) reflect inherited
decisions made for earlier missions on the basis of requirements and assumptions that may
no longer be valid. Many of the spacecraft subsystems may be hand-me-downs, in design
or in actual hardware, representing the philosophy of “minimum change from the previous
mission.” This conservatism and the money that it saves may have enabled the mission to
be sold, but, as is often discovered, the money necessary to take care of an heirloom may
exceed its worth.

A problem of a different kind arises from the fact that the deep-space network, the ground-
control facilities, and even the mission command and control complex, axe commonly
occupied in supporting not one but several dissimilar spacecraft. Consequently, in the
implementation of mission-control procedures, it is not always possible to assume that
these facilities will be dedicated and available when they are needed. Very often, for
instance, heavy software use by one project will completely backlog another. The mission
director thus finds himself constrained by outside forces beyond his control, and requiring
high-level executive action to resolve priorities. Particularly severe is the problem of
requiring twenty-four-hour coverage by the deep-space network to monitor spacecraft
health and provide immediate command recovery should an anomaly occur. If spacecraft
can be made more self-reliant, then the ground systems can be relieved of their nursery
duties and can be better deployed to return scientific information.

Semiautonomous Control of Spacecraft.   Remote operations similar to those that will
be needed for exploration of the Martian surface have already been carried out on the
Moon. Two Surveyor spacecraft had electro-mechanical scoops that were used to dig



trenches, transport solid samples from one place to another, and (on one occasion), to
deploy a scientific instrument and later move it to a new spot. The Russian Lunakhod
vehicles were remotely driven from one site to another to gather data. These machines
were adoptively commanded by operators on Earth who studied television pictures sent
from the spacecraft to verify that previous commands had been correctly executed, and to
plan the next moves.

At lunar distances, with a three-second round-trip communication delay and a high-rate
data link for picture transmission, placing a man directly in the control loop is a slow but
acceptable way of carrying out tasks with a remote machine. For a spacecraft on the
surface of Mars or a more distant planet or satellite, however, this method would be
suitable only for the simplest of tasks, those not requiring many individual steps or an
accommodation to detailed features of the surroundings. It would also not be suitable in an
emergency in which the spacecraft had to act rapidly to escape from a dangerous situation.
The round-trip communication time between Earth and Mars ranges from 6 to 44 minutes.
The data rate for picture transmission could vary from several thousand bits per second to
one hundred times less under unfavorable conditions. Because of the rotation of Mars, the
time available for surface operations would be only half of each Martian day, assuming
world-wide monitoring of the spacecraft from Earth, continuous availability of the ground
system, and rapid decisions by Mission Control. This time could be reduced even further if
it were necessary to acquire data from the roveX through a relay satellite in orbit around
Mars. In an earlier study,2 it was estimated that, for a round-trip communication time of 27
minutes, a ground-controlled Martian rover could cover at most 300 meters during a 13-
hour mission-operations period. Approximately 1 1/2 hours would be required for each 50-
meter step--6 minutes for vehicle motion, the rest of the time for necessary verification and
commanding operations on the ground and for transmission delay. Extensive surface
investigations in this mode would be both protracted and costly.

To increase his efficiency in exploring Mars by remote control, it will be necessary for
man to remove himself from some of the control loops, especially for tasks whose
execution would require the transmission of large quantities of environmental data,
including pictures. The machine itself will have to extract needed information from this
data and use it to control its own actions.

The prime candidates for automation are the functions of locomotion and manipulation.2,3

Ferrell and Sheridan4 have introduced the notion of supervisory control for the remote
operation of manipulators when the communication link has limited bandwidth and a time
delay longer than a few seconds. Man turns over authority to the machine to complete its
manipulator tasks, using data acquired from the local environment, without requiring step-
by-step human control. He does, however, retain responsibility for deciding what tasks are 



to be done and initiating their execution. This concept is of course not limited to
manipulation, and is readily extended to include locomotion as well.

At JPL, in a robotics research program sponsored by NASA’s Office of Aeronautics and
Space Technology, an effort is being made to demonstrate the feasibility of making a
“semiautonomous robot” that will be able (on command) to move safely from one place to
another, or to pick up a rock or other object, without human intervention. For these two
tasks, the rover will close feedback loops that would otherwise require human
interpretation of large quantities of sensory information and human decisions and
commands. In other respects, the robot will be controlled from Earth, as were Surveyor
and Lunakhod. Scientists and mission-control personnel on the ground will determine the
scientific objectives and strategies of the mission, select the targets (including the
individual rocks of interest) at each site, and plan the sequence architecture that will be
required to carry out surface operations. However, those supervisory elements of the
resultant command strings involving manipulation or locomotion will be decoded and
executed autonomously by the machine. By combining these two capabilities for
autonomous operation with other more traditional spacecraft functions controlled from
Earth, we believe that it will be possible to increase the return of scientific data from a
Mars surface mission by a factor of 100 over that obtained from a mission conducted
entirely by direct control.

Rover Functions and Subsystems.   The scientific objectives of Mars surface exploration
will include investigations of atmospheric composition and meteorological conditions,
surface geological features, soil and rock composition and texture, magnetic fields, local
gravity, seismicity, thermal properties, and the presence of organic or living matter.5

During the rover’s design lifetime, perhaps one Martian year or two Earth years, it would
be expected to gather data from many different sites, and cover a total distance of several
hundred kilometers.3,5

To carry out the above studies, the rover would have to have a variety of scientific
instruments that we need not discuss further here. In addition, it must be able to pick up
and manipulate rocks and soil samples, and to deploy seismic and meteorological packages
or other scientific instruments. It will be necessary for the rover to grasp and use simple
tools to conduct sequences of standard laboratory operations, either automatically or in
response to commands from Earth.5 The rover will be required to move from one place to
another safely and without extensive human intervention by selecting routes, guiding itself,
avoiding obstacles, and determining its own position on the Martian surface accurately
enough for the purposes of navigation, using stored terrain information gained from prior
satellite surveys or from the rover’s own studies of its surroundings.



The rover must be able to maintain or periodically to establish contact with Earth by direct
radio link, through an overhead satellite relay, or via the lander from which the rover was
deployed. Its data system must be able to accept and respond to commands from Earth, to
manage and execute all spacecraft operational and scientific tasks, and to maintain an
outgoing stream of telemetry data containing pertinent information about vehicle status and
its surroundings as well as the scientific data being acquired. Execution of these functions
will require provision of a large on-board base of stored data and procedural routines.

The rover will most likely be a four- or six-wheeled vehicle designed for high mobility in
sandy, rocky terrain. The navigation system will, probably be built around a gyro compass,
odometers, and inclinameters.2,6 The vision system will consist of dual cameras for stereo
color TV and a scanning laser range finder. Each of these instruments can give range and
contour information, and can serve as backup if the other should fail. The vision system
will also supply primary mission science data in the form of exploratory TV panoramas
and targetted frames.

The rover will carry at least one electromechanical manipulator with several degrees of
freedom and several detachable end effectors (or hands). Another manipulator--perhaps
less complex--may be available to serve as a vise or holder. Each manipulator may contain
tactile or proximity sensors to assist in approaching and grasping objects. Similar sensors
may be placed elsewhere on the vehicle for protection from obstacles not detected by the
vision system.

The vehicle will communicate by radio with its relay station or with Earth via a steerable
S- or X-band antenna. This antenna and its radio subsystem may also be used for ranging
and obstacle detection if the stereo TV or the laser ranging device should fail, or if there
should be a dust storm that only the microwave signals can penetrate.

Scenario for Rover Operations.   The following scenario represents a typical set of
operational activities for a semiautonomous roving vehicle like that described in the
preceding section.2,5 After several days of terrain survey in Mars orbit, the rover will be
transported to the surface and then will descend from the lander stage to the ground, a
small step for a robot but a giant step for robotkind. Housekeeping time will be devoted to
putting all of the vehicle subsystems into operation and checking them out, and to insuring
that the communication link is well established. A panoramic view of the surroundings,
including some range information for prominent features, will be acquired and transmitted
to Earth for study so that the first traverse can be planned by the flight-project teams. In
the meantime, scientific study of the area immediately adjacent to the landing site will
begin. Stereo color pictures of surface topography will be obtained. Analyses of soil, rock,
and atmospheric composition will be carried out, and meteorological and seismological
instrument packages may be deployed.



When activation is complete, the rover will be instructed to go to a new site. This move
and succeeding ones will be accomplished in short steps until confidence An the ability of
the rover to negotiate the terrain has been established.2 When the vehicle has reached its
destination it will spend the next several days conducting a scientific study similar to but
perhaps more extensive than the first. After as much information as desired has been
obtained here, the rover will be directed to move on once again. occasionally, while it is in
the midst of a manipulation or automation task, the rover may be brought to a halt by an
inability to make a suitable plan or to execute it. It will send an alarm to Earth, and then
automatically, or on command, supply pictures of the surroundings or other status
information so that the problem can be diagnosed and solved by mission control.

The Impact of Semiautonomy on Mission Operations.   Several characteristics of the
preceding scenario have significant implications for the design of semiautonomous rovers
and the development of effective mission-control procedures. We shall concentrate our
attention here on three only, and then list some of their consequences.

The first characteristic has already been mentioned and is most obvious, although its
importance is not diminished thereby: the exact sequence of operations to be carried out at
each site, like the conditions to be encountered there, will not be predictable in detail.
What is done will depend upon what is found that is judged by scientists on Earth to be of
special interest, upon mission priorities, and also upon the difficulties that the machine has
to overcome in carrying out its tasks. As a consequence, it will not be possible to prepare
in advance an accurate timetable of rover events. Crossing a desert-like region may take
one day; covering the same distance over very rocky terrain may well require a week.
Exactly where and when difficulties will arise cannot be foreseen. These comments hold,
incidentally, whether the mission is conducted semiautonomously or by direct control.

Second, the rover will be subjected to more hazards than orbital and flyby spacecraft or
stationary landed probes. Because of its mobility, it can come to grief by bumping into
rocks, tipping over on uneven terrain, or driving into a crater or off a cliff. Reckless
probing with its manipulator can destroy sensitive scientific instruments or damage other
parts of its “body.” Because of the communication-time delay, ground-control personnel
will be powerless to stop some of these harmful movements once they are initiated. Thus,
the safety of the robot will be of special concern to the mission director and to the
spacecraft designers.

Third, to carry out its tasks, the rover will have to acquire a wealth of data from its
surroundings, including three-dimensional topographic information. To send all of this data
back to Earth for the purpose of a bit-by-bit predictive simulation of spacecraft
performance and behavior will not be feasible, and would in fact negate the advantages of 



the semiautonomous control mode. Thus, certain information gathered by the rover and
used in planning and execution of its tasks will not be available on the ground.

From the above characteristics, we are led to several conclusions about how present
mission-planning philosophy and operational procedures will have to change to
accommodate planetary surface exploration with a semiautonomous rover.

Mission Profile

As a consequence of the unpredictability of mission events, the planning of surface mission
profiles will have to shift from a time-oriented to a task- or function-oriented basis.6 The
block method described in an earlier section will not have to be abandoned altogether.
Certainly the mission can be broken down into some major segments, such as checkout,
site exploration, traverse, and hibernation, and these can be further analyzed into
independent functional units or blocks, as before. The blocks, organized in series to carry
out a major mission segment, can be initiated and controlled by supervisory commands
from Earth. The operations within each block, however, will have a dependent or
conditional nature; each element of the exploratory profile will be triggered by successful
completion of the preceding task, or by the satisfaction of a set of requirements or
preconditions.

Scientist Involvement

The type of mission under consideration will have more the characteristics of Skylab
experiments or of the Surveyor, Lunakhod, and Apollo studies of the Moon than of
previous studies of the near planets from close approach or from orbit. Rover activities will
be guided more by a work plan and by time “guidelines” than by a rigid timetable. As a
consequence, there will be a need for much closer interactions between the scientists and
their remote instruments.6 Scientists are going to have to be more intimately involved in the
supervisory control loop. It will be more important than for orbital or flyby missions for
each investigator to receive data for his inspection while measurements with his instrument
are in progress. When changes in the exploratory sequence seem advisable, members of
the scientific and project teams will have to come to agreement rapidly about what is to be
done and when. A one-week delay in instituting changes will certainly not be acceptable.

The recent trend has been away from more direct involvement of the scientist in mission
operations. As mission-control procedures have grown more complex and more highly
structured, the working relationships on the ground have became more formalized,
involved, intricate, and sluggish. The scientist has felt increasingly divorced from control
of his experiment. He will have to be put back in the driver’s seat-if not as pilot, then at
least as co-pilot.



Spacecraft Safety

It seems inevitable that, just as it is necessary to transfer more autonomy to the rover for
conducting its tasks, it will be necessary to give it more responsibility for its own safety
and, at the same time, to relax somewhat the protective philosophy that underlies some of
our present flight-control procedures. The rover must, as a first requirement, have the
ability to avoid or preserve itself by reflex action from the threats presented by its
surroundings or by its own “careless” actions. It must also be structured in such a way that
it can protect itself from unintentionally harmful commands sent from Earth. Much of the
sluggishness of mission operations results from the need to check all mission sequences for
mistakes that would place the spacecraft in jeopardy. The rover will have to be designed in
such a way that people on the ground can make errors in mission planning and in
spacecraft operation without causing catastrophic failure. Rules for accepting or rejecting
commands must be built into the machine’s operating system so that it can decide, on the
basis of information about its environment and its own internal states not available on
Earth, whether or not execution of the commands should be attempted. If execution is
initiated but leads to trouble, the robot should be able to recognize the unwholesome
concourse of events, halt its activities, make itself secure, and call for help.

Ground Simulation and System Testing

To avoid command errors that would violate on-board constraints, spacecraft performance
has in the past been simulated in minute detail on the ground before a block of sequences
has been transmitted for execution. For a semiautonomous rover, bit-by-bit simulation will
not be possible. Functional simulation, however, will be both feasible and useful. As
mentioned above, it will still be possible to plan a mission profile on the basis of functional
blocks. Individual blocks can be validated and checked out on the spacecraft before
launch. During the mission, functional simulation can be carried out in parellel for the
purpose of predictive display and approximate task-completion forecasting, using highly
compressed data relayed from the spacecraft (for example, rock sizes and positions) that
the robot will use in planning its own actions. Such simulation will also grossly check for
violations of major system constraints.

To insure that the rover will respond in a predictable and safe manner to the planetary
environment will require a comprehensive system-testing program. How to provide an
adequate environment in which these tests can be conducted, and how to structure and
carry out, the testing of such a complex machine, pose major problems.



Telemetry

Up to now, the design of telemetry systems for planetary spacecraft has been able to take
advantage of the predictability of mission events. It has been possible to determine the
sampling requirements for data, to assign telemetry channels in advance, and thereby to
hard-wire the data acquisition formatting, and commutation circuitry. Inflight changes have
been restricted to commanded selection of a limited number of mode options. Only
recently, with the advent of a semiprogrammable data system aboard the Mariner Venus-
Mercury spacecraft, has it been possible to make a small number of modifications to the
actual format of the telemetry stream after launch.

For a semiautonomous rover, however, the variable nature of its tasks, the lack of an event
timetable, and the need to look after its own welfare will call for an adaptable telemetry
structure.

During normal operations, it will be difficult or impossible to specify an optimum fixed-
structure for the telemetry stream in advance. It may be necessary that the spacecraft
should select from a variety of methods of collecting data, identifying them, and
transmitting them to the ground. For example, to conserve link bandwidth, the majority of
engineering measurements may only be transmitted when they violate an alarm test.

In an emergency, the spacecraft must sense internal failures or external anomalies and, in
addition to coping with them autonomously, supply adequate diagnostic information to
Earth. The spacecraft should be able to exercise available redundancy or corrective
capability without requiring intervention from the ground, and with the minimum of
disruption to on-going activities. However, enough status information must be transmitted
to the controllers to enable the disturbance to be modelled and its impact on future
sequences to be assessed. Much data of use in operations analysis will be present in the
science data stream. To provide other environmental information, the spacecraft will have
to alter telemetry formats adoptively, perhaps to increase the sampling rate of pertinent
measurements, to jettison low-priority tasks, and to edit or compress other types of data
that are sent to Earth. Such functions will require the incorporation of a diagnostic
executive program in the rover software system. Clearly, this system must be very closely
integrated with ground data-processing software; otherwise interpretive chaos will result
when the robot reacts to complex stimuli. only in the event of severe hardware malfunction
or unusual environmental trauma will it be necessary to override the system and resume
hands-on control.



Ground-System Automation

The requirements for the ground to respond rapidly to diagnostic communications from the
rover executive indicate the need for comprehensive end-to-end system design. This has
not historically been a characteristic of interplanetary missions, where the spacecraft and
ground-system designs have converged mainly at the interface. The autonomous rover will
need very close interaction with its ground system, particularly the soft-ware, and will
require a high degree of automation associated with the mission-control programs which
provide sequence generation, command assembly, constraint validation, and telemetry-
monitoring functions. By designing the rover and ground systems concurrently, problems
and incompatibilities will be identified early and will not lurk hidden, waiting for discovery
at a critical mission phase. If the design can install the scientist in a pilot-function, then
mission-control response time will be reduced, and an improved dialog will occur between
scientists, spacecraft engineers and the mission director. If automation makes possible a
reduction in the number of mission personnel engaged in unrewarding tasks, an additional
benefit may be to reduce the cost of -post-launch ground operations.

Epilogue.   Loosening control over a remote machine with some autonomou.s capabilities
means giving up detailed prediction of its activities. Assigning it more responsibility to
carry out its tasks without human intervention lays on it the added burden of looking after
its own welfare. Properly applied, these features should expedite the activities of mission
control.

In all previous missions with less autonomous spacecraft, anomalies or discoveries have
necessitated rapid changes in plans and procedures. By dint of enormous amounts of effort
and ingenuity it has always been possible to accommodate them. While the use of ad hoc
procedures is therefore not new, they have been applied to extraordinary situations only
and are not features of the more conservative day-to-day operations.

For missions in which spacecraft have more autonomy, however, it will be possible to give
the “fly-by-the-seat-of-the-pants” philosophy a more central position in our guidelines for
spacecraft and mission design. Unless we change the manner in which spacecraft are used,
we may not gain the advantages that their greater capabilities and independence promise.
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SUMMARY.   This paper argues that an experientially guided robot Is necessary to
successfully explore far-away planets. Such a robot is characterized as having sense
organs which receive sensory information from its environment and motor systems which
allow it to interact with that environment. The sensori-motor information which it receives
is organized into an experiential knowledge structure and this knowledge in turn is used to
guide the robot’s future actions.

A summary is presented of a problem solving system which is being used as a test bed for
developing such a robot. The robot currently engages in the behaviors of visual tracking,
focusing down, and looking around in a simulated Martian landscape.

Finally, some unsolved problems are outlined whose solutions are necessary before an
experientially guided robot can be produced. These problems center around organizing the
motivational and memory structure of the robot and understanding its high-level control
mechanisms.

This paper discusses a project which is attempting to develop the “mind” of’ a robot which
will be capable of experiencing its environment, storing sensori-motor information, and
then using its accumulated knowledge to guide its future actions. In Section I, we describe
the sort of behavior that an experientially guided robot might exhibit, and we give some
reasons why we might want such a thing. Then, in Section II, we discuss the current state
of our project, and in Section III we indicate some important issuses that are as yet
unresolved.

I.   MOTIVATION FOR BUILDING AN EXPERIENTIALLY GUIDED ROBOT.  
The exploration of far space is characterized by problems which are likely to be solved
only by employing an intelligent machine. For instance, the round-trip time required to
travel from Earth to a relatively close planet like mars is aproximately two years, assuming
current technology. We are still unsure of our ability to physically and psychologically



support a person in space for such a length of time. on the other hand, a machine would
pose no such problems.

A problem that current machines do have, however, is that it is necessary to give them
detailed instructions before they can carry out even simple tasks. These instructions have
to come from Earth-bound humans who are analyzing the situation to determine what to do
next. Unfortunately, the time required for a radio signal to travel from Earth to Mars is on
the order of 10 minutes, so that a command-execution-feedback sequence would require
about 20 minutes to be performed. Clearly, tasks that required many steps to complete
would take an incredibly long time, and would probably not even be undertaken. When we
attempt to explore planets beyond Mars, the time delays will be even greater, and the step-
by-step execution technique will be totally useless.

A possible solution to this problem is to have some parameterized “canned” prodedures
preprogramnied into the machine. Thus, a single command can be given which will elicit a
whole sequence of actions and feedback information. If the canned prodedures have some
degree of flexibility and a little bit of “intelligence”, then a wide variety of actions can be
performed. For example, rocks of many different sizes can be picked up, looked at, and
put in any desired place. This is the approach the robot project at the Jet Propulsion
Laboratory [3] is taking, and it is probably essential I for the successful exploration of
Mars.

Unfortunately, when exploring very distant planets with time delays measured in hours,
even this approach will fail because of the relatively large number of commands and
feedback information that will have to be transmitted. Furthermore, the information that we
can preprogram into the robot about these planets will be far less reliable than that which
we have for the Moon or for Mars. Therefore, our roving robot is likely to run into many
more unexpected situations than in the case of the nearer places.

For these reasons, it is desireable to develop a machine that will be able to function with
the bare minimum of commands from Earth. Such a robot should be capable of exploring
an unfamiliar environment on its own. That is, upon arriving in a new environment,  it
should look around, note interesting rocks, landmarks, etc. and should send information
pertaining to them back to scientists on Earth. It should then begin exploring the terrain
and setting up experiments to collect scientific data. if something unexpected happens -
either because of its own actions, the actions of wind, gravity, earthquake, living creatures,
etc. - it must be able to take whatever action necessary and report the event back to Earth.
It should be able to do all of this without a single command from Earth. This is not to say
that it must ignore commands from Earth, but merely that it must be able to function well
in a hostile environment without any such commands. Such a robot will prove invaluable 



for exploring far-away planets as well as in other applications nearer to home such as
undersea mining, fire fighting, and hazardous rescue operations.

Before a robot will be able to successfully perform these actions, it will have to have
acquired a considerable amount of knowledge about the world. Additionally, it must
continually absorb new information about its surroundings and use that information to
make intelligent decisions. This is the problem we are attacking. That is, we are trying to
discover ways in which a robot can  use sensori-motor information to build a knowledge
base about the world, and then to use that knowledge to guide its future actions.

II.   A ROBOT COMPUTER PROBLEM SOLVING SYSTEM.   To provide an
environment within which to test our ideas, we have simulated a Martian landscape
through which a simulated robot roams. Since our main interest is in developing the
intelligence capabilities of the robot, our use of simulations instead of real hardware does
not unduly restrict our research. In fact, the development of suitable hardware is another
research topic of its own and would only detract from our present goal.

A.   The Robot and its World

The world which surrounds our simulated robot is a planar area which is partially bordered
by the edges of three mountains and includes within it two hills and four craters (one a
double crater). The plane (to which the robot is restricted) is randomly sprinkled with 50
rocks and 50 “unidentified objects” (which are small objects which resemble each other).
Additionally, a single “instrument package” is included so that we may experiment with
the effect of having a unique object in the environment.

This simulated Martian world provides an environment which is very rich visually, since it
contains many objects both large and small, occurring in a variety of shapes and clusters.
This informational richness, rather than any particular detail of its design, is the improtant
feature of the simulated world as far as our study of robot intelligence is concerned.

The robot itself is a car-like vehicle with a tactile sensor which signals when it bumps into
a mountain, hill, or crater. Additionally, it has a highly developed visual system which
allows the robot to see the objects around it. Further, the blocking of one object higher
than another is simulated so that the robot must deal with the phenomenon of an object
disappearing behind another and other objects appearing as the robot moves about the
world.



B.   Behavior of the Robot

We describe here the behaviors that are currently programmed into our robot. They are
each primitive in the sense that they will later be used to build up more elaborate behavior.

1.   Visual Tracking

The robot can keep its eye on, or track, an object while it is moving. The basic operation
of tracking is to notice that the tracked object has moved out of the center of the visual
field, and to reposition the eye accordingly. In general, this repositioning can itself be a
feedback process, but eventually all feedback processes must be composed out of non-
feedback (endoqenous) primitives; otherwise, there would be a logical regress, and nothing
would ever get done. We chose to make the repositioning operation be an endogamous
process by making sure that the eye is always repositioned just enough to bring the object
back into the center of the visual field.

2.   Focusing Down

Once the robot can, through tracking, keep an object centered in its visual field, the next
problem is to focus down on the object so as to pick up more and more of its detail. The
details so obtained are used to build up a stored representation of the object. When, later,
the object is to be visually recognized, the focusing-down procedure is reapplied to it, and
the newly seen features are matched against those already stored.

In performing the focusing-down operation, the robot attempts to maximize the match
between what it is currently seeing (held in an intermediate sensory memory structure) and
what it once saw in the past (held in a long-term memory). In order to mediate this
matching process over a period of time (and hence over several refocusings of the eye), a
temporary representation of the object is built up in a short-term memory.

3.   Looking Around

In order to gather information about its environment, the robot must look around at the
scenery that surrounds it. Basically, the looking-around process is a solution to the
problem of focusing down, with only one eye, on several recently-discovered objects all at
once.

The scan paths obtained in our simulation when running the looking-around process look
very reasonable, and seem to have a qualitative similarity to actual scan-paths that have
been recorded in eye-movernent studies of human subjects. It would be very difficult to
state more rigorous criteria for knowing when this program was behaving “correctly’.



Ultimately, we expect that the performance of any process will be evaluated, and if
necessary corrected, by a higher-level process that makes use of it (e.g., in this case, a
process that is trying to recognize where the robot is).

In this section, we have briefly described the primitive behaviors of our robot. Through
programming these behaviors, we have come to grips with several issues that are important
in developing an experientially guiiled robot. A more detailed discussion of our robot
simulation and its behavior may be found in [1] and [2].

III.   IMPORTANT UNSOLVED PROBLEMS.   The behavior we have programmed
into the robot is interesting from both the scientific viewpoint of understanding
experientially-oriented intelligence and from the practical viewpoint of building a robot to
accomplish useful exploration tasks. Our investigations have lead us to develop several
memory structures for storing experiential knowledge and several control strategies for
making use of it. However, the main benefit of our research so far is a qreater
understanding of the problems that still remain to be. solved before we can hope to
produce an experientially guided robot. We present here some of the more important
problems with the hope that others may become intrigued with them and join us in
developing an experientially guided robot.

A.   Motivation

What motivates the robot to do anything at all? Why should it move? Why look around?
Why track an object that happens to pass in front of the robot unexpectedly?

It seems clear that some motivations should be built into the robot system: such as
“exploration” and “maintaining fuel supply”. But beyond this, the situation is unclear. That
is, should only the main goals be built in and the robot forced to learn those activities
(which may be different in different situations) that allow it to attain those goals, or should
these actions be built in, too? In either case, there remains the question of what kind of
control mechanism determines what goal or goals should be active at any given time. We
and others have arrived at specific solutions to handle specific cases, but as of yet, there is
no general solution or even accepted techniques for dealing with these problems.

B.   Memory

At any given instant, the robot should have some memory structure. As every sensory or
motor event takes place, that structure is modified, not by simply adding to it, but by
changing existing structural elements. This changed structure, which is different than it has
ever been before, is then used to guide the robot’s future actions. The original event may
have no representation in this new structure, or the structure mav have been modified such



that representations of previous events have been changed or obliterated. To “retrieve”
them is now impossible. The representations of the original events have been irreversably
modified by the accumulated events that took place before they occurred and by those
which have occurred since.

Whereas we are convinced that the organization outlined above is correct, we still have
few ideas on how to create such a structure either automatically or manually. Part of the
problem arises because it is not yet clear what constitutes sensori-motor experience, so we
don’t quite know what sort of “knowledge” we are dealing with. Mainly, though, the
problem stems from lack of understanding of the workings of the processes which must
operate on the memory structure. These are processes such as generalization,
differentiation, deduction, and induction which give the robot the ability to react
appropriately in situations that are not identical with those encountered in the past. Indeed,
we are coming to believe that these processes shouldn’t exist as separate entities, but
instead should be integral parts of the memory accessing mechanisms.

C.   High-Level Control

Our notions of how to control a robot are tightly bound to notions of the executive systems
of current digital computers. Whereas this may be a good starting point, the control system
required for a robot will have to cope with simultaneouslv-running processes instead of
pieces of several processes running sequentially. In any case, we have only vague notions
on this subject, but the following questions seem relevant to it:

How are events coordinated which take place at the save time, but in different sensory or
motor systems?

When are activities terminated? Should they be explicitly stopped or do they just die out
because some other activity has taken over? What does it mean for an ill-defined process
(such as “looking around”) to be “done”?

What causes an interrupt? How does one very interesting event override a very strong
desire to do something completely unrelated? What makes an event “interesting”?

How is time dealt with? How are various sub-actions coordinated into a unified motor
skill? flow does the robot know which actions can be speeded up, and which must be
performed at a set pace?

The fact that we don’t yet have solutions to all of the above problems is certainly hindering 
the development of an experientially guided robot. We are, however, making steady
progress on understanding the problems and are gradually developing solutions for them.



Sometimes these solutions are obviously not theoretically elegant, but by programming
them, on our simulated robot, we gain greater insight into what the proper solution should
be. In the meantime, we have solutions which may be useful in a practicable robot system.

IV.   SUMMARY.   In this paper, we have argued that an experientially guided robot is
necessary if we hope to successfully explore far-away planets. Such a robot is
characterized as having sense organs which receive sensory information from its
environment and motor systems which will allow it to interact with its environment. The
sensori-notor information which it receives from the environment and from itself is to be
organized into an experiential knowledge structure, and this knowledge in turn used to
guide the robot’s future actions.

Additionally, we have presented a summary of a robot problem solving system which is
being used as a test bed for developing our ideas. The robot currently engages in the
behaviors of tracking, focusing down, and looking around in a simulated Martian
landscape.

Finally, we have outlined some unsolved problems whose solutions are necessary before
an experientially guided robot can be produced. These problems center around organizing
the motivational and memory structure of the robot and understanding the mechanisms
needed for the high-level control system of the robot. We hope that by discussing these
problems, others will become excited about them and will join us in hopes of constructing
an experientially guided robot.
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DEEP SPACE TELECOMMUNICATIONS-PIONEER MISSION
TO JUPITER

E. K. HEIST
Systems Group of TRW Inc.
Redondo Beach, California

Abstract   The Telecommunication subsystem for the Pioneer 10 and 11 spacecraft is
described in terms of the exacting design requirements which have been met and the
operational performance which has been achieved. Those features which are unique or
novel and which contribute substantially to our knowledge of advanced techniques for
future interplanetary missions, are emphasized. The discussion includes earth-pointing of
the spacecraft high gain antenna by an on-board conical scan system, tracking, telemetry,
and command functions at multi-million kilometer distances complicated by round trip
communication delays of 90 minutes, and the versatility of special data formats which
cater to certain instrument high rate sampling requirements during selected phases of the
mission.

With the successful flyby of the planet Jupiter by Pioneer 10 in December 1973, the
technology and experience for much more ambitious, challenging, and complex missions to
the outer planets has been demonstrated.
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1 This paper presents the results of one phase of research carried out at the Jet Propulsion
Laboratory, California Institute of Technology, under Contract No. NAS 7-100, sponsored by the
National Aeronautics and Space Administration.

117.6 KILOBIT TELEMETRY FROM MERCURY-A MAJOR DEEP
SPACE TELECOMMUNICATION ADVANCE1

VICTOR C. CLARKE, JR.
Jet Propulsion Laboratory

California Institute of Technology
Pasadena, California

Summary.   For nearly eight hours on March 29, 1974, Mariner 10 transmitted imaging
telemetry in real time at 117.6 Kbps from Mercury. During this time, 562 very high quality
frames were received, even though the bit error rate was only about 1 in 40. The
transmission of 117.6 Kbps from Mercury is a magnificent telecommunications
achievement, which permitted an order of magnitude increase in imaging science data
return. The Mariner 10 imaging scientists’ requirements, simply stated, were to obtain
maximum area coverage at highest spatial resolution. More precisely, they desired
photomosaics which were equivalent to the best earth-based pictures on the Moon, i.e.,
about 1 km resolution. The purpose of this paper is principally to relate the methods by
which these “desirements” were translated into measurable telecommunication system
requirements and some of the attendant tradeoffs. Additionally, same of the steps taken to
achieve their goal are recited.

Introduction.   Mariner 10, sixth in a series of interplanetary spacecraft, completed its
primary mission on March 29, 1974, by transmitting 562 clear, sharp pictures of
Mercury’s crater-pocked terrain in real time. The feat represents a remarkable
improvement in deep space communications. In the view of the Mariner Imaging Science
Team, it represented an order of magnitude increase in data quality and quantity. This was
brought about by transmitting the video images in “real time” at 117.6 Kbps at a distance
of 1 astronomical unit (150 x 106 km). The standard mission plan, based on pre-launch
estimates of telecommunication system capability, was to transmit at a rate of 22.05 Kbps.
However, by a series of hardware improvements, careful analysis and test of link
performance, and detailed analyses and evaluation of picture quality and coverage by the
Imaging Team, the full capability of the spacecraft data system was realized with great
success. The methods of analysis and test of communications link performance is reported
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3 B. C. Murray, et. al., “Imaging of Mercury and Venus from a Flyby,” ICARUS, Vol. 15, No. 2,
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in a companion paper by Evanchuk2 . Here we shall (1) relate in particular how link
performance was effectively improved by carefully assessing picture quality and coverage
vs. bit rate and bit error rate, and (2) describe the series of improvements, relative to the
1971 Mars Orbiter, Mariner 9.

Imaging Requirements.   Broadly stated, the imaging scientist wants to obtain maximum
area coverage at the highest spatial resolution. This can be vexing to the
telecommunication system designer because it implies, in the limit, an infinite bit rate and
zero bit error rate - neither possible. More precisely, the Mariner Venus/Mercury 1973
Imaging Team wanted enough pictures to make mosaics of both the “incoming” and
“outgoing” sides of Mercury with “Lick plate” resolution. By this is meant a picture equal
to the best earth-based photo of the Moon taken at the Lick Observatory with about 1 km
resolution. They further desired sampled coverage at resolutions down to 100 m, In the
spring of 1970, at the beginning of the MVM73 Project, members of the Imaging Team,
led by B. C. Murray, did a comprehensive tradeoff study of various imaging system,
including film and video, under a severe cost constraint and heavily influenced by
estimates of Mariner telecommunication capability. Their studies were reported in Ref.3 .
They showed that a very significant improvement in area coverage could be obtained by
transforming the standard Mariner method of picture transmission from “record/playback”
to “real time” with a bit rate about twice that of the then current mission, Mariner Mars
1971. Their proposal for “real-time” TV was adopted by NASA and the Project
management. It included retention of the basic Mariner 9 TV subsystem, but modified by
reducing the number of bits per picture element (pixel) from 9 to 8 and replacing the 50
and 500 mm optics by two 1500 mm telescopes (Mariners have two cameras mounted on a
two-degree-of-freedom scan platform). The transmission rate then assumed achievable was
29.4 Kbps. Not long after, it was settled at 22.05 Kbps. Importantly, at the time, no
consideration was given to raising the standard bit error rate requirement for Mariners,
which was 5 in 1000. As it turned out, this became a vital factor in achieving the higher bit
rate at Mercury.

Accepting a bit rate at Mercury of the order of 22.05 Kbps meant a drastic under-
employment of the combination imaging/data/telecommunication subsystems on the
spacecraft. Indeed, it meant reduction of gray levels (discriminability) from 256 to 64 by
reducing the number of bits per pixel from 8 to 6, and further reduction of the bits per
picture for transmission by a factor of four, either by transmitting only the middle quarter
strip of each picture, or transmitting only every fourth pixel in each line, but shifting the



skipped pixels by 2 on each succeeding line. This was called the “skip 4/slide 2” edit
mode. In the first case, using quarter strips, a factor of 4 loss in coverage was incurred. In
the second case, though the full frame was retained, a gross loss of resolution was taken.
Thus, a coverage-vs.-resolution tradeoff was apparent. To assess this tradeoff, R. Strom of
the University of Arizona, an Imaging Team member, initiated a study using a lunar photo
as a basic test picture. This was because Mercury was assumed to look much like the
Moon, which ultimately proved to be true. Strom’s method of analysis was to count craters
using modified reproductions of the test picture made by the Imaging Processing Lab of
the Jet Propulsion Laboratory. Comparisons of the quarter frame and “skip 4/slide 2”
crater pictures are shown in Figures la and lb. The loss of crater delectability in the
skip/slide mode is startlingly evident. At this point, the Imaging Team opted to abandon
the skip/slide mode in favor of the quarter strip mode with attendant-loss of area coverage.
But this had a serious flaw, i.e., wandering of the picture-to-picture imprint on the planet’s
surface due to spacecraft’s attitude limit cycle motion (Figure 2). To mosaic the planet
without excessive gores or overlap in coverage, with the very small quarter frames (.12E x
.48E), meant an order of magnitude reduction in the attitude orientation stability of the
spacecraft. Due to severe project cost constraints, it was deemed infeasible to modify the
attitude control subsystem or add a limit cycle compensator. Thus, the only route left was
to try to improve telecommunication performance so as to be able to transmit full
frame/full resolution pictures from Mercury at 117.6 Kbps. This became the cause celebre.
The full frame/full resolution pictures serve very well to fill the gores left by the wandering
quarter strips. Just as important, however, is that they permit much greater feature
discriminability by allowing 256 gray levels instead of 64. This allows greater contrast
stretch enhancement capabilities.

Several methods were investigated to upgrade link performance at 117.6 Kbps. These
included adding an X-band TWTA and a telemetry subcarrier to the X-band link,
increasing spacecraft antenna size, increasing S-band power output from a nominal 20 to
35 watts, adding a convolutional coder, increasing the sensitivity of the ground receiver by
lowering system noise temperature, and finally, increasing the bit errors allowed in the
pictures, thus reducing the STB/N0 (signal-to-noise ratio in one bit time) requirement. All
but the last two mentioned above were rejected for either cost, schedule, or reliability
reasons.

To assess the effect of reducing the STB/N0 requirement on picture fidelity, Strom
continued his crater counting analyses using the same lunar test photo, but progressively
worsening the bit error rate (BER). He graded a picture with 1 error in 50 as “best
possible” and evaluated pictures with 1 in 40 and 1 in 30 bit error rates. The results of
these analyses are shown in Figure 3.



Fig. 1.  Crater Count Pictures Showing Severe Loss of Crater
Detectability for the “Skip 4/Slide 2” Edit Mode

Fig. 2.  Effect of Spacecraft Limit Cycle on Picture Imprint
Location on Mercury for Quarter Frames



Fig. 3.  Cumulative Area Coverage vs. Resolution for Different Bit Rates,
Bit Error Rates, and Edit Modes

Here is plotted cumulative area coverage vs. resolution. Note the progressive decrease in
area coverage at a stated resolution as BER worsens. For example, at 1 km resolution, area
coverage is decreased from 1 x 107 to 3.8 x 106 km2 by worsening bit error rate from 1 in
50 to 1 in 30. Also shown are the coverage/resolution curves for the 22.05 Kbps quarter
frame and “skip 4/slide 2” full frame modes. Based on this information, the Imaging Team
chose 1 in 30 as its “switch point” error rate; i.e., if the bit error rate at Mercury was 1 in
30 or better, they would switch from 22.05 Kbps quarter frame to 117.6 Kbps full frame
transmission. The difference between 1 in 50 and 1 in 30 represents a 1-db reduction in
STB/N0 in the uncoded 117.6 Kbps channel. To further evaluate the effect of worsened bit
error rate, Strom calculated a “resolution loss factor” vs. BER. This is shown in Figure 4.

Note that at about an error rate of 3 in 100, one begins to see false features in the picture.

In addition to determining the worst error rate to permit the lowest STB/N0, an
improvement was made in ground station receiving sensitivity. Led by Gerry Levy of the
Jet Propulsion Laboratory, two companion efforts were initiated. The first was to reduce
the temperature of the maser from 4.4EK to 2.1EK, primarily by installing a new signal 
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Fig. 4.  Resolution Loss Factor vs. Bit Error Rate (BER)

input transmission line which was shorter and colder. This activity has been reported in
Ref.4 . The second was to reactivate the Ultra-Low Noise Cone 5 which was used on the
Mariner Mars 1969 Project. This cone was refurbished, retrofitted with the improved
maser, and installed in the 64-meter antenna at Canberra, Australia. A second improved
maser was installed in the 64-meter antenna at Goldstone, California. The link
performance improvements from these actions were 1.6 db at Canberra and 0.7 db at
Goldstone. These gains were just sufficient to meet the 1 in 30 “switch point” criteria
established by the Imaging Team.

These two methods of effectively improving telecommunication performance stand out
because they were deliberate, determined efforts to do so. However, there were other
improvements or changes made on Mariner 10 which contribute significantly to the
dramatic increase in performance. These are listed in Table I which compares key
telecommunication performance factors between Mariners 9 and 10. Notable advantages
of Mariner 10 over Mariner 9 were shorter communication distance (+4.0 db), larger 
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spacecraft antenna, and use of interplex modulation. Also important were the ingenious
design of the telemetry and flight data subsystems as reported in Refs.6 7.

Conclusion.   The outstanding success of the Mariner 10 imaging experiment at Mercury
far exceeded pre-flight expectations. This was principally due to the persistence and
ingenuity of members of the MVM73 Imaging Team, telecommunication engineers at the
Jet Propulsion Laboratory, and Deep Space Network. By iterating, analyzing, and testing
requirements and performance factors, seeking methods of improvement, and rising to the
challenge, a giant step in deep space telecommunications has been made. Particularly
significant was the close definition of picture fidelity characteristics in terms of
telecommunication performance factors, and a major improvement in maser design.

Table I
COMPARATIVE IMAGING/DATA/TELECOMMUNICATION FACTORS

BETWEEN MARINERS 9 AND 10
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117.6-KILOBIT TELEMETRY FROM MERCURY IN-FLIGHT
SYSTEM ANALYSIS1

V. L. EVANCHUK
Jet Propulsion Laboratory

California Institute of Technology
Pasadena, California

Summary.   This paper discusses very specifically the mode of the Mariner Venus/
Mercury 1973 (MVM’73) telecommunications system in the interplexed dual channel
117.6 kilobits per second (kbps) and 2.45 kbps telemetry. This mode, originally designed
for only Venus encounter, was also used at Mercury despite significantly less performance
margin. Detailed analysis and careful measurement of system performance before and
during flight operations allowed critical operational decisions, which made maximum use
of the system capabilities.

Introduction.   For the MVM’73 mission the telemetry requirement from Venus was the
transmission of 117.6 kbps at an error rate of less than 5 bits in 100. The telemetry
requirement for the Mercury encounter was 22.5 kbps with an error rate of less than 5 bits
in 100. The goal was 117.6 kbps with an error rate of less than 3.33 bits in 100. All
required the simultaneous transmission of a second channel at 2.45 kbps with an error rate
of less than 1 bit in 104.

Figure 1 is a block diagram of the portion of the system detailing the physical
implementation of the Mercury telemetry requirement and goal. From a
telecommunications system point of view the implementation consists of:

(1) System design to meet requirements.
(2) Specification of subsystem parameters required by system design.
(3) Specification of subsystem measurements.
(4) Specification of system measurement.
(5) Analysis of measured data.
(6) Estimation of in-flight system performance.
(7) Monitoring and measurement of in-flight performance.
(8) Commitment to the project of the expected performance level for each succeeding

critical point.



Fig. 1.  Block diagram of 117.6-kbps elements

Although the first four items are important, the last four had the greatest impact on the
decisions and strategy for the Mercury encounter, and will be discussed in detail. The
initial performance estimate indicated that the system marginally met the goals, and only
by reducing in-flight measurement uncertainties could accurate performance predicts be
made. This was necessary since the very critical decision on which bit rate was to be used
at the encounter would be based on these predicts.

Design.   The traditional design method at JPL is to design to a sum of adverse tolerances.
All separable elements in the telecommunications system are listed with their design values
and their worst case tolerances; these tolerances are then added to form a sum of adverse
tolerances. If the system performance meets the requirements at the sum of the adverse
tolerances, the design is considered acceptable. This can produce a link with a margin of 3
to 5 dB if the system performs at or near its design level. This design method, and the
accompanying operational planning, is carried out in a way that takes advantage of
performance if the system in-flight performance is at design level or better.



Interplex.   The interplex technique (Refs. 1 and 2) was used to increase the efficiency of
the low-rate channel. It also benefits the highrate channel in that it allows a higher
modulation angle to be used.

Briefly, interplex is a method of premultiplying the low-rate square wave subcarrier and
biphase modulated data to achieve a pseudo low-rate channel. The high rate and pseudo
low rate are summed together with the appropriate modulation weighting, and then applied
to the carrier phase modulator. The modulation process produces a cross product term,
usually referred to as the intermodulation product, as well as the two subcarrier side bands.
Due to the premultiplication, normal intermodulation product power now appears as the
low-rate sideband power, and what would have been the low-rate power appears as the
intermodulation power. This swapping of side band power is important when the power
levels are not equal, since one can now choose the higher power for the information
channel and the lower power for the nonrecoverable intermodulation product. This
additional power in the low rate can then be utilized by rebalancing both the high- and
low-rate modulation parameters to make the total system more efficient.

Pre-Flight Measurements.   During the preliminary analysis of measured data it became
apparent that if the new supercooled maser at the Deep Space Station at Goldstone could
really achieve a noise temperature of 13.5 Kelvin, and if the spacecraft
telecommunications system performance was at its design value, and if the ground station
performance was at its design value, 117.6 kbps at Mercury was indeed achievable.
Figure 2 displays the prediction of expected bit error rate at the Goldstone 64-meter station
on the day of Mercury encounter using preflight measured data. The change in error rate is
due to the change in system noise temperature as a function of elevation angle at the
station.

In-Flight Measurements.  The in-flight measurement of performance was made difficult
by the temporary partial failure of the spacecraft S-band high-gain antenna. The track of
the Earth vector from the spacecraft required the high-gain antenna feed to go from Sun
illuminated to shadowed on December 25, 1973, and from shadow to sunlit on March 4,
1974. The first antenna failure occurred on December 25, and in the succeeding 2 months
the S-band downlink varied between 2 dB to 6 dB below design value. The antenna healed
on March 4, and with Mercury encounter on March 29 this left little time to make any
accurate statistical measurements of the in-flight performance. On March 12, the first 117.
6-kbps performance tests were run using Goldstone and Canberra 64-meter stations
configured for minimum noise temperature mode (lownoise temperature maser and no
transmission).



Fig. 2. Bit error rate at Goldstone on March 29, 1974
at 117.6 kbps, compared to predicts

The spacecraft had attitude control difficulties at that time, which placed the high-gain
antenna boresight off earth by a significant amount. This effect was calculable and only
added a small residual uncertainty. The ground antenna was moved off track to produce a
“synthetic” attenuation of the signal from the spacecraft without modifying the noise
temperature conditions at the station. Any attempt at putting an attenuator before the first
amplifier maser would have increased the system noise temperature and although this
effect is theoretically calculable, the residual uncertainty would have been large, of the
order of 0.2 dB.

The ground antenna offsets were designed for approximately -2, -3, and -4 dB from the
current link conditions. This eliminated, to a large extent, the dependence on absolute
values and predicts, and substituted the range distance increase from the test time to
encounter, automatically including all nonlinear effects at these signal-to-noise ratios,
(SNR.). The range increase would produce a 3.5 dB decrease in received signal level, so a
plot of bit error rate (BER) as a function of dB down from current conditions would
indicate the expected error rate at encounter within the uncertainty of the measurement of
the data points.

Since the total link BER measurement was in question, including the ground data
processing system, it was decided to use one of the system “end points” as a measure of
BER and convert this value to SNR. The spacecraft TV system was turned off and the
Flight Data System was commanded to interrogate the TV at the 117.6-kbps rate. This
produces a black picture with a slight amount of residual noise at the spacecraft. The Flight
Data System quantifies the elements of the picture into 8-bit pixels. These are then biphase



modulated on a high-rate subcarrier, interplexed with the low-rate stream and modulated
on the downlink carrier. The end result, after reception, demodulation, synchronization,
and dequantization is either an “end point” picture, or a histogram of the decimal values of
each pixel. From the histogram it is now possible to measure the total link bit error rate
and to eliminate the residual spacecraft noise.

The spacecraft noise will exist in the least significant bits, but the link noise will exist
uniformly on all bits. To maximize the confidence level, as many bits as possible must be
used. Strong signal tests had indicated that only the two least significant bits would be
affected by peak residual noise. This was checked by plotting the derived error rate as a
function of the numbers of bits used and correlating this with the total number of bits per
picture used to calculate the error rate. Figure 3 is an example of this plot for one particular
picture. As can be seen, including the two least significant bits (bits 7 and 8) in the
calculation increases the total error rate due to the spacecraft residual noise. The bits used
for the link error rate measurement were the six most significant bits.

Fig. 3.  Bit error rate from picture No. 0129955, March 12, 1974,
vs number of bits per pixel used



The result of all of the above was a set of points cross-correlating the bit error rate and the
dB decrease in signal. Since dB decrease is related to range increase, which is in turn
related to time by the trajectory, one may now plot BER vs time (Fig. 4). Time is
deliberately set from right to left to correspond to a loss in dB. The 1 - F ellipses are SNR
estimates converted to error rate in the ordinate and carrier level estimate deltas in the
abscissa, together with the tolerances.

Fig. 4.  Goldstone 117.6-kbps test bit error rate,
March 12, 1974

The carrier level estimate deltas are the decrease in received carrier power for each offset
of the station antenna. These deltas are taken with reference to the peak value at no offset,
thereby eliminating the requirement for a perfect AGC (carrier power level) measurement.
These deltas are directly equivalent to the data signal power decrease, and since the noise
level stays constant the deltas are equivalent to decrease in SNR.

As can be seen, the expected error rate at encounter was 3.8 in 100, while the TV
experiment team goal was less than 3.33 in 100. But there were still several considerations
that were not included. The first is the elevation angle of the ground antenna. During the



test it was peaking at 37.5 degrees but at encounter it would peak at 42 degrees. This is
about a 0.1-dB improvement. The second is in the psychology of station operation. During
the relatively boring portions of cruise the station calibrations and tuning are not at their
best. During tests they are better, but for encounters they are the best. This, although not a
measurable number, is probably of the order of 0.2 dB.

The plan at this point was to run short tests at Goldstone and Canberra as we approached
Mercury and to compare these to the predicted curve, but in the meantime to commit to a
117.6-kbps/2.45-kbps sequence.

On March 20 a decision was made to switch spacecraft transmitter exciters. This was in
response to the Celestial Mechanics and Radio Science team’s analysis of the oscillators’
phase noise spectrum. They found phase shifts of several degrees that could tend to reduce
the validity of any spacecraft generated carrier frequency data from Mercury. The
spacecraft has two exciters, each of which contain an oscillator, and a phase modulator. A
switch in exciters would also switch to a different telemetry phase modulator. The preflight
test data indicated a potential improvement to + 0.1, ±0.3 dB. The improvement was of the
order of +0.1 dB.

Table 1 lists the various short tests (10 minutes) during the preencounter. The tests were
run at various elevation angles and compared to predicts for that elevation angle and for
exciter number 2.

Table 1. 117.6 -kbps tests

Day Exciter

Mean SNR Deviation
from predicts

DSS 14 DSS 43

March 12
March 13
March 20
March 22
March 24
March 25
March 26
March 27
March 28
Encounter
March 29

1
1
1
2
2
2
2
2
2

2

 -0.5 dB

 -0.4 dB
+0.0 dB

+0.0 dB

+0.5 dB

+0.2 dB

+0.2 dB

+0.3 dB
+0.1 dB
+0.4 dB
 -0.1 dB

 -0.1 dB



Performance Level Commitment anci Observed Performance.   On March 27 (two
days before encounter) the project requested a final error rate predict for the encounter
pass at Goldstone. The value given was  2.29 in 100, the equivalent SNR was +3.0 dB at
17:18:59 (hr:min:sec) on March 29, 1974.

The encounter data is shown in Fig. 2. Included are the design predict (10-18-73), preflight
predict (10-4-73), and the in-flight predict (3-27-74). The mean deviation over the 2-1/2
hours at encounter was +0.2 dB from preflight data, and 0.0 dB from in-flight data. The
mean value of the SNR for the first 10 minutes at 117.6 kbps was +3.0 dB.

Conclusion.   The above results indicate that with careful planning and measurement, and
with an accurate analytical model, an estimate of system performance can be made that
allows critical decisions to be made with high confidence.
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THE VIKING LANDER TELEMETRY SUBSYSTEM

VICTOR V. C. PATTON
Martin Marietta Corporation

Denver Division

Abstract   The Viking Program will place two orbiting spacecraft around Mars in the
summer of 1976. Each spacecraft will contain a Mars soft lander. The Telemetry
Subsystem is that group of electronics on the Viking Lander which interfaces all sources of
operational and science data, stores and conditions that data, and provides it to the
communications subsystem in appropriate form for RF transmission.

The subsystem hardware elements are the Data Acquisition and Processor Unit (DAPU), a
196, 608 bit (NDRO) Data Storage Memory (DSM), a 40 million bit tape recorder, and a
family of pressure transducers.

Several program elements added spice to the subsystem design. The requirement to
sterilize the hardware and the decision to use heat as the sterilization agent produced some
difficulties in the selection of materials for the tape recorder, mainly for tape, capstan and
lubricants. In addition, two material creep problems were encountered, one in the DAPU
case material and one in a pressure transducer. Surprisingly, the heat sterilization of 250
DF for 200 hours (Qualification levels) did not cause as many problems as anticipated.

The requirement to design for four rather different mission phases added some interesting
features. During cruise, the subsystem provides very low rate engineering status data to the
Orbiter for time multiplexing into its Telemetry System. (The Lander is supported entirely
by the Orbiter for command, telemetry and electric power during the long cruise to Mars).
The DAPU contains the multiplexer and A/D conversion electronics. The Orbiter provides
the data shift clock. During Orbiter/Lander preseparation checkout, a higher rate data
interface (2 KBPS) is provided to the Orbiter for direct transmission to earth. Many data
modes are provided to allow a thorough checkout of the Lander prior to separating it from
the Orbiter.

After separation and thru landing, three hardwired data formats are provided, one for each
major entry phase, aeroshell, parachute and terminal rocket engine firing. During the
aeroshell phase, real time data is delayed 60 seconds in the DSM and interleaved with real
time data in order to insure data retrival in the event of an ionization blackout. The Lander
is telemetering data to the Orbiter continuously during entry. Data is not delayed and
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interleaved during the parachute and terminal engine phases but data formats are changed
to better represent the changing vehicle configuration. As a backup to the Lander/Orbiter
UHF link, all entry data is placed on the tape recorder for possible transmission after
landing by either the UHF relay link to the Orbiter or the Lander S-Band link to the earth.
After landing, the data system will support a 90-day mission with 190 operating modes
interrelating the many data sources and sinks.

The keystone of the Telemetry Subsystem design philosophy is operational flexibility, in
the form of the many operating modes, contrasted to standardization of interfaces. This
simplified the systems design, reduced the interaction of subsystems, and provided a
degree of immunity to changing program requirements. Many aspects of the subsystem
design can be touched only briefly such as grounding, piece part selection, systems test
philosophy, noise levels, A/D conversion process, redundancy approach, packaging
approach and present state of the hardware.



1 This work was supported by the National Aeronautics and Space Administration under Contract
No. NAS 7- 100.

DESIGN OF THE MARINER JUPITER/SATURN 1977
TELEMETRY SYSTEM1

GORDON E. WOOD and THOMAS RISA
Jet Propulsion Laboratory

California Institute of Technology

Summary.   In 1977 NASA will launch two spacecraft to perform scientific investigations
of the Jupiter and Saturn planetary systems. The science payload includes a total of 10
instruments to support both the interplanetary cruise and planetary encounter phases.
These will be the first launches of a new generation of Mariner-class spacecraft designed
for outer-planet missions. The telemetry system design for these missions was especially
challenging because of extreme communication ranges (1.5 X 109 km), high data rate
requirements (up to 115.2 kb/s), and more stringent data quality requirements than
previous Mariner missions. This paper discusses the evolution and design of the Mariner
Jupiter/Saturn 1977 telemetry system and presents the performance anticipated therefrom.

Introduction.   Since 1962 Mariner spacecraft have been exploring the near planets of the
solar system. They have carried payloads of various scientific experiments to gather data
about the interplanetary medium and to probe nearby planetary systems. Each mission has
had progressively greater demands for data return, and design of the telemetry system has
evolved accordingly in support of these increasing requirements.

Mariner Jupiter/Saturn 1977 (MJS77), the first Mariner mission to the outer planets, will
use gravity-assist at Jupiter to shorten the flight time to Saturn. The spacecraft employed in
this mission are new generation Mariners featuring solar independent power sources,
X-band transmitters and a large parabolic antenna for high-rate telemetry transmission over
communication ranges beyond 1.5 billion km. A fully reprogrammable on-board data
system is employed to accommodate changing requirements and capabilities as a function
of mission phase. The tracking stations of the Deep Space Network (DSN) are also
providing expanded capabilities in support of outer-planet missions in general and MJS77
in particular. X-band receiving capability has been added, and 100-kW S-band transmitters
are planned for uplink transmissions. New and sophisticated telemetry decoders are under
design to offer improved telemetry performance.

The telemetry system for MJS77 is functionally illustrated in Fig. 1. The system starts with
the acquisition of data from science instruments and engineering sensors. The data from



these sources is sampled and formatted by the Flight Data Subsystem (FDS). Data
compression and editing, as well as source error protection coding, may be performed on
selected subsets of the data stream. The formatted data is then delivered to either the
spacecraft telecommunications subsystems for transmission to Earth or to the spacecraft
tape recorder for temporary storage. The DSN, with a world-wide network of tracking
stations, receives the spacecraft signal and performs the basic detection of the data stream.
The data is then transmitted through the ground communications lines to the Mission
Control and Computing Center at Jet Propulsion Laboratory in Pasadena, California. After
having synchronized with the data stream, the data is decommutated, error corrections are
performed where possible, and the data is displayed for the users. Ultimately the data from
each instrument is assembled and delivered to the scientific investigators as experiment
data records.

The telemetry design effort for MJS77 has concentrated on finding the best possible match
between each of the system elements of Fig. 1 to maximize efficiency within the resources
of the project. This required:

(a) The development of realistic user requirements based on the limitations imposed
by various elements of the telemetry system.

(b) Optimization tradeoffs at the system level in a form where all areas involved in the
design, support, or use of the telemetry system were represented.

Perhaps the most distinguishing aspect of the MJS77 telemetry design effort was the
degree of in-depth interaction between designers and users at the earliest stages of the
project. This permitted the early evaluation of the impact of many options before decisions
were made that could be costly to modify at a later date. In the following paragraphs the
requirements determined will be discussed, and the design approaches considered will be
explored. That discussion will culminate with a description of the chosen design and its
anticipated performance.

Requirements Definition.   The requirements imposed on the MJS77 telemetry system
arise from the needs of the science payload and those supporting elements of the project
whose function is related to either the delivery of science data or the overall conduct of the
mission. The totality of requirements for data transmission separate into two categories in
support of two distinct mission phases: the interplanetary cruise phase and the planetary
encounters.

During the interplanetary cruise phase, science instrument and engineering data will be
received at S-band using the 26-m subnet of the DSN. In contrast, the planetary encounter
phases require transmission of highrate imaging science data as well as other instrument



and engineering data. The planetary encounters will be supported by the 64-m subnet of
the DSN with data received at X-band for superior link performance. The specific
requirements listed below were formulated to be consistent with the constraints imposed
by the tracking stations of the DSN:

(a) The acquisition of instrument and engineering data during cruise at a maximum
rate of 2560 b/s with an effective bit error rate of #5 x 10-5. When this is not
achievable because of increasing spacecraft range, a lower data rate will be
selected consistent with maintaining the channel bit error rate #5 X 10-5.

(b) The continuous acquisition of instrument and engineering data during planetary
encounters at a rate of 3600 b/s and an effective bit error rate of #5 x 10-5.

(c) The acquisition and transmission of imaging data during planetary encounters at a
maximum rate of 108 kb/ s and a bit error rate of #5 x 10-3. When 108-kb/s real-
time transmission is not possible, it is required to store imaging data at 108 kb/ s
(for, later transmission at lower rates) or transmit real-time imaging data at one of
four selectable lower rates.

Spacecraft Data System Mechanization.   The functions of the MJS77 spacecraft data
system are to collect and format data from the science payload and spacecraft engineering
sensors, perform special-purpose processing (data editing, simple compression and source
error protection coding), provide temporary data storage for later non-real-time
transmission, and generate control signals to regulate the overall science payload data
acquisition process.

Prior to and including Mariner 9, the Mariner data systems were characterized by a totally
hardwired logic design capable of generating a fixed number of telemetry modes. Power
and mass limitations were instrumental in constraining the number of modes available.
Further, this type of implementation required rather early definition of instrument data rates
associated with each mode. Once incorporated into the hardware design, changing these
requirements was costly. It was apparent that a similar approach for MJS77 would neither
be adequate nor practical because the payload had a greater number of instruments and
required different data modes for different mission phases. The capability was also needed
to adapt to unforeseen scientific opportunities and upgraded ground facilities during the
four-year mission lifetime. Accordingly, the MJS77 data system was structured to be
essentially fully reprogrammable in flight.

The heart of the data system, the FDS, consists of a highly redundant special-purpose
computer. It is constructed predominantly of CMOS logic allowing implementation within
low power (16.8-W) and minimum mass (12-kg) constraints. (As a point of reference, it is



estimated that a hardwired TTL design capable of generating only the set of telemetry
modes defined to date would consume 60 watts and require 27 kg! )

Payload sequencing and data format generation are controlled by programs stored within
the computer’s memory. Acting upon these programs, the computer issues both serial and
pulse commands to each science instrument. Each of two 4096 X 16 bit memories is
sufficient to contain at least two separate programs at all times. This provides for
expedient transitions between telemetry modes without significantly interrupting the data
acquisition and transmission process. Programs required for various phases of the mission
will be transmitted to the spacecraft as the mission progresses.

At the present time the need for more than 35 different programs has been determined
(Table 1). New programs may be written to accommodate changing scientific priorities or
to aid in the diagnosis of in-flight anomalies should they occur. It is also possible to
maintain this design to support future missions with significantly different payloads and
data return requirements.

The spacecraft’s data storage device, a tape recorder based on the Viking Orbiter design,
permits acquisition of full-resolution imaging data when real-time transmission is not
possible and provides for the storage of science and engineering data during periods when
earth communications are interrupted. It features a storage capacity of 5.5 X 108 bits
(roughly the equivalent of 95 full-resolution images), two record rates and four playback
rates. Telemetry modes are available which permit transmission of playback data only or
playback data together with real-time nonimaging science and engineering data.

The MJS77 telemetry formats have been organized to adopt features providing overall
simplification of the ground data reduction process. Some of the more important resulting
characteristics are: the grouping of data within a particular format into 8-bit or multiples of
8-bit bytes, having all data from a given instrument occur at the same place with a given
format, the adoption of a 32-bit synchronization word, the insertion of a nonambiguous
time identification word and the transmission of all data with the most significant bit first.

The Microwave Channel.   After being formatted and assembled for transmission, the
spacecraft data is delivered to the telecommunication subsystems of the spacecraft. There
it is coupled to the microwave channel to Earth. All data transmitted is coded using a
convolutional code of constraint length 7 and rate 1/2. The data is biphase-modulated on a
single subcarrier and phase-modulated on the microwave carrier.

As stated earlier, all cruise phase data requires the same channel quality (bit error rate
#5 X 10-5), and data rates are adjusted to maintain that quality throughout the cruise phase
of the mission. During the planetary encounter phases, however, there are two different



2 The (24, 12) Golay code is an extension of the (23, 12) version which has enjoyed extensive
discussion in the literature. The only difference between the two is that an additional overall parity
bit is added to the (24, 12) version.

3 Baumert, L. D. , and McEliece, R. J. , “A Golay-Viterbi Concatenated Coding Scheme for
MJSI77, 11 Technical Report 32- 1526, Vol. XVIII, Jet Propulsion Laboratory, Pasadena, Calif. ,
Dec. 15, 1973.

classes of data to transmit with different data quality requirements. Since the imaging data
is by far the bulk of the channel, it is desirable to operate the entire channel at a bit error
rate of 5 X 10-3 or less as it requires. An error correcting code is then needed to improve
the quality of the other science instrument and engineering data to a bit error rate of
5 x 10-5 or less. Since the error correcting code need be applied to only a small percentage
of the total data in the channel, the efficiency of the code is not critical. The main criterion
is that it be a simple code since it is ultimately concatenated with the convolutional code
mentioned earlier. The simpler the code, the more easily it may be coded and decoded.
One of the simplest codes available for such application is the Golay (24, 12) code
discovered by Marcel Golay in 1949.2

The Golay (24, 12) code requires partitioning the binary data to be encoded into 12-bit
blocks. To each of these blocks is added 12 paritycheck bits making a codeword of 24 bits
(and a code rate of 1/2). The power of this code resides in the fact that, with suitable
decoding, any pattern of 3 or fewer channel bit errors occurring within a codeword can be
perfectly corrected. Any pattern of 4 errors within a codeword can be detected as
erroneous, although correction of 4 errors is not usually possible. (Baumert and McEliece3

have found techniques of correcting many patterns of 4 errors occurring within a codeword
for certain channels. ) To illustrate this code consider the following.

Assume that the Golay (24, 12) code is used to transmit data through a channel with a bit
error probability of p. Also, assume that the bit errors are random and independent within
the channel (as would be the case for an uncoded channel). Then any codeword with 3 or
fewer errors will be corrected and any codeword with 4 or greater errors will be
erroneously received. The probability of making a codeword error, PWE, is simply the
probability of having 4 or more bit errors in a codeword.

Hence

(1)



The relation in (1) allows equating the Golay codeword error rate to the channel bit error
rate for random and independent bit errors. Now observe that

(2)

Equation (2) shows that for p #0.005, nearly all codeword errors contain precisely 4 bit
errors. Since we assumed that 4 bit errors cannot be corrected in a codeword, these errors
would remain after Golay decoding and, there being 24 bits per codeword, almost all
erroneous codewords would have 1/6 of the 24 bits in error. The resultant bit error rate for
the Golay decoded data, p*, can then be approximated as

(3)

In the example above, the bit errors in the channel were assumed random and independent.
But with a convolutional coded channel, as in MJS77, the bit errors occur in bursts with
random lengths. If a burst of 4 or greater bit errors occurred within a codeword, that
codeword would not be correctable. In order to reduce the likelihood that a single error
burst would destroy a codeword, the Golay coded data is interleaved such that successive
bits of a codeword are not adjacent to each other in the data stream transmitted through the
channel. The number of separation bits between each codeword bit is referred to as the
interleaving depth. The greater the interleaving depth, the longer a single burst must be to
cause 4 or more errors in a codeword.

For example, with an interleaving depth of 36, a single error burst must be 3 X 36 + 1 =
109 bits long before a codeword error could occur. It is interesting to note that in order to
“whiten” the errors of a bursty channel to the extent that they would appear truly random
and independent would require an interleaving depth of infinity. However, even with a
moderate interleaving depth it is possible to closely approach the performance indicated in
Eq. (3). The task of analyzing the interleaving depth needed for the MJS77 telemetry
design was completed by performing laboratory simulation of the concatenated-coded link.
A commercially available convolutional decoder was used and various interleaving depths
employed for the simulation. A summary of the performance (p* versus p) is shown in



Fig. 2. After examination of that data and consideration of efficient hardware designs, an
interleaving depth of 36 was chosen for the MJS77 design.

The performance to be realized from the MJS77 telemetry link is a function of many
parameters, including transmitter power, antenna gains, noise temperature and trajectory
selection. Although the final values for many of the link parameters are not known at this
time, it is still possible to estimate the link performance expected for the nominal mission.
This performance appears in Fig. 3, which shows X-band and S-band data rates versus
spacecraft range for encounter and cruise quality requirements, respectively.

Concluding Remarks.   This paper has discussed the major attributes of the MJS77
telemetry system design. While aimed at meeting rather specific MJS77 requirements, the
architecture of the design is structured to be directly applicable to future Mariner-class
outer-planet missions. The design represents a significant increase in capability and
flexibility and includes a fully programmable data handling computer on-board the
spacecraft and a single-channel, convolutional-coded, microwave link. Source error
correction coding is performed on subsets of the total data stream to meet varying data
quality requirements of the payload. This flexibility allows upgrading of the total mission’s
data return as improvements in ground facilities occur. This is of particular importance for
outer-planet missions where spacecraft operations may extend well beyond five years.

Finally, a sizeable effort was made to integrate the various elements of the system to afford
an efficient match between ground and spacecraft capabilities. This effort extended from
the initial acquisition of data from the science payload to the final display of the data to
users. In a total system sense, the MJS77 telemetry system design represents the largest
single extension in interplanetary communications capability undertaken in recent years.



Table 1.  Summary of principal MJS77 telemetry modes



Fig. 1.  MJS77 telemetry system block diagram



Fig. 2.  Error correction performance of MJS77 concatenated coding



Fig. 3.  Nominal data rate capability of the MSS77 telemetry system
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